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PAPER

Speaker-Independent Isolated Word Recognition Based
on Dynamics-Emphasized Cepstrum

Sadaoki FURUI', Member

SUMMARY A new analysis technique applicable to speech
recognition is proposed considering the auditory mechanism of
speech perception which emphasizes spectral dynamics as well as
compensates for the spectral undershoot associated with coar-
ticulation. A speech wave is represented by the LPC cepstrum and
logarithmic energy sequences, and the time sequences over short
periods are expanded by the first- and second-order polynomial
functions at every frame period. The dynamics of the cepstrum
sequences are then emphasized by the linear combination of their
polynomial expansion coefficients, that is. derivatives, and their
instantaneous values. Speaker-independent word recognition
experiments using lime functions of the dynamics-emphasized
cepstrum and the polynomial coefficient for energy indicate that
the error rate can be largely reduced by this method. The experi-
mental results are compared with those obtained by the previous
method in which the polynomial coeflicients for the cepstrum and
encrgy time functions were used in combination with the original
time functions of these parameters as independent paramelcrs.

1. Introduction

The sounds that occur in continuous speech are
characterized by time-varying spectral patterns which
have almost no steady-state period. The spectral pat-
tern of each phoneme is largely modified as a conse-
quence of the coarticulation with the adjacent
phonemes. Additionally, the spectrum starts changing
into the succeeding phone spectrum before attaining the
ideal spectrum (target) of the phoneme or the syllable
which can be realized only when it is uttered in isolation.
In other words, the spectrum of each phoneme in contin-
uous speech undershoots the target. This is sometimes
referred to as neutralization or reduction. The spectral
madification is so large that when a short-length speech
wave Is presented, it sometimes sounds like a completely
different phoneme. However, there is the perceptual
tendency of phonemes to remain constant, and, as a
result. continuous speech sounds as if the spectra of
isolated phonemes or syllables were concatenated
regardless of the modification.

This so-called categorical perception mechanism is
thought to be realized by the combination of two sepa-
rate mechanisms. One is the fundamental context-
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independent human hearing mechanism of spectral com-
pensation or prediction, in which the target spectrum is
perceived by overshooting the spectral dynamics'™'?.
The other is the context-dependent hearing mechanism
of the contrast effect.

An auditory masking experiment using frequency-
modulated (FM) sounds has demonstrated that the
masking pattern shows considerable overshoot at the
spectral change, which indicates high auditory sensitiv-
ity for transitional sounds. The author has made clear
that the most important phonetic information exists at
the position of maximum spectral change through the
investigation of the relationships between the results of
identification tests using syllables modified in various
ways and the features of spectral dynamics®. Physio-
logical studies have pointed out that the higher the level
of the ascending auditory nervous system is, the more
the neurons respond to the transitional stimuli compared
with those responding to steady-state stimuli. Even for
the steady-state-type neurons, the greater part of them
feature adaptation characteristics which produce high-
frequency pulses at the onset of stimuli, with the number
of pulses immediately decreasing as a function of time'®.
These facts suggest that the dynamic part of the spec-
trum is perceived after being emphasized in the auditory
system.

A model for the speech perception mechanism
which compensates for the spectral undershoot based on
its dyvnamic features has already been proposed. In the
model, the first- and second-derivatives as well as the
instantaneous values for formant transition were inte-
grated using time-axis weighting”. The propriety of
this model was confirmed by experimentally comparing
the hearing response to the concatenations of two
vowels and sustained single vowels. In the experiment,
the formant frequencies of the sustained vowels, which
were perceptually equal to those of the transitional
second vowels in the concatenations, were measured®.
Another hearing experiment indicated that the percep-
tually equal quality corresponds to the spectral pattern
which is produced by overshooting the dynamics of the
formant frequencies to the extent of the DL (differential
limen) of sound quality*”.

If speech is in fact perceived by humans based on
the above-mentioned mechanism, it can be expected that
the performance of an automatic speech recognition
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algorithm will be improved by introducing a speech
analysis method which incorporates this mechanism.
Although an investigation from this point of view has
indicated the improvement of vowel separability by em-
phasizing formant transition"”, no effective method has
yet been proposed for improving recognition perform-
ance which can be applied continuous speech including
consonants.

