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The more progress information science makes, the more has our
daily life been benefited by computer applications, such as seat
reservations for airplane or train, and computing service by pushphone.
If we could operate it as easily as we drive a car, an age of
information science will truly come. It is, therefore, desired that
we be able to converse with a computer by speech which is the medium
of human communication. Man-machine communication using speech cannot
only offer increased physical mobility (omnidirectional) to the
computer user, but it can also enable us to use our hands and eyes

for other activities while talking or listening to the computer.
‘ It would be one of our most cherished desires in information
science to develop a speech understanding system. The final goal of
this research is to develop a system capable of recognizing connected
speech, from any speaker, in close to real time. Further, this system
should be generalized so as to operate easily in any different task

domain.

This thesis represents an attempt to build a system capable of
understanding messages spoken in simple Japanese sentences. We have
developed the LITHAN' (LIsten-THink-ANswer) speech understanding
system. By using higher linquistic information such as syntax,
semantics, and pragmatics, this system can automatically recognize
continuously uttered speech. LITHAN has been designed to save computer
storage and amount of computation, and to correct several kinds of
errors occurring at each of the linguistic levels. The included

components are an Acoustic Processor, Phoneme Recognizer, Word

Identifier, Word Predictor, Parsing Director and Responder.



The Acoustic Processor has a 20-channel 1/4-octave filter-bank
spectral analyger. The Phoneme Recognizer encodes a time series of
the spectrum into a phoneme string. The ‘Word Identifier verifies a
predicted word in the above phoneme string. The Word Predictor
predicts plausible words in the unknown portion of the input sentences
from a grammatical standing poiht. ' The Parsing Director parses an
input sentence while activating the Word Identifier and Word Predictor.
The Responder (under development) tries to understand the meaning of the
recognized sentence, and it answers a query or acts according to the
input command. The low level of the system consists of a hierarchical
model, the high level heterarchical one.

LITHAN uses many types of a priori information; statistics, word
dictionary, spoken grammar with additional information, and semantic
and pragmatic information. Utilizing linguistic information, it
predicts words which might possibly appear at the unrecognized
portion of input utterances. It then verifies these words by using
the optimum matching algorithm between a recognized phoneme string
and each entry in the word dictionary. LITHAN parses sentences by a
new tree search method which possesses the benefits of both the best-~
first search and the depth-first search. It works well to compensate

for inaccurate results in phoneme recognition and word verification.

The LITHAN system can be applied to a new task with a minimum
effort, simply by preparing a grammar and word dictionary. The task
we have applied this efficient system to is operational commands or
inquiries about the status of a computer network (The size of this
vocabulary is about 100.), and a typical utterance is composed of 4
to 24 words. The system has been tested on a sample of 200 sentences
spoken at a normal speed by 10 maie adults. 64% of the sentences and
93% 6f the output words have been recognized correctly.

We have also applied LITHAN to sentences from other tasks which
have different linguistic information, such as 'Arithmetic Expression’
and 'Calendar'. We have proved through these experiments that the

contribution of linguistic information to the recognition rate is
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very large.

As a subpart, this system has a spoken word recognition system
with a limited vocabulary. This sub-system has correctly recognized
97% of the digits isolatedly spoken by 20 male speakers, and 98% of

those by 10 adaptive speakers (system training).

I hope that this thesis creates and promotes the reader's

interest in speech understanding research. I gratefully welcome any

comment and suggestion in regard to this thesis.
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CHAPTER 1

INTRODUCTION

Why would one want to talk with a computer in natural language?
Why should one continue at the work of speech reeognition in spite of
Pierce's critics (Piercel69]) ?

In order to answer these questions, I should explain the
advantages of speech communication and the significance of speech
recognition research.

Of all communication media between man and machine, speech is
the best one that can presently be thought of, when viewed from the
following considerations:

(1) Man is capable of making any abrupt interactions to a machine by
his own speech at any time under any circumstances, i.e., in the dark
or even when eyes, hands and feet are occupied for other activities.
(2) For speech communication, man does not need any tools or
specialized training, it is rather the most natural channel of human
communication.

(3) Speech has probably the most universal output modality of
communication and one of the man's fastest modalities.

From the viewpoint of practical applications, I might add the
following: An economical and rapid transmission of information
between machines and a large number of people would be achieved very

effectively by voice transmission over a popular telephone network.

From the standpoint of researchers, there are two primary
reasons for a strong interest in machine recognition of speech (Otten
[671):

(1) Interest in translating human speech into a machine code as basis

for man-machine communication (practical needs).



(2) Interest in an understanding of the mechanism of human speech
production and perception process (scientific curiosity).

Furthermore, for conversational speech, (3) there is a strong
interest in an understanding of natural languages as communication
code (scientific curiosity). Such understanding will be also valuable
for‘practical need. In this thesis, I describe the studies motivated

by mainly the first two interests.

I-1 Speech Understanding System - Philosophies

If possible, man-machine communication by speech would be very
efficient and convenient, as described before. Many researchers have
studied automatic speech recognition by machine (see a survey by Hyde
[29]). From the results of their works, we have found that, it is very
difficult even to recognize ten spoken digits in isolation, as long as
it is desired to work for unspecific speakers. The task becomes even
more difficu;t for continuous or conversational speech.

Attempts . to overcome this difficulty have led us to the idea that
linguistic information or knowledge as well as acoustic information
is required to construct an automatic speech recognizer. Denes([14],
1959) was the first to work on this idea. His recognizer used
information about all possible diagram of sequential probabilities
relevant to the speech material to be tackled by the recognizer. A
similar attempt was made by Sakai and Doshita([76],1963). Flanagan
([18],1965) suggested that automatic speech recognition would probably
be possible only through the proper analysis and application of
grammatical, contextual, and semantic constraints. Alter([2],1968)
introduced the use of word dictionary and. contextual constraints in
speech recognition for 'Spoken Fortran' language. Vicens and Reddy
(Vicens[95],1969) organized a system which could recognize continuous

speech in a highly constrained natural language; this was the first



system that took into account information from all levels.

In 1970, Fant[16] proposed a new model of a powerful speech
recognition system which contained acoustical, phonological, syntactic,
and also semantic speech processing stages. The remarkable feature
of this model was that it introduced feedback paths for reexamination
from a stage of higher level to a lower one.

Through such examinations, we met the ARPA Speech Understanding
Project (Newell, et al.[62],1971). The Study Group has grasped that
the research of speech understanding is to understand the message,
not to recognize phonemes, words or sentences.

This project was based on the progress made in isolated word
recognition and in other aspects of artificial intelligence. The final
goal of speech understanding research is to develop a system capable
of recognizing connected speech, from any speaker, in close to real
time. Further, this system should be easily generalizable to operate
in any different task domain.

If we could indeed construct a successful speech understanding
system (SUS), this research would give us the scientific significance

as well as practical applications.

An SUS uses as many various kinds of information as possible:
acoustic, parametric, phonemic, syntactic, semantic, and pragmatic.
For the purpose of efficient utilization of linguistic information,
the input should be sentences which describe only a restricted world.
This world is called a 'task'. 1In machine processing of natural
language, a specialized world, processed by a system, allows us to
easily create a model of a concept of that world.

To construct a successful SUS, we should solve the seven major

problems which arise in the following levels:

1. Acoustic Parametric level ..... Extraction of suitable acoustic
features.
2. Phonemic level ..... Normalization of coarticulation and

differences among speakers.



3. Lexical level ..... Translation of a recognized phoneme string
into a word in the lexicon, and establishment of phonological rules.
4. Syntactic level ..... Establishment of a spoken sentence grammar.
5. Semantic level ..... Representation of meaning for each word or

sentence.

6. .Sentence level ..... Understanding of natural language.
7. System level ..... System organization which includes control of
errors.

I-2 Aspects of Speech Understanding Research

The two main aspects of speech understanding research include
what model we employ on a system design, and how matching and searching
procedures are used. First let us have some views on models or

procedures used in other SUS's.

Klatt and Stevens[38] attempted to recognize a set of unknown
sentences by visual examination of spectrograms and by machine-aided
lexical searching. When human experts attempted to decipher
spectrograms, the initial transcriptions in terms of phonetic features
contained many errors and omissions. However, 96% were successful in
identifying the words of the utterances when permitted to make use of
their knowledge of the vocabulary, syntactic and semantic constraints.

The HEARSAY I system(Reddy et al.[74], Neely[59], Erman[1l5])
employed a hypothesis-and-test paradigm for speech recognition. 1In
this system, each type of knowledge source (acoustic, syntactic,
semantic) was represented as a model operating somewhat independently
from others. This independence brought a clean structure that allowed
the contributions of each source to be evaluated. The search strategy
was basically a best-first tree search. For word prediction, words
were hypothesized proceeding left-to-right in the utterance.

The HEARSAY II system(Lesser et al. [47]) have been designed to



handle more complex speech task domains, e.g., larger vocabularies,

less restricted grammars, and a more complete set of knowledge sources
including prosodics, user models, etc. The two main features of this
system are first the representation of a partial analysis in a

‘generalized 3-dimensional network ("information levels", "speech time",
and "alternative hypotheses"), and second a convenient modular structure
for incorporating new knowledge into the system at any level. But I

feel that this plan might be beyond the current arts in speech

recognition and artificial intelligence.

The DRAGON system(Baker[3],[4]) models knowledge sources as
probability functions of the Markov process. The system finds a well-
formed sequence on related observations which maximizes the g
posteriori probability. A matching procedure is needed to evaluate
each particular hypothesis, and a searching procedure is needed to
explore the space of possible hypotheses. However, DRAGON consumes
much computational time and also cannot easily treat semantic knowledge.

Miller([51] developed an approach different from traditional
parsing methods in that it has no inherent left-to-right or right-to-
left, but allows syntactic structures to be recognized locally in any
part of the sentence. This system(LPARS) was, however, implemented in
"scrambled input", which simulated inputs obtained from a temporary
phoneme recognizer.

The CASPERS system(Klovséad and Mondshein[40]) performs a match
between lexical items and a noisy phoneme sequence by using multiple
dictionary entries, therefore phonological rules are embedded in the
dictionary. The search is controlled by an augmented context-free
grammar which performs a left-to-right, bottom-to-up parse.

In the SPEECHLIS system(Woods[100], Bates([8], Nash-Webber[58]),
the most remarkable feature is that all alternatives at any point in
time are shown by lattice structures (i.e., segment lattice and word
lattice). However, our experience tells us that with a word lattice
it is very difficult to consider the contextual influence between words.

The SRI speech understanding system(Walker(97], Becker and Poza



[9], Paxton[68]) uses a 'word function' to make a detailed examination
of acoustic data. Just as in HEARSAY I, the parser employs a top-down,
best-first strategy. 1In this strategy, the priority value of a word
is affected by several sources, such as the grammar, world model, and
results of the word function test. It seems to me that the only
features the word function searches in detail are the positive ones on
the acoustic parameters, further, they must be prepared after a
detailed examination of acoustic data.

The VDMS (Barnett[6],[7], Ritea[75]) developed at SDC employs a
strategy of predictive linguistic constraints. The main feature of
word identification is that very loose matching criteria are used for
locating the predicted words. First, special attention is given to
the word segments experimentally determined to be most invafiant in
the word. Finally, this matching procedure is carried out on a
syllable-by-syllable basis, applying phonological rules. This
linguistic processor is capable of handling both left~to-right and
right-to-left parsing.

At the IBM Watson Research Center(Jelinek, Bahl, and Mercer([35]),
a linguistic sequential decoder is employed for recognition of
continuous speech. As in the DRAGON system, the search procedure is
a stack decoding algorithm which seeks a word sequence having the
maximum value of a posteriori probability. Statistical matching is
done between a phonemic lexicon of a hypothesized word and a noisy
phoneme sequence obtained by acoustical analyses.

Sperry Univac(Lea[45], Lea, Medress, and Skinner([46]) is
continuing its implementation and testing of a strategy of speech
recognition. In this strategy, prosodic features are both to segment
the speech into grammatical phrases aﬂd to identify the stressed
syllables in the sentence structure.

In American speech understanding research, ARPA network has been
powerfully used for resource sharing of programs or data bases, e.qg.,

CMU-Xerox (Neely and White[60]), Univac-BBN, Univac-SDC{Lea[45]).

In Italy, Mori et al.[52],[53] have investigated the problem of



emitting and verifying hypotheses by using a stochastic grammar for

speech; this grammar has a set of productions for each coarticulation
ségment at the syllabic level. Particularly interesting to me is the
automatic extraction. and description of acoustic data on the basis of
distinctive features, prosodic features, and so on. However, I doubt

if such a description could be given.

In France, Haton and Pierrel[26] have developed a system which
is organized around a syntactic analyzer and incorporates semantics
in an interactive dialog with the user in order to avoid some of the
errors and ambiguities. The system was applied to a task with a

limited grammar and a small vocabulary.

In Japan, some notable speech recognition (understanding)
systems have been developed.

Shirai and Fujisawa(Waseda Univ.[89]) developed the first
recognitibn system of Japanese, spoken separately. The sentence
structures were defined according to the ordering of the parts of
speech and the problem of sentence recognition was formulated as an
optimization with the constraints of the sentence structure. This
approach, I think, would be applied only to very limited sentences.

The process of the speech recognition system developed at
Musashino Electrical Communication Laboratory(Kohda et al.[41])
consists of two stages: acoustic and linguistic processing. In the
former, the syllables of input speech (inserting a pause at every
phrase) are analyzed one by one against the acoustic phonetic data on
a VCV syllable-by-VCV syllable basis. In the latter, the main
features are the use of phoneme transcribing rules and depth-first
search. The final goal is to construct a question-answering system
by speech.

Niimi et al.(Kyoto Technical Univ.[64]) have developed a voice-
input programming system, 'SPOKEN-BASIC I'. 1In the system evaluation,
they examined the effects of two typical tree search methods: the
depth—first method and the breadth-first method.

Takeya and Tamachi (Kyushu Univ.[93]) have proposed a unique



parsing method which uses a top-down and breadth-first strategy. The
syntactic structures are described by a dependency grammar. This
parser can treat unknown words but accepts some meaningless sentences.
The performance of phoneme and word recognition is rather poor.

Sekiguchi et al.(Yamanashi Univ.[87]) have developed a speech
recognition system of 'Fortran' uttered with a long pause between
successive words. They have aimed to develop a powerful phoneme
recognizer.

The LITHAN speech understanding system developed by the authors
(Sakai and Nakagawal[77],[78]) recognizes continuously uttered speech
in simple Japanese sentences. This system will be outlined in the

following section.

I-3 LITHAN - System Overview -

This section gives an overview of the LITHAN system, in
particular, philosophy of the system design and the criterion of task

selection.
I-3-1 System Specifications

Is it possible to understand speech by computer? To answer this
question, detailed specifications of the speech understanding system
are required. These specifications also determine’the type, difficulty,
and techniques for solving problems involved in implementing the
system. An example of such specifications has been drawn up in a
final report by the study group of ARPA(Newell et al.[62]); hopefully,
this will provide a reasonable chance of success for the system in
five years. However, I fear that a period of five years (whereby a
speech understanding system should be demonstrable in 1976;) is not

long enough to achieve such a goal.



We have been studying speech understanding for the past three
and a half years (i.e. from the spring of 1973). 1In comparison with
that of the ARPA Projects, our starting time is behind by about one
and a half years. But on the other hand, the works done by ARPA in
this period have benefited us and led us to some discussions:

(1) Just as Fant[1l7] cited as one of the aspects of American study,
almost all groups of speech understanding researchers have gone ahead
and particularly developed syntactical and semantic analysis. I want
to affirm the fact that we could not make a successful speech
understanding system without first constructing a powerful phoneme or
spoken word recognizer.

(2) We learned that we could avoid the same mis-strategies as they
did, by examining the strong and weak points of those foregoing speech
understanding systems, for example, in word identification, tree

searching, and parsing flow,

From these points of view, we set up the following specifications
for building our speech understanding system. Of course, we

considered the aims of practical and scientific research.

1. Multiple speakers ..... If an SUS accepts only a single speaker, it
means that in practical use this speaker has the system to himself.
Thus, input speech may be uttered in a sequence of isolated words or
meaningful symbols, since by training he is able to memorize an order
of utterance. 1In this case, excluding scientific interests, speech

understanding research offers little practical advantage to us.

2. Continuous speech ..... If it is necessary to speak separately
word-by-word, we cannot make use of the two advantages of natural
language and voice input. By first advantage we can immediately
constitute a message in the brain, and through the second we can

represent this message fluently and speedily.

3. Phomemes as a recognition unit ..... As the task vocabulary size
becomes larger, it becomes necessary that the system be able to

identify more words. If each word has to be matched one by one



against the acoustic phonetic data, this process will consume a large
amount of computational time and memory storage. Therefore, as a unit
of recognition, we have to consider smaller units such as phonemes,
syllables, and VCV syllables. 1In order to normalize differences

among speakers, we need some normalizing or learning procedure.
Furthermore, this procedure must be a fast learning algorithm, because
the users of an SUS may often be taking turns in a short period.
Speech recognition on the basis of the phonemic unit has the following
merits: (a) quick learning, (b) small computer memory, (c) short
proéessing time and (d) easy introduction of various linguistic
information. This approach is the scientific process, and it also
presents other aspects, such as an interesting difference between

observed acoustic and pre-registrated data.

4, Word identification ..... To develop a successful SUS, we need to
construct powerful subsystems: an acoustic feature extractor, a phoneme
recognizer, and a word identifier. The performance of this word
identifier depends on tﬁat of the two other subsystems, and has also
drastic influence on the performance of the total system. Therefore,
we desire a powerful word identifier such that when recognizing ten
digits in isolation the error rate will be less than 5% for unknown

speakers.

5. Tree searching ..... Because tree searching techniques developed

in artificial intelligence research depend on procedures for problem
solving, they are not suitable for SUS's. A search procedure must seek
a word string which has the maximum likelihood among all plausible
strings. For this logical reason, we must consider a new tree
searching method suitable for speech input, as this is quite different

from text input.

6. Flexible system ..... As long as our intent is fundamental research
of an SUS for future development, the system must be flexible
one which enables us to evaluate the contribution of syntax, semantics,

pragmatics, and other sources of knowledge towards recognition by

- 10 -



accepting various tasks. Such an SUS can give us an estimation as to
what kind of knowledge and how much each kind of knowledge contributes

towards improving the preformance of the system.

7. Speech material and system evaluation ..... In almost all systems
developed so far, performance evaluations have been done on total
systems, but not on individual components except HEARSAY I(Erman(15]).
And these evaluations have only been based on small speech material
for one or a few speakers. I feel that little interesting

scientific knowledge can be obtained from such results. Therefore,

we should evaluate the performance of individual components as well as

that of a total system with much speech material.

I-3-2 Task Selection

When we construct an SUS, we should first select a task and define
its domain. What criteria should prospective tasks satisfy? The
criteria, of course, depend on the state of the current art of
automatic speech recognition and the aim of the work. We have

specified the following criteria for a task selection:

1. The input is continuous speech in simple Japanese sentences.

2. The vocabulary size is in the range of 100 to 200 words.

3. The system accepts natural language with slightly restricted syntax.
4.

The system can use semantic and pragmatic information.

Considering the advantages and disadvantages of speech input to

computer, the following should be added to the criteria:

5. We can use the system by speech input while interacting with a
computer..... Even if a successful SUS is constructed, we must always
realize that the system may make a mistake.

6. The system should be used by time sharing.....An SUS cannot occupy
a large computer by itself, from the view point of cost.

7. We can utter an input sentence without making any previous notes.

....This input should not include any random sequence of numerals or
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symbols which man could not memorize quickly.

According to these criteria, we selected the task concerned with
'Computer Network', of which the vocabulary size is about 100 words
used to give an operational command and inquire about the status of a
computer network. In defining the task, we considered the following:
1. The types of input sentences are either affirmative, imperative or
interrogative.

2. An input sentence may contain adjectives.
3. The vocabulary should contain digits.....Ten digits compose a set

of the most fundamental words for man-machine communications.

We selected two other tasks, 'Arithmetic Expression' (such as
114+2%3=) and 'Calendar' (such as Wednesday, January 1). Although these
tasks do not satisfy the criteria mentioned above, they do have very
definite syntax ('Calendar' also has distinct pragmatic information),
and they give a fundamental knowledge in regard to the contributions
of individual components (see Chapter VI).

We further selected ten digits as a task, where the performance
of the lower levels i.e., Acoustic Processor, Phoneme Recognizer and

Word Identifier, was tested on isolated word recognition.

I-3-3 System Organization

Fig. I-1 indicates a block diagram of the LITHAN (LIsten-THink-
ANswer) speech understanding system. LITHAN is composed of three parts:
LISTEN(LImited Spoken Text ENcoder), THINK(THought by INternal
Knowledge) and ANSWER (ANnouncement by Saying/Writing to receivER).
Viewed from a different standpoint the system consists of
six components: Acoustic Processor, Phoneme Recognizer, Word Identifier,

Word Predictor, Parsing Director, and Responder.

Fig. I-2 illustrates the knowledge and processing flows in LITHAN.
Knowledge flow is based upon the data base (or blackboard, Reddy and
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Fig. I-1 Configuration of Speech Understanding System LITHAN

—=>data flow, =—=control flow, knowledge flow

Erman[73]) model, and processing flow upon the hierarchical model.

These models are adopted by the following:

1. One of the aims of speech understanding research is to combine
pattern recognition research for phoneme recognition with the research
on artificial intelligence for natural language processing. The
interaction between them will be performed by the similarity matrix
S(Z,J) in the Word Identifier, where 'Z' is a phoneme in a language
level and 'j' a phoneme in an acoustic level. This matrix is used for
evaluating the translation from a recognized phoneme string into a word.
Thus, an SUS is organized by a hierarchical model where an acoustic
(physical) level and a language level are linked by the Word Identifier.
In the language level, then, the Word Identifier and the Word Predictor
can be constructed independently under control of the Parsing Director,

which directs the parsing procedure.

2. Speech understanding research has many difficult problems. It is
necessary that it be tackled by a number of cooperating researchers.
Thus, it is desired that all components be so independent of each other
that this system may be constructed in parallel by different

researchers.
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3. 1If we accept the published reports that speech perception occurs
at the level of the phoneme (Lieberman et al.,[48]) or that the CV
syllable is a perceptual unit in speech (Massaro[50}), we should

prefer the bottom-up procedure at the lower levels.

4. 1In the course of developing of a fundamental SUS, the contribution
of each component to speech recognition should be evaluated for

various tasks.

The Acoustic Processor (described in Chapter II) consists mainly
of a 20-channel filter-bank spectral analyzer. A speech signal is
passed into a pre-emphasis circuit with a slope of 6-dB per octave
below 1600Hz, and then fed into the filter-bank. The outputs are
rectified, smoothed, and sampled at every 10ms interval, thus yielding
a series of a short time spectrum of 20-dimensional spectra. This
series is then converted into a phoneme string, utilizing statistics
of phonemes and rewriting rules. Each segment consists of a 4-tuple:
the phonemic symbol for the first and second candidates, the degree of
confidence (reliability) for the first candidate, and the segment
duration.

The Word Identifier (described in Chapter III) verifies predicted
words from a given part of the phoneme string and calculates their
likelihoods. It has a phoneme similarity matrix and a word dictionary
as given knowledge. The output for each word is a likelihood and an
identified location.

The Word Predictor (described in Chapter IV) first predicts
plausible words in an unknown portion of a recognized phoneme string
by using syntactic, semantic and pragmatic information; it then sends
these words to the Word Identifier. The Word Predictor has a spoken
grammar with additional information which is represented by an
augmented context-free grammar.

The Parsing Director (described in Chapter V) directs the Word
Identifier, passing to it words to be identified and a portion of a

phoneme string to be matched with them; it then builds up word strings
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based - on the identified results. It also directs the Word Predictor,
passing to it some word strings to be parsed. 1In this process, on
behalf of reducing the number of word strings, the director uses a new
method for pruning the parsing tree.

The Responder (under development, not described in this thesis)
answers questions or acts according to the result of speech '

understanding.

We have applied this system with great flexibility to restricted
utterances which have a 10l-word vocabulary. We call this application
'Computer Network' (shown in Chapter VII). LITHAN can be applied to
new tasks with a minimal effort by changing only the grammar and word
dictionary. We have applied LITHAN to other tasks which are called
'Arithmetic Expression' and 'Calendar' (shown in Chapter VI). The
results of these experiments have verified that the contribution of
linguistic information to recognition rate is closely dependent on the
contents of the tasks (discussed in Chapter VIII).

In Appendix A, I will describe the on-line, real-time spoken

word recognition system which is a by-product of the LITHAN system.

- 16 -



CHAPTER 11

PHONEME RECOGNIZER

II-1 Introduction

There are two main problems which make it difficult to recognize
phonemes in continuous speech: coarticulation and speaker difference.
Various methods have been investigated to solve the former difficulty.

They might be divided intec three types as follows:

1. Choice of a larger unit for recognition(Kohda et al.([42]).....In
an automatic speech recognition system, it is a very important problem
as to what we choose as the minimal unit to be recognized (phoneme?,
syllable?, word?). 1If we choose a larger unit such as a syllable or
word, we can escape the difficulty caused by coarticulation. This

method may not be scientific, but practical for a single speaker.

2. Application of phonological rules or rewriting rules (Barnett[7],
Cohen and Mercer[13], Mori et al.[52], Itahashi et al.[32]).....In
this method, a phoneme is used as a unit, and some recognized phonemes
are replaced with others using phonological rules or rewriting rules.
However, I imagine it is to be very difficult to construct rules so
flexible that they work well for many speakers and in various kinds of

contexts.

8. Approach by speech production model (Fujisaki et al.[22], Kasuya

et al.[37]).....This approach is further divided into generative and
analytic approaches. Using a model of coarticulation in the formant
frequency domain, Fujisaki et al. attempted to convert measured formant
patterns into stepwise patterns representing the target values of the
model. Although this approach is very theoretical, it consumes a

large amount of processing time.
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Kasuya et al. tried to normalize the second formant by using
formants observed at the initial, middle and final positions of a

phonemic segment.

Two approaches have been investigated in order to solve the

problem of speaker differences: hormalization and learning.

1. Normalization approach(Fujisaki and Kawashima[21], Gerstman[24],
Scarr([86], Sambur and Rabiner[85])..... The fundamental idea of this
approach is based upon the assumption that there exist certain
invariant relationships in given acoustic features across different
speakers or contexts. The idea is also based on the fact that vowel
identification is dependent on listening to several different vowels

spoken by the same person(Ladefoged and Broadbent[44]).

2. Learning approach(Kohda et al.[41])..... Although the method
mentioned above is very theoretical, the current study still has many
problems to be solved in application to speech recognition. On the
other hand, the learning approach is a reliable and practical method,
in which a standard pattern for an individual speaker is learned by
that speaker's sample patterns. This learning approach will be divided

into supervised and non-supervised learning approaches.

For coarticulation, we have adopted rewriting rules in phoneme
recognition and word identification stages. For speaker differences,

we have adopted the learning approach.

There are other difficult problems in phoneme recognition, such
as the variations in acoustic signals caused by the rate of speech, or
the speaker's emotions and dialect. And yet the most important one
might be that of extracting the best acoustic features from a speech
wave. We employed spectral analysis by a filter bank. Ichikawa et al.
[30] and White and Neely[98] reported that a short time spectrum is
one of the best acoustic features in the current art of speech

analysis.
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II-2 Outlines of Phoneme Recognizer
IT-2-]1 Speech Research System

Fig. 'II-1 shows the hardware structure of the speech research
system(Sakai and Ohtani[80}). It is a sub-system of the inhouse
computer network (KUIPNET; Kyoto University Information Processing
NETwork, Sakail et ai.[81]). The central host computer is NEAC 2200/
250 with several mass storage devices. MELCOM 70 particularly shares
the Input/Output part of speech processing: it is combined with an
A/D and D/A converter, a graphic display, a serial printer, two

cassette tape units, and so on.

