METHOD AND SYSTEM FOR ENDPO NT AUTOVATI C DETECTI ON OF AUDI O RECORD FI ELD OF
THE | NVENTI ON 5[ 0001] The present invention relates to audio record control
technology and in particular to automatic detection technol ogy of an

endpoi nt of an audio record. BACKGROUND OF THE | NVENTI ON f 0002] After
techni cal devel opnent for 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 pronunci ati on data of assesses the

t he user
pronunci aMEIHARAND § YSRFM O R ENDROENE ALTOMATIGAYSHECTIQN QRAIDIGY
speech assessnent system a user auﬁgﬁgﬁﬁford control is generally
performed by user nanually. Nanely, 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 audio record. This audio record

cont r ol Fi®EAs OFEHEINVENTI®NuUal |y click for many tines, the operation is
conplicated and the user experience is influenced. [0004] Therefore,

met hod dPOOH alhegmaiencinyention related Fopudinier gt coriErtiehnglogyandypm reyticylar to ?n t he

net hod, RiBPEEYRARHESSIBREY SV &t &MhaMt OfRlduaR!bdorget ect s whether the state
of the user 20 audio record is a pronunciation or nute, and determ nes the

end of the audio record when a user nute duration is nore than a preset
time threshold. However, in the nethod of the automatic audio record

cont r ol . BACROROGUND ORUME stVENTIONse of the user may be judged as an
endpoint of the audio record if the tine threshold is set to be shorter,

| eadi ng [0Y2h e tGdinisel dovalopaeniofer MPRE YERSy & SPeph pHTesspieRoelaiid to 4 texf s
genel'bal Ihk{s E}?ﬁel%gtintlb Qe]?]ria&tﬁl th%ee %legee%ﬁ al egs%{eg?fclé’t@r# Wfithe tg;g rfif?:fs t%xtﬁﬁpel e 2

seconds or longer, thereby the user needs to wait for a very long tine to
i dent i f yetthe texhthpeadity ©fiset,hed asgécsh peesngnhsndtcendorehproauiigioneptrad thy t he
speech ages‘essmant s}yst em %ftgr he. userSSfi ni sthsesret he pronunciation. In this
vay, th&SBrPPEreARSPPRICIEHR AT FiYC FRESSHESSi ST 0f t he audio record by the
speech spent systemis reduced, the efficiency of ,the speech
assessnﬁ@gfsq‘géﬁ reég?gg%i SReeah ARSSTIEAF SYGhrd BIFE QYR Teore GBWE:@(}.S generally
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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SUMMARY CF THE | NVENTI ON [0005] in view of this, the technical problem

sol ved by the present invention is to provide a nethod and system for
detecting an endpoint of an audio record, so as to inprove the identifying
efficiency for the endpoint of the audio record. 5[0006] Therefore, an
enbodi nent of the present invention enploys the follow ng technical
solution. [0007] An enbodi nent of the present invention provides a nethod
for detecting an endpoint of an audio record, which includes presetting a
mute duration threshold as a first tinme threshold; the method further

i ncl udesSUNIDEARY| QF AHERENBENTEONecord text; deternining an acoustic nodel

for at g[)ég?%nglgxox}ie% of {hjst 91% t?CLl!lgl{CIQI n%rgglglrn%ofv%é %Yj él?egges%m 3 1%@)}3{?(&\%@9%}? ?Le

audio r ta’in turn star roman a record star
audi o r ea@hel dad 8ystem for dededer i _Rhdypi@ char acdierrestrd,cso acoustmpmventle! of a

decodi ng optinmal path for an ohtained current frame of the audio record
dat a; arderifyag effisieneniyr thesndpit of fhe WP ¥ti cs acoustic nodel of the
decodin% ﬁ@}inal path for the current frame of the audio_.record data is the
sane Sas [PH0] ackisstioe, Hoerahodugentohdheahiasat Wy ntigp FaPINg thhilRwing on

t hreshol g t:9,a second tinme threshold, wherein the second tinme threshold is
smal ler than the first tinme threshold. [0008] The determ ning an acoustic

model f mmt ext SRARQAIAL Jrngl ;J;g&%m %Rgﬁﬁ&{ abdvidks 2 8GR P9 BELURLKan

correspon g to the text according to the audio record text, and
det er m reindygpint dfamit avdgoesbide winpdieihcloflest tresetimgoul ity drsetigor tresholtilve aaBoust i c

nodel for the text. endpoint, 100091 The detertnining a characteristics

acoust i mﬁﬁgg?mgitgaﬁﬁ@8%£ﬁ8wbﬁ?ll i path for a current frame of the audio
record data ingludes: 25 xtrag%iqg an VECC char%lée%hagggagp{rﬁﬁgon'ng to
a pridset acoustiE™AEABPUYP EHOFHEX e dF PP E AL OB PRSI ET 5% B8P E data to
obt ai n tiheavdecieedrdg o Afidbtfehs edddrfrdnheo feubivesdord damen ofn theingidhoad ecor d

data; and . )
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.



[ 0010] The nethod further includes: retaining the mute duration threshold
as the first tinme threshold if it is determned that the characteristics
acoustic nodel of the decoding optimal path for the current frame of the
audio record data is different fromthe acoustic nodel for the endpoint.

5[ 00111 The nethod further includes: after one franme of audio record data

i s obtained, ending the audio record if the obtained current frame
of the audio record data is nmute data and a current nmute duration is |arger

than a current _nmute duration threshold. 100121, The t hod.further includes:
bef ore tlﬂ@%btg}eﬁ??‘?@‘ﬁ%‘ﬁi‘e‘f g eséf’et%iﬂ’(ﬁ’\gdﬁ? @B@r‘ﬂlrﬁéﬂ“g&eghoqd ALY 8 B ei vi ng

the audi@ LRePIM fodederAtddehehftRiridertdies AMbR f868Q1HH B asdodfbapanf the
10audi o record data. 100131 The determ ning the audio record start franme of

t he audipethforthedudent dramecif tlekeardio record daigas ifigiont Agmithe sapupfiommeddhéer thaach

franme ofe &hoelentaudi o record data is the nute data or non-nute data, and using
a first PHAWE of the non-nute data as the audio record start frane.