This paper proposes a method for compensating
spectral undershoot by emphasizing the spectral
dynamics using polynomial expansion coefficients
(regression coefficients) for the cepstrum time sequences,
and indicates its effectiveness in speaker-independent
spoken word recognition. The polynomial coefficients
for the cepstrum and energy time functions extracted
from every short period were previously used by the
author in combination with the original time functions
of these parameters as independent parameters. The
effectiveness of this method was ascertained for largely
reducing recognition errors in speaker verification"
and in speech recognition®. The difference between the
present and previous methods lies in the technique of
combining dynamic and instantaneous features.

2. Spectral Analysis

The speech spectrum of every short period is re-
presented by the 1st through the 10th linear predictive
coefficients as well as the energy both of which are
extracted through LPC (linear predictive coding) analy-
sis. Prior to the LPC analysis, the speech wave is
band-limited at 4 kHz, sampled at 8 kHz, and windowed
by a Hamming window of 32 ms-long at every 8 ms. The
linear predictive coefficients and the energy are transform-
ed into LPC cepstrum and logarithmic energy respec-
tively, considering the auditory characteristics. LPC
cepstrum coefficients can be directly related to a peak-
weighted, smoothed spectral envelope via Fourier trans-
formation. Time functions of the LPC cepstrum
coefficients and the logarithmic energy (these will sim-
ply be called cepstrum coefficients and energy hereafter)
over 56 ms (seven frames) intervals are extracted every
8 ms, and the dynamic characteristics indicated over the
interval are analyzed. Based on the analysis results,
cepstrum coeflicients at the center of the interval are
modified using the method which will be described in the
next section.

The length of the interval (number of frames) for
dynamic characteristic analysis was decided upon based
on the spoken word recognition experiment using the
combination of cepstrum coefficients and enerzy time
functions and their polynomial expansion co-
efficients, as described in the Introduction. The optimum
length of seven frames corresponds to the perceptual
instant length'® and to the minimum length for syllable
perception ™. Additionally, this length seems ade-
quate for preserving the transitional information
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associated with the changes occurring from one
phoneme to another.

3. Emphasis of Spectral Transition Using Cepstrum
Polynomial Expansion Coefficients

Ten-dimensional cepstrum vectors, each of which
consists of the 1st through the 10th cepstrum
coefficients, for the adjacent seven frames are denoted
by Ci{j=1,---,7), and the first- and second-order
polynomial expansion coefficients for their time func-
tions are denoted by €’ and C” respectively. In this
paper, the following orthogonal polynomial representa-
tions are used :

Py;=1,
Py=j—4,
Poy=7—87+12. (1)

C’ and C” can then be represented by

Clzétl iju/gplzj.

7 7
C”:JZ] Cjsz/Jngz’j. (2)

These representations correspond to the slope and to the
curvature respectively, that is, to the first and second
derivative coefficients averaged over the interval, for
the cepstrum time function. Therefore,
e d 2

CZE; . andewC. (3)

When parameters 4 and 4 (20) in the following
equation are set to the appropriate values, the time
function of € can be obtained in which the dynamic
characteristics included in the time functions of C are
emphasized :

C=C+hC —-hC". (4)

If S(w, t) and C,(t) are the power spectral envelope
and the #n-th order cepstrum coefficient at time ¢,

log S(w, )= 3% Calt)e™, (5)

d _ o d —jnw
Elog S(w, t)—ngm i Ca(t)e . (6)

This means that the Fourier transformation of the first
derivative for the cepstrum coefficient corresponds to
the first derivative for the logarithmic spectral envelope.
A similar relationship is obtained for the second deriva-
tives. Therefore, the logarithmic spectral envelope
which corresponds to the dynamics-emphasized cep-
strum can be written as follows :

log S(w, t)=n=12flOC~,,(t)e‘j”“'
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This indicates that spectral transition is emphasized and
that spectral undershoot in continuous speech can be
compensated for by the method proposed in this paper
provided proper values are given to the parameters %
and k.