7 131kB
N.T.T. I.4us
HITAC
SP CASSETTE TAPE 8350
m [ Q0
<«—>1 MELCOM kg | IMP 3 NEAC 256KCh.
24KW NEAC PTR lus
2 250
PTR ___ 70 0.8us 3200/50 —~— - 2200/

— LP
24KW
GT A/D 0.96Us l P

KB > b/A—<] R} gﬁ ﬁ &5_(5
MPX ' Speaker Disk File Magnetic Tape
20Ch.| [Pitch

E@iﬂ Filter| [Extractor
Bank
Simplified
AMP Nonreverberant
Room

SP: Serial Printer
-j? LP: Line Printer

TTY: Tele Type Writer
GT: Graphic Terminal
KB: Key Board

-9
B

Fig. II-1 Hardware Structure of Speech Research System
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NEAC 2200/250 is a medium-sized character-oriented machine. The
current configuration contains 256K (6-bit) characters (lusec cycle
time), a line printer, three disk units, three magnetic tape units,

a paper tape reader, and a paper tape puncher. Not only an assembly

language, but also FORTRAN and LISP language are available.

MELCOM 70 is a minicomputer with 24K words memory (16 bits/word
and 0.8Usec cycle time). The cassette tapes attached are used to
store various program packages, so that these tapes can be loaded and
run when necessary. The capability of high-speed calculation enables
the minicomputer to process speech data while controlling the I/0
devices in real time(Sakai, Nakagawa, and Maegawa[79]).

In addition to these, the system is equipped with a 20-channel
filter-bank, pitch extradtor, tape recorder, microphone, sound
spectrograph and simplified nonreverberant room. The tape recorder
used here is made by TEAC Co. Ltd. (Model R-341c¢), and it is usually
used at the broadcasting station. The microphone used
is made by SONY Co. Ltd. (Model ECM-52). This is a 'electret'
condencer microphone. The simplified nonreverberant room is made by
RION Co. Ltd.(2 cubic meters). As the result of rough measurement,
we found that the sound-insulation-effect was more than 30dB above

100Hz (Tabata[91]).

II-2-2 Acoustic Processing

In this section, I describe the preprocessing phase of speech
recognition: obtaining a spectrum representation of speech signals.

The first step in speech recognition by computer is preliminary
processing of the acoustic input, traditionally called 'preprocessing'.
This preprocessing should extract meaningful features from speech
signals for speech recognition, and then provide speech data reduction.
The kinds of preproqessing that have been used in speech analysis and

recognition include Fourier transform, Cepstrum, linear predictive
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coding, inverse filtering, auto-correlation, partial correlation,
zero-crossing, filter banks (analog and digital), and so on.

In designing the preprocessing, we mainly considered two factoré:
performance for the recognition task and the processing time. The

consideration led us to spectrum analysis by a filter bank.

Short time spectrum has the following features:
1. A distinct correspondence is proved to exist between a short time
spectrum and physiological speech production theory (We can extract the
formants even from a short time spectrum analyzed by a filter bank
(Suzuki et al.[901)).
2. Its performance for speech perception task has been guaranteed by
Channel Vocoder (Gold and Rader({25]).
3. Spectrum analysis by a filter bank is approximately the same as
the acousto-mechanical operation of ears(Plomp[70]).
4. Spectrum analysis is easily performed in real time by a filter

bank.

A épeech signal is first passed into a pre-emphasis circuit with
a slope of 6-dB per octave below 1600Hz because of improving to
signal-to-noise ratio at high frequencies, and then fed into the 20-
channel filter-bank. After they are full-wave-rectified and smoothed
by the low-pass filter (cut-off frequency: 40Hz), the output waves are
sampled at every 10ms interval and digitized with an accuracy of 10
bits. The center frequencies of the 20 channels used increase in order

21/b.

by a factor These frequencies are shown in Table II-1.

Table II-~1 Center frequency({(Hz) of bandpass filter

channel | center channel | center channel | center channel | center
No. freq. No. freq. No. freq. No. freq.

1 210 6 500 11 1190 16 2830

2 250 7 595 12 1410 17 3360

3 297 8 707 13 1680 18 4000

4 354 9 841 14 2000 19 4760

5 420 10 1000 15 2380 20 5660
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Thus, the Acoustic Processor produces 10%X20 bits/10ms, namely,

20,000 bits/sec, less in comparison with the about 80,000 bits/sec for

telephone speech.

II-2-3 Outline of Phoneme Processing

The Phoneme Recognizer divides input speech into segments of

utterances which are hypothesized to consist of a continum of a single

phoneme; it then assigns one phoneme category to each segment. '

Fig. II-2 shows a block diagram of phonemic processing, called LISTEN

(LImited Spoken Text ENcoder).
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Fig. II-2 Block diagram of phonemic processing.

- 22 -~

L;Phoneme
—3string

Rewriting
rule

processing

Sequence of
recognized
phonemes



The phoneme recognizer first analyzes input speech by the filter-
bank. Primary segmentation is performed on such analyzed speech, now
represented by a sequence of short time spectra (I will call each
spectrum a 'frame'). Each frame is classified into one of four groups:
silence, voiceless-nonfricative, voiceless-nonplosive or voiced;
based on the energy and deviation around the low or high frequency of
(20-dimensional) spectrum. Each classified segment is recognized as
one of phonemic categories. If a part of a sequence of recognized
segments is composed of the same successive phonemic categories, these
are combined. On the other hand, if a part is irregular, it is
smoothed by using rewriting or phonological rules. The output of this

algorithm is a sequence of continuous and non-overlapping segments.

A segment which has been regarded as included in a voiceless group
is further classified into one of phonemes. This more detailed
classification is based on the segment duration, the presence of
silence preceding the segment, spectral change, etc.

For a segment classified inté a voiced group, it is next
determined whether each frame included in this segment is stationary,
quasi-stationary or transient. Such determination is based on the
degree of spectral change between adjacent frames (I call this the
secondary segmentation).

The decided stationary and guasi-stationary parts are regarded
as a presenting portion for vowels. The most stationary frames are
used for partially non-supervised learning of the spectrum patterns
of vowels. A portion of voiced consonants is detected as one of the
following: 1) rejected by the vowel recognition process; 2) long
transient; 3) having weak energy with concave speech level (or dip).
The spectral patterns of voiced consonants are gradually trained (or
estimated) by using those learned vowels.

Vowels and voiced consonants are recognized by Bayes' discriminant
functions, which are obtained from the renewed standard patterns of
each phoneme. Semi-vowels are recognized by applying rewriting rules

to a recognized noisy phoneme string.
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To reduce the influence of missegmentation on the system
performance, the segmentation process is designed so that a voiced part
may be divided into a segment finer than a phoneme. This division will
be recovered in word identification process, for example, a vowel can
be allowed to match with up to three segments and a consonant with up

to two segments.

To the segment thus processed are given the first candidate
phoneme, the second one, the degree of confidence(reliability) of the
first candidate, and the segment duration. Also the string of segments

would be corrected by phonological rules.

II-3 Representation of Phoneme

We use the following phoneme categories in our system.

1. vowel /a/,/i/./v/./e/,/0o/ 7. voiceless plosive /p/.,/t/./k/
2. semi-vowel /y{(3)/./w/ 8. voiceless fricative /s/,/ S/
3. nasal /n/,/n/,/3())/ 9. affricate /c/

4. voiced plosive /b/,/d/./9/ 10. aspirated /h/

5. liquid-like /r/ 11. syllabic nasal /N/

6. voiced fricative /z/,/dz/ 12. silence or pause /./,/-/.///*

* in the order of increasing duration, where /./,/-/./// may correspond
to a closure of voiceless plosive consonants, a choked sound and a
pause between phrase boundaries (non-speech), respectively.

Without distinguishing, the system treats /z/ and /dz/ as the
same phoneme, and /s/ and /JS/ as well. The system also does not
distinguish among the voiceless plosive group; therefore, I may
simply denote this group as /p/ or /p,t,k/. If a speech recognizer
uses linguistic information such as a word dictionary, the
classification becomes easier. Thus, a group with the same manner of
articulation does not have to be broken down into a smaller unit, i.e.,

a phoneme, in the phoneme recognition level(Itahashi et al.[33]).
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Japanese has three explosive nasals: /m/, /n/ and /3/. However,
there is no opposition of nasals in the syllable-final position
(syllabic nasal). Thus /m/ appears only before /p/, /b/, /m/; /n/ only
before /t/, /4/, /n/; /3/ only before /k/, /9/, /G/: /N/ only before a
pause, etc. Hattori[27] interprets that these implosive nasals (and
nasalized vowels) correspond to the fourth (implosive) nasal phoneme
/N/. We always treat these as /N/ for convenience (see section III-3-2).
In Japanese, /g/ appears generally in the initial position of
words, while /§/ appears most frequency in the intervocalic position

(implying Kyoto dialect).

II-4 Speech Analysis

In this section, we shall investigate some properties of speech

which give us the fundamental ideas for speech recognition.
II-4-1 Statistical Property of Speech Spectrum

Statistical analyses of speech spectra have been made by many
researchers. For example, techniques of multidimentional scaling and
principal component analysis have been devised by a group of Dutch
investigators(Pols, Kamp and Plomp{71], Klein, Plomp and Pols[39]).
These men examined the correlation between the physical and perceptual
dimensions, using a multidimensional scaling of speech spectra obtained
by an 18-channel 1/3-octave filter bank. Also investigating vowel
configuration by use of a principal component analysis, they found a
hiéh correlation between the'configuration of the average vowels in the
factor space and their configuration in the F;-F; formant plane.

Other statistical analysis was made by Tabata[91], who performed
multivariate statistics by four factors (speaker, initial vowel,
.consonant and final vowel) on a set of VCV utterances (vowel-consonant-

vowel) spoken by five male adults.
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From different points we investigated the statistical properties
of speech spectra. To provide the speech material, 245 meaningful
words of VCV-types were spoken by ten male adults. In these words,

V was.selected from the five vowels /a/.,/i/,/v/,/e/, and /o/, and C
from the consonants /N/,/y/,/w/,/m/,/n/,/§7,/b/,/d/,/g/,/r/, and /z/.
I will hereafter call this 'fundamental speech material'. By visual
observation of the spectral patterns of these words, one spectral

frame was extracted from each vowel and three from each consonant.

Since a spectrum is the output of a 20-channel filter bank, it
can be considered to be a 20-dimensional vector. Hereafter we will
use the following notations for representation of spectrum.

Z(t) : the amplitude outputs of the 20-channel 1/4-octave filters at

time t._ where Zlf) 1(t), zo(t), ... 2Zo(t) are the output of a
bandpass filter. f may considered an approximate

representation of the output of the sonagraph.

‘the normalized z(t), that is, y(t)=z(t)/|z(t)|, where |z(t)]|=

y(t) =
(zf (t)+23 (0)+ ... +z§(t)fé .
X(t) : the logarithmic transformation of Yy(t), that is, xt(t) =log Y; (t)

In speech recognition, we may prefer the relative intensity
between frequency components of speech sound spectrum to the
instantaneous amplitude Z(t). In other words, we normalize the square
sum of the spectrum components to 1, yielding y(t). Meanwhile, the
auditory sense for the intensity of speech sound is said to be
proportiocnal to the logarithm of the intensity itself (Weber-Fechner
law) . Considering these two points, we use mainly the spectrum X(t)

unless noticed.

Now we assume that the spectra of each phoneme are distributed in
a 20-dimensional vector space according to the multivariate normal

distribution p(x/7):

. 1 1 -1 t . ,
p(x/7) (2ﬂ)n/2|z» 1/§XP{— E(X_mi)zi (x—mi) }, (11-1)

where, X is a spectrum, m and Z are the mean vector and the covariance

matrix of phoneme %, respectlvely, n is equal to 20 and e 7

t denotes the transposition. For every
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phoneme, we obtained the Zi' |Zi| and m, for all the speakers and the

individual speaker.

From these distributions, we can calculate the distance between
two phonemes 7 and J in the spectral space. Various concepts of
distance have been defined for such a purpose, e.g., Minkovski
distance, Mahalanobis generalized distance, Kullback distance, Chernoff
distance and_Bhattacharyya distance, etc. We use Bhattacharyya distance,
because it has a same order relation to the misrecognition rate in the
recognition scheme based on Bayes' rule (Ichino and Hiramatsu[31]).

Bhattacharyya distance B(%,J) is defined as following (Bhattacharyya
[10]).

t

. -1 | (Z.+2.) /2]
B(tlJ)—é(mi-mj)' {(zi+zj)/2} . (mi-mj) L J ) (II-Z)

+ %Zog(
|z : |z.i2
)

5

Table II-2 Bhattacharyya distance between spectral distributions
of two phonemes to all speakers.
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Table II-2 shows the Bhattacharyya distance, which is calculated
by using the spectrum of each phoneme averaged over all the speakers
and phoneme environments. From this table, we find that the distance
between two vowels is larger than that between two voiced consonants.
The distance between two voiced consonants having the same manner of
articulation (/m,n,g/ or /b,d,q9/) is particularly small. This fact
suggests that classification of these phonemes is more difficult than
classification of those having the same place of articulation (/m,b/,
/n,d/ or /4,g/)}. Note that the distance B(a,w) between the vowel /a/
and semi-vowel /w/ is comparatively small in spite of the difference
in articulation. This is caused by the special fact that the semi-
vowel /w/ is always followed by the vowel /a/ in Japanese. Conversely,
the distance between /g/ and another phoneme is comparatively large,
because /g/ always appears at the initial position of words.

Table II-3 Bhattacharyya distance between spectral distributions
of two phonemes for each speaker, averaged over all
speakers.

al il ul e| ol N} y|{ w| m| n Ty bl a| 9| r| z
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Table II-3 shows the Bhattacharyya distance obtained by averaging

the distances calculated for each speaker.
larger than the former in Table II-2; however it must be
that this is calculated from a smaller number of phoneme

If a speaker is fixed, in short, the recognition becomes

that for unspecific speakers.

Note that it is generally
remembered
samples,

easier than

This conclusion is consistent with

that of Tabata[91], that at a stationary part of the nasal consonants,
Table II-4 Variance of each

the effect of the speaker
factor is larger than that of
the consonant factor.

Table II-4 shows the
variance of spectral
distribution for each phoneme
in the spectral space. We use
three measures as follows:

(a) The first is a logarithmic
transform of the determinant
of covariance for each
phonemic spectral
distribution over all
speakers, that is, Zog[detZi].
(b) The second is an average
over all speakers of the
logarithmic transform of the
determinant of each phonemic
distribution for each speaker
(inter-speaker), that is,
average ZOQ[detZi].

These measures are
approximately based on the
linear relation of the
determinant of volume (or
variance) of distribution in

the space. For example, we

phoneme in the
spectral space.

(a) logarithmic transform of

determinant of spectral
distribution to all speakers.

(b) average over all speakers of
logarithmic transform of
determinant of spectral
distribution for each speaker.

(c) average of inter-speaker
for Bhattacharyya distance.
a b c No. of

samples
a|-73.4 | -84.9 3.9 1088
i]|-58.4 | -73.0 6.1 838
u|-54.2 -67.4 4.8 880
e | -67.3 -80.9 5.4 885
o |-66.7 -76.6 3.9 921
N | -57.5 -88.3 20.5 750
y { -67.7 -97.3 21.5 450
w |-74.4 [-103.2 15.4 450
m|-62.0 | -88.8 17.8 750
n|-61.1 | -88.4 17.9 750
g |-55.6 | -77.5 | 11.9 750
b |-56.9 | -73.9 7.8 750
d |-60.0 | -82.1 | 10.5 450
g |-53.3 -71.1 7.2 750
r | -63.5 | -80.4 7.1 750
z { -60.1 -80.4 8.8 750
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can presume that /a/ is the most unstable vowel in the spectral space.
(c) The third measure is an average of the Bhattacharyya distance
over all speakers (inter-speaker), that is, agfﬁage B(ij,ik), where 7
denotes a phoneme, and J and kX denote speakers.

From the third measure, we find that /N/,/v/,/w/,/n/,/n/ and /q/
are more influenced by the speaker factor than by other phonemes (or

the phoneme factor).

II-5 Primary Segmentation

If we use the phoneme as the smallest unit in speech recognition,
a speech recognizer must be able to segment a continuous speech
utterance into discrete parts, each corresponding to a single phoneme.
However, such a segmentation is as difficult as the recognition of
phonemes, because acoustic characteristics are never invariant within
a given phoneme. So we divide the segmentation process into two
stages: primary and secondary. In the latter stage, we will adopt
feed back from phoneme recognition to segmentation.

In the primary segmentation stage, input speech (a time-series
of spectra) is segmented into four groups: silence (non-speech),
unvoiced (or voiceless) non-fricative, unvoiced.non-plosive, and
voiced. Here we introduce three new parameters which are comparatively

stable against time within a segment.

AMPn = the power of the n-th frame, defined as
(z2 + 22 + ... 22)1/2.
1 2 20
CNLn = the minimum channel number j which satisfies the next condition:
J
L . > 0.5,
=1 yz =
This parameter gives us an estimate for the deviation of energy
in a lower frequency.
MOM =y + 2Xy + 3Xy .
n 18 19 20
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This parameter indicates the spectral deviation (or moment) in
a higher frequency.
further, the average of each parameter within a segment is simply
denoted by AMP, CNL, and MOM, respectively. These notations will be
used in the following section. The steps for primary segmentation

are as follows:

(a) Processing of a frame
We assign to the n-th frame:
(1) silence if AMPn<15 and CNLnéj, or AMPn<10.
(2) voiced if AMPng}S and CNLﬁiS, or AMPni;5 and MOMn<l.O.

{3) and unvoiced otherwise.

(b) Segment processing
(4) If the n-th and following frames belong to the same group, they
are combined into a single segment and their parameters are averaged.
(5) In a segment, if there exists an unvoiced frame which satisfies
the condition CNL >15, then we assign it a group of unvoiced non-
plosive consonants, otherwise we assign a group of unvoiced non-
fricative consonants.

(6) go to (12.

In these steps, we explicitly use the phonological rule in

Japanese that two consonants never occur successively, exception the

' 1
voiced | unvoiced consonant i unvoiced
' (non-fricative) | consonant
1 J T | E— 5 | (non-plosive)
; !
10 e e
Z
5 F silence
0 ! ! ] | ] I | | 1
1 3 5 7 9 11 13 15 17 19

CNL

Fig. II-3 Primary segmentation on the CNL-AMP plane
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case of vowel devocalization. (This system regards the syllabic nasal
/N/ as a vowel.)

Fig. II-3 illustrates the region in the AMP-CNL plane where each
group is contained. This procedure yields a sequence of segments

consisting of four groups.

II-6 Classification of Unvoiced Consonants

A segment classified by primary segmentation as unvoiced is
further classified into one of the detailed groups, each of which
corresponds to either a phoneme such as /s/, /c/; /h/, or /p,t,k/, or
to a voiced sound which may have been previously mis-segmented into an
unvoiced section. Now I describe this procedure. We will first
define some necessary parameters. .

DUR = the number of frames within the segment to be classified.

This corresponds to the duration of the segment.

PRAMP = the average power of the three successive frames which precede
the segment. *

SL = min(1.0, 1.3 - PRAMP/50). This measure gives the likelihood of
silence or closure for plosive consonants on the basis of
speech power. Min is an operator which selects the smallest
value among the several values. ' Snents.

AMPMAX = the maximum value of power in the segment.

AMPMIN = the minimum power between the frame with maximum power and
the last frame of the segment.

These parameters are illustrated in Fig. II-4.

Using them, we calculate the likelihood of the voiced group and -
of each of the unvoiced consonants. This likelihood is normalized
so that the value becomes larger than 1.0 for a typical segment
corresponding to a phoneme. As this likelihood value becomes

larger than the criterion (1.0), the degree of reliability for phoneme
classification becomes higher. This procedure easily lead us to select:
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AMP (power)
DUR

=~ AMPMAX
<—AMPMIN
AMP

time (frames)

DUR

silence unvoiced non-fricative voiced

Fig.II-4 1Illustration of some parameters _
the best threshold for each Parameter, because the parameters are

regarded as independent ones to one another. We classify segments into
phonemes which have the highest likelihood. 1If the likelihood of

"voiced" becomes highest, the segment is regarded as "voiced" and

will be subjected to that classification process. The following is
the procedure to calculate the likelihood of each phoneme category.
When the attached condition is satisfied, the operation in brackets

is carried out, otherwise, the value is regarded as 1.0.

(1) Classification of Unvoiced Non-Fricative Segment

Likelihood of "voiced"

AMP 1 _ DUR . 8 .

= X X . > x _— >
200 = wom X (733 ¢ if DURAS} x {——; if cni28}
x {1.2 ; if (AMP; = AMPMAX) V (aMP = AMPMAX) }

DUR
The calculation is quite dependent on the voiced group (/a/
in most cases) which tends to be misclassified into an

unvoiced non-fricative group by primary segmentation. The

condition in the fifth term shows that of monotonous power change. .

Likelihood of the unvoiced plosive /p,t,k/

AMPMAX " AMPMAX AMPDUR+1

AMP AMPMIN AMPMIN )

= sL x {1.5 ; if DUR<4A} x {{
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. . 8 .
X 1/4.5 ; if DUR>4} X {—— ; if 4<DUR<7}

= DUR =
The third term represents the condition of convex power
change, corresponding to unvoiced release-aspiration.

Likelihood of the aspirated /h/
DUR

= 1.0 x (B2, if (UR>8) , (AMP<150)} x {Z= ; if DUR<4)
CNL . 50 .

X {== . > X {——; < <
(557 7 if anpeo} x {o=o s i (AMPS40) A (AMPMAX

AMPX1.3)}

(2) Classification of an Unvoiced Non-Plosive Segment
Likelihood of the aspirated /h/

60 :
= .7 - x {——; <
(3.7 - mom) x {-===0; if AMPL40}

Likelihood of the affricate /c/
= min (SL x 1.2, 1.0) x {1.2 ; if 2.5<MOM<3.4} X
{1.2 5 if DURRT} x { (Ao o AR ) L
DUR/2-2 DUR/2+2 -

if DUR>8}

The first term represents that the silence preceding an
affricate is not as clear as that of an unvoiced plosive.
The fourth term shows the condition of convex change of
speech power.

Likelihood of the fricative /s/

DUR . ;¢ pur<s} x {Z&

H H R>12
e 1, ¢ DU }

= (MOM - 2.3) x {
The relation of major positive feature parameters for unvoiced
segments is shown in Table II-5. The right-hand value illustrates a
criterion for each feature which becomes positive for its corresponding
to a phoneme. Although each phoneme has various negative features,
we mainly use only the positive ones. From the above procedure, we can
obtain the first two phonemes with highest likelihood. These are

regarded as the first and second candidates, respectively.
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Table II-5 Relation of main positive feature parameters
for unvoiced consonants.
(the value of right side denotes a criterion)

feature non-fricative non-plosive
parameter )
voiced prt,k h h c S
power
AMP 2200 <40 <40
duration
DUR (frames) 212 £7 28 >7 >12
high frequency
>2.,5
MOM £1.0 £2.7 <3.4 >3.3
low frequency
CNL <8 29
*
SL =1,0 >0.875
change of non-
power monotone | - convex decreasing convex

* the likelihood of silence at the preceding segment

As soon as the classification of unvoiced segments has been
finished, rewriting rules are applied to the new classified sequence.
For the first candidate, let Fn be the label (phoneme) for the n-th
segment, and let DURn be the duration. Then the following rules

apply:
Rule 1 1If Fn = /h/ (or /p,t,k/), Fn+l = silence and DURn§QOms, then
these two segments are combined into one segment, and it is labeled

/h/ (/p. k).
Rule 2 If F = silence, F = unvoiced plosive, DUR _<20ms and F
—_— n n+l 0= n+2

= silence, then F 41 is rewritten as "silence", and these segments are
n

merged into one segment, and it is labeled "silence".

Rule 3 1f Fn = voiced and DURné?Oms, then this segment is absorbed by

the preceding segment.

<30ms, then the

Rule 4 If F = voiced, F
rere z n +]1=

n+l = /p,t,k/ and DURn
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degree of reliability of /p,t,k/ is slightly decreased.

1I-7 Secondary Segmentation

(a) Detection of stationary parts

A segment, which has been classified as "voiced" by either
primary segmentation or the classification process of an unvoiced
segment, is further segmented into stationary or transient part.

The procedure is based on a statistical test which examines the change
between two adjacent spectra. This test can decide whether any frame
is stationary or transient. We can calculate the degree of
stationary for a given frame from the four following probability
densities:

1. P(S) and P(T) : a priori probability density functions of the
occurrence of stationary and transient frames, respectively, where
P(s) + P(T) = 1.0.

2. P(d/S) and P(d/T) : a posteriori probability density functions of
the degree of spectral change (d) in stationary and transient parts,
respectively.

The degree of spectral change (d) at time t is obtained from the
following equation, using certain transformed spectra U(t-1), u(t),
and U(t+1).

a={|Ju(t-1) - uey| + Juce) - ue+D) |} 7 2 (II-3)
If these four probability densities P(S), P(T), P(d/S) and P(d/T) are
known, we can calculate the conditional probabilities, P(S/d) and
P(T/d) for a given d. The statistical test employs the likelihood
ratio;

_ P(s/d) _ P(S)-P(d/s) )
A= P(T/d)  P(T)-P(d/T) - (II-4)

If A is greater than or equal to 1, the given frame is decided to be
stationary; otherwise, it is transient. Assuming that both P(d/S) and

P(d/T) are normal distribution density functions, we calculated their
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means and variances from many speech materials. In this case, by
visual observation of the spectral pattern, we decided whether a
frame is stationary or transient. If we adequately change the value
of P(S), we can extract only the desirable rate for the stationary
parts. In LITHAN, we use two different values of P(S) and spectra

u(t), with the following aims:

(1) Learning process : In order to adapt the system to different

speakers, we need to automatically collect some spectra of vowels and
syllabic nasal of the current speaker out of frames which are decided

to be stationary with the>high reliability. .At this stage, we use the
logarithmic transform of z(t) as u(t) in Eq.(II-3), and assume P(S) as 0.1l.

(2) Recognition process : This is the stage after the system has been
adapted to a speaker. It is now desired to extract as stationary and
quasi-stationary parts the frames corresponding to the vowels and

syllabic nasal. In order to extract them, we use y(t) as u{t), and

assume P(S) as 0.5. The probability densities in such cases are shown in

Table II-6.

Table II-6 Parameters of P(d/S) and P(d4/T)

u(t)=log z(t) u{t)=log y(t)
‘P(d/s) P{(d/T) P(d/s) P(d/T)

mean 0.386 1.05 0.136 0.271
variance| 0.0361 0.281 0.00495 | 0.0135

(b) Detection of voiced consonants

The portion of voiced consonants is detected as one of the
following:
(1) portion rejected by the vowel recognition process.
(2) long transient portion.

(3) portion of small sound power concave form.

In Japanese, a voiced consonant does not exist at the final
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position of a word. We make good use of this phonological property,
as it can be rephrased in a convenient form for our purpose, that is,
a voiced consonant cannot exist at the end of a series of voiced
segments. However, at the initial position of a voiced segment there
may exist a voiced consonant to be preceded by a voiceless consonant;
This is because a vowel (/i/ or /u/) which a voiceless consonant
follows is sometimes devocalized or missed. Owing to the above
consideration, the initial position of a voiced segment which has
transient parts longer than 50ms can be regarded as a voiced
consonant.

