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SPECIFICATION

TITLE OF THE INVENTION
SPEECH RECOGNIZER

TECHNICAL FIELD

The presenf iﬁvention relates to a speech recognizer
and a speech recognition method capable of recognizing
speech consisting of a mixed vocabulary of registered words
unique to a particular person and generic words common to

unspecified persons.

BACKGROUNDIART

A technology for recognizing registered words unique
to a particular person is generally called a specific
speaker speech recognition. In the specific speaker speech
recognition, a task is done whereby a particular person
registers his or her voice of words he or she wants
recognized. Specifically, this task involves converting
speech samples of words, ﬁhich the speaker generates iﬁ
advance'by uttering these words,linto a sequence of feature
parameters (called templates) and accumulating the sequence
glong with word labels into a storage device such as memory

or hard disk. Among known methods of converting speech

- samples into a sequence of feature paraﬁeters are a

cepstrum analysis and a 1ineér prediction analysis. They

are detailed in "Digital Signal Processing of Speech/Sound



10

15

20

25

Information" (by K. Kano, T. Nakamura and S. Ise, published
by Shokodo). The specific speaker speech. recognition
matches a feature parameter sequence converted from the
input speech against the feature parameter sequence stored
in the storage device and outputs, as a recognition result,
a word label that has a feature parameter sequence most
similar to the one converted from the input speech.

A widely used method of comparing the feature
parameter sequence stored in the storagé device and the
feature parameter sequence converted from the input speech '
is dynamic time warping (DTW) based on dynamic programming.
This method is detailed in the "Digital Signal Processing
of Speech/Sound Information.' |

A technology for recognizing generic words common to
unspecified persons is generally called an unspecified
speaker speech recognition. In the unspecified speaker
speech recognition, information on feature parameters of
generic words common to unspecified speakers is stored in
advance in a storage device, and thus there is no need to
register the speech of words the user wants recognized as
is required in the specific speaker speech recognition.
Known methods of converting speech samples into a sequence
of feature parameters include a cepstrum analysis and a
linear ptediction analysis as in the specific speaker
speech recognition. Generating information on feature
parameters of generic wqrds common to unspecified speakers

and comparing this information and the feature parameter
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sequence converted £rom fhe input speech are generally
performed by a method using a Hidden Markov Model (HMM).
The unspecified speaker speech recognition is also
detaliled in the "Digital Signal Processing of Speech/Sound
Information.” In the case of Japanese language, for
example, it is assumed that speech gnits aﬁe each composed
of a set of phonemes, which are described in chapter 2 of
the "Digital Signal Processing of Speech/Sound Information”,
and that individual phonemes are modeled by HMM. Table 1

shows a list of labels of phoneme set.

Table 1
Vowel a, i, u, e, o
Fricative £, z, s, zh, sh, h
Plosive- dz, ts, dh, ch
fricative
Plosive b, p,. 4, £, g, k
Half-vowel W, r, Y
Nasal m, nh, ng

A phonetic sound of "CD" for instance can be modeled
with a network of phoneme labels common to speakers
(referred to as a generic word label sequence), as shown in
Fig. 2A.

A phonetic sound of "MD" for instance can be modeled
with a generic word label sequence shown in Fig. 2B. By
preparing phoneme model data based on HMM and generic word
labél sequences, a person skilled in the art can construct
an unspecified speaker speech recognizer using the Viterbi
algorithm, which is described in chapter 4 of the "Digital

Signal Processing of Speech/Sound Information.”
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In the speech recognizer, there is a need for a
function to identify a mixed vocabulary made up of
registered words unique to a particular speaker and generic
words common to unspecifled speakers. For example, in car
audio equipment, there is a need to control such devices as
"CD" and "MD" with voice commands for safety reasons.
Because these device names can be set commonly by
unspecified speakers, this requirement can be met by the
unspeclfied speaker speech recognition technology, and
eliminates the registration process required by the
specific speaker speech recognition technology. This is
advantageous in terms of user interface. .