An auditory mode] includng the above-mentioned

log S(W, t)
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Fig. 1 Block diagram of an auditory model employing spectral
dynamics-emphasis mechanism.
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Fig. 2 Example of schematic time function of cepstrum
coefficient and its modification by dynamics-emphasis.

log St t - §i;

log S(ak 1)

log Stw. 1 00

SPECTRUM

log Sit, t- Ft)-log Scw, (3

-~

FREQUENCY

Fig.3 Example of time variation of logarithmic spectral enve-
lope and its modification by dynamics-emphasis.

process which emphasizes the spectral transition is
shown in Fig. 1. An example of cepstrum time functions
before and after the transition emphasizing process is
given in Fig. 2. The example is presented under the
condition that parameters 4 and k. are set to the opti-
mum values which were obtained through the speech
recognition experiments described in the following sec-
tion. An example of a short-term variation of the
logarithmic spectral envelope and its modification by
emphasizing the transition is shown in Fig. 3.

The above-mentioned method can be regarded as an
expansion of the auditory dynamic model for formant
transition, proposed by Tanaka, to the model for spectral
envelope transitions utilizing the polynomial expansion
coefficients for cepstrum sequences.

4. Spoken Word Recognition Based on Emphasized
Spectral Dynamics

4.1 Feature Extraction

A block diagram indicating the principal operations
of the spoken word recognition system based on the
above-mentioned model is shown in Fig. 4. The begin-
ning and end of the actual sample utterances are deter-
mined through a short-term energy calculation. The
cepstrum coefficients and energy time functions are
extracted for the speech interval through LPC analysis.
At the feature extraction stage. the time functions of the
cepstrum coeflicients modified by emphasizing the
dynamics are obtained by the linear combination of
cepstrum coefficients and their polynomial expansion
coefficients. At the same time, the time function of the
first-order polynomial coefficient is extracted for the
energy, which is then directly used for the recognition
without summation with the original cnergy value. This
is hecause the absolute value of the energy level is

SPEECH WAVE

)
[END-P0INT DETECTION

A4
[ T LPC ARALYSIS ]

[CEPSTRUM COEFFICIENTS] [LOG-ENERGY]

BUFFER (7 FRAMES)

[ POLYNOMIAL COEFFICIENTS]

[ 'LINEAR COMBINATION 1

[ INTERPOLATION AND DECIMATION]

bl

TRAINING —o{ RECOGNITION
REFERENCE I“TP WEIGHTING
| PATTERN MATCHING FACTOR

WORD DECISICN
RECOGNITION RESULTS
Fig. 4 Block diagram indicating principal operations of spo-
ken word recognition system.
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Fig. 5 Example of feature parameter extraction results for Japanese city name

“Okayama” uttered by a male speaker. (a)
energy (F) and its lst-order polynomial coefficient (£'), (b)
spectral envelope and its local peaks. and (c)

Time function of short-time
time function of
time function of spectral

envelope and its local peaks modified by dynamics-emphasis.

insignficant with respect to phoneme perception, and
because the performance of a recognition system using
the energy level is affected by speaker and speech
variation.

In order to reduce the number of distance calcula-
tions at the time registration stage, the frame interval is
converted from 8ms to 16 ms by averaging the time
functions of adjacent frames for both modified cepstrum
and energy polynomial coefficients.

An example of the feature parameter extraction
results for a Japanese city name, “Okayama”, uttered by
a male speaker is shown in Fig. 5. The time functions of
the spectral envelope and its local peaks before and
after modification by transition emphasis, as well as the
first-order polynomial coefficient for energy, are indicat-
ed. These results show that transition of the spectral
envelope as well as of its peaks are emphasized by the
method proposed in this paper.

