English Transl ation of PCT/CN2010/ 078223 METHOD AND SYSTEM FOR ENDPO NT
AUTOVATI C DETECTI ON OF AUDI O RECORD FI ELD OF THE | NVENTI ON 5100011 The
present invention relates to audio record control technology and in
particular to automatic detection technol ogy of .an endpoj di o
Pecord. BACKGROUND OF THE | NVENTI ON 100021 Fpish Pehstafiiniont /%Igvoé?@g?r%nt f or
many years, a speech assessnent related to a text 10 has entered into a
practical stage. The speech assessnent related to the text refers to that a
certain text is read by a user, and a speech assessnent system stores

br onunci ajdkly Gt ayRAIE W R CRBYUNEEA LIRS B PROE A LBl Ve an

assessnen N an exi sting speech assessnent system a user
audi o record control is generally pardorped by user manually. Nanely, the
audi o record starts when the user clicks a preset 15 button of start audio
record, and the audio record ends when the user clicks a preset button of
end audi o record. This audio record control needs the user to manually
click fOFHﬂd%§H%T}HﬁiN‘gﬂgrgﬂgration is conplicated and the user experience

is influgpgad. Tﬂeﬂ&?sﬁét ihD&fBh Uistes & AMBINLL@ToRbI AEhANBLY mddHILRicBERY d

control ‘occurs 1 prior art. In the nethod, a speeCh assessnent system
aut omat i awdnagicdieteetianstechineltoge of arhendpoiat of anfaudioeeaesdr 20 audio record is a
pronunci ation or nmute, and determ nes the end of the audio record when a
user nute duration is nore than a preset tinme threshold. However, in the
met hod of the automatic audio record control, a normal pronunciation pause

of the UBACKGROBND QEJEHE ENVENTAX0oi nt of the audio record if the tine

t hreshol d.ds S t ' i r t

ther of orla00n "' tEaF QRelBhend £PHNT okfch HASE KL R MBREA Y § s
| ar ger \tak geteredSnfoar praxtamapbteg? The cpeedb assesdneng etlgted tethe baxt tréfersus etatmeeds t o

wait for a very.long tinme to identh t he endpoint of the.audio r ﬁgrd and
end t he SUHNEN EEREPRY UiFrend BSBEY abeaTenbie egvé?rswawr&ﬂat?ﬂ@ata@gf e

fi ni shessthgss@NHE plolih@ition URtattd % e WaNssedsh@ntekbieci ency for identifying the
endpoi nt of the audio record by the speech assessnent systemis reduced,

the ef fi[go@)CyinCh dxi€ing REEEH 8RSESHIBNenh,Sa HRE 6&HS Qe dohth 4 §8erally
experience is influenced. 30 )

performed by user manually. Namely, the audio record starts when the user clicks a preset

15  button of start audio record, and the audio record ends when the user clicks a preset button of

end audio record. This audio record control needs the user to manually click for many times,

the operation is complicated and the user experience is influenced.

[0004] Therefore, a method of an automatic audio record control occurs in the prior art. In
the method, a speech assessment system automatically detects whether the state of the user
20  audio record is a pronunciation or mute, and determines the end of the audio record when a
user mute duration is more than a preset time threshold. However, in the method of the
automatic audio record control, a normal pronunciation pause of the user may be judged as an
endpoint of the audio record if the time threshold is set to be shorter, leading to a user voice
truncation. Therefore, in the prior art, it is generally to set the time threshold as a larger value,
25  for example 2 seconds or longer, thereby the user needs to wait for a very long time to
identify the endpoint of the audio record and end the audio record by the speech assessment
system after the user finishes the pronunciation. In this way, the efficiency for identifying the
endpoint of the audio record by the speech assessment system is reduced, the efficiency of the

speech assessment is decreased and the user experience is influenced.
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English Translation of PCT/CN2010/ 078223 SUMVARY OF THE | NVENTI ON [ 0005] In
view of this, the technical problemsolved by the present inventionis to
provi de a nmethod and system for detecting an endpoint of an audio record,

so as to inprove the identifying efficiency Ep%ciféh%rgn%lag&g)?p&ﬂ&NﬁIO/B%2?‘Udi o]

record. 5[0006] Therefore, an enbodi nent of the present 1nvention enploys
the followi ng technical solution. [00071 An enbodi nent of the present

i nvention provides a nethod for detecting an endpoint of an audi o record,
whi ch i ncludes presetting a nute duration threshold as a first tine

t hr eshol geviMRRVEGPSSE W@gﬁfr@ﬁcl udes: toobtaining an audio record text;

determ ning an acousti c node or a text endpoint of the audio record text;
and obt ajodd3lg badéw bf thie theftedhuithoproemrsdlveddba therprésantringnaiod isrig pfavida aan

audi o recqéd stgrt fraFe of the aud&o.rec rd dat a; d deterni&%ng a
char act eFFEPT @8Y S¥YErB1 e drEEUIZ 8 ARG Hb BRIt ot A FOIMBIRYO BRI ned
current fieaipingbrich@cpid e Jnﬁ?&ﬁt%f@@ﬁtdioﬂ@@brﬂs‘jet ermning that the
characteristics acoustic nodel of the decoding optinmal path for the current

frames of [obbg avighrGofe&PEAbSRRBNt oF thdSreRBIMRvARIoh RERFQUR fooWREabchhRAI T he
endpoi nt; updating the mute duration threshold to a second time threshold,

wher ei n fofidlogecond tine threshold is smaller than the first tinme threshold.
100081 The determi ning an acoustic nodel for a text endpoint includes:
20gener al0POY aAnedwpdingent etfwibe kpressnt esvsoteli mepvidss t hendtleodt facddedinggant o t he

audi o recar ad d [ nin I oust|c |, 0f, t.he decodi ng
net wor k eglgp %H%agé%ﬂoﬁlg 5 (r:ecrgrltt‘)dg(‘37\{1[11“?1101}(1 t ﬁees f% g%(e{t %énad%%:[en U%Foglot&%fh%gs 32@& m ni ng
a char acimes thsdsheld; the aegiot durtiiee @lcludés:a decodi ng optimal path for a current
frame of the audio record data includes: 25extracting an MFCC

charact eri sti cotainingpandio Recotdtedt; @ESEhing @A USIUstic MdUEl fof 4 @R éddpoidtiss ent
frame of the _audio record data to obtain the decoding. optimal path for the
current 17 atHo Brrodh dod it Yaipige qacddfame frfydio record data in turn starting from an

audio record start frame of the audio record data;

determining a characteristics acoustic model of a decoding optimal path for an

obtained current frame of the audio record data; and

15 determining that the characteristics acoustic model of the decoding optimal path for
the current frame of the audio record data is the same as the acoustic model for the endpoint;
updating the mute duration threshold to a second time threshold, wherein the second time

threshold is smaller than the first time threshold.
[0008] The determining an acoustic model for a text endpoint includes:

20 generating a decoding network corresponding to the text according to the audio
record text, and determining a last acoustic model of the decoding network as the acoustic

model for the text endpoint.

[0009] The determining a characteristics acoustic model of a decoding optimal path for a

current frame of the audio record data includes:

25 extracting an MFCC characteristic corresponding to a preset acoustic model from
the current frame of the audio record data to obtain the decoding optimal path for the current

frame of the audio record data; and

determining a last acoustic model of the decoding optimal path for the current frame

of the audio record data as the characteristics acoustic model of the decoding optimal path.