There is.also a need for a capability to select and
play a desired one of a plurality of CDs inserted in a CD
changer. In this case, titles and singer names of the CDs
inserted in the CD changer are considered to differ
depending on the user. Thus, the specific speaker speech
recognition technology, rather than the conventional
unspecified speaker speech recognition, must be applied.
That 1s, the user needs to register through voice the title
names and éinger names of the CDs to be inserted in the CD
changer in advance. If speech recognition can be performed
on a mixed vocabulary consisting of device names such as
"CD" or "MD" and CD fitle names and singer names, there is
no need to switch between a mode that can identify the
generic words common to unspecified speakers, such as “CD”

or "MD", and a mode that can identify the registered words
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unigque to a particular speaker, such as-CD title names and
singer names. This is considered to be able to provide a
user-friendly speech recognition function.

The specific speaker speech recognition has mostly
used a DTW-based technique and the unspecified speaker
speech recognition an HMM-based technique. One possible
solution to the needs described above may be to combine the
DTW-based specific speaker speech recognition and the HMM-
based uﬁspecified speaker speech recognition. The measures
used in these two methods in matching the parameter
sequences of input speech against the information on the
parameter sequences of vocabulary stored in a storage
device generally diffef from each other. Hence, ;t is not

easy to decide which word -- a registered word unique to a

‘particular speaker that is determined by the DTW-based

specific speaker speech recognition as being closest to thé
input speech; or a generic word common to unspecified
speakers that'is determined by the HMM-based unspecified
speaker speech récognition as being closest to the input
speech ~-- is closer to the input voice.

In the DTW-based specific speaker speech recognition,
it is possible to realize the unspecified speaker speech
recognition by using voice of a plurality of speakers for a
generic word and storing a plurality of templates for that
word. Using the DTW in this way can meet the above-
described heeds. This method, hoﬁever, has drawbacks that

the use of a plurality of templates for each generic word
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increases the capacity of the storage device, that the time
taken by the DTW to reference a plurality of templates
increases, and that when the generic words are to be
changed, speech samples need to be collected from a large
number of speakers.

. To summarize, when the speech recognizer is mountgd
on car audio equipment, for example, while the use of the
unspecified speaker speech recognizer is advantageous for
the manufacturer because there is no need to register a
large number of speech samples of the user, it gives the
usef a disadvantage that the recognition accuracy is
slightly less than that of the specified speaker speech
recognizer.

Althdugh the specific speaker speech recognizer has a
higher recognition accuracy, it is extremely difficult for
the manufacturer to extract feature parameters from
individual users’ speech samples and store them in the
speech recognizer in advance. If the user himself
registers his speech, recording many words is very
burdensome.

Further, because the conventional method used for the
specific speaker speech recognition and the method used for
the unspecified speaker speech recognition are different in
kinds and nature, incorporating these two speech
recognition methods into a single apparatus results in an

increased size of the apparatus.
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DISCLOSURE OF THE INVENTION

. To deal with these problems, it is an object of this
invention to provide a speech recdgnizer and a speeéh
recognition method that can recognize the registered words
uttered by a specific speaker with high precision even when
an unspecified speaker'speech recognition method is used.

According to the invention, a speech recognizer is
provided for perforﬁing word recognition on input speech by
using information on models of speech units each shorter
than a word. Such speech recognizer comprises vocabulary
label network accumulation means for accumulating label
series of said speech units for generic words commonly used
t6 perform word recognition on input spéech of unspecified
speakers, registered word label serles extraction means for
generating label series of said speech units for registered
words from input speech of a particular speaker, and
registration means for registering to add to said
vocabulary label network accumulation means the registered
word labgl series thﬁs generated, wherein said speech units
are acoustic events generated by dividing a Hidden Markov
Model of phomneme into individual states. '

According to the invention, the speech recognizer may
further comprises means for registering sald generic words
with said vocabulary labgl network accumulation means.

According to the invention, in the speech recognizer,
the_label series of speech units for the generic words

commonly used for word recognition of input speech of said

I
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unspecified speakers and the generated registered word
label series may be.stored in the form 6f parallel networks
in said vocabulary label network accumulation means.
According to the invention, the speech recognizer may
further comprises means for registering said generic words
with said vocabulary label network accumulation means.
According to the invention, the manufacturer of the
speech recognizer needs only to provide label series of
generic words for unspecified users as speech recognition
data and the user can register desired words with his or
her own voice. In other words, the specific speaker speech
recognition function can be added to the unspecified
speaker spéech recognition method. It is therefére
possible to provide a speech recognizer and a speech
recognition method that are advantageous to both the user

and the manufacturer.