4.2 Word Recognition

A sample utterance represented by the parameters,
which are extracted through the above-mentioned
method, is brought into time registration with reference
templates to calculate the overall distance between
them. This is accomplished by the staggered-array DP

(dynamic programming) matching algorithm, which
requires fewer distance calculations than conventional
algorithms while realizing complete unconstrained en-
dpoint matching"®. In order to cope with the speaker
variability of feature parameters, multiple templates
selected from the utterances by a large number of
speakers are stored as references for each word during
the training stage.

At the recognition stage, a sample utterance is then
sequentially compared with the multiple reference tem-
plates. with the overall distance obtained using the DP
matching between the sample utterance and each refer-
ence template being transferred to the word decision
stage. ‘The recognized utterance is then selected to be
the word whose reference template has a smaller dis-
tance than any of the other reference templates.

The distance measure, D(k, I), between the k-th
frame of the reference template and the /-th frame of
the input speech is difined as

Dik, )= 33(C.4 (k) — CHD)Y:
+wAd E* (k)= E" (D). (8)

where R and [ indicate the reference template and
sample utterance respectively, and E’ indicates the
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polynomial expansion coefficient for energy.

The weighting factors, w: and w., are set a priori
based on the magnitude of variation for each parameter
which was calculated during a preliminary experiment.

5. Spoken Word Recognition Experiment
5.1 Sample Utterances

In order to evaluate the effectiveness of this method
under speaker-independent conditions, a vocabulary of
100 Japanese city names"? was selected. Two kinds of
utterance sets used in the recognition experiments were
uttered in a computer room whose background noine
level was about 70 dB(A). The uttered sets were record-
ed through a dynamic microphone.

(1) Utterance Set 1

This utterance set consisted of the 100 words utter-
ed twice each by four male speakers. These speakers.
considered to represent the entire range of male voices,
were selected from among 30 male speakers. The
selection was based on the clustering results obtained in
the course of a speaker-independent word recognition
experiment using the SPLIT method"”. In the SPLIT
experiment, the utterances of these four speakers were
most frequently used to construct multiple word tem-
plates.

In the recognition experiment using utterance set 1,
the second utterances from each speaker were recog-
nized using the first utterances from each of the three
other speakers as reference templates (inter-speaker
conditions only). That is, comparisons for the utterance
set were always made between test utterances and
single templates. The number of reference-test speaker
combinations was 12, and the total number of test
utterances was 1200.

(2) Utterance Set 2

The first utterances from all four speakers of utter-
ance set 1 were stored as multiple templates, while the
utterances from 20 differennt male speakers were used
as test utterances. That is, the comparisons for this
utterace set were made with four templates. The total
number of test utterances was 2000, where one utterance
from each speaker was tested for each word.

5.2 Recognition Results

(1) Effect of the Weighting Factor

The recognition rate as a function of the weighting
factor for the first-order polynomial expansion
coefficient, 4, in Eq. (4) was examined by setting k.=
0, using utterance set 1. The energy polynomial
coefficient was not used in this experiment (w» in Eq.
(8) was set to 0). The results indicated in Fig. 6 show
that error rate fluctuations as a function of the weight-
ing factor, &, are small. and that the optimum condition
producing the error rates close to the minimum value

can be realized for a wide range of &;.

Using the cepstrum coefficients modified by
emphasizing the dynamics with an appropriate weight-
ing factor, the recognition error rate can be reduced to
roughly 2/3 of that obtained using the cepstrum without
modification (/& =0).

(2) Recognition Error Rate Improvement Using Vari-
ous Parameter Combinations

Recognition experiments were performed by vary-
ing the combination of parameters using utterance sets
1 and 2. Figure 7 compares the mean recognition error
rates for each parameter condition. Optimum values of
the weighting factors (& =#4.=8) were decided based on
the recognition experiments using utterance set 1, with
these values then being applied to both utterance sets.

This figure confirms three important features.
First, the cepstral polynomial coefficients are as
effective as the instantaneous cepstrum coefficients.
Second, the emphasis of spectral dynamics through the
summation of both coefficients reduces the error rates to
roughly 1/2 of those obtained before emphasizing the
dynamics in the case of utterance set 2. Third, improve-
ment is insignificant when second polynomial
coefficients (second derivatives) are used in addition to
the summation of the cepstrum and its first polynomial
coefficients.

