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VOICE RECOGNITION SYSTEMAND VOICE 
RECOGNITION METHOD 

TECHNICAL FIELD 

0001. The present invention relates to a voice recognition 
system, a Voice recognition method and a Voice recognition 
program which recognize Voices in an environment where 
background noise exists. 

BACKGROUND ART 

0002. A general voice recognition system extracts a time 
series of a feature value from time-series data of an input 
Sound garnered by a microphone, and calculates likelihood 
about the time series of the feature value using a word and 
phoneme model to be a recognition object, and a model of 
non-voice other than the recognition object. Then, the Voice 
recognition system searches for a word sequence correspond 
ing to the time series of the input sound based on the likeli 
hood which has been calculated, and outputs a recognition 
result. A plurality of proposals has been made about a method 
to improve accuracy of Voice recognition. 
0003. In patent document 1, there is described a voice 
recognition apparatus which reduces deterioration of Voice 
recognition performance caused by a silent part. FIG. 9 is an 
explanatory drawing showing the Voice recognition apparatus 
disclosed in patent document 1. The voice recognition appa 
ratus disclosed in patent document 1 includes a microphone 
201 which catches an input sound, a framing unit 202 that 
clips time-series data of the garnered sound in predetermined 
time units, a noise observation section extraction unit 203 
which extracts a noise section, an utterance Switch 204 for a 
user to notify the system of starting of utterance, a feature 
value extracting unit 205 which extracts the feature value for 
each piece of Voice data that has been clipped, a Voice recog 
nition unit 208 which performs voice recognition about the 
time series of the feature value and a silent model correction 
unit 207 which corrects the silent model among acoustic 
models used by the Voice recognition unit. 
0004. In the voice recognition apparatus disclosed in 
patent document 1, the noise observation section extraction 
unit 203 estimates background noise from the section just 
before the utterance switch 204 is pushed, and the silent 
model correction unit 207 makes the silent model adapt itself 
to a background noise environment based on the background 
noise which has been estimated. By making it easy to dis 
criminate a sound except for Voices to be an object as being 
silent by Such structure, the Voice recognition apparatus miti 
gates false recognition of Voice. 
0005. In patent document 2, there is described a voice 
recognition apparatus which reduces a false-recognition rate 
about a voice section to which background noise other than 
data having been used at the time of garbage model learning 
has been added. FIG. 10 is an explanatory drawing showing 
the Voice recognition apparatus disclosed in patent document 
2. The Voice recognition apparatus described in patent docu 
ment 2 includes analysis means 302 for analyzing a time 
series of a feature value from time-series data of a garnered 
Sound, offset calculating means 303 for calculating a correc 
tion amount based on the feature value, a collating means 304 
for performing collation of a recognition object word 
sequence from the time series of the feature value, garbage 
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model 305 made by modeling a Sound pattern corresponding 
to background noise and a recognition object vocabulary 
model 306. 
0006. In the voice recognition apparatus disclosed in 
patent document 2, the offset calculating means 303 judges a 
pitch frequency from the feature value, and possibility of 
being Voice from a formant frequency and a feature value of 
a bandwidth and the like. Then, the offset calculating means 
303 obtains an offset for correcting likelihood about the gar 
bage model based on the judgment result. The collating 
means 304 performs pattern matching using the likelihood 
about the garbage model corrected using the above-men 
tioned offset, the feature value, the garbage model and the 
recognition object Vocabulary model. By Such structure, the 
Voice recognition apparatus can recognize just the Voice to be 
the recognition object correctly. 
0007 Further, in non-patent document 1, there is 
described a method to recognize a voice from Voice data and 
a model used for voice recognition. 

Patent Document 
0008 Patent document 1 Japanese Patent Application 
Laid-Open No. 2002-156992 

0009 Patent document 2 Japanese Patent Application 
Laid-Open No. 2007-17736 

0010 non-patent document 
0011 Non-patent document 1 Akio Ando, “Real Time 
Voice recognition'. Institute of Electronics, Information 
and Communication Engineers, September, 2003, pp. 
28-33, pp. 59-61, pp. 148-165 

SUMMARY OF THE INVENTION 

Problem to be Solved by the Invention 
0012. When voice recognition is performed, there is a case 
where the background noise, line noise and Sudden noise Such 
as a sound of hitting a microphone and the like exists. In Such 
case, by using the Voice recognition apparatus disclosed in 
patent document 1 and patent document 2, an error of Voice 
recognition can be Suppressed. 
0013 That is, the voice recognition apparatus disclosed in 
patent document 1 estimates a noise from the section just 
before the utterance switch is pressed. By doing so, the voice 
recognition apparatus makes the silent model adapt itself to 
the background noise environment in order to Suppress nega 
tive influence of Sounds other than the recognition object. 
However, there are cases in which a speaker who is unfamiliar 
with Voice recognition begins to speak before the utterance 
Switch is pressed and the speaker begins to speak at a later 
time after the utterance switch has been pressed. In these 
cases, a time during which the utterance Switch is being 
pressed and a time during which Vocalization of the recogni 
tion object is being made do not correspond to each other 
necessarily. Therefore, in Such cases, there is a problem that 
the Voice recognition apparatus cannot estimate an utterance 
section to be a target correctly. 
0014. In order to suppress negative influence of sounds 
other than the recognition object, the Voice recognition appa 
ratus disclosed in patent document 2 judges possibility of 
being voice and obtains the offset for correcting the likeli 
hood about the garbage model. For example, the Voice rec 
ognition apparatus determines possibility of being Voice from 
Such as feature values of the pitch frequency, the formant 
frequency and the bandwidth. However, under a high noise 
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environment, determination of possibility of being Voice is 
not correct necessarily. For this reason, there is a case where 
the calculated offset has negative influence on determining 
possibility of being voice. 
0015. Hereinafter, problems which occur under the high 
noise environment will be described. For example, under a 
low noise environment, a Voice section (a section during 
which a person is vocalizing) and a non-voice section are 
easily determined using a difference in power (volume). That 
is, Volume is Small for a section during which a person is not 
Vocalizing, and Volume is large for a section during which the 
person is vocalizing. For this reason, by determining whether 
Volume is equal to or larger than a threshold value, the Voice 
recognition apparatus can discriminate a voice and a non 
voice. However, under the high noise environment, even if the 
person is not uttering, a Volume of the noise is large. Because 
the threshold value which is set in order to discriminate 
whetherit is the voice or the non-voice depends on the volume 
of the noise, determination of the voice and the non-voice 
becomes difficult. 
0016. A reason why determination of the voice and the 
non-voice becomes difficult will be described using a specific 
example. In general, a Volume of the Voice tends to become 
large in a section during which speaking is being performed 
relatively loudly and clearly, and become Small in sections at 
the beginning and the end of utterance. Hereinafter, it is 
Supposed that the Volume of the Voice is S, and the maximum 
value of the volume of the Voice is described as Smax and the 
minimum value is described as Smin. The volume of the noise 
varies, too, although it not as much as that of the Voice. 
Hereinafter, it is supposed that the volume of the noise is N. 
and the maximum value of the volume of the noise is 
described as Nimax and the minimum value thereof as Nmin. 

