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We have proposed a new end-to-end framework of speech recognition that
directly converts speech signal to a word sequence. It is demonstrated to achieve higher accuracy
with a drastically faster speed compared with the conventional systems. We have also developed a
captioning system based on the server-based speech recognition system, and also a speech recognition

package for PC which is integrated with the captioning software IPtalk widely used in Japan. The
software is freely open to the public.
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