1 5 TITLE: SPEAKER | DENTI FI CATI ON AND VERI FI CATI ON SYSTEM 10 BACKGROUND OF
THE | NV b4A44ds Field of the Invention The,present inveormwese/zediates to
a speaker recognition systemor simlar apparatus which applies 15
adaptive weighting to conponents in each frame of speech for normalizing
the spectrum of speech, thereby reducing channel effects. 2. Description
of the Related Art The objective of a speﬁker I dentification 20 system
is to determ ne which speaker is present froman utterance.

Al ternatively, the objective of a speaker verification systemis to verify
the speaker's clainmed identity froman utterance. Speaker identification
and speaker verification systens can be defined in the 25 gener al

cat egory sof speaker recognition. It is known that typical telephone

SWi t chi ng syst enETIE ¢ erSPEAKER CEDENTIRTICATION ANDs ¥FERIFTISATIOY SHMETEMdI ng

| ocations on different channels.. A spectrum of speech determ ned on each of
t he channel s can have a 30 different shape due to the effects of the
channel. In addition, a spectrum of speech generated in a noisy 2

envi ronht can hav'e a di ffe%%@%s%@%ﬁg Bpa{gﬂg §W§§{,ﬂ§§ of

1. Field of the Invention
The pfesent invention relates *o a speaker
. recognition system or similar apparatus which applies
15 adaptive weighting to components in each frame of speech
for normalizing the spectrum of speech, thereby reducing
channel effects.
2. Desc;;ptibn of the Related Art |
| The dbjective of a speaker identification
20 system is to determine which speaker is present from an
utterance. Alternatively, the objective of a speéker
verification system is to verify the speak:r's claimed
.identity from an utterance. Speaker identification and
speaker verificétion systems can be defiped in the
25 general category of speaker recognition.

It is known that typical telephone switching
systems often route calls between the same starting and
ending locations on:different channels. A spectrum of
speech determined 6n each of the channels can have a

30 different shape due to the effects of the channel. 1In

addition, a spectrum of speech generated in a noisy



speech generated by the sanme speaker in a quiet environment. Recognition of
speech wp gwiBiemr-ent channels or in a noisy environment is fdreusdsossdl
difficult because 5 of the variances in the spectrum of speech due to
non- vocal tract conponents: -Conventional nethods have attenpted to
normal i ze the spectrum of speech to correct for the spectral shape. U S
Patent No. 5,001, 761 describes a 10 de¢i ce for normalizing speech

around a cert ai 4 whi:ch_has a.nqQise effect. A spectr f speech
v ded ot PRELEPHRRRE MRhTHave s B1dRererk SRERS, thdh LRI oFFFre
for each of thesdLuiged I §,de m an lgate,li re
joined at the _1§gégbﬁprg%g’?g%%é§ed%¥r e%ﬁ%ncgg gr % ra%nglé?)z(l % tﬁe ggzg'?rum
Thi's devi ce hasehbéréhdenack Réwdgrepeiod bFBpebch s |l f ferdity chahmelszed
for the predeterm ned frequency having the noise effect and the frame of
speech i's not normihi aenloisy emdincomuemtonis/dieretfioaet ddffffdctud twbiechusan 20
occur over a ran%e of frequencies in the spectrum U.S. Patent No.

4,926, 4885descr Phe¥hg Yamandgss Hvrihe sperioyeth sBeedhadBe $PoRER~I nput

in order to account for ngise which acconpani es the speech signal. This
met hod gener at e¥9F83t fF@ Ve COBPONSAtEne speech. A 25 feature vector is

nornmal i zed by an operator Jc’y'tq’o%%{tﬁ's%n& ichmegﬂéhgg(ra%%’gungegﬁeﬁgzpe g amgters.

A cl osest 3 prototype vec term ne e norne vect or
normalize the spectrum of speech to correct for the

spectral shape. U.S. Patent No. 5,001,761 describes a

10 device for normalizing speech around a certain frequency
which has a noise effect. A spectrum of speech is
divided at the predetermined frequency. A linear

approxima*_te line for each of the divided spectrum is_

determined and approximate lines are joined at the
15 predetermined frequency for normalizing the spectrum.

This device has the drawback that each frame of speech is

only normalized for the predetermined frequency having

the noise effect and the frame of speech is not

normalized for reducing non-vocal tract effects which can
20 occur over a range of frequencies in the spectrum.

U.S. Patent No. 4,926,488 describes a method
for normalizing speech to enhance spoken input in order
to account for noise which accompanies the speech signal.
This method generates feature vectors of the speech. A

" 25 feature vector is normalized by an operator function

which includes a number of parameters. A closest



and the operator function is altered to nove the normalized vector closer
to the chees234p8 ot ot ype. The altered operator vector is apglrpeseslt he
next feature 5 vector in the transformng thereof to a nornalized
vector. This patent has the limtation that it does not account for
non-vocal tract effects which m ght occur oyer nore t han one frequency.
Speech has conventionally been nodeled in a 10 manner that mmcs the

human vocal —[er bl oRbedhS!y¥ee60 U hdddzinintes eB2 L€ hd ia 30 vcR@rshor t
speech I C :

segnents of Ing paraneters can be transforned into a
spect rum of posi hh@Nsthér eguerstes) Mitbwiapess( banguied hsdo ofmdveakenen the
spectral envel ope 15 of the speech segnents. Cepstral coefficients
represent the innetrmalkeedi eectoansiosar ot::t tise | dgsyeadth praftdtiypeponwdhe
spectrum of a signal. Cepstral coefficients can be derived fromthe
frequency spectr edtereflr operatoxr vecsorciisyvappkiedetpi thennextcdgatuze

coefficients can be 20 | wused as domnant features for speaker
recogniti of. TypVegEPy, iNelthe cEFaPFiPTROBEf IR are f?nrﬂﬁf%ﬁgﬁzégch