An error rate of 2.5% is produced for utterance set
2 by the combination of the energy polynomial
coefficient and dynamics-emphasized cepstrum
coefficients. This value is 2/5 of the 6.2% error rate
obtained using the original cepstrum. Furthermore, it is
2/3 of the 3.89% error rate obtained employing the
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Fig. 6 Error rate for word recognition using utterance set 1 as
a function of weighting factor, &, for 1st-order cepstrum
polynomial coefficients.
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Major confusable word pair frequencies compared

under two feature parameter conditions : N1, recogni-
tion using instantaneous cepstrum, and N2, recogni-
tion using dynamics-emphasized cepstrum.

indicates parameter set used.

combination of the energy polynomtal coefficient and the
cepstrum coefficients without dynamics emphasis.

An additional experiment revealed that when the
energy polynomial coefficient is combined with the
dynamics-emphasized cepstrum, there is no difference
between the error rates associated with the conditions
whether the dynamics emphasis of the cepstrum is
performed using only the first-order polynomial
coefficient or using both the first- and second-order
polynomial coefficients.

The error rate for the summation of cepstrum
coefficients and their first polynomial coefficients is
slightly smaller than that obtained when both parame-
ters were used for distance calculation as independent
features. Although the difference of the error rates
obtained by the method proposed in this paper and that
obtained by our previous method in which the instanta-
neous and dynamic parameters were combined as in-
dependent parameters is insignificant, the new method is
advantageous in practical terms in that it does not
increase the number of parameters necessary for the
distance calculation.

(3) Analysis of Error Rate Improvement

Table 1 compares the distribution of major confusa-
ble word pairs for utterance set 2 under the two princi-
pal parameter conditions, the original cepstrum and the
cepstrum modified through dynamics-emphasis.
Specifically presented are the confusable word pairs
occuring two or more times in all test utterances by the

WORD PAIRS FREQUENCY

~ N1 N2 N2-N1
Kawasaki - Amagasaki 6 6 0
Fukushima - Tokushima 2 5 +3
[chinomiya - Nishinomiva 8 4 -4
Takasaki - Nagasak i 9 3 -6
Lrawa - Nara 2 2 0
Ichihara - Ichikawa 2 2 0
Fuchu - Hachioji 0 2 +2
Kawasaki ~ Nagasaki 0 2 2
Gifu - Fuchu | 2+
Nara - Naha 5 2 -3
Hiroshima - Kashiwa 0 2 +2
________ Kochi - Otsu 2 2 0

Matsuda - Saseho 5 1 4 T
Yamagata - Hirakata 3 0 -3
Wakayama - Okayama 3 1 -2
Toyama - Fukuyama 2 1 =1
Kanazawa - Nagano 2 0 -2
Fukui - Fuji 2 0 -2
Ichikawa - Fujisawa 2 1 -1
Funabashi - Maebashi 2 1T =1
Yokohama - Tokorozawa 2 o -2
Hamamatsu - Takamalsu 2 g -2
Toyohashi - Takasaki 2 0 -2
Akashi - Takatsuki 2 0 -2
Kurashiki - Takatsuki 2 g -2
Shimonoseki - Naha 2 g -2

_ OTHERS 54 23
TOTAL )

20 speakers under at least one of the parameter condi-
tions. These word pairs account for 53Y% of all error
under both parameter conditions. Those which occurs
for the dynamics-emphasized cepstrum condition are
given in the upper part of the table.

Although the results using the original cepstrum
coefficients include several confusable word pairs which
are unlikely to occur in human speech perception, the
process of emphasizing the dynamics to clarify the
phonetic featlures removes thesc unnatural confusable
word pairs.

The feature parameter extraction result presented
earlier in Fig.5 is an example of the utterance
“Okayama”, which was initially confused with “Wa-
kayama’ using the original cepstrum and was correctly
recognized after emphasizing its spectral dvnamics.

