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ABSTRACT

In the development of a syllable-centric ASR system,
segmentation of the acoustic signal into syllabic units is
an important stage. This paper presents a minimum phase
group delay based approach to segment spontaneous speech
into syllable-like units. Here, three different minimum phase
signals are derived from the short term energy functions of
three sub-bands of speech signals, as if it were a magni-
tude spectrum. The experiments are carried out on Switch-
board corpus and the error in segmentation is found to be
utmost 40msec for 85% of the syllable segments, in addi-
tion to 5.25% insertions and 7.10% deletions.

1. INTRODUCTION

One of the major reasons for considering syllable as a ba-
sic unit for ASR systems is its better representational and
durational stability relative to the phoneme [1]. The sylla-
ble was proposed as a unit for ASR as early as 1975 [2], in
which irregularities in phonetic manifestations of phonemes
were discussed. It was argued that the syllable will serve as
the effective minimal unit in the time-domain. Since then,
several ASR systems have been developed for different lan-
guages, most recently for Indian languages [3]. In [3], it
is demonstrated that segmentation at syllable-like units fol-
lowed by isolated style recognition of continuous speech
performs well.

The simple candidate for segmenting speech is the short-
term energy function of the speech signal. But, the basic
problems with the short-term energy function based seg-
mentation are thresholding and the local variations in the
energy function. To overcome these problems, instead of
directly using the short-term energy function, in our labo-
ratory, we have proposed a method [4] for segmenting the
acoustic signal into syllable-like units, in which we derive
a minimum phase signal from the short term energy func-
tion as if it were a magnitude spectrum. We have found that
the group delay function of this minimum phase signal is
a better representative of the short term energy function to
perform segmentation.

The negative derivative of the Fourier transform phase is
defined as “group delay”. The group delay function exhibits
an additive property. If

H(w) = Hy(w).Hy(w) and, 1)

Then the group delay function 75, (w) can be written as,
Th(w) = —0(arg(H(w)))/0w )
= Tn(w) + Th2 (W) 3)

From egns. 1 and 3, we see that a multiplication in the
spectral domain becomes an addition in the group delay do-
main. To demonstrate the power of the additive property of
group delay spectrum, three different systems are chosen,
where the first system consists of a complex conjugate pole
pair at an angular frequency w;, the second system with a
complex conjugate pole pair at an angular frequency w- and
the third with two complex conjugate pole pairs one at w;
and the other at wy. From the magnitude spectra of these
three systems (Figs.1(b), 1(e) and 1(h)), it is observed that
even though the peaks in Fig.1(b) and Fig.1(e) are clearly
visible, in a system where these two poles are combined to-
gether, the peaks are not resolved well as shown in Fig.1(h).
This is due to the multiplicative property of the magnitude
spectra. But from Fig.1(c), Fig.1(f) and Fig.1(i), it is ev-
ident that the group delay spectrum obtained by combin-
ing the poles together, the peaks are well resolved as shown
Fig.1(i). Further, in the group delay spectrum of any signal,
the peaks(poles) and valleys(zeros) will be resolved prop-
erly only when the signal is a minimum phase signal. In our
work, since the signal is derived from the positive function
(which is similar to magnitude spectrum), we can show that
the resultant signal is a minimum phase signal. We have
exploited the minimum phase property of the signal derived
from any positive function and the additive property of the
group delay function to segment the speech at syllable-like
entities.

In Section 2, we briefly discuss the properties of the sig-
nal derived from the magnitude spectrum. In section 3, we
discuss the proposed group delay based approach for seg-
menting the speech signal.
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Fig. 1. Resolving power of group delay spectrum: z-plane,
magnitude spectrum and group delay spectrum of the cases
when 1) a pole inside the unit circle at (0.8,7/8), Il) a
pole inside the unit circle at (0.8,7/4) and Ill) a pole at
(0.8, w/8) and another pole at (0.8, /4), inside the unit cir-
cle.

