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1 Introduction

2 Applications and Challenges

• Call center conversations

•Meeting transcription

• Captions for TV and movies

•Multiple speakers, Unknown number of speakers

•Noise, reverberation, interfering speakers

• Conversational speech (different from command-style speech)

3 Joint ASR and Diarization

4 System description

• Switchboard – 300h. Telephone conversations between two parties.

• BLSTM based architecture is used for the acoustic model.

• Language model trained using the Switchboard and Fisher English conversations transcripts

• End-to-End speaker diarization module with 4 self-attention layers and LSTM encoder-decoder pair to generate speaker attractors

• Evaluation uses Hub5 evaluation set: 20 conversations from CallHome and Switchboard. Performance quantified using the speaker word error rate (SWER).

5 Example transcription

6 Speaker specific Word error rate (%)

System GTS EEND
Single-channel

BLSTM-iso 21.4 24.0
Mixed-channel

BLSTM-iso 37.7 37.2
ConvTasNet 25.3 27.4

SCAM 27.5 26.9
SCAM∗ 26.0 26.1

Joint training 23.4 24.1

System Non-overlap Overlap
BLSTM-iso 27.1 41.5
SCAM 31.4 26.1
SCAM∗ 29.8 24.7
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