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Abstract

With the rapid growth of mformation networks. the
wced to access information by dialling is fast increas-
ng. The paper outlines such a scheme, based on Speech
Recognition which handles spoken queries and Speech
Synthesis which generates spoken replies. The core 1s-
sue of speech recognition s identification of the under-
lying linguistic messages and the main problems are fil-
tering out of all sorts of statistical variations and taking
care of the differences in phonetic cont
Time Warping and Hidden Markot Modelling are some
technigues commonly used For ielephone query, (sin-
gle) word recograzers, or (mult1) word-spotters with
somewhat less accuracy, can be used. The main 155ues
of Speech Synthesis are establishing pronunciation for

erts. Dynamic

the given text, generating speech which 1s highly contert
sensitive and making syntheiic speech natural sounding.
Several reasonably intelligible synthesizers for Indien
languages are already in eristence

1  Introduction

We are now watching an explosion in Information
Newworks. To ‘hook inte’” such networks, a computer
is nesded Access to telephones is much wider than
access to computers and will continue to remaln S0 in
near future. Facility for ‘hooking into’ such networks
by voice wili thus make the information accessible 1o
many more.

That such a scheme is feasible was previously pro-
posed by the authors [1]. This paper describes the re-
lated methodologies in some details 1n the Indian con-
text. The query of the user has to be handled by 2
‘Speech Recognizer’ which ‘understands’ it ie dec-
phers the {textual) message from the input speech sig-
nal. This message is then to be presehned as a query
and when the answer (agam, in terms of text) is avail-

able. it is passed on to a ‘Speech Synthesizer’ which

‘reads” it out i.e. converts the text into corresponding
speech signal.

Both Speech Recognition and Speech Synthesis are
open research issues as yet and there are limitations
in the systems implemented 1n India or abroad. This
paper outlines some associated research problems, the
state-of-the-art in India and indicates how, despite him-
itations, the proposal can be implemented to good ef-
fect. Some future directions are also indicated.

2 System Overview

In the proposed system. the user conmects o the
information bass by dialling into the computer which
prompts him to speak 2 keyword from among the given
choices. When the user answers, the speech 1s conveyed
to the computer in digitized form. The Speech Recog-
nizer then processes it and passes the textual query
it interprets o the query handler which may then ac-
cess the information asked for from the attached in-
formation base and/or may prompt the user to spec-
ify his requirements 1n more detail {i.e. going another
level down). The accessed answer /prompt is passed on
o a Text-to-Speech synthesis system which generaftes
the corresponding speech in digitized form. The tele-
phone line is connected to the computer through appro-
priate interfaces. Besides this, Analog-to-digital and
Digital-to-analog converters and appropriate cut-oft fil-
ters are the only additional hardware needed. Inex-
pensive speech boards, housing the telephone interface.
Analog-to-Digital (A/D) and Digital-to-Analog (D/A)
converters and filters are commercially available: {See
Figure 1}

Some possible information which may be thus ac-
cessed are Railway or Aurway Reservation status:
Weather information or information about Stock Mar-
ket movements The only restriction the state-of-the-
art imposes 1s that it should be possible to construct
the query with a few simple keywords.
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Figure 1. Information access by Voice

Clearly, even if such systems are readily available
in 1nternational market, it will not exactly suit to our
needs. For effectiveness, we need information systems
bandling queries in Indian languages. Even when the
query is in English, the accents of the speakers will be
Indian and the accent of the synthetic reply should also
be Indian. In other words, the Speech recognizer and
synthesizer must be for Indian languages and Indian
English.

3 Speech Recognition
3.1  Recognition issues

The mair issue in Speech Recognition is extraction
of the textual information from the signal after fil-
tering out all kinds of variations (e.g. inter speaker
variations, speaking rate variations). Another impor-
tant 1ssue is taking care of the high acoustic-phonetic
context-dependency of speech signal. This is especially
important when continuous speech recognition is at-
tempted. An additional issue is recognition of noisy
speech and telephone speech is noisy in rnore than one
count (e.g. band limitation and line noise).

Normally, speech is represented by a set of fea-
tures extracted from its short-time spectra . The fea-
tures chosen for recognition {e.g. Cepstral co-efficients
and their differences) are such that their variations

correspond to the variations of linguistic information.