LoarTi of eoPeech: vekthEa, "FhPs (K Pes (HHs Juisr 1359 4aEbn nEPN (dlles. not

coefficients can _ ng or recognr Zi hg speech.
oo en! 0, AghEn0S SO TR Letesygl URSER, BghEcechitr
speaker . over more than one frequency.
| Speech has convention«lly been modeled .1 a
10 manner that. mimics the human voca. .*razt. L_.iear
predictive coding (LPC) hacs be used for describing short
segments of speech using parameters which 'can be
transformed into a spectrum of positions (freguencies)
and shapes (bandwidths) of peaks in the spectral envelope
15 of the.speech segments. Cepstral coefficients represent
the inverse Fourier transform of the logarithm of the
power spectrum of a signal. Cepstral coefficients can be
derived from the. frequency spe;trﬁm_ or from linear
predictive LP coefficients. Cepstral coefficients can be
20 used as dominant features for speaker recognition.
Typically, twelve cepstrai coefficients are formed for
each frame of speech.
It has been foﬁnd that a reduced set of
cepstral coefficients can be used for synthesizing or
25 recognizing speech.’ U.S. Patent No. 5,165,008 describes

a method for synthesizing speech in which five cepstral



i ndependent data. The set of five cepstral coefficients is determ ned by
|i near woesitabs ve analysis in order to determine a coeptrRiseddzsoei ghting

factor. The 5 coefficient weighting factor mnimzes a
non-squared prediction error of each element of a vector in the vocal tract
resource space. The sane coefficient weighting factors are applied to

each frane of speech and do not account fr non-vocal tract effects. 10

€15 desirableodpe prouhdle auapeqgly esaan LIgD SYSLEmd N e Ll

spectrum of speech 1S normal1z 0 provide

conponent s f or; @86BeAdaE Qe Peanl LOE LEPE AU Mgdhe MOGRl £ aGknEgA UT oS

of the signal while reducing the non-vocal tract. . o

SUMVARY OF THH ¢ NueEhflhed) eoyret iieh 10 fpridd dtiieee Rhall P88t ianowhkki €8s the
fact that there is a difference between speech conmponents and non-vocal
tract conponendetérmimaneat i roefficidnt shweighvtimg speattom. f or  t hike
conponents with 20 ~~ respect to tine. It has been found that non-vocal
tract coPponergeeffigient weighsingndfarfionr minpoheass.a havs-sgbane®i dth in
the spectrum which, is, substanti all arger than the bandw dth for the

speech conpond &R TP I?¥5’!§ RN Rfr BVERFERT dit ERGaYPRRL t he
o0 20 condEolt SriapGPTERERES,  d SepB PSS EL Mhunt Dy 3EELL
intelligence Cefl-tiSrdISEre | fpS1ildl PEQUNLLS ASadd ¢ speech and do not
‘account for non-vocal tract effects. |
i0 . It is desirable to provide a speech recognition
system in whicﬁ the spectrum of speech is normalized to
provide adaptive weighti_ng of speech components for each
frame of speech -f.or impfoving the vocal tract features of
the signal while reducing the non-vocal tract effects.
15 SUMMARY OF THE INVENTION
The method of the present invention utilizes
the fact that there is a difference between speech
components and non-vocal tract conmponents in connection
with the shape of a spectrum for the' components with
29 respect to time. It has been found:that non-v’océl tract
components, such as channel and noise 'éomponents, have a
bandwidth in the spectrum which is substantially larger
than the bandwidth for the speech components. Speech
intelligence is improved by attenuating the large
25 bandwidth components, while' emphasizing the  small

bandwidth components related to speech. The improved



per f ormance speaker recognition apparatus. The nethod involves the analysis
of an an¥ap/3#s8ech signal by converting the anal og speeclPGI/(s9si02800 5
digital formto produce successive frames of digital speech. The franes of
digital speech are respectfully analyzed utilizing, |linear predictive

anal ysis to extract a spectrum of speech and a set of speech paraneters
known as prediction coefficients. The prediCtion coefficients 10 "have

aplurality of speben iffe1ibedtd catPhsd ubbhleh S0 AniaHI NG cRTpRNent s
of the franmes of speech. Conponents of the spectrum can be normalized to

enhance the contpebsbraaneé sPpsaret i P&doRIPIBIEHppaate@d.on its associated
bandwi dt h. Adapttive conponent weightings are 15 applied to the
conponents of the spectrunThe metizodeinvel vesdree rina lysdiecioft ad wnahogpeech
and to attenuate the conponents associated w th non-speech effects.
Cepstral coeffi cPRReShagiguel chyii eeRVerEng drhe RhalednsPessd spavatulPt o
provi de enhanced _ features of the speech 20 shggal. | npr oved

| €

cIassificaPion AL94ERt ofRER ¥ ngﬁﬁﬁﬁeF“F€@5§_ i(ﬁ¥§ﬂﬁﬁ Af bd2EETBA t he
enhanced f eat Ur egy RGT of ARl g SBEAAC Lasoule bl AN asystamaleblieny

present invention®can be used for verifyi

over a tel ephoneafysieanlQf - £{Lflld 1GHh A p2BAFEEEPDSand BRI REELERT
card transactions 6 and gal nI Ng access to conmputer networks. In
addi ti on, . a spectrum of speech and a set of speech paramet2rs known
as prediction coefficients. The prediction coef’icients
10 have a plurality of poles of an all pole fiicer
characterizing components of the frames of speech.
Components of thé spectrum can be normalized to enhance
the contribution of the salient components based on its
associated bandwidth. Adaptive component weightings are
15 applied to the components of the spectrum to enhance the
components associated with speech and.to attenuate the
components associated with non-speech effects. Cepstral
coefficients are determined based on the normalized
spectrum to provide enhanced features of the speech
20 signal. Improved classification is perforﬁed in a
épeaker recognition system based on the enhanced
features.
_ Preferably, the speaker recognition system of
the present invention can be used for verifying the

25 identity of a person over a telephone system for credit

card transactions, telephone billing card transactions



t he speaker recognition systemcan be used for voice activated | ocks for
door s,woese®08ct i vat ed car engi nes and voi ce activated eoTsSy®0288yStens. 5
The invention will be further understood by reference to the foll'owi ng
drawi ngs. BRI EF DESCRI PTION OF THE DRAWNGS Fig. 1 is a flow diagram of the
system of the present invention during training of the system 10

Fig. 2 is a flow diagram of the systen1o? the present invention during
eval uation. Fi iss :a f i.agra . f -the present invention
for feature e?tgsagtallgﬁ% n(?%}ggf%tsu%rg ergr'fﬁJ r’i%%%e%%%k%‘ g a{fdslecr?“’ffll’g. 4.is
a graph of a RheOlspddkesPepeds {nMsyhtBRUCaRdHY | ¥Se& OFBRNGRY i AR ght
filtering. Fig. 5 is a graph of the speech spectrumshown in Fig. 4 with
adapti ve conpapedtatvedghickisl tfer @poris,g.voitd dctivatespesin Whgitdshout
adaptive 20 conponent weight filtering. Fig. 6B is a spectrumwth
adaptive conpandnvoieeghctivatedi agmpirter Systemsconpari son of spectrum
with and w thout adaptive caonponent weight filtering. 25

Fig. 8 i a response-ofTﬁem@ﬂWﬁ§§ﬂﬁﬁwﬂﬁikF#$0fFFFPEF updexstegds ar

functi on[err] g, 0ETALLER DFSFRLETL AN CE, JHE, | NVENTI O

BRIEF, DESCRIPTION OF THE DRAWINGS

Fig. 1 is a flow diagram of the system of the
present invention during training of the system.

