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Abstract

In this paper, we propose a scalable high-quality
speech reconstruction method for distributed speech
recognition (DSR). It is difficult to reconstruct speech
of high quality with MFCCs at the DSR server.
Depending on the bit-rate available by the DSR
system, we can send additional information associated
with speech coding to the DSR server, where the
bit-rate is variable from 4.8 kbit/s to 11.4 kbit/s. The
experimental results show that the speech quality
reproduced by the proposed method when the bit-rate
is 11.4 kbhit/s is comparable with that of ITU-T G.729
under both ideal channel and frame error channel
conditions while the performance of DSR is maintained
to that of wireline speech recogmtion.
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