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DFT
IDFT
LPC
RT
SNR
SRR

Abbreviations

Discrete Fourier Transform
Inverse Discrete Fourier Transform
Linear Prediction Coding
Reverberation Time

Signal to Noise Ratio

Signal to Reverberant component Ratio
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Abstract

Speech Dereverberation using Improved LP

Residual Combination

Recently, information of document form 1is flooded with
advancement of the internet, and the demand to converts the
document in voice is increasing. Advanced countries are securing
a voice—activated technology service for various text information
in numerous industries such as multimedia and communications.

The speech signal received from speaker in an acoustical
environment is corrupted both by additive noise as well as room
reverberation. When people listen to a lecture in a large
auditorium, it is difficult to comprehend speech. This is because
reverberant sound, witch is reflected from the walls or ceiling,
masks in direct sound. So we need a robust algorithm for
reverberant speech enhancement.

The difficulty of speech enhancement depends strongly on
environmental conditions. The reverberation effect is critically
dependent on the position of the microphone and the speaker.

The direct component of speech is reduced with increasing

- vii -



distance of the microphone from the speaker, hence the direct
signal to reverberant component ratio (SRR) of speech decreases.
The signal to noise ratio (SNR) due to additive noise also
decreases with increasing distance of the microphone from
speaker, but this reduction can be compensated by increasing the
volume of the source of speech. But the SRR is unaffected by the
increase in volume.

If a speaker is close to a microphone, reverberation effects are
minimal and traditional methods can handle typical moderate noise
level. However, if the speaker is far away from a microphone,
there are more severe distortions, including large amounts of
noise and noticeable reverberation. Denoising and dereverberation
of speech in this condition has proven to be a very difficult
problem. Therefore, we need a robust speech processing
technique in reverberation effect by distance between speaker and
microphone.

In this thesis, an improved LP residual method is proposed for a
speech recognition in reverberation and noise condition from
multiple microphones. The enhanced speech is significantly better
compared to the coherently added speech signal, in the sense that
the reverberation effects are reduced significantly. The proposed
method showed the improved ability than the existed one for

more than 10% in numerical value.
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