19 ~ Fig. 2 is a flow diagram of the system of the
present invention during evaluation.

Fig. 3 is a flow diagram of the method of the
present - invention for feature extraction and feature
enhancement.

15 Fig. 4 is a graph of a prior art speech -
spectrum withoﬁt adaptive component weight filtering.

Fig. 5 is a graph of the speedh spectrum shown
in Fig. 4 with adaptive component weight filtering.

Fig. 6A is a 'spectrumf without ‘adaptive

2¢ compbnent weight filtering. -

Fig. 6B 1s a spectrum with adaptiVe-component
weight filtering.

Fig. 7 is a comparison of spectrum with and
without adaptive component weight filtering.

25 Fig. 8 is a response of a moving average (FIR)

filter for a transfer function (1-0.9z°})



During the course of the description, |ike nunbers will be used to [err]
i ke el eworssr348cording to the different figures [err] il |pagrusas/e2sphe
invention. 5 Fig. 1 illustrates a flow - agram of speech
recognition system 10 during training of the system~: A speech training

I nput signal is applied to an analog to digital converter 11 to provide
successive franes of digital speech. Feature extraction nodule 12 receives
10 the frames of di gpk@hrsRBeshscRIBRI N R MHERGNER TTRAM € 12 obtains
characteristic paraneters of the frames of diglital speech. For speaker
recogni tion, the featurespaxingcittd i Sohesd Ur-¢ exid agbsopipoLohe 1dkare
uni que to the speaker to allow for adequate speaker recognition. 15

Feat ure enhancenumbensgduitl ke erdethdes it he f éxt Like elemerdissddoeridsagur e
extraction nmodul e 12. Feature enhancement nodul e 14 can al so reduce the
nunber of extratPelinecditferenty fiMresni nant %bb?%ﬁ%ﬁﬁ?(&ﬂﬁ|@9Yep6ﬁ°§peaker

recognitign. Classificatign is perfor d.in ock on
enhanced °f eat ures. B} ef&r IE%%%&&fﬁ(fﬁ?Yﬁl %%ﬁa%e°5eF98F d with

a_conventional tgehahGueaRf ey %ﬁrspe&%iﬁ&thoa&ﬂﬁqg el aehat e,

uni versal code he aI ernatlve

classification sﬁéachbﬁraﬂﬁifxerﬁﬁﬂut byicfval is NBPPIiedY o RS GRRLbENSo
neural networks, radi al basis function networks ‘and hi dden Mar kov "nodel s.

It will be 8dagmtam| ajorredritalr o1 hetoc lppssiildec aduddedEgivodsrahes hodr e

digital speech. .Feature extraction module 12 receives
10 the frames of digital speech. Feature extraction module
12 obtains characteristic parameters of the frames of
digital speech. For speaker recognition, the features
extracted in feature extraction module 12 are unique to
the speaker to allow for adequate speaker recognition.
15 _ Feature enhancement module 14 enhances the
features extracted in feature extraction module i2.
Feature enhancement.modulé 14 can also reduce the number
of extracted features to the dominant features required
for speaker recognition. Classification is performed in
20 ‘block 16 on the enhanced features. Preferably,
classification can be performed with a conventional
technique of vector dquantization in order to generate a
universal code book for each speaker. In the
alternative, classification <can be performed by
25 ﬁultilayer perceptions, neural networks, radial basis

function networks and hidden Markov models. It will be

L]



known in the art could be used with the teachings of the present invention.
In Fi g.wQ9siggeker recognition system10 is 5 shown Pporuspsesser
identification or verification. A speech evaluation input signal is
digitized in analog to digital converter 11 and applied to feature
extraction nodul e 12. Enhanced features of the speech input signal are
received at a tenplate matchi ng nodul e 18 Tenplate 10 mat chi ng nodul e

18 deternmines iberétPsesd @@é@rbéﬁbfrEiéﬁEfﬁ%E%?idﬁoﬁﬁfggﬂg 9%&£¥P%92|

classification systemfor either determning the speaker s iden I 'Cation

or for verifyimgowfain tdree HpankeulEaseaiseat with tid& datniglgzbscede book.
15 Fig.- 3 illustrates a flow diagram of "~ a preferred

enbodi ment forprésentplimnemtxdn.on of feature .extraction block 12 and

feature enhancenent block 14. A frane of speech s(k), can be represented by

a nodul ati on nodel (MW .InNBaddh aliofRegdker (M@geodnidirtessystremel @r $§s20

whi ch arg repr I ve of the nunpber, N, of anglitude nodul ated (AM and
0

f requenc nod_lﬁ%i‘(?a"g'%a%ﬁﬂ TGt SeNTHEL FAGRN ofT s Yeadif 162t 188 - r ephesent ed
CRHREAEALTRE G TP I EEEN RN | ANt
of the [err] dqigital converter 11 and applied to feature extraction
module 12. Enhanced features of the speech input signal
are received at a template matching module 18. Template
1b matching module 18 determines the closest match in the
! universal code book or typical classification system fof
| either determining the speaker's identification or for
verifying that the speaker has an entry in the universal
code book.
15 Fig. 3 illustrates a flow diagram of a
- preferred embodiment for the implementation of feature
extraction block 12 and feature enhancement block 14. A
frame of speech s(k), can be represented by a modulation
model (MM). Modulation model (MM) includes paraheters
2D which are representative of the number, N, of amplitude
modulated (AM) and frequency modulated (FM) components.
The frame of speech.cén be represented by  the following

formula:

