
English Translation of PCT/CN2010/078223 METHOD AND SYSTEM FOR ENDPOINT
AUTOMATIC DETECTION OF AUDIO RECORD FIELD OF THE INVENTION 5100011 The
present invention relates to audio record control technology and in
particular to automatic detection technology of an endpoint of an audio
record. BACKGROUND OF THE INVENTION 100021 After technical development for
many years, a speech assessment related to a text 10 has entered into a
practical stage. The speech assessment related to the text refers to that a
certain text is read by a user, and a speech assessment system stores
pronunciation data of the user, assesses the pronunciation data to give an
assessment score. 100031 In an existing speech assessment system, a user
audio record control is 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. 100041 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. 30  



English Translation of PCT/CN2010/078223 SUMMARY OF THE INVENTION [0005] In
view of this, the technical problem solved by the present invention is to
provide a method and system for detecting an endpoint of an audio record,
so as to improve the identifying efficiency for the endpoint of the audio
record. 5[0006] Therefore, an embodiment of the present invention employs
the following technical solution. [00071 An embodiment of the present
invention provides a method for detecting an endpoint of an audio record,
which includes presetting a mute duration threshold as a first time
threshold; the method further includes: toobtaining an audio record text;
determining an acoustic model for a text endpoint of the audio record text;
and obtaining each frame of audio 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 isdetermining 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.
100081 The determining an acoustic model for a text endpoint includes:
20generating 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. [00091 The determining
a characteristics acoustic model of a decoding optimal path for a current
frame of the audio record data includes: 25extracting 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  



English Translation of PCT/CN2010/078223  100101 The method further
includes: retaining 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. 5100111 The method further
includes: after one frame of audio record data is obtained,         ending
the audio record if 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. 100121 The method further includes: before the
obtaining each frame of audio record data,              receiving the audio
record data and determining the audio record start frame of the 10audio
record data. 100131 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.    [00141
An embodiment of the present invention further provides a system for
detecting an 15endpoint 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 20starting 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. 



