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Abstract

To develop the “Chinese Spoken
Language Processing Technology Compatible
to Network Environment™ is to face the new
era of network information world. The role of
this project is then focusing on the acoustic
processing technology in the group project,
constdering the constraints and challenges
under network environment. In future network
mformation world, the user terminals may not
be a PC and the network provides plenty and
plurality of resources which are also dynamic.
There will be large number of users under
completely uncontrollable environments and
conditions. Acoustic processing in such
situations will be highly challenging and very
difficult, therefore require in-depth long-term
scientific research.
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