N ' . .
s(k) =Y A, (k) cos (b, (k) +n (k) ,

=1



component, and [err] is the nodeling error. Anplitude nodul ation
conmponenO 9583448 and i nst ant aneous, phase conponent [err] RETAUSHORE041 | y
narrow band signals. Li'near prediction analysis can be used to JO
determ ne the nodul ation functions over a tinme intéerval of one pitch period
-to obtain: [err] (102) and [err] 15 (104) wherein [err] is the conponent
gain, [err] is the bandwidth, [err] is the center frequency and [err] is
the relative delay. 20 o Speech signal s(k) is applied to

bl ock 110 to obtain |fresr predictive coding (LPC) coefficients. A LP

pol ynom al A(z) for a speech signal can be defined by the foll ow ng
equation: 10 whergirl A1(06) weerien hmpijitude modedetpoedicti the ith
coefficients and Pis 5 the order of the coefficients. In |inear
predictive® codiSRFPIRNYsi @, (Xt Heés tEhmsinptankenedis ophase o6cabhet ridtt can

be nodel ed by a tine varyin |1 pole filter giyven by a Pth order LP
y conponent, é%éin(kg is the modglgng e%ror.

Amplitude modulation componént. A.(k) and
instantaneous phase component ®; (k) are typically narrow
band signals. Linear prediction analysis can be used to

ie determine the modulation functions.over a time interval

- of one pitch period to obtain:

A; (k) =lgJe B

(102)
and
¢, (k) =w :k+0
15 | |
(104)
wherein G; is the component gain, B; is the bandwidth, o,
is the center frequency and 6i is the relative delay.
20 Speech signal s(k) is applied to block 110 to

obtain linear predictive coding (LPC) coefficients. A LP

polynomial A(z) for a speech signal can be defined by the

following equation:



anal ysis defined by the foll ow ng:
- det er MW@ 85/2340%| ock 112 by factoring the LP pol ynom al

15 roots to obtain: P [err] (110) wherein [err] are the roots of LP

pol ynom al A(z) and P.is 20 the order of the LP polynomial. In
general, the roots of LP polynom al are Egnplex and lie at a radial

di stance of approximately unity fromthe
new transfer function [err]'is determned in _
| ar ge bandw dt h conponents correspondina SE non-voca
enphasi ze smal | bandwi dt h conponenfd %6 Fes

represented in a formparallel to'5 effiati on 108 by partial fraction
expansion as: P [err] (112) wherein residues, [err] represents the
contribution of each 10 conponent [err] to the function [err].

Resi dues, [err] (106) L

10

15

20

APCTIUSHS/2801Ns Of

rigin to the conplex z- plane.
11 bl ock 114 to attenuate
tract effects and to

[err] 10 (108) The roots of A(z) can be

its

A

pfdi ng to speech. H(z) can be

wherein a; are linear prediction coefficients and P is

the order of the coefficients.

In linear predictive coding analysis, the,

transfer function of the vocal tract can be modeled by a
time varying all pole filter given by a Pth order LP

analysis defined by the following:.

1

H(z)= - 1
: A(Z) 1-_4.2‘::1 aiz-i

(108)
The roots of A(z) can be determined in block
112 by factoring the LP polynomial A(z) in terms of its
roots to obtain:
Alz) =T (1-z,27)
1=1

(110)
wherein. z, are the roots of .LP po;ynomial A(2z) and P is
the order of the LP polynomial. In general, the'rooté of
LP polynomial are complex and lie at a radial distance of
approximately uﬁity from the origih to the complex z-
plane.

A new transfer function H(z) is determined in

LIS



represent the relative gain and phase offset of each conponent i which can
be defi n®P 230k spectral tilt of the conposite spectrumPeTUSSED2802EN
found t hat spectrum conponents with 15 | ar ge bandw dt hs correspond to
non-vocal tract conponents and that non-vocal tract conmponents. have | arge
residue values. Normalizing residues, [err] results -in a
proportionate contribution of each corrponeﬁ'rt'L I in the 20 spectrum based
on its bandw dth mal i zi ng.resj Lo for hy..settin er to a
constant, such algl%traijlf{t yi.'iéorg%xa%% ée‘l'?é?’fe[zlrr &el sbs? wtlét??ni tcf?mgﬁéen L
contribution of ggppPe8gBhaind - X4 lo)E: 1 aLch i's
equi valent to the equa?ilg%?n eérdr ]ngg1 ??%5139 ?:]?%én?g%qugﬁtgng?%%é %ﬁggagﬂg%\n :
that the contri bshadh banéaifitlk osHmPERénts | Correspor@ingPrerepeeenal to its

bandwi dth [err] and if conponent i has a |arge bandwidth [err] 10 t he
val ue of equation 114 w | |Hb2) scath | ke rémresdnteghpionantformhgaralisedl to
bandwi dth [err]. Normalizing of residues [err] can be defined as

adaptive conpon8ARahéPRhi P8goY (PRTyialHirarting iexpansinsi gsti ng based on

P

P :
A(z) JZ; (1—ziz‘1)

(112)

wherein residues, r; represents thé contribution of each
10 component (l-ziz”)'to the function H(z). .Residues, r,
represent the relative gain and phase offset of each
cdmponent i which can be defined as the spectral tilt of

the composite spectrum.
It has been found that spectrum components with
15 largg bandwidths correspond to non-vocal tract components
and that non-vocal tract components have large residue

values.

Normalizing residues, r;, results in a

proportionate contribution of each compenent i in the

20 spectrum based on its bandwidth. Normalizing 'residues_ r,

is_performed by setting r, to a constant, such as unity.

For example. if_ r, is set to unity the co.ntribution of
component i will be approximately:

1 —IZ .,'[



bandwi dth to t

he spectrun1bonponents of each frame of 15 speech

Based

on t heab¥&3448-ndi-ngs, a new transfer function [err] basecI/osesA@Mwhi ch
attenuat es the non-vocal tract conmponents whil e increasing speech

conponents is represented by the follow ng equation: [err] 1 3 20 (115)
From equation 115, it is shown that [errhzis not an all pole transfer
function. [err] has a noving average 5 conponent (MA) of the order P-1

whi ch neggnmal i zes the contribution of the speech conponents of the signal.

