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Abstract In this paper, we develop a speech recognition system using a throat microphone. The
use of this kind of microphone minimizes the impact of environmental noise. However, because of the
absence of high frequencies and the partially loss of formant frequencies, previous systems developed
with those devices have shown a lower recognition rate than systems which use standard microphone
signals. This problem has led to researchers using throat microphone signals as supplementary data
sources supporting standard microphone signals. In this paper, we present a high performance ASR
system which we developed using only a throat microphone by taking advantage of Korean
Phonological Feature Theory and a detailed throat signal analysis. Analyzing the spectrum and the
result of FFT of the throat microphone signal, we find that the conventional MFCC feature vector that
uses a critical pass filter does not characterize the throat microphone signals well. We also describe
the conditions of the feature extraction algorithm which make it best suited for throat microphone
signal analysis. The conditions involve (1) a sensitive band-pass filter and (2) use of feature vector
which is suitable for voice/non-voice classification. We experimentally show that the ZCPA algorithm
designed to meet these conditions improves the recognizer's performance by approximately 16 %. And
we find that an additional noise-canceling algorithm such as RASTA results in 2% more performance
improvement.
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