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The invention relates to pattern recognition systens for instance speech
recognition or inage recognition systens. 5 . Practical speech
recognition systens need to be capable of operation in a . rg@g@ @({2069
different envi waaHoR68d conditi ons which nay be encountered i B ?

day use. In general, the best perfornmance of sluch a systemis worse than

t hat of an equi val ent recogni ser designed to be tailored to a

particul ar environnent, however the performance of such a recogniser
falls off severely as background 10 &AIJERNSESQOGNIEOM\ay from t he

envi ronnment for which the recogni ser has been desi gned. High | evels of
anbi ent noi se are one of the main problens for automatic - speech

recogni tion processors. Theduveptien flatgaiip qaatterroreseanitien sxitemnadugingtande speech
speech, office eq%&&g&kﬂ Qt,ri,ﬂggé' @coé,@?om%ms_nachi nery etc. A
0 0

particularly pr emati c source noi se associated wi th nobile phones
is that emmnati fg from Peactigalspeedhregpgnition sisterheneed t© bectangblesafcopeldtiondn a

noi se sources oft Tand¥ 6Y igﬁ?ercﬁﬂ%ﬁgn%nmentgp%i‘ﬁﬁtio%s-%i&g Pﬁ)agegés"gﬁgmﬁa‘?é(r‘é& 9n every

per f or mance degr adat a speech recognition .
I n i mage processi ridgy User Ih genesple thenbest wetfoimance of sugh 2 systemds yeasse thanahit of

has to wite very ﬁ'saﬁal,mgmeca?ﬁ;@t BERigriba 65 ¥R aA6rel B gnaémmmamm&wm
20 Anonmalies in a person's wiiing may cause the system continually to
m srecogni se. however the performane® of isHch perashanises Fglis off sevenebc as Hapkpgrewnd

i nput speech dapa, cdniitich@move away frofl fHel @lvibRinBht §P vAhitH A PRBEnistY ALk been
derives froma streamof input speech data a nore conpact, perceptually

significant set ofdegigned.ridighjevels of ambient roisgtane ene et thgrmain prelgmy for augematic
exanpl e, speech i | ¢ itloR ls8rs? 8ohF NEmbsi indlL@d tHad P

segnented into frzsr?tlggmof g‘%dé’ﬁ'ét h%%c%%mss (e.ogifggﬁpﬁggéggngﬁﬁl—llg hgéh(y,a- E%?u :
each frame, aspeeeh,opfficscgquinment: sraflic, cliechwmt efd machineryeetch A particularly

recognition, the Sﬁ}ﬁﬁ’lgﬁnﬁtié Source {n;] g&Eé@éé&iﬁéﬁHﬂﬁ%Jﬂe Bﬁo@iﬁ?“&%ﬁ?ﬁti% fidm

known set of words or phrases, . recogniser's so-called vocabul ary.
A stored repredSntae#dn Wch e RRgPE isoheing ispse These noige soiiscessofien pipyidgepodgh

model, conprises dadoBbd RBISE 16 R8LsE SevERd Derforifankd degrd@itindst 3QpPéchieRBEMion
derived from in the case of speaker independent recognition, nultiple

speakers. The i npuR™OF¥&PUre vector is matched with the nodel and a neasure
of In image processing, for instance handwriting recognition, a user usually

has to write very clearly for a system to recognise the input handwriting.

20 Anomalies in a person's writing may cause the system continually to misrecognise.
It is common in speech recognition processing to input speech data, typically

in digital form, to a processor which derives from a stream of input speech data a
more compact, perceptually significant set of data referred to as a feature set or
vector. For example, speech is typically input via a microphone, sampled, digitised,

25 segmented into frames of Iength' 10-20ms (e.g. sampled at 8 kHz) and, for each
frame, 8 set of coefficients is calculated. In speech recognition, the speaker is
normally assumed to be speaking one of a known set of words or phrases, the
recogniser's so-called vocabulary. A stored representation of the word or phrase,
known as a template or model, comprises a reference feature matrix of that word as

30 previously derived from, in the case of speaker independent recognition, mulitiple
. speakers. The input feature vector is matched with the model and a measure of

similarity between the two is produced.
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simlarity between the two i s produced.
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tthe presence of broadband noise, certain regions of the speech spectrum
that are of a lower level will be nore affected by the naise than oths S.

Noi se maski ng grydvsepdcs have been devel oped in which any sp&CF

di ff erences due to di fferent background noise | evels are renoved. As
described in "A digital 5 filter bank for spé%tral mat ching” by D HKlatt,
Proceedi ngs | CASSP 1976, pages 573-576, this is achieved by conparing
the level of each extragtid .fneeémtéeopfbr@aaband dcﬁuautceﬂaﬁmégmst bf adheesﬁéeb’ﬁte

f th d,.if the | | tu
gor r egpg(r)lldlsﬁga? eétplﬁfté“'B?‘hTtﬁ%g r?& 8""8%?"%2#& bete'ﬁ%"el 3(78?"" bdrthf’ H'g'tse b thilfy P hef Ur e

is set to the noitdsd masking Tebniguesh havgueed slsvelbhmstiinbyhikh aoy spusious dlifarences

user 10 speaking e%%nﬂ@@eﬁ(ﬂ% fhuRl'rd riofsE. &Veid B8 B gbéH; Ad de cerfB@&*?ns?\ ‘ﬁh’ﬁler

The spectrum erive rom e I'nput i S conpare spec
t hat phrase an@ dilter ban!orfaredpesmllmatclstpge'bbv Mdﬁhm,u?rat:endmgbil@hSSdeledages

all spectrumfra utterance for the r of the se .

K att el S0 ot at o THE{6. Bk i cchigvid bY A5mnamios e ete! oh efch BRTaCICL (RS 0F on
15 conmmon noi se fihQarsigid wWith & estrhatlloditRél noiddiafd, i$ tﬁ&iﬂv&vﬁﬁlam{nﬂm&@&dtw@ a
one second sarrpl e of back round, noi se at ;he begi nni sessi an.

n
However t hi s 'QpEaARELERR cPrEesParding, featyrecpf the, fip E;etsﬂﬁ'gtef S, a}g‘ff’&ff’ﬁ Wt

silent during thefeature nelsszetoftheablsesé\nenammcpﬂqm@deseﬂdad Wlﬂlaﬁtr‘eﬁ’s drh& user
pre-determ ned 0phrase or

tion he nor ation ectru 20
Pt he ar 1 o1 A0 Sa3REE0 BpmmEReTRng et = el et Bt ol e metifum
probabi I'i stic nodgdrivéd [fyond the kplutres comparbl QoS:edgtdelckpect?umcteedhatgmraﬁASﬂPa
1986, it is suggest ed.that fe tures of .t put jane Yal he
noi se | evel oMfff ?aU&?é’H“tﬁ?a ‘g8 Lﬁa w{e@e%g[gg aﬁ%ﬁ?% @étsﬁf%m'f sﬁbar?neeést %r te
than the | evel ofuterance footheaepoofcthagedsiomt ure of the tenpl ate(s) of the
system 25 ot f thes ods re Hire a estlmat
[ %t erfering noise si gna{ﬂ @ also S esg%?g Ritof e %é’f’m’rﬂ Faun Sheg 'H@c%ag%ug?tilonf or
a user to keepissi é&ﬁhoanﬁxsboﬂaqnahhula be ca!ctpated.et‘Ehlsnmachlphldabﬁreg:brdang a one
particul ar points_i And s%%%?e Wbac%ﬁpoung hofsh 4t HHE 'E%@EHJI@ of each %Ls%?orn yHowevgr

unsuitable for a PRI SEMVICE VS { ORatl c epe rfron, since
this arrangement relies on a user knowing that they should keep snlent during the

noise floor estimation period and then utter the pre-determined phrase for
calculation of the normalisation spectrum.

20 In the article "Noise compensation for speech recognition using
probabilistic modeis” by J N Holmes and N C Sedgwick, Proceedings' ICASSP
19886, it is suggested that features of the input signal are "masked” by the noise
tevel only when the resulting masked input feature is greater than the level of a
corresponding feature of the template(s) of the system.

25 Both of these methods require an estimate of the interfering noise signal.
To obtain this estimate it is necessary for a user to keep silent and to speak a
predetermined phrase at particular points in a session. Such an arrangement is
clearly unsuitable for a live service using automatic speech recognition, since a
user cannot be relied on always to co-operate.