English Translation of PCT/CN2010/078223 100101 The nethod further
i ncludes: retaining the mute duration threshold as the first tinme threshold
if it is determ ned that the characteristics acoustic nodel of the decoding
optimal path for the current frane of the awg] . { i ent
fromthe acoustic nodel for the endpoint. 5%%%§Q%Q&£?%%8N®d?@ﬁgg
i ncludes: after one franme of audio record data is obtained, endi ng
the audio record if the obtained current frame of the audio record data is
mute data and a current nute duration is larger than a current nute
durati onpgpgjestQl Methd®Qkad: HRRIEBLOHinEURL Rl ARGIMARIShIREAOME f-fiime _
obt ai ni ng each franme of audio record data, recei ving the audio
record d@rasheladl et detprimingdgthethbe shaihaienisticprepusticampdd] od ke dfcoding optimaldi o
recor dd ttl?‘f rél%ocja?'ﬁ%nt-rtha?n d&?tﬁé I x[:!:gortdg@i 23y gfft%rern?ﬁgﬁlq]ileséc%{lgt'cf r(ﬁ&? fo?ftht he
audi o recor ata includes: afer i ng rn turn ether eath frane
of the awmdpeoint.ecord data is the nute data or non-mute data, and using a
first frame of the non-nute data as the audio record start frane. [ 00141
An enbodjootr]t e hétRodpfueherihclidvsedttar ofie frathé bdudfy evdrd dstads shysihein f or
detecting an 15endpoint of an audio record; a nute duration threshold is
preset as a fi emding theeutior @sdialifl theadithihdiecusieat mE WF thesudid edcbfiedata is
a first determining unit adapted to obtain an audio record text and
det er ni nBUgH2t3aBd 8 CrEentBwen durgionds kagger thap agirent mye dusatiogghieshaldcor d text ;
a first obtaining unit adapted to obtain each frane of audio record data in
turn 20siP8Fi nhefmreshedivrtherdndudes clsiere greabiainipg pash dramerpd aydigresorddabt d dat a;
a second determining unit adapted to determ ne a characteristics acoustic
nodel of a decBa¢iMGE dl dusn reperdrlatagind glgtegpingigibel audie resard starh fremefof thee audi o
recoyd ; a threshold determning unit adapted to update the
mut efodu?agl??)orﬁ@o? g%tg'hol d to the second tinme threshold if it is determ ned
that th r [.Sti€ i 3 i i.mal path
for thquﬂﬁeﬁﬁeﬁegﬁm&l@% tﬁ ﬁ%@%ﬁf?gﬁ?gﬁfﬁ%@a@ﬁe? s%‘%g&g;ﬁ%%gﬁae% acoustic
model . for t.he & @q%?rlllﬂ%ln \ﬁ@ne\;vﬁe'tﬁerteg& 558 ijthg Iat%otremb?c? cqla% 1% the mul®: claltaegr than
the first time thres :

non-mute data, and using a first frame of the non-mute data as the audio record start frame.

[0014] An embodiment of the present invention further provides a system for detecting an
15 endpoint of an audio record; a mute duration threshold is preset as a first time threshold; and

the system further includes:

a first determining unit adapted to obtain an audio record text and determine an

acoustic model for a text endpoint of the audio record text;

a first obtaining unit adapted to obtain each frame of audio record data in turn

20  starting from an audio record start frame of the audio record data;

a second determining unit adapted to determine a characteristics acoustic model of a

decoding optimal path for an obtained current frame of the audio record data; and

a threshold determining unit adapted to update the mute duration threshold to the

second time threshold if it is determined that the characteristics acoustic model of the

25  decoding optimal path for the current frame of the audio record data is the same as an acoustic
model for the endpoint, wherein the second time threshold is smaller than the first time

threshold.

[0015] The first determining unit includes:



100151 The first determ ning unit includes: English Translation of
PCT/ CN2010/ 078223 an obtai ni ng subunit adapted to obtain the audio record

t ext; a network establishing subunit adapted to establish a
decodi ng network corresponding to the text ac rfi n ord
text; and a first characteristic ggﬂl é?nr%gtﬁcfnr?épgﬁ um? a%%ﬁt ed to

determ ne a |l ast acoustic nodel 5of the decoding network as the acoustic
nodel for the text endpoint. [0016] The second determ ning unit includes:
an extracting subunit adapted to extract an M:CC characteristic

correspondi ng L0,&aiiH %%%urﬁt%g Wsibd © JBRACthe ALAPBR e rent frame of the

audio record data to obtaln the decoding optimal path for the current frane

of the audio rgcgétQIOH@lt%tabﬁ%glos%bﬁlﬁf: rr%%gﬁgﬁla oaC s@a’b d&nt £ &%E(ﬁﬁ?‘ Hét@grkSUbU“' t

adapted to determne a last acoustic ecodi ng opti path for
t he cur rcmmtes;iomdmgt@fhetteh(eamcﬂmgnoehe)ermﬂncdtamadwttahé characteristics acoustic
nodel of the decoding optimal path. [0017] The threshold determ ning unit
is further adapfied cha.‘racrtﬁ‘isaibIdetbheinhﬂgtsebtdﬁtrmj)teﬂhtctdlﬁtcﬁmlhal dlagtsacolmgic fmadst t i e
t hreshol d. j is det ed that t characteri stics acoustic nodel 15of
e dbooth PR SEEARRBEL 1 PotcorE e BRICHPLFEII b audio record dats | s
differen t he acoustic.nodel. for the endpoint. [0018] The system
further IIQ)HL{]ud Sﬁﬁongdjgf%mwl dudesol unit adapted to end the audio
record if it is determn t hat the obtal n@?(ﬁ:ﬁlrrent frame of the audio
record data i sThERECH % awa PEedrip enracka &liddr SHAHHFTISUC PAFGRINYHEN %

current ﬁfb’ste?a&)lﬂﬁtﬁ; I'nQd[bl LB RLGent %@B@%%e AR &M&{j%maftbl lObIART tht aEéddglRs a

receiving unit adapted to receive the audio record data and determ ne the
audi o r ewdimg! pathfar the eumentoiamdaef thejalidey reeerd datadegnda. [ 0020] The recei vi ng

uni t includes: )
10 a second characteristic determining subunit adapted to determine a last acoustic

model of the decoding optimal path for the current frame of the audio record data as the

characteristics acoustic model of the decoding optimal path.

[0017] The threshold determining unit is further adapted to retain the mute duration
threshold as the first time threshold if it is determined that the characteristics acoustic model
15  of the decoding optimal path for the current frame of the audio record data is different from

the acoustic model for the endpoint.

[0018] The system further includes an audio record control unit adapted to end the audio
record if it is determined that the obtained current frame of the audio record data is mute data

and a current mute duration is larger than a current mute duration threshold.

20 [0019] The system further includes a receiving unit adapted to receive the audio record data

and determine the audio record start frame of the audio record data.
[0020] The receiving unit includes:
a receiving subunit adapted to receive the audio record data; and

a start frame determining subunit adapted to determine in turn whether each frame
25  of the audio record data is the mute data or non-mute data, and use a first frame of the

non-mute data as the audio record start frame.

[0021] The analysis of the technical effects of the technical solution described above is as

follows.



a receiving subunit adapted to receive the audio record data; and

a start frane determ ning subunit adapted to determne in turn whether each
frame 25o0f the audio record data is the rmte data or non nut e data, and use
a first franme of the non-nute data as the a ecord {:Ngm%@ 3
English Translation of PC 1'/CN2010/078223 1][ °“é’cou§ & of the
text endpoint is conpared with the char acterl stics acoustic nodel of the
decodi ng optimal path corresponding to the current frane of the audio
record data If they are the sane, the user has al ready finished readi ng

t he audi 5N l.d ) t he
second t{9EAE niSithie s Jrife G BaBUihet b FRREEpl SRRl BOuLR

t hr eshol nﬂodeTItbé tmmhcodmgopmdalemdscmportdh% taghe curcene frdome atfitinaudio kegpgler t han
t he second t] t hreshol d,, Ther.eb onpar i it prior art

tochnt catbi 5t Uy B B e e g er e oyebripdiat drratdioBhts 1Sh sl £ yi ng
t he endpqitduetioh IRedidt R upBsed & MBdeshatin® trdshéld GiHie isQRoft@rrelivEtd t he
user needs to wait after the end of the audio record. 10 BRI EF DESCRI PTI ON
OF THE DRArsuGse[thesiBld. fhg apdip secardsends vdien gheryseimets shuration diaregt Hamdtenod f or
det ecti Q. o ment
o the B L G R i
anot her imednionl 1ﬁ1provdett&teffr¢g:nay1 fendfsotifyingotheaendpoit of rtbe gndioi recerdcaurddance
with an odi sent nt i 100 a schematic
di agr am Eﬂ Wsrlilbe rr\‘}'f(’tné%)%\”hlglil gﬁﬂlﬁ?rﬁlﬁ? av&:@fft%faﬁc%ndz(ﬁjt %L%Jloere Adi ment of the
present invention; [0026] Fig.4 is an exenplary di agram of a decodi ng
network in accordance with an embodi nent of the present invention;