100141 i ment o he prese invention further provi,des system for
Getedt) ﬁ@ﬂ@ﬂb‘i@s gt Sl Gt PGS SLulalilE0GT a8 A ReE YD
preset as a first tinme threshold: and.the systemfurther jincludes: . a
first deterni n‘?"ﬁﬁlgtfh? 13%5%8&5%0 ‘glg‘g‘ec?ﬁ?aél?eﬁ %‘I’?%ﬁhﬁ?%e I ?f“{l% §°° dﬁ@at%ést erm ne
an acousiite el a ffenBmb@durLi0d ROkfber Ghn & berr@y diute dieeinthicshdld.

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

turn ZOZG(ﬁmi NGe I HBIFBriRe P de@ AR Bledbtaifii@sRh Hanteltd addid k@ ofe&@s,d dat a;
a second determning unit adapted to determ ne a characteristics acoustic

model of a degedinfe ARtAAR! refl Rath Ghd ABteARHNEE abdib F&BE §thaf@meloftie audi o
record data; and
10  audio record data.

[0013] The determining the audio record start frame of the audio record data includes:

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.

[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:



a threshold determning unit adapted to update the nmute duration threshold
to the second tine threshold if it is determned that the characteristics
acoustic nodel of the 25 decoding optimal path for the current frane of
the audio record data is the sane as an acoustic nodel for the endpoint,
wherein the second tinme threshold is smaller than the first tinme threshol d.
[ 00151 The first cletetmning unit includes: an obtaining subunit adapted
to obtain the audio record text; a network establishing subunit

adapted to establ,ish a decodi,n etwor k.corresponding to the text according
to the audio r@b@?ﬂn?gﬁﬁTmﬁﬁ‘a 64%0SM%H”heﬁu@Pfé?ugﬁggacteristic det enni ni ng

subunit adapted to determne.a | ast .acousti.c nodel ..50f the decodi ng .network
as the acousti® HOYer ﬁﬁg% ﬁﬁm%é%»WEh PW@.“{Gﬁ%%?aTH% @E@%ﬁé Egngﬁ n ng
uni t i NGhE&Snding to the tedDa@¥idiRCh RGNt rddaptied to extract an MFCC
characteristic corresponding to a preset acoustic nodel fromthe current
frame of the aéjgfs’t)cﬁa%‘c%rgtigﬁét@m{iﬁinggﬁﬁinﬂ ddhsed R QU BN OPLkiRbudR o depr t he
current frame of the audio record data; and 10a second characteristic

det e mif Hy deadslimg tetwioidps det acoustiemendad fee thy texispdreédust i ¢ nodel of the
decodi ng optinmal path for the current frame of the audio record data as the
char act 0016 i cheacwus determmotbglundfindites:decodi ng opti mal path. [0017] The
tlu-eshold determning unit is further adapted to retain the nute duration
t hreshol d as tdmeextiactgte subwet adapes hobxdrdact an MECGEC detrastarisne dorr¢sponditgpeto a

characteristics acoustic del 15of the decadin timal .path for the

cur r ent PFPEMECBTC @Lffaﬁn?}g? 8%@2%3%5 e adl:a%qf ré:fg%rﬁ% 4 ﬁgr%b neagéigﬁosdtnllgt nodel
for theogigRqiatt for [HRQESEnt FRgneSf Sticemmdfouetdiedatanaldudes an audi o record
control unit adapted to end the audio record if it is determned that the

obt ghned curr entechhd@iBarterdidie RUshnthikLe suditdrbed So MufeAnitiataalagingbodsteur r ent
nmute duration is Ianger than a current nute duration threshold.
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.



20[ 0019] The system further includes a receiving unit adapted to receive
the audio record data and determ ne the audio record start frame of the
audi o record data. [0020] The receiving unit includes: a receiving subunit
adapted to receive the audio record data; and a start frane
determ ning subunit adapted to determine in turn whether each franme 25of
the audio record data is the nute data or non-nute data, and use a first
frame of the non-nute data as the audio record start frame. [0021] The

|ysi the technical effects of the technical sol ution described ab
o a1 dMFle T 0eny el el Baet SRR COTP PR B R SRR P& BDmar o

wi th t heyghabaaleld-sdihg Sp@aauskl @oﬂ*@é?&idi@f totthe calesRding Ghé FBdio RadIAd
corresponding to the current frane of the audio record data. If they are

t he sanelata Hethepsare thrasmg the aidst hepplstrenl fineshed regding shegavdicoreperd dexd, angythe and
th t tj.on .t hreshol d ,j t : 1 i ch
et Gdelialhion oh DR Bk HPARYEDl Ut B RRGARLA IEmbRLERNOLT i ©

is shorter ative tinme res 10 recor nds
when st hehaSgr tif tlgedhotdaThe audis récardy@rds twhan thehees@oenbirdtionss tahgee shualthie
Thereby, conparing with the prior art, the technical solution of th

nvent ] SFCPHRey Bemd. Tl chcyatis vithdi Prgi H (& BHEPGP LB e audi o
record aRAngHPhiheRYed MR SticRhEP Tolf Qfen%'-ir%htﬂeh@l SR ofegdutin YRbld afd er the
end of the audio record. 10 BRI EF DESCRI PTI ON THE DRAW NGS [0023] Fig.1
i s a sclbertans ehefdusiion herrwhighbaivpgy naedsee HeH afterr thejerdedltthgygpdigreesidpoi nt of an
audi o record in accordance wi th an enbodi nent of the present invention;
[0024] Fig.2 is a schematic flow chart show ng anot her nethod for detecting

an endpoint of an audio record in accordance with an enbodi ment of the
pr esent BRIEFDESCRIABHTN 28 THEPBAWINSGSchemat i ¢ di agram showi ng a Vit er bi

al gorit [ cordance wi.t h an enbodi nent of e present inventiog
g ?6823? %(i:g? is a schematic rElow chart s%owmg a metholi r}or etecting an endpoint otn dn
audio record in accordance with an embodiment of the present invention;

[0024] Fig.2 is a schematic flow chart showing another method for detecting an endpoint of