30 European patent application no. 625774 relates to a speech detection
apparatus in which models of speech sounds {phonemes) are generated off-line
from training data. An input signal is then compared to each mode! and a decision

is made on the basis of the comparison as to whether the signal includes speech.



user cannot be relied on al ways to co-operate. 30 Eur opean pat ent

application no. 625774 relates to a speech detection apparatus in

whi ch nodel s of speech sounds (phonenes) are generated off-Iline from
training data. An input signal is then conpared to each nodel and a

deci si on I's made on the basis of the conparison as to whether the

si gnal i ncl ude woenoseda. WO 97/ 08684 : PCT/GB96/02069
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apparatus thus determ nes whether or not an iﬁput signal includes any
phonenes and, if so, decides that the input signal includes speech. The

phonene nodel sherappaans tiuad defefminks aviidthen ar Indt G MMpb evignal isdhadRdse by
to provi de a good reprﬁSﬁntation of a cross-sec

jon of speakers..5
Japanese patent  pBNSEERIEDH 1G0- SESHRS AR e dOR a5 e s9eBtng (NE POANeme
system :c n whi ch grdaéls caré generated dff-ineafremfDlafOnurABeri o spbékers £ profidet 41 good
start o recogni tio

. the input signgl is conpared to all the generic
noi se nodel s and éﬁse"gtmﬂ(?&gr#ﬁﬁg?m% %fgg?skeﬁ) the characteristics of the
i nput .signal issidentifdJapdnesthgatent pubtieationf heed1-260485 Westrbes 3 Vdi@Nrdeagnitio®

dapt i c ph del.s. This 10 t ' bl y .depend
User stayi ng. st | oRHPE N RECLEPIE P8 RPITE oft forRein SHAL RN A AEWIBRLe

model is carried eatbgnitibn,athedeput\sigral isocompaedd td AiEthel gemed noise mistle3hanitthat
noi se nodel will still b

i dent.i fied may. hear .very little resenmhl ance, to
(e sctuar nol s Bpise apgdel closeie'{o' 14 RprglBeisRES or 1B Yomut etanfl. s BEIHeR" * s
61- 100878 r el at esideatifted) ablsermoddl isrthenQusetl i N adapiti gemeribi phionethé [ rhodus. notlsie
subt racti on/ magki ng.techni ques An adaptive noise mask is used.. An .
ot ot gaal 28 BekniERe Bregtiply Gohends o8 Risks FraVina “SighT Toi 8 Sed inWrich
i dentified, this identifieEionfof ¢k neisenmodel is ddrdedoyarif a usér wire tsisgesk, theelbsest
are identified as _noi

I,se al.e ed. (i.e. .have an anplitude of zero nd_the
masked I nput é‘}ag‘?%‘é’rg Pé’sel FT'%?F‘ ‘f"(l)l sém%&t'?ﬁ{ﬁ'eaé’c\fdﬁn% {’T%Hea'e\'fflﬁé?sezﬂ? anﬁgtﬁ%l
characteristic 20theaotaaigose ppasedt.t 0 i dentify noise is not identified in
this patent application

relates to a speech det %%‘}T(e)sne patenr}‘etpﬁgiéfgggsgf‘g‘g;@‘mpﬁﬁﬁalr Cefa&!fﬁogﬁ",noﬁ.‘ OSa%ﬁeigo
in an avi oni cs 1&nvecognitiont devidee vehich aftilises nbize smmdo:ixlm_atkingigbemﬁqudse _An
Chis s o m 1 ar T GOUES TEneh e, s 3etB i MRt ignhih FigtRel s o, ngeilistc
masked by an esti patametér isdienifiedkthis isdfientified psanlisec oihesecmstsanfckthe signal that
are identified as noise are masked (i.e. have an amplitude of zero) and the masked .
input signal is input to a pattern recognition device. The usual characteristic
20 parameter used to identify noise is not identified in this patent application.

European patent application no. 594480 relates to a speech detection
method developed,. in particular, for use in an avionics environment. The aim of
the method is to detect the beginning and end of speech and to mask the
intervening signal. Again this is similar to well known masking techniques in which

25 a signal is masked by an estimate of noise taken before speech commences and
recognition is carried out on the masked signal.

in accordance with the present invention speech recognition apparatus
comprises:

. a store of reference patterns representing speech to be recognised and non-
30 speech sounds;
. classification means to identify a sequence of reference patterns

corresponding to an input signal and, on the basis of the identified sequence,



recognition is carried out on the nmasked signal. I n accordance
with the present invention speech recognition apparatus conpri ses:

a store of reference patterns representing speech to be recogni sed and non-
30 speech sounds; classification neans to identify a sequence
of reference patterns corresponding to an input signal and. .

basis of the Pdwomwuauisequence,p ° V[)97/88684 ° PCWGSQMhas
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to partition the input signal into at |east offe speech-contai ni ng portion
and at | east one non-speech portion; a noi se pattern generator
for. generating a mepestedhata partition theeinpunsigmel into atHeast one speschisantaimingopartiom,

for subsequent us%ng)sétegeggtqmglr@ﬁgsbggcﬁ%tgh%gbneans for pattern 5

i dentification purp ut put neans to supply a .
recognition signal indi eavisagattero@gnératooforgendraking a noisengaiterns ¢agreaponiding to the
dependence on the Jdentified. s TOLS. i t

i s generated fromngﬂgg%cﬁoﬁggfrﬁgﬁg@?ﬁ%e& Emst [ tf;sr‘?a Y 53 a&@'fﬁg@onngﬁ'e?% E‘g %ﬁeg%t
speech and r epr 8sddengificatioppuineaess of the interfering noise 10 paraneters

for ihe current Input sLanglemuFhele @lobt 15a3ha8 Bk SbalIRLBMod & she

arranged to generate a nolse representa n on o
si gnal deened inmut isignalie degendenve onahe ientifiedsequente.er n repl aci ng t he

previously generated Thil® El%ené?@et éﬂeﬂn is %eengr%t%d irgm g églftﬁﬁaol?@(%g\laﬁto Ig'igjéacl ot

representati on pattern generator 1S arran nerate t )
represent ati on patdeemadstp becdicacti spgechoanch eepsesentst ac kstimate afstbd interfeting noise

generate the oniyg g;g;léﬁtsis%? 3¢ caﬁérhgé@gasa%é\!%@&bw U AGLE Bhusdth | MBratd? s

original referenc erns to be a y the generat
pattern(s). An areangenp e generatet & c hoise) raprésentatiom patteny after eapip geoftioni of signal

combi nati on" by MAPLEeap oe Wserhs thd'oRRber Golds paitef Tenify i fiEyiousy generargs

- 840. npiRe pagtem-" wor d" herein denotes a speech unit, which may

s oo ncs patt oo oty BV, et ARGty RRAT oA RIS o

War ped (DTW no&elgpnerate the noise representation patternis) according to the same technique used
to generate the original reference patterns. Such an arrangement allows the
original reference patterns to be adapted by the generated noise pattern{s}. An
example of a technique for adapting word models is described in "HMM recognition
in noise using paraliel model combination” by M J F Gales and S J Young, Proc.

20 Eurospeech 1893 pp 837 - 840.

The term "word" herein denotes a speech unit, which may be a word but
equally well may be a diphone, phoneme, allophone etc. The reference patterns may
be’ Hidden Markov Models (HMMs), Dynamic Time Warped (DTW) models,
templates, or any other suitable word representation model. The processing which

25 occurs within a model is irrelevant as far as this invention is concerned. Recognition
is the process of matching an unknown utterance with a predefined transition
network, the network having been designed to be compatible with what a user is
likely to say.