[0027] Fig.5 is a structural schenatic diagram show ng a systemfor

det et | BESERIRTION AT FHERBAWINGDr d i n accordance with an enmbodi nent
of the p[bﬁf&ﬁ nt 1% %{ats'cgé?natl[QWLhaﬁ 910@1 a ﬂleﬁ‘\toa%tt Htédtin %Hee'ﬁﬁﬁdﬁt & gram

show ng a np an unit in det ectl g an endpoint of an
audi o r ewdiodedand momdaweevmmamhrrtbhémwnbofdhmsenomverhwnpr esent invention;

and [0029] Fig.7 is a structural schematic di agram showi ng an i npl enent
of anot Hee24)niRiglrs asbsytsd ﬁ@wﬁ:hmt shetvirgt dnotheamethnd pwi detectig @nendlpoinbofr ecor d

in accordance with.the enbodi f .the (g)trﬁsent {nver%tl on.
an audio recor 1n accordance Wlt an em odlment t presen mvention,;

15 [0025] Fig.3 is a schematic diagram showing a Viterbi algorithm in accordance with an

embodiment of the present invention;

[0026] Fig.4 is an exemplary diagram of a decoding network in accordance with an

embodiment of the present invention;

[0027] Fig.5 is a structural schematic diagram showing a system for detecting an endpoint

20  of an audio record in accordance with an embodiment of the present invention;

[0028] Fig.6 is a structural schematic diagram showing an implement of an unit in a system
for detecting an endpoint of an audio record in accordance with the embodiment of the present

invention; and

[0029] Fig.7 is a structural schematic diagram showing an implement of another unit in a
25  system for detecting an endpoint of an audio record in accordance with the embodiment of the

present invention.

DETAILED DESCRIPTION OF THE INVENTION

[0030] In the following, an implement of a method and system for detecting an endpoint of
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DETAI LED DESCRI PTI ON OF THE | NVENTI ON [ 0030] In the follow ng, an inplenent
of a nethod and system for detecting an endpoint of English Translation of
PCT/ CN2010/ 078223 an audi o record in accordance with enbodi nents of the

present invention will be described in detall .in.conjuncti j e
acconpanyi ng draw ngs. [0031] Fig.1lis a gré%léhnng%qsgll?log%végﬁgﬁlB/EK%% ng a
nmet hod for detecting an endpoint of an audio record in accordance with an
enbodi ment of the present invention. As shown in Fig. 1, 5the nethod

i ncl udes: presetting a mute duration threshold as a first tine

t hreshol g, 5 [iR032]rd T & BREARAitHEARREMRCSUAE Sreb A infy Ph AW iNBDe S &RBed 100331

Step 101: obtaining an audio record text and determ ning an acoustic nodel
for a tedetaibindpoimdtioofwithiike anedinpanyggotravingxt , 10[ 0034] Specifically, the
audio record text is a text that a user needs to read during the audio
recor di ng03MfheFigdxis anmbenaici fiovanhart shogueye methodHondet&hingesendpantErfgin sh,
which is not lim.ted herein., 100351.Step .102: obtainin ach fra f audio
Fecord iR rerflip ACorRed Wi 7 SHPAHTAT I ReBPUIATUPE- £5 SHEUR T audi o
record dat methbd[iQ02B}: The audi o record data nay be voice data which is
obtai ned by an audi o record device during the process for recordi ng audio.

100371 Step 10greseiidiged mlidid0Ehtidn Eievhalata8 hifigdt kg tResHésd.i ¢ nmodel of a decoding
optimal path for an obtained current frame of the audio record data.

[ 0038] T[hesz']rmmnﬁaﬁémrtﬁ&d@au&fst@@novl@gs@PQ Steps 102 to 103 is not
limted, as long as 20 they are executed before Step 104. [0039] Step 104:

det er m ropgs1t Kty 16 HEATIRE LERLED 6 rd &b aAd GetBRRhg @b dob&tidsRE] Y 0Pt i Mal
path for the current frame of the audio record data is the sanme as the
acoust i dextsdépointof thelnadienepod ikt updating the nute duration threshold to a
second time threshold, in which the second tine threshold is smaller than
t he Foi r 0034] neSpehifiesihyothd . audis[re@ddiext ig attérd that b hieet needs td etadaturing therrudiodpoi nt
of an al"rgéo?dhr'lgepﬁxre(%ex%%g rl])(g\{\1@arllyriarllzlg;ugf_ge]; ’sucthha% Chinese and English, which is not limited

herein.

[0035] Step 102: obtaining each frame of audio record data in turn starting from an audio

record start frame of the audio record data.

15 [0036] The audio record data may be voice data which is obtained by an audio record

device during the process for recording audio.

[0037] Step 103: determining a characteristics acoustic model of a decoding optimal path

for an obtained current frame of the audio record data.

[0038] The implementing order of Step 101 and Steps 102 to 103 is not limited, as long as
20 they are executed before Step 104.

[0039] Step 104: determining that the characteristics acoustic model of the decoding
optimal path for the current frame of the audio record data is the same as the acoustic model
for the endpoint; updating the mute duration threshold to a second time threshold, in which

the second time threshold is smaller than the first time threshold.

25 [0040] In the method for detecting an endpoint of an audio record as shown in Fig.1, the
acoustic model for the text endpoint is compared with the characteristics acoustic model of
the decoding optimal path. If they are the same, the user has already finished reading the
audio record text, and the value of the mute duration threshold is updated to the second time

threshold which is shorter to the first time threshold. The audio record ends when the user
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acoustic nodel for the text endpoint is conpared with the characteristics
acoustic nodel of the decoding optinmal path. If they are the sane, the user
has al ready finished reading the audio record text, and the value of the

mut e duration threshold is updated to the Sgi?ggigl?%%“glgtenég@gﬁ%ﬂw@ﬁgﬁh IS

shorter to the first time threshold. The au & user
English Transl ation or PCT/ CN2010/ 078223 nmute duration is |larger than the
second time threshold. Thereby conparing with the prior art, the nethod
i nproves the efficiency for identifying the endpoint of the audio record

and shor rat ] r i r I : end of
the audi B Subiin Wbt B R scllbaUbnd AR TIBRES Sk Bol VB e b 8 oot g
an endpathatmenfiodaimmocks ahe etf@ichcy rfol> aleatify thanite entlpdintact thebodionebrdodnd he
present inventjon will. be described in nore.detail,in conjuncti,on with

Flo 2 AUOUHBME fmiisngonnhich Mo serises R orUaas: Peetd I BUAREur at i on
threshold as a first ti .threshol d., [0042].Ste 01: optainj.n di
record t@anan das Rassi gitiig Lathe %‘E&dt%% drsEine ‘B‘Pe PRIag P %‘ha‘bch? ﬁetC%pd o

cor r es pofdbiasghck Qvithsh &RGIRIRKEH: 0@ khet f1BseALRY ntioB GATl thetdR¥dribed M ABASBIetainm
determ ning an acoustic nodel of a text endpoint corresponding to the

endpoi ntcogfungtien vaitlFig- 2 A sraavitig ki rake metbpdieludgrener ati ng a correspondi ng
decodi ng network according to the audio record text; and

deterni ni ng a $eaténe saovigsuragomtdesholdfas g fhiest imedbteshylhet wor k as the acoustic
nodel of 15the text endpoint. [0044] Specifically, the established decoding
net wor k [6842]i n¥ttnde : abteinarg anpodivtregnnd texhadledetepminirgansasdisicmeqsist of atext , an

acoustic detlr,ctgg%fpﬁﬁgig%‘&%geﬁ{fgpn%%gahé&@%%%&%%i o record text and a nute

model of"gR! 10T e€6r he acoustic nodel of the

text en [t e the nute nodel of.the endpojnt of the audio.record
toxt 0 20Dy TREe NGt 5 GuTRiGoas i R AP oty MR I o
"Hel | o \Withethudiot Béore dxaby fltRdedecodi ng network includes the nute nodel Sil
Begin of the start point of the audio record text, the acoustic nodel of

the word " Hel | @neratiR€ adoad§iohgingRideddinf ndtherknacBrdindbtol e aadid rbdved makt:e nodel
Sil _End of the endpoint of the audio record text. The nmute nodel Sil_End is
needed td#dbe obtained in this step.

determining a last acoustic model of the decoding network as the acoustic model of

15  the text endpoint.

[0044] Specifically, the established decoding network may include a start point mute model
of the audio record text, an acoustic model of each word or phrase in the audio record text and
a mute model of an endpoint of the audio record text. The acoustic model of the text endpoint

may be the mute model of the endpoint of the audio record text.

