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Temporal Convolutional Network (TCN)
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Temporal Convolutional Neural Network
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 Dataset: VoiceBank + DEMAND
* Loss: Mean Square Error
« Sampling rate: 16 kHz
* Frame Size: 20 ms, Frame shift: 10 ms

* Optimizer: Adam

* Learning rate: 0.002

» Batch size: 16

* Epoch: 1000{|A] Best AEH
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 Dataset: VoiceBank+DEMAND

VoiceBank + DEMAND (Noisy speech database for training =«
speech enhancement algorithms and TTS models)
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Inference time, RTF, STFT & iSTFT 22A|ZF H|W
sample . Inference Time RTF sample . STFT 28 A|7t iISTFT 282 A|Zt
Number Audio 20| Baseline Proposed Baseline Proposed Number Audio 20| Baseline Proposed Baseline Proposed
(LSTM) (TCM) (LSTM) (TCNN) (LSTM) (TCM) (LSTM) (TCNN)
1 6.2s 2.00s 0.47s 0.321 0.076 1 6.2s 0.013s 0.011s 0.024s 0.027
2 4.7s 2.09s 0.34s 0.447 0.073 2 4.7s 0.003s 0.003s 0.007 0.005s
3 2.55 0.84s 0.21s 0.332 0.081 3 2.5s 0.003s 0.002s 0.005s 0.005s
4 3.8s 1.29s 0.46s 0.335 0.120 4 3.8s 0.003s 0.003s 0.004s 0.006s

> LSTMZ AL
TCMES A2

5t Baseline CHY|

ot Proposed?| Inference Time, RTF7t &2 g2 713

[ |

O L2

Enhanced Spectrogram=

A QA|ZH2 B inference time0]| H|5H &2 242

=2 waveform

2124 waveform= Spectrogram 22 t”iﬁl*— STFT 241}
2 F6k= iSTFT 2442




. Lightweight Real-time Speech Enhancement

Reference TCNN vs Proposed TCNN
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