100151 The first determining unit includes:  English Translation of
PCT/CN2010/078223 an obtaining subunit adapted to obtain the audio record
text;          a network establishing subunit adapted to establish a
decoding network corresponding to the text according to the audio record
text; and             a first characteristic determining subunit adapted to
determine a last acoustic model 5of the decoding network as the acoustic
model for the text endpoint. [0016] The second determining unit includes:
an extracting subunit adapted to extract an MI:CC 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 10a 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 15of
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 25of 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.
English Translation of PC 1'/CN2010/078223 [0022] The acoustic model of the
text endpoint is compared with the characteristics acoustic model of the
decoding optimal path corresponding to the current frame of the audio
record data. If they are the same, 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 relative to 5 the first time
threshold. The audio record ends when the user mute duration is larger than
the second time threshold. Thereby, comparing with the prior art, the
technical solution of the invention improves the efficiency for identifying
the endpoint of the audio record and shortens the duration for which the
user needs to wait after the end of the audio record. 10 BRIEF DESCRIPTION
OF THE DRAWINGS [0023] Fig.] is a schematic flow chart showing a method for
detecting an endpoint of an 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; 15100251 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 20of 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 25system 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  English Translation of
PCT/CN2010/078223 an audio record in accordance with embodiments of the
present invention will be described in detail in conjunction with the
accompanying drawings.   [0031] Fig.1 is a schematic flow chart showing a
method for detecting an endpoint of an audio record in accordance with an
embodiment of the present invention. As shown in Fig. 1, 5the method
includes:         presetting a mute duration threshold as a first time
threshold. [0032] The method further includes the following steps, 100331
Step 101: obtaining an audio record text and determining an acoustic model
for a 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. 100351 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.
100371 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
English Translation or PCT/CN2010/078223 mute duration is larger than the
second time threshold. Thereby comparing with the prior art, the method
improves the efficiency for identifying the endpoint of the audio record
and shortens the duration for which the user needs to wait after the end of
the audio record.   [0041] On the basis of Fig.!, the method for detecting
an endpoint of an audio record in 5accordance with an embodiment of the
present invention will be described in more detail in conjunction with
Fig.2. As shown in Fig.2, the method includes: setting a mute duration
threshold as a first time threshold. [0042] Step 201: obtaining an audio
record text and determining an acoustic model of a text endpoint
corresponding to the endpoint of the audio record text. 10[0043] The
determining an acoustic model of a text endpoint corresponding to the
endpoint of the audio record text may include: generating a corresponding
decoding network according to the audio record text; and
determining a last acoustic model of the decoding network as the acoustic
model of 15the 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  English
Translation of PCT/CN2010/078223 non-mute data, and using a first frame of
the non-mute data as the audio record start frame. [0049] The step of
determining whether the audio record data is mute data or non-mute data may
be implemented by a VAD (Voice Activity Detection) policy. For example, the
determining method of mute data or non-mute data which is implemented by
the VAD policy  5 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, pp. 1-3, 1999)" and "Speech
processing, transmission and quality aspects (STQ); distributed speech
recognition; advanced front-end feature extraction algorithm; compression
algorithms (ETSI, ETSI ES 202 050 Rec., 2002)", and the description thereof
is omitted. 10[0050] A time interval for each frame of the audio record
data and a length of 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 15from 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: 20extracting 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 25path 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 Tr-phone model,
and may further include a mute model. [0056] The MFCC characteristic is
decoded by using the preset acoustic model so as to  English Translation of
PCT/CN2010/078223 obtain the decoding optimal path corresponding to the
audio record data. The decoding optimal path may be a path with a maximum
likelihood or maximum cost function of the model. 100571 The decoding may
be implemented by using Viterbi algorithm etc. 5[0058] For example, the
decoding result as shown in Fig.3 is obtained after the decoding is
performed by Viterbi algorithm. According to an embodiment of the present
invention, the last acoustic model of the decoding optimal path is an
acoustic model corresponding to a last moment t. It is determined that the
last acoustic model of the decoding optimal path corresponding to the audio
record data is used as the characteristics acoustic model of the 10decoding
optimal path corresponding to the frame of the audio record data. [0059]
Step 206: determining whether the acoustic model for the text endpoint is
the same as the characteristics acoustic model of the decoding optimal path
for the frame 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 15the 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; 20otherwise, 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 0. Sohn, N. S. Kim, and W.
Sung, IEEE Signal Process. Lett., vol. 16, no. 1, 30pp. 1-3, 19991" and
"Speech processing, transmission and quality aspects (STQ); distributed
English Translation of PCT/CN2010/078223 speech recognition; advanced
front-end feature extraction algorithm; compression algorithms (ETST, ETSI
ES 202 050 Rec., 2002)", and the description thereof is omitted. [0065]
Step 210: determining if a current mute duration is larger than a current
mute duration threshold, if a current mute duration is larger than a
current mute duration threshold,  5 ending the audio record; otherwise,
returning to Step 204, obtaining the audio record data for the next frame
of the current frame from the buffer, and using the frame of the audio
record data as the current frame of the audio record data. [0066] Step 209
only has to be executed between Step 204 and Step 210, the implementing
order of Steps 205 to 208 is not limited. 10[0067] In the step 210, the
current mute duration is related to the fact that the successive several
frames of the audio record data before the current frame of the audio
record data are mute data. Specifically, the current mute duration may be
calculated according to the following formula:           The current mute
duration = (the serial number of the current frame - the serial 



15number 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+l)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 30characteristics
acoustic model of the decoding optimal path for a certain frame is the same
as  English Translation of PCT/CN2010/078223 the acoustic model of the text
endpoint. 100701 In the method shown in Fig.2, if it is always determined
that the characteristics acoustic model of the decoding optimal path is
different from the acoustic model of the text endpoint, it means that the
user does not finish reading the audio record text, and at this time  5 the
mute duration threshold is the first timc threshold. The audio record is
ended only when the mute duration kept by the user is larger than the
current mute duration threshold (i.e. the first time threshold), so as to
ensure that the audio record may be ended automatically even when the user
performs an abnormal audio record (for example, a mistake occurs in the
reading or the reading is ended medially). If it is determined that the
characteristics acoustic  10 model of the decoding optimal path is the same
as the acoustic model of the text endpoint, it means that the user has
already finished reading the audio record text, and at this time the mute
duration threshold is updated to the second time threshold which is the
shorter one between the first time threshold and the second time threshold.
Thus, the audio record is ended as soon as the user mute duration is larger
than the current mute duration threshold (i.e.  15 the second time
threshold). In this way, the waiting duration of the user is merely the
second time threshold in the case that the user finishes reading the audio
record text normally. Therefore, the waiting duration is shortened relative
to the first time threshold in the prior art, and the efficiency of
identifying the endpoint of the audio record is improved. 