0017. Here, given that the threshold value when discrimi 
nating the Voice and the non-voice is described as 0, the Voice 
recognition apparatus can discriminate whether it is the Voice 
or the non-voice if threshold value 0 is included in the range 
of Nmax<0<Smin-i-Nmin. That is, it is because, when the 
threshold value 0 is included in the range of Nmax<0<Smin-- 
Nmin, relation of SDO holds in the voice section and relation 
of N-0 holds in the non-voice section always. From this 
relation, the following two points can be cited as a condition 
required for the threshold value 0. 
0018 (1) Because the minimum value Smin of the volume 
of the voice is not known until the end of utterance, the 
maximum value that the threshold value 0 can take is 
unknown. For this reason, a user or the like wants to set 0 as 
Small as possible. 
0019 (2) The maximum value Nimax of the volume of 
noise is not known until the end of utterance (however, it is 
possible for the Voice recognition apparatus to estimate a 
rough volume of the noise prior to the start of utterance). For 
this reason, the user or the like wants to set 0 larger than an 
estimated Volume of the noise as much as possible. 
0020. When an estimated numerical value of the noise is 
small, it is relatively easy for the user and the like to set the 
threshold value 0 which satisfies the above two conditions. 
However, when the estimated numerical value of the noise is 
large, it is difficult for the user and the like to set appropriate 
the threshold value 0. 
0021. Also, there is a problem that, because a determina 
tion criterion of possibility of being a voice is fixed in the 
Voice recognition apparatus disclosed in patent document 2, it 
cannot handle a varying noise. 
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0022. As above, when negative influence of sounds other 
than the recognition object is tried to be Suppressed, there is a 
problem that, if the Voice recognition apparatus cannot esti 
mate a target utterance section correctly, the Voice recognition 
apparatus cannot perform effectively the Voice recognition. 
0023. Accordingly, in order to solve the above-mentioned 
problems, an object of the present invention is to provide a 
Voice recognition system, a voice recognition method and a 
Voice recognition program which can Suppress negative influ 
ence of Sounds other than the recognition object and estimate 
the utterance section to be the target correctly. 

Means for Solving a Problem 
0024. A Voice recognition system according to the present 
invention includes Voice segmentation unit which calculates a 
Voice feature value based on time-series input sound data, 
segmenting one of a section of voice of said time-series input 
Sound data and a section of non-voice of said time-series input 
Sound data by comparing a threshold value and said Voice 
feature value, and determining one of said section and a 
section made by adding a margin of designated length before 
and after said original section as a first voice section; search 
unit which determines a section to be a target of a Voice 
recognition as a second Voice section based on a likelihood of 
Voice and a likelihood of non-voice calculated based on a 
Voice recognition feature value; parameter updating unit 
which updates at least one of said threshold value and said 
margin used upon said Voice segmentation unit determining 
the first voice section according to a difference between 
length of said first voice section and length of said corre 
sponding second Voice section; and said Voice segmentation 
unit which determines the first voice section using one of the 
threshold value and the margin updated by said parameter 
updating unit. 
0025 A Voice recognition method according to the present 
invention calculates a voice feature value based on time 
series input sound data; segments one of a section of voice of 
said time-series input sound data and a section of non-voice of 
said time-series input Sound data by comparing a threshold 
value and said Voice feature value; determines one of said 
section and a section made by adding a margin of designated 
length before and after said original section as a first voice 
section; determines a section to be a target of a Voice recog 
nition as a second Voice section based on a likelihood of voice 
and a likelihood of non-voice calculated based on a Voice 
recognition feature value; updates at least one of said thresh 
old value and said margin used upon determining said first 
Voice section according to a difference between length of said 
first voice section and length of said corresponding second 
Voice section; and, upon segmenting said first voice section, 
determines the first voice section using one of the updated 
threshold value and margin. 
0026. A Voice recognition program stored in a non-transi 
tory computer-readable recording medium according to the 
present invention causes a computer to execute voice seg 
menting processing for calculating a voice feature value 
based on time-series input sound data, segmenting one of a 
section of Voice of said time-series input sound data and a 
section of non-voice of said time-series input Sound data by 
comparing a threshold value and said Voice feature value, and 
determining one of said section and a section made by adding 
a margin of designated length before and after said section as 
a first voice section; search processing for determining a 
section to be a target of a Voice recognition as a second Voice 
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section based on a likelihood of voice and a likelihood of 
non-voice calculated based on a voice recognition feature 
value; parameter updating processing for updating at least 
one of said threshold value and said margin used upon deter 
mining said first voice section according to a difference 
between length of said first voice section and length of said 
corresponding second Voice section; and, in said Voice seg 
menting processing, making the first voice section be deter 
mined using one of the threshold value and the margin 
updated in said parameter updating processing. 

Effect of the Invention 

0027. The present invention provides the voice recogni 
tion system, the Voice recognition method and the Voice rec 
ognition program capable of Suppressing bad influence of 
Sounds other than the recognition object and estimating an 
utterance section to be a target correctly. 

BRIEF DESCRIPTION OF THE DRAWINGS 

0028 FIG. 1 is a block diagram showing an example of a 
Voice recognition system in a first exemplary embodiment of 
the present invention. 
0029 FIG. 2 is a flow chart showing an example of opera 
tions of a Voice recognition system in the first exemplary 
embodiment. 
0030 FIG. 3 is an explanatory drawing showing an 
example of a time series of input Sound data and a time series 
of a feature value which indicates possibility of being voice. 
0031 FIG. 4 is an explanatory drawing showing an 
example when a first voice section is longer than a second 
Voice section. 
0032 FIG. 5 is an explanatory drawing showing an 
example when the first voice section is shorter than the second 
Voice section. 
0033 FIG. 6 is a block diagram showing an example of a 
Voice recognition system in a second exemplary embodiment 
of the present invention. 
0034 FIG. 7 is an explanatory drawing showing an 
example in which a margin is given to a temporary voice 
section. 
0035 FIG. 8 is a block diagram showing an example of the 
minimum configuration of a Voice recognition system 
according to the present invention. 
0036 FIG. 9 is a block diagram showing a voice recogni 
tion apparatus disclosed in patent document 1. 
0037 FIG. 10 is a block diagram showing a voice recog 
nition apparatus disclosed in patent document 2. 
0038 FIG. 11 is an explanatory drawing showing a non 
transitory computer-readable recording medium. 

