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Towards the Ultimate Synthesis/Recognition System

Sadaoki Furui

NTT Human Interface Laboratories
3-9-11 Midori-cho, Musashino-shi, Tokyo, 180 Japan

1. General Requirement: Speech synthesis and recognition systems are expected to play important roles in
advanced user-friendly human-machine interfaces in 2001. Services using these systems will include database
access and management, various order-made services, dictation and editing, electronic secretarial assistance,
robots, automatic translation telephony, and aids for the handicapped (e.g. reading aids for the blind and
speaking aids for the vocally handicapped). Ultimate speech synthesis/recognition systems should match or
exceed human capability (that is. they should be faster, more accurate, more intelligent, more knowledgeable,
less expensive, and easier 1o use.)

However, it is neither necessary nor useful to try to use speech for every kind of input and output. Although
speech is the fastest and easiest input and output means for simple information to/from computers, it is inferior
to other means in transmitting complex information. It is important to have an optimal division of roles and
cooperation in a multimedia environment including images, characters, tactile signals, handwriting, etc.

The future interface should be able to automatically acquire new knowledge about the thinking process of
individual users, to automatically correct user errors, and to predict the intention, of users by accepting rough
instructions and inferring details. A hierarchical interface that first uses figures and images (including icons)
for expressing global information, and then uses linguistic expression for details will be a good interface that
matches the human thinking process.

2. Future Speech Synthesizer: Future speech synthesizers should satisfy the following requirements:
a) Highly intelligible (even under noisy and reverberant conditions, and transmitted over telephone networks),
b) Natural, ¢) Prosody control based on meanings, d) Capable of controlling synthesized voice quality and
choosing individual speaking style (voice conversion from one person’s voice to another, etc.}, e) Multi-lingual,
multi-dialect, f) Choice of application-oriented speaking styles, including rhythm and intonation (e.g. an-
nouncements, database access, newspaper reading, spoken e-mail, conversation), g) Able to add emotion, and
h) Synthesis from concepts.

3. Future Speéech Recognizer: Future speech recognition technology should satisfy the following require-
ments: a) Fewer restrictions on tasks, vocabularies, speakers, speaking styles, environmental noises, micro-
phones, and telephones, b) Robustness against speech variations, ¢) Capability of adaptation and normalization
to variations due to environmental conditions and speakers, d) Automatic knowledge acquisition for phonemes,
syllables, words, syntax, semantics, and concepts. €) The ability to process discourse (conversational speech)
(for example, to analyze context and accept ungrammatical sentences), f) Naturalness and ease of use in the
human/machine interaction, and g) Recognition of emotion.

4, Use of Articulatory and Perceptual Constraints: Although it is not always necessary or efficient for
speech synthesis/recognition systems to directly imitate the human speech production and perception mecha-
nisms, it will become more important in the near future to build mathematical models based on these mechanisms
in order to improve performance.

For example, when sequences of phonemes and syllables are produced by human articulatory organs, such
as tongue, jaw, and lips, these organs move in parallel, asynchronously, and yet systematically. Present speech
analysis methods, however, convert speech signals into a single sequence of instantaneous spectra. It seems to
be important to decompose speech signals into multiple sources based on the concealed production mechanisms.
This approach seems to be essential for solving the coarticulation problem, one of the most important problems
in speech processing.

Psychological and physiological research into human speech perception mechanisms reports that the dynamic
features of the speech spectrum and the speech wave play crucially important roles in phoneme perception.
However, almost all speech analysis methods developed thus far assume the stationarity of the signals. Discovery
of a good method for representing dynamics of speech is expected to produce a substantial impact on the course
of speech research.
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Importance of Prompts

+ Prompting users with synthesized commands or questions is crucial for smooth

of speech recognizers and synthesizers.

and successful conversation between computerized systems and users by means

+ The percentage of isolated word ‘responses elicited from users depends strongly

on the prompts made by the machine.

» The intonation of prompted speech as well as the content can strongly influence

USEr responses.

Table 1 - Projections for Speech Recognition.

Year:

1990

1995

2000

2000 +

Recognition

[solated / Connected
words

Continuous speech

Continuous Speech

Continuous speech

Whole word models,

Sub-word recognition

Sub-word recognition

Spontaneous speech

capability: Word spotting, elements, Stochastic elements, Language grammar, syntax,
Finite-state grammars, language models models representative of | semantics; Adaplation,
Constrained tasks natural language, Task- Leaming
specific semantics
Vocabulary | 10-30 100 - 1,000 5,000 - 20,000 Unrestricted
size:
Processor 2-4DSP's 4 - 10 DSP's 5 - 50 DSP's 20 - 60 DSP's
requirements: | (25 Mips/Chip) (50 Mips/Chip) (200 Mips/Chip) (1,000 Mips/Chip)

Applications:

Voice dialing, Credit-
card entry, Catalog
ordering, Inventory
inquiry, Transaction
inquiry

Transaction processing,
Robot control, Resource
management

Dictation machines,
Computer-based
secretarial assistants,
Database access

Spontaneous speech
interaction, Translating
telephony
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Spontaneous Speech Recognition Problems

« Variations (extraneous words, out-of-vocabulary words, ungrammatical sentences,
botched utterances, restarts, repetitions, and style shifts) —Robust and flexible parsing

algorithms

- Instability in the detection of end-points and the necessity for the system to respond to
the utterance as quickly as possible —»Methods for detecting the time at which sufficient

information has been acquired

- Contextual information —»Prediction and focussing

Speech and Natural Language Processing

« New models that tightly integrate speech and language processing technology, especially for
spontaneous speech recognition are important.

. New models should be based on new linguistic knowledge and technology specific to
speaking styles.

- Proper adjustment of the methods of combining syntactic and semantic knowledge with

acoustic knowledge according to the situation will be needed.

How to extract, represent, and use concepts in speech are important issues in linguistic
processing for spontaneous speech.

- Adaptation of linguistic models according to tasks and topics is also very important.