2. THE MINIMUM PHASE PROPERTY OF THE
MAGNITUDE SPECTRUM

Consider a system function, X(z) given below:

1
TN (1 — azedviz)

X(2) (4)

The square of the magnitude of the system frequency re-
sponse is given by

| X (e)[* = X () X*(e/)

= X (2)X*(1/2%)| s—eiw (%)

Let
Cz)=X(2)X"(1/z%)

1
N (1 — azeiwiz)(1 — azefwiz—1)

C(z) = (6)
From eqn.6, we can infer that, for each pole of X(z), there
is a pole of C(z) at a; and al Consequently, if one element
of each pair is outside the unit circle, then the conjugate
reciprocal will be inside the unit circle [5]. Since Fourier
transform of eqn.6 exists, inverse Z-transform of eqn.6 leads
to:

N
c(n) = Z [4i(a;e? ) "u(—n — 1) + B;(aie’™)"u(n)]
- )

If we consider only the causal portion of ¢(n), then,

N

em(n) =Y Bi(a:e’™ ) u(n) ®)

i=1

From eqn.8, we conclude that, the causal portion of the in-
verse Fourier transform of the squared magnitude spectrum
of a signal whose root is at ’a;’ or al , with |a;] < 1,
will have a root at ’a;’, ie, the resultant signal will always
be a minimum phase signal. But since the duration of the
causal portion of the root cepstrum is finite, the z-transform
of the signal will have spurious zeros. These zeros may
affect the positions of the actual zeros present in the sig-
nal. Hence to overcome this problem, the squared magni-
tude spectrum can be inverted (1/(|X (e?~)|2) and another
minimum phase signal derived using the same algorithm, if
zeros are of interest.

Instead of taking the squared magnitude spectrum, in
fact, we can take | X (e/*)|”, where ~ can be any valuel.
Then, | X (e’*)| can be expressed as the Fourier transform
of the autocorrelation of some sequence y(n). Basically,
the root cepstrum of any signal z(n) can be thought of as
the autocorrelation of some other sequence y(n).

3. GROUP DELAY BASED SEGMENTATION OF
SPEECH

3.1. Baselinesystem

In [6, 7] it is shown that if the signal is minimum phase, the
group delay function resolves the peaks and valleys of the
spectrum well. If the short-term energy function is thought
of as a magnitude spectrum, an equivalent minimum phase
signal can be derived, as explained in Section. 2. The peaks
and valleys of group delay function of this signal will now
correspond to the peaks and valleys in the short-term energy
function. In general, the number of syllables present in a
speech signal is equal to number of voiced segments. In the
short-time energy function of any syllable as a segment, the
energy is quite high in the voiced region and tapers down
at both the ends, where a consonant may be present, but
with local variations. If these local variations are smoothed,
then the valley points at both the ends of a voiced region
can be cosidered as syllabe boundary. The algorithm for
segmentation of continuous speech using this approach is
given below.

e Letx(n) be the given digitized speech signal of a con-
tinuous speech utterance.

10ther values of 7 say, v < 1 is especidly useful in formant and an-
tiformant extraction from the speech signal when the dynamic rangeis very
high.



e Compute the short term energy function E(n), using
overlapped windows. Since this is viewed as an arbi-
trary magnitude spectrum, let it be denoted as E(K)

e Construct the symmetric part of the sequence by pro-
ducing a lateral inversion of this sequence about the
Y-axis. Let this sequence be E(K).

e Invert the sequence E(K), since our interest is in the
valleys, which are supposed to be the syllable bound-
aries. Let the resultant sequence be E*(K).

e Compute the inverse DFT of the sequence E*(K).
This resultant sequence &é(m), is the root cepstrum
and the causal portion of it resembles the properties
of the minimum phase signal.

e Compute the minimum phase group delay function of
the windowed causal sequence of &(m) ([7, 6]). Let
this sequence be Fyq(K).

e The location of the peaks in the minimum phase group
delay function E,4(K’) approximately correspond to
the sub-word/syllable boundaries.

Fig.2 demonstrates the segmentation of a spontaneous speech
signal at syllable boundaries. The manually marked bound-
aries are indicated by solid lines, while the group delay
boundaries are indicated by dotted lines. The spurious bound-
aries are indicated by dashed lines. From Fig.2, it can be
noticed that most of the syllable boundaries detected by our
approach nearly coincide with the manually marked bound-
aries. But it fails considerably in non-speech regions, for ex-
ample the first segmentation point, whose duration is quite
high and at fricative speech segments.
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Fig. 2. Group delay based segmentation - an example.