Since an inter-vocalic voiced consonant always has smaller
energy than the surrounding vowels, an energy contour in such portions
forms a concave, or dip. Therefore we can detect these portions by
approximating five successive points on the contour by a secondary

degree curve.

II-8 Classification of Vowels

As describ?d in section II-1, the most difficult problem in the
automatic speech recognition is due to variations in spectrum
patterns caused by coarticulation and speakers. Compared with the
coarticulation problem involved in recognition, the speaker problem
is essential to the recognition of vowels (see section II-8-3).
While most systems which have succeeded have been able to store
training data for every possible user, they still cannot adapt or
train themselves to fit to new speakers very rapidly. Whereas the
turn-around time required for new users is often a major factor
limiting the use of speaker-dependent systems. In this section, I
describe both methods of a partially non-supervised learning of vowel

spectra and rapid supervised learning.

- 38 -



II-8-1 Partially Non - Supervised Learning of Vowel Spectra

In non-supervised learning, the system must be able to treat
training data very carefully in order to avoid mislearning. From our
preliminary experiments (which will be described in section II-8-3),
we found that vowels can be recognized very accurately in the
stationary parts extracted from the learning process mentioned in the
previous section. Therefore, the spectrum of a stationary part where
vowels are recognized with high reliability is a suitable sample for
(partially) non-supervised 1garning. Let us consider the way to
learn the average spectrum m% of the vowel 7 for the speaker j. Given

X .o XN, uttered by the speaker j and recognized as

N samples, Xl' 2!
the vowel %7, we can use the method for learning the mean vector
(Nilsson([65]1).

The value of mﬂ atthe (N-1)th stage of learning is denoted by

mi . This is renewed by the N-th sample X as follows:
7,N-1 N
m‘Z'N = OL%N (om, + N-X) ) = a——iﬁ{(am-l)m‘zm_l + x .} C (IISB).
(I1-6)
(11-7)

re/

~2.0 -
,,,,, T DU SO TR TS W [ NG RNY SN WO S | P R S R VS SRR
1

R e 1 £ - 1) v s . 5 :

channel No.

P T SR W'
<100 . 0 18 L . L 20
channel No.

Fig. II-5 Non-supervised learning of mean vector of vowel spectrum

initial vectox; --~--— final vector; ...-.. target vector.
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where mi is a mean vector for all speakers, and 0 is a consonant value
representing the degree of ambiguity of mg. We substituted 10 for o

in this experiment.

The Phoneme Recognizer selects Table II-7 Difference of learned

.. . mean spectra between
training samples automaticall and 4
. g P Yo speakers

recognize vowels and syllabic nasal.
SK oT MK NK ¥Ys

Fig. II-5 illustrates examples of the 2 2 2 2 2
results of non-supervised learning. SKl 0.5912.87{1.72(2.86|2.15
Tab}e II-7 shows how different the OTl 2.1901.27|2.67]2.10] 2. 38
learned spectra are from speaker to

speaker. This learning was performed MKl 1.5313.29/1.0112.08/1.80
by the use of two different sets of NKl 2.56(2.84{2.86{1.07(|1.98

s , wh
training samples, where each set ¥s 1.66]2.18]1.36|1.670.67

consisted of 8 sentences of

'‘Arithmetic Expression'. (The details
will be described in Chapter VI.) The column in the table corresponds
to the spectra learned by the first set (suffix with 1). The

difference between two speakers, S; and Sy, is defined as following:

20 sy S» . :
D(S1,S2) =% I Ix. .- X, .| ; 1 = a,i,u,e,o,N, (1I-8)
7: J’=l Jds? dsT

where j denotes a channel number.
From the table, we find that this learning method is very useful
in the following ways:
(a) The values of the diagonal are smaller than the others.
(b) This value is independent of training samples.

(c) No special training sample is required for the system user.

I1I-8-2 Supervised Learning of Vowel Spectra

Although (partially) non-supervised learning of vowel spectra is
effective for many speech materials as shown, the convergence speed

of this learning is rather slow. We propose a new technique for
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supervised learning, the main feature of which is speed.

Before practical recognition is carried out, and so that a proper
voice can be learned, a new user of the system is requested to utter
the five vowels (/a/,/i/,/uw/./e/.,/©o/) in isolation and the syllabic
nasal (/N/) in the context /uN/. Among all the voiced consonants,
the largest inter-speaker variation occurs with the syllabic nasal
(see section II-4-1). Thus, the system also learns it as well as the
vowels. Fig. II-6 illustrates how the learning samples are extracted
from the utterances. For vowels, the system extracts the three
successive frames around the one with the largest energy; for the
syllabic nasal, the three successive frames in the portion preceding

by 50ms from the end of the utterance

isolated vowel syllabic nasal

/u/ /N/

AMP (power)

1

50ms

Fig. II-6 Portions of extracted samples for preliminary learning

Next, I describe in detail the learning method of both spectra
and the weights of linear discriminant functions.

The spectral difference between isolated and in-word vowels can
be large (Kanamori[36]). Thus it is risky to use the spectra of
isolated vowels for recognition of vowels in continuous speech. Now
let Y. (=y ++ ¥ ++ ++. ¥ ) be the spectrum common to all speakers

2 1,7 T 2,7 07
for the isolated vowel 7, and yi be the spectrum of the speaker 9.

- =5 . .
And also, let yi and yi be the spectra in words. We can previously
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know only yi and }%. As mentioned above, yi is obtained from the

isolated vowels. We want to know yﬁ by using these known spectra.

A

. . . S
The system estimates }f by the following equation, where yi denotes

the estimator of yﬁ:
"3

— g .
‘yi = (OL'.yi + )'7/) / (o+l) (I1-9)

Table II-8 Estimation error of vowel spectrum in-words

aler=2| ||e2=L()?2 note

0 97.8 15.88 isolated vowel spectrum for each speaker
1 60.3 6.77

2 53.7 5.43

3 52.3 5.07

4 52.0 4.96

5 52.0 4.93

6 52.1 4.93

7 52.2 4.94

8 52.4 4.95

9 52.5 4.97

10 52.9 4.97

w 54.5 5.28 common vowel spectrum in-words for all speakers

Table II-8 shows the estimation errors €; and €, which are
evaluated by the following:
=5 s |
ki T Yk il v

0 n
—S S
(Y, ; = Yy,{)° _(1I-10):

€s =
7 et

. ™M
Il ™o

z
S 7k
The speech materials used are the same as analyzed in section II-4,
that is, 'fundamental speech material'. In this table, 0=0
corresponds to the pre-registration of an isolated vowel for each
speaker, and 0=* to the usage of the vowels extracted from the
coﬁnected speech common to all speakers. From these evaluations, we
can find that the best value of o which results in the smallest €,

and €, is 0=4 or 5. Table II-9 shows the estimation error for each

vowel spectrum in-words. Seeing this table, it is observed that the
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Table II-9 Estimation error of each vowel spectrum in-words

o 0 2 4 G
€1 €2 €1 €2 €1 £ €1 €2
a 12.74 1.82 6.36 0.43 5.87 0.34 5.89 0.34
i 15.37 1.88 9.51 1.03 9.70 1.06 | 10.08 1.24
u 18.68 3.26 9.61 1.04 9.35 0.94 9.93 1.00
e 12.51 1.43 7.27 0.53 7.24 0.51 7.83 0.57
16.26 2.52 7.29 0.54 6.36 0.41 6.16 0.36
22.28 4,48 | 13.69 1.83 |13.51 1.70 | 13.87 1.77

estimation of /a/ and /o/ makes little difference in comparison with
the case of no-estimation (0=®). However, the estimation of these

spectra is fortunately better than those of other phonemes.

The learning of linear discriminant functions, which discriminate
a category in the vector space, is also considered. Leth;j be the
weighting vector of the linear discriminant function distinguishing the
vowel 7 from j. Then, the estimator of W%j for the speaker S is
given by the following:

QS = S S -

o s = W.. + . - . + -
ig (o wzg yz yg) / (o+l) , (I1-11)
The same technique as mentioned in non-supervised learning will be

used for two or more training samples.

In order to evaluate the effect of the learning, we recognized,
on the basis of linear discriminant functions, the vowels in digits
spoken isolatedly by 10 male adults. The experimental results are
shown in Table II-10. From this table, we can see that the best value
of 0 is 2. Further, it is clear that this method has almost the same
ability as in the case where &i-&? is used as wij. In the estimation
of spectra (statistical test) and in the performance, the best values
of a are different. I think that this difference is caused by both the
non-linear relation between the two estimations and the usage of
different speech materials.

This supervised learning will be used for the on-line, real-time,
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spoken words recognition system -LISTEN- (see Appendix A).

Table II-10 Recognition results of vowels in digits (number of errors).
Number of samples: /a/=200, /i/=100, /u/=/e/=50, /0/=150

a a i u e o |total note
0 31 24 10 4 55 124 isolated vowel spectrum
2 20 6 5 1 18 50 learning by isclated vowels
4 30 10 5 2 25 72 learning by isolated vowels
© 44 6 6 2 9 67 common vcwel spectrum
27 2 1 10 44 spectrum in-words for each speaker

I11-8-3 Classification Method of Vowels

There are various methods for classifying into each category
observed samples in the feature parameter space (Nagy([55]). We
investigated how large difference these methods yielded in the rate of
vowel recognition. In order to conduct this comparison, we used
cityblock distance (or the Chebyshev norm), Euclidian distance, linear
discriminant functions, and quadratic discriminant functions as
classification algorithms. It was assumed that the observed samples
originated from multivariate normal {(or Gaussian) populations with the
mean mi equal to the spectral mean for the vowel 7, and the covariance
matrix Zi equal to the spectral covariance matrix. It was also
assumed that the a priori probability P(Z) is equal to the probability
of the input belonging to the category of .

The algorithm based on cityblock and Euclidian distance assigns
an observed sample (spectrum) to the category of the nearest reference
point. These two distances are defined by r=1 and r=2, respectively,
in the following Minkovski distance.

20 r)l/r

a.y) = (L L - X,
(Z.4) (k=1|xk,z xk,J|

(1I-12)
A discriminant function fij(x) is a single-valued function to
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distinguish the category 7 from the category J. Using this function,
we assign the category 7 to an observed sample X if fij(XX;O. The
discriminant analysis leads to a linear discriminant function of the
form

fij(x) = XW, ., + W, .. , (II-13)

where the weight vector and constant value are obtained by the following

equations:
WEJ- = (R(d) T, + P(j)-zj)'l'(mi -moy© (1I-14)
Vo, id = ’%(mi + mj).(p(i).zi + p(j)~2j)'1.(mi - mj)t
+ (P(2) = P(J))/2:P(L)P(J). . (11-15)
In order to classify n categories, nC2 = n(n-1) /2 linear discriminant

functions are necessary.

Under our assumption, the probability P(X/7) that a sample
belonging to the category 7 isobservedat the point X is given as
follows:

-1/2

px/i) = (2m 2L T P expl-S(x - m BT ex - m) ) (11-16)

The following quadratic discriminant function is derived, under
the assumption that all the occurrence probabilities P(Z) are equal,
as well as Bayes' recognition rule that the category 7 is assigned to

an observed sample X when the probability P(X/Z) that the vector belongs

to the category 7 is the largest.
) -1 t -1 t
£y 00 = (X = M) Lo (X = mp) ” + loglzf, - (x - M) eIse (X = m,)

+ 1og|zlj (I1-17)
Wé carried out recognition experiments by these four algorithms,

(xr=1 and. 2 in Eq. (II-12), Eq.({(II-13) and Eq.(II-17))
extracting training and test speech samples from 'fundamental speech

material' as described in section II-4. In method 'A' (speaker
independent), all necessary parameters are common to all speakers. On
the other hand, in method 'B' (speaker dependent), all parameters

except the covariance matrices are adjusted to each speaker. It is
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Table II-11 Results of vowel recognition by various
classification methods.

. . linear quadratic
method cityblock |Euclidean . .. . . .
distance distance dlscr}mlnantdlscr}mlnant
function function
speaker—-independent
A
(common spectrum) 86.3% 87.4% 91.8% 93.0%
speaker dependent
(individual spectrum) 91.8% 92.2% 95.0% 95.0%

seen from Table II-11 that the guadratic discriminant function has the
most powerful performance in vowel recognition. Even though this
function consumes computational time in comparison with other

algorithms, we will use it hereafter.

A quadratic discriminant function needs a mean vector and a
covariance matrix for each category, and these statistics depend on
each speaker. So we investigated the following cases where:

(a) the means and covariance matrices are common to all the speakers;

(b) the means are personally adjusted but the covariance matrices are
common ;

(c) both the means and covariance matrices are personally adjusted.

Table II-12 shows the recognition results, where training and test
speech samples spoken by five male adults were extracted from the
sentences of 'Arithmetic Expression'. Although the method (c) gives
the best performance, a personally adjusted covariance matrix cannot,
in general, be obtained because it takes a great number of samples to

Table IT-12 Results of vowel recognition by quadratic discriminant
function in parts used for reference samples extraction.

reference spectrum

method mean “ovariance a i u e o total
a common common 100.0%] 90.9¢ 93.2%{ 92.4% 95.0% 95.3%

individual common 99.6 | 98.5 | 96.0 [100.0 | 98.0 | 98.5

individual|individual | 99.6 | 99.2 | 98.9 [100.0 [L00.0 | 99.5
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calculate it accurately. However a personally adjusted mean vector
could be obtained by the learning procedure, as described in the
preceding sections. Therefore our system approximately learns (b)
from (c¢) by using the (partially) non-supervised learning procedure.
On the other hand, the real time spoken words recognition system
LISTEN, which will be described in Appendix A, learns (b) from (a) by
using supervised learning procedure. If the conditional probability
P(X/7) for all © of a given sample is smaller than the §re—set
thresholds (in relation to the first and second candidates), this input
sample cannot be regarded as one of vowels. That is, it is rejected
by the process. It is then passed to the classification process of

voiced consonants.

II-9 Classification of Voiced Consonants

As described in section II-7, voiced consonants are detected as
one of the following:
1) portion rejected by the vowel recognition process,
2) transient portion, whose duration is longer than 40ms,
3) portion with weak energy and a concave form of an energy contour.
Also, as described in section II-4-1, since the inter-speaker
difference among spectra of a voiced consonant is larger than that
among vowel spectra, the system must normalize or learn this difference.
Kohda and Saito[43] tested the possibility that a spectrum of a
voiced consonant can be estimated from those of the vowels. This
method, however, had the following weaknesses:
1) A spectrum was estimated only for the voiced consonants included
in ten digits. Thus, the kinds of voiced consonants and contexts were
limited. )
2) The parameters used for estimation were obtained from utterances
spoken by five male adults. These utterances were also employed as

test samples. 1In other words, they did not try to estimate the
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voiced consonants of unknown speakers.

These considerations led us to the necessity of a fundamental study
on estimation for unknown speakers. Now T explain our method: The
system does not need to use time variation of an energy envelop,
because we found by preliminary experiment that this variation does
not give us significant help in speech perception of voiced consonants
(Shimamoto{88]). As in vowel classification, the classification of
voiced consonants is carried out by the quadratic discriminant
functions. Below is described our fast method for learning a mean

vector of an unvoiced consonant.

Let }i be a spectrum common to all speakers for the phoneme 1
and yﬁ be that of the speaker S. The system attempts to estimate the

spectrum }f, by using y and yi (7 denotes a vowel) as follows:

~s = — — . ‘
'yZ = 'yZ + KZ_,1: '(.V;S:, - ,y,i) ’ (I1-18)

where KZ i is estimated as the (20%20) diagonal matrix expressing the

3
relation between 7 and Z. 1In practice, the system uses the learned

spectrum ; mentioned in sectlon I1-8-3, instead of the spectrum y
because the system cannot know y.. KZ,i for all pairs of phonemes was
obtained from the minimum squared error criterion by using the speech
materials as mentioned in section II-4, spoken by six out of ten
adults. Other four male speakers were regarded as unknown speakers.
Experimental results are shown in Table II-13, for every unknown
speaker and voiced consonant. To compare with this estimation method,
two other estimations are also shown in the table: that were obtained
by the use of common spectra on all speakers and that of the
personally adjusted spectra (individual spectra). We find from these
results that the best estimation is derived from the spectrum of /u/
or /N/. Strictly speaking, the best estimation depends on the kind of
voiced consonants. Based on Euclidean distance, Table II-14 shows the
recognition results of the voiced consonants, using /u/ and /N/ for
the estimation. These results interestingly suggest that the

estimation of voiced consonants for unknown speakers is possible by
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using the vowel spectra. Hereafter, the system uses the estimation by
/N/ for convenience.

Recently, Furui[l9] proposed a new method for normalization of
voiced consonants. However, its performance was worse than that which
uses spectra common to all speakers. I guess that this result is due
to neglecting the intensive correlation between a vowel and voiced

consonant.

Table II-13 Estimation error of voiced consonant
spectrum for all speakers.

(a) classwise estimation error of speaker

estimation method speaker Ys NK MT AR | totall
Common spectrum for all speakers 420 454 517 505 | 1896
Estimation by spectrum of /a/ 476 419 526 480 | 1901
Estimation by spectrum of /i/ 393 385 518 482 | 1776
Estimation by spectrum of /u/ 404 387 489 473 | 1753
Estimation by spectrum of /e/ 408 589 513 569 | 2079
Estimation by spectrum of /o/ 406 437 477 499 | 1819
Estimation by spectrum of /N/ 383 366 496 501 | 1746
personally adjusted spectrum¥ 272 240 378 379 | 1269

* corresponds to the spectrum of known speaker.

(b) classwise estimation error of voiced consonant

me thod m n g b a g r z
common 214 184 289 233 136 405 200 236
a 204 163 282 236 129 455 195 239
i 189 163 256 238 118 411 188 216
u 181 159 240 226 125 422 188 214
e 249 212 320 255 131 499 188 226
e} 198 160 255 254 132 437 186 227
N 153 127 258 230 131 425 192 228
individuall| 116 92 164 173 - 88 306 162 168
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Table II-14 Recognition results of voiced consonants by estimated
spectrum (error number).

estimation method |speaker | m n g b d g r z ftotal

common spectrum known 57 89 1101 101 49 77 61 20 | 555

for all speakers unknown | 58 85 81 57 32 54 42 11| 420

estimation by known 57 84 95 85 46 63 59 22 | 511

spectrum of /u/ unknown { 47 87 74 62 34 49 37 18 | 408

estimation by known 53 74 94 20 49 67 61 20 | 508

spectrum of /N/ unknown | 50 62 75 60 32 50 39 17 | 385

personally known 36 46 74 6l 46 52 51 15 | 381

x
adjusted spectrum |unknown| 21 31 48 38 22 39 32 14 | 245

* corresponds to known speaker.

II-10 Rewriting Rules for a Sequence of Phonemes

A recognized phoneme sequence is modified by rewriting rules.
The rewriting rules which we use in our system are divided into
following four types: (1) rules for recognizing semi-vowels, (2) rules
for classifying silence, (3) phonoclogical rules and (4) rules for
correcting phonemes misrecognized because of coarticulation. I will
describe these rules: ILet Fn, Sn and DURn be the first candidate,
second candidate and duration of the n-th recognized segment,
respectively. Although the degree of reliability is also modified

when some of rules are applied, such is not discussed here.

(1) rules for recognizing semi-vowels
i) (Fn,Sn)=(i,e) or (e,i), DUR <50ms and Fn+1=/a/' /v/ or /o/,
P > >F
then n Sn and /y/ Fn
ii = = + =
ii) 1If Fn /u/, Fn+l /o/, DURn DURn+l§§Oms and Fn+2 = /a/, then /w/~
F =Fn+l' and /u/+Sn=Sn+l, and these segments are merged.

n
= — < — .
If r —/u/, S —/O/, DUR 50mS and F l—/a/, then F S and /u/—)F

(2) rules for classifying silence
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In the primary segmentation process, a portion of silence was
classified into a pause symbol denoted by /./. 1In this process, the
system tries to divide silence into /./, /-/ and /// in the order of
increasing duration. These symbols can correspond to a closure
preceding an unvoiced plosive consonant, a choked sound and a pause
of phrase or sentence boundary, respectively. The choked sound
usually stands only after a short vocalic phoneme and before /p,t,k,
s,¢/. When F is silence, the rules are follows:

n+l

iii) If DUR >120ms, then /-/?F , and /./+Sn.

n+l1=
i = > > = >
iv) If Fn a vowel, DURn=200ms and DURn+1=}OOms, or Fn /N/,DURrr=
150ms and DURn+li}50ms, then ///+Fn+l, and /-/+Sn+l.

(3) phonological rules

v) If Fn=/d/ and Fn+l=/i/ or /u/, then Sn+Fn, and /d/+Sn. (In
Japanese, syllables such as /ti/,/di/,/tu/,/du/, etc. do not exist.)
vi) If the first candidates of three successive segments are all
voiced consonants, then these ségments are merged into one, to which
the voiced consonant of the original middle segment is assigned. (In
Japanese, voiced consonants do not appear in succession to each other.)

vii) If Fn and Sn are voiced consonants and Fn =silence, then the

+1
n-th segment is combined with the preceding one. If Sn=a vowel instead
of Sn=a voiced consonant, then Fn and Sn exchange the positions. (In
Japanese, a voiced consonant does not appear at the final position in

a word.)

(4) rules for correcting phonemes misrecognized because of
coarticulation

viii) If Fn=sn+1 or Fn+2=sn+1'

second candidates of the (n+l)th segment exchange the positions.

ix) If FA%/N/, Fn+1=/N/, Fn+é¥/N/ and DURn+

and DURn+léAOms, then the first and

<40ms, then F and S of
1= n n

the (n+l)th segment is exchanged as in rule vii).

An example of the application of the rewriting rules is

illustrated in Fig. II-7.

- 51 -



first

candidate o N . uaodwur . m r no . p N u .
second
candidate a uwp oo ar imp o rnbapgulip

duration 5 81518 4 8 3 3 6 213 5 3 3 8 2 4 4 3 28

rule i iiicdiilviiis v, wvii  ovi - -vi ix: idii:
first : ' .
candidate Y © N / w a r u - r o . p u u /
second .
candidate © & W - u o d i . n a p g N i -
duration 5 81518 4 11 3 8 13 11 8 2 4 4 3 28

Fig. II~7 An example of the application of rewriting rules.

II-11 Experiment on Phoneme Recognition in Continuous Speech

Before we incorporated it into the total speech understanding
system, we tested the phoneme recognition algorithm mentioned above.
In this experiment we calculated the average vectors and covariance
matrices necessary for the quadratic discriminant functions of vbwels,
using the 80 sentences of 'Arithmetic Expression' (see Chapter VI)
uttered by five speakers. For voiced consonants, we used different
materials spoken by ten male adults. The 80 utterances mentioned above
were then applied to Bayes' system of discriminant functions.

The resulting confusion matrix for automatic recognition is shown
in Table II-15. 1In the table, only first candidate phonemes are
considered to be results of the recognition.

The correct rate of segmentation between voiced and unvoiced was
about 97%. The rate of detection of voiced consonants was about 53%,

and half of these detection errors were cases of being recognized as
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Table II-15 Recognition results of phonemes in
arithmetic expressions.

in Qut alilulelo|N|y|wm|n|G|b|d|g|lxr|z|s{c|ih|p].

a BeS| 4] 7| 9 14} 10 2 31 4 1

i 1209| 12| 9 3 H 21 2 3

u 18282 5 4 4 2 12| 6

e 1 1] 13p02 4 1 1]

o 8 5 2 162 1 2 1

N 33215 1 91 2 1 3 1

y 1 5 4 1 9 3 9

w 2 4 5 7 13 4 8 5 1

m 2l 5 9 5 2 4 8

n 3 3 5 2 59 6 3 9 9 2 1

d y 5 5 9 13| 1 121 4 Y 6

g 337 1y 1Y 3 5 1 16/ 1 5

r 3 4 20 5 1 28 1 1] 10| 3115 1 7

Z 1 5 3 4 2l 5 2l 11

s 2185 5 U 2 1

5 38 1 4

1 3 1 2 1 5 69 25 3

P 2 4 5 5 5 4 2| 23272 13

/N/. These influences were slight with respect to the total system
performance, as they could easily be recovered in a following process
such as word identification.

The averaged score for vowels and the syllabic nasal was about
86%. Those for semi-vowels, voiced consonants and unvoiced consonants
were about 30%, 34% and 81%, respectively. Note that the voiced
consonants /b/ and /g/ were not contained in the vocabulary of

'Arithmetic Expression'.

Examples of the recognition process of the Phoneme Recognizer
are illustrated in Fig. II-8. Input sentences "1l + 2 X 3" (zyu ichi

tasu ni kakeru san) and "104 - 5 / 6" (hyaku yon hiku go waru roku).
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zyvuli citasuni ka keru s aN

() LI YR e 4 .poa s LI Pea.pe ruve.c a N
[t “ i N1 Ph u ph & h -u N u P hoph i WNgips W r
- : 3 11
51 4 02 0 031 7 6 4 8 6§ 24 58
5768
{g) 1 8 8 0 2 o 2 o 02 4 L] e 2 2 o 0 0 880 8 )le:l : Z
12 [S 1o 1 1

1

" €« s s 0 6 St 1 661 S 2818 6 730261 373828 HEH

(a) Input: "zyu ichi tasu ni kakeru saN (11+2%3) "

hya kuyo N h i ku go war ur ok u

{a)

()

e} h a .pguuo N W B 4 .p-u . 900 u w ar wrE © .pg ou
[$4) ¢ o ph b ig u v u ¢ N ph N P buu © ') o =z rb u phbd i
1 1 1 1
(@) 105 0311811 8 2 302 a 04 2 1 4 T 6 3 o038
6 2 02 2 28 4 8 2 o 8 00 8 0 202 B 0 2 6 6 0 4 022 0
11 1 3 1 1 1 1 1 1 1 *
) 301 6381398 6 5 8 48 7 s 851 8 ¢ 18 17 4 5359

(b) Input: "hyaku yon hiku go waru roku (104-5/6)"

Fig. II-8 Examples of phoneme recognition results
(a) :power of input speech, (b):degree of spectral c@ange,
(c) :voiced part, (d):transient part, (e) : first candidate, '
(f) :second candidate, (g) :reliability (X100), (h) :segment duration (X10ms)
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For the first candidate, when the value of confidence degree (or
reliability) is equivalent to zero, it means that there is no
difference between the first candidate and second one. The word "tasu"
[=plus] was recognized as "pas" in Fig. II-8(a), because its final

vowel /u/ was devocalized.

Conspicuous examples of confusion are the following:
(1) Conspicuous natural confusions are consistent with both the
Bhattacharyya distance in Table II-3 and the processing order in
phoneme recognition. That is, the confusion occurring from vowels to
voiced consonants is rarer than the inverse confusion between them.
(2) In vowel recognition, the confusions between /a/ and /o/, and
between /i/ and /u/ are large.
(3) The syllabic nasal /N/ is often misrecognized as /i/ or /u/.
(4) The voiced consonants are often misrecognized as /N/, and are
also confused among themselves.
(5) The confusion between the unvoiced plosive /p/ and the aspirated
/h/ is large. Also, /p/ is sometimes misrecognized as silence, which

implies either omitted or missed.
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CHAPTER 111

WORD IDENTIFIER

In this chapter, I will describe a new method of word
identification. It is based on matching technique of a recognized
phoneme sequence against a phoneme sequence given by an entry in a
word dictionary. This matching uses a phoneme similarity matrix and
Dynamic Programming. Before going to the description of our method,
I will overview both the aspects of spoken word recognition research
and various types of schemes (developed or to be developed) having

their basis on DP matching.

