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Sound Enhancement of low Sample rate Audio Using LMS in DWT Domain
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In order to mitigate the problems in storage space and network bandwidth for the full CD quality audio, current digital
audio is always restricted by sampling rate and bandwidth, This restriction normally results in low sample rate audio
or calls for the data compression scheme such as MP3, However, they can only reproduce a lower frequency range
than a regular CD quality because of the Nyquist sampling theory, Consequently they lose rich spatial information
embedded in high frequency, The purpose of this paper is to propose efficient high frequency enbancement of low
sample rate audio using LMS adaptive filtering and DWT analysis and synthesis. The proposed algorithm uses the
LMS adaptive algorithm to estimate the missing high frequency contents in DWT domain and it then reconstructs
the spectrally enhanced audio by using the DWT synthesis pracedure, Several experiments with real speech and audio
are performed and compared with other algorithm, From the experimental results of spectrogram and senic test, we
confirm that the proposed algorithm outperforms the other algorithm and reasonably works well for the most of audio
cases,
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