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A Study on the to Shorten of Early Decay Time in the
Reverberation Curve Using MINT
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In this paper, we made shorter EDT (early decay time) of room reverberation curve using multiple-channel,
The speech signal was processed inverse filtering with full-band and sub—band in the basis MINT, and
then the multiple—channel adaptive filters were used LMS (Least Mean Square) and NLMS (Normalized
Least Mean Square) algorithm, Experimental results, we could get 1/3 of time reduction at 20dB level
in the reverberation curve using full—band NLMS when two microphones were used, Also, it is shown that
the speech articulation was improved 80% from the test listeners with the speech, which was to shorten
EDT by MINT in the subjective assessments using real room impulse response,
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Fig. 1. Reduction of reverberation using inverse filtering.
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Fig. 2. Reverberation reduction system using 2 microphones by MINT.
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Fig. 3. Aoom impulse response from micraphone to sound
source In the real sound field.
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Fig. 4. Reverberation curve using two microphones.
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Fig. 5. Early Decay Time according to micraphone number

in the full-band NLMS.
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Table 1. Result of subjective assessment 10 words.

Afsource) Blunprocessed) Cliulbaing)
1/2/35% 1/2/3 58 1/2/3 52

of §/071 0/3/6 177738
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ol 772/ 1/2/7 27771
ol T 8/171 0/3/7 57672
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