It is known

in the art that cepstral coefficients are used

spectrum informati gni3ps described in MR Schroeder, Direct
(nonrecursive) 10 rel ati ons between cepstrals and predictor

coefficients, Which LEFEqAdvaLENBOUY Wipe i equibilon:Cepstra

as

coefficients can

be defined by the power sumof the poles normalized to the cepstral index

in the foll ow

ng relationship: [err] 15 (116) wherein [err]

is the

cepstral coefficient. Cepstral coefficients, [err] can be expressed in
terns of the root of the LP polynom al an)-defined by equation 106 as:

10

15

B;
(114)

From equation 114 it is shown that the contribution of

each component i is inversely proporticnal to its

bandwidth B, and if component i has a large bandwidth B,

the value of equation 114 will be smaller than if

component i has a small bandwidth B;,. Normalizing of

residues r; can be defined as adaptive component

weighting (ACW) which applies a- weighting based on

bandwidth to the spectrum components of each frame of

speech.
Based on the above findings, a new transfer
function H(z) based on ACW which attenuates the non-vocal

tract components while increasing speech components is

- represented by the following equation:

~ P 1
H(z)=) —————
g; (1-z,z"1)



[err] 14 (117) It is known that prediction coefficients [err] are real.
Root s ofwblsnides pol ynom al [err] defined by equation 106 BCT/USY2801 be
either real or occur in conplex conjugate pairs. Each root. of LP pol ynom al
A(z) is associated with the center frequency [err]. and the bandw dth [err]
inthe following relationship: [err] 10 (118) center frequency
[err] and bandwi dth [err] can be found as?3[err] (120) 15 wherein [err].
are imaginary roots and [err] are real roots and [err] -15 (122)
Subst it uti%on of equation 118 into equation 117 results in cepstral

coefficients for spquﬁ5§ignal s(k) which can-be 5 defined as follows:
[err] ' '

From equation 115, it is shown that H(z) is not
an all pole transfer function. H(z) has a moving average
5 - comgponent (MA) of the order P-1 which normalizes the

cont:ibution of the speech components of the signal.
It is known in the art that cepstral
coefficients are useul as. spectrum information as
desc.'ibed in M.R. Schroeder, Direct (nonrecursive)
10 relations iLstwezan cepstrals and predictor coefficients,
Proc. IEEE 29:297-301, April 198l1. Cepstral coefficients
can be defined by the power sum of the poles normalized

to the cepstral index in the following relationship:

1n (55T ez
A(z)

n=1

15 (116)
wherein c, is the cepstral coefficient.
Cépstral coefficients, ¢, can be expressed in
terms of the root of the LP polynomial A(z) defined by

equation 106 as:

Cp=

P
2z
<3
o

-1

5k



(124) wherein the [err] cepstral [err] coefficient is a non-Ilinear

t ransfwpDesRd4es of -the MM paraneters. Quefrency index n PET/USISBAY esponds
to time variable k in formula 100 with relative delays [err] set to zero
and relative gain [err] set to unity. Fromnew transfer function [err], a
spectral channel and tilt filter N(z) gan be determned in block 15

116. N(z) is a LP polynom al representative of channel and spectral tilt

of the speech spectrum which can be defined as: 16 [err] (126) wherein b
represents linear predictive coefficients and Pis the order of the
" polynomal. A FIRIA)ter which 5 normal i zes the speech conponent of

the signal can be defined as: [err] (128) Factoring LP polynomal [err] as
defined by dduai$ oknows that preddicAion wrefifigiantsy aquwate oredll) results
in the new transfer_ functi op@&lerr] bei ng defined as foll ows; [errg (130)
wher ei n [ er Reof%e ath&heods POLYRRipd AdeynBREaNedcPY neguatial 106 oquation

126. 5 will be either real or occur in complex conjugate pairs.
‘ Each root of LP polynomial A(z) is associated with the
center frequency o and the bandwidth B; in the following

relationship:

- -ByeJw
Z-e

' (118)
center frequency «; and bandwidth B; can be

found as:

Im(z;)

o ;~arctan———
: Re(zy)

(120)

15 wherein Im(z;) are imaginary roots and Re(2z,) are real

roots and



‘A spectrum wi th adaptive conponent wei ghting (ACW can be relgresent ed by
its nor M@ 9¥Bd0&kepstrum [err] by the fol |l owi ng equati on: PCT/US9B/28M | (132)
For each frame of digital speech, a normalized cepstrumf[err] is conputed
in block 118. Normal i zed 5 cepstrum attenuates the non-vocal tract
conponents and i ncreases speech conponenis of a conventional cepstral
spectrum The nornalized cepstral spectrumdetermned from bl ock 118 can
be used in classification block 16 or tenplate natching block 18. 10

Fig. 4 illustrates deconposition of a prior art spectrum of speech for a
speaker over a chanfigg2)romthe transfer function H(z). Conmponent s

| abel l ed 1-4 represent resonances of the vocal tract. A peak in the

resonance occlubsitution of eguatiae\llatedeguatjonsl? repudksrBionance

has a respective bandw dth l.ahel ed [err] Conponents |abeled 5 and 6

represent non-SRAREFE] é:&e.r}gflf:é' s %?ﬁ.gafiém\ﬁégf‘ﬁ;tsg%d&ﬁf?h??aﬁ%l ed

[err] an [err& ffggéa tf&uléugm-vocal tract effects are nmuch greater than
Tabe e%ﬁ? “Tor

t he bandw dt hs err or speech conponents. 20 _ Fi g.
5 illustrates a deconposition of the spectrumof speech shown in Fig. 4

after application of adaptive conpongt hting.transfer function [err].
In Fig. 5, peaks of conponent 1fhf&51déﬁ%ﬁ% ?féhghnd peaks