BRIEF DESCRIPTION OF THE DRAWINGS

Fig. 1 is a block diagram showing a system
configuration according to one embodiment of the invention.

Fig. 2A is an explanatory diagram showing a seguence
of generic word labels for “CD". '

Fig. 2B is an explanatory diagram showing a sequence
of generic word labels for "MD".

Fig. 3 is an explanatory diagram showing the content

of a phonemic network.

Fig. 4A is an explanatory diagram showing a sequence

This Sheet Has Been Replaced
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of registered word labels for "“jazz".

Fig. 4B is an explanatory diagram showing a segquence
of registered word labels for “pops”.

Fig. 5 is an explanatory diagram showiﬁg a mixed
vocabulary label network consisting of generic words and
registered words.

Fig. 6 is an explanatory diagram showing a vocabulary
label network consisting only of generic words.

Fig. 7 is an explanatory diagram showing a vocabulary
label network conslsting only of registered words.

Fig. 8 is an explanatory diagram showing a phonemic
HMM structure. . _

. Fig. 9 is an explanatory diagram showing a structufe
of an acoustic event HMM*.1.

Fig. 10 is an explanatory diagram showing a structure
of an acoustic event HMM¥*.2.

Fig. 11 is an explanatory diagram showing a structure
of an acoustic event HMM*.3.

Fig. 12 is an explanatory diagram showing an
unrestricted acoustic event network.

Fig. 13 is an explanatory diagram showing a position-

restricted acoustic event network.

BEST MODE FOR CARRYING OUT THE INVENTION
The present invention provides a speech recognizer
that can identify speech consisting of a mixed vocabulary

of registered words unique to a particular person and
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géneric words common to unspecified persons by using the
HMM that has conventionally been used in the unspecified
speaker speech recogﬁition. In the unspecified speaker
speech recognition uéing the HMM, the recognition of
generic words contained in the input speech is performed
according to the Viterbi algorithm described above by using
model data of speech units (syllables, half-syllables,
phonemes, acoustic events, etc.), series of speech unit
labels for generic words common to unspecified speakers,
and information on connections between label series for
each generic word.

If speech unit label geries for registered words
unique to a particular speaﬁer can be obtained through some
means, it is considered possible to perform recognition,
according to the Viterbi algo:ithm, on a mixed vocabulary
of the registered words unique to the particular speaker
and the generic words common to unspecified speakers by
adding the label series to the information on connections
between the label series.

The method for obtaining the label series of speech
units for the registered words unique to the particular
speaker involves using connection information, by which
speech units can be linked together in an arbitrary order
and in an arbitrary length, instead of the inter-label
series connection information for each generic word, and
obtaining all the series of speech units contained in the

input speech.

-10-
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Now, the embodiment of this invention will be
explained in detail by referring to the accompanying
drawings. Fig. 1 shows a basic configuration of one
embodiment of the invention.

_ In Fig. 1, an analog speech signal 11 entered from a
microphone (not shown) is converted into a digital signal
22 by an AD converter as an input means a. The digital
signal 22 is converted into an acoustic parameter 33 in a
predetermined frame period by a conversion means b. The
acoustic (feature) parameter may use a cepstrum described
in the "Digital Signal Processing of Speech/Sound
Information” cited above. .

(Registering Words Uttered by.Specific Speaker)

Registering words unique to a particular speaker is
done by specifying the word registration with a switch not
shown on the speech recognizer and by connecting the
conversion means b to a registered word label series
extraction means d. The specific speaker, i.e., the user
of car audio equipment connected with the speech recognizer,
enters his or her desired speech into a microphone.