IITI-1 Introduction

In automatic word recognition, if the whole input pattern is
regarded as a point in the pattern space, the recognizer can avoid the
problem of coarticulation. It can also use the linguistic information
obtained through the word dictionary, i.e., the redundancy of natural
language. Therefore, for limited speakers, it is fairly easy to
recognize spoken words in a limited vocabulary, together with advances
in data processing technology. Recent research in word recognition
has focused on the following goals:

(1) enlargement of the vocabulary size.

(2) reduction of the amount of computation and storage.

(3) development of a general word recognition scheme using phoneme
recognition.

(4) normalization or learning of speaker differences (see section

Ix-1).
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(5) extension to recognition of connected words.
(6) introduction of the error—corrécting function, through man-

machine communication.

In addition to these points, effective usages of the word
dictionary and fast matching algorithms have also been studied as a
part of the research. For matching an input pattern against a reference
pattern (It is assumed that each of these patterns is expressed by a
time series of feature parameters.), I believe that a matching method
using DP is one of the best algorithms suited for automatic word
recognition. I also believe this because all DP matching algorithms
used make good use of the properties of speech sounds such as continuity
and regular time order, and they allow for nonlinear warping on the

matching between strings with different length.

As shown in Fig. III-1, there can be various types of DP matching
algorithms in according to the levels of matched patterns. In the
figure, a solid line denotes a time series of some feature parameters

{(spectrum, formant, LPC, cepstrum, zero crossing measurements, etc.);

input speech

context free context sensitive
ngh less less much

type ‘A B c D E F

input pattern _ XgYi?E—CV)-—A-—A —o0—o AAAAAA  oooooo

reference pattern

—_——  —A—A —o—o AAAAAA oo00OOCOC

type a b c a e £

Fig. IIT-1 Kinds of input pattern and reference pattern on matching.

— a time series expressed by feature parameters every frame
A a segment expressed by feature parameters
o a phoneme corresponding to a segment

vcv denotes vowel-consonant-vowel syllable
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a triangle, a segment expressed by the feature parameter associated

with a phoneme; and a circle, a segment expressed by a phoneme (~-like)

symbol. Namely, a series of circle symbols denotes a phoneme string.
I will now consider the advantages and disadvantages of these

matching algorithms.

(1) A - a type (Velichko and Zagoruyko[94], Sakoe and Chiba[83],
Itakura[34])

Speaking from the point of recognition rate, this method is, at
present, superior to all others for the spoken words of a single
speaker. However, with reference patterns fixed, this method is not
as succeésful for many speakers as it is for one. It is reported
that this method is useful for speaker identification(Chiba and Sakoe
[11]). These facts imply its dependency on the speakers. Moreover,
there is a serious problem that it requires a large amount of memory
and computing time. This method has a very simple recognition scheme,

and may be called a 'null model'.

(2) A - b type (Nakatsu and Kohdal[57])

This type accepts the merits of the A-a type and also tries to
reduce the amount of memory for reference patterns. However, this
gained advantage will be obtained only when the vocabulary size is

over 200 words.

(3) B - b type (Nakatsu and Kohda[56])

In comparison with the A-b type, this B-b type is inferior in
recognition rate but superior in computing time. For this type, it is
necessary to do segmentation on the basis of VCV-by-VCV (or CV-by-CV)
syllables, and such a way is very difficult.

When using these three types, it is very difficult for a system

to learn speaker differences quickly.

(4) A - c type, C - ¢ type and D - d type
In the transient parts of input patterns, these types take
advantage over the A-a type. They also devise to save an amount of

computer storage and computation by data-compressing in the stationary
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parts of input patterns. However, these types have not been studied
yet, because segmentation between the stationary and transient parts
is very difficult. (Sato and Fujisaki[84] have recently proposed a

method of the D-d type, but they did not use the DP algorithm.)

(5) A - e type (Kohda, Hashimoto and Saito([41], Makino, Suzuki and
Kido[49], Vintsiuk[96]) and E -~ e type (Hirakawa
and Matsuural[28])

Compared with the A-a type, these types try more increasingly to
solve the problems of memory and computing time. However, still
compression of transient parts of patterns is an open problem.
Vintsiuk added the duration time of stationary parts, given by

grammars, to the description of the e type.

(6) F - f type
The author thinks that this type is ideal (see section I-3-1),
although it demands accurate recognition of phonemes, especially for

continuous speech recognition.

Note that the types A (a) or B (b) are hardly sensitive to
coarticulation or phoneme context (context free), while the types E
(e) or F (f) are much more sensitive by it (context sensitive). As
described in section I-3-1, we have used the F-f type in our word
recognizer.

Our method has the following features:

1) fast algorithm for the identification.

2) normalization of the influence of coarticulation.

3) adoption of a phoneme similarity matrix corresponding to the
confusion matrix of phoneme recognition.

4) automatic construction of an effective word dictionary.

5) adoption of dynamic programming with some matching restrictions.

6) capability of word spotting or recognition of connected word.

III-2 Phoneme Similarity Matrix
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III-2-1 Similarity between Two Phonemes

Phoneme recognition is performed using statistics of the spectrum
(means and covariance matrices in 20-dimensional vectors) for phonemes.
Thus, if the Phoneme Recognizer makes mistakes in phoneme recognition,
we should consider that such errors are caused by the fact that
statistics calculated from an uttered phoneme are very similar to
those of a misrecognized phoneme. The errors are generally divided
into three kinds: a) substitution, b) insertion, c¢) omission (see
Fig. III-2).

Word matching is fundamentally defined as the process which
makes a one-to-one correspondence between each phoneme of a recognized
phoneme string and each phoneme of an entry (a word) in the word
dictionary. To evaluate a degree of matching between two phonemes,
we introduce a concept of similarity between two phonemes.

In general, similarity closely depends on the recognition method
used by a phoneme recognizer. It is desirable that the similarity be
derived from the confusion matrix made as results of phoneme
recognition. However we cannot positively use confusion matrix because
a reliable one must be constructed from the results based on a lot of
speech data.

As described in section II-4-1, the Bhattacharyya distance is
closely related to the confusion matrix constructed from the results
of phoneme recognition based on Bayes' rule. We calculate the
similarity S(¢,j) for a pair of phonemes (¢ and j) by the following

equation (refer to Table II-2):
| S(i,4) = 100 - 8 x B(Z,J) (III-1)
If { belongs to the set (a,i,u,e,o,N) and j to the set (m,n,a,b,d,g,r,
z), S({,j) calculated by Eq. (III-1) is decreased by 5. On the other
hand, if 4 belongs to the second set or equals to /y/ or /w/ and j
is in the first set, S(Z,j) is increased by 5. Such modifications of
S(<,j) are to compensate for the unsymmetric performance of the
Phoneme Recognizer. If either { or j is unvoiced, S(£,j) is derived

from the confusion matrix (Table II-15) and referred to the
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distinctive features (see Table III-4). The resulting similarity
matrix is shown in Table III-1. The column "in" denotes phonemes in
the lexicon, and the column "out", recognized phonemes. In this table,
the pseudo phoneme /*/ is treated as an unvoiced plosive, except that

it is not associated with the silence group.

Table III-1 Phoneme similarity matrix

jmalueoNywmnEbdgrzschptk.—/
a 10C| 3el 51 e9] 75] 65] 70| 82 51} 55 58 50 51| 40 63[ 36{ 5 .5/ 70 s 5| 5| 5| s| s
(1 3A100; 83 73] 56| 85| 82( 40| 72] 74! 85] 79 76| 77] 75| 69 5| 30| 79 50| 50| 50 S| S| 5
s 51831001 74; 80f 89| 78| 70| 81] 83| 89 e8] 81] 79/ 82 72[ of 5| s S s s s 5 5
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"o 75 56| 80] 69100] 80 70] 91 64 65 79 75 66] 60| 74| 50| 5| 5| 5 5| 5| 5| 5 5| 5
(N 85 85 89! 73] 80000 75| 72| 84| 85 84! 81! 74{ 69 78/ 69| 5| 5| sl s s sl s/ 5| 5
v . 75 87/ 83] 95| 75] 8ohoo] 66| w8l 73] 82 76| 77| €6 87| 67| 5| 30| 50 50| 50| 50] 5| 5| 5
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mi 1 82] 91 69 74] 94! 68| 620100] 92| 8¢| 85| 75/ 68 83[ 55| 5| 5[ 7d 5| 5| 5 5| 5| 5
n! €2 84 93 79l 74| 95[ 73] 61] 9201 00| 84 86| 84] 72/ 87 69| 5| S| 7] s{ 5| 5| 5| 5 5
T 63 95| 99| 84| 85 94) 82| 71( 86| 88100] 93] 89 87[ 89| 79] 5[ 30] 70 85| 85] 85{ 30] 5| 5
b | 66 89 98 77| 85| 91| 76| 70] 85| 86| 931100} 90| 84] 89| 72 5| 50| 50| 85] 85| 85] 40] 5[ S
d| 61 86 91] 82| 76| 84] 77 61! 75[ 84] 89 90lin0] 85| 88| 87] 5[ 50| 50 85| 85| 85 40[ 5| 5
a1 50] 87 89 73] 70| 79 66 50| 68 71] 87 84] 85100 75| 78] 5| 50| 70| 85| 85| 85 40| 5| 5
r| 73187 92| 88! 84} 88/ 87 75| 83| 87] 89 89| 88| 751100] 72| 5| 5[ 50 50| 50| 50 5[ 5] 5
z ! 45 79 821 72{ 60| 69 67| 38| 55| 69} 79 72| 87] 78] 72f100[ 85| 75| 75| 50| 50/ 50} S| S| S
s! 5 % sl 5 s s s s s s s s s sl s[goloo] 90] 85 60| 60] 60} 40| S| 5
ci 5 5 5 5 s s s s s s| s s| s| s| sf7o[gofoo] 85 85 85| 85/ 60| 5| 5
hi 70160 s 51 5| s| s[ s[70] 70] 70 50[ 50] 70] €0] 70| 85[ 85000 90| 90! 90| 70] 5] 5
p! 5074y 5 5 sls0f 5| 5| s| s 83 85 85] 85 50 40| 60] 85| 90100 00100] 90] 90] 90
ti 5040 5 S5 5[ s0r 5 5 5| 5| 89 85| es| 85 50| 40| 60[ 85| 901001000 00] 90[ 90] 90
ki 50:40 5 s 5|50 5 5| s| 5] 89 85]85] 85 50[ 40| 60 85! 90100 00p00] 90| 90| 90
.1 5l o 5 5 s 5| 5| sl s 5| s s| s s s| s| s| 6085 90 90 ochoo] 20 5
-] 5 o 5 5 5 5 s| s s s s s{ s s s 5 5/ 60 85 90 90| 90L00100] 20
/1 sl 5 o 5 9 s st s sl s s sf s sl 5| s| s/ 6ol 85 90| 9ol 90L00h 0000
EBEEEREE s| 5| 5| sf 5| S 85 85/ 85[ 85 5 S| 60 85 soioofioofoo; S| 5[ 5

I11-2-2 Adaptation of Phoneme Similarity to a Speaker

Strictly speaking, because of existing speaker differences and
his dialect, a similarity matrix does depend on the speaker. Therefore,
we adapt this matrix to a given speaker on the basis of spectra learned
from the Phoneme Recognizer.

Now, let aki,j)Abe the common cityblock distance between 7 and J
to all speakers and dS(i,j) between 7 and J to the personally adjusted
speaker. The similarity Ss(i,j) for the speaker S is modified by the

following equation:



S ..
$5(4,5) = s@,i +k {1 - SLd)y
30609 _

where k is a constant. In short, if dS(i,j) is smaller than d(Z,J).

r (III-2)

the similarity is increased. Otherwise, it is decreased. The

resulting similarity is again bounded from 0 to 100.

III-3 Word Dictionary
III-3-1 Phonemic Representation in an Entry

All words which are used in a task are preregistrated in the word
dictionary. In order to reduce matching time and computer storage,
the dictionary describes each word as a string of phonemic symbols in
only one way. Some phonemes in a word are often influencedAby phoneme
enQironments, while other phonemes are sometimes devocalized.

Because of this influence, such phonemes are often omitted or
misrecognized as other phonemes. By introducing the sub-phoneme 'k’
in addition to the main-phoneme 'I', we denote these situations in the
dictionary by I/k(c). This notation means that the phoneme 'T' can be
replaced by the phoneme 'k’', where c (0<c<£1.0) means the weight of the
sub-phoneme 'k'. Both phonemes are equally treated if it is 1.0, and
the sub-phoneme is neglected if it is 0. By this description, we can
represent an optional phoneme, i.e., one that is omissible or addible.
For example, if /i/ of 'rei'[=zero] is optional, the entry for "rei"
can be represented by 'r e i/e(1.0)'. This representation is
essentially equal to registering two entries such as 'r e' and '‘rei'.

Table III-2 shows a part of the word dictionary. The special
symbols (+ and -) indicate changes of restrictions for DP matching
(see section III-4-2). The maximum and minimum durations indicate the
range of duration time required for uttering a word. These
representations for given words are automatically constituted by the

constructing rules of the word dictionary.
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Table III-2 Examples of entries in the Word Dictionary

sym- - . . duration
word bol phonemic representation Dmax | Dmin
ichi 1 i ./c(1.0) c I7c(l.0) 350ms | 100ms
ni 2 ni 300 100
san 3 s a N 550 200
yon 4 y/§(0.95) o N 450 |150
go 5 g o 300 100
roku 6 r o ./k(0.95) k 37*(1.0) 450 100
nana 7 n a/N(0.85) n/a(0.85) g/N(O.BS) 550 200 i
hachi| 8 h a/N(0.85) ./c(1.0) ¢ 1/c(1.0) 500 |150
kyu 9 //¢(0.95) k/c(0.95) y/u(0.95) u 500 200
rei 0 r/p(0.85) e i/e(0.95) 400 100

ITI-3-2 Rules for Constructing a Word Dictionary

We can describe a given word uniquely by writing Japanese in

Roman letters.

This orthographic representation of a word is

transformed into a lexical representation by the following rewriting

rules.

These rules are divided into either phonological rules of

Japanese or rewriting rules depending on our phoneme recognizer.

Let V, VC, UC, and ¢ be a vowel, voiced consonant, unvoiced

consonant, and word boundary, respectively.

an operator of the complement for a set of phonemes.

(A) Phonological Rules for Japanese

(1) affricate and unvoiced plosive

¢ c>¢ ./c(l.0) c

B _ P

dlel>¢ -/ D t

k t| (0.95) [k
1
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The symbol ' denotes

ici=>i./c(l.0) ci

roku->ro ./k(0.95) k u




C

L e E

N (0.95) |k

(2) vowel devocalization

il =— i popmy .
UCl[l;‘ uc, > UC:L [] /UC1(0.95) UC2,h ida

2 U

i} {uc i UC.! . .
UClLJ [¢2J—> UCl [u] /UCl(l.O) [¢.'Z];1 c i~

(3) nasalization

(4) syllabic nasal

() la}
u| u
v, N||% V) N/u(0.9) |
» w
(1 a
N .
Vl N le Vl N/i(0.9) |e
J) 4
19
V) Nib|> V., N/m(0.95) [%
m
</
¥ £
Vl N |d} > Vl N/n(0.95) |d
)/ n

(5) velar nasal

¢ g~ ¢ 3/g(0.95)

(6) vocalization

$@vl - 5[;] / [g] (0.85) v,

(7) devocalization

¢

B
Kl
g’ g/
X

_kyu->//k(0.95) kyu

a

i+ hi/h(0.95)dari

-

c i/c(1.0) i

made>mad/n(0.85)

i Nu-=3iN/u(0.9) u

aNe=>aNi(0.9) e

aNma=aN/m(0.95) m

eNdai=>eN/n(.95)

e

migi-mi 0.95

hiku-=>hik/qg(0.85)

[+

_rei-=r/p(0.85) ei
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[j +[i]d/p hidari>hid/t(0.85) ari
ug [1:](0.85)
K

(8) e i > e i/e(0.95) rei—=>rei/e(0.95)
a u

9) ¢ urn%%+-¢ u/m{0.9) mle ume > u/m(0.9) me
o o

(B) Rewriting Rules Depending on Our Phoneme Recognizer

(10) semi-vowel

¢[ﬂvl+¢@/vl(o.9) A v o N> y/0(0.9) o N

(11) contracted sound (palatalization of consonants)

y V., > y/V1(0.95) v kyu-=>ky/u(0.95) u

1 1l
zy > z h/y(0.95) zyu~> 2z h/y(0.95) u
(12) ¢ z > ¢ 2/d(0.9) _zyu~=_z/d(0.9) yu
(13) SE3-+ s/h(0.9) Ej isi=>1s/h(0.9) i
(14) Vl vC Vl -+ VlVC/Vl(O.85) 61 nana=>na n/a(0.85) ;
(15) V1 h V2 > Vl h/V2(O.9) V2 gohaN~=+goh/a(0.9) a N

However the rules (3), (6) and (7) are already under consideration
by the similarity matrix; thus in practice they are not applied to the
construction of the word dictionary. The rules (10), (14) and (15)
compensate for omission errors caused by the Phoneme Recognizer.

The range of duration time for a word is determined by using the
duration time of each phoneme. This is shown in Table III-3, which is
empirically constructed from a large amount of speech data. Minimum
duration time(Dmin) is obtained by summing up the duration times for
phonemes in the lexical répresentation of word, multiplying the
resultant value by the factor 1.1, and then cutting down the
fractional part to less than 50ms. For example, we have a minimum of

200ms for the word "saN", as summed duration time is 220ms (=80+60+80) ,
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the multiplied duration time is 242ms (=220%1.1) and the cut-down
duration time is 200ms. On the other hand, maximum duration time (Dmax) is
obtained in the same way, except for multiplying by the factor 0.9 and
counting the fractional part to more than 50ms.

After these constructing rules are applied, sometimes some
entries in the word dictionéry are modified on the basis of

experimental evidences.

Table IITI-3 Constructing rules of duration time

phoneme | notes
60ms| 150ms
a,i,u,e,o, 0 70 may be devocalized
N 80 200 final position of a word
150 300 elongated
Y.,W,x 30 60

mrnlgrzrc 40 100

b,d,g 40 80
s 80 160
h 50 120
P,k 30 80
. 20 60 closure of plosive(0 to 40 for /c/)
- 150 250 choked sound

III-4 Recognition Method of Spoken Words
III-4~1 Outline of Spoken Words Recoénition Method

An output of the Phoneme Recognizer is a sequence of segments,
each consisting of the first and second candidates of phonemes, the
degree of confidence of the first candidate, and the segment duration.

The first three constituents of the j-th segment in a sequence will
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be denoted by J, Ll and p(0<p<1.0), respectively. An element by which
a word in the word dictionary is described is either a main-phoneme or
a sub-phoneme plus a weighting factor. The constituents of the i-th
element of a lexical entry will be denoted by I, k¥ and c, respectively.
In order to match a portion of a segment string against a word, we
must first define the similarity between a segment and an element in
the entry. This similarity is defined by the following operation:

s(I,J)

cXs(k,d)

px(I,J) + (1-p)xs(I,1) .

pxcxs(k,J) + (1-p)xcxs(k,l)

where max is an operator which selects the largest value among the values

in the parentheses, and S(*,*) is the similarity between phonemes given in
Table III-1. I simply denote S(I,k,c;J,l,p) as So(i,j). By using

s(I,k,c;d,l,p) = ma (I11-3)

this measure, we can evaluate the matching score between an element
string of a word and an input string (by which I mean some portion of
a segment string).

If an element in a word associates with a segment of an input
string, the similarity is directly calculated by Eq. (III-3). If it
associates with plural segments, the similarity for these associations
is the arithmetic mean of these associated measures. The similarity
for a given word is obtained from the arithmetic mean of the
similarities for all elements. Thus, we evaluate the similarity of a
word for all possible associations between an input string and an
element string; we then say that the similarity with the highest score
is the likelihood for that word. An input string is recognized as the
word which gained the highest likelihbod. This calculation is carried
out efficiently by the use of dynamic programming. Fig. III-2
illustrates the matching procedure. An association between two strings
corresponds to a path (or route) on the lattice plane. The horizontal
axis denotes an input string of recognized segments, and the vertical

axis denotes a string of elements of a lexical entry.
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types of errors u
substitution
input string insertior& omission/
first candidate P a o ."e m u e
second candidate c o a - i r i Kk
degree of confidence .8 .7 .5 .9 .8 .4 .9
P T
N
o 0. 000 o O
O, O O O W, O
e e R
lexical entry k a . k e r u
p a o . e m u
matching score 100 93 100 90 100 89 100
likelihood = (100+93+100+90+100+89+100) /7=96.0

Fig. III-2 Graphic representation of word matching and matching score

III-4-2 Restrictions on Word Matching

Abe [1] recently proposed 'Penalty Automaton' for recognition of
time-continuous or space-continuous patterns. This method confronts
the difficult problem of constructing an automaton. However, if his
method becomes more flexible, it will be similar to the method
proposed here. We consider that variations of patterns can be
processed to a certain extent by using a similarity matrix. However,
when a subtle variation happens to be a significant feature for a given
pattern, our method mentioned above does not take such a case into
consideration. Therefore, we make the following restrictions with
respect to the matching between an input string and an element string.
These could be regarded as reasonable restrictions, judging from the

performance of the Phoneme Recognizer.

(1) Except for elements marked with the symbol (-), a vowel and the
syllabic nasal in the word dictionary can be associated with three or
less segments in a recognized phoneme string.

(2) A constant can be associated with two or less segments.

(3) Three or more successive elements cannot be associated with one

segment except when there is an element marked with the symbol (+).
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input

string ieue kg khg
lexical
entry
.keru a.keru .keru ka.keru
OK inhibition OK inhibition
input
string u u u e ue
lexical
entry J
ka.keru ka.keru ka.keru ka.keru
OK inhibition OK inhibition

Fig. III-3 Examples of restrictions on the matching.

Examples of these restrictions are illustrated in Fig. III-3.
(4) When the total duration time of three successive segménts is
beyond 250ms, a vowel element (except for an elongated vowel) does
not have to be associated with the three.segments.
(5) When the duration time of one segment is not beyond 100ms, an
elongated vowel element cannot be associated with only this segment.
(6) 1If a word matching is performed outside the range of the duration
time specified by the lexical entry, the matching score is decreased
by the weighting function. This is shown in Fig. III-4, where Dmin
and Dmax denote the minimum and maximum duration time, respectively.

(7) Although a word has different time structures every time it is

1.0

R

min min max max

Fig. ITI-4 Weighting function on duration time
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L(I,J)
X :
I
S (1,3) - A==
Xy : 1 O(l 3) :
. i i
X ; : ,//?’// S
1 v y
Yy 3 T J
nl(i) nz(l)

Fig. III-5 Matched window
on the lattice plane.

pronounced, it has almost the same segment (or phoneme) structure.

That is, the rules mentioned above are micro-scopic rules for local
matching, but for global matching, macro-scopic rules are necessary.
Therefore, the matching domain on the lattice plane can be restricted
as shown in Fig. III-5. In the figure, nl(i)éj;pz(i) for all Z, where
nl(i) is set to [Z2/2] and nz(i)'is,set to max(Z+5, 2%X2-5).

(8) Of course, the possible routes on the lattice plane are limited:
the 'route is monotonous, namely, only the paths from left to right
along the horizontal, from bottom to top along the vertical, from left-

bottom to right-~top.

III-4-3 Normalization of Coarticulation

Speech sounds which are produced through the vocal apparatuses
are influenced by contexts, as the apparatuses move continuously.
This phenomenon is called coarticulation, and it makes automatic
phoneme recognition very difficult. 1In this section, we propose a new
technique which normalizes coarticulation in the word recognition
stage. When we use the matching algorithm as described in section
IIT-4-1, the similarity between an element x; in a lexical entry and
three successive segments in an input string {yj—l’yj’yj+1} is

calculated by the following equation:
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y‘_2 y'_l v, v, V. ] ] ] ] []
L, AR08
string A Q . O A‘ O D & O
o i Lol . o! o! o /, o
5! 8 gig’ & Sl 8'8ig” S
lexical [:j ! 7
entry X . O A' D Q
i-1 X5 i+l
100 87 100 100 87 " 100
(a) (b)
. t ] L} L] 1 1 ) 1] 1 L ]
inpu y
string A OO0 AOON O
] \\ H ,' H 3 \‘ | v ]
Siog8ig” § S 8 0§
lexical e ! fo i :
10 . 0
100 93 100 100 80 100

(c) : (d)

Fig. III-6 Graphic model of normalization of coarticulation.

(a) and (b) : before normalization
(c) and (d) : after normalization

where, we assume that S ([@3@,0) =s (0,0) =S (A,NO) =S (OO =80,

S (&M =5(0,[D=60, S(A)=S(I4)=40, k=0.5. '

S(Xi;yJ'_ll

Yir¥ig) = {s (Z,d-1) + So(Z0d) + S (2,J+1)} /3. (111-4)
wa let us consider matched combinations such as illustrated in

Fig. III-6. For the cases (a) and (b) in the figure, the equation
(III-4) gives the same similarity. But .we realize that obviously the
association of (a) is more natural than that of (b), and so this
consideration leads us to improye the matching algorithm. In Fig. III-6,

if we regard the association between xi and {yj } as proper,

-l'yj'yj+l
we can assume that yj*l or yj+l is a transient segment between

X. and x., or x.and x. ., respectively. 1In this case, the

-1 7 7 1+1
following inequalities are expected to be satisfied, because the
transient segment would represent an intermediate phonemic category

between two successive phonemes.
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]

So(t—l,g—l) > So(z-l,i)

. % (ITII-5)
So (E+1,5+1) > so(z+1,1) ,

] J .

where both a and b in.SO(a,b) denote the a~th and b-th elements in the
‘lexical entry. On the other hand, if that association is regarded as
improper, the inequalities will not be satisfied-in all the cases.
We consider that normalization of coarticulation can be performed by

modification of the similarity. This modification is defined as

follows:
~ . [ ]
S, (T,§-1) = so(t,g—l) + K{So(z-l,g-l) - So(t-l,t)}
- , (III-6)
So(2hd+1) = S (Z,5+1) + k{s_(i+1,5+1) - so(i+1,i)},

where K is a constant value. Finally, the association between x; and

{yj-l'yj'yj+l} is evaluated by the following equation.