(124)
wherein the n* cepstral c, coefficient is a non-linear
transformation of the MM parameters. Quefrency index n
10 corresponds to time variable k in formula 100 with
relative delays ¢; set to zero and relative gain G; set

to unity.
From new transfer function H(z), a spectral
channel and tilt filter N(z) can be determined in block
15 - 116. N(z) is a LP polynomial representative of channel
and spectral.tilt of the speech spectrum which can be

defined as:



of conponents 5 and 6 are attenuated. 18 Fig. 6Aillustrates a prior art

spect r win 95f23808speech signal including vocal and nonperosds2soiact
conponents. Fig. 6B illustrates a spectrum of a speech signal after
application of a adaptive conponent 5 wei ghting filter. Fig. 6B
normal i zes peaks 1-4 to a value of approxi mtely 30db for enphasizing the
speech conponents of the signal. Fig. P illustrates the response of
movi ng average filter defined by N(z) for the spectrumshown in 10 Fi g.
6B. Fig. 8 shows a conparison_ of -i spectrumdetermned from the
transfer function H(z) to neWtFanstrrPidmction [err]. Transfer
function H(z) includes a& channel effedi- Transfer - function [err]
applies‘lS adapti ve conmponent weighting to attenuate the channel

effect. ‘A text independent speaker identification exanple was perforned.
A subset of a DARPA TIMT database ‘representing 38 speakers of the
same (New 20 (£A6) and) dial ect was used. Each speaker performed ten

utterances ha¥ing.a3baverq$e uration of three seconds per utterance. Five
utt er anges BT O3B fOTPETI N g P RE G 1FR1IBR oERE I B GHRNES AUt t er ances

were used fop gualuati j \Mjh i se g C ral features 25
deri ved fromtrans?%r %régl'%n ez)lgol e&(%%%%‘ar eé 9 Raeélcﬁtter wthlctn
. . ¥ :
"5 normalizes the speech component of the signal can be
defined as:

'_N(z)
ﬁ(Z),TETET _

(128)
Factoring LP polynomial N(z) as defined by equation 126
10 and A(z) as defined by equation 110 results in the new

transfer function H(z) being defined as follows:

P-1

Az -z)  Mia(1-2,27)
A(z2) WP, (1-z;z7)

(130)

wherein z; are the roots of the LP polynomial defined by

15 equation 126.

A spectrum with adaptive component weighting
(ACW) can be represented by its normalized cepstrum, &(n)

by the following equation:




second set of cepstral features derived from adaptive 19 conponent
wei ght i nyotasapgoBer function [err]. Training and testing wacT/ysssHhmoned

wi t hout channel effects in the speech signal. The first set features of
cepstral features fromH(z) and the second 5 set of cepstral from[err]
had the same recognition rate of 93% |ng and testing was perforned
with a speech signal including a channel ffect I n which the channel is
sinmul ated by the transfer function [err]. 10 The first set of cepstral
features determned from/[err] hag g rec Sgnlgdg? rate of 50.1% The
second set of cepstral features &efler Zirt e r] had a recognition
rate of 74.7% An i nprovenent o f 24.6%in the recognition rate
was found using cepstral features 15 determ ned by adapti ve conponent

wei ghting. The present invention has the advantage of inproving speaker
recognition over a channel or the like by inproving the features of a
speech signal . Non-J&GQ) tract conponents of the speech signal are
attenuat ed and 20 hasi-zed. The present

i nvention is f er abl SE@HE%%$t§5%££ g £ FBReGH aePQ?ﬂ
preferably t er %ﬁﬂﬂﬁﬁe
SYSLem o L NGspeeel ONPTSS. MR ddieshINANON e DoReg e
pre erre e thr's escrlptlon i s not
intended g 0 be delpBtiruid at tenubitles %ea%rﬁ-‘ihﬁ:taqd tract components =ad
|  increases speech cbmponents of a conventional ceastral
spectrum. The nofmalized cepetral spectrum Jetermined
from block 118 can be used in classification block 16 or
template matching block 18.
10 Fig. 4 illustrates decomposition of a prior art
spectrum of speech for a speaker over a channel from the
tranéfer function H(z). Components labelled 1-4
represent resonances of the vocal tract. A peak in the .
resonance occurs at a center frequency labeled o,-u,.
15 Each resonance has a respective bandwidth labeled B,-B,.
Components labeled 5 and 6 represent non-vocal tract
effects. Fig, 4 shows that bandwidths labeled B; and B,
'fepresenting non-vocal tract effects are much greater
than the bandwidths labeled B,-B, for speech components.
20 Fig. 5 illﬁstrates a decomposition of the
spectrum of speech shown in Fig. 4 after application of -
edaptive component weighting transfer function H(z). 1In

Fig. 5, peaks of component l1-4 are emphasized and peaks

of components 5 and 6 are attenuated.



by those of ordinary skill in the art that nodifications 20 may be nade
Wi t houW U¥RIHe8 ng fromthe spirit and scope of- the inverk¢musysn28ME CLAI M
1. A nethod for speaker recognition conprising the steps of: w ndowing a
speech 'segnent into a plurality of speech frames; analyzing said speech
segnent into first cepstrun1infornati098by determning linear prediction
coefficients froma linear prediction pol ynom al for each said frame of
speech and det er i ni norfg i 411 CARN AL icheL ! LAKLRALY Lingar
prediction coefficients, in which said first cepstrumfnfornmation conprises
said first cepsechl sbhpidl ciondIudin® yivigdarei giha naent-QoBhedetepptned _
conponents fromsaid first cepstruminformation for producing an adaptive
conponent wefgrp¢mRntepstiign 168 dtllemtatares aadpeandundblf aospeaents in
sai d speech sjgnal; and recognizing, said adaptive conmponent weighting
cepstrum by $xIR3} at 2REESi npPRILEITEPN saPE aﬂap?ﬂ%ktéﬁﬁponenpomeﬁght|ng
gfﬁf;ﬁ’[‘"yagfw%p 'ﬁ:ﬁ%' BY1 0L, SPeSelY Palh ehos 0t SO BLS KR 9dyced, Py 2

‘ value of approximately 30db for emphasizing the épeech
i components of the signal. |
Fig. 7 illustrates thé_:réspénse of moQing
! - average filter defined by N(z) for the séectrum shown in
10 Fig. 6B.
_ fig."s IShOWS a comparison 6f a spectrum
determined from the transfer functioﬁ H(zi to new

‘transfer function H(z). Transfer function H(z) includes

a2 channel effect. Transfer function H(z) applies
15 adaptive component wéighting to attenuate the channel
effect. | | o

A text ihdependeht speaker identification
eiample was performed. A subsét.-of' a DARPA TIMIT
-database. representing 38 speakers of the same _(Néw
20 England) diélectlwés used. Each sﬁeakef'performed ten
utterances having an éverage duration of three secéﬁds