20 [0045] For example, as shown in Fig.4, for the audio record text “Hello World”, the
established decoding network includes the mute model Sil Begin of the start point of the
audio record text, the acoustic model of the word “Hello”, the acoustic model of the word
“World” and the mute model Sil _End of the endpoint of the audio record text. The mute

model Sil_End is needed to be obtained in this step.

25 [0046] Step 202: receiving audio record data and storing the audio record data in a preset

buffer.
[0047] Step 203: determining an audio record start frame of the audio record data.
[0048] The determining an audio record start frame of the audio record data may include:

determining in turn whether each frame of the audio record data is mute data or
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25[ 0046] Step 202: receiving audio record data and storing the audio record
data in a preset buffer. [0047] Step 203: determ ning an audi o record start
frame of the audio record data. [0048] The determ ning an audio record

start frame of the audio record data may ing¢lude. deter i i n
whet her each frame of the audio record dat a%?%ﬂglerrﬁ?nélau é‘togl)(g#/&g@rllgﬁss%
Transl ati on of PCT/ CN2010/ 078223 non-nmute data, and using a first frame of
the non-nute data as the audio record start frame. [0049] The step of

determ ni ng whether the audio record data is nute data or non-nute data may

be i npl epmng &d dg%@g\(@@ﬁt(agﬁ%}q&né%w& dofi-dgt sg;aitagm: mﬁ?@h&&xrd s@f fg¥anpl e, the

determ ni ng net f ata or non-nute da I's 1 nplenmented by

t he VAD HC Y D 1S j ' | | oW " tatistical
mode - a0l ooy R et IR Al QDb NS RERRE BP B Bl O €2
| EEE Si gnay Her ogetasentddetbl. a WAOD. (VbEe Aoctivity, Defectidn)3polk999pt eamdple Speech
processing, transm ssion and quality aspects (.STQ, distribu speech
recogni t‘i%‘ﬁf“‘%‘&ﬁ/‘ﬁ‘ﬁ@@% O?F‘Bﬁt‘g%?f r\“oéé{%/‘f}? ggt@%%hr’%i‘(clf ?&CIEFIB?)# F“f ﬁﬁ]t\?pg% ﬁgltlcé’ssi on
al gorg t higRledcEbed in thd BlloFhe2Qd RSRgREN statddifd)modeRPsbed NEicE &Rty Peiedtibnt her eof

is omtted. 10[0050] A tinme interval for each frame of the audio record

datia and fa Spiehdt: 1§ Bimaand Wptung gl ERENRiens! Regeetse Lett-f Yt Knfoj b pai F-Pel98ft”

appl i catjqn. i : i e t A :

Goper ar 1T H SR DGR, WERhC R0 lalif] PO, FHORKETRRED o and
t he | engetogoftionhalvesaed|frongend fediove ertrpctin dgdrithro; dren@&son algoritindOGASLSt ep
204: obtajni f he di,o record data fr t he buff int

s'ltoarti nﬂﬁ#&%@t%é?{}gd é)ozﬁeé'&(? egfsaﬂ’?tl?nr%ﬁrg?ttlf%lg%& St :p SOS?rdlegodqulg an
obt ai ne rent. frame of th udi o.record data to obtain har act eri st
ooudt t dofidhe A e BeD s BThar HEdrobr P Bt ag et oh FPEHE of t he
audi 0 r agiRlH6l 4l de diffolin PRGNk bFRichiion dRaoslBaRE] iWiGchadte AbdiiRitddeteedifl. dat a

in step 205 may include: 20extracting an Mel Frequency Cepstrum Coefficient
(MFCO)  divarcagnries genprglly the time interval (i.c. a frame offset) may be set to be 10ms and the

length of the sampling window may be set to be 25ms.

[0051] Step 204: obtaining a frame of the audio record data from the buffer in turn starting

15  from the audio record start frame.

[0052] Step 205: decoding an obtained current frame of the audio record data to obtain a
characteristics acoustic model of a decoding optimal path corresponding to the frame of the

audio record data.
[0053] Specifically, the decoding an audio record data in step 205 may include:

20 extracting an Mel Frequency Cepstrum Coefficient (MFCC) characteristic
corresponding to a preset acoustic model from the current frame of the audio record data to

obtain the decoding optimal path corresponding to the frame of the audio record data; and
determining the characteristics acoustic model of the decoding optimal path.

[0054] In correspondence with Step 201, the last acoustic model of the decoding optimal

25  path may be determined as the characteristics acoustic model of the decoding optimal path.

[0055] The preset acoustic model which is used for decoding may be a Mono-Phone model
in a phoneme level or a context-dependent Tri-phone model, and may further include a mute

model.

[0056] The MFCC characteristic is decoded by using the preset acoustic model, so as to



corresponding to a preset acoustic nodel fromthe current frame of the
audi o record data to obtain the decoding optinmal path corresponding to the
frame of the audio record data; and determi ning the characteristics

acoustic nodel of the decoding optimal pathﬁg@a%@gkgﬂéﬁ#Pﬁﬂcﬁ?ﬁéﬁﬁﬁgﬂdence

with Step 201, the | ast acoustic nodel of t I'ng opti ma

be determ ned as the characteristics acoustic nodel of the decodlng optlmm
pat h. [0055] The preset acoustic nodel which is used for decoding may be a
Mono- Phone nodel in a phonene | evel or a context-dependent Tr-phone nDdeI,

and may % Eﬁlhtﬁg de nlrég%}é Ft‘h %qugégonci g%%@lthe-rg&ii%g& ngl?t:'agh ?_rcie§(§c1 rg% i on of

decoded by using t coust | so as to rans
PCT/CNZOQQEQﬂaﬁﬂBmmbbamnmﬂhamﬂecmﬂxmgmobkﬂﬂmwdpahhxbumues@dhﬂﬁmg<ﬁ0hdhe
audi o recor data. The decoding optinmal path may be a path with a maxi num
li kel i ho®8%r naxinun1cost function of the nodel. 100571 The decodi ng may

be inple usi.n er bi 0058] For exanple, the
decodingﬂﬁg@ ?R%QCQWB aV C#P@e@e ?%H%]%P%H# t@%g decodlﬂg is

perfornmed b V'terbl orithm Ac ord to_a i me th r.esent

nvent i oHOSH neFsemaEotie drio e e ge Shh HoBg laé’ﬁ’ Bigee A tﬁ dorofigk i

acoust i cpdyReakd 6P Vft&%mg&um AQofdih@®tan BRI Mmeht of the pieshelEMtionede RAt t he

| ast acoustlc nodel of the decodlng tgtlnal path corresponding to the audio
pi

record dagousticsmodeddfdke devedivhaption U$@§a@@@U%mﬁ@ehﬁuﬁﬁpﬁﬁmﬁh@f&@@bcodlng
opti mal tplg%ent Pl e?%%&%hﬂltg% ti:fatt % lagtag%uﬁ I;n% el 't}% | %8irn 059]

Step 206:. determ ni ng acoustic nmo or t gxt en |nt i's
t he sanmmspsdndmghartmamhm $¢dorrsdaia:ws$ed(as rttndelhara:dtertshe; abeusmtl mgdedpifitieal pat h

for the ane of udio re ord roceeding to Ste
207: 16t hiﬁcasil%omﬁwgéa@daowasppa&@%Ieopt S hiane ol o AR Bt B S0 et i mg +he

nmut e duration d to.a second tinme thre i ch 15t he second
time thr @@ﬁ% F 3@@%@@?@%% hethf the degpstic; %dseﬁ] ?ﬂfé’g%mmaﬁlﬁt E%éaélaq ng to
Step 2095 thOPHcterl:8R £BGsticBIRI bf Ao dE&ﬂn@-Hp@inﬁU pahifenht Magshehit agid he

first tinme threshold; and proceeding to Step
record data, if the same, proceeding to Step 207; otherWISe proceedmg to Step 208.

[0060] Step 207: updating the mute duration threshold to a second time threshold, in which
15 the second time threshold is smaller than the first time threshold; and proceeding to Step 209.

[0061] Step 208: retaining the mute duration threshold as the first time threshold; and

proceeding to Step 209.

[0062] Step 209: determining whether the current frame of the audio record data obtained
from the buffer is mute data or non-mute data, if it is the mute data, proceeding to Step 210;
20  otherwise, returning to Step 204 and obtaining the audio record data for the next frame of the

current frame from the buffer.