In accordance with a second aspect of t}{e invention there is provided a

30 method of pattern recognition comprising:

comparing an input signal with each of a piurality of reference patterns;



terrpi ates, or any other suitable word representati on nodel. The processing
which 25 occurs within a nodel is irrelevant as far as this invention is

concerned. Recognition is the process of matching an unknown utterance
with a predefined transition networ k, the network having been deS| gned
to be conpatible with what a user is likely to say.

accordance wit hwaosgseehd aspect of the invention there is proVFH’&?"A"zS@

met hod of .pattern recognition conprising: conmparing an input

si gnal with each of a plurality of reference Patterns; WD 97/ 08684
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i dentifying a sequence iﬂéntlfﬁfx@raemﬁﬁeriﬁtéf&éféﬁeﬁcb%EttﬁtQErtﬁ@@é&i‘l%ﬁpédﬁs&h&hé maut
signal and indicat]j n% g nition of the | ut si.gna n dg endence .on } de
i dentified se§igefi@gd indicating recognition gt th Wﬂbs'g'?ﬁ’ms ngdencepn the idpntitie
signal that are deamadceaot to correspond 5 to allowable reference patterns
from ‘those portions of |nput S :A‘ t hat arerfbdent:_éfl ed ,as
correspondi ng to al |l owa 5?@ 'Eﬂé’PE‘mE‘ég"B B RYE siogal fapLpre eﬁﬁdzﬂ?ﬁl B’ﬁ%ﬁp‘md
reference Peit t@hifbviable réfePerde gatleARgUENt conpari son. In
accordance with a further aspect of, the |nvent|on there is provided 10
pattern recognition app%PBt HOSERPHCES @f the input signal that; gie, idgntifigd s 0k

patterns; correspaﬁam@ td SNGWEBIR T8ferdtice atRNS| BEndTAGHEESS iad&ition) rbfeRthce f
an input signal each of the reference patterns and, for each
portion, identi fylpﬁBe"t“tfﬁ'E"s‘Féf‘éPQ??@Eem comPAisAN.-n t hat nost cl osely matches
the portion; 15 In aéhoﬂithwtw&mra euHthet tabpetd of thegin@éntioRdtherd ishgrovided

recognition of {he ut Si 8 the basis of the sequence of
reference patté n§aﬁ rF86°gf‘ '°EcﬂpP3'§B'5n‘E?"E’5'sf"ﬁe i nput si gnal ;

means for identifying aaptord obref@bnddpattenigjt Si gnal \/\hi chis deerred not to
correspond to an allowabl e reference i,Ff)rattern

ans for,
generating a reference PUTREPR" MPHIFLIRE CHEATIG F"éﬁ?eﬁ%‘ﬁ Petiopt °lrfrer?é' input - sigagl
signal, for subsequitihéachf they reférencOpgtarhsSanit, fsraash portion, identifyingtBat reference

al Towabl e pat ter NS areth theP Sl seh indienbs the sartiong 0 aPove) of the

15 an output for outputting a signal indicating recognition of the input signal
on the basis of the sequence of reference patterns deemed to correspond to the
input signal; .

means for identifying a portion of the input signal which is deemed not to

correspond to an allowable reference pattern; and

20 means for generating a reference pattern from the identified portion of the
input signal, for subsequent use by the comparison means.

The allowable patterne may represent words {as defined above) of the
vocabulary of the recogniser. "Non-allowable" reference patterns preferably
representing non-speech sounds e.g. mechanical noise, street noise, car engine noise

25 may also be provided. A reference pattern representing generic speech sounds may
also be provided. Thus any portion of an input signal that does not closely match an
allowable reference pattern may be used to generate an additional reference pattern.

The invention will now be described further by way of example only, with

. reference to the accompanying drawings in which:
30 Figure 1 shows schematically the employment of a pattern fecogn‘nion
. apparatus according to tha invention in an interactive automated speech system in

a telecommunications environment:



vocabul ary of the recogniser. "Non-allowable" reference patterns
preferably representing non-speech sounds e.g. nechani cal noise, street
noi se, car. engine noise 25 nmay also be provided. A reference pattern
representi-ng-generic speech sounds may al so be provided. Thus any
portion of an input signal that does not closely ‘match an al | ona 2?@
reference pattewoomgespe used to generate an additional refergﬁ'ygnﬂsaq rn.
The invention will now be described further by vvay of exanple only, with
reference to the acconpanying draw ngs in whi ch: Figure 1 shows
schematically the enploynent of a pattern recogni t | on appar at us
accordi ng to the invent iFigyre & shows thefunstipnad eameomqfeajsmefemoswpemmfatus

a tel ecommnl cati g {qnm& ti
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Figure 2 shows the functﬁmﬁ l%aélvéhtdﬁgoamahe\p@e@nhm@gw thednn@mmtagmsnts
according to the '{fvaea 4<¥br processor forming Eérg#if ?’ipeéc gﬂ% gfa@ung ﬁq.u@g

schematically the tunctional elenents aSSI ssor
part of the spedch2irecognition apparatus of Figure F| gure

4 bl ock di h

sequencer form ng part. R4 BEBEK dilrank sh?‘ﬁ'"ﬁ‘*gﬁéf*aé*%?{rﬁgfﬂﬁa dheLelgm8ts
Figure 5 is a scheofet $asiupagsr éeravncaparoef the saeﬁqherb@bgmttoh iappatatys of Elgﬂcer?n ng
part - of Figure 4; 1G; ure |sFa scfeh%fc%&eéénlté{ﬁtnrd?ta%lé {u}ﬁhnﬂaarétblte' Bﬂh.ﬂg part

perfornmed by the sequence
fl ow di agram f or tofFigirads at I on of a | ocal noise nodel; F| gure

8 is a Schematig repr e;q;r%% goiﬁuﬂlfaté {h‘éc@ag{:'ﬁén'irg;e?é}?otrmalﬁ the sequencer TSFi\%nurteh

Figure 9 shows a secon ment of nol se genera use
speech recogniti ondapparatus according to the invention; and

Figure.10 shows the rel %d&@?&ﬁ&vﬁv%%ﬂ@&a&fa VﬂFi%n@%ﬁQﬂmucﬁ r(?%?etﬁgﬁel'

One wel | known approach to statistical I Nng uses
Mar kov Model s (HWMVs) as FGR-%%?l'i)édchqff‘actﬁée@rleﬁ'\i?@ﬂ"qflladémﬁmﬂkwmeI s for

Automati c Speech Recognigidp@'s JfuRey i sBBSh BRbbGREAOBF nbi¥e PodelCgenerdtbi FdrSike

16 with speech recognition apparatus according to ths invention; and
Figure 10 shows the relative performance of various recognition systems.
One well known approach to statistical signal modelling uses Hidden
Markov Models {(HMMs) as described in the article “Hidden Markov Models for
Automatic Speech’ Recognition: Theory and Application” by $ J Cox, British -

20 Telecom Technology Journal, April 1988, Vol. 6, No. 2 pages 105-115. The
invention will be described with reference to the use of HMMs. The invention is
not limited to statistical models however; any suitable pattern-recognition
approach may be used. The theory and practical implementation of HMMs are well
known in the art of speech recognition and will not be described further here.

25 Referring to Figure 1, a telecommunications system including speech
recognition generally comprises a microphone 1 (typically forming part of a
telephone handset), a telecommunications network 2 (typically a public switched
telecommunications network {(PSTN}), a speech recognition processor 3, connected
to receive a voice signal from the network 2, and a utilising apparatus 4 connected

30 to the speech rebognition processor 3 and arranged to receive therefrom a voice
reéognition signal, indicating recognition or otherwise of a particular word or

phrase, and to take action in response thereto. For example, the utilising



20 Tel ecom Technol ogy Journal, April 1988, Vol. 6, No. 2 pages 105-115. The

i.nvention wll be described with reference to the use of HWs. The

i nvention is not limted to statistical nodels however; any suitable
pattern-recognition approach may be used. The theory.and practi cal