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

15 [0025] Fig3 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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10026] Fig.4 is an exenplary diagram of a decoding network in accordance
with an enbodi nent of the present invention; 100271 Fig.5is a
structural schematic di agram showi ng a system for detecting an endpoint
200f an audi o record in accordance with an enbodi nent of the present
invention; [0028] Fig.6 is a structural schematic di agram show ng an

i npl ement of an unit in a systemfor detecting an endpoint of an audio
record in accordance with the enbodi mrent of the present invention; and

00291 Fi tructural tic d
anot her ey Ssky St raP AEra e ORC BRASPNEAR D MRIRAE o

accordaQ@@ﬂWhE&H@nﬁogaaﬁdmﬁaﬁ@mpﬁlh@ﬁh@ﬁmggnt |nvent|on DETAI LED
DESCRI PTI ON OF THE | NVENTI ON 10030] In the follow ng, an inplenment of a

net hod goesi$y stiemif Qrscil@ta@e o SRARY Ninetfod fafld@cbkdin@ dne&@peini Bf an
accordance w th enbodi nents of the present inventjon will be descrlbed in
det ai | iandieaedouih it dceprdppaervitthan %h%ﬁ!ﬁ@m W g RIEsel mytion. Apelmpyn mifjed, i s a
schenat ig. fLaw ¢hagts. showing a method for detecting an endpoint of an audio
record in accordance with an enbodi nent of the present invention. As shown

in Fig. 1, 5the th%thgﬁwﬁg&§%E?%ddfagg%ﬁﬁﬁﬁgh@gl nute duration

t hreshol d as éHFlrs tme res e nethod further includes the
f ol | owi St e 0 an audi o record text and
deternlmﬁﬁ% H%§@6 (gﬁé DR qk &wfgﬁ en point of the audio record text.
SRR L1 g Bl §bta%nt'§g gnugl'l o LEGY %X% 3 adi@mfnih§sh LORic mdtiPForneeds to

read dut
text endpoint of the audio record text.

10 [0034] Specifically, the audio record text is a text that a user needs to read during the audio
recording. The text may be in any language, such as 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 mode]l
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

_6-



recording. The text may be in any | anguage, such as Chinese and Engli sh,
which is not limted herein. [0035] Step 102: obtaining each frame of audio
record data in turn starting froman audio record start frane of the audio
record data. 15[ 0036] The audio record data nay be voice data which is
obtai ned by an audi o record device during the process for recordi ng audio.
[0037] Step 103: determning a characteristics acoustic nodel of a decoding
optimal path for an obtained current frame of the audio record data.

[ 0038] The inmplementing.order of Step,10 n - . .S..N

i ¢, Mg FBETECBE H) <50 et n e ERS mind Pt dts iRt 104
det er m nhegndthat irhfieves e agli@ércst o€ sdenciflsd e emigeint of thdeudlecedirdgnopt i mal
path for the cun-ent frame of the audio record datg '% t he sanme,  as the
acoust i cshagens|ths gratipmdopwishitiuserfsgat ot aler heea at 8E¥GATERMeshol d to a
second tinme threshold, in which the second tine threshold is smaller than
the fi rsi004%]neOn iheckasis) of Figd| dogngthed far Histersts oy cndping Of B 1apdig 18¢P1d Alpoi nt
of an auglhgLeCafifh ASe zttﬁm iR predont §lEnti ACOHISEd GesBRELAl in fnRre DG e X
endpoint s conpared wt the characteristics acoustic model of the

decodi ngoopmitiel wigaFig.2. Af stidveyindii@?2 tthemsdwe jncluves:user has al ready fi ni shed
reading the audio record text, and the value of the nmute duration threshold
i s updated to tdingseamadutatine trésheklhe hdirsthinehthieshddhorter to the first tine
t hreshol d. The audio record ends when the user nute duration is |arger

t han t hqoe42¢oriet 20te obtaiméshal aldioherré okt emhgragrinigngwt fcoubte podadof atdxt t he

met hod i nproves the efficiency for .identifying the endpoint of the audio
record é%gmgﬁﬁpPEﬁ@nﬁﬂ%“ﬁ FS?IQH“PBPERH18H&Pﬁgwﬁ%er needs to wait after the

end of the audio record. 0041 he basis. of Fig.!, the nethod for
ot dot i i chighiemmingie anachRaI Sl eh e o SRR Bl 1 oI ent

of the preseibioBMENkPRaWMdcludpe described in nore detail in conjunction
with Fig.2. As shown in Fig.2, the nethod includes: setting a nute duration

threshold as a;dbffhe hidiRedfdn&alUetbding network according to the audio record text;

and

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

-7-



[0042] Step 201: obtaining an audio record text and determ ning an acoustic
nodel of a text endpoint corresponding to the endpoint of the audio record
text. 10[0043] The determ ning an acoustic nodel of a text endpoint
corresponding to the endpoint of the audio record text may include:
generating a correspondi ng decodi ng network according to the audio record
text; and determ ning a | ast acoustic nodel of the decoding
network as the acoustic nodel of 15the text endpoint. 100441 Specifically,

the estaplis g%tgeac usm r%estvf\% eo%}éll ﬂcmt![{?ﬁatg i{h%raﬁcélg%c%(}]m ?raﬁ]igdel of

non-
t he audi'6 recor A "Aeoudti’c Thoael rase 1'n the

audio r t n nut e f an end t.of the audio r rd text.
The acodlfdd it epoo? e st e B Toa B This Tt 06 g

endpoi ntmf bE highpddistingedr 8¢ 0f A/A®XNVoic20RBDAS] UE&E:mﬁmamﬂic@ Fas sh@pRr, ithe Fi g. 4,
for the audio record text "Hello World", the establlsh f decadi ng networ k
i ncl udesiet6ﬁélnmﬁtféeth%@ﬁ muge|daBeqyinanute A é“thaﬁhtls peplpncRed bhéheafd doketor d

text s Wh;ﬁ?%g dRAGNingf tw gggss\sg@{ sdea” ki ’m&d@ﬁbzﬁg@v&’éé sctfmsi%teeﬁor; he

wor d S e mut e “no End of t e endpoint of thé audio record
text. THd. &ﬂmeNhﬁd§mL$mﬂVEﬁmn&§EEEéﬁgudPUWBE btst-atadeld, no- L ippsl-§t EP9)”

