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PART 2:  

FINAL EVALUATOR’S comments on revised paper (if any) Authors’ response to final evaluator’s comments 

Please compare the performance of proposed CODECs with other CODESCs such as AAC and 

AC3 instead of PCM. PCM is used to covert analog signal to digital signal, and it is a lossy 

algorithm, which is not used to keep high quality audios. 

 

SNRs plotted in Figure 6, 7, 8 and 10 are spectrum actually, which do not show the quality 

degradation from the original audio files. 

 

The qualities of MP3 files are not sufficient for demonstration, since they are already 

compressed with loss. Lossless audio files are better candidates for experiments. 

 

There are still some typos left. 
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