- per utterance. Five utterances were used for training

system 10 in block'ls and five utférances were used for
evaluation in block 18. A first.set_of cepstral features
25 derived from transfer function H(z).were comparéd to a

second set of cepétral features'derived from adaptive




persons in advance. 2. The nethod of claim1 wherein said step of

anal yzi ngvebs/gsapgl speech segnent further conprises the stepeTwkes0280122
applying an all pole filter to said |inear prediction polynom al;
determning a plurality of roots of said linear prediction polynomal from
the poles of said all pole filter, each said root including a residue
conponent; determ ni ng afinite i rrpul se r'ésponse filter for enphasi zi ng the

h f t f d d
components:  deCeRRCRERy H8S g&sejﬁ'sﬁ‘éreoﬁ%sae%%e@mﬁf‘% A ot frcionts from
said finite i rrpul se respg. ‘in&hbt elna aegséﬂ%%ﬁ g.go%eaal dHoes

havi ng a predet erm ned nu sald roots un|t circle of the

z-pl ane, whereichahtled Seffsdad {5 apRs s?’e@cﬁaléid?{aqqet erHk Ned rseogeanent s
of said first cepstruminformation. A system for speaker recognition

conpri si ng: ne&eathtresC @ty ddpgtyral Sﬂmrw frem H{z0) and wha igecorfd f r anes
of digital speech; speech par anet er extracting neans for converting
sai d di gi% al sjgedclofi gepstiradt fropsHlain hadothet $ane KeeRIn I mgte near
predi ction coefoffl %|3e%r]t S
Trainir?g and testing was performed with a
speeéh signal inciu’ding a channel effec: :n which the
channel is simulated by the transfer functaon (1-0.9z"%).
lb The first set of cepstral features determined f.cm H/z)
had a recognition rate of 50.1%. The second set of
cepstral features determined from H(z) had a recognition
rate of 74.7%. An improvement of 24.6% in the
recognition raté was found using cepstral features
15 determined by adaptive component weighting.
The present invention has the advantage of
improving speaker recbgnition over a channel or the like
by improving the features of a speech signal. Nop-vocal
tract components of the speech signal are attenuated and
20 vocal tract companents are emphasized. The present
invention is preferably used for speaker recognition over
a telephone system or in noisy environments.
While the invention has been described with
reference to the preferred embodiment, this description

25 is not intended to be limiting. It will be appreciated

by those of ordinary skill in the art that modifications



froma linear prediction polynomal for each said frame of speech and

det er mwid 9823408 i r st cepstral coefficient fromsaid |ipepusemoasiict i on
coefficients, in which said first cepstruminformati on conprises said first
-cepstral coefficient; speech paraneter enhancing nmeans for applying
adaptive weightings to said first cepstrum paraneters for producing an
adapti ve conponent wei ghting cepstrum 8 attenuate broad bandwi dth

conponents ifagabd HREECHiEhoRE! aeﬁ'&&fﬂ@gﬁﬁ,& Yhdaly ftora,}%ﬁtsg;og:eni ng a

simlarity of said adaptive conponent wel ng cepstrum w urality
of speech saspl esevwbheénpese. produced by a plurality of speaking persons in
advance.. 4. The systemof claim3 wherein said paraneter extracting neans
further conprises: neans for determning a LP pol ynom al; mneans for
determining a plurality of roots said LP pol ynomal; and neans for

sel ecting ones of said franmes having a predeterm ned nunber of said roots
within a unit circle of the z-plane wherein said selected franes form said
predet erimi ned conponents of said first cepstruminformation. 5. A
nmet hod for speaker recognition conprising the




24 steps of: windowi ng a speech segnent into a .pI urality of speech franes;
det er m Ryo@gsh3qoear prediction coefficients froma |inear pCceaiseozsea '
t

r al
I I

polynom al for each said frane of speech; determi ning a first—ceps

coefficient fromsaid linear prediction coefficients in whi i

cepstrum i nformation conprises said first. cepstral coeffici‘ﬂimulg l“mml,“ﬂ“ .
all pole filter to said |linear predi ctio%lpol ynom al ; deter gL w s #
plurality of rgaot said linear prediction polynomal fromthe pole

said all pol e@'l%.g,ﬁ'each said root including a residue conponent;
sel ecting ones of said fyrameg hayehfod Predet er gHagRe AUMDREcOdn S sh r 00t s
within a-unit circle of the z-plane in which said selected frames form said
predet er m ned comMpRIHINHY The @Gftepsaior: first . cepstruminformation; applying
wei ghtings to predeterm ned conponents fromsaid first cepstruminformation
for produci ng an adapti \anadygiowge epewiiyhsounds epatpurfiimstat $pectatwn br oad
bandwi dt h conponents in said speech signal determining a finite inpulse
response filtamEymatintsi zi ng t he speech

applying weightings to predetermined components

s of

from said first spectrum information for producing a
normalized seconé spectrum; and

| recognizing said second spéctrunlby'calculating
similarity of said second spectrum and a plurality of
speech patterns which were produced b: a plurality of

speaking persons in advance.

2. The method of claim 1 wherein said speech
sound is analyzed by dividing said speech sound into a
plurality of frames each having a predetermined time
period and 'obtainincj LPC coefficients for each of said

speech sounds through linear prediction analysis.

3. The method of claim 2 wherein a first
weighting is applied to a first predetermined component
and a second weighting is applied to a  second

predetermined component.

4. The method of claim 3 wherein said first

weighting increases said first component and said second

This Sheet Has Been Replaced
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25 formants of said speech signal epuating sai d residue conponents
conpri SWmgs/234e8 st eps of determ n| ﬁm Me r esponveFaBaler f or

enphasi zi ng the speech formants of al and attenuating sald
resi due conponents determining a fi ni te i rrpul se response filter for

enphasi zi ng t he speech fornmants of sdi gdospeech signal and attenuating
said residue conponents, determ ning adaptlve conmponent wei ghting

coef fici ent syd gt e Chtftdhifdd MY i%E JeRFHA TR mpohkat.. deternining a second
cepstral coefficient fromsaid adaptive conponent weighting coefficients,
and subtracting said second cepstral coefficient fromsaid first cepstral
coefficiient for formng. sai d adaptive conponent wei ghting cepstrum and
recogni T ng said adapt?ve hpaethodustiylaliaiq depbereinbgaddl Eirati ng
simlarilty of said adaptive conponent weighting cepstrumand_a p| ur ality of
speech patte?’l‘% FRFERA WLrATBFIREE e @1y AR YRTIIRES: FHF 3RIMKkPRgSBEfsons i n
advance. The nmethod of claim5 wherein said finite inpulse response
filter norn§f79%§ said residue conponents of said first spectrum 26
7. The nmethod of claim6 wherein said finite inpulse response filter
corresponds to an adaptive conponent wei ghting spectrum of the form

6. The. method of claim 5 wherein said second

component has a large bandwidth.