S(x.:Y. ) = {so(i,j-l) + so(i,j) + so(i,j+1)}/3 (111-7)

2 ¥ 1YY 541
Figs. III-6(c) and (d) illustrate applications of this algorithm for
the case of K=1/2. Moreover, when the element xi in a lexical entry
associates with two successive segments {yj_l,yj}in an input string,

this association is evaluated by the following equation:

S(xziyz_yovy) = {83(2,d-1) + KIS, (2-1,§-1) -8 (4-1,7)]

+ so(i,j) + x[so<i+1,j) - so(i+1,%)1}/2 (III-8)

III-4-4 Matching Algorithm by Dynamic Programming

The matching algorithm mentioned above is efficiently performed
by using dynamic programming. Now, we consider how to calculate the
likelihood for a given word. Let L(Z,J) be the highest cumulative
similarity (or score), when considering the i-th element of the
lexical entry for this word and the j-th segment of a recognized

phoneme string. 1In other words, L(%,J) is determined by evaluating
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all possible paths from the point (1,1) to the point (Z,J) on the
lattice plane. When the i-th element is a vowel or the syllabic nasal,
L(Z,J) is calculated successively by the following operation:

L(ilj) = max{Ll(ilj)lLZ(ilj)lL3(ilj)lL“(ilj);Ls(ilj)lLs(ilj)}l

where (I11-9)
*
Li(ilj) =L (i—llj) + So(ilj)
L2 (ilj) = L(i-llj—l) + SO(i'j)
Ly (£,5) = L' (i-1,4-1) + {s, (1,d-1) + s, (2,5)}/2
- - _ (III-10)
Ly (£,J) = L(Z-1,5-2) + {So(i,j-l) + so(i,j)}/z
Ls (4,d) = L (6-1,4-2) + (S ({,5-2) + Sy (£1d-1) + S (1,)1/3
Ls (¢,§) = L(4-1,5-3) + {s (1,§-2) + Sq(t,d-1) + So(i,j)}/3

If the i-th element is marked with the special symbol (+), L*(i,j)=
L(Z,5); otherwise L (Z,5)=max{Ly (£,4),Ls (£,5) ,Iu (£,4) ,Ls (£,4) L (£,4) } -
This selection of L*(i,j) corresponds to the restriction (3) in
matching described in section III-4-2. The boundary (or initial)

conditions are the following:

L(llj) =0 : j_>___4
L(1,1) = §,(1,1)
L(1,2) = {Eo(l,l) + §0<1,2)}/2 (III-11)

L(L,3) = {So(l,l) +5,(1,2) + so(1,3)}/3

When the i-th element is a consonant, silence or an element with

the special symbol (-), L(%Z,j) is calculated by the following

equation:
L(ijj) = maX{Ll (ilj) L2 (7: rj) L3 (i rj) Ly (7: rj)} (III—12)
L(1,3) =0

Li, Lz,... and Lg correspond to all possible routes on the
plane, that is, rj;, r2,... and rg in Fig. III-7, respectively.

We introduced a reject function to reduce the matching time.
The system rejects an entry if its cumulative likelihood does not

exceed pre-set thresholds at some steps during the match operation.
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| [ i
| S (i,j-2) s (i,j-1) s (i,3)
R R el 134, 3)
(€
2 rl
0 x e - - = -y i
— i-1 L(i-1,3-3) q | L(1-1,37
(] | [} | |
-3 | ! | ]
ﬁ ] ! | !
| ]
— ! 1 l 1
. . . . input string
y3-3 yJ‘2 yj-l yJ
input
string  Yj-1 Y3 Ti-1 Y5 Y5-1 75
/! ; H i i
//I' [ ! :\\ :
. 1 i { \ \\l
lexical il X ; ; i S
entry i-1 i i-1 i i-1 7i
route 1 route 2 route 3
input Y Yy Y Y b4 Y Yy Y Y Y
string ,J=2 73-1 73 3-2 73-1 93 13=3 732 73-1 3
) \\ . | ~ \ i ) N \ |
4 v ! SeoN 1 NN |
: N ! \\\\I : \\\\l
lexical ' N : Ny ' My
. X. - . .
entry xl-l xl .Xl-l i Yl-l Xl
route 4 route 5 route 6

Fig. III-7 Kinds of possible matching routes on lattice plane.
route 1~ 6 for vowels and the syllabic nasal.
route 1~ 4 for other phonemes.

If the numbers of elements in a lexical entry and input string
are 79 and Jy, respectively, the likelihood of this word is calculated
for isolated words recognition as L{Zg,Jo)/Zo. For word identification
(or recognition) in continuous speech, the likelihood is calculated
as max L(Zo,J)/Z0. To avoid any identification error, the best J1
and %nd best j, are sought over all j associated with 7. Thus, the
Word Identifier generates two identified locations in a recognized

string for a given word. In the next section, this procedure will be

described in detail.
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III-5 Augmented Matching Methods for Continuous Speech
III-5-1 Sequential Matching Method

In section III-4, I described the method of recognition for
isolated words. The method described in this section is for word
recognition in continuous speech.

Recognition of continuously uttered words is much more difficult
than that of words uttered in isolation, since word boundaries become
ambiguous in the former. This type of ambiguity makes it very
difficult to determine where to start the matching between a phoneme
string of a lexical entry and a recognized phoneme string and where
to terminate. This difficulty can be explained in Fig. III-8. The
last phoneme /N/ of the preceding word "saN"[=3, three] can be
associated with only /n/ or with /n/ and /r/ of the input string.
However, the first of the two associations will be selected by our
matching method,because in fact S(N,n) is larger than S(N;n,r}. It is,
however, clear that the last phoneme /N/ has been mis-segmented and
misrecognized as /n/ and /r/. In addition, the first phoneme /w/ of
the next word to be identified as "waru"[divide] should not be
associated with the inserted phoneme /r/. Furthermore, the initial
segment to which the first element of the lexical entry corresponds
is ambiguous in the recognized phoneme string. To overcome these
difficulties, we combine the last element (main-phoneme) of the

preceding word with the next word to be identified. We attempt to

Input string «.ee.sanr (-Juaru...

.
LY . . .

preceding word San .. :

Dictionary
(Lexicon)

sub-phoneme /

{main—phoneme
weight 1.0

Fig. III-8 Sequential matching method

( ) means an optional phoneme.
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identify this new phoneme string "Nwaru", from the segment previously
associated with the last element of the preceding word in the
recognized phoneme string. Besides we add a sub-phoneme /// for the
last element of the preceding word, since there may exist a pause (or
word boundary) between two successive words.

The authors will call this method a 'sequential matching method’
(one end-point free method), the formal version of which is shown in
Fig. III-9. The last phoneme x!, of the preceding word is assumed to
have been associated with the segment Ype The concatenation x}, b4

1
X e Xp of the element x}, and the next word x, X, ... X7 is thus

associated with the sub-string starting at the sigmznt Y. This
association is then terminated at the segment yt1' such that )
satisfies the following inequality:

L(I,t1) > L(Z,8),
where r+[(I+1)/2] £ ¢ <min(r+I+5,r+2I-4), and L(I,%1)/(I+1) is the
likelihood for this word. To avoid any identification error, a second

best match {yr,y } is sought in addition to the best one such

r+1’ Y,

identified word W': x
! \
1 !
1 \\
input string y1 y2 y3...yS ys+l°'°"¥r yr+l"'yJ-l yJ
)
. « g _'l
word to be identified W o X1 Xy XyeeoX,
L(I,3 L(I,3)/(I+1)
*1

.o . +1 t J
Y. Yo Yy Y r r 1 t,

Fig. III-9 Sequential matching method (one end-point free method).
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that L(I,£2)>L(I,t), where r+[(I+1/2)<t<t1-2 or t+2<t<min(r+I+5,
r+2I-4). Thus, the next sequential matching should start from both

yt1 and yt2°

In order to avoid context effect across adjacent two words, we
introduce the rewriting rule XY 2wy type, where X is the last phoneme
in the preceding word and Y is the first phoneme of the word to be
identified. This rule means that the sub-phbnemes of X and Y are

replaced by & and Yy, respectively(word juncture rule).

III~5~2 Direct Matching Method

At the language processing stage of a speech understanding
system, it is often desired to find all appearances of a particular
word in continuous speech. This problem is called 'Word Spotting'
(Baker[5]). We have not seen a systematic procedure for 'Word Spotting'
except for the method proposed recently by Christiansen and Rushforth

[12] . Now we propose a new algorithm for this aim.

Let x1 x2 ... X7 be a phoneme string of the given word. We want
to find at all the places in a recognized string where this word exists
with likelihood over a threshold. In comparison with the sequential
matching method, this problem is difficult, because the starting point
in the matching process is uncertain. To overcome the difficulty, we
introduce the pseudo phoneme /xpsd/. It is added before the word xi
X2 oo Xpe This new string {x

psd
throughout the range of an input string, so that we can now obtain the

X1 X2 .. XI} is identified

likelihood of the word at any arbitrary portion of the string. In this
case, the similarities between /xpsd/ and other phonemes are always
zero, and /Xpsd/ can be associated with one or more segments of the
input string. In other words, S(xpsd

;y1,Y2,---yj) is zero for all j
such that 1§j§;, that is, L(psd,j)=L(0,J) is zero. This pseudo

phoneme has the substantial effect to locate the starting point of

dynamic programming at arbitrary points. The authors call this method
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7 L(I,j) L(L,3)/1
X
I
x, } \ - threshold---~
X; | \J
xpsd l >
yl y2 y3 . e . yj . e . yJ 1 2 3 t1 t2 J

Fig. III-10 Direct matching method (both end-points free method).

input kesaN ki cyuono zikitepu so ci saNbaNkarakesaN kigazo e d e tayoNoro doseyo
segment number OivoeeasaloceeeeeZeanevsedecncnesdececeseDeacetecbecavseeTinsonns [+ JAPA R
first candidate /pucau.pi.cuuoro~puciges, csou. ci.caobaopao-pucaN. pidazouu.bgeu.cabogoroogusce/
sccond candidate ~cisegpcuphiNuuu. hihuducppcuopsbpsoNrorcor/cisNuphunoduce-ubutiphonNuubeudocug-

reliability (x100) 61 6 11612642 13 2491§ 29229 3 73 2 11 1313 31 14 342 1 9471 22113 243 6
066200006624260208060680980609289804840000208226648606200044469844664604444440

main-pho. /keisaN,ki so.,ci
sub~pho. k e k b3 c c
1 11
lexicon o ione 9 9 9 o0 0o o
(X100) 5 5 s 0 o ©
score 94 94 94 91 89 90 921 95 95 94 a9
keisanki head 0 (o] (V] o 0 o 52 52 52 52 52
tail 6 7 10 11 12 13 0 6] e 63 64
score 90 91 93 89 9 92 89 89 97 98 94 9 91 92 93 91
sochi head 1 3 3 3 7 21 21 23 32 32 32 36 53 55 65 55
tail 3 7 10 11 13 24 25 31 36 37 40 41 55 61 62 63

Fig. III-11 Detection of "keisanki [=computer]" and "sochi

[=device]" by direct matching method.
(An elongated vowel is represented as a vowel)

a 'direct matching method' (both end-points free method). It is
mainly used for detecting key words in utterances.

The formal description is illustrated in Fig. III-10 and an
example of matching by this method is shown in Fig. III-11l. The
utterance is "Keisanki cyus-no zikidisuku sochi san-ban kara keisanki
gazo-e deta yon-o rodoseyo". (Load the 4th datum from the 3rd magnetic
disk device of the central computer to the image-processing computer.)
The detection of three key words, i.e., "dengen" [=power source},
"keisanki"[=éomputer] and "sochi"[=device] was tried. The key word
"dengen" was not detected in the output form (Fig. III-11), on which

was printed only the words in this utterance having a score (or
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likelihood) above 89. Overlapping locations are allowed to keep only
one location, where the matching score is highest. The key word
"keisanki" was detected at two locations [0,6] and [52,61], illustrated
by Gothic letters in the figure. (The actual locations are [0,7] and

[53,62].)

III-5-3 Inverse Matching Method

At the parsing stage of an SUS, we would soﬁetimes like to try
not only left-to-right parsing, but also right-to-left. If right-to-
left parsing starts at some point on a recognized phoneme string, the
Word Identifier must identify the predicted words backward from that
point. In short, we need inverse matching between the two strings.
Such is easily perforﬁed by reversing the order of both strings in
applying the sequential method.

An example of reversing a lexical entry is illustrated in
Fig. III-12. Here we must distinguish the reversal of an element with
the special symbol (+). We will use this method for identification
(or verification) of predicates (or verbs) at the last portion of an

input string.

input string Yy ¥y ¥3e-e¥5q Y3 > Y3 Yy 1-°Y5 Y, ¥,

- - +
lexical main phoneme h a . c I ic.ah
ezr sub phoneme c c —_— c c
SOtIY  yeight 1.0 1.0 1.0 1.0

Fig. III-12 An example of reversal of strings for
inverse matching method.

- 80 -



III-6 Evaluation of Matching Algorithms

The performance of this sequential matching method was examined
under various conditions by using a set of arithmetic expressions
consisting of 80 sentences (560 words), uttered continuously by five
male adults. The (sequential) matching method includes various kinds
of subprocedures and data bases. Seven experiments were made by
excluding one or more subprocedures or certain parameters (data base).

They are listed below:

(a) Only one end boundary of a word is located.

(b} The degree of confidence of the first candidate is not used.

Such is simply performed by setting that degree at zero.

(c) The second candidate phoneme is not used. This amounts to the
case where the degree of confidence is always 1.0.

(d) The duration time of each segment is not employed, that is, the
matching restrictions (4), (5) and (6) in section III-4-2 are not imposed.
(e) The last element of preceding word is not added to the next word,
but the first candidate of the recognized segment associated with the
last element is added.(e.g., in Fig. III-8, 'nwaru' instead of 'Nwaru'.)
(£} A new similarity matrix is used which is derived from distinctive
features of Japanese phonemes, as shown in Table III-4 (Fujimura[20]).

The similarity between the two phonemes 7 and J is defined by
10 ’

S(i,g) = 100 - 5%Z |7, - 4, |, (III-13)
where k denotes the k-th distinctive feature, and corresponding to
ik=+, -, or a blank, ik is transformed into 1, -1, or 0, respectively.
(g) The sequential matching method itself, in which two end boundaries

are located, is tested.

The results are shown in Table III-5. Syntactic information for
the arithmetic expression was used for all experiments. The
parameters for the tree pruning in parsing were 0=B=Y=5 (see section
V-3). The results suggest that our proposed matching method is very

successful, particularly in regard to phonemic representation with
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Table III-4 Distinctive features of Japanese phonemes

distinctive feature alilule|o|Njy|w|m|n|g|bjdlg|riz|s|c|h|p
vocalic/nonvocalic ++ [+ +H]+]=]=] ===~ |=1=f~|+]=]=1=]~]~
consonantal/non-consonantal | =|~=|={=|={+|—-|=|+|+|+H]|+|+|F+|F+| ]|+ |+~ |+ +
diffuse/compact —|+[+]|~]|- +]+] - +1+
acute/grave —|+|-|+f- +l={-1+ -+ -+
flat/plain - -
tense/lax Y A+ l+ ]+ +]+
voiced/unvoiced AR R R RN R ES R R R R R e e e
stridenf/mellow +++
nasal/oral + +|+|+
continuant/interrupted |+ ] ] ] | F] ] - - +| =+~ -

Taple III-5 Evaluation of word matching methods on speech
recognition of arithmetic expressions.
'o' denotes the use of information of left column.

method a b c d e £ g
first candidate of phonemes o o [ o o o o
second candidate o o x o o o o
degree of confidence of first candidate o x x o o o o
duration time of the segment o o [} x o o o
last element of a preceding word (lexical entry) o o o o x ) o
similarity matrix derived from Bhattacharyya distance o [} o o o x* o
number of identified location 1 1 1 1
recognition rate of word 93.5%89.4%91.3491.8%91.2%84.4%33.8%
recognition rate of sentence 60.0 [40.0 [53.0 [58.0 54.0 45.0 |64.0

* was derived from distinctive features. (a=R=Y=5, see Chapter V)

the degree of confidence and similarity matrix derived from
Bhattacharyya distance. We should be aware that the performance of
strategies (b) and (c¢) depends on the performance of the Phoneme
Recognizer. However, for poor performance our method behaves like
strategy (b), and for better performance, like strategy (c). Thus,

our method is actually independent of the Phoneme Recognizer, thanks

to the introduction of the degree of confidence.
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Next, we examined the performance of the matching procedure in
normalization of coarticulation. For speech material, a set of three
successive vowels was used in this experiment, as these kinds of
phoneme strings can be remarkably influenced by coarticulation. Ten
meaningless words were selected at random, and uttered five times by
each of 10 male adults. The results are shown in Table III-6. The

recognition rate without normalization was 93.6, while normalization

improved the rate to 95.6%.

Table III-6 Confusion matrix of speech recognition
of three successive vowels.

(a) without normalization (b) with normalization
of coarticulation of coarticulation

I uieuoipiaieibuelaecuequailioileid nykuieuoioiaieioueaeoueduaiioieia
uiel 50 uig 50
uoi 48 1 1 uoi] 48 1 1
oiag 1 46 3 oiaq 48 2
iei 49 1 iel 49 1
oue 50 oue 50
aeo 49 aeo 49
ueo 50 ueo 50
uail 10 1l 1 38 uai 3 il 46
ioi 2 11 37 ioj] 2 11 37
eial 49 eig 49

III-7 Experimental Results of Spoken Digits Recognition

As described in the section on system specifications (section
I-3-1), word identification is one of the most critical parts to
develop a successful SUS. Since it is easier to recognize spoken
words in isolation than that in continuous speech, it is desired that

recognition be performed with high accuracy. Therefore, the Word
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Table III-7 Confusion matrix of speech recognition of ten digits

(a) by common reference patterns (b) by personal reference patterns
for 10 male speakers, used for each of 10 male speakers.
for the system design.

oo 1| 2{3]a]s|e|7]8]o]o] [ 1[2[3]a]s[e6[7]e]o]0]

1 |50 1 |50

2 49 1 2 49 1

3 49 1l 3 49 1

4 3 421 4 1 4 43 | 6 1

5 4 {45 1 5 2 148

6 43 6 43

7 1 49 7 49 1

8 49 | 1 8 4911

9 50 9 50

0 1 49 0 50

(c) by common reference patterns
for 10 new male speakers.

g 1] 2({3lals]e|[7]8]9]o0
1 |50

2 50

3 50

4 45| 5

5 1 3 |46

6 50

7 1 49

8 |2 48

9 50
0 50
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Identifier was tested for ten isolatedly uttered digits. The lexicon
is the same ones as shown in Table III-2. The experiments were

composed of the following three types:

Experiment 1. The common reference patterns (similarity matrix,
reference spectra) for the ten male speakers, whose different speech

materials were used in the system design, were employed.

Experiment 2. The personally tuned reference patterns were used for

each of the same ten speakers.

Experiment 3. The digits spoken by 10 new speakers were recognized

by using the common reference patterns used in Experiment 1.

For each experiment, each of the ten speakers uttered every
digit five times. However, few data from the digits ("roku") were
eliminated because the power of /ku/ was very small and the system
could not detect it. The experimental results are shown in
Table III-7. The recognition rates of Experiments 1, 2 and 3 were 96.3%,
97.8% and 97.6%, respectively. From these results we can guess that
hopefully the performance of our Word Identifier is sufficient as a

subsystem of an SUS.
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CHAPTER IV

WORD PREDICTOR

This and next chapters will describe the higher levels of the
LITHAN system - the Word Predictor and Parsing Director. The
description of the Responder, which is now under development, is
omitted here. In this chapter, I will first explain the grammar for
defining a task language which consists of simple Japanese sentences,
and then I will describe the procedure for production of plausible

words in unknown parts of input speech.

IV-1 Introduction

Context-free grammars provide adequately simple, powerful tools
for natural language processing by computer, however, they are
formally incapable of dealing with certain kinds of coordinate
constructions and discontinuous constituents. On the other hand,
context-sensitive grammars have more sufficient formal power for such
constructions, but they provide no useful structural descriptions. As
our task treats simple sentences, a context-free grammar can be used
for the descriptions. Moreover, we incorporate additional information
such as pragmatics, phonological rules, and also procedures for
restricting applications of some rules on special contexts. Such a
grammar is called an augmented context-free grammar. This additional
information and procedure will be used by the Word Restrictor (section
Iv-4).

Kinds of knowledge the Word Predictor uses are illustrated in

Fig. IV-1l. Japanese grammar is constructed such that the predicate
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part is situated at the last portioh of a simple sentence, and the
role of this part is very important for syntactic structures and
semantics. Therefore, LITHAN places prime .importance on the predicate
parts of sentences. Nagao, Tsujii and Tanaka [54] have also proposed

such a parsing method for typed Japanese sentences.

z///,——spoken grammar (context free)

[Word Predictorje——additional information

related table (pragmatics)
rewriting rules (context sensitive)
identified results of key words

special procedure (check of special cases)

Fig. IV-1 Kinds of knowledge for Word Predictor.

IV-2 Description of Spoken Grammar

In the LITHAN system, the syntax of a given task is defined by a
context-free grammér. There is a close relation between predicate
and sentence struéture or between predicate and the meaning of a
sentence. For this reason, we provide syntactic rules for each

‘predicate. In so doing, we gain the advantage of being able to
construct a spoken grammar more easily. A partial sentence which is
obtained by eliminating only the predicate from a sentence is called
a 'sentence structure'. Table IV-1 shows examples of the relationship
between predicate and sentence structure. Hereafter, we call this
'PS-table'. Detailed descriptions of 'key word' contained in
Table IV-1 will be given in Chapter V.

Fig. IV-2 illustrates an example of spoken grammar, where an
uppercase and lowercase letter denote a nonterminal and terminal

symbol, respectively, and € denotes an empty symbol. The words in the
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Table IV-1 Relations among predicate,
sentence structure and number of

key woxrd (PS-table).
€ denotes an empty symbol.

sentence special key word
predicate rewriting a | ...,
structure :
rule min|max
Pl S1 0] 2
P2 S2 Rl—~a 1 2
P3 S2 Rl1->¢ 0 1

vocabulary of a given task are classified into several classes
syntactically and semantically. One word can belong to a few classes,

each of which is called a 'word class' for convenience. In the rules,

such a class is represented by a nonterminal symbol. 1In Fig. IV-2,
'F' is part of the word classes. In the prediction process, a word
class is regarded as a terminal symbol. A word class is an approach
of semantically subcategorizing the syntactic categories of the

grammar.
We have special symbols in the nonterminals, denoted by |Ril’
and rewritten in a context-sensitive mannar.

such a symbol.

In Fig. IV-2, 'R1l' is
It is replaced by the symbol 'a' if the sentence

structure is associated with the predicate P2, and
empty symbol 'g'

predicate P3.

replaced by the
if the sentence structure is associated with the
Thus, S2 generates a partial sentence 'cfab...' for

the predicate P2, and 'cfb...' for the predicate P3. The relationship
between a special symbol and a predicate is also registered in the
PS-table. It is possible to describe the same thing by a context-
free grammar, but using such special symbols can both reduce the

number of sentence structures and simplify grammatical structures.

For the purpose of efficient prediction and parsing of a sentence,
a spoken grammar should not be ambiguous. Furthermore, we require
that this condition exists in any left-most substring of a sentence.

In other words, when a left-most substring is shared by two sentences,
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(1) sl==ABCd Sl==a b Cad

(2) Sl1=E f g Sl->a B' C E
(3) S2->c £ R1DbA S1—-E f g
(4) A-=a B'>e

(5) A-=>c¢ B'—>F

(6) B—=Db (a)
(1) B>e Sl-sa B" d
(8) B=>F S1>E f g
(9) C—=E BB C
(10) C—=a B'>b C
(11) E—=F h (b)
(12) Fi

Fig. IV-3 Examples of
undesirable context
free grammar.

(13) F—>j

Fig. IV-2 An example of
context free grammar. (a) inefficient grammar
(b) ambiguous grammar

it must be derived uniquely (unambiguously). The authors call this
property of a grammar 'efficient'. Thus a grammar is unambiguous if
it is efficient. Examples of undesirable context-free grammars are
shown in Fig. IV-3. Example (a) shows an inefficient grammar, that
is, the system twice predicts the initial word 'a' of the sentence
structure (Sl), and so the system must always be conscious of whether
it has predicted the same words or not.

From the view point of efficient representations of a grammar,
recursion rules may be suitable for computational processing of
natural language analysis. However, these rules are not adequate for
an SUS, because they may introduce a lot of worthless parsing efforts
as opposed to typed input. Therefore we have avoided recursive
representations.

The LITHAN system has the féllowing restrictions with respect to
grammar: , '

1. a context-free grammar without recursive rules.

2. an 'efficient' grammar (implying unambiguity).
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IV-3 Procedure for Word Prediction

I will explain the process of word prediction by using the grammar
shown in Fig. IV-2. By word prediction, I mean the syntactic analysis
of a partial sentence as well as prediction of words which can follow
that partial sentence.

First I define two terms - 'head symbol' and 'body': a head
symbol is that on the left side of a production or rule, and a body
is the string on the right side of a production. In Fig. IV-2, for
the production (1), a head symbol is S1 and a body is ABCD. A pair
of two integers (p,n) is used to refer to the n-~th symbol in the p-th
production, where n=0 for a head symbol and n=1 for the first symbol
of a body. This pair will be called 'coordinates'.

At the initial stage of word prediction, the Parsing Director,
using the key word process described in Chapter V, activates the
Word Predictor by giving one of the sentence structures, which are
hypothesized. The Word Predictor searches for all the productions with
the sentence structure as a head symbol. The further process is then
the same as at the advanced stage of word prediction. At this
advanced stage, the Word Predictor is given a partial sentence
together with related syntactic information. This information
includes what combination of productions can generate the partial
sentence.

In the grammar shown in Fig. IV-2, for example, the partial

S N €

sentence 'ih' is derived as follows: Sl (2L’Efg
This results from applications of the productions (2), (11) and (12).
Now, such information could be represented by a sequence of coordinates:
(2,1) (11,1) (12,1)(11,2). However, for word prediction it is not
necessary to have a process in which a nonterminal is fully converted
into a string of terminals. Therefore this sequence is simplified to
(2,1) (11,2). Generally speaking, a sequence of coordinates only has to
include information about productions which have not come to an end.

In a production, whenever a nonterminal symbol (except the special

symbol 'Ri';i=l,2) comes out in a body, a branch appears in a sequence of
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coordinates. Such a branch indicates an application of another
production with that nonterminal as a head symbol. This branch

disappears when the second production comes to an end.

A flow chart for the Word Predictor is illustrated in Fig. Iv-4.

Renew SYMNOW]

<%——————{Rl or R2 process

Is

ves

SYMNOW
nonterminal

Nonterminal
process

Blank . Word class
process process
no I (prediction)
(terminal)
Word . additional information,etci)
Restrictor
Terminal (abandon SYMNOW)
process

{(prediction)

L——>/Renew SYMNOW[E

Fig. IV-4 Flow chart in Word Predictor.
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In this chart, a partial sentence and its associated sequence of
coordinates are given to the Word Predictor. The variable ' SYMNOW'

is used to denote a symbol to be subjected to processing. The
Prediction Tree Table (PT-table), whose column consists of the number
of itself, coordinates and its 'PARENT' number, is used on a stack of
sequences of productions. The PARENT number is used to return to the
position before branching. The variables '"PRONOW' and "NONOW' denote
the column number of the current process and the total number of
columns, respectively. Finally, a word prediction is performed by the

following‘sequence of the steps:

(1) A given sequence composed of ng coordinates is transferred to the
PT-table. The PARENT value of the first coordinates is set at zero.
Fach successive PARENT value is increased by 1. PRONOW no-1 and
NONOW<ng. Go to (2).

(2) PRONOW¢PRONOW+1l. If PRONOW>NONOW, then exit from the Wordl
Predictor. Otherwise, go to (3).

(3) Add 1 to the second term of the PRONOW coordinates and assign to
SYMNOW the symbol indicated by the resulting coordinates. SYMNOW is
among the certain symbols classified as special, word class,
nonterminal-which is neither of the two former, terminal or blank. (We
say that SYMNOW is blank when the production under consideration comes
to an end.) There is a sub-process for each of those symbols. Go to
(4) .

(4) Go to an appropriate sub-process, depending upon SYMNOW.

(5) The Special Symbol Process replaces SYMNOW by a nonterminal or
terminal symbol based on the corresponding relation described in the
PS~-table. Now go to (4).