25[ 0046] 2. receiving audi o record,.data and ri aud| record
data i nafﬁ ré’geéc?' QG?CF%Sﬂ“g’[iﬁ%ﬁ‘? SSIgP o A1G FBAIY o 12 reﬁtl nfsslt(?) n(ﬂgtﬂé& d Séocord start
frame Ofledogﬁtlalhtcﬂd‘)aﬂce@ lodt- aatfaaml[eoe&ﬁadtlo]ih@gcmﬁmﬁrmmxprengmaml@mdm (Esor d
start franme of the audio record data may mclfgd , %term' ning in turn
mhetherEg§éﬁsﬂpaﬁgjgfcf%@zauﬂFUhFéﬁﬁﬁﬁﬂﬁaPﬁe? S At data or non-nute data,

and using a first frame of the non-nute data as the au

regord start
frag [0050] A time interval for each frame of the audio record data and a ength 0

a sampling
window may be different in different application environments, which are not limited herein.
For example, generally the time interval (i.e. 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



[ 0049] The step of determ ning whether the audio record data is nute data
or non-nmute data may be i nplenented by a VAD (Voice Activity Detection)
policy For exanple, the determ ning nethod of mute data or non-nute data
which is inplenmented by the VAD policy 5 is described in the following two
passages "A statistical nodel -based voice activity detection ( J. Sohn, N
S. Kim and W Sung, |IEEE Signal Process. Lett., vol. 16, no. |, pp. 1-3,
1999)" and "Speech processing, transm ssion and quality aspects (STQ;

di stributed eech .recognitiop; Vance I ant - er r i:

al gorit ﬁ)%]?al% gl%‘pgeecg glingnoligll%%rpla ﬁ%ge(s Eﬁ@? 1% ETE% E’g&gé%%gcgggﬁé?% C%g%dil?é] , and

t he desaptiphl path tosr ROE path With ktregkimie] AAEB)odAot maeiniunt esst dlindtion ofabd frame
of the audjo record data and a Il ength of a sanpling wi ndow may be different
in diffépedst application environnents, which are not limted herein. For

exanpl e, ‘?;Ynerally the tine interval (i.e. a frame offset) may be set to be
10ms and9¥é 1Tdsgerpdsie mmebsiammeaediyigsg YHPIBEOEEYD £ be 25ns.

[005111 Step 204: obtaining a frame of the audio record data fromthe

buf f &r il#038Ur Fos examnle ghel diceding reselt as shayy Bdoe-d isehipiped pligrahe devoding isst ep

205: deg@&&%d%g \R%%}b%iag%ﬁﬂw m&gptdg{g&gqgeaﬁo&ig%n@a%ﬁgﬁs%ﬁgi?ﬁeﬁ@mhg bt ai n

a characteristics acoustic no ecodi ng opti p correspondi ng
to the facantdc afodthel thedicoodies optindatath i 8053 usiBpewiléli @atekpondingetodebedi ng an

audio record data.in ste 5 i nclude; 20extracti n Mel. Frequency
Cepst r uMBsEt fi iti @n?et?ﬁl‘fgﬁzg}?ﬁgﬁéé?séﬁcg?sﬁﬁ %%‘fe?(e‘)s@%ﬁaﬁ? 6%8(%{1 ® Oé’tlpr)nra([e %
acoust i gofiBgendind @MhthRdolict@ttdata BMBedbs titechatidienisti@crbdstidahadel of aht ai n
t he decoding optinal path corresponding to the frane of the audio record
dat 49 aferodBeophmal prik eoreeseonsingde 8t Eame el Aol 1eosldd  of the decoding
opti mal path. [0054] In correspondence with Step 201, the | ast
acoust | {0088 eStepr200heeteratiniag et thewreowsp sadehiy thsdedendpettis dheatanene

char act gf h3tch&cBTAUS bl SfusiPABLe1 e tﬁé1@ecg$ﬁg gbﬁgal%ﬁﬂ PRl PRI of the audio

record data, if the same, proceeding to Step 207; otherwise, proceeding 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 2009.

[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-



[ 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 nodel,
and may further include a nute nodel. obtain the decoding optinmal path
corresponding to the audio record data. The decoding optinmal path rmay be a
path with a maxi num |ikelihood or maxi num cost function of the nodel 100571
The decoding may be inplenented by using Viterbi algorithmetc. 5100581 For
exanpl e, the decoding result as shown in Fig.3 is obtained after the

decodi [ f or.med Vi ' ithm. . A ol an. di f
A

i's an aqerst,iBrsredeln2 060 Res pzid)y Nand the dedcaAptionmereot is bmittdd. i s det er m ned
that the |last acoustic nodel of the decoding optimal path corresponding to

t he audigoesgcagieh da-addismiisag i8s dient hataahatibsts Chgacausta eurfiadehutof the

10decodi ng pptlnalgfath corrg&gonding,to the frame of the audio record data
100591 Stuggsiopdigeshakt drwuiieAymsetursion ihisess 8138 @i gy daite duatipn greshld,

endpai NtepliH o L/ Re ;6tﬁ§m§t§%af]e@ﬁ£§1 IS blep D08 ARl RboikBradeFodi ng

opti mal patﬁ or the frane of the audio record data, if the sane,

pr oceedithgnext iSmepf 207¢urehhéame fom e bofer imfjuting BedpnR0E. the audio 1gO6D1 St ep
hold to a second tinme threshold, in

207: i th d tion th

mhichugg@%ggggéﬁﬁagﬁ%ﬁga@ﬁﬁ%@%@Tﬁuﬁ Sd‘gﬁaller than the first tine threshol d;
d i t { 09. . 1006 S 8: t aini t . d ti

Chr eahol ity S s Pr<el Fida be hreoiai i AR e aedihy 16 & dfHsBs i So6s]

Step 209rdedef sepd 20516 20 atdelimitbe current frame of the audio record data
obt ai ned fromthe buffer is nute data or non-nmute data, if it is the.

nut godatene7pr o8 @editgg21® (R BRredl Gut?Qahitay WirsRied t8 ikt ALNGat Ge SheRsIR4 and
obtaining the audio record data for the next frane of the current frane
f r om t héeysed figpmes pHIBIndipHecHd dr@ hebuofhe aral franopt BF BHOITPCOrd d#e 2F% om t he

buffer gHEEess %;é{tﬁ%ehf},tt € &R 4 ,d&a?oﬁc#%gew cEIE&‘lQ{édo%ccHa gawjit}% record

data is a frane e”audi o record data Is currently obtained from
t he buf f@lovamgifoneelds t o be processed.