[0063] The audio record data is obtained in frame from the buffer successively. In the step
209, the current frame of the audio record data is a frame of the audio record data which is

currently obtained from the buffer and needs to be processed.

25 [0064] The step of determining whether the audio record data is the mute data or the
non-mute data may also be implemented by the VAD (Voice Activity Detection) policy. For
example, the determining method of mute data or non-mute data which is implemented by the
VAD policy is described in the following two passages “A statistical model-based voice
activity detection (J. Sohn, N. S. Kim, and W. Sung, IEEE Signal Process. Lett., vol. 16, no. 1,

30 pp. 1-3, 1999)” and “Speech processing, transmission and quality aspects (STQ); distributed

-9.



[0062] Step 209: determ ning whether the current frame of the audio record
data obtained fromthe buffer is nute data or non-nute data, if it is the
ml;te data, proceeding to Step 210; 20otherw se, returning to Step 204 and
obtaining the audio record data for the nex{ f.r of t [ ane
fromthe buffer. [0063] The audio record da %\ghlshgrrrragnﬁlf’%nHgﬁzﬁ#\lﬂf’o‘r@%%r om t he
buf fer successively. In the step 209, the current franme of the audio record
data is a frame of the audio record data which is currently obtained from
\me buffer and needs to be processed. 25[0064] The step of determ ning

et her |,Q: . 8C | : 5 ma
2l 0 be Toa arae ol AR LR iR Rt SR
exanpl e, (EISE BISI €Sr702i06¢ Raet 2098) ofindthe desdaptindheredns omitieddat a which is
i npl enented by the VAD policy is described in the followi ng two passages "A
st ati st i [06é5]nostep 2bas édervioniag ifiat duwiehty nuiet dwhiian isOlargsotihgn . cuSentkinote and W

Sung, | EEE Si gpal ocess. lett., vol. 16, po. 1, 3 . 1-3,. 19991" .and
Speech GrEREIGESIL Tk aneins S fumian uhes (e st P fyien SRRy ed
Engl issh e]&ﬂ&@&héidwreeérdf’&]{é@ﬂ%@ﬂe@&ﬁmﬁ2<2§te§ ROLCIbtdIEEL iR dutlioecoad dan ¢ad
front-end feature extraction algorithm conpression algorithnms (ETST, ETSI

ES 202 0o nRadramexdaly curreah framp drogeihe brpies and wing beframe ofiihe pudip reondss)
Step Zlodatada%REJ{?r@h{:@?r%Joﬁ?&&“cﬁc?%@orﬁ‘ﬂ%ﬁ. duration is larger than a current
reshol d, i

mute duration t a current nute duration is larger than a
current i I j QL : i,S€e,
returni n[gbléﬁi %é%ﬁ%%& gésﬁg:%?iieg%cu%eﬁeb%gﬂégﬁ%teﬁjg@é?dggggaép aﬁ? ’gééqgilrﬂggﬁg@“g?r ane
of the ocuderefiStehs 200etof208 1k idémtivad.f er, and using the frame of the audio
record data as the current frane of the audio record data. [0066] Step 209
onl yiohaq0067] benehestap €do, b waemt Stuepddddorandelsted po 2keOfact thet thepheawsiel ng

order of Steps 205 _to 208 is not limted. 10[ 0067 the ste 0, the
current SAYR@ f?ﬂﬁ‘?eéftoifé}?‘? ?L@‘Or‘é’F%fHé%tattﬁ?‘qirﬁief%‘E‘FLtt 4 ?ttfg‘e §H‘§8é§c§’F%§%§8§%ral
frames Qfut heuRUshefifcR60 He datrantblier gurhiieh elakr BNaltilane Rbodifig AU
record data are nute data. Specifically, the current nute duration may be

cal cul atfeldoveisgdraiulg to the fol l owing formul a: The current mute

duration = (the serial nunber of the current frame - the serial .
The current mute duration = (the serial number of the current frame — the serial

15 number of a frame corresponding to the first frame of the non-mute data before the current

frame) * the length of one frame;

[0068] For example, in the cast that the (m-1)th frame and the (m-2)th frame of the audio
record data are both non-mute data and the (m)th frame to (m+n)th frame of the audio record
data are all mute data, the current mute duration is the length of one frame when the (m)th
20 frame of the audio record data is processed; the current mute duration is the length of two
frames when the (m+1)th frame of the audio record data is processed; ...; the current mute
duration is the length of (n+1) frames when the (m+n)th frame of the audio record data is

processed.

[0069] Furthermore, in step 210, the current mute duration threshold may be the first time
25  threshold or the second time threshold at different moments. Specifically, the current mute
duration is always the first time threshold, before it is determined at Step 206 that there is a
frame of the audio record data whose characteristics acoustic model is the same as the
acoustic model for the text endpoint; and the mute duration threshold is updated to the second
time threshold with a shorter time length once it is determined at Step 206 that the

30  characteristics acoustic model of the decoding optimal path for a certain frame is the same as
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15nunber of a frame corresponding to the first frame of the non-nute data
before the current frane) * the length of one frane; [0068] For exanple, in
the cast that the (m1)th frame and the (m2)th frame of the audio record
data are both non-nute data and the (mth f t he
audio record data are all nute data, the cu%rqqthmm%mmﬁﬁ Q?%%%H?UQ%

| ength of one frame when the (mth 20 frane of the audio record data IS
processed; the current nmute duration is the length of two frames when the
(mtl)th frane of the audio record data is processed; ...; the current nute

durationgl 54,06 LeAgLPmete Jfranmes when the (mtn)th frame of the audio
ocesse ]

record data 1's pr Furthernore, in step 210, the current nute

durati onwt)z(pestt Jgier it odosqomel fh%%t it T8 Ta ‘@s tdQ{]ﬁala@t thePTind bﬁarasc d&e&&t time

t hr eshol di f MOMeNt S peC| current nute duration is
al ways tdveudticrmsddet bﬁ&etdhccﬁia’rgoépiunalbeﬁtbnednfﬁerans frdet the ataqustic aibdtodphe2@6t t hat
there is frame of the _audi o, recor at a,.whose char ac erlst CS, acoustic
roder | serepeng drraoung HAE St ok BT RiNE PR G f M OEh Bk SR I it e
dur at4 onmt eshahtbd SrddRslatete tRstlthe: GREANM. THedridideeshald éhdé/titohlyawﬁéi'pf ter
time length once it is determned at Step 206 that the 30characteristics

acoust i cthesmug dwsptianheptibe @i usey 6 farggrghanghe Bureyt mytedyratigmthieshigid (ies thene same
Engl f / i he text
as ng f' éﬁé%ég‘gg%hgfd A3 Qo eé%/ ecﬁl%pt:hg aggtg ?j,j nfa?/ q)i%%ﬂlaésd %t@fﬁﬂﬁlaéghvén e tex

endpoi nt . he met h own in al ways term ned
t hat t hewldmathaatser pstfarms aacabustniad arrdidedecarﬂ (fdteedepbdiangismbt ionatrs pattlha is
different f.rom thhe cousti at t he

Gt er S odeadif O i Feaaus e TRl Glr bF dbEinelHRObE thortgeTROROLIE £"Fpe

mut ejodur@bded Bf {h@rd@&mﬂ{gdopti&aﬂ Bathfid s tsarhé BT the Ae@shohtddelTdTehauedi endpeiagiid i s
ended only when the mute duration kept by the user is Ia@ger t han t he
current HEANS tht the P%ﬁht%?l@ﬁblﬁﬁlsb‘?d @adlt‘&éhef ydig recpidetexth pr& Alothg) timg dieas ¢ o

ensure tpat &ugﬁloﬂ% e%orlc??soﬁ att%ytottﬁe endad AW arahbiaalhivh VR whRL: sie user

perforns an abnornmal audio record (for exanple, a m stake occurs in the
r eadi ng betwdeehehe @a&lltﬂ{lﬁ ﬂEesenlde@dnitadlsaﬂOInsl)tlmd thr¢sholds Thes, ahariyriiel redeed ist he
character. st i CS acol

d h
as the & 618% gs;sQon a8y glF user np&e dl%ratl n is ?aa%er e qﬁé: <%)urterﬁgm81%t<4"I ga?lo{l @Eslholdso € same

Ol n user

al regdy thé RiceREme e@eihogl) t Iehiawaiyothe eabing duﬁmbn ofitid 18tr it esely n}mesetdsml rrut e
duration threshold is updated to the second fi threshold which is the
short er tBn tiethldein theecaps thaf thy meer (e gadingnilre (avdiosksediddtext AemaflY-eshol d.