EXEMPLARY EMBODIMENTS FOR CARRYING 
OUT OF THE INVENTION 

0039 Hereinafter, exemplary embodiments of the present 
invention will be described with reference to a drawing. 

Exemplary Embodiment 1 
0040 FIG. 1 is a block diagram showing an example of a 
Voice recognition system in the first exemplary embodiment 
of the present invention. The Voice recognition system 
includes a microphone 101, a framing unit 102, a Voice seg 
mentation unit 103, an offset calculating unit 104 and a fea 
ture value calculating unit 105. Further, the voice recognition 
system includes a non-voice model Storage unit 106, a 
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Vocabulary/phoneme model storage unit 107, a searching unit 
108 and a parameter updating unit 109. 
0041. The microphone 101 is a device which catches an 
input sound. 
0042. The framing unit 102 performs clipping to time 
series input sound data garnered by the microphone 101 for 
each unit time. Meanwhile, data which is made by performing 
clipping to the input Sound data for each unit time is described 
as a frame. That is, the framing unit 102 performs clipping to 
input sound data for each frame. 
0043. The voice segmentation unit 103 calculates a voice 
segmentation feature value which indicates possibility of 
being Voice for each frame input sound data. Then, the Voice 
segmentation unit 103 classifies each frame into avoice frame 
or a non-voice frame by comparing a threshold value (here 
inafter, it is referred to as threshold 0) and a voice segmenta 
tion feature value for each frame. If a calculated voice feature 
value for a frame is larger than the threshold value 0, the frame 
is classified as a voice frame. If a calculated voice feature 
value is less than the threshold value 0, the frame is classified 
as a non-voice frame. Then, the Voice segmentation unit 103 
merges connected Voice frames classified above into a Voice 
section (hereinafter, referred to as a first voice section). As a 
Voice segmentation feature value, amplitude power for each 
frame can be used, for example. However, the Voice segmen 
tation feature value which indicates possibility of being voice 
is not limited to amplitude power. 
0044) The voice recognition feature value calculating unit 
105 calculates a feature value used for voice recognition 
(hereinafter, it is described as a Voice recognition feature 
value) for each frame input Sound data. As a voice recognition 
feature value, cepstrum feature or its derivative feature can be 
used, value for example. However, the Voice recognition fea 
ture value is not limited to cepstrum feature and its derivative 
feature. Because a calculation method of feature values used 
for Voice recognition is known widely, detailed description 
will be omitted. 
0045 Meanwhile, the voice segmentation feature value 
and the voice recognition feature value may be different fea 
ture values or may be the identical feature value. 
0046. The non-voice model storage unit 106 stores a non 
voice model which expresses a pattern except for voice to be 
a target of the Voice recognition. In the following description, 
the pattern except for voice to be the target of the voice 
recognition may be described as a non-voice pattern. The 
vocabulary/phoneme model storage unit 107 stores the 
Vocabulary/phoneme model representing a pattern of vocabu 
lary or a phoneme of the voice to be the target of the voice 
recognition. For example, the non-voice model storage unit 
106 and the vocabulary/phoneme model storage unit 107 
store non-voice models and Vocabulary/phoneme models 
expressed in a probability model such as a hidden Markov 
model. Meanwhile, the Voice recognition system may be 
made to learn parameters of a model using average input 
Sound data in advance. The non-voice model storage unit 106 
and the vocabulary/phoneme model storage unit 107 are real 
ized by magnetic disk devices or the like, for example. 
0047. The searching unit 108 calculates, based on the 
Voice recognition feature value, a likelihood of Voice and a 
likelihood of non-voice for each frame, and searches for a 
word sequence using these likelihoods and the above-men 
tioned models. The searching unit 108 may search for a maxi 
mum-likelihood word sequence among calculated the likeli 
hoods of Voice, for example. 
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0048 Also, the searching unit 108 segments a section to be 
the target of the voice recognition (hereinafter, it is referred to 
as a second Voice section) based on the likelihood of voice and 
the likelihood of non-voice that have been calculated. Spe 
cifically, the searching unit 108 segments a section during 
which the likelihood of voice that has been calculated based 
on the Voice recognition feature value is higher than the 
likelihood of non-voice that has been calculated based on a 
Voice recognition feature value as the second Voice section. 
0049. Thus, the searching unit 108 obtains the word 
sequence corresponding to the input sound (a recognition 
result) using the feature value for each frame, the vocabulary/ 
phoneme model and the non-voice model, and, in addition to 
that, obtains the second voice section. Meanwhile, the likeli 
hood of Voice is a numerical value representing likelihood 
that the pattern of vocabulary or the phoneme of voice 
expressed in the Vocabulary/phoneme model and an input 
sound correspond with each other. Similarly, the likelihood of 
non-voice is a numerical value representing likelihood that 
the non-voice pattern expressed in the non-voice model and 
the input sound correspond with each other. 
0050. According to a difference between length of the first 
Voice section and length of the second Voice section, the 
parameter updating unit 109 updates the threshold value 0. 
That is, the parameter updating unit 109 compares the first 
Voice section and the second Voice section, and updates the 
threshold value 0 to be used by the voice segmentation unit 
103. 

0051. According to a difference between the feature value 
which indicates possibility of being voice (the voice feature 
value) and the threshold value 0, the offset calculating unit 
104 calculates an offset which is used as a numerical value for 
correcting the likelihood of voice or the likelihood of non 
voice. That is, the offset calculating unit 104 calculates the 
offset for the likelihood from the feature value which indi 
cates possibility of being voice (the voice feature value) and 
the threshold value 0. After the offset has been calculated, the 
searching unit 108 segments the second Voice section based 
on the likelihood corrected according to this offset. 
0052. The framing unit 102, the voice segmentation unit 
103, the offset calculating unit 104, the feature value calcu 
lating unit 105, the searching unit 108 and the parameter 
updating unit 109 are realized by a CPU (Central Processing 
Unit) of a computer which operates according to a program (a 
Voice recognition program). For example, the program is 
stored in a memory unit (not shown) of a Voice recognition 
apparatus (a voice recognition system). The CPU reads the 
program. Then, the CPU may operate as the framing unit 102. 
the voice segmentation unit 103, the offset calculating unit 
104, the feature value calculating unit 105, the searching unit 
108 and the parameter updating unit 109 according to the read 
program. Also, each of the framing unit 102, the Voice seg 
mentation unit 103, the offset calculating unit 104, the feature 
value calculating unit 105, the searching unit 108 and the 
parameter updating unit 109 may be realized by dedicated 
hardware. 
0053 FIG. 11 is an explanatory drawing showing the non 
transitory computer-readable recording medium 87. A non 
transitory computer-readable recording medium 87 recording 
thereon the programs may be Supplied to the computer. 
0054 Next, operations of this exemplary embodiment will 
be described using FIG. 1 and FIG. 2. FIG. 2 is a flow chart 
showing an example of operations of the Voice recognition 
system in this exemplary embodiment. 
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0055. First, when the microphone 101 catches the input 
Sound, the framing unit 102 performs clipping to the garnered 
time-series input sound data into a frame for each unit time 
(Step S101). For example, the framing unit 102 may clip out 
waveform data for a unit time successively while shifting in 
turn a portion to be a target of clipping from input Sound data 
by a time set in advance. Hereinafter, such unit time is 
described as a frame width, and Such time set in advance is 
called a frame shift. For example, when input sound data is of 
16 bit Linear-PCM (Pulse Code Modulation) of the sampling 
frequency 8000 Hz, waveform data of 8000 points a second is 
included. In this case, the framing unit 102 clips out this 
waveform data sequentially according to a time series with 
200 points of a frame width (that is, 25 ms) and 80 points of 
a frame shift (that is, 10 ms). 
0056 Next, the voice segmentation unit 103 determines 
the first voice section by calculating the feature value which 
indicates possibility of being Voice of input sound data 
clipped for each frame (that is, the voice feature value), and 
comparing it with the threshold value 0 (Step S102). Mean 
while, regarding a numerical value of the threshold value 0 at 
the initial state, the user and the like may perform setting of 
the value by designating the numerical value of the threshold 
value 0 in advance. Or more specifically, regarding a numeri 
cal value of threshold value 0 at the initial state, the voice 
segmentation unit 103 may set, based on the numerical value 
of noise estimated in the non-voice section before utterance 
starts, the numerical value larger than the estimated value, for 
example. The feature value which indicates possibility of 
being Voice can be expressed in amplitude power, for 
example. The voice segmentation unit 103 calculates t-th 
frame amplitude power Xt by the following Formula 1, for 
example. 

1 (Formula 1) 

0057. Here, N is the number of the clipped frame width 
(200 points). St--i is a numerical value of input sound data 
(waveform data) at i-th point int-th frame. Formula 1 shows 
t-th frame amplitude power Xt is calculated by averaging N 
square values for each numerical value of input sound data in 
t-th frame. 
0.058 FIG. 3 is an explanatory drawing showing an 
example of a time series of input sound data and a time series 
of the feature value which indicates possibility of being voice 
and the feature value used for voice recognition. FIG. 3 indi 
cates time series 3A of the feature value which represents 
possibility of being voice and time series 3B of the feature 
value used for voice recognition when voice 3C which says 
“Hello. This is Hayashi' has been inputted. 
0059. As time series 3A in FIG.3 indicates, because it can 
be said that it is more likely to be a voice when amplitude 
power is larger than the threshold value 0, the Voice segmen 
tation unit 103 segments that section as the voice section (L1 
in FIG. 3). On the other hand, because it can be said that it is 
more likely to be a non-voice when amplitude power is 
smaller than the threshold value 0, the voice segmentation 
unit 103 segments that section as the non-voice section. 
Meanwhile, here, a case where amplitude power is employed 
as the feature value which indicates possibility of being voice 
has been described. Alternatively, the Voice segmentation unit 
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103 may discriminate the Voice section using, as the feature 
value which indicates possibility of being Voice, a signal-to 
noise ratio (SN ratio), the number of Zero crossings, a likeli 
hood ratio between the voice model and the non-voice model, 
a likelihood ratio based on Gaussian mixture distribution 
model (GMM likelihood ratio) or a pitch frequency. Or, the 
Voice segmentation unit 103 may calculate a combination or 
the like of them to discriminate a Voice section using a feature 
value of it. 
0060 Next, the offset calculating unit 104 calculates an 
offset of likelihood from the feature value which indicates 
possibility of being voice and the threshold value 0 (Step 
S103). Meanwhile, such offset of likelihood is used as an 
offset of a likelihood of feature values for a vocabulary/ 
phoneme model and a non-voice model, the feature values 
being calculated when the searching unit 108 mentioned later 
searches for the word sequence. 
0061 For example, the offset calculating unit 104 calcu 
lates an offset of likelihood for the vocabulary/phoneme 
model by the following Formula 2. 