(6) The Word Class Process predicts words belonging to that class.
Now go to (8).

(7) The Nonterminal Process searches for all the productions with
that nonterminal as a head symbol and puts their coordinates
corresponding to the heads and PRONOW into the coordinates and

PARENT's of open columns in the PT-table. If the number of
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productions searched is m, NONOW¢NONOW+m. Now go to (2).

(8) The Terminal Process sees whether the predicted words (indicated
by SYMNOW or predicted by (6)) satisfy necessary contextual and other
conditions. This Process is called 'Word Restrictor', and will be
described in the next section. If a predicted word is allowed, a new
sequence of coordinates corresponding to a new partial sentence is
generated. Now go to (2).

(9) The Blank Process removes from the given sequence the
coordinates corresponding to a production currently processed.

In other words, this column is replaced by that corresponding to its

PARENT. - Now go to (2).

The sequence of coordinates for a new partial sentence is
generated by backtracking along the PT-table until the PARENT value
comes to zero. When the Word Predictor quits these processes, there
are four possible cases.

(1) An input partial sentence has turned out to be a complete
sentence, and also some words are predicted.

(2)  An input has turned out to be a complete séntence, and no word is
predicted.

(3) Some words are predicted.

(4) No words are predicted.

Example of word prediction Let me explain the prediction of

‘the right-hand side of the partial sentence ‘aj' produced by -

the grammar of Fig., IV-2. In this case,
the sequence of memorized coordinates is (1,2)(8,1)(13,1). This

sequence is transferred to the PT-table. First, to the second term of
the final coordinates is added 1, and the symbol corresponding to the
coordinates is a blank. Thus, in this column, the blank process copies
the content of its PARENT' column. Then the predictor adds 1 to the
second term of the new coordinates. This corresponding symbol is also
a blank. Therefore, the blank Process again generates a new
coordinates in this column. Since the corresponding symbol is the
nonterminal 'C', the predictor searches for all productions with 'C!

as a head. 1In this case, the productions (9) and (10) are selected
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and the coordinates of their heads are tranferred to the next two
columns....,and so on. Table IV-2 shows the whole predictive process
for the example. 1In this example, three words 'a', 'i' and 'j' are
predicted. Their new sequences of coordinates are (1,3)(10,1),

(1,3)(9,1)(12,1), and (1,3)(9,1)(13,1), respectively.

Table IV-2 An example of word prediction in Fig. IV-2.
Prediction tree table (PT-table)

prediction process Final situation
No.lcoordinates| PARENT ZZ::iazion g:éczzs No. {coordinates] PARENT
1 (1,2) 0 1 1 1 (1,2) 0]
2 (8,1) 1 2 1 2 (8,1) 1
3 (13,1) 2 3 1 3 (1,3) 0]
(13,2) 2 4 3 4 (9,1) 3
(8,1) 1 5 9 5 (10,1) 3
(8,2) 1 6 3 6 (12,1) 4
(1,2) 0 7 9 7 (13,1) 4
(1,3) 0 8 3
4 (9,0) 3 9 7
(9,1) 3 11 3
5 (10,0) 3 10 7
(10,1) 3 14 3
6 (12,0) 4 12 7
(12,1) 4 15 3
7 (13,0) 4 13 7
(13,1) 4 16 3

Iv-4 Word Restrictor and Additional Information

The LITHAN system uses an augmented context-free formalism to

describe the syntax of a task. These augments are concerned with the
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manipulation of stacks (or registers), and they also make it easy to
construct a complicated spoken grammar. They are given in a production

as additional information accompanied by symbols.

(a) Additional information
The internal representation of a symbol used in a grammar is
composed of three characters: two for the name of a symbol and one

for additional information. (A character consists of 6 bits.)

The process is such that a register is associated with each bit
(see Fig. IV-4'). When the system meets a word with a 'bit on',
this word is stored in the corresponding register. Fig. IV-4'
illustrates the relationship between the internal representation
and registers. The subscript of a nonterminal symbol 1s tranferred

to the succéssor (ex. S+ABlch +Aelchl in Fig. IV-5).

1. subscript 1 The LITHAN system has an 'R-table’ which shows the
semantic or pragmatic relation between two words. Table IV-3 is an
example of this R-table, indicating that the symbol 'e' is closely
related to the word ‘'c', 'g' or 'i' in sentences. For example,
assume that the Word Predictor predicts a terminal symbol with the
subscript 1. If the content of the register 1 associated with the
subscript 1 is not empty, it predicts only the words which are
correlated by the content in the R-table. On the other hand, if the
content of the register is empty, this predicted symbol is stored in

the register, and the Word Predictor can predict all words

S-=>A B cdE Table IV-3 An example
of relative table

A=a between words
A-=>Db (R-table).
B=>e .
c, 9, 1
B>f : @ h
E=9 name of a symbol additional
E->h ———"""~  —-— information
S——
g
Fig. IV-5 BAn example WORD ! :x|'J 3 characters
of grammar with e e
subscript 1. ﬁ'
register T WORD . 2 characters
. ; |
_ \ .
register 27 empty 2 characters

Flg. IV-4' Relatioship between the internal
representatlon and reglsters.



syntactically permitted.

In the grammar shown in Fig. IV-5, let us consider the prediction
of words which can follow the partial sentence 'aecd'. Then by the
rule B;>e;, the register has 'e' as its content. Although the Word
Predictor predicts two terminal symbols, 'g' and 'h' in this situation,
the'latter is abandoned because it is not consistent with 'e'. 1In case
that a partial sentence is 'afcd', then 'g' will be abandoned.

Fig. IV-6 illustrates the flow of this process.

SYMNOW have
subscript

no

s
Tegister 1
empty

register 1<é—SYMN6ﬁ}—%>

Refer to ﬁ—tabi;]

SYMNOW exist yes

in R-table

next
process

no
(abandon SYMNOW)

[Out of Word Restrictor |

Fig. IV-6 Process related with register 1 (subscript 1).

2. subscript 2 The subscript indicates that two same nonterminals
must be rewritten to the identical terminal when they are accompanied
by the subscript 2 in a sentence.

In Fig. IV-7, when an input to the Word Predictor is 'becd', the
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content of the register 2 is 'e'.
Although the predictor predicts here
two terminal symbols, 'e' and 'f', only
'e' will be unconditionally accepted.
On the other hand, if the input is
'bfcd', only 'f' will be accepted.

Fig. VI-8 illustrates the flow of this

process.

3. subscript 3 When a word affixed to
the subscript 3 is predicted, that word
is to be followed by some key word.

Since a key word has been identified by

the key word detection process (see

S->A B
A>a
A>Db
B->e

B>f

5 c d B2

Fig. IVv-7 An example

of

grammar with

subscript 2.

register 2 <— SYMNOW [—>

es
register 2) Y

next

=SYMNOW

(abandon SYMNOW)

[Out of Word Restrictor

process

Fig. IV-8 Process related with register 2 (subscript 2).
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S—'>-Al B3 c5 d4 El S<>al B3 c5 d4 El
A—>a s->bl B'3 Cg d4 El
A—>Db B >e
B—>e6 = B—>f
B>f B'->£
E—>g B'—>i
E->h E—>g
be>b i E-—>h
(a) (b)

Fig. IV-9 Examples of augmented context free grammar.

(a) with context sensitive rewriting rule.
{b) without context sensitive rewriting rule.

Chapter V), the Word Identifier is forced to match that predicted

word against the part of the recognized phoneme string. If either the
key word has not been identified, or that part in the phoneme string is
too long, the predicted word is rejected. In Fig. IV-9, when the

Word Predictor predicts a terminal symbol 'e3'6' or 'f3' from 'B,',

key word 'c' must be found.

4. subscpipt 4 In Japanese sentences uttered at a normal speed,
pauses do not exist between noun and postposition, or between a number
and its unit. The subscript 4 indicates that a pause does not exist
in front of a so-designated word. Therefore, the sub~-phoneme /// at
the top of the lexical entry is not taken into consideration in the

sequential matching method (see Fig. III-8).

5. subscript 5 In general, for a word, the larger the number of
phonemes, the better the reliability of the likelihood score. The
subscript indicates that a concatenation of a word with this subscript
and the immediately following one should be subjected to the
identification. Therefore, if the Word Predictor predicts a word with
the subscript 5, it must further predict the following words to be
connected. Because the computation time for word identification

expresses a linear function of the length of the entry and the
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number of predicted words (namely, words to be identified), the
subscript 5 should only be affixed to words that are obviously going to
be followed by one word. Because of this procedure, the system does

not have to detect a boundary between two words.

6. Subscpipt 6 If the subscript 6 is affixed to the word B, the
system searches for the rewriting rules of AB+aC type, and applies them
to the word B. If C is an empty symbol, B is rejected, and if A is an
empty symbol, B is replaced by C.

In Fig. IV-9, when the Word Predictor predicts a terminal symbol
'eg' from B for a partial sentence 'b', then 'e' is replaced by 'i’'.
On the other hand, if a partial sentence is 'a', then 'e' is not
replaced. That is, this grammar with such a facility is equivalent to

the grammar shown in Fig. IV-9(b).

In general, other additional informatiqn which is complementary
to the subscript 2 may be necessary. Let this information denote by
the subscript 7. Assume that the Word Predictor predicts a terminal
symbol with the subscript 7. If this symbol is equal to the content
of the register associated with this subscript, this symbol is
rejected. This subscript is useful for the phrase of 'a to/matawa b'
[a and/or b], where 'a' and 'b' are belonging to the same syntactic

category. However, this phrase does not appear in our tasks.

Such rewriting rules provide a lot of conveniences in constructing
spoken grammars. Other types of context-free grammar have been
augmented by conditions and actions associated with the grammar rules
in a similar way (Woods [99], Klovstad and Mondshein[40]), but such
grammars, I think, lose the considerations on spoken grammar (namely,

subscript 4 and 5).

(b)  Procedures for pragmatics

The Word Restrictor has procedures for treating the pragmatics of
a task. As an example of such a procedure, let me explain the task
'Computer Netyork'. The expression "A kara B made" (from A to B)
usually refers to the relation of time order between A and B. In the

task, this expression appears in sentences for reserving computer
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resources, for example, "gozen 8:30 kara gogo 3:30 made" (from 8:30 AM
to 3:30 PM). The Word Restrictor predicts words utilizing the fact
that the ending time (the latter time) comes after the starting time
(the former time).

In the task 'Calendar', if a day and month are given, the day of

the week is decided by a special program (see section VI-3).
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CHAPTER V

PARSING DIRECTOR

V-1 " Introduction

There are big differences between the parsing schemes for text
and speech input. For text input, traditional parsing schemes always
assume that input sentences are syntactically correct. While it is
true that such schemes are designed to discover syntactic errors which
the parsers might make, their facilities are not adequate to
accommodate the kinds of inherent errors of speech input. Thus, when
the input is assumed to be nbisy or ambiguous, it is necessary to
parse all the partial sentences which are likely to appear as the
input. Parsing speech is more difficult than parsing text.
Particularly, when the input is continuous speech, its parsing becomes
still more difficult, because the word boundaries are usually obscured.
As the plausible partial sentences for the noisy input might be
enormous, one of the aimes of the parser is to cut down search space for
the input. For this reason, a parser must have a certain criterion for

evaluating each partial sentence.

The structure of the Parsing Director is shown in Fig. V-1l. It
does not only parse input sentences, but also performs the evaluation
of partial sentehces and tree search as mentioned above. This operates
in a cyclic mannar: A list structure called 'Path List'cénsists of
partial sentences. Thus the Path Selector selects current 'better!'
paths to be parsed from this Path List. The 'better' path is one which
has a higher score (or likelihood) based on the scoring mechanism
described in the following section. For each of these selected paths,
words which can appear in unknown parts of the path are predicted by

the Word Predictor and stored in the Word List. The verification of
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[ﬂprd Identifier

Path Updator[s }String LocatoET

/Path List; Predicate |Key Word

Controller|Processing

Predicate ‘e
[Path Evaluator| List

[Path Selectofi H JWord List]

[word Predictor]|

Fig. V-1 Structure of Parsing Director

these predicted words is tried at the location which the String Locator
indicates on the basis of a posteriori knowledge including the last
position in a recognized phoneme string corresponding to the final
word of a partial sentence, and so on. Next the Path Updator generates
new paths by connecting a selected path with each of the worxds
identified with a certain likelihood. These selected paths are
processed in parallel. Sometimes there are two or more partial
sentences which have the same syntactic structure, namely, the same
sequences of coordinates in the grammar; they further have the same
last word and end at the same position in a recognized string. 1In such
a case, only the partial sentence with the highest score is kept, and
all others are removed, as these partial sentences will later be
processed through the same procedure.

Parsing through such a cycle increases the number of the paths —
partial sentences. Therefore the Path Evaluator estimates the
likelihood for each of new paths to be expanded and accepts only the

‘limited number with sufficient score. The Predicate Controller always
checks whether the sentence structure corresponding to the next
predicate should be newly parsed in comparison with the partial
sentences of the Path List. The Key Word Processor selects plausible

predicates for a given input. It also indicates a possible location
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in a recognized phoneme string for a word with the subscript 3 (refer

to section IV-3).

V-2 Searching Strategy of Word Sequences

The aim of a speech recognition system is to determine, for an
acoustic signal 4 and a task language L, a sequence of words ¥ such
that this sequence is consistent with the syntax, semantics and
pragmatics of the task, and further that this sequence maximizes the
a posteriori probability P(W/A,L). It is possible to introduce an
a priori probability for the appearance of either each sentence in a
task domain or of each word in a word class (Paxton[68]). However,
such introduction is beyond the goal of our research, as it only leads
to increase the total recognition rate as an expected value. We assume
an equal probability for all the sentences. Now P(W/A,L) = P(W/L)X
P(A/W,L)/P(A/L). The term P(4/L) in the denominator‘is independent of
W, and therefore does not have to be known. Aalso P(W/L) does not have
to be known because as mentioned above we assumed that P(W/L) was
always constant for all correct sequences of words. Semantic knowledge,
however, would not flexibly be introduced to this method. Based this
philosophy, Jelinec et al.[35] and Baker [3] have been constructing
automatic speech recognition systems. 1In Japan, Nakatsu et al.[56] and
Sakoe [82] have done the same for continuously spoken words. However
these methods consume much computing time, because the approach is
equivalent to searching all possible paths or words. (In recently, we
heard, Lowerre in the Harpy system has reduced the computation
requirement by about a factor of 5 over Dragon without any loss of
accuracy (Reddy[72] or see Ph.D. thesis of Lowerre, Apr. 1976).)

Seeing this difficulty, we coped with the problem by dividing the
whole process into two stages: the acoustic signal-to-phoneme sequence
and the phoneme sequence-to-word sequence. This division corresponds

to approximating P(W/A,L) by
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" P(W/A,L) = ZHP(PH/A,L)XP(WVPH,L)GP(W/PHO,L) ’ (v-1)
P

where PH denotes a sequence of phonemes and PHy a recognized sequence
of phonemes. Furthermore, the maximum of P(W/PH,,L) is approximately
obtained from the sequential matching and tree search methods.

If an utterance is composed of 8 words, and ¢ alternative words
are identified for each of these, the number of sequences to be
considered is st. Therefore the problem of continuous speech
recognition can be seen as that of searching through a space of st
word sequences to find the most acceptable sequence (that is, the
sequence with the highest score), that does not contradict all the
given knowledge; syntax, semantics, pragmatics,-etc.

The Parsing Director performs left-to-right parsing, activating
the Word Predictor and Word Identifier when nécessary. In this
process, the Parsing Director calculates the score of a given_word
sequence by averaging the likelihoods of all the words contained in it.
Fig. V-2 illustrates an example of a parsing tree. In this figure,

the alphabetical symbol and numerical value on a branch denote an

utterance

complete sentence BHM CK

Fig. V-2 An example of tree searching.
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identified word and its likelihood, respectively. An encircled numeral
on a node indicates the average likelihood for a word sequence
corresponding to the path from the root node to that node. A double
encircled numeral on a terminal node indicates the score of a complete
sentence. The LITHAN system rejects words having a score below a
predetermined value, say, 80. It rejects sentences below another
value, say, 85. Thus, in Fig. V-2 there are five complete sentences:
BHM, BHN, CJO, CJP, and CK. If the best-first tree search is applied,
the sentence BHN will be selected after the node selection sequence
C>CJ*B*BH>BHN. On the other hand, if we use the depth-first search,
BHM will be selected (A>AE>AF-B-BG>BH-BHM). We would, however, like
to select the sentence CJP. Now, the best-first search may guarantee
the sentence with highest score, if the score of a word sequence has

a true cost function for searching (namely the breadth-first search).
However, our searching scheme is not such a case. Although many
search techniques have been developed in artificial intelligence
research(Nilsson[66]), we will propose a new search technique and

pruning method suitable for speech understanding.

Pruning method Let o be a number of nodes expanded at one time

(parsed in parallel). If the number of new nodes which have been
expanded by a selected node exceeds a pre-set threshold(B), only the
best B nodes are kept and others are pruned. If the total number of
newly generated word sequences exceeds a pre-set threshold(y),

only the best y word sequences are kept, and others are removed.

These three consecutive processes of node selection, expansion, and
word sequence generation compose 'one round'. If no word sequence has
a better likelihood than that of the next best predicate to be parsed,
the sentence structure correspondiné to this predicate is newly
expanded at'the next round. The Parsing Director repeats this process

until m reliable sentences are generated.

For example, in Fig, V-2, let o, B, Y, and m be 2,3,4 and 2,
respectively. Here the following word sequences will be kept at each

round. (The two underlined sequences are to be expanded at the next

-
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round.)
Round 1: B, C, D
D is a complete sentence(rejected) and a partial sentence.
Round 2:: BH, CK, CJ, D _
, G and I.are rejected.. CK is a complete sentence.
Round 3: CK, BHM, BHN, CJO, CJP -
" These are all the complete sentences.

In the end, CJP is selected as the recognized (understood) sentence.

Larger values of 0, B and Y would bring a better recognition
result, but such would also increase the tree search time. Therefore,
we have to decide the optimum thresholds of o, B and Y. Preliminary
experiments carried out on ‘Arithmetic Expression' (see Chapter VI)
showed that the sentence recognition rate was almost saturated in the
case where o=5, B=5 ahd vY=15. In the case where 0=2, B=5 and y=10,
the rate did not decrease so remarkably. So we used the latter
threshold values for the experiments in the task 'Computer Network',

although I imagine that the optimum threshold probably depends on the

content of a task.

V-3 Parsing Procedure
V-3-1 Use of Key Words

In the previous section, I described an efficient method for
pruning partial sentences, where the number increases enormously as
the pruning advances. In order to increase the efficiency of parsing,
we will introduce the concept df key words.

Key words are selected on the following criteria:

1) They can be exactly detected in a recognized phoneme string.
2) They contribute greatly to syntactic or semantic analysis.

3) They are frequently used in a given task.
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Key words are detected by the direct matching method, as described
in section III-5-2. Assume that the key word Wk has been identified
at several portions in an input utterance. Then identified images(locations) of
this key word are divided into two groups by the two thresholds O? and
Ogle§ip§), where (a) the likzlihood is greatez than O? and (b) the
likelihood is greater than 62 but less than 61' The first group is
regarded as existing exactly in the identified location, but the second
is not so. Let n, be the number of identified images and n, the number
of images in the first group. As briefly described in section IV-2,
there are relationships between the predicate 'P' and the key words.
For each of these key words, Table IV-1 gives the minimum and maximum
numbers of usages in the sentence structure associated with this
predicate. Let these numbers be n

n(P) and ny, max(P)’ respectively.

kymi o7
In an utterance, if the number of the key word Wy included is Ny, the
following inequality holds:
<n, < ~ -
ny<n; <n, (v-2)
If the predicate of the utterance is P, then
. (P)<n,<n (P) -
nk,mzn( ) 20E e maze (v=3)
From Egs. (V-2) and (V-3),
< . < ' -
n2=pk,max(P)' nk,mtn(P)=pl (v-4)
The predicate will be rejected if it is not consistent with Eq. (V-4)

for any key word. Furthermore, as explained in section IV-4, key

words are used for word restriction.

V-3-2 Parsing Flow

The flowchart for parsing is shown in Fig. V-3. First, the
Parsing Director tries to detect the key words in a recognized
phoneme string. For each key word, we can obtain the number of its
images, their locations and their likelihoods. Such findings. make it

possible to select some predicates that meet the conditions mentioned

- 109 -



‘Start'

dengen
[Detection of key wordé] keisanki
d sochi

(direct matching method)

relation between

lBestriction of predicate predicate and key word

[Identification of predicate]

(inverse matching method )
Selection of n predicates
with high likelilood
Selection of sentence structure relation between
corresponding to next predicate predicate and

Selection of o word strings
to be expanded

L

Prediction of words in unknown
parts and identification

[Eyilding up new word strinqsl

Are there m sentences with\ Y% m
enough likelihood ?

sentence structure

(sequential matching method)

»
> no -

Are there Y word strings Is there a =
with enough likelihood ? next predicate ? / yes
yes no

yes

Selection of ¥ word strings

Is there a word string
with high likelihood with enough likelihood?

<

Is there likelihood of a word strin

5 \ .
lower than that of next predicate ? :> (ReJeCt>

& yes

Is there a predicate
no in Predicate List 9

1 yes

Fig. V-3 Flowchart of parsing
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in section V-3-1.

The predicate plays an important role in regard to syntax. Also,
it appears at the end in a simple Japanese sentence. Therefore, by
using the inverse matching method, each of the selected predicates is
matched at the end portion of a recognized phoneme string. Next, #
predicates with high likelihood are stored in the Predicate List. From
this list, the Parsing Director selects first I predicates with the
highest likelihood, and then the associated sentence structures by the
PS table (see Table IV-1l). Next, the Parsing Director performs left-
to-right parsing, activating the Word Predictor and the Word Identifier
when necessary. The director begins the process of tree search.

During this process, the Predicate Controller always watches whether
the sentence corresponding to the next best predicate in the Predicate
List is more hopeful and should be parsed. If the likelihood is higher
than that of any partial sentence in the Path List, this sentence
structure is transformed into the Path List to be parsed newly. Thus,

it might happen that some sentence structures get parsed in parallel.

It is considered that the longer the word sequence, the higher the
reliability of its score. >Therefore, whether a sentence is reliable or
not is decided on the basis of the threshold TH dependent on the length
7 (number of words in the sentence).

TH = THL - % , (V-5)

where TH1 and TH2 pre-set thresholds.

Sometimes a reliable sentence is obtained while some portions
remain unmatched in a recognized phoneme string. In such a case the
likelihood is decreased in accofdance with the number of unmatched
segments.

Although the optimum parsing procedure may depend on the
performance of the lower levels (Acoustic Processor, Phoneme Recognizer)
the system cannot know any more than its expected performance.
Nevertheless, we have proposed a powerful tree searching technique.

In this technique, our tree search method behaves as the best-first
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method for good performance at low levels. For poor performance at
low levels, the breadth-first-like method takes over. Therefore, we
hope and believe that the Parsing Director will behave as if it

knows the performance of phoneme recognition.
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CHAFTER VI

SPEECH RECOGNITION OF 'ARITHMETIC EXPRESSION’ AND 'CALENDAR’

The speech understanding system LITHAN, which has been presented
in the preceding chapters, was throughly tested with three tasks:
'‘Arithmetic Expression', 'Calendar’, and 'Computer Network'. These
tasks were carefully chosen; syntactic, semantic, and pragmatic
information shows different degree of contribution to understanding of
sentences in these tasks.

This and next chapters present the results of the experiment

and discussion.

vI-1 Introduction

The higher linguistic information in SUS's refers to syntactic,
semantic and pragmatic. Here we have chosen three tasks which can make
good use of such information. The task 'Arithmetic‘Expression' was
chosen as the first task in our early research from following reasons.
1. The vocabulary is small and the grammar is well-defined.

2. The task still has the main difficult problems associated with
continuous speech recognition by machine. *
3. This recognition result is considered to give fundamental data
towards a new task selection (i.e., vocabulary size, syntactic
complexity, etc.). .

Thus, we have developed a speech understanding system to recognize
utterances for 'Arithmetic Expression'.

The task 'Calendar' was selected in order to evaluate the LITHAN

system. This task makes strong use of syntactic and pragmatic
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information.

The sentences dealt with in both tasks are not Japanese sentences.
There are no predicates. 1In the parsing procedure, however, we can
regard them as special cases of simple sentences. We consider that
each sentence is associated with a dummy predicate whose lexical entry
is composed of no element. The Parsing Director bypasses the processing

of the predicate.

VI-2 Speech Recognition of 'Arithmetic Expression'
VI-2-1 Task Delineation

The task 'Arithmetic Expression' calculates works as a simple
voice~input desk calculator. It calculates an arithmetic expression
containing at most two operators. 1In this task, the vocabulary size is
24, where each word has an average of 2.1 syllables. The vocabulary
and word dictionary are shown in Table VI-1l. As indicated, the number
of lexical entries is not 24 but 28, but this is because pronunciations
of some words vary in special contexts. These variations are trickily
processed by the use of the subscript 6, that is, the context-sensitive
rules. .

The spoken grammar is specified in Backus-Normal Form (BNF).

The set of BNF productions for 'Arithmetic Expression' is given in

Fig. VI-1. An expression can contain numbers whose absolute values are
less than ten thousand, whose accuracy is to one decimal place, and
which can either have sign parts or not. The expression can end with
or without the word "dewa"[=, equal]l. It can also contain one pair of
parentheseé. The following sentence is a typical example: '1.2X(345-
6789.0)=".

This task is well-defined on syntax. However, ten digits usually

belong to the same syntactic class, and therefore this task is
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Table VI-1 Vocabulary and word dictionary of 'Arithmetic Expression'

Japane::nénglish zgr;- lexical entry g::it;:;n
rei zero 0 r/p(0.85) e i/e(0.95) 400 | 100
ichi |one 1 |i./c(1.0) ¢ 1/¢(1.0) 350 {100
ni two 2 n i 300 | 100
san three 3 s akN 550 | 200
yon four 4 |y/G(0.95) o N 450 | 150
go five 5 g o 300 | 100
roku |six 6 |ro ./k(0.95) k u/*(1.0) 450 | 100
nana seven 7 n/g(0.85) a/N(0.85) n/a(0.85) 3/N(0.85) 550 | 200
hachi |eight 8 |h a/N(0.85) ./c(1.0) c 1/c(1.0) 500 | 150
kyu nine 9 //c(0.95) k/c(0.95) y/u(0.95) u 500 | 200
zyu ten z |z/d8(0.9) y/h(0.95) u 400 | 200
hyaku {hundred | F |h y/a(0.95) a ./k(0.95) k l+17*(1.0) 500 | 200
sen thousand| S s eN 400 | 150
purasu [plus P |/p(0.95) p w/p(0.95) r a s u/s(1.0) 500 | 300
mainasu|minus M m a/N(0.85) i n a/N(0.85) s 1_1/s(1.0) 600 | 300
ten point . //t(0.95) t e N 400 | 100
tasu add + |//£(0.95) t a s u/s(1.0) 500 | 200
hiku |subtract| - |h i/h(1.0) ./k(0.95) k u/*(1.0) 500 | 200
kakeru [multiply| * //k(0.95) a ./k{0.95) ke r u 600 | 300

| waru |divide | / |w/b(0.9) ar u 500 | 200
migi right R |mig/i(0.85) 1 400 | 200
hidari |[left L h.i/h(0.95) d ar i 500 | 300
kakko |par. K | //k(0.95) k a - k o 650 | 300
dewa equal = d/t(0.9) e w/e(0,9) a/0(0.9) 400 | 150
byaku hundred BF | b y/a(0.95%) a ./k(0.95) k 57*(1.0) 500 | 200
yaka  |hundred | Pf |y/a(0.95) a ./k(0.95) k u/*(1.0) 400 | 150
zen thousand| 25|z e N 400 | 150
en¥ thousand| QS |e N 350 | 100

* corresponds to "sen".

difficult relative to the vocabulary size. The number of total
utterances allowed by this grammar is 1.7249768712X1018. If the
numeral value is restricted below 1000, the number of utterances

reduces to 1.724984712X1015.