I mpl enentation of HWs are wel | known in the art of speech recogni ti on
and wi || not bayo'esessssbed further here. 25 Ref er r i ngPGHE ‘F’F’gﬁ“

a tel ecommuni cati ons system incl udi ng speech recognition generally
conprises a mcrophone 1 (typically form ng part of a t el ephone

handset), a tel ecommunications network 2 (typically a public swtched
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connect ed g&& égnsa voi ce signal fromthe network 2, and a utilising
apparatus 4 connect to the speech recogni tion processor 3 and arranged
to receive therefrom a lpdhany cases, the gigliging epparatugyfawill deneriateaan augplible response

recogni tion or ot hed ﬁ"u%@r, QFan?:E%th}né:tHe%eth% ¥ a ’%ug?pr]egpér%ﬁrplcgmm it

action in response thereto or exanple, the uti
97/ 08684 5 of the user's handset.
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to a | oudspeaker typically formng part user
| n operation, a uSignalsingiertng rreepanitonior rashatwife of shPagtioyjagnwprd or phrase is

transmitted from bBSersted " ARA ORshshittét Orol e NRHIVIARG Kappatflud & SARGF Rthen takes

recogni tion processor 3. The speech recognition processor analyses the
speech signal andappropriatg gghay inithe Bentiohfecogritie Pt therspeechot her wi se of a

particular word or phraggs sseet réiafftidh GocaBihrid fi”iﬁﬂ%r&ﬁtegf the rBDl% fdkérl by thé)

apparatus 4, which then takes appropriate action in the event
recogni tion of theigepetsen. the microphone 1 hand strough mebwerki 2. oﬁﬂ\pm%@isi)ﬂaf%e

is ignorant of t h‘%arrléwto? types o qQMltfeQ%f handsﬁi 3¢ be fusadn le&/vﬁb itk RE ndtwiork

and through network 2. Any one of variety of types or qualities
of handset may19e 2u98Y] One of & lptge, VaWPEVnP ntrew'mtks mayobe takgn, gaeudjpg adio

large variety of ﬁ.ﬁ@%&@ueranaaa,&sangﬁ\mdoena 36 sh. IAtfcbwih tﬁ@db&ch signal Y
| i nks, anal ogue and djgital paths and so on. According e speech

Y reaching t hée%"ﬁl@&c‘l'?e rseewmcmﬂm Brasessor 33°9!EﬁsP@§1§oWd’§‘°t§?°F% s‘ggee%h

signal S received at the microphone 1, convolved with the transform characteristics of the
microphone 1, the link to the network 2, the channel through the network 2, and

20 the link to the speech recognition processor 3, which may be lumped and
designated by a single transfer characteristic H.

Referring to Figure 2, the recognition processor 3 comprises an input 31 for
receiving speech in digital form (either from a digital network or from an analogue to
digital converter), a frame generator 32 for partitioning the succession of digital

25 samples into a succession of frames of contiguous samples; a feature extractor 33
for generating from- a frame of samples a corresponding feature vector; a noise
representation model generator 35 for receiving frames of the input signal and
generating therefrom noise representation models; a classifier 36 for receiving the
succession of feature vectors and comparing each with a plurality of models, to

30 generate recognition results; a eequencer 37 which is arranged to receive the

. classification results from the classifier 36 and to determine the predetermined

utterance to which the sequence of classifier output indicates the greatest similarity;



received at the mcrophone 1, convolved with the transform characteristics
of the m crophone 1, the link to the network 2. the channel through the
network 2, and 20 the link to the speech recognition processor 3, which may
be | unped and designated by a single transfer characteristic H
Referring to Figure 2, the recognition processor 3 conprises an input 31
for recei viygopresegegch in digital form (either froma di gi PET/GH k or
from an anal ogue to digital converter), g frane generator 32 for
partitioning the succession of digital 25 sanples into a succession of
frames of contiguous sanples; a feature extractor 33 for generating
froma frame of sq#mwt@tcp@rtr%ﬁowmmg recoghitipr sigaal i suppliedjpdisating the speech
representati on MgehaRe @i s been tebghisei vi ng franmes of the input signal
and generating therefromnoise representation nodels; a classifier 36
for receiving the successi on of feature vectors and conparing each with

a plurality of Wenerate recognition results; a sequencer 37
whi ch is arrange 0 recelrve the classification results fromthe
classifier 36 &nd to ddedrame eenaretopSedeagengadety receive @ sreeeh signal comprising

%693 /eggggze of clRedH EdrfflePst #dte idhdior @kamplb.NS,086 S3BRE pat BicoRd, 4néi to form

PCT/ GB96/ 02069  frames egraprisingoeR$h gentigpypys samples (g 8BmMa 9f cthe gaeachotionsl) g AP
i s supplied indi Gﬁérhélgatkhﬁ ﬁ%ﬁﬁkbvaw 16thd, efﬁ&Sﬁbrghbﬁéh Rame @@%&%@Qﬂé Stae-

Frame Gener at or frane generator I's arranged to recelve a
speech si gnal commpéﬁsmwards %‘Bé@éﬁ °§éh$> frame are multiplied &y PWQ?FGF'@W&WQ&QM!"Q
8, 000 sanpl es e @%ﬂw’usﬁ‘\gd fsroeiampre 3 Haﬁmﬁ@ﬂ&a@w&f&?@% Fddige %ﬁ@'};&? Mfriefdbtd)S
sanples (i.e. eech S|gnal) rame rate o frame
every 16ms. Pr ef ecemtayed bycthe firamns’ iedoed. ndmwkiel Rrefemed embodiments ghe | feames are

towards the edge glerbglind (b B9/ m&%hﬂlxdr&@éﬁé’eﬂéﬁg&tﬁr&%ﬁ&“o%r\l@' ghting 10

constants) using, for exanple, a Hanmi ng w ndow to reduce spurious

artefacts, generated by the frames' edges. In this preferred
enbodinent t he fﬂﬁﬁﬁagyﬁhnmaaoverlapping (by 509% so as to aneliorate the
effects of the w ndow ng

15 The feature extractor 33 receives frames from the frame generator 32 and

generates, in each case, a set or vector of features. The features may, for example,

comprise cepstral coefficients {for example, linear predictive coding (LPC).cepstraI

coefficients or mel frequency cepstral coefficients (MFCC) as described in "On the

Evaluation of Speech Recognisers and Databases using a Reference System", Chollet

20 & Gagnoulet, 1982 proc. IEEE p2026), or differential values of such coefficients

comprising, for each coefficient, the differences between the coefficient and the

" corresponding coefficient value in the preceding vector, as described in "On the use

of Instantaneous and Transitional Spectral Information in Speaker Recognition”,

Soong & Rosenberg, 1988 IEEE Trans. on Acoustics, Speech and Signal Processing

25 Vol. 36 No. 6 p871. Equally, a mixture of several types of feature coefficient may
be used.

Finally, the feature extractor 33 outpﬁts a frame number, incremented for
each successive frame. The feature vectors are input to the classifier 36 and the
noise model generator 35. A FIFO buffer 39 buffers the feature vectors before they

30 are passed to the noise model generator 35.
" The frame generator 32 and feature extractor 33 are, in this embodiment,

provided by a single suitably programmed.digital signal processor (DSP} device (such



Feature Extractor 33 15 The feature extractor 33 receives franes from

the frame generator 32 and generates, in each case, a set or vector of
features. The features may, for exanple, conprise cepstral coefficients
(for exanple, linear predictive coding (LPC) cepstral coefficients or

mel frequency cepstral coefficients (MFCC) as described in "On the

Eval uati on of SPYR¥ME&4cogni sers and Dat abases using a Refer erREI/GRISH0G9 |
Chol l et 20" & Gagnoul et, 1982 proc. |EEE p2026), or differential val ues of
such coefficients conprising, for each coe ?fICIent the differences
bet ween the coefficient and £ correspondln%Mcoeff|C|ent value in the
precedi ng vector, &Sthddeteroid’ iDSP 56000 er the Fexas bﬁnskmﬁ{eagtmgw@gpsm“ar
Transitional Spectggdicel Nformati on in Speaker Recognition”,

Rosenberg, 1988 | EEE Trans. on Acoustics, Speech and Slgnal ProceSS|ng 25
Vol. 36 No. 6 p871. Equally, a mixture of several types of feature
coefficient may be used. Finally, the feature extractor 33
outputs a frame nunber, incremented for each successive frane. The
featur'e vectors are input to the classifier 36 and the noi se nodel
generator 35. A FIFO buffer 39 buffers the feature vectors before t-hey 30
are passed to the noi se nodel generator 35. ) The franme generator
32 and feature extractor 33 are, in this enbodi nent, provi ded by a
single suitably programmed digital signal processor (DSP) device (such

WD 97/ 08684 .

PCT/ GB96/ 02069 9 as the
Mot orol a[ err] DSP 56000, or the Texas[err]instruments TM5 C 320) or simlar
devi ce.
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Classifier 36 Referring to Figure 3, in this enbodinent, the .
classifier 36 conprises a classifying processor 361 and a state nmenory
362. ' The state nenory 362 conprises a'state field 3621§%%3é£

., for each wbor8es4 he plurality of speech units to be re
aIIophones For exanpl e, each " al l ophone tq _be recogni sed by the
recognition processor is represented by an HUW conprising three states,
and accordingly three state fields 3621 a, 3621 b, 3621 c are provi ded
in the state nenorGlassfiter 86r storing the paraneters for each al l'ophone.