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



25[ 0064] The step of determ ning whether the audio record data is the nute
data or the non-nute data may al so be inplenented by the VAD (Voice
Activity Detection) policy. For exanple, the determ ning nethod of nute
data or non-nute data which is inplenented by the VAD policy is described
in the followi ng two passages "A statistical nodel -based voice activity
detection (J. Sohn, N. S. Kim and W Sung, |EEE Signal Process. Lett.,
vol . 16, no. 1, 30pp 1-3, 1999)" and "Speech processing, transm ssion and

qual ity T i d speech recognition; advanced front-end
featuret@ei fég%:t %fth %hgdégg%l?rpr ession al gorithns (ETSI ETSI ES 202 050

det of m A S ST A U ki ARGl

durati Ollc([)d@ﬁeﬁhﬁlsﬂdof thé decodtar @inalrpitd iddif@tdno froinsthe ac@etic tlodel & theitexent
mut e durat| on threshol d, ending the asg‘dl o,.record;. ot herm se, .returning to

Step 204ndReitait Hieaps WAktha year SRS T AE AR C AHHO AERRd Forka b B TEHENG U 1 ont

framg f rt%ﬁ@@iu@éﬁo%@heslﬁf@lsqﬁé gkt bR thfeditid Ofhel RiALEA i§ B6REGnHALBeAS t he
current frame of the audio record data. [0066] Step 209 only has to be

execut edhmum@mtﬁnécppmﬂthamdergs bpee? 1ion théeurken nwiedurpign brageeld éfe. Sheps 205
to 208 00671 h t
0 Ifs s& Q]tme Elhhereql?l )d taF'I (% GI%SHI‘G tlhat tlil %w? E) %Qco%cil'gfa tbléeenﬁéﬂr £lﬁ atﬁ%fé? gﬂ%{ g‘ ion

is relatée uccessi ve sever frame
record caka tb@h@errepet fbﬁn§ df-aBidrnfal ando crécdldhQfommtampleeaonﬂtaklatoamas én nhit e

data. Specifica the current duration b cal cul at.ed accordi ng
to the fELMEH ’feéﬁhﬁ% fspended medl"ﬁg) %ﬁ'ﬁés ?IFB‘PFE © 8@1‘%{?‘?‘ E‘l‘cs-ac(otuﬂéc seri al

nungr efodbing tﬁélaéo%aﬁlg oﬁﬁﬂiﬁl path [R6hs S4rhdhs th abbuBEmoadl oF the @REer@psihespondi ng
to the first frame of e non-nute data before the current frane) * the

| engt h ofcamnidaf tharser 19od8adyFEriskedanpdieg therpudifereserdttcxthand pthi@is(tima fheh franme
d th f.t t d
and the Fﬁﬁg &Jaﬁm{ gﬁ%@) ltsthgat%H% Wd 9%85& @ @h&d %& &O&e%ﬁrd dla an

rane ranme e audi o recor ata are
dat a t heween renfirstitre witeshdlid and ithe tdvend ¢ingt trashold, nT'éhlisr ahﬁeaume mecph:e1S( rr) th

20 frane the audj o record, dat a.i ed the ¢ nut e ration
CS { ho FaRfe S T FEEROE s RRR e ar rshnuf SO s STy aa a
i'S psoC@®Seehnd time thtdABolGYTH & whM e Fuitiak idantibs of the usarighierady tHenstdondf r ames
when the (mtn)th frame of the audio record data is processed 100691

Fur t her Hedhreshpld e gho ease ik theuyser finishen eadedbe gndionicedrory merpralls t he
first “rg{fiﬂ%ﬁe h%f\san %@lﬁgﬁonr%tﬁgh ; Qi ehi el io HRres Rl dmatndll i @k eRb: FRMENt S.

Speci fic cur ration is always the first time threshold,
before aid uhs effietearyohidehtdyinStlepEndf@nt dighe dudarnecird isinfpreyed. of t he audi o
record data whose characteristics acoustic nodel is the sane as the
acoust i frofbjdeHofverer} metht exdthehshooinnin; FigAdint the caset @afdinliaﬂi:t@mninw dghthled i s

32? g[ ed { gacgeplestgfssga%&g%étr%%{ (gi{] tﬁ%ﬁ?c%'d%g"gp'ﬁ&af"pﬁﬂ ?Srtii'lg rsarflel A the acncgltstrl]c Mad it is
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

“11 -



30characteristics acoustic nodel of the decoding optimal path for a certain
frame is the sanme as the acoustic nodel of the text endpoint. 100701 In
the nethod shown in Fig.2, if it is always determ ned that the
characteristics acoustic nodel of the decoding optimal path is different
fromthe acoustic nodel of the text endpoint, it means that the user does
not finish reading the audio record text, and at this tinmne 5 die nute
duration threshold is the first tine threshold. The audio record is ended
only whep.the,nute duration kept .by er. 4l rgers . nt
mut e dur‘%ﬁ losnﬂn? ﬁér“gl% ﬁ(sz)lt% ?(fo.u (Sat.l ¢ E]r?ggf ?é@? t%lﬁ%d%cﬁ?ée%htggg%th%ge télts]%%%uiedr\égur e
that t heNaudy,at isedr detéraynddeylance dhacttdnat ¢weeht frarey efthehadiotaeord deta is
perfornms_an abpormal audi o record (for_ exanple, a m stake occurs in the

r eadi ng B MPelafedtdiohgns SheaReE dUFASAR & ‘Ii%r?nrl%d if hejo taﬂ@?éflﬁ??feff?nf%‘gﬂhf he

char act ef istb&sd 8a94Ushd SutQ.ppdel of the decoding optimal path is the sane
as the acoustic nodel of the text endpoint, it neans that the user has

al ready he 'S|tﬁf:d;11 ﬁﬁ, i@y b LB dpoidner At auldly ScdiMBs e, mut e
dur at%i 045?7%:1 esho Y [ gi‘%gﬁtéte gﬂtﬂga lg)ﬁg%fség%%nd ti e thr eshol d \C/vhri ’chs}%ss t he
short er fonéetdneingee rndfvéntfafragtautliorrecadréh iepiovlddd agrdrding tosaceombodiines dfiheeshol d.

