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Speech Input and Output Interface of Computer for Blind
Users
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In thisreport, we combine the isolated
word recognition and text-to-speech

sub-systems to form a speaker-independent,

voice-command and voice-output system.
Several signal bias removing and speaker
normalization/ adaptation algorithms
including SBR, CMN, MLLR, and LS methods
are 1intensively studied. A prototype
system is also developed.
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