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Abstract: In this paper we propose improvements to a
recent algorithm of speech decomposition into glottal
source and vocal tract contributions. This algorithm is
based on the Zeros of the Z-Transform (ZZT)
representation and requires restrictive conditions
about the analysis window. Inaccurate results of
decomposition can occur if these conditions are not
fulfilled. The improvement method consists in
considering an analogy with the LF model for the
glottal source and a tube model for the vocal tract.
Results are presented for a sustained vowel /a/ in both
time and spectral domain. Future developments are
also proposed.
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I. INTRODUCTION
Analysis of the glottal source has been investigated by
researchers because it has applications in different fields
like speech recognition or voice quality modification.
Among glottal source estimation techniques described in
literature, some use iteratively the inverse filtering
method [1] in order to remove the vocal tract contribution
in speech while other apply the LP analysis only during
the closed-phase of the glottal source [2] in order to
minimize its effect on vocal tract estimation. Another
method uses the ARX model [3] in order to jointly
estimate glottal source model and vocal tract model
parameters. Finally some methods focus on the
estimation of glottal source parameters like Open
Quotient [4] or Glottal Closure Instants (GCI) [5 ,6].
Recently another technique of decomposition of speech
into glottal source and vocal tract contributions was
proposed. This technique uses the ZZT representation of
speech [7] and is particularly sensitive to GCIs
localization. Applied to real speech signals, errors on the
estimation of these instants can sometimes lead to noisy
decomposition results. That is why improvements of this
decomposition are presented here.
This paper is organized as follows. In section II the
ZZT representation is defined, the ZZT-based
decomposition and its improvements are described. In
section III the results of improvements are presented for a
sustained vowel /a/ and compared with results obtained
without correction. In section IV the results are discussed
and the perspectives are presented.

II. METHODS
A. Database
Test signals were recorded (16 kHz-16 bits) in TCTS
Lab and are real sustained vowels /a/, /e/, /o/ and real
transitions between these vowels.
B. ZZT representation and decomposition algorithm
For a N samples signal x(n), the ZZT representation
[7] is defined as the set of roots Zm of the z-transform X(z)
of the signal x(n):
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In order to decompose speech into glottal source
(glottal flow derivative) and vocal tract impulse response
[7], ZZT are computed on frames centered on each GCI
(computed by the algorithm described in [5]) and where
length is twice the fundamental period at the considered
GCI. The glottal source spectrum is then computed from
zeros with modulus greater than 1 (maximum-phase
components) and the vocal tract spectrum from zeros
with modulus lower than 1(minimum-phase components).
C. Improvement of the decomposition
Due to errors on the estimation of GCIs,
decomposition results can sometimes be noisy, and thus
not suitable for accurate analysis of the glottal source.
Experiments showed that, if ZZT-based decomposition is
computed for several frames whose center is shifted by
few samples around a GCI, better results can be obtained
for an instant close but not identical to this GCI. The
method considers here, for a range of shifts around GCIs
in voiced island of speech, the vocal tract candidate
(VTC) and the glottal source candidate (GSC) obtained
from ZZT-based decomposition in order to determine
which shift provides the best results for each GCI.
Concerning the glottal source, an analogy is made
with the LF model [8]. Indeed, considering GSCs
obtained for shifts around a given GCI, inaccurate
decompositions are mainly characterized by a lot of
energy located in frequencies higher than 2 kHz, contrary
to LF model in which energy is mainly located below 2
kHz. Each GSC is therefore characterized by the energy

ratio between the 0-2000 Hz band and the whole
spectrum:
𝐸𝑛𝑒𝑟𝑔𝑦 [0−2000 𝐻𝑧]
𝐹𝑒𝑎𝑡𝑢𝑟𝑒 𝐺𝑆𝐶 =
(2)
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The vocal tract being a physical system with its own
structure and elasticity, it is assumed that, during the
production of a sustained vowel, it has to be as
continuous as possible in terms of geometry. To express
this continuity, the tube model [9] for the vocal tract is
used and the radiuses of this model are computed by LP
analysis [10] of the vocal tract impulse response (order
set to 18). Each VTC is therefore characterized by a
vector of 19 radiuses.
Around each GCI, the shift corresponding to the best
decomposition must be a compromise between two
criterions:
 GSC: among all the candidates, the elected one
must be characterized by the biggest energy ratio
between the 0-2000 Hz band and the whole spectrum.
The criterion is thus the minimization of the energy in
high frequencies.
 VTC: during the production of a sustained vowel,
the geometry of the vocal tract cannot vary too much
between two consecutive GCIs. Among all the VTCs,
the elected candidate must be the one for which the
vector of radiuses is the closest to the one
corresponding to the candidates for the past and the
next GCI. The criterion is thus the maximization of
the continuity of the vocal tract geometry.
A dynamic programming algorithm is therefore
implemented to optimize these criterions on the whole
voiced island of speech (see Fig. 1).

