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III. SNR-dependent Waveform
Processing
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" The performarce of baseline

Clean | 15dB 10dB | 5dB  Awerage
Clean Training 97.74 | 92.81 8673 | 76.79  88.52
Multi~condition Training 97556 | 95,13 92,19} 87.12  93.00

L - The performance of 2WF B

Clean ) 15dB 10dB | 5dB  Average
Clean Training 97.74 | 9547 92,16 | 84,93  92.68
Multi-condition Training 97.60 96.49 84.75 | S0.71 94.89

- The performanice of 2WF and SWP k

Clean | 15dB 10dB| 5dB  Awverage
Clean Training 87.77 | 9567 92.23| 85.36 92.76
Mutti-condition Training 9753 | 96.55 94.82( 91.15 95.00

Clean Multicondition

¥ 4. Error reduction rate (%)
left-to-right tied-state E@}ol&E& AlL3tgon],
statex 5702 mixtureZ FAHAT A¥E& 4T
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