The state fields store eﬂ‘?m%a%oa'ﬂaghﬁr 3 48 fthl@'{}ﬁoo%ﬁén t {:la?srheﬁw Emprises a

representative of the associta ophone; ers having been
determ ned - i N classibyingepriocasserd 3611aamies sﬁteoneraowraﬁlznl ng set of data. The
state nenory 362 al so tore

state field 3 ers del g
an estinmate of average I Fr? AR giemns ory /362 Wp(l,ﬁeseasfﬁa??agiysg%aé@af éd% t'oﬁ
i n the conventi gnahe plungity of ep@ch funnmteltgrrabugmsed efg. aiifophopésur &b exangdie, each
t el ephone calls ation.processor. 36 is Frrangf(.ag'MM

: c
for Bach frame. | nlPPhongta s eoghield B sh Richdftodt BRESSRP fehurnie &
menory 362 in tur rnonmndmgalhreeulsates. dmd acraddinglythreegstate fields @62 Lia,r3621bj 8fi21c are
feature coefficient 36 obab hat .t h ture set
or vector corr espcﬁ{ﬂ‘g d on tﬁes orre ?)rgr?(t?\é 81 %Pﬂ'%get%e Phratndferd {17 4 %c%@?ﬁ? ??g
t he out put of the cl assm-iial swte dfeldsr suee st |parame;drs1rdadfmh§ of smtataf 20 HMM
probabilities Blerr each state
i cat| ng ¢ he 10 Kebenttive B i ixbodaddh Siodhond. Sust Beraplfterh pavint feep sspermigs
each state. in a conthlibnal margrief fiony a prainissanrof Hata. Nhye HrateamemotyaBB also
programed digital eSSI n DSP) . devi ce, .and N
particul ar be the %‘35?3 5t1tglf'6|§ pa& é’gsﬁ‘ ing an e&%@%ﬁ@%ﬁ“ﬁﬂ%"‘%eea 'ﬁer’e
extractor 33. 25 which $stmetoc:erge8&ated off-line in the Reheentiome) ntamnér, @.p. cfrotn signals

sequencer 37 in th juelg S a state sequence nenory 372,
a parsing processor‘%@%lrm&glttg%me' quen{::aZ'rg out put buffer 374. 30

Al so provi ded i16 a st atEheptiassifibétiont procasawr 36 B7@ranbed; Horseash damef ipputctheteto, to
frame pr ocess,%gd eEé]‘? sﬁ%ﬁé‘& %vn@’nfn {I'Q 8&19@%&% ﬁrtum %ﬁ&’%@%la@%r ezé}? usmg

stat e sequence nenor | Ses a tate sequenc
fields 3721, 3722 the .curreptyipput feature coeﬁlcuent set, the probabxhty P; that the mput feature set

or vector corresponds to the corresponding state.
Accordingly, the output of the classification proéessor is a plurality of state
20 probabilities P;, one for eaéh state in the state memory 362, indicating the likelihood
that the input feature vector corresponds to each state.

The classifying processor 361 may be a suitably programmed digital signal
processing {DSP) device, and may in particular be the same digital signal processing
device as the feature extractor 33.

25 _
Sequencer 37

Referring to Figure 4, the sequencer 37 in this embadiment comprises a state
sequence memory 372, a parsing processor 371, and a sequencer output buffer
374.

30 Also provided is a state probability memory 373 which stores, for each frame
processed, the outputs of the classifier processor 361. The state sequence memory
372 comprises a plurality of state sequence fields 3721, 3722, ..., each
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corresponding to a word or phrase sequence to be recogni sed consisting of a
string of all ophones and noi se. . Each state sequence in the
state sequence nenory 372 conprises, as illustrated in Figure 5, .a
nunmber of statewo®uw8é®2, ... SN and, for each state, two 5 pr W‘F@s;_a

repeat preobability (P[err]) and a transition probability to the follow ng
state (P[err]) The states of the sequence are 'd plurality of groups of
three states each relating to a single allophone and, where

appropri ate, noi seorrésponding @6 dadord or phrage S8RNEE 1S b teRBoMSRIOSInBibtsh v 4 Btring
series of franes n?%"t erefore conprise several repetitions of each
state S[err] in ed P AEJIPSFee nodel 372i etc; for 10 exanpl e:

Frame. nunmber 1 Each sfate sefuenceSin theGstate dequenfe menfory 372 comprises, 4s
Z+1 State S

1 S1.,. 2 S 2 S S2 S2, ., ... .. Sn Sn
The parsing procedtfi@ 1'"%9"'5? ?’aﬁg'é‘ﬁnzqe °?§5 o8 éﬂ' Baach v 2l for pRANSATE, TWR
pL obabi liti esI sEolrpwbabri;]ieh? sduehepmbaﬂsﬂgbi {Pj)t ghdne reEEnyitic @éobaﬁidtytfb il fd!llralﬁtng
t he nost i ke tates to date over tine, and fo conpare this
with each of the %}?3{* el s@ﬁf&ﬁ%@s"?&%%‘we?‘f? R B'P%Pi}@ %é%fﬂ%?’?cngfa%‘?ﬁﬁ es
372. For exanpl e tdaeh sélatieg to a simiel @laphendrand,Cahgrei spprdphigte) aBB6. | Thedobserved
t el ephone direct orl%gor str,i i

c r}g§ of di.gl:e/as..h . fThe calc Iatfl on .
enpl oys the wel | V<l YR RTRuTEBY=RE XD Reptriss Foframas (pav, Hipretare; fmerise
above referenced Gexerphpapetitidisnofceachnstate Si imceadkVitated e&gehes) model B72if exeimeat
by the parsing 1@rocess%( 371 uses the well known Viterbi algorithm The
par si ng processor pmély, for exanple, be a mcroprocessor such as the
intel[err] i- 486[ err] m croprocessor or the Mditorola [err] 68000
m cr opr ocessor, orFramg alternatively be a DSP device (for exanple, the
same DSP devi ce aswnmsbeenpl oy@d f@& 25 any of 6t he7pre®edi reg pr.acesdor i1
Accordi ngly for edithtest a® s&juerSie (8Drr&3possi n§2t 0S2 wsal, .phrasSe Sn
ot her speech sequence to be recognised) a probability score is output by
t he parsing processor 371 at each frane of input speech and stored in
t he out put buffer 374. Thus the buffer 374 includes, for each franme of
the input signal and f crhecpar$in®@rocsespneditieis arrgngethabiread,yatseavhefrarae,r theostéte

o com |1 ey soufB i SGHRL 40 LS op) BefafPiry, b Wabdd
likely path of states to date over time, and to compare this with each of the state
sequences stored in the state sequence memory 372. For example the state
sequences may comprise the names in a telephone directory or strings of digits.

The calculation employs the well known Hidden Markov Model method

20 described in the above referenced Cox paper. Conveniently, the HMM processing
performed by the parsing processor 371 uses the well known Viterbi algorithm. The
parsing processor 371 may, for example, be a microprocessor such as the intel™ i-
486™ microprocessor or the Motorola™ 68000 microprocessor, or may
alternatively be a DSP device (for example, the same DSP device as is employed for

25 any of the preceding processors).