The analog speech signal 11 produced by the
microphone is converted by the conversion means b into the
acoustic parameter 33, which is then sent to the registered
word label series extraction means d. The registered word
label series.extraction means 4 checks recognition data 44
accumulated in a recognition data accumulation means ¢ such

as hard disk and memory, recognizes the label series of

-11-
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speech units and converts the acoustic parameter 33 into a
registered word label series 55. The recognition data 44
stored in the recognition data accumulation means c include
two data: model data.,of speech units modeled by the Hidden
Markov Model and network data of speech unit models used to
convert the acoustic parameter 33 into the registered word
label series 55. '

As described in the preceding patent USP5,732,187,
the speech unit is considered to include syllable, half-
syllable and phoneme.

In the following, we take phonemes aé an example and
will explain the speech recognizei and speech recognition
method.for recognizing a mixed vocabulary of.generic words
common to unspecified speakers and registered words unigue
to a particular speaker. The network data of models of
speech units (omitted in this case) used to convert the
acoustic parameter 33 into the registered word label series
55 is a network representing the connections of allowable
phbnemes.

A phonemic network of Fig. 3, for instance, shows
that the 27 phonemes in Table 1 can be connected in an
arbitrary order and in an arbitrary length. By using the
data of phoneme model.according to the network data and HMM,
it is possible to convert the speech of registered words
unique to a particular speaker into phoneme label series
according the Viterbi algorithm. Fig. 4A shows an exampie

network of phoneme labels obtained from an input signal

-12-
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"jazz" uttered by a particular speaker for registration.
If the phoneme recognition rate is 100%, the speech "jazz”
should result in a phoneme label series of j+a+z+u. In
this case, the last phoneme of u becomes voiceless and is
lost.

Fig. 4B shows an example network of phoneme labels
obtained from an input signal “"pops” uttered by a
particular speaker for registration. If the phoneme
recognition rate is 100%, the speech "pops” should result
in a phoneme label series of p+o+p+u+s+u. In this case,
the second "p" is replaced with “"k" because phonemes "p, t,
k" are generally difficult to identify. The network of
phoneme labels 6btained in this manner by the registeﬁed
word label series extraction means d is referred to as a
registered word labei series 55. The registered word label
series 55 is added, registered and stored in a vocabulary
label netﬁork accumulation means £ such as a hard disk or
memory by a registration means i.

| (Registering Generic Words Common to Unspecified

Speakers)

A network of phoneme labels can be extracted in
advance from the spelling of a generic word common to
unspecified speakers according to a rule. Alternatively,
one or more phoneme label networks can be generated from
one or ﬁbre speech saﬁples of a Qeneric word from
unspecified speakers in a way similar to that described

above (similar to the word registration by a particular

-13-
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speaker). These networks are referred to as a generic word
label series 66, and a means, such as CPU or RAM, for
temporarily storing the data for transfer to the vocabulary
label network accumulation means f£f is referred to as a
genéric word label series storage means e. For the generic
words “CD" and "MD", for exampie, the generic label series
shown in Fig. 2A and Fig. 2B are obtained. The data of the
generic word label series may be recorded by the
manufacturer onto a recording medium such as a floppy disk
or CD, from which it is then transferred to the generic
word label serles storage means e within the speech
recognizer. The generic word label series for the
unspecified speakers are.registered in the speech
recognizer by being stored into the vocabulary label
network accumulation means £ via the generic word label

series storage means e.

A vocabulary label network 77 accumulated in the

'vocabulary label network accumulation means £ -- which

comprises the registered word label series 55 extracted

from the registered word label series extraction means d

and added and registered into the vocabulary label network
accumulation means £ by the registration means i and the

gener;c word label series 66 stored in the generic word

label series storage means e -- can be constructed by the

following three possible methods.
The first method involves generating a network

containing both the'registered word label series 55 and the

-14-
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generic word label series 66 and using it as a vocabulary
label network 77. Fig. 5 shows a vocabulary label network
connecting the generic word label series of "CD" and "MD"
and the registered word label series of “jazz” and "pops”.
With this network, it 1s possible to implement a
speech recognizer that can recognize any of the four woxrds,

"CD" and "MD" as generic words and "jazz" and "pops” as

registered words.