Thus, t hudle OnE QaRIE dht%tl@ﬁ'%es‘hoﬁéqeﬁqgﬁ'tl\%stottﬂ'éeﬁﬂs'tstﬁﬁe {RedsBoldh Bl PRdr heg, | ar ger
than the current nute duration threshold (i. 5 the second tine

t hr esholadi thel afficitricy ofiédentifying thmendpaigt @Iﬁ}ha@umree@rdtlhenme\éqd is merely the
second tine threshold in the case that the user finishes reading the audio
record t[@&F] ndﬂcmadwery in Teemethod ehowrhel F\igilt iim¢hedwsathabst is sletshoined thatitheel at i ve
to t i or. ar i.cien

f
| dert 1 yrHg T Al o of o' il Rl oon 3 s B e S SREY it

of the text endpoint in Step 206, although it is determined that the user has finished reading
the audio record text, the determination of Step 206 is also performed on each of the
subsequent frames of the audio record data subsequently after it is determined that the user
has finished reading the audio record text. In this case, the determination step of Step 206 is
25  not necessary. For example, if the determining result for the Nth frame of the audio record
data is the same at Step 206, it is means that the user has already finished reading the audio
record text in the Nth frame of the audio record data. In this case, for the N+1th frame and the
subsequent several frames of the audio record data, it is not necessarily to perform the
determination of Step 206. Therefore, in the practical application, for the purpose of further
30  improving the efficiency of identifying and processing the endpoint of the audio record, Steps
209 to 210, rather than Steps 205 to 208, are performed on the subsequent frames of the audio

record data after it is determined that the characteristics acoustic model of the audio record
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100711 However, in the nmethod shown in Fig.2, in the case that it is
determ ned that the 20 characteristics acoustic nodel of the decoding
optimal path is the same as the acoustic nodel of the text endpoint in Step
206, although it is determ ned that the user has.finish i e audio
record text, the determnation of Step 206 fE’égh%sg%“lﬁté)Pf’g&rrjzg 50!1#1&(275(5:% of the
subsequent franes of the audio record data subsequently after it is

determ ned that the user has finished reading the audio record text. In
this case, the determ nation step of Step 206 is 25 not necessary. For
exanpl e, ;. i.f.t 1 Nj e Hir ANk afst the austho -pgcord
data is c%alﬁ%lsstgﬁggg{: %%@aegb%%t,qc ;El'td héllsgfﬁté%trt]%?teﬁﬁaéb u{thag ueserS hlas al relg(%y

fi ni shedNaeddiing dnhede¢rdiiedrvaéedred tHeeottainad dubrentNidmd ofathe awdio rdverdadeda & r ecor d

data. In this case, for the Ntlth franme and the, supbseqguent veral. frames
o the. dtist R 4 o sufigoh RekuSBiet FE SORERY Sitkerd e O the
det er m nalicdBcRd dsh eheRbte diberefore, in the practical application, for the
purpose of further 30 inproving the efficiency of identifying and

processi [gmi] hec&rdpstiditty 9fihd MEthad Hir AeleBGRY Hh enSpEIRSoF2ARUE réddd, o/ 3E@r t han
Steps 205 to 208, are perfornmed on the subsequent frames of the audio
record dar detedtingraniendpaintodtagranilioargeart at provided prgprdingeto) 2t qraodpest of the nodel
of the .0, rg -11- i ti P 6hAdQ/i048243dat a i s
the samdtaent HEARRE, dqhawn S8)d £iln HRERRLRE b3yl INRRIA P pReie I
St ep 206irstNamethyeshald; dnd tiendyyteadetighariinoddiewhet her t he obt ai ned current frane
of the audio record data is the nute data or not, and the nute duration is
determ ned if i fistdaemiiniad uainSt@adapfedaoebtain anhedaudiond text ardddettamineiam t he
mut e data. 5[0072] . Correspondi to the nethod for detecting an endpoint of
an alfdi &CP‘@@%W,de o5y Bk dP%‘f‘t%gf‘%%‘{di‘%ﬁc‘gﬁt%‘?rdpoi nt of an audio record is

as. shown in

provi ded accordi.ng to. an enbodi nent of the present jnvention,

Fig. 5. In the SJEYBRRINDEHRG AMERFORP HFESAY B obfiliteoqd dlrinted (i o

t hr eshol @yri@llorh RE a8HS tRBN it Rthe NG MRS Fecord data; a first _
determning unit 510 adapted to obtain an audio record text and determ ne
an 10acoustic fodelq ddmnibE¥tit STTARAPRY tPdetdrinAiHaficfeBisRt AcdiBE model a
first obtaining unit 520 adapted to obtain each frame of audio record data

in turn ofaaketddmyg dptionl path uah oblaed carent eme pf dgeudip rederd datlisnd r ecor d dat a;
a second determning unit 530 adapted to deternmne a characteristics
acoust i ¢ nodel a tiresholdetctainimgngowtii frl adaateH t6 opdasn thelnete darhtion thredholdf toane of

t he audi,p reco dat a;, and. 15a .t hreshpl d determ ni. uni.t ..540 apt.ed to
updat ot 0% TG B oS ASPTRAP e T DR s b u B BP R | 2
det er m nRebdikadptintd® pah &srakd Qlriet frafe 80 8idi6 ravbdelatadh tHeliemd @cadadogstiapt i mal
path for the current frame of the audio record data is the sa as an
acoust i dnofsh&r the endppdnte fphichtthe seeopfitione thigshel déﬁ@aﬁ‘?rn@a‘i fheedisb e s
smal | er (4 hapdhe first time threshold. 20[0073] Preferably, the threshold
determining unit 540 is further adapted to retain the nute duration

thr %hogﬁo% . tﬁ?@f‘etfai)fy?{hetthﬂgﬁm tl(PH%?tj?rﬁ iggi flitiS%O iissfu‘ijﬁgr,ea{ﬂ})@@% tdiah tidRute

characteristics acoustic node ecodi ng optimal path for the current
f rame ofdutatien duekholdras ttor fistdamathresheld fiff ieiselaterhinodrthahide abasasteristicnasdedticf or t he

endpoi ntniodel of the decoding optimal path for the current frame of the audio record data is different

from the acoustic model for the endpoint.
[0074] Furthermore, as shown in Fig.5, the system may further include:

25 an audio record control unit 550 adapted to end the audio record if it is determined
that the obtained current frame of the audio record data is mute data and the current mute

duration is larger than the current mute duration threshold.
[0075] Preferably, as shown in Fig.6, the first determining unit 510 may include:

an obtaining subunit 610 adapted to obtain the audio record text;
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[0074] Furthernore, as shown in Fig.5 the systemmay further include: 25an
audi o record control unit 550 adapted to end the audio record if it is
determ ned that the obtained current frame of the audio record data is nute

data and the current nute duration is |ar geE%gth%aﬂ%n%lgt%fli((:)ﬂgﬁ@%%o%%ﬁzgur ation

threshol d. [0075] Preferably, as shown in Fi ermning unit
510 may include: an obtaining subunit 610 adapted to obtain the audio
record text; English Translation of PCT/CN2010/078223 a network
establishing subunit 620 adapted to establish a decodi ng network

correspondi ng f g, the.t exti@Geo" 3 talag%tgd"% OcskaBRH 9 B&%Hiﬁﬁf‘l@work a

first characteristic determn ngbds}ﬂtbumt adapted to deterimne a | ast
acoust i ccomesi@ndiag td the take ewdidigg toehavprdio rasord kaxt;asdust i ¢ nodel for the text
endpoi nt. 5100761 Preferably, as shown in Fig.7, the second determ ning
unit 520 nmay i adirddBaracteristic detemingag subahit 630 addptnd to deldmadtagptastdadoostext r act

an MFCC charagteristjc corresponding.to reset acqustic nodel fromthe
current rf’?‘gellrﬁ‘p{l?? deqeding patvprk %gtgf?acodl‘g Cam?‘gelg%tt%] FX4REPY¥codi ng opti mal pat h
for the rrent frame of the audjQ record data; and . a second
char act e[w-é‘ﬂi o rﬁ{gfag}yn?srﬁhﬁgngﬁglg P ﬁleﬁ@nﬁ%atﬁ%'amﬁ&naé?%mw eludej ast acoustic

