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ABSTRACT

In the present paper, we investigate the use of
“Rasta-type cepstral processing techniques”, for speech
recognition under mismatched speaking rate condi-
tions. The acoustic models are trained on an isolated-
word speech data base and and then tested on a con-
tinuous speech data base. The speaking rates in the
two data bases are significantly different. Using high
resolution phoneme-context dependent models, the
high-pass cepstrum is shown to perform comparable
for matched conditions and outperforms the other
techniques.

1. INTRODUCTION

Asspeech recognition systems are gradually employed
in the real world, robustness has become a major
issue. Recently, several techniques have been pro-
posed to deal with changing channel characteristics
[3, 2, 1]. In these techniques, the temporal sequence
of cepstral vectors is processed to remove the effect
of slowly-varying channel distortion.

We group these techniques under the heading of
“Rasta-type cepstral processing techniques”. These
techniques have been studied in the past by various
researchers for robust recognition under mismatched
noise and channel distortion conditions, and signif-
icant improvements in recognition performance are
reported.

In the present paper, we investigate the use of
these techniques for speech recognition under mis-
matched speaking rate conditions. We train here
our recognizer on an isolated-word speech data base
and test it on a continuous speech data base. The
speaking rates in the two data bases are significantly
different.

We select the following two Rasta-type techniques
in our study: the high-pass cepstral processing tech-
nique proposed by Murveit et al. [5] and the dynamic
cepstral processing technique proposed by Aikawa et
al. [1]. These techniques are selected here because
they are computationally very efficient.

The effect of these processing techniques on the
spectrogram of a speech utterance is shown in Fig. 1.
We can see from this figure that the high-pass cep-
strum tends to remove the steady-state components
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from the speech utterance. Especially for the center
of the syllabic nasal 'ng’ between 850 and 950 ms,
the spectrum becomes nearly white. The effect of
the dynamic cepstrum is much less prominent and
basically consists in enhancement of spectral peaks.

2. EXPERIMENTS AND RESULTS

Our data has been hand-labelled with the following
26 Japanese phonemes: /a/, /i/, [k/, [i/, /'o/, /zh/,
/2/, v/, [d/, [m/, [g], [ch/, [ng/ (syllabic nasal),
/r/, [sh/, [ts/, [s], /e[, [b], [a/ (geminate), /t/,
/w/, /n/, [p/, 0], [-] (silence).

For training, we used half of the even-numbered
words of the 5240 most frequent Japanese words from
the ATR database for two male speakers, MHT and
MTXK]J4]. The speaking rate for both speakers was 5.5
mora/second. The successive state splitting (SSS)
algorithm[7] was used to create context-dependent
(CD), state-sharing HMMs with 200 and 400 states,
representing about 500 and 1300 allophones, respec-
tively. The resulting topologies were then retrained
with the standard Baum-Welch algorithm for 1 and
3 mixtures per state.

Apart from context-dependent models, we also

trained context-independent models (CI) with 3 states

for each of the 26 phonemes, giving a total of 78
states. We used 1 and 5 mixtures per state.

The common analysis parameters for all the ex-
periments are given in Table 1.

Table 1: Preprocessing

sampling rate | 12000 Hz
pre-emphasis | 0.95
frame length | 30 ms
frame shift 10 ms

LPC order 16
cepstral order | 16 (without power)

For some experiments, we also used power, delta
power and delta cepstrum, where the delta param-
eters are calculated as first order regression coeffi-
cients over a window of 90 ms.
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Figure 1: FFT for utterance /g a i zh i ng/ of a) cepstrum, b) high-pass cepstrum and ¢) dynamic cepstrum

For high-pass cepstral filtering [5], we used a sim-
plified RASTA filter H(z) = 1=2—1 with p = 0.8.

1—pz~?
For the dynamic cepstrum calculation, we used a
Gaussian lifter with cutoff order of 18 and a delay
window of 4 frames, i.e. 40 ms [1].
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Figure 3: Results for similar speaking rate (isolated
words, speaker MTK)
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words, speaker MHT) 3. mismatched channel distortion condition

Recognition for all conditions was performed us-
We have tested our recognition system for the ing a one-pass Viterbi algorithm with the phono-
following three conditions tactic constraints of Japanese language expressed as
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namic cepstrum show comparable results, though high
pass cepstrum results are somewhat inferior.
The test data for speaker MHT consisted of 435 phrase

from the conference registration task. The average
speaking rate was 6.7 mora/second. Recognition re-

sults are shown in Fig. 6.
mora/second, normal with 5.7 mora/second, and very
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Figure 5: Results for similar speaking rate (isolated
Standard cepstrum, high-pass cepstrum and dy-

words, speaker MTK, with delta-cepstrum)
The test data consisted of half of the odd numbered

words for the same speaker which had been used for

training. Results are shown in Fig. 2 and 3. 78/1
78 states and 1 or 5 mixtures, respectively. 200/1,

given as phoneme accuracy, i.e. counting insertions,
and 78/5 show the context-indepedent results for

phoneme-pair grammar [6]. Recognition results are
deletions and substitutions.

2.1. Similar Speaking Rate

Figure 6:

200/3,
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Figure 10: Results for mismatched channel (isolated
words, speaker MHT)

fast with 10.3 mora/second. Recognition results are
shown in Fig. 7, 8 and 9.

Dynamic cepstrum in general improved the re-
sults significantly over the standard cepstrum. But,
high-pass cepstrum results are somewhat inferior than
the standard cepstrum results for most of the cases,
except when context-dependent effects are captured
with high resolution (400 states) and speech rate is
not very fast. The reason for the bad results with
the very fast speaking style might be that context
dependent effects at that speaking rate are extend-
ing beyond the immediately neighboring phonemes.

2.3. Mismatched Channel

The test data was the same as for condition 1, except
for band-pass filtering (frequency response shown in
Figure 11) used on the speech signal to create chan-
nel mismatch distortion. This experiment was only
performed for speaker MHT. Results for this condi-
tion are given in Fig 10.

As expected, the high-pass cepstrum gives signif-
icantly better results than either the standard cep-
strum or the dynamic cepstrum.
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Figure 11: CCITT telephone mouthpiece band re-
sponse curve

3. DISCUSSION AND CONCLUSIONS

For condition 1 (no mismatch in speaking rate and
channel distortion), standard cepstrum, high-pass cep-
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strum and dynainic cepstrum show comparable re-
sults, though high-pass cepstrum results are some-
what inferior.

For condition 2 (mismatched speaking rate), dy-
namic cepstrum in general improved the results sig-
nificantly over the standard cepstrum. But, high-
pass cepstrum results are somewhat inferior than
the standard cepstrum results for most of the cases,
except when context-dependent effects are captured
with high resolution (400 states). However, for very
fast speech the high-pass cepstrum performs signif-
icanly worse, probably because coarticulation is ex-
tending beyond the neighbouring phonemes.

For condition 3 (mismatched channel distortion),
the high-pass cepstrum gives significantly better re-
sults than either the standard cepstrum or the dy-
namic cepstrum.

These results stress the importance of considering
phonerne context even if doing research on feature ex-
traction. Looking only at CI models would have lead
to the conclusion, that the high-pass cepstrum under
matched condition and mismatched speaking rate
condition performs significantly worse than standard
cepstrum, which is not correct for high resolution CD
models.

These results also show that there is not one best
parametric representation for all mismatched condi-
tions and that we have to analyze the errors in more
detail to come up with a representation that com-
bines the advantages of both, high-pass cepstrum
and dynamic cepstrum.
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