Offset (of likelihood for the vocabulary phoneme 
model)=wx (Xi-0) 

0062 Here, w is a factor for an offset, and it takes a 
positive actual number. Specifically, w is a parameter which 
adjusts an amount by which a logarithm likelihood mentioned 
later is changed by one time of correction. When W is large, a 
Voice recognition apparatus converge with an appropriate 
offset quickly. On the other hand, when w is small, the voice 
recognition apparatus controls excessive change of the 
threshold value 0, and can change an offset stably. For 
example, a system administrator may set an appropriate value 
of w in advance considering a balance of these. 
0063 Also, the offset calculating unit 104 calculates an 
offset of likelihood for a non-voice model by the following 
Formula 3, for example. 

(Formula 2) 

Offset (of likelihood for a non-voice model)=wx (0- 
Xt) (Formula 3) 

0064. Here, an example in which an offset is calculated by 
a linear function of a feature value Xt which indicates possi 
bility of being voice has been described. However, a method 
by which the offset calculating unit 104 calculates an offset is 
not limited to a case where a linear function of the feature 
value Xt which indicates possibility of being voice is used. 
When the relationship to calculate the feature value Xt small 
compared with the threshold value 0 by calculating an offset 
greatly when the feature value Xt is large compared with the 
threshold value 0 is kept, the offset calculating unit 104 may 
calculate an offset using another function. 
0065 Here, description has been made about a case where 
the offset calculating unit 104 calculates both of the offset of 
the likelihood for the vocabulary/phoneme model and the 
offset of the likelihood for the non-voice model. However, the 
offset calculating unit 104 does not have to calculate both of 
the offset of the likelihood for the vocabulary/phoneme 
model and the offset of the likelihood for a non-voice model. 
For example, the offset calculating unit 104 may calculate 
only either one of the offsets, and make the other offset be 0. 
0066 Next, the feature value calculating unit 105 calcu 
lates the feature value which is used for voice recognition (the 
Voice recognition feature value) from input sound data 
clipped out for each frame (Step S104). 
0067. Using the feature value for each frame (the voice 
recognition feature value), the Vocabulary/phoneme model 
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and a non-voice model, the searching unit 108 searches for the 
word sequence corresponding to the time series of the input 
Sound data and segments the second Voice section (Step 
S105). For example, the searching unit 108 searches for the 
word sequence using a hidden Markov model as the Vocabu 
lary/phoneme model and a non-voice model. 
0068 Meanwhile, parameters of each model may be 
parameters made by making the Voice recognition apparatus 
perform learning using typical input Sound data in advance. 
0069. Next, a method by which the searching unit 108 
segments the second Voice section will be described specifi 
cally. First, the searching unit 108 calculates the likelihood of 
Voice and the likelihood of non-voice. In general Voice rec 
ognition, the logarithm likelihood is employed as a distance 
scale between a feature value and each model. Therefore, 
here, a case where the logarithm likelihood is used will be 
described. The searching unit 108 may calculate the loga 
rithm likelihood of voice and non-voice based on the follow 
ing Formula 4, for example. 

it. 1 (Formula 4) logly, 0) = -log2(f) - X (y(i)-a) 
i=0 

0070 Here, log L (y: 0) is the logarithm likelihood of 
Voice (non-voice) when pattern row y of Voice (non-voice) is 
given, and y (i) is the feature value used for voice recognition 
(the Voice recognition feature value). In addition, LL and O 
(they are collectively expressed as 0) are parameters set for 
each model. Meanwhile, here, a numerical value of n may be 
n=1. As above, the searching unit 108 calculates the likeli 
hood of voice and the likelihood of non-voice based on the 
voice recognition feature value. Meanwhile, in the above 
mentioned description, a case where the searching unit 108 
calculates the logarithm likelihood as likelihood has been 
described. However, a content calculated as likelihood is not 
limited to the logarithm likelihood. 
0071. Here, the logarithm likelihood between the time 
series of the feature value for each frame and a model which 
expresses each Vocabulary/phoneme included in the above 
mentioned Vocabulary/phoneme model is represented as LS 
(, t). J shows one state of each Vocabulary/phoneme model. 
By Formula 5 illustrated below, the searching unit 108 cor 
rects the logarithm likelihood LS (, t) using an offset which 
the offset calculating unit 104 has calculated. 

0072 Also, the logarithm likelihood between the time 
series of the feature value for each frame and a model which 
expresses each piece of non-voice included in the above 
mentioned non-voice model is represented as Ln (, t). J shows 
one state of the non-voice model. At that time, by Formula 6 
illustrated below, the searching unit 108 corrects the loga 
rithm likelihood Lin (, t) using the offset which the offset 
calculating unit 104 has calculated. 

(Formula 5) 

0073. By searching for the pattern of vocabulary or a pho 
neme of voice with which the logarithm likelihood becomes 
biggest among time series of the corrected logarithm likeli 
hoods, the searching unit 108 searches for the word sequence 
corresponding to the time series of the input sound data Such 
as voice 3C illustrated in FIG. 3. Alternatively, by searching 

(Formula 6) 
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for a pattern of non-voice with which the logarithm likelihood 
becomes biggest among time series of the corrected loga 
rithm likelihoods, the searching unit 108 searches for the 
word sequence corresponding to the time series of the input 
sound data like voice 3C illustrated in FIG. 3. For example, 
when the above-mentioned Formula 4 is used, the searching 
unit 108 obtains a numerical value of 0 which maximizes a 
numerical value of log L (y; 0). At that time, the searching unit 
108 segments a section during which the corrected logarithm 
likelihood of the vocabulary/phoneme model is larger than 
the corrected logarithm likelihood of a non-voice model as 
the second voice section. The example shown in FIG.3 indi 
cates that the searching unit 108 has segmented a portion 
where the dashed line segments as the second Voice section 
L2. 

0074 As above, the searching unit 108 calculates the loga 
rithm likelihood LS and Lin, and corrects the calculated loga 
rithm likelihood LS and Ln using an offset of likelihood. 
Then, the searching unit 108 segments a section during which 
the corrected LS and Ln meet LS (, t) Lin (, t) as the second 
Voice section. 

0075 Meanwhile, in the above description, a case where 
the searching unit 108 calculates the logarithm likelihood 
using Formula 4 to discriminate the second Voice section has 
been described. However, the searching unit 108 may dis 
criminate the second Voice section using a method such as A* 
search and beam search. That is, a score calculated by an A* 
search and a beam search when using a model expressing 
Vocabulary and a phoneme and a model expressing non-voice 
is likelihood about a voice and a non-voice. Therefore, the 
searching unit 108 may discriminate a section during which a 
calculated score of voice is higher thana Score of non-voice as 
the second Voice section. 
0076 Next, the parameter updating unit 109 compares the 

first voice section which the voice segmentation unit 103 has 
segmented and the second Voice section which the searching 
unit 108 has segmented, and updates a numerical value of the 
threshold value 0 which is a parameter used by the voice 
segmentation unit 103 (Step S106). Specifically, according to 
the length of the first voice section and the length of the 
second voice section, the parameter updating unit 109 
updates a numerical value of the threshold value 0 for deter 
mining the first voice section. 
0077. Hereinafter, operations in which the parameter 
updating unit 109 updates a numerical value of the threshold 
value 0 will be described using FIG. 4 and FIG. 5. FIG. 4 is an 
explanatory drawing showing an example when the first voice 
section is longer than the second voice section. FIG. 5 is an 
explanatory drawing showing an example when the first voice 
section is shorter than the second Voice section. As illustrated 
in FIG. 4, when length L1 of the first voice section is longer 
than length L2 of the second Voice section, the parameter 
updating unit 109 updates the threshold value 0 such that it 
becomes larger. On the contrary, when the length L1 of the 
first voice section is shorter than the length L2 of the second 
voice section as illustrated in FIG. 5, the parameter updating 
unit 109 updates the threshold value 0 such that it becomes 
smaller. Specifically, the parameter updating unit 109 updates 
the threshold value 0 using Formula 7 illustrated below. 