Thus, the audio r.ecord,is ende S _.sooQn. _as th ser. te.duration is |arger
Chan'  n e BT RGS SBUPRgt bt AEnar o rarte Y8 HhEafht A bR A
t hr esholfdyt tinlethichicld; way thet frstemeiithoddnotiidest i on of the user is nmerely the

second tinme threshold in the case that the user finishes reading the audio
record text noffigt Jiétemﬂ_ﬂﬂﬁ% ehiok 80 addpRduabblaigindubRtreand st shbddianedt el ati ve
to the first tinme threshold in the prior art, and the efficiency of

i derifi f WFoH§tie meddderpolcrt endpoiptRf thg AHdE 1ee¥6E&Li s i nproved. [00711 However,
in the method showmn in Fig.2, in the case that it is determ ned that the
20 charact eri stigsobipiaingting Ederpted to phiaig sadhuirage shtudmrecpst#id © He sane

as t he. %&Hl?ﬁgo?n %‘fﬁﬂﬁllio I%BOIHQ@JHI%G (ﬁgg@éﬂdﬁ-ﬁ r_eic&‘d%taﬁp 206, although it is

det erm ne e user has finis reading the audio record text, the

det erm nation aosfec d%te%%ﬁléﬁgsurﬁ‘! 0 %tg(?{on@e%lﬁ' e%anqlgragferig i a%b{gﬁg %g@lt hat

frames of the audio record data subsequently after 1t 1s determne

t he usepf hdscoflingioptimdl pagafbc ag obthimedudiant frame pfithe exdio récard dvts agdise, t he
determ nation step of Step 206 is 25 not necessary. For exanple, if the
det es mi ni ng r estitdshdld detehrinMghurfitr HPeadaptet he updek therregto ddratdian shregotdhe sane

at Step 206, it .is neans,that the user has already finished readi t he
audi o r dEottendeipe itﬂ‘e%id Pﬁtﬁl 15 frrgggd Wﬁ%ﬁ’ﬁ&bfﬁr&d}%ﬁw (fc‘&‘éf?l& n'll(ﬁfgfﬂf] case,
for thegdoltink fb%aﬁﬁaar@t@ﬂ;ﬂ @SBRI e SRNEFabrd(daAITethe@hmE AearpadiQicr ecord

data, it is not necessarily to perfoimthe determ natjon of Step 206.

Ther ef omedelj fqr threensipaint.i iavhigh #hq secpnd Himer Greshold ipsmpldaethyt theytirshgme 30

i mprovi H)geshglg‘ ef ficiency of identifying and processing the endpoint of the
audi o record, Steps 209 to 210, rather than Steps 205 to 208, are perforned

on e . ! h [: : it t 1 ned
hats ¢ et gaiar Sirar i LA B Srohl i dRle, PRESHS RN A AL A i HLALELDED 1
t he sandurasort theeskd @ usthie Cirstoide] thethdld e itie détemmdgbihat thathardveerfsiicsstcotdtioe 1 n

Step 206. Nanely, it is only determ ned et her.the,.obtained current frane
of the Qﬁﬁﬁl@%c%%‘ilﬂ%f’%{@%l Haﬂ‘egoﬁﬂ}eecuﬁrﬁ?t rgfpe ofgpe a%qﬂ%lﬁcﬂ@(fﬁ?ﬁlé%&g?%"tti on is
det enni fgd thd adobRicaRRI fethecdntpsnt frame of the audio record data is the
nmut e dat a.

[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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5100721 Corresponding to the nethod for detecting an endpoint of an audio
record, a system for detecting an endpoint of an audio record is provided
according to an enbodi ment of the present invention, as shown in Fig.5. In
the system a nute duration threshold is preset as a first tinme threshol d;

and the system further includes: a first determning unit 510
adapted to obtain an audio record text and determ ne an 10acoustic nodel
for a text endpoint of the audio record text; a first obtaining unit

520 adapted to_obtair I f. i 9. record [ t ipg from
an audi o recor§ %?39@1ggéﬂgﬁggnﬁﬁgméigio&#gggrg)gggggh d &£5&%§§%%%%g
det er m nédi@sponidinga3 theadapt@adih@ talit endiv neorl tettasmict eri stics acousti c node

of a decoding optinmal path for an obtained current frane of the audio
record data; aadirdtShatbleaisholderdehias FRintoo30ndapted Qo ddi@phind atlastpeatie t he
nmut e duration threshold to the second tine threshold if it is determ ned
that themedrhtbedesasinestuaakas theacorstie mogs! fonde fat 6¥iPREtopt i mal path for
the current frane of the audio record data is_ the sane as an acoustic nodel
for the BAMoi Preferably, ahshoryntin&igs b dbmycendrsterminahpnitdIbmeEHErivde: t han t he
first time threshold. 20[0073] Preferably, the threshold determ ning unit
540 is further amggpcens subunis 740 adapkrd tnexeacd gn MFeh chitpdeldic gorespepding j r st

time thres if L. i.ne e ragterl Ski cousti.g nmodel
of the dtgc%gtllegegt aSB‘lt‘SI“Fm O%g&%%% ‘?ﬁ;eeggﬁrﬁ Irngnot ?éﬁgl%g%&%ge&gaug’i gM%tgctg?d dat a
i s diff ateeoding ogimdl pethdoohis tircenmbdek of tie atidtie renvdpddtmtand 100741 Furt her nor e,
as shown in Fig.5, the systemmay further include: 25an audio record

control unit 556:ccandphisedtdritieddemtiningwabumitr’ie6 adapted toi detarmindetlest mtaade t hat
t he obtain rrent frame of the aydio record data is.nute data and the
cur r it THE of e etonE P bart dHAH & Fer<BL PPBR( it &R SrOAE i 8ol .
[0075] RmefekARlcY acRStiSRONE of heldeSodng dptiena patat determ ning unit 510 may
i ncl ude: an obtaining subunit 610 adapted to obtain the audio record text;