The pronunciation of numbers varies euphonically as follows:
san hyaku [three hundred] - sanbyaku
roku hyaku [six hundred] - roppyaku
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<UT>::=<EX>|<EX>= context sensitive rules

<EX>: : =<NM><EF> | <EM><OP1><NM> 3 F—%3 BF
<EF>: :=<OP1><EY> | <OP2><NM><EG> 6 F—>6 PF
<EG>: :=<OP><NM>|€ 8 F—>8 PF
<EY>: :=<EM> | <NM><EG> 3 5—3 25
<EM>::=L5 K <NM><OP2><NM> R5 ® 8 § —8 Qs

<NM>: :=<IN><IT>

<IT>::=. <DQ>|e
<IN>::=<SN><D5>|<D5>
<D5>::=<DG><Ds>|s6 <p4>|<pF>|0
<DS>::=S_ <D4>|<D3>

<D4>: :=<DG><D3>|<DF>|e
<DF>::=F_ <D2>|2 <D1>|1

6
<D3>::=F_ <D2>|2z <D1>|e

<D2>::=<gG><DZ>|Z <p1>|1]e
<DZ>::=Z <DC>|e
<D1>::=<DC>|€

<DpQ>: :=<DG>|0|1

<DC>: :=<DG>|1
<pe>::=2|3]4|5]6]|7]8]9
<SN>::=P|M

<OP>::=+|-|*|/
<OP1>::=*|/

<OP2>::=+|—

Fig. VI-1 Spcken grammar of 'Arithmetic Expression’,
€ denotes an empty symbol.

hachi hyaku [eight hundred] - happyaku

san sen [three thousand] = sanzen

hachi sen [eight thousand] = hassen

For convenience, for such euphonic changes we change only the
lexical entry of the latter word. For example, when the input is

'roku hyaku', we consider this euphonic change as follows (on lexical
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level):

~ ~
ro.ku + hya.ku -+ ro.kuhya.ku *+ ro.kya.ku =+ ro-pyaku.
Thus, 'hya.ku' preceded by 'ro.ku' is changed into 'ya.ku'. This

procedure is easily performed with the aid of the subscript 6.

VI-2-2 Experimental Results

In the task 'Arithmetic Expression', the LITHAN system was tested
on a total of 80 utterances containing 560 words, spoken by five male

adults at a normal speed. Some examples of input sentences are

shown below.

1. zyﬁ ichi tasu ni kakeru san: 11+2X3
2. hyaku yon hiku go waru roku: 104-5/6
3. mainasu nana kakeru hidari kakko hachi tasu kfa migi kakko:
=-7%(8+9)
4. rei kakeru sen ten rei dewa: 0%X1000.0=
The phoneme confusion matrix is shown in Table II-15. This task
was also used for evaluating the performance of the Word Identifier

(see section III-6). A key word was not used in this experiment.

An example of parsing is illustrated in Fig. VI-2. The detailed
procedure is given in Appendix C. The parameters for the tree search
are a=2, B=5, Y=10 and m=2. The input utterance is 'zyE ichi tasu ni
kakeru san' [z1+2X3 or 11+2X3], spoken by the speaker SK. The thick
line indicates a correct word string. The first number under a word
indicates the likelihood of that word and the second number indicates
the likelihood of the word string up to that word; the number abové
the branch gives the order of expansion. The symbol '#' denotes
the end of a complete sentence. (The detailed result of the Phoneme

Recognizer is presented in Fig. II-8.)

At the first stage of the parsing process, none of the words in

the sentence have been recognized. The processing begins left to
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lf-‘

—yon
hachi 90,95.3
92,93.7 .
~ ichi : 3 hyaku - roku #
89,89.0 hiku hyaku 97,96.4 | 90,95.3 97.0
97,97.0 92,93.7 5 6 |
2 I ~ni akeru san zyu
- ni tasu : 97,96.3 |99,96.8 |98,97.0 45,0.0
95,95.0 | 90,91.0 5 2
4 . s
tasu roku yaku -ichi #
: 98,96.0 l92,95.0 95,95.0 96,96.7 96.2
- roku 3 4" ‘ I
88,88.0 ichi hiku ni —hiku I dewa
99,95.0 92,94.0 97,94.8 94,94.8 1 79,94.1
2 . ! I
- Zyu ni | -hyaku - 0
91,91.0 96,93.5 | l97,94.0 0.0 ,

- rei ! !
88,88.0

Fig. VI-2 An example of parsing, "zyu ichi tasu ni
kakeru san [=11+2%3]".

right. Then, sixteen possible words are predicted by the Word Predictor
and verified by the Word Identifier. Out of these, the Parsing Director
selects the best five (because B=5), i.e., "ichi"[1l, onel, "ni"[2, two],
"roku"[6,six], "rei"[0,zerol], and "zyu"[z,ten]. Further out of these
five, the best two (because 0=2), i.e., "2" and "z" are selected and
expanded. Out of the remaining three words plus ten newly generated
partial sentences (because 0XB=10), only ten sentences (because.

Y=10) are selected and kept. This procedure continues until two
reliable complete sentences are generated. In the figure, the

sentences with the symbol '#' are complete sentences. Although 'zl+6'
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in the six round is both a complete and partial sentence, the complete
sentence is rejected because there is still much of the input utterance
to be identified; then the score is reset to zero. The parsing halts

when 'zl+42X%3' and 'zl+2X1' were generated.

The relationship between recognition rates and parameters of the
tree search is shown in Table VI-2. In this table, the search time
column indicates for each case the ratio of the number of verified
words to the case where 0=1, B=1 and Y=1l. 1In average, the number of
predicted words at one time is about 10. From these results, we can
conclude that the breadth-first search is superior to the best-first
search, and that the case where =2, B=5 and y=10 approximates well in
the breadth-first search. The value of B is always pre-set at 5,
because if a word really uttered belongs to a predicted word class,
probably it will be identified as one of the best five words. The
method corresponding to the final result uses the subscript 5 (i.e.,

Ls and Rs), and identifies each word at two locations.

Table VI-2 Recognition results of 'Arithmetic Expression’.

algly s?arch recognition rate notes

time word [sentence
1|11(1}1l.0 80.1% 31.0% no back tracking
2(2)2}2.0 88.4 47.0
313}3] 3.0 92.1 56.0
4141(4] 4.0 93.1 58.0
5]15|5]| 5.0 93.5 60.0 standard (refer to Table III-5)
6| 5|6] 6.0 93.8 61.0
150101} 1.9 90.3 52.0 (nearly) best—first search
2 |(50] 2.6 91.9 58.0
3(5012] 3.3 93.2 60.0
5{5015] 5.1 93.6 62.0 (rough) breadth-first search
51515 j12.0 77.7 20.0 no syntactic information
5|5f5] 5.1 93.9 71.0 final result*

* ysed the subscript 5 and identified at two locations.
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The LITHAN system correctly recognized 71% of the sentences and
about 94% of the words. This system also recognized 18% of the
sentences which differed from the actual sentence by one word. The
detailed results of this experiment are shown in Table VI-3. These
results approximately satisfy the following equation:

q= Pn ’ (VI-1)

where g and p are the recognition rates of sentences and words,
respectively, and n is the average number of words contained in a
sentence. This means that the number of predicted words at one time

is almost constant.

Table VI-3 Detailed results of speech recognition of
'Arithmetic Expression'.

speaker SK or MG NK Ys total
sentence 94% 59% 66% 69% 66% 71%
word 99.1 92.4 94.2 93.1 91.5 94.0
vowel,/N/ 88.1 82.1 92.7 85.6 80.3 85.9
semi-vowel 28.6 28.6 14.3 42.9 35.7 30.0
voiced consonant 33.7 31.7 39.6 37.5 28.8 34.3
unvoiced consonant 90.2 84.1 72.0 74.6 83.5 81.0

VI-3 Speech Recognition of 'Calendar'
VI-3-1 Task Delineation

The 'Calendar' deals with a date. Such a task can be quite
valuable. As an example, for hotel or seat reservations, being able
to use computer for date inputs is going to become more and more

necessary. In the task 'Calendar', input sentences are composed of

a month, day, and day of the week, such as 'ichi gatsu tsuitachi

suinbi'(Wednesday, January 1l). The third term (day of the week) is
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redundant, but it can be used effectively for recovery of misrecognition.

The vocabulary contains 30 words, and a word has an average of 2.5

syllables. The vocabulary and word dictionary are shown in Table VI-4.

In this word dictionary, there are many elongated vowels, represented

by a special notation in computer memory, and there are also many

monosyllabic words such as "ni", "shi", "go", "ku" and "zyﬁ". Also,

there are many pairs of confusable words, such as "hutsuka" and "itsuka",
"hutsuka” and "hatsuka", "mikka" and "muika", "yokka" and "ySka",

"nichiygbi" and "getsuyabi", "suiygbi" and "kinyobi", and so on.

Table VI-4 Vocabulary and word dictionary of 'Calendar'

word sym-| lexical entry duration
Japanese |[English bol Srax|Dmin
tsuitachijfirst -1})//c(1.0) ¢ ::7c(1.0) i ./t(0.95) t a ./c(l.0) c 17(1.0) 800{ 300
hutsuka second -21h ﬁ/h(l.O) ./c{1.0) ¢ G7c(1.0) ./k(0.95) k a 700| 300
mikka third ~3|m i/m{0.95) - k a 700| 300
yokka fourth -4 |y/9(0.9) o - k a 700! 300
itsuka fifth -5|i ./c(l.0) ¢ G7c(1.0) ./k{0,95) k a 650| 250
muika sixth -6 |mu i/u(0.9) ./k(0.95) k a 650| 250
nanuka seventh -7 | n/g(0.85) a/N(0.85) n u ./k(0.95) k a 750| 350
yoka eighth -8 | y/9(0.9) o ./k{0.95) k a 700| 350
kokonoka |ninth -9 | //k(0.95) k o ./k{0.95) X on ; ./k(0.95) k a 1050| 450
toka tenth TO | //£(0.95) t ¢ ./k(0.95) ¥ a 700} 300
hatsuka twentieth| HA | h a/N(0.&5) ./c(1.0) c 37::(1.0) ./k{0.95) k a 750| 300
ichi one 01 [i ./c(1.0) c 1/¢(1.0) 350 100
ni two 02 ni 300| 100
san three 03|s a\N 550| 200
yon four 04 | y/§(0.95) o N 450| 150
go five 05|go 300} 100
roku six 06 [r o ./k(0.95) k {17"(1.0) 450| 100
nana seven 07 | n/g(0.85) a/N(0.85) n/a(f,.85) E/N(O.BS) 5501 200
hachi eight 08 | h a/N(0.85) ./c(1.0) ¢ I7c(1.0) $00| 150
ku nine 09 | //k(0.95) k u/k(1.0) 300| 100
zyu ten 10 | 2/d4(0.9) y/h(0.95) u 400| 200
gatsu month GT | g a/N(0.85) ./c(1.0) ¢ B/c(1.0) s00| 200
nichi day NC | n/g{0.9) i/N(0.9) ./c(1.0) c 1/¢(1,0) 500{ 200
nichiyobi|Sunday NI | n/g(0.9) i/N{(0.9) ./c(l1.0) c I7c(l.0) y/0(0.95) o b i |1100| 400
getsuyobi| Monday GE |g e ./c(1.0) ¢ \'.\7c(1.0) y/0(0.95) o b i 1100} 400
kayobi Tuesday KA | //k(0.95) k a y/0(0,95) ob i 900} 350
suiyobi |Wednesday| SU|s u/s(0.95) i y/0(0,95) o b i 1100| 400
mokuyobi | Thursday { MO |m o ./k(0.95) k 57'(1.0) y/0(0.95) o b i 1100} 400
kinyobi Friday KI | //k(0.95) k I/k(0.95) N y/0(0.95) o b i 1100| 400
doyobi | Saturday | DO | d o y/0(0.95) o b i 900] 350
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We usually pause between a day and a day of the week. Thus, the
word boundary symbol '/' is added to the first element in the lexical
entry of the latter word.

The set of BNF productions for 'Calendar' is given in Fig. VI-3.
We cannot briefly explain how to pronounce the days in Japanese, the
spoken grammar is not given systematically.

In this task, we can take advantage of the following pragmatics:
(a) The number of months is limited to 12, and upper limit for days
depends on the month; for example, January has 31 days.

(b) There is a one-to-one correspondence between a date and a day of
the week; for example, the first of January is Wednesday (in 1975).

This relation is dealt with by a special program in the Word
Restrictor. Nevertheless, this task has turned out to be unexpectedly
difficult, because it includes so many monosyllabic and confusable

words.

<UT>::=<BG>. GT, <Dl><WK>|<SM>5 GT, <D2><WK>|025 GT, <D3><WK>|10 <H5>
<H5>::=01/ GT, <D2><WK>|025 6T, <D1><WK>|GT4 <D1><WK>

<Dl>::=<D4>|O35 10, <H1>

< >::=

<H1 01, NC4|NC4

<p4>::=<IN>|<H2>|02, 10, <H3>

<H2>::=10 <H3>

<H3>: :=<DG> -
H3 DG>, 5 NC, [ 4,

< > =< >
D2 D4 |o35 10, NC,

<D3>::=<IN>|<H2>|02, 10, <H4>

<H4>::=<HC>, o NC4|—44
<BG>::=01|03|05|07|08

<SM>: :=04|06]09
<IN>::=-1|-2|-3|-4|-5]-6|-7|-8|-9|TO|HA
<DpG>::=01|02]03]|05|06|07]|08|09
<HC>::=01]02|03]|05]|06]|07|08

Fig. VI-3 Spoken grammar of 'Calendar'
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VI-3-3 Experimental Results

In the task 'Calendar', 120 utterances were recognized. These
contained 647 words, and were spoken by twelve male adults at a normal

speed. Some input sentences for 'Calendar' (in 1975) are shown below:

1. ni gatsu zyu yokka kinygbi. (Friday, February 14)
2. go gatsu itsuka getsuygbi. (Monday, May 5)
3. zyu ichi gatsu ni zya san nichi nichiygbi. (Sunday, November 23)

4. zyu ni gatsu san zja ichi nichi suiygbi. (Wednesday, December 31)

~ku gatsu 2 _san zZyu 3 nichi 4 mokuyobi
93,93.0 I94,93.5 93,93.4 ‘92,93.2
1
t I
1
Fni gatsu 2 _tsuitachi -nichi-————é—Tmokuyobi
91,91.0 89,90.3 93,94.2 ,92,93.9
'
: suiyobi—-—é-#
8,94.8 4.8
ni gatsu 3emsan zyu 41ichi nichi 98,9 2
1 - [95,94.7 '94,94.4 94,94.3 kinyobi "
. .3
54,94.0 L , ' \ |94,94 3 924
gatsu san zyu nichi |
'95,94.5 |94,94.3 93,94.0
‘ ; uiyobi'——jL—#
-san gatsu—&rsan zyu ichi nichi2 98,94.7 24.7
91,91.0 I94,92.5 94,94.2 kinyobi 6 4
1 94,94.1 94.1
3 4
san zyu nichi mokuyobi
94,94.5 93,94.2 92,93.8 !
rshi gatsu 2 :
95,95.0
tsuitachi 3 suiyobi #
89,93.0 98,94.3 94.3

Fig. VI-4 An example of parsing "zyu ni gatsu san zyu
ichi nichi suiyobi {Wednesday, December 31]".
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No key word was used in these experiments. Fig. VI-4 illustrates
an example of this parsing. The detailed procedure is given in
Appendix C. Here, the parameters for the tree search are a=5, B=5,

Y=5 and m=2. The input.utterance is 'zyu ni gatsu san zyﬁ ichi nichi
suiygbi’(Wednesday, December 31) spoken by the speaker SM. Although by
the fourth round a complete sentence {shi gatsu tsuitachi suinbi;
Wednesday, April 1) was generated, the parsing continued until the
generation of another complete sentence. 1In this example, the
pragmatic information between a day and a day of the week was not used

Table VI-5 shows the experimental results for 'Calendar'. These
experiments were conducted for the three cases: the system with
acoustic knowledge only, with acoustics and syntax, and with acoustics,
syntax, and pragmatics. The column of the table corresponds to one
case. Note that use of pragmatics could not improve the recognition
rate of words in comparison with that of sentences. This results
because if a sentence is misreqognized, two or more words in that

sentence are usually misrecognized.

Table VI-5 Recognition results of 'Calendar'

(a) detailed results

speaker NK JUK [ SM | OK { YN |AR [HY |FZ TN | MG | AD | NG [total
correct 8 8 7 8 8 7 7 4 8 5 5 8 83

1 word
error|2 words 1 1 2 2 3 1 2 1 13
3 or more 1 1 3 1 2 1 1 1 11
rejected 1 1 1 4 2 3 1 13

(b) by using different linguistic information

. . acoustics,
. acoustics,]
used Kknowledge | acoustics svntax syntax,
y pragmatics
recognition | yorg 54% 83% 90%
rate
sentence 8% 40% 70%
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CHAPTER VII

SPEECH RECOGNITION OF 'COMPUTER NETWORK'

VII-1 Introduction

In spite of its scientific interest and practical importance,
there has been no study done on automatic continuous speech recognition
(ACSR) of Japanese. This fact shows that it is very difficult to
develop an ACSR system. For example, consider the current art of
ACSR for continuously-uttered speech with a 100 word-vocabulary for
unspecific speakers. Under such a condition, the word recognition
accuracy beyond 80% cannot be obtained. Even if it could be
obtained, it can be expected that the recognition accuracy of a
sentence would decrease exponentially - to about 10% for a sentence
of 10 words. However, the use of higher linguistic information have
been éxpected to be able to lessen this difficulty of an ACSR system,
This chapter demonstrates the first attempt to recognize continuously-
uttered simple Japanese sentences; these are all based on LITHAN as
described in the previoﬁs chapters. These experiments have showed
that the contribution of higher linguistic information toward the
recognition is very remarkable.

The implemented task is 'Computer Network', which is concerned
with operational commands and questions about the status of a computer
network. The system was tested on a set of 200 utterances spoken by
ten male adults. The detailed word dictionary and spoken grammar are
given in Appendix B, and some detailed recognition results in

Appendix C.

Fig. VII-1 illustrates a model of the computer network which is

assumed in the task. This model is based on KUIPNET (Sakai et al.[81],
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TW /,

LP 74,

CR i W PR} S TW

7/
cp general cb . MT), language PR
CD / . GD
<Y purpose NP processing FS
MK cT
MT MD
central

TW TW
PR W LP PR
CD PR PP AD
GD CD MK DA
XY image MT speech GD
v processing processing v
FS cT
GP

MK

Fig. VII-1 A model of computer network for the task.

A box denotes a computer, double lines denote
.computer complex. TW:Tele Type Writer, LP:Line Printer,
PR:Paper Tape Reader, PP:Paper Tape Puncher, CR:Card
Reader, CP:Card Puncher, CD:Character Display,

AD:A/D Converter, DA:D/A Converter, GD:Cathode Ray Tube,
TV:Color Display, FS:Flying Spot Scanner, GP:Graf Pen,
MK:Magnetic Disk, Mb:Magnetic Drum, MT:Magnetic Tape,
CT:Cassette Magnetic Tape, IMP:Interface Message Processor,
NTT:Channel of Nippon Telegraph and Telephone Public
Corporation.

see also Fig. II-1). Fig. VII-1 also shows I/O devices connected with
computers. It is supposed that each computer has ten units of each
I/0 device, if it has that kind at all. There is relations of
connectivity among computers and between a computer and its devices.
In this task domain, such relations will be used as pragmatic

information.

VII-2 Vocabulary

The vocabulary of 'Computer Network' contains 101 words: 60 nouns,
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Table VII-1 The vocabulary of 'Computer Network'
An elongated vowel is represented as a vowel.

ym] sym+ sym-]
a part of speech word ol word ol word ol
kokan KK cyuo KC hanyo KH
computer
onsei KO gazo KZ gengo XG
user ko LK otsu o hei LH
taipuraita | T™W kosokuinzi LP zikitepu MT
kasettozikitepy CT zikidoramu MD zikidisuku MK
. kamitepuyomitori| PR kadoyomitori | CR kamitepusenkd PP
n| device
kadosenko cp mozihyozi CD gazohyozi GD
o shikisaihyozil TV nizigenhyozi | XY gazonyuryoku | FS
U gazonyuryoku GP onseinyuryoky AD pnseisyutsuryokuy DA
rei 00 ichi 0l ni 02
N
number san 03 yon 04 go 05
roku 06 nana 07 hachi 08
kyu 09 2yu 10
gaisen GS syukioku SK shiyosha 534
wariatezyotail YR shiyozikan ¥4 dengen DG
yovaku Yy zyobu 2B genzaizikoku | G2
others deta DT puroguramu PG seigyobun SB
syuryozikoky Sk yusenzyuni YZ zi 21
han BN ban BN gozen AM
gogo PM zyotai ZT keisanki KS
sochi SC
: . w i
interrogative darega 1 ikutsu w2 dorega W3
doreo wa itsu W5
adjactive aoi IB shiroi Iw kuroi IK
kiiroi 1y akai IR
made JM ga JG no JIN
postposition e} JQ to JT wa Jw
de JD ni JI e JH
kara JK
. . aiteiruka | va tsukatteirukal VB hashitteiruka|vC
P interrogative N
R tsunagatteiruka VD haitteiruka VL
E tsunage VE yomikome VF rodoseyo VG
D
1 warikome VH hazimeyo VI tomeyo vJ
C| imperative makimodose | VK ireyo VM kire VN
A
T shimese vo kakikome Vs uchidase \'/o]
E hazuse VR
affirmative torikesu vT suru vu
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5 interrogatives, 5 adjectives, 10 postpositions and 21 predicates.
Word classification (or part of speech) differs slightly from that of
normal Japanese grammar. For example, é predicate is composed of only
a verb for an affirmative or imperative sentence, and of a verb, plus
an auxiliary verb, and a postposition for an interrogative sentence.
Words and their abbreviations are shown in Table VII-1. The word
dictionary with equivalent English words attached are given in
Appendix B. The nouns include names of computers, users, and 1/0
devices, digits "rei"[zero] through "zyu"[ten], and others.

Two of the digits have euphonic variants; "yo"(Z4) for "yon" (04: four)
and "ku"(2¢i for "kyu"(09:nine) - these variants appear in the phrase

for expressing time.

VII-3 Spoken Grammar
VII-3-1 Predicate, Sentence Structure and Key Word

The relationships among a predicate, sentence structure, special
iules, and the number of key words are shown in Table VII-2. Three
key words are chosen for this task from view points as mentioned in
section V-3-1. The key word column shows, for instance, that the key
word "dengen"[power source] is only contained in a sentence structure
(P7), and that a sentence structure (P5) contains no key word. In the
column listing a rewriting rule, D3, D8, T5, T6, T9, TA, and WJ

represent word classes(see p.89)..

VII-3-2 Pragmatics

Table VII-3 shows which computer has which I/O devices. These
relations, introduced from the model of the computer network, are used

as pragmatic information. As described in section IV-3, it is handled
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Table VII-2 Relation among predicate, sentence structure and key word

Key Word
predicate \ [lcrure| rate  [Hiotmr e et
aiteiruka P1 g;’dzizga o o |1 |1] o |1
tsukatteiruka Pl E;::ggi:ga 0 0 0 1 0 1
hashitteiruka P2 0 0] 1 1 0] 0]
tsunagatteirukal|P3 Rl->wa 0 0 1 2 0 1
tsunage P3 Rl->o0 0 0 1 2 0 1
yomikome P4 g;i:ggl,3 0 0 1 2 1 1
rodoseyo P4 giﬁ 21 30 0 ol 1211 |1
warikome P5 Rl=WJ 0 0 0 0 0 0
hazimeyo P5 Rl=>o0 0] 0 0 0] 0] 0]
tomeyo P5 Rl=0 0 0 0 0 0 0]
makimodose P6 0 0 1 1 1 1
haitteiruka P7 Rl>wa 1 1 0 1 0 1
ireyo P7 | RI=>o 1 1 0 1 0 1
kire P7 Rl=>o0 1 1 0 1 0 1
shimese P8 R1->T9 0 0] 1 2 1 2
kakikome P8 Rl-=>T5 0] 0 1 2 1 2
uchidase P8 Rl=>TA 0 0 1 2 1 2
hazuse pa 0- 0 1 1 1 1
kakeyo P9 0 0 1 1 1 1
torikesu PB 0 0 1 1 0] 1
suru PC 0 0] 0 1 0 1
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Table VII-3 C(Connective relations between a computer and I/0O devices

or other computers (refer to Fig. VII-1).
An elongated vowel is represented as a vowel. -

computer I/0 device computer
kokan taipuraita,kamitepuyomitori,mozihyozi, cyuo,hanyo,onsei,
zikitepu ' gazo,gengo,gaisen

taipuraita, kosokuinzi,kamitepuyomitori,

cyuo - . A R
kamitepusenko,mozihyozi,zikidisuku,zikitepy

kokan,onsei,gazo

taipuraita,kosokuinzi,kadoyomitori,
hanyo kadosenko,mozihyozi,nizigenhyozi, kokan
zikidoramu, zikitepu

taipuraita,kamitepuyomitori,onseinyuryoku,
onsei onseisyutsuryoku,gazohyozi,shikisainyozi, [kokan,cyuo
kasettozikitepu

taipuraita,kamitepuyomitori,mozihyozi,
gazo gazohyozi,nizigenhyozi,shikisaihyozi, kokan, cyuo
gazonyuryoku, zahyonyuryoku, zikidisuku

taipuraita,kamitepuyomitori,gazohyozi,

gazonyuryoku,kasettozikitepu,zikidoramu frokan

gengo

by the subscript 1. This task exploits other pragmatic information
that is related to phrases to reserve computer resources. An
example was already explained in section IV-3. Time is represented by
half-hours. The number of resources such as magnetic tape devices,
magnetic tapes, programs, and so forth which one computer has is
supposed to be up to 10. The number of users is three: "th[meaning

the first or the Al], "Otsu"[B], and "Hei"([C].

VII-3-3 Restriction of Syntax

In this sub-section, I will explain the restriction of syntax or
allowable sentences in the task.
1. An input sentence is a simple Japanese sentence. In other words,
it contains only one predicate.
2. A name label follows a labeled word. For example, in the phrase

'keisanki cy533 (computer central), 'shiyggha Ko' (user A) and
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'zikitepu ichi ban' (magnetic tape first), "cyuo", "Ko" and 'ichi ban'
are labeles.
3. Although it is a remarkable feature of Japanese sentences that
word order is very free, the order of input sentences is fixed except
for the following cases:

(a) the position of interrogatives "itsu"{when], "ikutsu" [how
many] and "darega"[who],

(b) the phrase order between an indirect object and direct
object,

(c) the position of the phrase '...kara...made' (from ... to

S I

Ten examples of allowable sentences are shown below. These
sentences were actually used for the experiments. The equivalent

English sentences are given in parentheses.