Accordingly for each state sequence (corresponding to a word, phrase or
other speech sequence to be recognised) a probability score is output by the parsing
processor 371 at each frame of input speech and stored in the output buffer 374.
Thus the buffer 374 includes, for each frame of the input signal and for each

30 sequence, a probability score, a recond of the frame number and a record of the
state model to which the probability score relates. When the end of the utterance is
detected, a label signal indicating the most probable state sequence is output from



detected, a | abel signal indicating the nost probable state sequence is
out put from WO 97/ 08684

PCT/ GB96/ 02069 : 12 t he

buffer to the output port 38, to indicate that the correspondi ng nane, word
or phrase has been recogni sed. The sequencer ‘%\re!‘ocessgr t hen
exam nes the i Ri@vnesEsson i ncluded in the buffer 374 and ¥ g’ by

means of the frame nunber, portions of the in{)ﬁt 5 signal which are
recogni sed as being within the vocabul ary of e speech recognition
apparatus (herein referred to as speech portions) and portions of the

i nput signal whi ctheapuffend¢ thibceuwrpat payt BE, tui inticate tthat the catvedpanding hemei wordtasr

referred to as,. " noi ' "). This is illustrated in Figure 6. The
sequence pr ocesso?hrgge ha%%e?ﬁé%& @g%eés the frame nunbers maki ng up these

noi se portions to the nihessequeoksr. praéesgamthentexami®s \the difonmtiongeciedek insthe
| ocal noi se nodel he uencer...37 | S aranged to provide a safet.
mar gi n of several b?&?nng?QSd&entt'H?s‘ée’iy gi5e Pﬁé}e g?'ﬂ% ofroer. p%@sd%fg{pgd}(put '
speech porti onss obighie whighutares irgpughistd a3 deiapt withieedie databulsey ngf the speech
I ncluded in the noise .portions d to i naccuracies i,n the end pointin f
the speech  pofRcomton gppatrug (barpl fefalted fai 35 waect garorfinind Borhens i e
constraint of, foinplbsignaltvehicrearesiox deemsdtube withih therescabalag/ thereirafter exferted
define a noise portion. .This. . preven iqus frames, which appear :
Similar to the modrt ctpisrcretions Ly ¥ erPRe e b e sstird FiRER 37
nodel . Noi s ehdvisisbasGhe dfranteonuriier? thaking up theseTrivisel poatiansctothe hoise nfodel
the frames contained withjin th 0i se_portian f . t he input signalae .
i dentified by 1 95%%5%524@? Bﬁt"b"g‘eﬂ?&g?@’%?se 3 ﬁﬁ%t""ﬁ? {'Wge‘nﬁ‘geseq“e'%r% s,
generator 35 fr omatrasgedubipeovidda siteey marghe ofrsabetal frames dd.9. thepeh on @ither side of
paranmeters definin n_HVM whi ¢ch del s the.feature yectors, inpu ereto.
e hoi se. r aprlt SRPENS GHoDaRTegEn &f AP s SR K5 Eresht eBRst S,
HW having a 25 dnchgled irs thet riselpmntiores duel tb itdcharacipainathe tead pointiag of thecpatch
probabilities, nu r_of es " VAary. . ... The. pnoi,s
nodel is generat eg’%ﬁéolnggbya ﬂ&% r};\;{%&'i 63%5““}!?"3%?@8?@% af‘g@ﬁ"f‘ﬁ% 5%715'?;%;19 g Sor
i | lustrated in16i gnstance, sucinsecutivk Jaamdshin dlso appdied itb eldfine at dvdseapertioh.e This
Al-gorithm for prevents spurious frames, which appear similar to the modelled noise, being used
to generate a local noise model.

Noise Model Generator 35

20 The feature vectors for the frames contained within the noise portions of
the input signal identified by the sequence processor 37 are input to the noise
model generator 35 from the buffer 39. The noise model generator generates
parameters defining an HMM which models the feature vectors input thereto. The
noise representation model generator 35 is arranged to generate an HMM having a

25 single state, however ali other parameters {transitional probahilities, number of
modes etc.) may vary. '

The noise model is generated using a conventional clustering algorithm as
illustrated in Figure 7. Such an algorithm is described in the article "Algorithm for
vector quantiser design" by Y. Linde, A Buzo and R M Gray, IEEE Trans Com-28

30 January 1980. The input data is uniformly segmented according to the number of
states to be calculated and all segments of a particular label (i.e. state of an HMM)
are pooled. A number of clusters are then selected relating ta the nixmber of

modes for each state. Each vector in a pool is then allocated to the pool cluster



vector quantiser design” by Y. Linde, A Buzo and R M Gay, |EEE Trans

Com 28 30 January 1980. The input data is uniformy segnmented according to
t he nunber of states to be calculated and all segnments of a particular
| abel (i.e. state of an HW) are pool ed.. A nunber of clusters are then
selected relating to the nunber of modes for each state, W& or
in a pool is twWoP7EBE8écated to the pool cluster WO

PCT/ GB96/-02069 1 13 (state
mean) whose centre is the closest, using a Euceiidean di stance nmetric. The
cluster with the |argest average distance is then split, this '|oosest’
cluster assunfstite onelan) wbass centierie she clesesteusing bliuclideda distanng metric. The

di stribution. The |t . [ . uy.bj tk ct or_.of
the cluster by sag}éﬁl.aﬂltvg#grtlh ar'%{eé;% g‘)ele\?iggaét)?é‘é%%{c%r{so#%g %’il%' gﬁgak\?/\bé%%or@usé%e
t hen ,real | ocat ed 3ssumge tache ipest rdpresentative wfethe, undadying alisttibutionr  dbeitsplits is

recal cul at ed. Theac!h?&kﬁ%ﬁbér&%ﬁﬁ%h%ﬂrﬁﬁg} %Cl:'t&OQP the’ Sluster [bﬁ,ﬁgéﬁ %6.P%Eérida}dhe

cl ust ers converge or t he ‘'maxi mnum nunber uster 1terat
reached, so pr &duddvisgions asstQ.6at &llodata heectass cire rtbers aeallohdteg oathet sew sateof

h | cul ' ' ' I ed h
e ot Sy oAb, T30 AUk SRR B, "l BolBSBh LS ER
the state nenory reép@ateduntil the slubteeqeomvergear abgmiakioum number of clustehdterations is

expl ai ned above, e . roc ' Qci a wi.t.h
sequences (3721, 'Ifggf% gg%g(?ﬁ%{ngt% %ﬁ{tg%ﬁé@%?@?ﬁé '?ey E:'@ﬂf‘ ipﬁharr%ederts e then
recogni se cer ¢aldutatpd te suxielthis\estilsgte f Jihe awimephedeh psdducerd) by fthelingis¢ snodel
Such sequence f : Y26 o | | £

form s a roclon RS 371s RN & SRiaiGibr 86 B8 dfth 1 the fralt oy 362 for
Fi gure 8 shows a suhseguent resagnitiomor k 82 desi gned to recogni se strings of

three -digits. In practj I gl I ng : .
al | ophones as di scﬁggeexhﬁ?\ﬁgrg‘?ég? [ gh%h%%eg%%ﬂ%g%é‘"p% glzg)m%vé?é,gc? (t)erd with
sinplicity, the nesawendesdB720 3RYur.d & $tetesiodels apecifically configufednted eacognise
each of which rep e 0TI S N L.0g L

bounded on eit her&a??a ebﬁ’y’;%o?’\é@wﬁg'dfé’é eé%lnglbg ﬂm& oztg(cghg'n? g’ @gb&l@%@s gggtgfe
t he networ k i slSasmodéiatraay et fepresentedhdiel a rsimplified foimmgas a rechgnitibryinetverdrk tfaat

node i.e. node 84%5{'8%@5;%@@@#4@ a nodel representing the wor d

"one"; node 842 is assocla a nodel representing the word "two"; 25
node 84[err] is associ dtigére§ shows srtasopnitien netyark BRfesigpedits tecogiieatrings of

Initially three digits. In practice the digits are represented by strings of allophones as
discussed in relationship to figure 6. However, for simplicity, the network of

20 Figure 8 is shown as a string of nodes 84, each of which represents the whole

digit. The strings of digits are bounded on either side by noise nodes 86, 88.

Each node 84, 86, 88 of the network is associated with the model representing

the digit of that node i.e. node 84’ is associated with a model representing the

word "one"”; node 847 is associated with a model representing the word "two";

25 node 84° is associated with a model representing the word "three” etc. Initially

only a pre-generated line noise model, associated with the noise nodes 86, is

available, as is conventional. The models of the digits 1-9, nought, zero, "oh" and

the line noise are stored in the state memory 362 as parameters defining HMMs.

R The noise modeis generated by the noise model generator 35, associated with the
30 noise nodes 88, are also stored in the state memo;'y 362. Noise only paths 89 are '

. also brovided.

