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Implementation of Automatic Microphone Volume
Controller and Recognition Rate Improvement
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ABSTRACT

In this paper, we describe the implementation of
a microphone input level control algorithm and the
speech improvement with this level controller in
personal computer environment. The volume of
speech obtained through a microphone affects the
speech recognition rate directly. Therefore, proper
input volume Ievel control is desired for better

recognition. We considered some conditions for the
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successful volume controller implementation firstly,
then checked its
recognition system with common office environment
speech database. Cepstral mean subtraction is also
utilized for the channel-effect compensation of the
database. Our
approximately 50% reduction, ie.,

usefulness on our speech

implemented controller achieved
improvement in

speech recognition error rate,

Index Terms : speech recognition, microphone . level
control
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Figure 1. The variation of input speech waveform
depending on microphone input level
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Figure 2. The block diagram of the automatic
microphone input level controller
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Figure 3. Comparison of the speech waveform before and
after automatic microphone input level control
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Table 1. Comparison of the speech recognition with and

without automatic microphone input volume level controller

125} MFCC | Monophone Tied-Triphone
& Delta Mix-1 Mix-1 Mix-5
with LT-CMS o9 | 22 [2R9] £ |544] 4
Before
AvC [3214|7545|75.71 9223 | T7.14 | 92.77
wio E | After
@43h) | AVC 30.00 | 74.64 | 82.50 | 95.09 | 83.57 | 95.54
QA&
Y -3.2%-3.3% |28.0%|36.8% |28.1%|38.3%
Before
AVC | 19-29166.34 7571|9179 | 78.57 | 93.48
with E| After
Q63| AVC 32.14[75.62 | 86.43 | 96.16 | 88.57 | 96.79
%_;Ef 15.9%(27.6% 44.1%|53.2%46.7%| 50.8%
LAY
(After AVC) [13.1% | 3.9% (22.5%|21.8%30.4%28.0%
w/o vs. with

¥ AVC : Automatic MIC input Volume-level Control
MFCC : Mel Frequency Cepstral Coefficients
LT-CMS : Long-Term Cepstral Mean Subtraction
Delta : Delta Coefficients
E : Energy
wio : without
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