1. Keisanki c§§3lno zikidisuku sochi san-ban kara keisanki gazg;e
deta yon-o rsaoseyo. (Load the 4th datum from the 3rd magnetic disk
device of the central computer to the image-processing computer.)

2. Zyobu hachi-o tomeyo. (Halt the 8th job.)

3. Keisanki kokan-no zikitgbu sochi nana-ban-o makimodose.

(Rewind the 7th magnetic tape device of the IMP computer.)

4. Keisanki kokan-to gaisen-o tsunage. (Connect the IMP computer
with the channel of N.T.T.)

5. Keisanki hanys;no kosokuinzi sochi-ni genzai-zikoku-o uchidase.
(Print the present time on the line printer of the general purpose
computer.)

6. Shi?ggha Kg;ga gozen—zyﬁ;ni-zi kara gogo ichi-zi-han made keisanki
gazg;no nizigen-hygéi sochi-no yoyaku-o suru. (User A reserves the
X-Y plotter of the image-processing computer from twelve o'clock in
the morning to half past one in the afternoon.)

7. Keisanki gengo-no zikidoramu sochi-wa dorega aiteiruka? (Which
device is free among the magnetic drums of the language-processing
computer?)

8. Keisanki ciﬁs;de zyobu-wa ikutsu hashitteiruka? (How many jobs
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are being executed in the general purpose computer?)

9. Onseli syutsuryoku sochi-no dengen-wa haitteiruka? (Has the power
source of the D/A converter been switched on?)

10. Keisanki onsei-no kasetto zikifgbu sochi rei-ban-e kuroi kasetto
zikiﬁgbu go-ban-o kakeyo. (Set the 5th black cassette magnetic tape
on the Oth cassette magnetic tape device of the speech-processing
computer.)

The total number of utterances allowed by this grammar would be

several millions.

VII-3-4 An Example of the Spoken Grammar

Fig. VII-2 shows some examples of BNF productions of the spoken
grammar. All the BNF productions are given in Appendix B.

For example, when the word class <D8>; is predicted after
recognizing a partial sentence 'Keisanki cyﬁg'no', the Word Predictor
predicts only "zikitgbu" and "zikidisuku" by consulting the row "cyzg"
of Table VII-3 (process of the subscript 1). And also, when "zyobus"
is predicted in a partial sentence 'Keisanki cyag-de', it is connected
‘with the following word "wa", and then the string "zyobuwa" is
verified in a recognized phoneme string (process of the subscript 5).
As the proper production of time phrase is difficult, it is produced

by a special procedure.

VII~4 An Example of Parsing Procedure

Fig. VII-3 illustrates an example of parsing procedure. The
detailed procedure is given in Appendix C. The parsing parameters are
o=2, B=5, y=10, m=2, n=5 and I=1. The utterance, spoken by the
speaker UK at a normal speed, is 'Keisanki gengo-no zikidoramu sochi-

wa dorega aiteiruka?', which means 'Which device is free among the
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<P1>::=<Q9><Ql>|<Dl>3 sochi <Q7>

<p2>::=<Q2> de, zyobu_. wa,6 <WwW>

4 5 4
< > =< > < > i < > <WJ> < >< > b
PO Q2 no, D8 1,2,3 sochi <WS 5 ban4 4 Q6><WS 5 an4 o4
<Q1>::=<Q7>|no, <T8>

<Q2>::=keisanki <WK>1 5
1
<Q6>::=<WI><D2>2|<D6>2
<Q7>::=wa4 <ul>
<Q9>: :=keisanki <WK>l
<Ul>::=<R1>|e
<u7>::=ikutsu|<R2>|e
< > =< >
T6 WS 5 ban4
<T7>::=<D1>|<D3>|<D4>|<D5>|<D7>
<T8>::=<T7> sochi <Q7>|<D8> sochi <TB>
1,3 1,3
<TB>::=<T6> wa,|wa, <U7>

<WW>::=ikutsuldore3a
<WS>::=ichi|ni|sanlyon‘golrokulnanalhachilkyulrei
<WJ>::=ni|e

<WI>::=aoi|shiroi|kiiroi|akai
<Dl>::=zahyonyuryoku|onseinyuryoku onseisyutsuryoku
<D2>::=zikitepu|kasettozikitepu
<D3>::=kamitepuyomitori|kadoyomitori
<D4>::=taipuraita|kosokuinzi
<D5>::=mozihyozi|gazohyozilshikisaihyozi
<D6>::=zikidoramu|zikidisuku
<D7>::=kamitepusenko|kadosenkolnizigenhyozi|gazonyuryoku

<D8>::=zikitepuIkasettozikitepuizikidoramu‘zikidisuku

Fig. VII-2 Examples of BNF productions of the spoken grammar.
An elongated vowel is represented as a vowel.

€ denotes an empty symbol.
magnetic drum devices of the language-processing computer?'. To

explain the process, I will use Fig. VII-3. In this figure, a thick
line indicates a correct word string. The first number indicates the
likelihood of that word, and the second number the likelihood of the
word string up to that word; the number above the branch gives the
order of expansion. The symbol '#' denotes the end of a complete

sentence.
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predicate
4

keisanki—————kokan wa
3 189,92.8 0,0.0
engo to
F;J,%.Q taipuraita
2

76,91.3

keisanki hanyo to ] L]

95,94.5 86,90.2 ! 93.4
tsunagatteiruka 7 0 8
94 94.0 kamitepuyomitori. sochi pwa ikutsu

87 90.5 94,91.6 0.0 95,94.1 0,0.0

S 6 9
+itsu # +rei ban 1103 J°7- 1 W—
4 193,93.7 90,93.2 0.0 87,92.2 96,94.3 94.3
3 engo’ 5 € 7

keisank i emm———l95, 94,3 &} szikidor ochi ichi ban

95,94.0 90,93.2 94,93.2 97,94.0 0,0.0
Faiteiruka Fhanyo
93,93.0 onseisyutsuryoku 85,91.0 taipuraita tni ban

0,0.0 ! 85,91.6 87,92.2
i )
' : san ban
: 87,92.2

8 9
fFnana ban ——wa —————4
90,93.0 95,93.2 93.2

Fig. VII-3 An example of parsing procedure, 'Keisanki
gengo-no zikidoramu sochi-wa dorega aiteiruka?'
(Which device is free among the magnetic drum
devices of the language-proce551ng computer?)
An elongated vowel is represented as a vowel.

First, the Parsing Director tried to detect three key words,
"dengen" [power sourcel], "keisanki" [computer] and "SSEhi"[device], in
the recognized phoneme string. As a result of detection, "keisanki"
gnd "sochi" were respectively detected at two locations, but "dengen"
was not. Therefore, the system rejected the predicates which required
the key word "dengen" in the sentence structure, such as "haitteiruka"
[VL: Is...switched on?], "ireyo"[VM: Switch on...] and "kire" [VN:
Switch off...]. Next, the Word Identifier attempted to identify the
remaining predicates at the end of the phoneme string. As the
likelihood of "tsunagatteiruka"[Is...connecting?] was the highest, the
sentence structure corresponding to this predicate was first parsed.

In the second round, the best partial sentence 'Keisanki...
tsunagatteiruka?' and the second best predicate "aiteiruka" [Is...free?]
were parsed newly since the likelihood of this predicate was larger
than that of the second best partial sentence 'Kamitgbuyomitori...
tsunagatteiruka?'. Notice that each digit was connected with the
following word "ban" [number], and then they were verified at the same

time in the seventh round (process of the subscript 5).
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In the midst of parsing, 'Keisanki gengo-wa aiteiruka?' (Is the
language-processing computer free?), 'Keisanki gengo-wa itsu aiteiruka?'
(When is the language-processing computer free?'),etc. were generated.
The Parsing Director, however, rejected these complete sentences,
because there still remained much of an unidentified spoken input.
Parsing ended when two complete sentences with reliable likelihood
were generated: 'Keisanki gengo-no zikidoramu sochi-wa aiteiruka?’

(Is the magnetic drum device of the language-processing computer free?)
and 'Keisanki gengo-no zikidoramu sochi-wa dorega aiteiruka?' (Which
device is free among the magnetic drum devices of the language-
processing computer?). Finally, the latter complete sentence had
higher likelihood, and was determined as the input sentence.

Fig. VII-4 diagrams the parsing tree of this example. Pl and R2
are related with the predicate (aiteiruka). It is observed that the
description of this grammar is different from that of a transformation
grammay of Japanese because the system requires an 'efficient' spoken

grammar (see section IV-2) and the grammar includes semantic knowledge.

Keisanki gengo no zikidoramu sochi wa dorega aiteiruka?

JwW W3 VA

KS KIGl JN4 MlDlr3 SC a ;
D6 RO<<--- -

WK,y 1,3 | |

u7 '

1 |

D8 s !

|3 | '

) T8 !

| ! !

02 01 '
L I 1 |
Pl m —— —— — — — - — —— — - —— — — ~

Fig. VII-4 Parsing tree of the input sentence.
An elongated vowel is represented as a vowel.
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VII-5 Experimental Results

The current implementation of the LITHAN system was tested on a
total of 200 sentences containing 1983 words, spoken at a normal speed
by the same 10 male adults used for the system design. A sentence
consisted of 4 to 22 words, with an average of 10 words. The ten
sentences described in section VII-3-3 were uttered commonly for all
speakers. There were fifty other sentences, each uttered by two
speakers.

Recognition results are shown in Table VII-4. The parameters on
parsing are 0=2, B=5, y=10, m=2, n=5, and I=1. The LITHAN system
correctly recognized 131 out of 200 utterances or exactly 65.5%. It
also recognized 34 utterances which differed from the actual
utterance by one word. Out of these misrecognized 34 words, 16 were
digits and 3 were the confusion between "ni" and "e" (postpositions).
Also six utterances were rejected. Because none of the correct
predicates in these could be identified withinh the best five predicates.
When pragmatic information (the subscript 1) was not used, 60% of the
utterances were recognized correctly.

The correct rate of sentence recognition was greatly influenced

Table VII-4 Recognition results of 200 utterances in 'Computer Network'

speaker NG |FZ |TN |UK |OK |Y¥S |NK | MG | MT |AR [total
correct 16 7 9114 |15 (14 8 118 |18 |12 | 131

(not unique) (1) ()] (2)] (D) (1) (6)

1 word 3 3 7 6 3 4 3 1 0] 5 34

error| 2 words 0 2 2 0 1 0 3 1 1 1 11
3 or more words 1 5 1 0 2 2 5 0] 1 1 18
rejected 0 3 1 0] 0] 0 1 0 0 1 6

best 14 7 |14 {12 (14 |12 |11 (15 |15 |11 | 125

predicate 2nd best 3 5 4 6 5 4 5 4 5 7 48
within best five| 19 {14 |18 {20 |20 {20 |20 {20 |20 |19 | 190

after parsing 19 {14 (18 (20 {19 |18 {15 {20 |20 |18 |183
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by both speakers and the speed of utterance. For example, 18 out of
20 utterances were recognized correctly for the speaker MG (utterance
speed of 9 phonemes/sec.), but only 7 out of 20 for another speaker FZ
(13 phonemes/sec.).

On the other hand, about 93% of the words in the output sentences
were recognized correctly. For predicates, the identification results
are given in Table VII-4. Such identification is very difficult,
because the pronunciation at the end of a sentence is prone to be fast
and obscure. Nevertheless, the recognition rate reached about 92%
after parsing. In other words, the LITHAN system was able to
correctly extract the sentence structures of 183 utterances and 6 other
utterances which differed from each other only a predicate.

The current recognition rate for digits was about 80% - much worse
than that of spoken digits in isolation (see section III-7). This
result suggests that digit recognition in continuous speech is very
difficult.

The number of predicted words at one time was 20 for special cases.
(of course 21 words for predicates). However, such number was
usually reduced to less than 7 as various linguistic information was
used.

Except two, all of the 352 key words in test utterances were
correctly detected. 1In these utterances, the number of detected

places was almost as twice as those where key words actually appeared.
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CHAPTER VIII

CONCLUSION

VIII-1 Summary of the LITHAN System

The primary focus of the present work has been on developing the
first speech understanding system for Japanese sentences. The
secondary focus has been on improving the systems developed by other
researchers and the third on investigating the contribution of linguistic
information to automatic speech.recognition.

The LITHAN speech understanding system described in this thesis
uses many types of a priori knowledge: the word dictionary, spoken
grammar with additional information, and semantic and pragmatic
information. This is the first system that recognizes continuously
spoken utterances in simple Japanese sentences.

The decomposition of LITHAN is shown in Table VIII-1l. This system
consists of the Acoustic Processor, Phoneme Recognizer, Word Identifier,
Word Predictor, Parsing Director, and Responder (under development).

It is also decomposed of the acoustic, parametric, phonemic, lexical
and sentence levels. Principal results obtained and techniques developed

inthis research are summarized as follows:

Acoustice, Phonemic Level
(1) In order to normalize speaker differences, we proposed new learning
methods for spectra with or without teacher, and we verified the
effectiveness.
(2) By using learned vowel spectra, we proposed a new method which
estimates the spectra of voiced consonants and the optimum similarity
matrix for a new speaker.

(3) The output of the Phoneme Recognizer is a sequence of segments, each

consisting of four-tuples: the first and second candidates of phonemes,
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Table VIII-1

Decomposition of the LITHAN system

level acoustic parametric | phonemic lexical sentence
. £ h feature parameter, | phoneme word-
inpu speec parameter segment string string
tput feature segment honeme word sentence
outp parameter am p
3 specfral empirical | Bayes' optimum tree
procedure analysis rule rule matching search
processing s ft-richt | left-right lgft-right left-right
order left-right | left-rig g right-left { right-left
dynamic .
. . . feed-back, . pruning,
. in
strategy filter bani heuristic learning programming ‘top-down
,bottom-up
honological] of phonene,| bimilarity,| SYCEs
knowledge phionologlcal ol phoneme, Y semantics,
rule rewriting woxd racmatics
rule dictionary prag .

the reliability of the first candidate, and the duration time of the

segment.

(4)

extended this method to continuous speech recognition.

Lexical Level

removing the influence of coarticulation is also included.

Such descriptions of an input utterance were very powerful.

We proposed a new method for recognizing spoken words and we

A technique for

This method

is expected to be applicable pattern recognition of any time-dependent

string.

(5)

useful for reducing matching time.

(6)

Sentence Level

We adopted an automatic description for the word dictionary which

The predicate was a most active part in the parsing procedure.

Thanks to this fact, we could easily construct spoken grammar and parse

an input utterance effectively.

(7)

effectively and reliably.
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(8) We tried to describe our spoken Japanese grammar by an augmented
context-free grammar.

(9) We proposed a new tree searching method suitable for continuous

speech recognition, combining the advantage of the best-first search

with that of the breadth-first search.

System Organization
(1L0) We based knowledge flow on the data base (or blackboard) model,
and processing flow on the hierarchical model. Thus, we could easily
evaluate the contribution of each component to speech recognition.
(11) The LITHAN system can be applied to a new task simply by
preparing a new grammar and word dictionary. Such can be done with a

minimal effort.

VIII-2 Summary of Experimental Results

The necessity of the use of syntax, semantics and pragmatics has
been pointed out‘to overcome the poor performance of phoneme recognition
in continuous speech recognition systems. Many researchers have
verified the effectiveness of linguistic information by computer
simulation (Takeya and Kawaguchi[92], Niimi and Asami(63], Fukunaga
et al.[23]). Their results are not always exact since it is very
difficult to simulate phoneme strings generated by a phoneme recognizer.
In this thesis, I investigated the contribution of each knowledge to
speech recognition by using various tasks: 'Digit', 'Arithmetic
Expression', 'Calendar' and 'Computer Network'. These tasks are all
different in the degree of consulting with linguistic information.

Similarity matrix and reference patterns were calculated from
many speech materials spoken by ten male adults. But reference patterns
for 'Arithmetic Expression' were obtained from the same material as
the test sentences. Four out of 12 speakers in the 'Calendar'

experiment were not subjects for the system design. Therefore
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attention must be payed in comparing the rate of phoneme recognition.
The rank of success, from highest to lowest, was 'Arithmetic Expression',
'Digit'(in isolation), 'Computer Network' and 'Calendar'. The
performance of a system does not depend on only the rate of phoneme
recognition but also the content of task language (complexity of task,
confusability among words, and so on). The complexity of task language
is approximately expressed by the branching factor, which is the

average number of words that can follow any‘other word in the syntax.

The factors of 'Digit', 'Arithmetic Expression', 'Calendar', and

'Computer Network' are 10, 10, 8, and 5, respectively.

Experimental results are summarized in Table VIII~2. The
'acoustic' row gives the recognition results of the LITHAN system with
an acoustic-phonemic source of knowledge, that is, the syntactic and

pragmatic modules can be deactivated so as to permit it to run like a

Table VIII-2 Performance results of the LITHAN system

\\\\ task Digit 2;;;22:§i§ Calendar ;Z:ﬁg:;r
vocabulary size 10 24 30 101
number of speakers 20 "5 12 10
number of test sentences 80 120 200
words in test sentences 1500 560 647 1983
acoustics sentence 20% 8%
word 97% 78% 54%
acoustics, sentence 71% 40% 58%
syntax word 94% 83% 91%
acoustics, sentence — 70% 64%
syntax,pragmatics word - 90% 93%
branching factor 10.0 10.0 8.0 : 5.0
vowel, syllabic nasal 76% 86% 70% 74%
semi-vowel 12% 30% 15% 10%
voiced consonant 10% 34% 22% 28%
unvoiced consonant 65% 8l% 64% 44%
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connected speech recognition system. However such an experiment was not
done for the task 'Computer Network' because I guessed that no
utterances could recognize without linguistic information. From these
results, we can conclude the following:

1. The apparent contribution of lingquistic information to the
recognition rate is observed. '

2. The degree of this contribution depends on the content of a task.
3. It has been quantitatively shown that it is more difficult to
automatically recognize continuous speech than uttered speech in
isolation. '

4. If a task is well-organized, man will be able to communicate with a

machine by speaking continuously in natural language.

VIII-3 Areas for Further Work

I have listed above the characteristics of the LITHAN system and
the experimental results obtained in our study. I hope that this work
will give a hopeful future to speech understanding. However, at the
same time I admit that there are many improvements which can be made
even within the framework of the current system. Such improvements

are:

Acoustic, Phonemic Level
1. Introduction of'prosodic features (stress, duration and pitch
pattern). This would serve in the easy detection of word or phrase
boundaries, and also increase the reliability of word matching.
2. Development of a more powerful method of phoneme recognition,

independent of speaker differences or contexts.

Lexical Level
3. Establishment of phonological rules. This would allow for a
variety of the rate of speech or pronunciation.

4. Consideration of the weight on each phoneme in the word matching
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evaluation. Vowels can be recognized with higher reliability than
consonants and have very important roles on the constitution of words.

Therefore, we should make great account of vowels.

Sentence Level
5. Introduction of a model of man's information processing, such as
left-to-right, right-to-left, bottom-up and top-down parsing, or a

model consisting of short and long term memories. Such would result in

speech understanding in the presence of speech-like noise or non-
linguistic speech such as breathing, mumble, cough, and hesitation.

6. Development of a parsing method for complevaapanese sentences and
automatic descriptions for additional information of spoken grammar by

using syntactic and semantic knowledge.

System Organization
7. A close interaction between lower and higher levels. Such
interaction would produce an effective ability to recover errors and
remove contextual effects.
8. Capability of the definition of a new word or knowledge by man-

machine communication. Such capability makes a more flexible system.

Unfortunately, the Responder (under development) of LITHAN was not
described in this thesis. If we want to communicate with a machine
through speech, the system must understand natural language. This
problem is one of main themes on artificial intelligence, and has been
studied by many researchers. Although the parsing method of speech
input differs from that of text input, I think, both the researchers
must cooperate with each other for developing a successful speech-
language understanding system. I hope in conclusion that our research

will be helpful to developing such a system.
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APPENDIX A

ON-LINE, REAL-TIME SPOKEN WORDS RECOGNITION
BY MINI-COMPUTER

The LITHAN system has as a subpart a spoken words recognition
system for limited words (see section III-6). We have implemented
this subsystem, called LISTEN (LImited Spoken Texts ENcoder), on a
mini-computer, providing the great feature of real time operation.
Because of this new subsystem, it became fairly easy to carry out
various experiments on many speech data.

In this Appendix, I describe in detail the effect of preliminary
learning of speaker differences on the recognition of spoken words.
The experimental results mentioned below are obtained from abundant
speech data. Thus, I believe that they are reliable, and that they

give suggestions for future speech recognition research.

A-1 Outlines of the System

Fig. A-1 indicates a block diagram of LISTEN, showing the two
stages for preliminary learning of speaker differences and for spoken
words recognition in real time. The latter stage consists of both a
phoneme classification and word recognition component. The Acoustic
Processor is the same as described in section II-2-2, and the matching

method is the same as in Chapter III.

First, a new user of the system is required to clearly utter the
five vowels (/a/, /i/, /u/, /e/., /o/) and the syllabic nasal (/N/) for

preliminary learning of his voice. Since the spectral variation of
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Fig. A-1 Configuration of the LISTEN spoken words recognition system.

(a) preliminary learning of speaker differences.
(b) spoken words recognition.

the syllabic nasal is very large among inter-speakers, it is learned as
well as the vowels. Note that it is uttered as /ulN/, because we cannot
utter the syllabic nasal in isolation. The learning method is the same
as described in section II-8~2. The learned spectrum of the syllabic
nasal is used for estimating voiced consonant spectra.

Second, the new user can utter any digit after the learnihg.

The primary segmentation is done in the same way as described in
section II-5. In order to recognize speech in real time, the system
employs a simple algorithm in the part of phoneme classification.

In processing vowels, the system computes the distance between
each frame in the voiced parts and each of the six reference patterns:
the five vowels and syllabic nasal (the syllabic nasal is treated like
the five vowels in the following process). Cityblock distance is used
as a measure. The calculation of this distance does not have to be
multiplicative. Next, the two nearest neighbors are selected as
candidate phonemes and put into order by applying the corresponding
linear discriminant functions. The voiced consonant parts, detected
by a change in spectrum or power, are recognized by Euclidean distance.
These phoneme recognition procedures can all be achieved for each frame

within a sampling interval of 1Oms.
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By rewriting rules, a recognized phoneme sequence in the voiced
parts is smoothed and merged. Then, output of the phoneme
classification process is a sequence of segments, each consisting of
a 4-tuple: the first candidate among the phonemes, the second candidate,
the degree of confidence of the first candidate, and the segment
duration. Finally, the recognized phoneme sequence is passed to the

stage of word recognition.

This system was implemented on mini-computer (MELCOM-70, cycle
time=0.8Uus, core memory=24K words). The algorithms were programmed
with an assembly language. This program occupied about 4.5K words
(4500 steps), and the work area about 5.5K words. The matching time
required between a phoneme sequence and lexical entry in the word
dictionary was about 8ms. This system can illustrate a recognition

result on a graphic display within 100ms for a small vocabulary.

A-2 Experimental Results

Using this method, we conducted experiments to recognize isolated
spoken digits. Test materials consisted of 2000 digits, each of ten
digits was spoken five times by each of 40 male speakers. Ten of these
speakers provided the training samples for the system design, although
the designing materials were not digits. The ages of the speakers
ranged from 21 to 26. It should be noticed that all the experimental

results mentioned below are based on the 'forced decision'.

Three kinds of experiments carried out were:
Experiment a ..... BAll spoken digits were recognized by common
reference patterns, that is, without learning speaker differences.
Experiment b ..... All were recognized by personal reference patterns
obtained by preliminary learning using the previously uttered vowels
and syllabic nasal in isolation.

Experiment € +.... All were recognized by personal reference patterns
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Table A-1 Confusion matrices for 2000 digits of 40 male speakers.

(a) without learning: by common

reference patterns for 10
male speakers.

(b) preliminary learning by

isolated vowel spectrum,
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1 {199 1199

2 1197 2 2 195 ] 4
3 2 175 1 22 3 2 194 1 1 2

4 167 25 q 2 4 175 21 1 2 1
5 1199 5 200

6 196 6 196

7 10} 1189 7 2 198

8 1 6 192 8 1 198

9 1 199 9 1 199

0 200 0 00
(c) preliminary learning by

some spoken digits.
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1199

2 199 1

3 3 193 2 2

4 188 10 2

5 2198

6 196

7 4 196

8 1 5 193

9 200

0 20O




which were obtained by preliminary learning using some digits. The

spectrum of /a/ was learned by /ai/ or /az/ in "nainap", /i/: "ni",
/e/: “rei", /o/: "go", /N/: "yon", respectively. The spectrum of /u/,

however, was learned by an isolated vowel /u/.

Table A-1l sums up the experimental results. The recognition rates
for Experiments a, b and ¢ were about 95;8%, 98.0% and 98.4%,
respectively. The relationship between the number of speakers and
recognition rate is summarized in Table A-2. Preliminary learning had
the special effect of normalizing the spectfum of a speaker whose voice

strikingly contrasted with the reference voice.

Table A-2 Relation between
the number of speakers
and the correct rate of
digit's recognition.

a: without learning.

b: preliminary learning by
isolated vowel spectrum.

Cc: preliminary learning by
some spoken digits.

a b c
100% 15 19 22
98 9 11 9
96 1 5 4
94 4 2 3
92 3 1 6]
90 3 1 2
less 90 5 1 0
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APPENDIX B

WORD DICTIONARY AND SPOKEN GRAMMAR
OF 'COMPUTER NETWORK'

B-1 Word Dictionary

The following two pages show the word dictionary of the task

'Computer Network'. The symbol '&' denotes both the symbols '+' and

'~' in section III-4-2, the symbol ':' denotes '! The phoneme symbol

"
'X' denotes /N/, and 'V' denotes /9/. The column of the word length

indicates the number of phonemes in the word.

B-2 Spoken Grammar
The spoken grammar is shown in the following page of the word

dictionary. The production of a word class is denoted by the special

symbol ':::' and it is xzewritten by the Backus-Normal Form.
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APPENDIX C

DETAILED EXAMPLES OF PARSING PROCEDURE

This appendix contains five detailed examples of parsing

procedure. The input sentences and parsing parameters are given below.

No.

No.

No.

No.

NO.

0 #F K A
Il

1:

zyu ichi tasu ni kakeru san (z 1 + 2 X 3; 11+2X3).

o=2, B=5, Y=10, m=2 (refer to section VI-2-2).

zyu ni gatsu san zyu ichi nichi suiygbi (10 02 GT 03 10 01 NC
SU; Wednesday, December 31).
o=5, B=5, y=5, m=2 (refer to section VI-3-3).

Keisanki cyag;de zyobu-wa ikutsu hashitteiruka?(KS KC JD ZB
W2 VC; How many jobs are being executed in the general purpose
computer?) .

o=2, B=5, y=10, m=2, n=5, Il=1.

Keisanki gengo-no zikidoramu sochi-wa dorega aiteiruka? (KS
KG JN MD SC JW W3 VA; Which device is free among the magnetic
drums of the language-processing computer?).

0=2, B=5, Y=10, m=2, n=5, l=1 (refer to section VII-4).

Keisanki cfﬁg;no zikidisuku sochi san-ban kara keisanki gazs;e
deta yon-o rgaoseyo (KS KC JN MK SC 03 BN JK XS KZ JH DT 04 JQ
VG; Load the 4th datum from the 3rd magnetic disk device of

the central computer to the image-processing computer).

o=2, B=5, y=12, m=2, n=5, l=2 (refer to section III-5-2).

The head character of a partial sentence denotes its status.

a partial sentence not to be parsed.

a partial sentence to be parsed.

a complete sentence and a partial sentence to be parsed.

a complete sentence.

final result.
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