Fig. 1 Dynamic programming algorithm (1 shift before
and after each GCI – 3 states)
In this algorithm each step corresponds to a GCI and
each state corresponds to a particular shift around this
GCI. The goal of this algorithm is to find the best path
among all the shifts by minimizing a cost function on the
whole voiced island of speech:
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where i stands for the step index, j for the state index at
step i, k for the state index at step i-1, TC (Transition

Cost) stands for the difference of the radiuses between
VTC at state k and VTC at state j, OC (Observation Cost)
stands for the inverse of the feature defined for the GSC
at state j. At the end of the voiced island of speech, the
best path is chosen as the one with the lowest cumulated
cost. The position of the GCIs can thus be corrected
according to this choice.
III. RESULTS
As explained in Section II, the dynamic programming
algorithm determines the best shift around each GCI
according to constraints defined by the cost function. Fig.
2 shows the evolution of its decision for the sustained
vowel /a/ and for 4, 6 and 8 samples of shift before and
after each GCI (9, 13 and 17 states).

Fig. 2 Decision of the algorithm (from top to bottom: 4, 6
and 8 samples of shifts before and after each GCI)
One may see in this figure that considering 4 samples
of shift is not enough (saturation is visible in the decision
of the algorithm) while computing the decomposition for
8 samples is not necessary (the decision is nearly the
same than for 6 samples). However we will show in the
next subsection that the results obtained for 4 samples of
shift are accurate enough. A shift of 4 samples before and
after each GCI is therefore considered as a good choice
because the improvement obtained for more samples of
shift does not justify the increasing cost of computation.
From now on the results are presented for 4 samples of
shift.
A. Results of improvements in time domain
Fig. 3 shows the glottal sources obtained with and
without correction. One may see in this figure that the
noisy components are corrected and that the accurate
ones before correction remain unaltered. The vocal tract
responses are not displayed because the spectral domain
is more suitable in order to observe the improvement on
this component.

are less present after correction and the energy bursts in
high frequencies have disappeared.

Fig. 3 Improvement of the glottal source in time domain
(a: without correction; b: with correction)
B. Results of improvements in spectral domain
In this study a GCI-synchronous spectrogram is
computed. This representation shows the evolution of the
normalized spectrum of each GCI-centered period of
glottal source and vocal tract response. Fig. 4 shows the
GCI-synchronous spectrogram for the glottal source
without and with correction.

Fig. 5 Improvement of the vocal tract response in spectral
domain (a: without correction; b: with correction)
C. Indicators of improvement
In order to quantify the amount of improvement for
the two components, indicators are proposed. The glottal
source indicator is defined as:
100 𝑥
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where Mgfaf stands for the magnitude of the glottal
formant (spectral resonance detected in the 0-250 Hz
band) after correction, Mgfbe stands for this magnitude
before correction, Faf stands for the energy ratio of the
glottal source after correction and Fbe for this ratio before
correction. Fig. 6 shows this indicator for the whole
sustained vowel /a/.
Fig. 4 Improvement of the glottal source in spectral
domain (a: without correction; b: with correction)
Accurate glottal sources are characterized by a
resonance in low frequencies (the glottal formant) and
energy located below 2 kHz while the noisy ones have
more energy in higher frequencies. After correction the
noisy glottal sources are closer to the other accurate ones.
Concerning the vocal tract impulse response, the
formants detected by Wavesurfer [11] on the speech
signal are superimposed on the spectrogram in Fig. 5
(dotted lines). The correlation between the trajectory of
the formants and the ones detected by Wavesurfer is good
before correction although there are discontinuities in the
formant trajectories for some GCIs. These discontinuities

Fig. 6 Glottal source indicator

This indicator shows strong peaks (full arrows) at the
GCIs for which the resonance in low frequency is not
strong enough before correction and smaller peaks
(dotted arrows) at those for which the glottal sources have
resonance in low frequencies before correction and are
less noisy after correction.
The vocal tract indicator uses the information from
Wavesurfer in order to quantify the improvement in an
objective way. The formant indicator is defined as:
100 𝑥

𝑀𝑎𝑓 −𝑀𝑏𝑒
𝑀𝑏𝑒

(5)

where Maf stands for the magnitude at the formant
frequency in the vocal tract spectrum after correction and
Mbe stands for this magnitude before correction. The
indicator for the vocal tract is the sum of the formant
indicator for the two first formants detected by
Wavesurfer. Fig. 7 shows this indicator for the whole
sustained vowel /a/.

tract response using analogy with the LF model for glottal
source and tube model for the vocal tract. These two
components are characterized by features used in a
dynamic programming algorithm in order to better
determine the position of GCIs in voiced islands of
speech. Accurate results are obtained for sustained
vowels. ZZT-based decomposition and its improvement
can lead to computation of parameters like open quotient
or asymmetry coefficient [8] and adequacy between LF
model and glottal sources obtained from real speech
signals. In case of vocal folds pathology, the observation
of ZZT-based decomposed sequences could lead to
propose a new model for the glottal source.
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Fig. 7 Vocal tract indicator
This indicator shows strong peaks (full arrows) at the
GCIs for which the discontinuity in the formant
trajectories is important before correction and smaller
peaks (dotted arrows) at those for which the energy in
high frequencies is more important than for other GCIs
before correction, but without discontinuities.
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