7. The method of claim 6 wherein said first
and second weightings are determined by the steps of:
determining roots of said LPC coefficients,
| each said root including a residue component; and
normalizing said residue component of each of

said roots.

8.  The method of claim 7 wherein said second

spectrum is defined by the transform:

P 1

H(z)=Y) ————
i=1 (1—21_2-1)

wherein P is the order of analysis,:and z; is a.complex
root representing the bandwidth'and frequency of said

speech sound.

9. The method of claim 8 further comprising

is Sheet Has Been Replaced .
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[err] wherein [err] are said adapti”ve conponent wei ghting coefficients and .

Pis thewg?“&f the LP anal ysis.: 8- The nethod of clai mgcfrigdsaggor
conprising the step of: classifying said adaptive conponent—weighting

cepstrumin a classification neans as said plurality of sp :
The met hod of claim8 further conprising the step of: det eﬁm‘“llﬂﬂ[ﬂ@ugmum
similarity of said adaptive conponent wedhting cepstrum-w Sall *
patterns by matchi saig.aQaptive conponent wei ghting cepstrumw th said

n

n
classified adaﬁPFvﬁgEBNﬁ ent wei ghting cepstrumin said classification

means. 10. A system for agggﬁg@néﬁgo ni L%%?g%)?%/i O#B%fr%a@?} Okaiq

converting a speech signa 7 ranmes of digita

speech; speechga-BAR2EBEEErumeSEr 85680, Means  for converting said
digital speech into first cepstruminformation, said speech paraneter

extracting means conprising an all pole linear predictive (LPC) filter
means, for determning a plurality of roots of said LPC filter, each said
root including a resi dueloenpBhent petinod neefis ¢kFimel%cmheyredimes sgfidsai d

frames having a predeterm ned nunber of said roots within a unit circle
- cepstrum is defined by:

) 1 P ' lP—1
em-= (Y zf-¥ 2P
n 4

i-1

wherein P is the number of coefficients 2z, is a complex

root of said second spectrum.

11. The method of claim 10 further comprising

the step of:
| storing said second spectrum in a
classification means as said plurality of speech

patterns.

12. The method of said claim 11 further
comprising the step of: |

determining said similarity of said second
spectrum with said speech patterns by matching said
second spectrum with said stored second spectrum in s&id

classification means.

13. A systen for speaker recognition

This Sheet Has Been Rer
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of the z-plane wherein said selected fr i d predeterm ned
conmpomwembds234of . said first -cepstr\muﬂﬂgwm\mﬂkpeenarmmmler '
enhanci ng neans for applying adapt i€ Rer ngs t0 said first cepstrum
information for produci ng an adaptive conponent weighting cepstrumto
attenuat e broad bandwi dth conponents in sai d speech signal, said speech-
par anet er “enhanci ng neans conprising,zé finite inpul se response filter for
enphasjzingcgggrggggﬁg formants of said speech signal and attenuating said
resi due conponents, ans for conputing adaptive conponent weighting

coefficients from sai glehh8i fRr MBUHGR-tiGRPUISEpéédth €5igARRNS nker scONPUti ng
‘a'second cepstral coefficient fromsaid adaptive conponent wei ghting
coefficient plupallingans Eeamesbbfadigigabaspessrond cepstral coefficient
fromsaid first cepstral coefficient 28 for formng said adaptive
conponent wei ghting cepeerbm pavamebéxat i extmecting or midresy ni forg a
simlarity of said adaptive conponent weighting cepstrumwith a plurality
of speech” s&RPVEStHRPICIFAME SiFidRIcTPIFM PR o i BpréessPéaliiFgtpersons in
advance. 11. _The systemof claim 10 wherein said finite inpul se response
filter corr88BEHEY™t B2AR™GUEPT( ve conponent weighting spectrum of the form

[err] speech parameter enhancing means for applying

adaptive‘weightinés'to said first spgctrum parameters for
producing a normalized second spectrum; and |
evaluation means for. determining a similarity
of said second spectrum. with 'a. éldrélity of speech
samples which were produced'by'éaidnépéaking persohs in

advance.

l 14. The system of claim 13 wherein said
plurality of spéech samples are produced by said second

spectrum.

| 15. The system of claim 14 wherein said first -
spectrum is prdducéd by filtering said speech signal

through an all pole LPC filter.

16. The system of claim 15, wherein said
speech signal includes vocal and non-vocal tract
components and wherein said speech parameters enhancing

means includes a moving average filtering means for

RN
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Wherein [err]

are sai d adaptive conbonent wei ghting coefficients and P is
the ordegg¥fsbhg LP anal ysis. 12. The system of claim1l flid:l‘rhh;%mzsm

conprising: neans for cIaSS|fy|ng sai d adaptive conponent weirghting

further conprising: neans for determining said simlarity

cepstrumas said plurality’of speech patterns. 13. The Sysfmmﬁ"“ mH

conponent wei ghting cepstrumw th said speech patterns by natc

adaptive conponent wei ghting 29 cepstrumw th sai.d stored adaptlve

In

conponent wei gﬂ??ﬁ@u%%b%ﬁrlﬁ\llan BAPGVePaksitiaCht | SYRRAFRES and for

increasing said vocal tract components.

17. The system of claim 16 wherein said system
further comprises:

vector quantization means for quantizing said
plurality of speech samples; and

means.for'storing said'quantized'samples in a

cor.e book.

18. The system of claim 17 wherein said
evaluation means comprises template matching means for
determining the similarity of said second spectrum with
said plurality of speech samples by matching said second

spectrum with said samples stored in said code book.

19. The system of claim 18 wherein said second
spectrum is a normalized cepstrum &(n) which is defined
by

P-1

P
ém =2 (Y zP-Y 2P
s i1

A

This Sheet Has Been R.

IR

i