06-0+e(L2-L1) 

0078 Here, e is a positive numerical value which indicates 
a step size and is a parameter for adjusting an amount by 
which the threshold value 0 is changed by one time of update. 

(Formula 7) 
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0079. In the above description, a case where the parameter 
updating unit 109 updates the threshold value 0 based on the 
lengths of voice sections has been described. Alternatively, 
the parameter updating unit 109 may update the threshold 
value 0 based on length of the non-voice section. In this case, 
the Voice segmentation unit 103 segments a section during 
which the voice feature value is smaller than the threshold 
value 0 as the first voice section. The searching unit 108 
segments a section where the corrected likelihood Ln about 
non-voice is higher than the corrected likelihood Ls about 
Voice as the second Voice section. 
0080. Also, in the above-mentioned description, a case 
where the parameter updating unit 109 updates a numerical 
value of the threshold value 0 according to a difference 
between lengths of voice sections has been described. Alter 
natively, the parameter updating unit 109 may segments mag 
nitude relation between lengths of Voice sections or of non 
voice sections, and update the threshold value 0 by a 
numerical value set in advance according to the magnitude 
relation. 
I0081 For example, in a case where the length L2 of the 
second voice section>the length L1 of the first voice section, 
the parameter updating unit 109 may perform correction such 
that 0<-+0+e, and in a case where the length L2 of the second 
voice section<the length L1 of the first voice section, it may 
perform correction such that 0<-0-e. 
0082 For each utterance or each time one voice section is 
segmented, for example, the parameter updating unit 109 
updates the threshold value 0. However, timing when the 
parameter updating unit 109 updates the threshold value 0 is 
not limited to the above timing. For example, the parameter 
updating unit 109 may update the threshold value 0 in 
response to an instruction of a speaker. Then the parameter 
updating unit 109 repeats the processing of steps S101-S106 
for the next utterance or for the next Voice section using the 
updated threshold value 0. 
I0083. Meanwhile, the parameter updating unit 109 may 
perform processing of Steps S102-S106 for identical utter 
ance using the updated threshold value 0. Also, the parameter 
updating unit 109 may repeat processing of S102-Step S106 
for identical utterance not only once but a plurality of times. 
I0084. Next, an effect in this exemplary embodiment will 
be described. As above, in the Voice recognition apparatus in 
this exemplary embodiment, the voice segmentation unit 103 
calculates the feature value indicating possibility of being 
voice based on the time-series input sound data. Further, the 
voice segmentation unit 103 compares the threshold value 0 
and the feature value which indicates possibility of being 
Voice, and segments a section of Voice (or a section of non 
Voice) to determine the first voice section. Also, the searching 
unit 108 determines the second voice section based on the 
likelihood of voice and the likelihood of non-voice that are 
calculated based on the feature value used for Voice recogni 
tion. Then the parameter updating unit 109 updates the 
threshold value 0 according to a difference between the length 
of the first voice section and the length of the second voice 
section. The voice segmentation unit 103 determines the first 
voice section using the updated threshold value 0. By such 
structure, the Voice recognition apparatus can Suppress bad 
influence of Sounds other than a recognition object and esti 
mate an utterance section to be a target correctly. Addition 
ally, the offset calculating unit 104 calculates an offset of the 
likelihood from the feature value which indicates possibility 
of being voice and the threshold value 0. Then, the searching 
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unit 108 identifies voices based on the likelihood corrected by 
the offset. Therefore, the searching unit 108 recognizes the 
Voices to be the recognition object correctly, and it becomes 
easy to discriminate the others as the non-voices. In this way, 
Voice recognition that is robust against noise is realized. 
0085 Moreover, the parameter updating unit 109 com 
pares the first voice section and the second Voice section, and 
updates the threshold value used by the Voice segmentation 
unit 103 based on the comparison result. Therefore, even in a 
case where the threshold value is not set properly to a noise 
environment and a case where the noise environment fluctu 
ate according to time, Voice recognition that is more robust 
against noise can be realized because an offset of the likeli 
hood can be obtained correctly. 
I0086 Generally, the searching unit 108 can discriminate 
the Voice section correctly in comparison with the Voice seg 
mentation unit 103. This is because the searching unit 108 
segments the Voice section using more information Such as a 
Vocabulary/phoneme model and a non-voice model. In con 
trast, because the Voice segmentation unit 103 segments the 
Voice section using the threshold values among which opti 
mum values are different according to a situation of noise, 
there is a high possibility that an error is mixed. Because, in 
the Voice recognition apparatus in this exemplary embodi 
ment, in order to make the first voice section which the voice 
segmentation unit 103 has segmented more correct, the 
parameter updating unit 109 updates the threshold value 
using the second Voice section segmented by the searching 
unit 108. Therefore, the voice segmentation unit 103 can 
perform more highly accurate search to the next utterance. 
From the above, the object of the present invention can be 
achieved. 