Speaking rate normalization can be accomplished by
techniques like Dynamic Time Warping (DTW ) where
the features of stored templates and the test utterance
are aligned by dynamic programming method with best
match criteria [2]. Some appropriate distance measure

(e.g. Itakura Distance) [3] is then applied and the token
at the minimum distance from the stored template is
chosen as the one recognized. Alternatively, in Hidden
Markov Modelling (HMM), each token is represented
by a state-transition model (Markov chain). The model
parameters are estimated from training data. While
recognizing, the probability of the model generating the
utterance is calculated. The model having the mazi-
mum probability of generating the test data is chosen
as the unit recognized [4].

The token (or unit) of recognition is 2 whole word
in an isolated word recognition system. For contin-
uous speech recognition, it can be either & phoneme
or an acoustically coherent sub-word unit determined
by special techniques like Vector Quantization. Recog-
nized sub-word tokens are to be combined into words
by suitable lexical analysis.

It is well known that in order to attain high recogni-
tion efficiency, linguistic constraints { arising from re-
strictions imposed by grammar, meaning and contexts)
are to be utilized over and above the acoustic consider-
ations mentioned above. A suitable Natural Language
Processor therefore processes the output of the acous-
tic recognizer (specified usually as multiple choices with
probability values) and constructs the most plausible
linguistic hypothesis as the final output.

3.2 Present Recognition Scerario

Internationally, a number of large vocabulary iso-
lated word speech recognizers are now available. How-
ever, high degree of reliability has not been achieved so
far 1n continuous speech recognition. Techniques em-
ployed are usually HMM or DTW.

In Indiz, 2 number of medium vocabulary recog-
nizers, based on HMM or DTW technique, have been
developed. In the Tata Ipstitute of Fundamental Re-
search (TIFR), a few medium vocabulary (50-200), iso-
lated word recognizers have been developed and at least
one of those was utilized for similar query-related tasks.
The recognizer is based on HMM technique. Specifi-
cally, a strict left-to-right model is employed and con-
tinuous Gaussian mixture density is used. The state
transitions are restricied to only forward transitions
up to two immediately following states. The system
1s pre-trained by Indian speakers and therefore can ac-
cept spoken words from users with Indian accent with-
out any additional training. The recognition accuracy
1s acceptable (above 90%) [5]. The capacity of the sys-
tem is currently being enhanced: the vocabulary is be-
ing increased to about 200 and the system is being
traitied by a larger number and wider variety of peo-
ple~{male, female, children). The initial results show
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:hat the recognition accuracy at 4-5 word choice is very
:lose to hundred percent.

This or similar systems can be apphed gainfully for
she proposed information access systems. However, re-
search on robust speech recognition has not yet ad-
vanced far. Therefore, to keep the error rate within
iimits, 1t is necessary to keep the vocabulary low. That
restricts the range of the system’s applications, but in
many situations a small vocabulary will still be good
enough. Often the choices can be numbered and ten
digit-words can thus cater for a wide range of queries.

To speed up information retrieval process. it i1¢ how-
ever preferable that more than a keyword may be input
in each query. Without going to the yet unreliable do-
main of continuous speech recognition, this can be done
by a method termed as ‘Word spotting’. Here, the spo
ken query can be continuous and can contain more than
one keyword (e.g. Isthere a First Class ticket from Cal-
cutta to Delhi?). The recognizer does not recognize the
whole sentence, but scans the length of the utterance
for the selected number of keywords. Accuracy offered
by this method falls between the accuracies of isolated
word and continuous speech recognizers. Research and
Development on this type of recognizer is going on in
India. The choice between word spotter and isolated
word recognizer should be carefully made, depending
upon their speed and relative accuracy. If accuracy is
less, queries are to be repeated more often and this
should be considered while estimating the overall rate
of information exchange.

4 Speech Synthesis
4.1 Synthesis Issues

Speech is highly context-sensitive. Same phoneme
{unit of utterance), in the context of different adjacent
phonemes, has different acoustic manifestations, with
the transition segments carrying vital information for
human perception. Generating continuous synthetic
speech by ‘Cut-and-paste’ of phonemes is thereby not
possible and this is & wnajor problem in speech synthe-
sis.