100711 However, in the method shown in Fig.2, in the case that it is
determined that the  20 characteristics acoustic model of the decoding
optimal path is the same as the acoustic model 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+lth 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-  English Translation of PCT/CN2010/078223 data is
the same as the acoustic model of the text endpoint at the first time in
Step 206. Namely, it is only determined whether the obtained current frame
of the audio record data is the mute data or not, and the mute duration is
determined if the obtained current frame of the audio record data is the
mute data. 5[0072] Corresponding to the method for detecting an endpoint of
an audio record, a system for detecting an endpoint of an audio record is
provided according to an embodiment of the present invention, as shown in
Fig.5. In the system, a mute duration threshold is preset as a first time
threshold; and the system further includes:              a first
determining unit 510 adapted to obtain an audio record text and determine
an 10acoustic model for a text endpoint of the audio record text;         a
first obtaining unit 520 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 530 adapted to determine a characteristics
acoustic model of a decoding optimal path for an obtained current frame of
the audio record data; and 15a threshold determining unit 540 adapted to
update the mute duration threshold to the second 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 the same as an
acoustic model for the endpoint, in which the second time threshold is
smaller than the first time threshold. 20[0073] Preferably, the threshold
determining unit 540 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. 



[0074] Furthermore, as shown in Fig.5, the system may further include: 25an
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;  English Translation of PCT/CN2010/078223         a network
establishing subunit 620 adapted to establish a decoding network
corresponding to the text according to the audio record text; and         a
first characteristic determining subunit 630 adapted to determine a last
acoustic model of the decoding network as the acoustic model for the text
endpoint. 5100761 Preferably, as shown in Fig.7, the second determining
unit 520 may include:         an extracting subunit 710 adapted to extract
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            a second
characteristic determining subunit 720 adapted to determine a last acoustic
10model 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. 20100791
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  English Translation of
PCT/CN2010/078223 shortens the waiting duration of the user after the audio
record is ended, improves the efficiency for identifying the endpoint of
the audio record and enhances the user experience. [0081] The method and
system for detecting an endpoint of an audio record according to the
embodiments of the present invention may not only be applied in a speech
assessment 5system but also be applied in other case where a known text
needs to be read to perform the audio record. [0082] It is appreciated by
those skilled in the art that the process of implementing the method for
detecting an endpoint of an audio record according to the above-mentioned
embodiment may be implemented by a hardware corresponding to a program
instruction. The 10 program may be stored in a readable storage medium, and
the program executes corresponding steps in the method when being executed.
The storage medium may be ROM/RAM, a magnetic disc, an optical disc, etc.
[0083] Those described above arc 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
arc within the scope of protection of the present invention.  English
Translation of PCT/CN2010/078223 CLAIMS What is claimed is:     1. A method
for detecting an endpoint of an audio record, comprising presetting a mute
duration threshold as a first time threshold; wherein the method further
comprises: 5obtaining an audio record text; determining an acoustic model
for a text endpoint of the audio record text; and obtaining each frame of
audio 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 10determining 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. 152. 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 25frame 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:  English Translation of PCT/CN2010/078223     retaining
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. 55. The method according to any one of claims 1 to
4, wherein after one frame of audio record data is obtained, the method
further comprises:     ending the audio record if it is detcrmined 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.      6. The
method according to any one of claims 1 to 4, wherein before the obtaining
each frame of audio record data, the method further comprises:
receiving the audio record data and determining the audio record start
frame of the audio record data.     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. 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;
25a 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  English Translation of PCT/CN2010/078223     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 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. 5  9. The
system according to claim 8, wherein the first determining unit comprises:
an obtaining subunit adapted to obtain the audio record text;     a network
establishing subunit adapted to establish a decoding network corresponding
to the text according to the audio record text; and 10a first
characteristic determining subunit adapted to determine a last acoustic
model of the decoding network as the acoustic model for the text endpoint.
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 15preset 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.            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.  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  



English Translation of PCT/CN2010/078223 larger than a current mute
duration threshold.  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 5start 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 10audio 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. 