Exemplary Embodiment 2 
0087 Next, the second exemplary embodiment according 
to the present invention will be described. FIG. 6 is a block 
diagram showing an example of the Voice recognition system 
in the second exemplary embodiment of the present inven 
tion. Meanwhile, codes identical with those of FIG. 1 are 
attached to the same structures as those of the first exemplary 
embodiment, and description will be omitted. The voice rec 
ognition system in the present invention includes the micro 
phone 101, the framing unit 102, a Voice segmentation unit 
113, the offset calculating unit 104, the feature value calcu 
lating unit 105, the non-voice model storage unit 106, the 
Vocabulary/phoneme model storage unit 107, the searching 
unit 108 and a parameter updating unit 119. That is, the voice 
recognition system in the second exemplary embodiment 
includes the voice segmentation unit 113 instead of the voice 
segmentation unit 103 of the structure of the voice recogni 
tion system in the first exemplary embodiment, and includes 
the parameter updating unit 119 instead of the parameter 
updating unit 109, respectively, as illustrated in FIG. 6. 
0088. The voice segmentation unit 113 calculates a feature 
value which indicates possibility of being voice (that is, a 
Voice feature value) based on the time-series input Sound data. 
Then, the voice segmentation unit 113 compares the thresh 
old value 0 for classifying an input sound into a Voice or a 
non-voice and the Voice feature value, and determines a sec 
tion made by adding a margin (hereinafter, referred to as 
margin m) before and after a section of Voice or a section of 
non-voice determined based on the threshold value 0 as the 
first voice section. Specifically, the Voice segmentation unit 
113 determines a section made by adding the margin m before 
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and after a section during which the feature value indicating 
possibility of being voice is larger than the threshold value 0 
as the first voice section. Thus, the Voice segmentation unit 
113 segments a section made by adding the margin to a 
section of Voice during which the feature value indicating 
possibility of being voice is larger than the threshold value 0 
as the first voice section. A numerical value of the threshold 
value 0 may be a fixed value set in advance, or may be a 
numerical value updated as needed as shown in the first exem 
plary embodiment. In the following description, as a numeri 
cal value of the threshold value 0, it is supposed that a fixed 
value set in advance is used. 
I0089. The parameter updating unit 119 updates the margin 
m according to a difference between the length of the first 
Voice section and the length of the second Voice section. That 
is, the parameter updating unit 119 compares the first voice 
section and the second Voice section, and updates length of 
the margin mused by the Voice segmentation unit 113. At that 
time, the voice segmentation unit 113 determines the first 
Voice section using the updated margin m. Thus, the Voice 
segmentation unit 113 determines the first voice section using 
a numerical value (parameter) which the parameter updating 
unit 119 updates. Margin mupdated by the parameter updat 
ing unit 119 is a parameter to be used when the voice seg 
mentation unit 113 determines the first voice section. 
0090 The other structures (the microphone 101, the fram 
ing unit 102, the offset calculating unit 104, the feature value 
calculating unit 105, the non-voice model storage unit 106, 
the vocabulary/phoneme model storage unit 107 and the 
searching unit 108) are the same as those of the first exem 
plary embodiment. 
0091. The framing unit 102, the voice segmentation unit 
113, the offset calculating unit 104, the feature value calcu 
lating unit 105, the searching unit 108 and the parameter 
updating unit 119 are realized by a CPU of a computer which 
operates according to a program (a voice recognition pro 
gram). Also, each of the framing unit 102, the Voice segmen 
tation unit 113, the offset calculating unit 104, the feature 
value calculating unit 105, the searching unit 108 and the 
parameter updating unit 119 may be realized by dedicated 
hardware. 
0092 Next, operations of this exemplary embodiment will 
be described using FIG. 6 and FIG. 2. Operations in this 
exemplary embodiment are different from the operations of 
the first exemplary embodiment in a point that Step S102 and 
Step S106 in FIG. 2 are modified. 
0093. The framing unit 102 performs clipping of an input 
sound garnered by the microphone 101 for each frame (Step 
S101). 
0094. Next, the voice segmentation unit 113 calculates the 
feature value (that is, the voice feature value) which indicates 
possibility of being Voice of input sound data clipped out for 
each frame. A method to calculate the feature value which 
indicates possibility of being Voice is the same as that of the 
first exemplary embodiment. Next, the Voice segmentation 
unit 113 compares the feature value which indicates possibil 
ity of being voice and the threshold value 0, and obtains a 
temporary voice section. A method to obtain the temporary 
voice section is similar to the method to obtain the first voice 
section in the first exemplary embodiment. For example, the 
Voice segmentation unit 113 makes a section during which the 
feature value which indicates possibility of being voice is 
larger than the threshold value 0 as the temporary voice sec 
tion. Then, the Voice segmentation unit 113 segments a sec 
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tion made by giving the margin m before and after the tem 
porary voice section as the first voice section (Step S102). 
0095 FIG. 7 is an explanatory drawing showing an 
example in which the margin is given to the temporary voice 
section. In the example shown in FIG. 7, first, the voice 
segmentation unit 113 compares the feature value indicated 
by time series 7A with the threshold value 0, and makes a part 
where the feature value is larger than the threshold value 0 as 
a voice section 71 and a voice section 72 that are temporal. 
Here, the Voice segmentation unit 113 segments a section 
made by adding, as the margin, a margin 73a, a margin 73b 
and a margin 73c before and after the temporary voice sec 
tions as the first voice section. 
0096 Henceforth, processing in which the offset calculat 
ing unit 104 calculates the offset of the likelihood, and the 
feature value calculating unit 105 calculates the feature value 
used for Voice recognition, and processing in which the 
searching unit 108 searches for the word sequence and seg 
ments the second Voice section is similar to the processing of 
Steps S103-S105 in the first exemplary embodiment. 
0097 Next, the parameter updating unit 119 compares the 

first voice section which the voice segmentation unit 113 has 
determined and the second Voice section which the searching 
unit 108 has determined, and updates a numerical value of the 
margin m which is a parameter used by the Voice segmenta 
tion unit 113 (Step S106). Here, according to the length of the 
first voice section and the length of the second Voice section, 
the parameter updating unit 119 updates a numerical value of 
the margin m to be given to a temporary Voice Section. 
0098. Hereinafter, using FIG. 4 and FIG. 5, operations by 
which the parameter updating unit 119 updates a numerical 
value of the margin m will be described. As illustrated in FIG. 
4, when the length L1 of the first voice section is longer than 
the length L2 of the second Voice section, the parameter 
updating unit 119 updates the margin m so that it may become 
shorter. On the contrary, when the length L1 of the first voice 
section is shorter than the length L2 of the second voice 
section as illustrated in FIG. 5, the parameter updating unit 
119 updates the margin m so that it may become longer. 
Specifically, the parameter updating unit 119 updates the 
margin musing Formula 8 illustrated below. 

0099. Here, e is a positive numerical value which indicates 
a step size, and is a parameter for adjusting an amount by 
which the length of the margin m is changed by one time of 
update. 
0100. In the above-mentioned description, a case where 
the parameter updating unit 119 updates the margin m based 
on the lengths of voice sections has been described. Alterna 
tively, the parameter updating unit 119 may update the margin 
m based on the lengths of non-voice sections. In this case, the 
Voice segmentation unit 113 should just discriminate a first 
Voice section made by giving the margin m to the temporary 
Voice section which is a section of Voice during which the 
threshold value 0 is not exceeded, and the searching unit 108 
should just discriminate a section during which the corrected 
likelihood Ln about non-voice is higher than the corrected 
likelihood LS about voice as the second voice section. 
0101 The parameter updating unit 119 may updates not 
only the length of the margin m but also the value of the 
threshold value 0 in the first exemplary embodiment together. 
Specifically, when the length of the first voice section is 
longer than the length of the second Voice section, the param 

(Formula 8) 
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eter updating unit 119 updates the length of the margin m in 
a manner to make it shorter and updates the value of the 
threshold value 0 in a manner to make it increased. When the 
length of the first voice section is shorter than the length of the 
second Voice section, the parameter updating unit 119 
updates the length of the margin m in a manner to make it 
longer and updates the numerical value of the threshold value 
0 in a manner to make it decreased. Meanwhile, a method to 
update the threshold value is similar to a method described in 
the first exemplary embodiment. 
0102 Also, in the above-mentioned description, a case 
where the parameter updating unit 119 updates the margin m 
according to a difference in lengths of voice sections has been 
described. Alternatively, the parameter updating unit 119 may 
segments magnitude relation between the lengths of Voice 
sections or non-voice sections, and update the margin m by a 
numerical value set in advance according to the magnitude 
relation. 
0103 For example, the parameter updating unit 119 may 
perform correction such that me-m-i-e when length L2 of the 
second Voice section>length L1 of the first voice section, and 
perform correction such that me-m-e when the length L2 of 
the second voice section<the length L1 of the first voice 
section. 
0104. The parameter updating unit 119 updates the margin 
m taking timing of each utterance or completion of discrimi 
nation of one Voice section as a trigger, for example. How 
ever, timing when the parameter updating unit 119 updates 
the margin m is not limited to the above timing. For example, 
the parameter updating unit 119 may update the margin m 
according to an instruction of a speaker. Then the parameter 
updating unit 119 repeats processing of steps S101-S106 for 
the next utterance and the next Voice section using the updated 
margin m. 
0105 Meanwhile, the parameter updating unit 119 may 
perform processing of Steps S102 to S106 for identical utter 
ance using the updated margin m. The parameter updating 
unit 119 may repeat processing of S102-Step S106 for iden 
tical utterance not only once but a plurality of times. 
0106 Next, an effect in this exemplary embodiment will 
be described. As above, in the Voice recognition apparatus in 
this exemplary embodiment, the Voice segmentation unit 113 
determines a section made by adding the margin m before and 
after a section during which the Voice feature value is larger 
than the threshold value 0 as the first voice section. The 
parameter updating unit 119 updates the length of the margin 
m to be added before and after a section. Then, the voice 
segmentation unit 113 determines a section made by adding 
the updated margin m before and after a section as the first 
voice section. Also by a structure like the above, the voice 
recognition apparatus can Suppress negative influence of 
Sounds other than the recognition object and estimate the 
utterance section to be the target correctly. 
0107 Because power of a consonant is generally smaller 
than that of a vowel, and it is easy to be confused with noise, 
there is a tendency that the front and rear of a voice section is 
lacked. Thus, by making a voice section which tends to lack 
its front and rear be a temporary voice section, and giving the 
margin m to this temporary voice section, the Voice recogni 
tion apparatus can prevent lacking of Voice. 
0.108 Meanwhile, when the length of the margin m is set 
too long, there is a risk that sounds other than an object of 
Voice recognition may be recognized as Voice. Therefore, it is 
desired that the length of the margin m is set appropriately 

