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Speaker Separation Based on Directional Filter and Harmonic Filter

I I R
Seung-Eun Baek - Jin-Young Kim - Seung-You Na - Seung-Ho Choi

ABSTRACT

Automatic speech recognition is much more difficult in real world. Speech recognition
according to SIR (Signal to Interface Ratio) is difficult in situations in which noise of
surrounding environment and multi-speaker exists. Therefore, study on main speaker's voice
extractions a very important field in speech signal processing in binaural sound. In this paper,
we used directional filter and harmonic filter among other existing methods to extract the main
speaker's information in binaural sound. The main speaker's voice was extracted using
directional filter, and other remaining speaker’s information was removed using harmonic filter
through main speaker’s pitch detection. As a result, voice of the main speaker was enhanced.
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1. Introduction
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Figure 1. Block diagram for two speaker separation algorithm

2.1 Directional Filter
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“Calculation of D

Figure 2. Block diagram for directional filter
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2.2 Harmonic Filter

1) Pitch Detection
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2) Simple Harmonic Filter
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3) Voiced/Unvoiced Decomposition
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3. Experimental Results
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3.1 Directional FilterZ ©]-£3 &4 &

vho] = "}" < dlo]8& AR (HUTear Matlab toolbox)& ©] 83t F3}2ke] DOA(direction
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Table 1. %8 $43% 4 039 4% 4%
B

37k}
Data A C D E
Setl 3 4 3 3
Set2 3 3 3
Set3 4 4 3 4 3

Mg 27E 2W, @A 24 27 AQAT B8 FAT 47 34 4Rl dob glrkn
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3.2 Harmonic FilterE o]-§3 &4 714

1) Simple Harmonic Filter

e ANEE XFA FE g3 Lol F A FF A3 E AHEHT HAHES cross-
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2) Voiced/Unvoiced Decomposition

48 Az AFY deo g3 doR F A F& A E ALY HA HEL cross-
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4. Conclusions
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