5.3 Comparison with the Previous Method

As was mentioned above in subsection 5.2, the
difference of the mean error rate obtained by the method
proposed in this paper and that obtained by our previous
method is small. In order to investigate the mechanism
of coincidence precisely, the relationship between the
number of errors [or the present and previous methods
for each speaker is presented in the scatter diagram
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Fig. 8 Scatter diagram indicating the relationship between the
number of errors by previous and present methods for 20
speakers.

labeled Fig. 8. The horizontal and vertical axes corre-
spond to the number of errors produced by the previous
and present methods respectively. These results indi-
cate that a maximum difference of three samples exists
between the two-method results for several speakers,
and that the correlation between these two results is not
high (correlation coefficient is 0.78). This suggests that
the two methods use the same transitional information
in different ways.

When the spectral dynamic characteristics are em-
phasized by the first derivative coefficients of the cep-
strum in the present method, the distance measure
between the %-th frame of the reference template and
the /-th frame of the input speech can be written as

Dik, )= 3 (CH(k)~ CH D))
Zél{(Cf(k)-i-le;”(k))
—(CUD+RCYD)
= S (CH)— CHD)
+R(CHE)—CHD)Y
= i;l{(cg(k) — CUDY + kHCH k) — CH1))?
+2k(Ci(k)— CHONC k) — C W}
(9)

On the other hand, the distance measure for the previous
method is

Dik, D= 3 {(CHE) — CHDY+ FCH )~ CH DY),
(10)

Hence, the mathematical relationship between the two
distance measure is

10

pe

Do

Fig. 9 Scatter diagram indicating the relationship between the
two distance values. D:(k. /) and Di(k, ().

Dl(k. I')=Dz(k, [)+Ds(}€, Z)
Dik. D)=2k 2 (CHR) — CUDNCHR)— CHI)),

(11)

where Dy(k, /) corresponds to the difference between the
two measures.

The experimental results for the previous method
indicate that the first and the second terms in the right
side of Eq. (10) are nonredundant and complementary to
each other for speech recognition. When the value of D,
is small, both of these two terms must have small values.
In this case, the value of D; also becomes small, and,
therefore, I, has a similar value as D». However, on the
other hand, when D, becomes large, D, does not neces-
sarily become large, since Ds can have both positive and
negative values. The experimental relationship between
D, and Ds; obtained using real speech is shown in the
scatter diagram labeled Fig. 9. The Ds values are clear-
ly homogeneously distributed within the theoretical
limit of [Ds|<D,. This means that no correlation exists
between these itwo distance values. Therefore. there is
no mathematical necessity that I produces same
results as D;. The small experimental difference
between the results produced by the previous and pres-
ent methods can be concluded as occurring not in terms
of mathematical necessity, but rather in terms of the
same transitional information being used in both
methods although in different ways.

6. Conclusion

Based on the auditory mechanism of speech percep-
tion which emphasizes spectral dynamics and compen-
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sates for the spectral undershoot associated with coar-
ticulation, a new speech analysis technique for speech
recognition was proposed in this paper. In this tech-
nique, the speech wave is represented by LPC cepstrum
sequences, and the time sequences over 56 ms were
expanded by the first- and second-order polynomial
functions every frame period. The dynamics of time
sequences are then emphasized by the linear combina-
tion of the instantaneous cepstrum values and the
polynomial expansion coefficients, that is, the deriva-
tives.

The speaker independent word recognition experi-
ment results indicate that the error rate using the
dynamics-emphasized cepstrum is roughly 1/2 of that
obtained using the original cepstrum coefficients. Con-
fusable word pairs which are unlikely to occur in human
speech perception were observed to disappear through
phonetic feature clarification using spectral dynamics-
emphasizing. The effectiveness of the time function of
the polynomial coefficient for logarithmic energy was
also ascertained. When the first-order polynomial
coefficient for the energy sequence was combined with
the dynamics-emphasized cepstrum. the error rate was
found to be reducible to 2/5 of that using the original
cepstrum.

Current investigations include psychological and
physiological analyses of the mechanism of the human
auditory system for time-varying speech signals and its

modeling®'®.
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