[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 S00 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

213 -



a network establishing subunit 620 adapted to establish a decodi ng network
corresponding to the text according to the audio record text; and a
first characteristic determ ning subunit 630 adapted to determ ne a | ast
acoustic nodel of the decoding network as the acoustic nodel for the text
endpoint. 5[0076] Preferably, as shown in Fig.7, the second determ ning
unit 520 may i ncl ude: an extracting subunit 710 adapted to extract
an MFCC characteristic corresponding to a preset acoustic nodel fromthe
current frane @b vwﬁngﬂlaqfaqoﬁ Fahd dat idr othe%aﬂonret:&a idesRed, Ngh PRl t  pat h
for the current frame of the audio record data; and a second

char act esfligeiicy foatlentifying Hiy esdpuini af tmdmamré@nd enhgeges the yser exper@@Ice.acoust i ¢
t onodel of the decoding optinmal path for the current franme of the audio
recor d daosi] asTheheetbbd pat bystans firgteatngist cedpeodell anfaudiheeded ediondingpe i mal
pat h. 77 sho ste

recei vi 8 G%P@i w@&gi@&“%B”ﬁ@@@Fbg¥¥ pé@%ﬁ?zwgé%fﬂlﬁgP&mgﬁﬁeﬁgngnlne

t he audisQstt@eRr Blssbakpplied amethef cdsbevhatec PndvaCekthedad @. belid B/ foRheaher abl vy,
t he rece|V|ng unit 500 may include: a receiving subunit adapted to receive

t he audi®dicde®fd data; and a start frane dctennining subunit adapted
to determine in turn whether each frame of the audio record data is the

nut e datl@0% dbir mpreciaed By thase slidled dn fhe att thatdhe Pecoshel mpepaatiss dbt a as
the aUd'nﬁ)etﬁogfzgg Gy %ﬁﬁéma r om?9%%97%10T%o§a§§o%n£% MR Mashoer the

audi o recor ta or non-nute as descri bed above may be
|nplenemn@dmbymanMAmamqﬂmnyﬁahhﬂahh@m@e&wnﬁﬂmnéngmhepeaﬁnmsmmmnKMeﬂm:100801

I n the s¥§gen1for g} %n%>an‘§$%ﬁ0|§&ﬁof qglaUdBBd corg)as s ecuegn

Figs’ 5@ PRE %r ¥R det® N2 ehi T CEpdres ™t hReHa etTstics

acoust i eorregehdifd stche iflabOdhdlighd when being executed. The storage medlum may be
ROM/RAM, a magnetic disc, an optical disc, etc.

[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.

amn
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25 optimal path with the acoustic nodel for the text endpoint. If they are
the sanme, it nmeans that the user has already finished reading the audio
record text, and the nmute duration threshold is updated to the second tine
threshold which is shorter than the first tinme threshold. Then, the audio
record ends when an audio record control unit determ nes that the current
mute duration is larger than the second tine threshold. In this way,
conparing with the prior art, the system shortens the waiting duration of
the user after the audio record is ended, inproves the efficiency for
identifying the endpoint of the audChAikiSord and enhances the user
experience._ [00811 The nethod and system for detecting an endpoint of an
audi o recor &hacE61HNSGSt 0 t he enbodi nents of the present invention may not
only be app] '&ﬁ,emad%ﬁ@&&% 3R SRR o aﬂ&&l@ E’%c%Hi c ?Hs&gp@@a e nhﬁ‘e ot her
case where a known text needs to be read performthe audi o record

100821 |duritenalppsheti atadtistsimd thoskoldkivhdrad thermﬁh@i rthertdoatprisése pr oces s of

i npl enenting the method for detecting an endpoint of an audi o record
accordi ng tabtdihieg abavdo rmmd eredeenbiotigramconsy nielcl fvplaecm r@hé;cbiﬂztwfahe

har dwar e gorres ondi ng to pr an1| structl ram ma

stored i QI?%’gﬁﬁféng?%; ﬁégf 8“Pﬁ%”§5@6#éﬁﬁé%@§ g?nb%}?égbondlng
st eps iqakhﬁgaﬁﬁa@gomh@@umgha@ﬂg&ﬁ@uted The storage nedi um nay be ROM RAM
a magnetic disc, an optical disc, etc. [0083] Those descri bed above are
nerely the Riehafifes cenhedistBnicoualc hoRl bf £aetkingpeRtal pith fdlanSduihéh be
noted for those skilled in the art that several inprovenents and 15

nodi f i cabirgidramgyl B avdigecsiid Hetandeparting from the principle of the
present invention and the inprovenents and nodifications are within the
scop@ of pristeapiningntheyf the Hearpftersding adongtenmpdsh of the depainanpriimalpat i thed i s:

L oot ot (i, JGLRELLAG AREUIAT e AR AUALALETRI (FURPLARLAS .

presetting a e duration res
met hod hpnlanlng rthe onpr dweson Godshalidnb ngseaond ticieghreglwdd, dviiaesin ; thel etoendritinieng  an

acousti |. for a te ndpoi nt of the audio record text; and obtainin
each fraﬁgg'ﬁléﬂaﬂkrﬂ@8§WHF Qf %ﬁmgﬂﬁn starting froman audio record sta?t
frame of the audio record data; determ ning a characteristics acoustic
nodel of a decoding optinmal path for an obtained current franme of the audio
record data; _and