3.2. Sub-band based system

The group-delay function resolves even very closely spaced
poles well when they are separated by a zero, provided the

radius of the zero is also close to radii of the adjacent poles.
In other cases, there may be some degradation in the per-
formance. Three possible places where failure may occur
are, (i) at the silence region, where the duration of the si-
lence is considerable. (ii) at the fricative segments, where
the energy of the fricative is quite high and (iii) at semivow-
els, when it comes in the middle of any word. To overcome
this problem, on advice from Steven Greenberg at ICSI [8],
a sub-band based approach to syllable segmentation is at-
tempted. Instead of using the group delay function derived
from the short term energy function of the original signal
alone, here, three group delay functions are derived, each
derived from three sub-bands of the original speech signal.
The basic steps involved in this approach for segmenting the
speech signal at syllable-like units is given in the block dia-

gram (Fig. 2).
z(n) Prap
0 Peak Picking
Removing Short-Term Group Delay
—>
Silences Energy Fn. Function Algorithm
Pry,
Peak Pickin i
Low - Pass Short-Term Group Delay . ’ Combining
[ Fiter Energy Fn. Function Algorithm Evidences
B
Pryy
Ly| Band-Pass Short-Term Group Delay Pk Picking
Filter Energy Fn. Function Algorithm

Fig. 3. Block-diagram of sub-band based approach.

(a) Silence removal : In the silence region of speech,
we are supposed to get one peak in the middle. But since
the poles are placed consecutively without any zeros in be-
tween, we may get two peaks or even multiple peaks, which
is undesirable. To avoid this problem, the silence segments
present in the speech signal should be removed. Based on
the knowledge derived from the energy, zero-crossing rate
and the spectral flatness of a frame the decision is made. If
the silence is present in more than two frames of the signal,
then that particular segments are removed from the original
speech signal.

(b) Filtering : In the speech signal, x(n) if a fricative is
present, when we compute the energy function, we may
get a peak at those segments. This will be manifested in
the group-delay domain also, which is a spurious peak. To
avoid this, the signal, x(n) is low-pass filtered to remove
the high frequency fricatives. Because of this, the segment
boundary may be slightly shifted. So the group delay func-
tion derived from this should not be considered as the ref-
erence. But it is used to ensure whether the peak present
in the group delay function derived from the original signal
is because of the fricative or not. If we apply a band-pass
filter to the original signal, since the energy of the semivow-



els are concentrated at low formant frequencies alone, the
semivowels will be attenuated severely without affecting the
vowel regions much. This will ensure that a peak will be
present at semivowel segment also.
(c) Energy function Computation : For all the three types
of signals, the short-time energy function is calculated with
frame-size of 25msec and frame-shift of 5msec. The time
resolution in the short-time energy function depends on the
frame-shift. Therefore, the average minimum error intro-
duced in segmentation is equal to frameshift/2.
(d) Group-delay function Computation : From the short-
time energy functions, the group-delay function is computed
using the same algorithm explained in Section.(3).
(e) Peak-picking algorithm : From the group delay func-
tions derived from the different short-time energy functions,
the positive peaks alone picked using a simple peak-picking
algorithm. The peaks derived from all-pass, low-pass and
band-pass filtered signals are denoted as, P;,p, Prp and
Py, respectively.
(f) Combining Evidences: The peaks derived from the dif-
ferent group-delay functions are combined using the follow-
ing logic.

P, =(Pi AP:) (9)

if (Pr,, ~ Pr,) < 20msecV i where ’i’ is the ith peak in
the group delay function.

P, =P, V(P AP ) (10)

if 50msec < (P7,, V P}, ) < 100msec, V i.

3.3. Performance

The Switchboard corpus is used for analyzing the perfor-
mance of our system. Switchboard is a corpus of several
hundred informal speech dialogs recorded over the telephone.
For our analysis, we have considered over 5000 speech di-
alogs. The duration of the speech signals varies from 0.5sec
to 25sec. The performance of the base line system and the
sub-band based approach are given in Table.1.

error (in msec) A B
<25 52.00 | 66.93
25-40 19.66 | 18.46
40 - 60 13.98 | 12.54
60 - 80 14.35 | 2.05
insertion 10.75 | 5.25
deletion 9.50 | 7.10

Table 1. Performance (in %) of the group delay based seg-
mentation approach (A) Base line system. (B) Sub-band
based system.

4. CONCLUSIONS

In this paper, a novel approach for segmenting the speech
signal into syllabic units is presented. The performance of
the minimum phase group delay function based segmen-
tation approach is tested on Switchboard corpus and it is
found to be quite satisfactory. It is further shown that the
performance can be significantly improved by a sub-band
based approach. The advantage of segmentation prior to la-
beling in speech is that it can be independent of the task.
Simple isolated syllable models can be built from the seg-
mented data. Once syllable sequences are available, appro-
priate post-processing can be done to build systems for spe-
cific task.
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