10nodel of the decoding optinmal path for the current franme of the audio
record data asft Reraghng worat 7 Kt ?‘E‘gteﬁé?)ﬁ%tchbm}wgc racirES e BEPRIBISt i nal

pat h. _[OcQ7a7l)1:e&? ROP rhdleF Y thet DFreRY BLAMPRYe hidid R&ord B&th Ud®btain the @
receiving unit 500 adapted to receive the audio record data and determ ne

t he audidscodiepeming anth fonthereurrent frivee it eudietaserd ddtet and 15[ 0078] Preferably,
the receiving unit 500 may include: a receiving subunit adapted to receive
t he audi o recoz seediad eharagtedistic determining subunit 720 adapted to determine a last acoustic

10  model of the decoding optimal path for the current frame of the audio record data as the

characteristics acoustic model of the decoding optimal path.
[0077] As shown in Fig.5, the system may further include:

a receiving unit 500 adapted to receive the audio record data and determine the

audio record start frame of the audio record data.
15 [0078] Preferably, the receiving unit 500 may include:
a receiving subunit adapted to receive the audio record data; and

a start frame determining subunit adapted to determine in turn whether each frame
of the audio record data is the mute data or non-mute data, and use a first frame of the

non-mute data as the audio record start frame.

20 [0079] The step of determining whether the audio record data is mute data or non-mute data
as described above may be implemented by a VAD policy, and the description thereof is

omitted.

[0080] In the system for detecting an endpoint of an audio record as shown in Figs. 5 to 7,
the threshold determining unit compares the characteristics acoustic model of the decoding
25  optimal path with the acoustic model for the text endpoint. If they are the same, it means that
the user has already finished reading the audio record text, and the mute duration threshold is
updated to the second time threshold which is shorter than the first time threshold. Then, the
audio record ends when an audio record control unit determines that the current mute duration

is larger than the second time threshold. In this way, comparing with the prior art, the system
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a start frame determ ning subunit adapted to determne in turn whether each
frame of the audio record data is the nute data or non-nmute data, and use a
first frame of the non-nute data as the audio record start frame. 20100791
The step of determ ning whether the audio record data i r
non-nute data as descri bed above may be inp?@ﬁ%ﬂ?%‘a%V°§3€&éﬁ%g@§@%% and
the description thereof is omtted. [0080] In the systemfor detecting an
endpoi nt of an audio record as shown in Figs. 5 to 7, the threshold

determ ning unit conpares the characteristics acoustic nodel of the

decodin Opt.i . Mt C i r: t int. If
t hey ar gShtO gnsstgl%rewntlé) ?%%‘Hé\ﬁ tOEat{I@?l ﬁ% %Z&higgagﬁjﬁ%%%f %P%idé ﬁéhm?gggg ng the
audi o r edficiendyeit ideratifding ke ondpentchftiataudio redoreé sivbdntiancss thpdisdredpdrgntdhe second
time threshold which is shorter than the first time threshold. Then, the
audi o r 008y engsmedhed aah syaush Gorrdeeotitk eoaidpoint ofint ackdid ecavrdasotdigg tot he

current nute dyration js larger than the second tipe threshqgld. In this
vy, corBeRETIER Q' BReroY eption RaY 95l behpl iR g AUPSHeRt
PCT/ G\2 %@Jel@ﬁtﬁ@ 230 B QAppIRASH bier ¥Rk WHE Ao Rt Rbdd USRI todfetBrm ke audi o
record is ended, inproves the efficiency for identifying the endpoint of

t he audiadiogeenrd and enhances the user experience. [0081] The nethod and

system for detecting an endpoint of an audio record according to the
enbodi nelfl082]of It tiheppsecisteh by ithase rskillsd imdle pytthas they pioeesa sl impipmentiag diseech
assessSmel th05(§ ¥osrt & %cl?llfié a%l S ?%t %?pal ' ﬁﬂhd ?ecg} ff{c 1@%‘% r Qoo%em%%netdeXt
needs to be read 1o per of Pt he “addi 0 tecord. 10 t 1S appreclated by
t hose skdnhHodidnn nah ®c &npleinbi@td b e hprdoases®rofpondipl ene ptogragn inkeuatieh HBek f or

det ecting an endpoint of an audiqQ record accoydin o,t he above-nenti oned
enbotl oSy M58 Phytteidniled. BYOabIhaRES OGN -o BB rlE nBroEE ™ BFHtFam

I NSt r uCtdoRBspohdlifg 1&pR IAOhaMhERYd Rihed LRI exdduRdr EREIaRkReShediagemapdieum and
t he program executes corresponding steps in the method when being execut ed.
The st orRQe/ b amagegticisiscRanatian dise. efagneti ¢ di sc, an optical disc, etc.
[0083] Those described above arc nmerely the preferred enbodi nents of the
present [0083] Those described above are merely the preferred embodiments of the present

invention. It should be noted for those skilled in the art that several improvements and
15 modifications may be made without departing from the principle of the present invention and
the improvements and modifications are within the scope of protection of the present

invention.
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invention. it should be noted for those skilled in the art that several
i nprovenents and 15 nodifications may be made wi thout departing fromthe
principle of the present invention and the inprovenents and nodifications

arc within the scope of protection of the pres. i nvent] Lsh
Transl ation of PCH CN2010/ 078223 CLAI MG Vhab™8g' T“é’f‘tﬂf’@&ﬂ"gf.)CNZ"m%@ met hod

for detecting an endpoint of an audio record, conprising presetting a nute
duration threshold as a first tine threshold; wherein the nethod further
conprises: 5obtaining an audio record text; determ ning an acoustic nodel
for a text endpoint of the audio re¢£rﬂ¥§ext; and obtai ning each franme of
audi o record data in turn starting 3 n audi o record start frane of the
audi o recor ydak@laimed isdet erm ning a characteristics acoustic nodel of a
decodi ng optimal path for an obtained current frame of the audio record
data; and 1bdbmstheddphdetecting ar sedrofib cher andia receel, SeBRHYREPIHIES dMUiche

decodi ng%\ﬁﬁ}o%Wesk@?&QJ etItErF%tthétéﬁélﬁ,‘\Lh Wi R Rlind mﬂé{@oﬁlgﬁ%&md data is the

same as e acoustic no e endpoi nt; updating the nute duration

threshol d t £ - r.efn.: i - Qr oldis
ral Tor  hatt RAREFALE bl F Rt [ SRy R ek AR R B ) i
1, wher edudict leéord edxerani nbtagpirareaelc fraxaé bautindetorfl datadn tuex starting froimretn auidivpr i ses:
generatin decodi ng _network corresponding to the text according to the
audi o ré@gng?g PFwéﬁﬁm @Fﬁ?ﬁ? Y*a | ast acoustic nodel of the decoding

network as the acoustjc nodel for the tex ndpoi nt.. 20 3. _The nethod
accor di ng t%ﬂ%V%WﬂgﬁFhﬂﬂﬁ?éﬁﬁsf%@“ﬂ%?%&ﬁ?h?ﬁ&m W@H?Pﬁ@?@%bglfgéﬂﬁﬂgﬁ%tic
model  of o ReRleERet STahORldiIRERALA; {ar a current frame of the audio record
data conpri ses:

10 determining that the characteristics acoustic model of the decoding optimal path for the
current frame of the audio record data is the same as the acoustic model for the endpoint;
updating the mute duration threshold to a second time threshold, wherein the second time

threshold is smaller than the first time threshold.

15 2. The method according to claim 1, wherein the determining an acoustic model for a

text endpoint comprises:

generating a decoding network corresponding to the text according to the audio record
text, and determining a last acoustic model of the decoding network as the acoustic model for

the text endpoint.
20

3. The method according to claim 2, wherein the determining a characteristics acoustic

model of a decoding optimal path for a current frame of the audio record data comprises:

extracting an MFCC characteristic corresponding to a preset acoustic model from the
current frame of the audio record data to obtain the decoding optimal path for the current

25  frame of the audio record data; and

determining a last acoustic model of the decoding optimal path for the current frame of

the audio record data as the characteristics acoustic model of the decoding optimal path.

