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3-9-11, Midori-cho, Musashino-shi, Tokyo, 180 Japan

Speech research is fundamentally and intrinsically supported by a wide range of sciences. The
intensification of speech research continues to underscore an even greater interrelationship between
scientific and technological interests [1). Although it is not always necessary or efficient for speech
recognition systems to directly imitate human speech production and perception mechanisms, it will
become more important in the near future to build mathematical models based on these mechanisms to
improve performance [2,3].

For example, when sequences of phonemes and syllables are produced by human articulatory organs, such
as the tongue, jaw, and lips, these organs move in parallel and asynchronously, but still systematically.
Present speech analysis methods, however, convert speech signals into a single sequence of instantaneous
spectra. It will become important to decompose speech signals or spectra into multiple/parallel/overlapping
sources based on concealed production mechanisms [4]. This approach seems to be essential for solving
the coarticulation problem, one of the most important problems in speech recognition.

Psychological and physiological research into human speech perception mechanisms shows that the human
hearing organs are highly sensitive to changes in sounds, that is, to transitional (dynamic) sounds, and that
the transitional features of the speech spectrum and the speech wave play crucially important roles in
phoneme perception [5]. It can even be said that only changes bear information. The length of the time
windows in which transitions of sounds are perceived have a hierarchical structure ranging from the order
of several milliseconds to several seconds. The hierarchical layers correspond to various speech features,
such as phonemes, syllables, and prosodic features.

The representation of the dynamic characteristics of speech waves and spectra has been studied, and several
useful methods have been proposed. These methods include transitional cepstra [6], dynamics-emphasized
cepstra [7], hierarchical transitional cepstra [8], RASTA [9], cepstral blind deconvolution [10], and neural
prediction models [11]. The discovery of good methods for representing dynamics of speech associated
with various time lengths will have a substantial impact on the course of speech recognition research. This
research is closely related to the analysis method based on the speech production mechanism described
above.

Studies on the auditory compensation mechanism, in which coarticulated acoustic patterns are inversely
transformed into the ideal sequence of categorical phonemic information based on modeling of the
coarticulation mechanisms, have been performed using various approaches. A mathematical model of the
auditory system, which predicts the spectral target value based on the spectral transitional information
extracted over a period of around 50 ms was proposed, and experimental results indicated that the target
was reliably predicted and categorically changed at the maximum spectral transition position [12].

Robustness is one of the most important issues in speech recognition [13,14]. The human hearing system is
far more robust than machine systems - more robust not only against the direct influence of additive noise
but also against speech variations (that is, the indirect influence of noise), even if the noise is very
inconsistent. Speech recognizers should therefore become more robust when the front end is based on
models of human hearing. This can be done by imitating the physiological organs [15] or by reproducing
psychoacoustic characteristics [16]. It was confirmed that transitional representations of spectra are robust
against additive noise and speech variations due to microphone changes.

Recognition performance under noisy conditions is often impaired by variations in the amount of speech
quality degradation rather than by the degradation itself. Problems are created, for example, by the
variation in noise level associated with variations in the distance between the speaker and the microphone.
To cope with these variations, it is essential to develop methods for automatically adapting to and
normalizing these effects. The human hearing system is highly adaptable to various variations. A spectral
mapping method based on hierarchical spectral Clustering, which was originally proposed for speaker
adaptation, has recently been applied to the spectral normalization of speech distortion by various additive
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noises, and its usefulness has been confirmed [17].

Basic speech units for speech recognition should be studied from the following perspectives: (1) Linguistic
units (e.g., phonemes and syllables), (2) Articulatory units (e.g., positions and motion targets for the jaw
and tongue), (3) Perceptual units (e.g., targets and loci of spectral movement, and distinctive features), (4)
Visual units (features used in spectrogram reading), and (5) Physical units (e.g., centroids in vector/segment
quantization). It will be important to establish new units based on combinations of these viewpoints [18].
When recognizing spontaneous speech in dialogs, it is necessary to deal with variations that are not
encountered when recognizing speech that is read from text. These variations include extrancous words,
out-of-vocabulary words, ungrammatical sentences, botched utterances, restarts, repetitions, and style
shifts. It is crucially important to develop robust and flexible parsing algorithms that simulate the
characteristics of human beings.
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