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Abstract Although read speech and similar types of speech can be recognized with high accuracy, it is crucial to
build a statistical framework for recognizing spontaneous speech and automatically extracting the intensions of the
speakers for broadening the application of speech recognition. From this point of view, we have been investigating
methods for constructing acoustic and language models using the spontaneous speech corpus (CSJ) and adapting the
models to each speaker. We have also investigated the framework of extracting speakers’ intensions using speech
recognition results, instead of simply converting speech into text. Important sentences and words are automatically
extracted and concatenated to produce a summary which conveys intensions of the speaker based on a statistical method.
The proposed method has been applied to various speech including lectures and evaluated in comparison with manually
created summaries. Effectiveness of the method has been confirmed. For modeling acoustic variations of
spontaneous speech, the Bayesian network method has been investigated. In order to increase the robustness for noisy
speech, a new method using HMMs in log-spectral domain instead of cepstral domain has also been investigated. The
paper finally presents future research topics of speech recognition research, such as systematization and application of
knowledge resources including spontaneous speech corpora.

Keywords Spontaneous speech, corpus, speech recognition, speech summarization, model adaptation, Bayesian net,
systematization and application of knowledge resources
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