4. The method according to claim 1, further comprising:
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extracting an MFCC characteristic corresponding to a preset acoustic nodel
fromthe current frane of the audio record data to obtain the decoding
optimal path for the current 25frane of the audio record data; and

determning a | ast acoustic nodel of the de %ﬂ%@gan%t%i rgglL 19@1@615/6’7%2 he
c

current frame of the audio record data as t aracter s(fl ¢s acousti

nodel of the decoding optimal path. 4. The nethod according to claiml,
further conprising: English Translation of PCT/CN2010/ 078223 r et ai ni ng
the nmute duration threshold as the first tine threshold if it is determ ned

that the Chx%ga%;ﬁé ﬁie%ﬁt‘tﬁ %ufaa?lgh' %ﬁria&o[@%ethe (ﬁfrst t’cﬁ?ﬁ: tﬂfe%&qﬁ ri‘lgit ;i’é)&é-tgmlinegathgt f O.r
the current Tra of e audi o recor ata is di erent fromthe acoustic
nmodel f ahe cheacardpcad mousteSmodehef thet dvoodiag optirda] mytht for dreycuorest timelodihes 1 to

4, wherein. after .one f.rane of audio r.ecord data is obtained, the nethod
further ad‘BWF?‘%‘ég'?ta s ‘{fgﬁ‘ﬁfif%“&ﬁé‘“&ﬁb‘f Blop‘gcf%rft e?‘?d%f”tn?i s detcrmned that the
obtai ned current frane of the audio record data is nute data and a current

mute duration is larger than a current mute duration threshol d. 6. The
met hod according to any one of cl ai rein.before the o Itoai ni ng

aing 1 to, 4, whe
each 5 rame of [h§UBsthod acaidinedaray Ofl?lgp flaintFolytor ‘h\r,\‘fflﬁéetm elsrne Jeage of au

recei Vi Ngedr8atd idibpaifnRIC Ak GheftRldduAng ci@psgdedd ni ng the audio record start
frame of the audio record data. 7. The nethod according to claimé,

wher ei n t he feteh 8 idib JedoREiraUE] Rt BHRY thad HRY dbidif@N®uir@ht friiBe BHEHeQuERCOr d
data conpri ses: determning in turn whether each franme of the audio

record datad idatatiheutudata dad a corremonutendreatidatisalaresn thangi eigreat mutesqurdtiomne of

t he non-tﬂl%tl%lgata as the audio record start franme. 8. A systemfor
det ecting an éndpoi nt of an audio record, wherein a nmute duration threshold

IS p{oeset as a first tinme threshold; and the system further conprises:
a first determning unit adapted to obtain an audio record text and
determ ne a coustic nodel for a t .endpoi,nt . of. the audi g r.ecord, text;
R g i ey R R TR U L AT S R S R

in turn fednd $flad@io record data, the method further comprises:

receiving the audio record data and determining the audio record start frame of the audio

record data.
15

7. The method according to claim 6, wherein the determining the audio record start

frame of the audio record data comprises:

determining in turn whether each frame of the audio record data is the mute data or

non-mute data, and using a first frame of the non-mute data as the audio record start frame.

20

8. A system for detecting an endpoint of an audio record, wherein a mute duration

threshold is preset as a first time threshold; and the system further comprises:

a first determining unit adapted to obtain an audio record text and determine an acoustic

model for a text endpoint of the audio record text;

25 a first obtaining unit adapted to obtain each frame of audio record data in turn starting

from an audio record start frame of the audio record data;

a second determining unit adapted to determine a characteristics acoustic model of a

decoding optimal path for an obtained current frame of the audio record data; and
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froman audio record start frame of the audio record data; a second
determ ning unit adapted to determ ne a characteristics acoustic nodel of a
decodi ng optimal path for an obtained current franme of the audio record
data; and English Translation of PCT/ CN201Q/ 078223 . r

determning unit adapted to update the mut egﬁg‘F}%?néﬁt‘?ﬁF@QQV%?@@g%e
second time threshold if it is determ ned that the characteristics acoustic
nodel of the decoding optinmal path for the current frame of the audio
record data is the same as an acoustic nodel for the endpoint, wherein the
second ti me, gpgsﬁg]{a%egrﬁlEl@sr%lltba%é?tgy%q%ptﬁgt% t].flé it éittﬁa%n rtlﬂés%%ﬁlotl) ghe écon%‘ . The_
system according to clal m<8, ern e first determning unit conprises:
an obt ai tivhe)ghrsghblanift it addgtedndédthabtial chatdeeeriatidi @wongcomadddl exftthe decodingnet wor k

est abl i shing. subuynit adapted to .establish ecodi ng network carrespondi ng
to the t%}z@gﬂée@%ﬁ ‘ﬁi&_ct“ﬁg“ttﬁfé“ﬁlﬂfiﬂbe? i o BB g e fh psp Ra ool

char act efo} filefdaitok Raréth A StdHdninte BRARYIEH shllslahs thE fiest mledAskshagDust i C
nodel of the decoding network as the acoustic nodel for the text endpoint.

10. The system according to claim9, wherein the second determ ning unit
conpri ses: an extracting subunit adapted to extract an MFCC

char act eri s i GOUER SRIAAADG Afim®, WAPRSRE ARACQMSHSingseLoam:t he current
frame of the audio record data to obtain the decoding optinmal path for the

current fr Wot?iin&?@né%‘dﬂia@a ctetaly gtaq%@éucg@gcord texd; second characteristic

determ ni ng subuni apted to determne a | ast acoustic nodel of the
decodi ng opf | : : gmgh Qfjedd LK EG B R as the
characteri s% ?{:@Bg(gegtalsa?%hgﬁgr%gg?lp%qalbtéﬁtéo (Ejsretco1 I ngeopﬁga[n%ﬁb patclsll.? péndif 11.
The systtherneataoondinggdo the apliaireao8] tewhendki n t he threshold determning unit is

further adapted to retain the nute duration threshold as the first tinme
t hr ewhol d i4 fitst chaadatsar meteadiningatubtdieadabrd ac deteisine edasi@oustic modeldell  of

t he decodin ptimal path for the rent franpe.of the audio record data is
A O O 2 S T R P R et
according to any one of clainms 8 to 11, further conprising: an audio

record control unit adapted to end the audio record if it is determ ned

t hat the obtained current frange. of tpe audi o recdord data i.s nute data and a
current nut Y- dbs ssteghagearding to claim 9, wherein the second determining unit comprises:

an extracting subunit adapted to extract an MFCC characteristic corresponding to a
15  preset acoustic model from the current frame of the audio record data to obtain the decoding

optimal path for the current frame of the audio record data; and

a second characteristic determining subunit adapted to determine a last acoustic model of
the decoding optimal path for the current frame of the audio record data as the characteristics

acoustic model of the decoding optimal path.

20
11. The system according to claim 8, wherein the threshold determining unit is further
adapted to retain the mute duration threshold as the first time threshold if it is determined that
the characteristics acoustic model of the decoding optimal path for the current frame of the
audio record data is different from the acoustic model for the endpoint.
25

12. The system according to any one of claims 8 to 11, further comprising:

an audio record control unit adapted to end the audio record if it is determined that the

obtained current frame of the audio record data is mute data and a current mute duration is
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English Transl ation of PCT/CN2010/078223 | arger than a current nute
duration threshold. 13. The system according to any one of clains 8 to 11,
further conpri sing: a receiving unit adapted to receive the audio

record data and determ ne the audio record gaﬂﬁgﬁ g%&gﬁgaigégﬁggﬁékg record

data. 14. The system according to claim 13, uni t
conprises: a receiving subunit adapted to receive the audio record data;
and a start frame determ ning subunit adapted to determine in turn
whet her each frame of the 10audio record data is the nute data or non-nute

]gat a, anﬂrg‘é?ﬁar?a@&r?e%mueadﬁ?atﬁﬁtl’irlé‘s‘?]oﬂf?”' nmute data as the audio record start
r ane.

13. The system according to any one of claims 8 to 11, further comprising:

a receiving unit adapted to receive the audio record data and determine the audio record

5  start frame of the audio record data.

14. The system according to claim 13, wherein the receiving unit comprises:
a receiving subunit adapted to receive the audio record data; and

a start frame determining subunit adapted to determine in turn whether each frame of the
10 audio record data is the mute data or non-mute data, and use a first frame of the non-mute data

as the audio record start frame.
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