The second method involves generating a network
containing only the registered word label series 55 and
using it as the vocabulary label network 77. Fig. 6 shows
a vocabulary label network connecting the generic word
label series "CD" and "MD". With-this network an
unspecified speaker speech recognizer capable of
recognizing either of the two generic words "CD”" and "MD"
can be implemented.

The third method involves generating a network
céntaining only the registered word label series 55 and
using it as the vocabulary label network 77. Fig. 7 shows
a vocabulary label network connecting the registered word
label series “jazz" and “pops”. With this network a
specific speaker speech recognizer capable of recognizing
either of the two registered words "jazz” and “"pops” can be
implementedf

Operating the CD changer with a voice command may be
realized by relating the label series of a generic word of

unspecified speakers with an operation command in advance

This Sheet Has Been Replaced
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and then relating the command with the labél series of a
word registered by a particular speaker (user). This
process may, for example, involve displaying selectable
operation commands on a display, selecting one of the
operation commands with a cursor key, and entering a voiced
word, that is to be related with this operation command,
through a microphone to cause the registered word label
serles 55 extracted by the registered word label series
extraction means d to be registered with the vocabulary
label network accumulation means £ through the registration
means i. Further, if the combination of codes specifying
the operation commands and corresponding registered word
1abél series is stored in a hard disk in fhe form of a
(correspondence) table, the subsequent operations can be
specified by voice commands. The correspondence table can
of course store the generic word label series prepared by
the manufacturer and the corresponding operation command
codes.

(Speech Recognition Processing)

When the user specifies a speech recognition mode
using a mode specification switch not shown, the conversion
means b is switched over to the recognition'means g. The
recognition means g uses the acoustic parameter 33 entered
from the input means a and converted by the conversion
means b,'the recognition data 45 made up of phoneme model
data stored in the recognition data accumulation means ¢

and the vocabulary label network 77 accumulated in the

-
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vocabulary label network accumulation means £, and produces
a recognition result 88 for a word according to the Viterbi
algorithm described above. The recognition result 88 is
sent to an output means h, such as speaker and display,
where it 1is output as an output result 99 in the form of
volce and image. When a voice command is given to the CD
changer, the correspondence table is checked to determine
the content of the command according to the speech
recognition result and a corresponding control program is
executed.

In the above system configuration, the device
operation can be controlled more precisely by registering
frequently used commands in the form of words with.the

user’s voice. The advantage of this system is that if the

Jlabel series of a word registered by the user (particular

speaker) is wrongly recognized during the label recognition
process (during the conversion from the acoustic parameter
into a 1ébel by using the recognition data), there is no
adverse effect. -

If . a voice command is registered with an erroneously
recognized label series, when the particular épeaker utters
the same command in the speech recognition mode, the speech
recognizer produces the same erroneous recognition result,
i.e., erroneously recognized label series of the registered
command, selecting without failing the intended command

that was related in adwvance.

When on the other hand the generic word label series

-17-
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for unspecified speakers is used for speéch recognition,
any erroneous label recognition causes a mismatch between
the label series corresponding to the registered command
and the erroneous recognition result or erroneously
recognized label series, resulting in a possible failure of
a volced command to be recognized correctly. To deal with
this situation, the particular speaker is allowed to
register with his own volice any of the commands whose
generic word label series are already prepared by the
manufacturer, and to use the registered word label series
of the particular speaker in the speech recognition mode to
ensure a correct speech recognition.

In this embodimént, acoustic event models for
unspecified speakers that are generated as speech units by
decomposing the phonemes are used to recognize the
registered words uttered by a particular speaker with high
precision without regard to the language used.

In the following, let us explain about a case where
states are used which, as speech units smaller than
phonemes, make up the phonemic HMM. Generally, the
phonemes are often modeled as an HMM made up of four states
shown in Fig. 8.

A state 1 is an initial state and the transition of
state should start from state 1. State 4 is an end state.
When the state moves to state 4, no further state
transition occurs. ailj represents the probability of state

i to go into state j and is called a transition probability.