The speech recognition operates as follows. An input signal is separated

into frames of data by the frame generator 32. The feature extractor 33 generates



onl y a pre-generated |ine noise nodel, associated with the noi se nodes 86,

IS avail able, as is conventional. The nodels of the digits 1-9,
nought, zero, "oh' and the line noise are stored in the state nenory
362 as paraneters defining HWE. The noi se nodel s generated by the

noi se nodel generator 35, associated with the 30 " noi se nodes_88 | so
stored in the swetoznsasory 362. Noise only paths 89 are 9 %@ﬁgded.
The speech recognition operates as follows. AR, nput signal is separated
into frames of data by the frane generator 32. The feature extractor 33

gener at es WD 97/ 08684
PCT/ GB96/ 02069 a feature vector from each frame of data. The classifier 36 jcpmpares thes teatuss o

vector from each f\feéfUPs of ufdahput sidiRl Gt estd SRte ﬁéd g&rmaaegsszaﬁae i %t sthfe field

vectors of the input %nal W th each state field stored in the
state field stsire 382 andqodrRLisu e sPidrafityy Pt Preliabt ¥‘e§3riﬂ)58$qfibﬁ‘i’ ebovgs The
described above. gkhSencer 37CHWANE@Putd/a i8R MRS R heOKSsehsd SR ithe Sn&tbn
the cl oseness of the match 5 between the input and the allowed sequences of
states and det ePribetweethithe,input agd the milewed sgauenges of tatese and stesmings swhich
mat ch. The sequencRqdice'brRtdud gl%%ldfeg'?he  closcat (ESH. T Edbubiics \RAIER brdviies the
represent the utterance recogni sed evi ce sequencer
i dentifies those fqimmatchvﬁéewﬁmo "§PngRi1t thehinderangecrecognised dutie ﬁ@ﬂlce
represent noi se por ti NSl edgliénce BdHified hasd Waftet®hi Wb litpub2SGHEH bifich Nite
10 noi se nodel generator 35 wh recei ves feature vectors for ﬁ

i dentified f r leemed to ﬁ?R’?ﬁ?"? B%EFQIP@T'ER% ?fanF @vgnahdﬂttaam&m‘atr@wtmsed to the
parameters for 4§ S{di! modbidgdherator W\dv@fm%éemg ﬁqbefe& R YoGolChl he i iiEHRied
t her et o. Once the nolse no enerator has generate
parameters of a no@rmes f'°mrtéB|f%a§léfﬁth|‘fgcl°hé"¢F Gelgulatesthe panemetass ft?iraaﬁﬂs'eﬁate
(the "l.ocal noise yRREhodelfithe Fe4t64 veetors iﬂpé’t Hkats -field of the state
menory 362. A second recognition run is the performed on the same

i nput signal using the |Qn95|th?1591§%mﬁs‘abﬂenemmL@nsrated the paErmnates oh ar made!

then use both the r'ebr%@er&mgstﬂe mﬁho@c{nédeqoaka?ﬁébrsr\mesqoé@qake rmiddel”) areSd16%H
schematically in Figure 8 perinments carried out to eval uate

the effectivendds Bfa statecfield fnther state (S‘Fe"&’éba?r%&-u% spcens dpeRgnitigntya is then

i nvention indi cat eperfofthed o G2l Sarf@iMput rsgnawaﬁﬁgltthé aocau nofseinaetd. Stﬁfkequent
"opti mum performance” or "natched" whi ch t he i nput

fo al
was manual |y part i FRATERPT B8 ﬂé"ﬁb\éi’ng"& dh?]B“"sB"‘ﬁ%FPPB'n%"d %r‘?‘@éf‘?‘?e modsl, as

shown schematically in Figure 8.

. Experiments carried out to evaluate the effectiveness of one embodiment
20 of apparatus according to the invention indicate that a significant improvement is
achieved. An “optimum performance” or "matched” system, for which the input
signal was rﬁanually partitioned into speech and noise portions, correctly
recognised 96.01% of words input thereto. A system which used only a generiq
line noisé model corracth) recognised 92.40% of the words. Apparatus according
25 to the invention,- in which a single estimate of the local noise was generated per
call and a single mode, single state HMM calculated, correctly recognised 94.47%

of the user's utterances.
According to a further embodiment of the inventién, a new local noise
model is generated after each speech portion of the input signal and is stored in
30 the state memory 362, overwriting the previous local noise model. This means
that the noise mode! is more representative of the actual, potentially changing,
conditions rather than being generated from a sample of noise from the start of a

session, e.g. a telephone call. -



recogni sed 96.01 % of words input thereto. A system which used only a
generic | ine noise nodel correctly recogni sed 92. 40% of the words.
Appar atus according 25 to the invention, in which a single estimate of the
| 6cal noi se was generated per call and a single node, single state HW
cal cul ated, correctly recognised 94.47% of the user's utterances.
According to a Wwombisses enbodi ment of the invention, a new | ocRFFGEPR06
nmodel is generated after each speech portion Qlf t he i nput signal and is
stored in 30 the state nenory 362, overwiti ngsthe previ ous | ocal noise
nodel . This neans that the noise nodel is nore representative of the
actual, potentially chafyenestimate ghrttie tlocalsnoise heay theamséxkitog agente thet onbrd

froma sanple of r}gbr}g?&éticm hidGers ! 2Fikis 91 a%ompara%@a%'sqgigh‘% f&Wa?d L EnRIRE Mhee

cal | .
PCT/ GB96/ 02069 ambient noise is usually considered to be additive i.e. the ibput signal is a sum of

The estinate of t&e\ﬁlss-gg%isgbq‘ge&m al?r?m §e'q Fo adapt the word

representati on node I's a conpara ivel'y straight-forward technique
si nce. anbi edt noi se Tihe wardaeprgsentatisindeedsal adaptitionaid atriedeout irethet Imeai filpant
signal is a sum of, S | .5 .

The word represent |odﬁ%deﬁﬁﬁ'§29 gﬂgkhf‘gg E%Jr]ﬁf a‘gbé éﬁ&aﬂgﬁ) §'g“iuls %ggpdtment,
filter bank dogeshnwofd ganrasegtasioovxmodﬂeorssagesméd tilethadstptea fieldnstoten 362

this enbodi ment, goé.}&fiﬁé‘ a"‘ﬂ{n‘in{veW Frief fe&\lén tcgi?éci}%\ rrg@%ff?feﬁ{s (MRS Ols‘n”mﬁmflﬁ

state field store I'seés a ara requency epstra
coefficients (NFCGeprewn) tmmat: Iqtterancmpf gbenwords [in dbé mﬂlﬁsqmsdmam heEach

words in the eg,gyg\ fﬁ%m'oraa \E@ﬁk}na&)ﬁl 1§§9§stf5rﬁledq9§)f {rbrﬁ'tﬁ@tc]gggtra‘?dmﬁq

nodel is transforrre romthe cepstra equency
domai n e.g. by perinty therfeeaandyndamaio ed- mmrf@rmiosuanemteremélsmm cosine(trapEformn

the cepstral coeff e-,?n&.? t%%se?&?ﬂ &?elﬂuﬂgnt%hﬁﬂd' mégrtcaem.j Oy |,h}g|;gef id anthm, to

produce frequency coeffici e est | ocal- NoPseé
vect or (93), gewduce frequepcy voefiigients. nitie estroated docal r@Be model Henuadmr

(94) to the word liga) nOd@lasi B §§¥ nﬁﬂ?f %rﬁbﬁ&t% id BRerd Q&Hegf(shf‘?o the word

resultlng vector is thentrans or ne adscrete COSI ne
t ransf or m ( DCT) 1haewedel st isedunacy egefficients dBgalon of hepresuiting vector iscthpn transipsmed

nodel s (96) and t h%ﬁ@@ﬁttﬁ&rﬁg%glﬁe irraﬂéf%qn '(@C‘i‘)%cﬁ §rb. ?hér@t-fﬂgfr)!l cﬁx@@am to prabiuce

the classifier 36. The resulting adapted word representation nodels

si mul at e mat c hadprseshyptd pdels (R apd thy sriapteddpepelssyipeddn tha state Memevs362

(91) are retained pPthe classifier 36. The resulting adapted word representation models simulate
matched conditions. The original word repfesentation models {91) are retained to

20 be adapted by subsequently generated noise represeﬁtation models to form new
adapted word representation models.

Figure 10 shows the performance of an embodiment of speech recognition
apparatus according to the invention incorporating adaptation of the word
representation models. Results are shown for a "matched” system, an "adapted”

25 system according to the invention, a "masked" system (as described above), a
"subtracted” system (as described in "Suppression of acoustic noise in speech
using spectral subtraction” by S Boll, IEEE Trans. ASSP April 1979 page 113}, and
an uncompensated system i.e. a system with a general line noise model but no
further compensation. The advantages provided by the invention can clearly be

30 seen, the performance of a system according to the invention being 10% more

. accurate than a noise-masked system and 26% more accurate than a spectral

" subtraction system at 10dB signal to noise ratio (SNR).