This problem is tackled either (i) by taking bigger
splices of speech (e.g. syllables) as units and joining
them at steady portions of speech, as is done in Con-
catenation Synthesizer or {il) by generating speech by
suitable production models and varying the model pa-
rameters by a set of context-dependent rules which cap-
ture the transitions and context variations, as is done
in Formant or Articulatory synthesizers. While the for-
mer type of synthesizer models the speech production

253

system in terms of the acoustic-phonetic parameters
like energy, pitch and resonance (‘Formant’) frequen-
cies associated with speech and uses heunstic rules to
drive the model, the latter one uses precise mathemat-
ical models of movement of articulators, i.e. tongue,
lips, jaws 1 order to generate speech. For more details
and comparative studies of diflferent types of synthesiz-
ers, Klatt’s review paper {6} may be referred to.
Another issue of speech synthesis is text-to-phoneme
conversion i.e. generating pronunciation, given the
text. In several languages {e.g. Englsh), texi and pro-
nunciation do not have a clear correspondence. Text
to phoneme conversion is then non-trivial. Applying
prosody (accent, in short) is another issue. Capabili-
ties to promounce correctly with proper accent is very
‘humane’ and is not easy to be imitated by a machine.

4.2 Present Synthesis Scenario

Presently, there are a number of continuous speech
synthesizers in India and abroad, applying either con-
catenation or formant synthesis techniques. Articula-
vory synthesis is currently at the centre-stage of speech
synthesis research and is likely to emerge in a big way
in near-future.

In a synthesizer developed at TIFR, Formant Syn-
thesis technigue has been applied. In order to generate
synthetic utterance, a standard Source-filter model of
vocal tract {7] is driven by a comprehensive set of rules
relevant to Indian languages. The phoneme repertoire
of the synthesizer includes all typically Indian speech
sounds e.g. aspirated and retroflexed consonants or
nasalized vowels. A few more has also been added
to cater for Indian English. The rules, derived af-
ter considerable experimentation and inferencing, cap-
ture variations of acoustic-phonetic parameters in zll
possible phonemic contexts. Taking advantage of a
very flexible organization of rules which leaves scope
for changes without much effort, quality is being con-
stantly improved upon. The synthesizer can generate
both male and female voices and can also vary voice
types and speaking rates [8].

Several other text-to-speech systems, based on con-
catenation techniques, have also been developed for In-
dian languages (e.g. Hindi, Bangla) {9] [10]. The out-
puts of all of them are quite intelligible. Moreover,
it is now possible to generate synthetic speech in In-
dian languages with acceptable speed on easily afford-
able machines like Pentium PC. ‘Real-time’ synthesis
is now possible which means that the machine can con-
tinuously read text from a file and ‘speak’ it out, just
as a man reads out a bock. Such synthesizers can be
conveniently applied for ‘reading out’ messages over




telephone.

However, the outputs of synthesizers in general and
the Indian language synthesizers in particular, are not
vet too natural-sounding. As prolonged exposure to
unnatural-sounding speech can cause discomfort, syn-
thetic speech, therefore, should better be applied to
deliver brief messages only. Fortunately, that is what
the outputs of most query systems are.

To adapt an Indian-language synthesizer to a spe-
cific Indian language, & front-end text analyzer for that
specific language is to be developed. Whereas such text
analyzers for several phonetic Indian languages (e.g.
Hindi, Urdu) have already been developed with a de-
gree of success, the work has just been initiated for
Indian English. The successful accomplishment of this
task is important. As the language of most of the infor-
mation bases is English, an Indian English synthesizer
will open up many new applications to the users. Read-
ing e-mails over cellular phone is one such use which is
rapidly gaining importance.

5 Conclusion

Although the scheme can be implemented with ac-
ceptable degree of success with the state of the art
Indian language speech recognizers and synthesizers,
considerable improvement is needed for future.

In order to cater for the need of increased vocabu-
lary, robust speech recognition is to be improved upon.
One prospective area is Auditory Modelling which tries
to model the non-linear pre-processings our -auditory
system performs in order to enhance speech and reduce
noise. Work has been initiated in this direction. Work
has also been initiated in continuous speech recognition
and acceptable systems should emerge in a few years.

In speech synthesis, quality and naturalness has to
be improved upon for better acceptability. More and
more efforts therefore must be directed towards under-
standing prosody and applying them for speech syn-
thesis. Articulatory synthesis is an area with immense
prospect which is not yet explored much in India. 1t is
planned to initiate research in this area in the context
of Indian languages in near future. )

It may also be added that speech research, in gen-
eral, is nearing saturation in acoustic domain and the
future will observe considerable research in related ar-
eas of Natural Language Processing viz. pre-processors
for speech synthesizers and post-processors for speech

" recognizers. Indigenous, language-specific research is
therefore gaining increasing importance in the area of
speech research.
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