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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10determ ning that the characteristics acoustic nodel of the decoding
optimal path for the <current franme of the audio record data is the sane as
t he acoustic nodel for the endpoint; updating the nute duration threshold
to a second tine threshold, wherein the second tinme threshold is snmaller
than the first tine threshold. 152. The nethod according to claim1,
wherein the determ ning an acoustic nodel for a text endpoint conprises:
generating a decodi ng network corresponding to the text according to the

audi o recordit8Xs heahdte daEEHRIIENGIRd AStiraaRustk&himAElt i9lclhtindeandi ng
network as the acoustic nodel for the text endpoint. 20 3. The met hod

accor di rige tlorgtaistiv2scowniermode] vhdheddeceding apigalapadhtr dbe ewret fiemeaddbst i
model of siioggc(sé)?(g aﬂgisod?ftéfé(r?@grccfma r}llre] agﬁl{sf\i/g@%%lrfgpﬁqe %%cﬁ)l%g}[tpf the audio record

dat a co&ﬁ ing a char ac ic corresponding to a
preset acoustic nodel fromthe current frane of the audio record data to

obtain the decoding optinmal path for the current 25frame of the audio

record data; .and determ ning a | ast. acoustic _nodel. of the decoding
opt 1 al path BBk CEPEEROFPRRES B JEHE hidho aebr It d e ShEttd
char act ggdosd i45is3bRuURHI Ge ARERY rOfihdr Bempeeedi ng optimal path. 4. The
nmet hod according to claiml, farther conprising: retaining the nute

duration thiesbohdaao terd ifhishk delcPBinkd RS AR shtdihed duriesit deheomieshdihat the
characteristics acoustic nodel of the decoding optinmal path for the current

frame ofrecorbdatudi muteedatr enddacerrens rente furasiae i Reer (e LeBirst M Halior or t he
endpoi nt;, . %M'The nmet hod according to any one of clains 1 to 4, wherein
after one frane of audio record data is obtained, the nmethod further
conHBises: ending the audio record if it is determ ned that the
obtarned current frane of the audio record data is nute data and a current

mut e durati is LLarger t.han a curr ot u I .. 6. The
met hod acco6:‘) glh?lﬁlethgdarcﬁlorolﬁ S (%ni}ﬁai‘g?é%ﬁg’ &’/ﬁ%ﬂsgﬁ%ﬁkﬁé%@@ﬁgggﬁhai ni ng
each fr @&apeof agdidic@ordatey; chedadtiiod fultkerroetrpoisesf ur t her conpri ses:

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

- 16 -



receiving the audio record data and determ ning the audio record start

frame of the audio record data. 7. The nethod according to claim6®,
wherein the determ ning the audio record start frame of the audio record
data conpri ses: determning in turn whether each franme of the audio

record data is the nute data or non-nute data, and using a first frame of
the non-nute data as the audio record start frane. 8. A systemfor
detecting an endpoint of an audio record, wherein a nmute duration threshold
I's preset a R %ﬂq{’ tihenmSsheMoh Rl BRI RONPLISES:

a first det%?h%sgéla%ﬁﬁugﬁlédﬂpt egﬁtooo alen an audio record text and

det erm rtﬁneaﬂnasﬂmldsifllc indelelmifat that t@(chaeermﬁmtlm agolstichmodeldolothe edegpding ext ;

25a first .obtai un|t a bt ain e ne of audio 0 data
2o2 ur moetingl pith st iterd G o b R PRl b s AR S8Rl G2t e
a threshglge @ﬁip%ﬁﬁn Wi dn Wi s%ccﬁﬁlamﬁ&ﬁl dsRolél pokat@lct fhen thethestdinfeathiestivld.hr eshol d
to the second tine 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 sane as an acoustic nodel for the endpoint,

wher ein the, %‘ﬁgﬁs{l‘t"aﬁ LB diky ﬁ%‘&%@ B TBtht BFs EhaMibig uhit tsiplidos® t hr eshol d.
5 9. The syste accor di ng to claim8, wherein the first determ ning unit

conpri ses: .okl NI SURHT b oBUARYEGdi0:@BkALR; L he audio record text;

a network esta I ng subunit adapt ed to establish a decodi ng network

corresponding. .t 0 the text gsﬂgg L o IaPQd L9 e§t£‘tﬁxsﬂ-ﬁ A& RCEHok @ tresRRGind @ fir st

characteri sti¢ determ ni adapted to determne a |l ast acoustic
nodel ofthd taet adewdidi gthe etdiorécoaktickhiendaicousti ¢ nodel for the text endpoi nt .
10. The system according to claim9, wherein the second determ ni n? uni t
conpapi ses: a first chagavtegistic deteinmgingHobumiit adegeegtte deteomiok tarlagitacaystivp@del o

characterl corresponding to a set .ac ustlc nodel fromthe current
frame of4 éo‘ﬁﬁ%le&WP’g{)aﬁ 1&6%@?%?% Odlgfg’a%}?tpﬁ ST di ng

10. The system according 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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optimal path for the current frane of the audio record data; and a
second characteristic determ ning subunit adapted to determ ne a | ast
acoustic nodel of the decoding optimal path for the current frame of the
audi o record data as the characteristics acoustic nodel of the decoding
optimal path. 20 11. The system according to claim8, wherein the
threshold determning unit is further adapted to retain the nute duration
threshold as the first time threshold if it is determ ned that the
characteristics acoustic nodel of the decoding optimal path for the current
franme ofjatsbethavslb@rdnesatcdivetaion thisshdid f erent from the acoustic nodel for the
endpoint. 25 12. The system according to any one of clains 8 to 11,
further conpri sing: an audio record control unit adapted to end the
audio record if it is determ ned that the obtained current frane of the
audi o 1 ecor fb ¢t &ich MLAIHAD ARk Gt FHAL SR | MildeAMEAbAGRT s Targer than

a current nute ddration thresho he system according to any one of
cl ai ms 8 10, xje;]:e'yifng LGk, ‘Ee%%%&'ix%&he audio recofd c;]a%ﬁidvde'f@mliﬁy the 34BPL&Hrd ©
recei ve the audi o°record data an etermne the audio record 5start frane
of tHhe ataifoameedfohdavdat @eord4ta. The system according to claim 13, wherein
the receiving unit conprises: a receiving subunit adapted to receive the
audi o record data; and a start frame determ ning subunit adapted to
determne in turn whether each frane of the 10 audio record data is the
nmut e dat a dv. ThasyRutreacda@timg tanidinu$® vehekdin gte réaeduinge wfit ¢dngrisen- nut e data as
the audio record start frane.

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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