20 be adapted by subsequent!y g‘e’n‘é'r'at“'éd“"'h‘o‘l"s'é"'f"épresent ation nodels to

form new adapt ed word rep Figure 10
shows the performance of an e m’qmim”@ recognition, appar at us
according to the invention inco cal iLngma ﬁptﬁ ion of the word

representation nodels. Results are shown for a " matched" syst 6
"adapt ed" 25 wostresssaccording to the invention, "masked" 5&?98%359
descri bed above), a "subtracted” systemgas descrl bed in "Suppression
of acoustic noise in speech usi ng spectral subtraction” by S Boll,

| EEE Trans. ASSP April 1979 page 1 1 3), and an unconpensat ed- system
i.e. a systemwth a general Iine noise moSeMS 1 no further

conpensat i on. Thet,advaspaadsedughitiod appdeatué Bemprizignt i on can clearly be 30
seen, the perfornmance of a Zt\ég%gtm%cor d| to the - inyvention being 10% gﬁ)re

accurate than a noi se- AeERE - (i1 md %?pﬁem"@t?efﬁﬁ" &8 Jpragpis

subtraction syst ednddon-tPeHBnsoGrdl to noise rat | o (SNR)
16 ' Speech
recogni ti on apParatus El@agficatippgneans (36, 37) to *dwt%\t ar%qvgsz)ofdﬁfgwﬁeapm@es

patterns represergd"ggboagﬁgcﬁ b9 ;ﬁkﬁntrﬁé}ﬁﬂ%&egn the G¥SH HOMheS RRAGHLIS YETce, O
classification neans (36, 37) to identify a sequence of said reference

patterns correspdReRaR§I tp BAftiriem the Pyhaenal o Brieast OnsAppechyionigining portion

i dentified S e4HAH fedst SriRAlspELch domtidh@r tition the input signal into at-
| east one speech- cont ai ni ng portion and at | east one non-speech

portion; a 3NASE, RAtteE B%[P!%?’n‘sabf?é (98P ALiNG38 yroieg P%@ﬁé’r"ﬁﬁﬂ?@"'ﬁg

reference pat tgy Nokfle n6REpeeR PoAicRJfor Qubdaquenduse B @ax&&%ﬁhc&féﬁ%&ﬁs {3, 37
subsequent use by said cl assification neans 37) for pattern

i dentification pufoppatan identification purposg§y out put rreans (374) to supply a

recogni tion signal indisaglolipet MREMDIETY) fU‘sugply aecddmftionsiiHal indiBAMNg rbdbgnition
dependence on the identified seguence. 1 Speech recognition

appar at us accor di #fghe pet ﬂgﬂﬂ' in %ﬁé‘i“ﬁ‘ﬁe pm theriganaifieshgeauence. pat t ern gener at or
(35) is arranged to generate a pattern from each non-speech portion of
t he speech si g1nal . . . . . .

5 2. Speech recognition apparatus according to Claim 1 wherein the noise
pattern generator {35) is arranged to generate a pattern from each non-speech

portion of the speech signal.

3. Speech recognition apparatus according to Claim 1 or 2 wherein the noise
20 pattern generator (35) is arrange to generate a noise pattern only if the duration of
the non-speech portion of the input signal is greater than or equal to a

predetermined ﬁura_tion.

4, Speech recognition apparatus according to any preceding claim wherein
25 the noise pattern generator (35) calculates the parameters for a Hidden Markov
model from the non-speech portion.

5. Speech recognition apparatus according to any preceding claim wherein
adaptation means are provided to adapt the speech reference patterns in response

30 to the generated noise pattern.
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3. Speech recognition apparatus according ' to ddaim 1 or 2 wherein the

20 reference pattern generator (35) j erate a reference
pattern only if t he duration of thmﬂm BH lﬁmtion of the input
signal is greater than or equal to~a Qradewer g n durati on. 4

Speech recognition apparatus according to any preceding cl ai mg‘é?@ﬁfﬁ&llf”s
t he reference pwotowmsssgenerator (35) cal cul ates the paraneter I'dden

Mar kov . nmodel fromthe non-speech portion. 5 Speech

recognition apparatus according to any pr ecedin cl ai m wherein
adaptati on neans are provided to adapt the speech.-reference patterns in
response 30 to theggenerspeech Fbgritioe @appathiueratcording to Claim 5 when dependent on

17 6. Speech recoqnition apparatus according. to Cl ai when
dependent on - cHBM e HEPEIT, TP P ML FOORE 9 B0t e FEA oY B BAIGP PAgem
mean Qf the ref er epche Hiddepaark6Wnmiodels fier ddckl dEtheldpelch/ref@reldepatternseach of
the speech reference patterns. 5 7. A nethod of pattern recognition
conpri si ng: conparing an input signal with each of a plurality
of reference patg eyns; A method of pattéif Rédobiitiog cémpesingence of reference
patterns that corresponds _to .the |nput, .Signal _and indicatin ’ .
recogni tion of the i nput®8IPFHY a7 ngéﬁgﬂﬂ@ﬂ@e%ﬁﬁ"fﬁ@?‘frﬁgﬁt"fquéraﬁce patterns;

3 equegce; 10 i de(rjlﬂérftv\}iﬁg a&eﬁ@ér]tccbmﬂh réfiarebgepét:cwué tisdt @ofrksgonds td the input
eened not to correspond,. .. t.o any .of t said reference patterns; .. .
generating an addi f'P'g‘??ng F'E??&'B%%%HB'PP%Pﬁﬂ?edpp'ﬂsségqa '"sf?ﬂg'g%gﬁf’"%he identifiad
conpari son fromt hseqmanek;porti on of the input signal that is identified as

not correspgrdi ng ta,a refer

according to cl 5 m 7 whdPETHYEg, pgg@?‘f %E&%ﬁe{“&sﬁ ﬂ%‘g%&'éatp%? F@?‘He‘fg‘r’r'?&h&d"esmnd
to allowable reference patterns; _
from those portions of the input signal that are identified as not
corresponding to aliowable reference patterns, generating an additional reference
pattern for use in subsequent comparison. '
15 '
8. Pattern recognition apparatus comprising:
a store of reference patterns;
comparison means for comparing successive portions of an input signal
with each of the reference patterns and, for each portion, identifying that reference
20 pattern that most closely matches the portion;
an output for outputting a signal indicating the sequence of reference
patterns deemed to, correspond to the input signal; _ '
means for identifying a portion of the input signal which is deemed not to
correspond to an allowable reference pattern; and '
25 means for generating a reference pattern from the identified portion of the
input signal, for subsequent use by the comparison means. -

9. Pattern recognition apparatus according to claim 8 whrein a reference
- pattern is generated from each portion of the input signal which is deemed not to
30 correspond to an allowable reference pattern.

(AR
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generated fromeach said portion of the |nput srgnal A et hod
according to claim7 or 8 wherein an aﬂﬂmm“lﬂ“mmlwmﬁe 20 pattern IS
generated a reference pattern only if e said portion of
the input signal is greater than or equdl -to a pfedet€rnined duration.

10. Pattern recognition apparatus conprising: a _store of

ref erence patt eWQ97/08684 conpari son neans for conparrnﬂcgﬁ ve
portions of an input signal wi th each of the reference patterns and
identifying a sequence of reference patterfis that corresponds to the

i nput signal; an output for outputting a signal indicating the
sequence of referdfce Pattgratrteeagldnmheamaiame aoondegp o dlaird 8 he gnwuarem the

signal ; 30 s ortion of the ipput sr

which is deened ngtlh{ ¢ re;ég%rrclree ponh f’/'gt PP?E,?B F%‘f"gﬁeﬁ'l‘g ‘Eﬁt 'PB 55‘9“5'nd
means for gener at irepfesentsasheech.onal ref er ence pattern fromthe identified
portion of the input signal for subsequent. use.by.the conparison neans.

18 11. Pattern recognition apparatus accordrng to claim10 wherein
a reference pattern is generated fr6h$8a cegf t he i nput signa
which is deened not to correspond to eference pattern. 5
12. Pattern recognition apparatus ac m 10 or 11 wherein

t he al | owabl e reference patterns represent speech sounds and the input
si gnal represents speech.



