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Recently, the main target domain of spoken language processing applications is
transitioning from read speech to spontaneous speech. For example, a speech
recognition system has been introduced into an automatic creation of meeting records
lin the National Diet and an automatic closed captioning for TV programs.
Additionally, a spoken dialogue-based question answering system has been|
incorporated into the most of cell phone. As a result, the demand for a familiar]
man-machine interaction based on spontaneous speech is increasing.

However, contrary to the spoken language processing against read speech, the
spoken language processing against spontaneous speech faces the various issues. In
consideration of such issues, in this study, we improved the performance of spoken
language processing against spontaneous speech by modeling the characteristic
phenomena in spontaneous speech. At first, we conducted a corpus study of read
speech and spontaneous speech. Based on this study, we addressed each sub issues in|
the spoken language processing against spontaneous speech. ’

The most frequent issue among the characteristic phenomena in spontaneous speech
is filled pause. The simplest approach to constructing a language model for speech
recognition that covers filled pause is to train it from large scale corpus (text
database) consisting of many faithful transcripts of filled pauses. However, the
available corpora are usually limited because they are quite expensive to prepare. In
this study, we proposed a new approach to constructing a language model that covers
filled pause using a corpus that does not include filled pause. In our method, a filler
prediction model for building a language model that includes fillers from a corpus
without fillers. A filler prediction model is trained from a corpus that does not cover
domain-relevant topics. It recovers fillers in inexact transcribed corpora in the target
domain, and then a language model that includes fillers is built from the corpora. Our|
proposed approach improved the recognition accuracy of speech recognition against
spontaneous speech.

Filled pause has an important role not only in speech recognition but also speech
dialogue system. Particularly, filled pause in a response speech of spoken dialogue|
system affects the listenability and the naturalness of “the response speech which
users feel. Considering this issue, in subjective experiments of a tourist-guiding task,
we compared user comprehension, naturalness, and listenability of the system’s
responses with and without filled pauses and silences. Experimental results showed
that the listenability, the naturalness, and the comprehension of the response speech
improve by inserting filled pauses into the adequate positions.

Furthermore, there are mismatches between speech processing units used by a
speech recognizer and sentences of corpora in a spontaneous speech recognition task.




A standard speech recognizer divides an input speech into speech processing units
based on its power information. On the other hand, training corpora of language
models are divided into sentences based on punctuations. There is inevitable
mismatch between speech processing units and sentences, and both of them are not
optimal for a spontaneous speech recognition task. We proposed two sub methods to
address this problem. At first, the words of the preceding units are utilized to predict
the words of the succeeding units, in order to address the mismatch between speech
processing units and optimal units. Secondly, we proposed a method to build a
language model including short pause from a corpus with no short pause to address
the mismatch between speech processing units and sentences. Their combination
achieved better performance than the conventional method in the meeting speech
recognition task. ‘

Finally, we addressed the problem of availability of spontaneous speech corpora.
Large-scale spontaneous speech corpora are crucial resource for various domains of]
spoken language processing. However, the available corpora are usually limited
because their construction cost is quite expensive especially in transcribing speech|
precisely. On the other hand, loosely transcribed corpora like shorthand notes,
meeting records and closed captions are more widely available than precisely]
transcribed ones, because their imperfectness reduces their construction cost.
Because these corpora contain both precisely transcribed regions and edited regions,
it is difficult to use them directly as speech corpora for learning acoustic models.
Under this background, we have been considering to build an efficient semi-automatic
framework to convert loose transcriptions to precise ones. In this study, we describe
an automatic detection method of precise regions from loosely transcribed corpora for|
the above framework. Our detection method consists of two steps: the first step is a
force alignment between loose transcriptions and their utterances to discover the
corresponding utterance for the certain loose transcription, and the second step is a
detector of precise regions with a support vector machine using several features
obtained from the first step. Our experimental result shows that our method achieves
a high accuracy of detecting precise regions, and shows that the precise regions
extracted by our method are effective as training labels of lightly supervised speaker
adaptation.