-18-
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If j=41i+ 1, then aii + aij = 1.0.

bi(x) represents the probability of an observation
vector x being output when a state transition is made from
state i, and is called an output probability. The
observation vector often uses cepstrum for the acoustic
parameter 33 of Fig. 1. The output probability bi(x) is
represented by superimposing one or more normal
distributions. The output probability may be formulated as
a probability bi(x) of the obsexrvation vector x being
output when a state transition to state 1 occurs, or as a
probabllity bij(x) of the observation vector x being output
when a status transition is made from state i to state j.

When the output probability bi(x) is formulated by
superimposition of one or more normal distributions, an HMM
is called a continuous HMM. Other modeling techniques
involve modeling phonemes with semi-continuous HMM and
discrete HMM. This invention can similarly be applied to
these cases.

The 4-state phonemic HMM shown in Fig. 8 is divided
into three 2-state HMMs of Fig. 9, Fig. 10 and Fig. 11.
These are called acoustic event HMMs and represénted as *.1,
* 2 and *.3 corresponding to the state number. Here, *
represents a phoneme label in Table 1.

These newly generated HMMs can be considered to
represent acoustic events in the phonemes and thus called
acoustic event HMMs. Fig. 12 shows a nefwork in which

these acoustic event HMMs can be connected in an arbitrary
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order and in an arbitrary length. This network is called

an unrestricted acoustic event network. The unrestricted
acoustic event network has a higher freedom in the acoustic
event series connection than the phonemic network of Fig. 3,
and is thus considered to raise the acoustic event series
representation capability that much higher.

Therefore, compared with the phoneme series produced
from the phoneme network of Fig. 3 according to the Viterbi
algorithm, the acoustic event series produced from the
unrestricted acoustic event network of Fig. 12 accoxrding to
the Viterbi algorithm can be expected to approximate the
uttered voice of the registered words unique to a
particular speaker with greater accurac&.

Therefore, by using as the registered word label
series 55 of Fig. 1 the acoustic event series produced from
the unrestricted acoustic event network according to the
Viterbi algorithm, it is considered possible to provide a
higher recognition performance for the registered words.

The unrestricted acoustic event network of Fig. 12,
hbwever, has a large number of candidate acoustic event
series that approximate the uttered speech of the
reglstered words unigue to the particular speaker so that
the processing may take longer for the selection of the
right acoustic event series.

It is considered effective in reducing the processing
time to use a network which is restricted in state position

as shown in Fig. 13. The network of Fig. 13 is called a

_—
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position-restricted acoustic event network. In this
network, the number of acoustic events that can be
connected is one-third of that in the unrestricted acoustic
event network of Fig. 12, which means that the number of
candidate acoustic event series that approximate the
registered words unique to the particular speaker is
reduced. This is considered to be able to shorten the time
it takes to process and determine the right acoustic event
series for approximating the registered words unique to the
particular speaker, though with a slight degradation in the
recognition performance.

A test was conducted to compare the phoneme series
and the acbustic event series in the recognitioﬁ
performance for the registered words of a particular
speaker.

Phoneme series for 128 words were determined by the
Viterbi algorithm from the Japanese phoneme HMMIand the
phoneme network of Fig. 3 and used as a recognition
vocabulary. Two males and two females were chosen to speak
words in languages of Japanese, English, French, German and
Italian'for the specific speaker word recognition. The
average rate and the lowest rate of the speech recognition
performed are shown in Table 2. The voice-to-noise ratio
is 10 4B in each case.

Table 2 Specific speaker word recognition

performance when phoneme network is used

Language Japanese | English | French German Italian

| Average 93.6% 86.9% 88.7% 92.2% 91.4%

-21-
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recognition
rate

Lowest 92.2% 82.8% 83.6% 85.2% 87.5%
recognition
rate

Next, acoustic event series for 128 words were
determined by the Viterbi algorithm from the acoustic event
HMM generated by decomposing the Japanese phoneme HMM
according to the method described above and f£rom the
position-restricted acoustic event network of Fig. 13. The
acoustic event serieé thus obtained were used as a
recognition vocabulary. The average rate and the lowest
rate of the specif;c speaker word recognition performed in

Japanese, English, French, German and Italian are shown in

- Table 3.