Google Exhibit 1005 - Google v. CSI 
IPR2025-00875 - Page 0020



US 2012/0239.401 A1 

according to a background noise. Because, in the Voice rec 
ognition apparatus in this exemplary embodiment, the param 
eter updating unit 119 updates the length of the margin m 
appropriately based on the length of the first voice section and 
the length of the second Voice section, Voice recognition that 
is robust against noise can be realized, and thus the object of 
the present invention can be achieved. 
0109 The Minimum Configuration 
0110. Next, an example of the minimum configuration of 
the Voice recognition system according to the present inven 
tion will be described. FIG. 8 is a block diagram showing the 
example of the minimum configuration of the Voice recogni 
tion system according to the present invention. The Voice 
recognition system according to the present invention 
includes: a voice discrimination means 81 (the Voice segmen 
tation unit 103, for example) for calculating a voice feature 
value which is a feature value indicating possibility of being 
a voice (amplitude power, for example) based on a time-series 
input sound data (input Sound data clipped out for each frame, 
for example), segmenting, by comparing the threshold value 
set as a numerical value for classifying an input Sound into a 
voice and a non-voice (the threshold value 0, for example) 
and the Voice feature value, a section of Voice (a section 
during which the voice feature value is larger than the thresh 
old value 0, for example) or a section of non-voice (a section 
during which the voice feature value is smaller than the 
threshold value 0, for example), and determining those sec 
tions or sections made by adding the margin (the margin m, 
for example) of designated length before and after those 
original sections as the first voice section; a search means 82 
(the searching unit 108, for example) for determining, based 
on the likelihood of voice and the likelihood of non-voice 
calculated based on a voice recognition feature value which is 
the feature value used for voice recognition (calculated using 
Formula 4, for example), the section to be the target of the 
voice recognition (a section where the likelihood of voice is 
higher than the likelihood of non-voice, for example) as the 
second Voice section; and a parameter update means 83 (the 
parameter updating unit 109 and the parameter updating unit 
119, for example) for updating, according to a difference 
between the length of the first voice section and the length of 
the second voice section, at least one of the threshold value 
and the margin used when the Voice discrimination means 81 
determines the first voice section. 
0111. The voice discrimination means 81 determines the 

first voice section using the threshold value or the margin 
which has been updated by the parameter update means 83. 
0112 The voice recognition apparatus which is of the 
aforementioned constitution can Suppress negative influence 
of sounds other than the recognition object, and estimate the 
utterance section to be the target correctly. 
0113 Meanwhile, at least voice recognition systems as 
shown in the below are also disclosed in any of the exemplary 
embodiments indicated above. 
0114 (1) The voice recognition system including: a voice 
discrimination means (the Voice segmentation unit 103, for 
example) for calculating the voice feature value which is the 
feature value indicating possibility of being Voice (amplitude 
power, for example) based on the time-series input Sound data 
(input sound data clipped out for each frame, for example), 
segmenting, by comparing the threshold value set as a 
numerical value for classifying the input sound into a Voice 
and a non-voice (the threshold value 0, for example) and the 
Voice feature value, the section of voice (a section during 
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which the voice feature value is larger than the threshold 
value 0, for example) or the section of non-voice (a section 
during which the voice feature value is smaller than the 
threshold value 0, for example), and determining those sec 
tions or sections made by adding the margin (the margin m, 
for example) of the designated length before and after those 
original sections as the first voice section; a search means (the 
searching unit 108, for example) for determining, based on 
the likelihood of voice and the likelihood of non-voice calcu 
lated based on the voice recognition feature value which is the 
feature value used for Voice recognition (for example, one 
calculated using Formula 4), the section to be the target of the 
voice recognition (a section where the likelihood of voice is 
higher than the likelihood of non-voice, for example) as the 
second Voice section; a parameter update means (the param 
eter updating unit 109 and the parameter updating unit 119, 
for example) for updating, according to a difference between 
the length of the first voice section and the length of the 
second Voice section, at least one of the threshold value and 
the margin used when the Voice discrimination means deter 
mines the first voice section; and the Voice discrimination 
means determining the first voice section using the threshold 
value or the margin which have been updated by the param 
eter update means. 
0115 (2) The voice recognition system, wherein the 
parameter updating means increases the threshold value 
when the length of the first voice section is longer than the 
length of the second Voice section, and decreases the thresh 
old value when the length of the first voice section is shorter 
than the length of the second Voice section. 
0116 (3) The voice recognition system, wherein the 
parameter updating means shorten the length of the margin 
when the length of the first voice section is longer than the 
length of the second Voice section, and lengthen the length of 
the margin when the length of the first voice section is shorter 
than the length of the second Voice section. 
0117 (4) The voice recognition system, including: 
Vocabulary phoneme model storage means (the Vocabulary/ 
phoneme model storage unit 107, for example) for storing the 
Vocabulary and phoneme model representing the pattern of 
one of vocabulary and the phoneme of voice to be the target of 
the Voice recognition; non-voice model storage means (the 
non-voice model storage unit 106, for example) for storing 
the non-voice model representing the pattern of non-voice to 
be the target of the Voice recognition, wherein the search 
means calculates, based on the Voice recognition feature 
value, the likelihood of the vocabulary phoneme model which 
is the likelihood of voice and the likelihood of the non-voice 
model which is the likelihood of non-voice, searches for, 
when the maximum value of the likelihood of voice is larger 
than a maximum value of the likelihood of non-voice, the 
pattern of one of vocabulary and the phoneme of voice by 
which the likelihood of Voice becomes biggest, and searches 
for, when the maximum value of the likelihood of non-voice 
is larger than the maximum value of the likelihood of voice, 
the pattern of non-voice by which the likelihood of non-voice 
becomes biggest. 
0118 (5) The voice recognition system, comprising: off 
set calculating means (the searching unit 108, for example) 
for calculating, according to a difference between the Voice 
feature value and the threshold value, the offset used as a 
value to correctat least one likelihood of the likelihood of the 
vocabulary phoneme model and the likelihood of the non 
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Voice model; and the search means segmenting the second 
voice section based on the likelihood corrected based on the 
offset. 
0119 (6) The voice recognition system, wherein the offset 
calculating means calculates a value made by Subtracting the 
threshold value from the voice feature value as the offset of 
the likelihood of the vocabulary phoneme model (for 
example, the offset is calculated using Formula 2), and cal 
culates a value made by Subtracting the Voice feature value 
from the threshold value as the offset of the likelihood of the 
non-voice model (for example, the offset is calculated using 
Formula 3). 
0120 (7) The voice segmenting means, wherein the voice 
segmenting means calculates, based on the time-series input 
Sound data, one of amplitude power, the signal-to-noise ratio, 
the number of Zero crossings, one of the likelihood ratio on 
the Gaussian mixture distribution model and the pitch fre 
quency based, or combinations of these as the Voice feature 
value. 
0121 (8) A voice recognition system according to the 
present invention includes voice segmentation means for cal 
culating voice segmentation feature values for sequential 
units of input Sound, classifying Voice units and non-voice 
units by comparing a threshold value and said Voice segmen 
tation feature values, merging connected Voice units into one 
of Voice section, value and determining one of said Voice 
section and a section made by adding a margin of designated 
length before and after said original voice section as a first 
Voice Section; search means for determining a section to be a 
target of voice recognition as a second Voice section based on 
likelihoods of voice and likelihoods of non-voice calculated 
based on Voice recognition feature values; and parameter 
updating means for updating at least one of said threshold 
value and said margin used upon said Voice segmentation 
means determining the first voice section according to a dif 
ference between length of said first voice section and length 
of said second Voice section. 
0122 (9) A voice recognition method according to the 
present invention calculates voice feature values for sequen 
tial units of input Sound; classifies Voice units and non-voice 
units by comparing a threshold value and said Voice segmen 
tation feature values, merges connected Voice units into one 
of Voice section, determines one of said Voice section and a 
section made by adding a margin of designated length before 
and after said original voice section as a first voice section; 
determines a section to be a target of a Voice recognition as a 
second Voice section based on likelihoods of voice and like 
lihoods of non-voice calculated based on Voice recognition 
feature values; and, updates at least one of said threshold 
value and said margin used upon determining said first voice 
section according to a difference between length of said first 
Voice section and length of said second Voice section. 
0123 (10) A voice recognition program stored in a pro 
gram recording medium according to the present invention 
causes a computer to execute voice segmentation processing 
for calculating Voice feature values for sequential units of 
input Sound, classifying Voice units and non-voice units by 
comparing a threshold value and said Voice segmentation 
feature values, merging connected Voice units into one of 
Voice section, and determining one of said Voice section and 
a section made by adding a margin of designated length 
before and after said Voice section as a first voice section; 
search processing for determining a section to be a target of a 
Voice recognition as a second Voice section based on likeli 
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hoods of voice and likelihoods of non-voice calculated based 
on Voice recognition feature values; and, parameter updating 
processing for updating at least one of said threshold value 
and said margin used upon determining said first voice sec 
tion according to a difference between length of said first 
Voice section and length of said second Voice section. 
0.124. Although the present invention has been described 
with reference to the exemplary embodiments above, the 
present invention is not limited to the above-mentioned exem 
plary embodiments. Various modifications which a person 
skilled in the art can understand can be made in the compo 
sition and details of the present invention within the scope of 
the present invention. 
0.125. This application claims priority based on Japanese 
application Japanese Patent Application No. 2009-280927 
filed on Dec. 10, 2009, the disclosure of which is incorporated 
herein in its entirety. 

