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¢ ADPCM speech coding ¢ Overview ¢ Experimental setup
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3. WaveNet-based delay-free APDCM speech coding WN-SD2 16 WaveNet v v

DPis afilter where ¢(1) is set to zero to
avoid the change of voice characteristics
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* (5.726 uses an ARMA predictor which has two poles and six zeros
* AMCEP [Tokuda+; '94] uses a backward predictor based on adaptive mel-cepstral analysis

¢ Experimental results
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Proposed system achieved 32-kbps speech gquality
through 16-kbps digital channel

- Use unconditional WaveNet
- No need to require future samples
= No algorithmic delay L,
— j

- Need to convert distribution to scalar B

= Trimmed mean Convert index to sample value &
calculate weighted mean
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Used for noise 5. Conclusion
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¢ \WaveNet-based delay-free ADPCM speech coding

- WaveNet Is used as the adaptive predictor in ADPCM
- Unconditional WaveNet for delay-free coding
- Mel-cepstrum-based noise shaping and postfiltering

¢ Mel-cepstrum-based noise shaping and postfiltering rrokuda+: '94;

- Spectrum represented by mel-cepstrum can fit with the
characteristics of human auditory system

- Z-transform of reconstructed sample Is:
X(2) = X(2) + Q(2) = X(2) = {X(2) + D(2)Q(2)} D" (2)
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- Use adaptive mel-cepstral analysis for estimating mel-cepstrum
- Sample-by-sample computation
= Can mask quantization noise in a time-variant manner
- No need to require future samples for the computation
= No algorithmic delay

- Outperformed conventional ADPCM systems

¢ Future work
- Evaluate speaker-independent WaveNet-based predictors
- Investigate robustness against bit errors
- Optimize whole APDCM system Iin an end-to-end manner
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