Table 3 Specific speaker word recognition
performance when position-restricted acoustic event

network is used

Language Japanese | English | French German Italian
Average ©197.5% 92.9% 94.0% 94.0% 93.6%
recognition ‘

rate

Lowest 96.1% 91.1% 92.2% 91.4% 91.4%
recognition
rate

Comparison between Table 2 and Table 3 shows that the
use of the acoustic event series improves the average
recognition rate over that obtained when the phoneme series
is used by about 2-6%. It-is also found that the lowest

recognition rate is improved by 4-8%. These results show
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that, compared with the phoneme series obtained from the
phoneme network of Fig. 3 according to the Viterbi
algorithm, the use of the acoustic event series obtained
from the position-restricted acoustic event network of Fig.
13 according to the Viterbi algorithm provides a higher
recognition performance for the registered words uniqgue to
a particular speaker. The superiority of the acoustic
event series is considered due to the fact that the
acoustic event series has a higher level of appfoximation
of the words unigue to a particular speaker than the
phoneme series. This constitutes the basis of this
invention. _

The above embodiment may be implemented in the
following arrangements.

1) The system configuration shown in Fig. 1 may be
implemented by digital circuits or by software processing
in microcomputer and personal computer. In this case, the
functions of the conversion means b, the registered word
label series extraction means d and the recognition means g
can be realized by executing the software by CPU. The
circuit configuration may be determined according to the
use of the speech recognizer. For example, when characters
and control keys are entered into a personal computer
through dictétion, the system of Fig. 1 may be built using
the CPU and hard disk etc. in the personal computer.

2) In the above embodiment, while.the-generic word

label series common to unspecified speakers can be

//
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registered with the speech recognizer from a CD-ROM, it is
also possible to store them in a non-volatile programmable
memory built into the speech recognizer, such as EEPROM.
In that case, unlisted words and those words for which the
user wishes to enhance the recognition precision may be

registered by the spoken words of the user.
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WHAT IS CLAIMED IS:

1. A speech recognizer for performing word recognition
on input speech by using information on models of speech
units each shorter than a word, the speech recognizer
comprising: _

vocabulary label network accumulation means for
accumulating label series of said speech units for generic
words commonly used to perform word recognition on input
speech of unspecified sﬁeakers:

registered word label series extraction means for
generating label series of said speech units for registered
words ffom input speech of a particular speakér; and

registration means for registering to add to said
vocabulary label network accumulation means the registered
word label series thus generated;

wherein said speech units are acoustic events
generated by dividing a Hidden Markov Model of phonéme into

individual states.

2. The speech recognizer as claimed in claim 1, further
comprising means for registering said generic words with

said vocabulary label network accumulation means.
3. The speech recognizer as claimed in claim 1, wherein

the label series of speech units for the generic words

commonly used for word recognition of input speech of said
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unspecified speakers and the generated registered word

label series are stored in the form of parallel networks in

said vocabulary label network accumulation means.

5 4. . The speech recognizer as claimed in claim 3, further
' comprising means for registering said generic words with

said focabulary label network accumulation means.

5.

The speech recognition method for performing word
10

recognition on input speech by using information on models
of speech units each shorter than a word,

wherein label series of said speech units for generic
words commonly used to perform word recognition on input
speech of unspecified speakers are accumulated in

15

vocabulary label network accumulation means;
said method comprising the steps of:
generating label series of said speech units for
registered words from input speech of a particular speaker:;
and
20' regiétering to add to said vocabulary label network

accumulation means the registered word label series thus
generated;

wherein said speech units are acoustic events

generated by dividing a Hidden Markov Model of phoneme into
25 individual states.

6.

The speech recognition method as claimed in claim 5,
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wherein said generic words can be registered with said

vocabulary label network accumulation means.

7. The speech recognition method as claimed in claim 5,
wherein the label series of speech units for the generic
words commonly used for word recognition of input speech of
said unspecified speakers and the generated registered word
label series are stored in the form of parallel networks in

said vocabulary label network accumulation means.

8. The speech recognition method as claimed in claim 7,
wherein means is furfher.provided for registering said
generic words with said vocabulary label network

accumulation means.

AR
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