DESCRIPTION OF THE REFERENCE 
NUMERALS 

(0.126 101 Microphone 
(O127 102 Framing unit 
0128 103,113 Voice segmentation unit 
0129. 104 Feature value calculating unit 
0130 105 Feature value calculating unit 
0131 106 Non-voice model storage unit 
0132) 107 Vocabulary/phoneme model storage unit 
0133) 108 Searching unit 
0134) 109,119 Parameter updating unit 

1-9. (canceled) 
10. A Voice recognition system, comprising: 
Voice segmentation unit which calculates a voice feature 

value based on time-series input Sound data, segmenting 
one of a section of Voice of said time-series input Sound 
data and a section of non-voice of said time-series input 
Sound data by comparing a threshold value and said 
Voice feature value, and determining one of said section 
and a section made by adding a margin of designated 
length before and after said original section as a first 
Voice section; 

search unit which determines a section to be a target of a 
Voice recognition as a second Voice section based on a 
likelihood of voice and a likelihood of non-voice calcu 
lated based on a Voice recognition feature value; 

parameter updating unit which updates at least one of said 
threshold value and said margin used upon said Voice 
segmentation unit determining the first voice section 
according to a difference between length of said first 
Voice section and length of said corresponding second 
Voice section; and 

said Voice segmentation unit which determines the first 
Voice section using one of the threshold value and the 
margin updated by said parameter updating unit. 

11. The Voice recognition system according to claim 10, 
wherein 

said parameter updating unit increases said threshold value 
when the length of said first voice section is longer than 
the length of said second Voice section, and decreases 
said threshold value when the length of said first voice 
section is shorter than the length of said second Voice 
section. 
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12. The Voice recognition system according to claim 10, 
wherein 

said parameter updating unit shortens length of said margin 
when the length of said first voice section is longer than 
the length of said second Voice section, and lengthen 
length of said margin when the length of said first voice 
section is shorter than the length of said second Voice 
section. 

13. The Voice recognition system according to any one of 
claims 10, further comprising: 

Vocabulary phoneme model storage unit which stores a 
Vocabulary and phoneme model representing a pattern 
of one of vocabulary and a phoneme of voice to be the 
target of Voice recognition; 

non-voice model storage unit which stores a non-voice 
model representing a pattern of non-voice to be a target 
of Voice recognition, wherein 

said search unit calculates, based on said Voice recognition 
feature value, a likelihood of said vocabulary phoneme 
model which is the likelihood of voice and a likelihood 
of said non-voice model which is the likelihood of non 
Voice, searches for, when a maximum value of said 
likelihood of Voice is larger than a maximum value of 
said likelihood of non-voice, a pattern of one of vocabu 
lary and a phoneme of voice by which said likelihood of 
Voice becomes biggest, and searches for, when the maxi 
mum value of said likelihood of non-voice is larger than 
the maximum value of the likelihood of voice, a pattern 
of non-voice by which said likelihood of non-voice 
becomes biggest. 

14. The Voice recognition system according to claim 13, 
comprising: 

offset calculating unit which calculates, according to a 
difference between said voice feature value and said 
threshold value, an offset of at least one likelihood of the 
likelihood of said vocabulary phoneme model and the 
likelihood of said non-voice model; and 

said search unit segmenting said second Voice section 
based on likelihood corrected based on said offset. 

15. The Voice recognition system according to claim 14. 
wherein 

said offset calculating unit calculates a value made by 
subtracting said threshold value from said voice feature 
value as said offset of the likelihood of said vocabulary 
phoneme model, and calculates a value made by Sub 
tracting said voice feature value from said threshold 
value as said offset of a likelihood of said non-voice 
model. 

16. The Voice recognition system according to claim 10, 
wherein 

said Voice segmentation unit calculates, based on said 
time-series input sound data, one of amplitude power, a 
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signal-to-noise ratio, a number of Zero crossings, one of 
alikelihood ratio and a pitch frequency based on a gauss 
mixture distribution model, and combinations of these 
as the voice feature value. 

17. A voice recognition method: 
calculates a voice feature value based on time-series input 

Sound data; 
segments one of a section of voice of said time-series input 

Sound data and a section of non-voice of said time-series 
input sound data by comparing a threshold value and 
said Voice feature value; determines one of said section 
and a section made by adding a margin of designated 
length before and after said original section as a first 
Voice section; 

determines a section to be a target of a Voice recognition as 
a second Voice section based on a likelihood of voice and 
a likelihood of non-voice calculated based on a voice 
recognition feature value; 

updates at least one of said threshold value and said margin 
used upon determining said first voice section according 
to a difference between length of said first voice section 
and length of said corresponding second Voice section; 
and, 

upon segmenting said first voice section, determines a first 
Voice section using one of the updated threshold value 
and the margin. 

18. A non-transitory computer-readable program record 
ing medium for storing a voice recognition program causing 

a computer to execute: 
Voice segmenting processing for calculating a Voice feature 

value based on time-series input Sound data, segmenting 
one of a section of Voice of said time-series input Sound 
data and a section of non-voice of said time-series input 
Sound data by comparing a threshold value and said 
Voice feature value, and determining one of said section 
and a section made by adding a margin of designated 
length before and after said section as a first voice Sec 
tion; 

search processing for determining a section to be a target of 
a voice recognition as a second Voice section based on a 
likelihood of voice and a likelihood of non-voice calcu 
lated based on a Voice recognition feature value; 

parameter updating processing for updating at least one of 
said threshold value and said margin used upon deter 
mining said first voice section according to a difference 
between length of said first voice section and length of 
said corresponding second Voice section; and, 

in said Voice segmenting processing, making the first voice 
section be determined using one of the threshold value 
and the margin updated in said parameter updating 
processing. 
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