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Abstract. In this paper, we define an algorithm with low complexity which performs a new use of
the linear prediction analysis (covariance method) to retrieve the maximum-phase component of
speech signals. First, we study the mixed-phase model of speech through a new representation
named the Zeros of Z-Transform (ZZT) in the z-plane, which is an all-zero representation of the ztransform of a discrete time signal. Then, based on the properties of the mixed-phase model, we introduce an algorithm to estimate the anticausal glottal flow component from speech signals. LP-covariance analysis is used to estimate a pole pair outside the unit circle corresponding to the anticausal poles of the source signal component in the mixed-phase speech model. Given the pair of anticausal poles, a procedure to resynthesize the anticausal part of the glottal flow, and then an open
quotient estimation method, are proposed. Evaluations show that the method is high quality for analyzing synthetic speech but lacks robustness in analysis of natural speech.
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Introduction

This study targets estimation of the anticausal component in speech due to the first phase of the glottal
flow (i.e. the glottal flow signal without the return phase). Our study is based on the mixed-phase speech
model, which assumes that the speech signal is produced by convolution of a maximum phase glottal excitation signal with a minimum phase vocal tract filter impulse response [1].
When an all-pole model is studied for such a mixed phase signal, some of the poles fall outside the
unit circle. In speech processing, poles outside the unit circle are most of the time (if not all) avoided/reflected due to the minimum-phase assumption. In this study, we follow the inverse path : we try to find
outside poles for estimation of glottal flow characteristics.
The minimum-phase assumption relies on two properties : stability and causality. All the poles of a
signal that is causal and stable must lie inside the unit circle on the z-plane. However, in the mixedphase speech model, our assumption is : the speech signal is obtained by convolving an anticausal and
stable glottal flow signal with a causal and stable vocal tract filter. The resonances due to the glottal flow
signal correspond to poles outside the unit-circle on the z-plane but these poles are anticausal, and therefore still stable. The mathematical background for the glottal flow poles that are outside the unit circle
can be found in [2].

Fig. 1. The mixed-phase speech model

In Fig. 1, we present the mixed-phase speech model in the time domain, in the frequency domain
through amplitude and group delay spectra, in the z-plane through all-pole representation and zeros of
z-transform (ZZT) representation. ZZT representation is a new representation that serves as a domain to
study z-transform characteristics of an actual discrete time signal. The ZZT representation, is defined as
the set of roots/zeros (which can be found by some numerical method) of the Z-transform polynomial for
a discrete time signal [3]. The last row of Fig. 1 includes the ZZT representations (roots plotted on the zplane) of the glottal flow derivative, of the truncated vocal tract impulse response and of the speech signal obtained by convolution of these two signals (a convolution operation in the time domain corresponds to the union of ZZT sets). It is necessary to use such a representation in a practical framework
where actual speech signals are to be analyzed, since the existence of the mixed-phase characteristics on
speech data (therefore the existence of poles outside the unit circle) depends on the windowing applied.
Systematically studying the ZZT of windowed speech signals, we showed that the windowing needs to be
properly performed (a Blackman, Gaussian or Hanning-Poisson window of less than two pitch periods
size, centered at glottal closure instants) to be able to extract speech data which have the same mixedphase ZZT structure as that of the theoretical signal presented in Fig. 1 [3].

The ZZT representation is composed of N-1 zeros plotted on the z-plane. It is important to note that
the ZZT of glottal flow are located outside the unit circle (with an exception at the origin) surrounding
zero-gaps at the location of the poles presented in the all-pole representation. The ZZT of speech signal
is organized such that ZZT of glottal flow and ZZT of vocal tract fall on opposite sides of the unit circle
in z-plane.
Mixed-phase characteristics are best observed on group delay spectra since causality/anticausality of a
resonance cannot be observed on the amplitude spectra. As seen on the third row of Fig. 1, the group delay spectrum of the glottal flow includes a negative peak that also contributes to the speech signal group
delay as a negative peak at low frequency part of the spectrum since convolution in time domain corresponds to addition in group delay domain. The anticausal (outside of the unit circle) poles of glottal flow
signal which causes negative group delay peak is presented in the all-pole representation on the fourth
row of Fig. 1. The region of convergences (ROC) are also indicated on the all-pole representations,
which is also linked to causality-stability of the signals. All of the three signals are stable since unit circle is included in the ROC.
Based on the processing of the ZZT of speech signals, we have developed a glottal flow parameter estimation method [4]. However methods including computation of ZZT are computationally heavy since
roots of high order polynomials need to be computed, therefore computationally more efficient methods
are needed. This study investigates utilization of linear prediction methods to track outside poles due to
the glottal flow contribution in the speech signals.
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The MixLP algorithm

The proposed Mixed-Phase Linear Prediction (MixLP) algorithm, for detecting a pole pair outside the
unit circle corresponding to the contribution of the maximum phase glottal flow signal, is presented in
Fig. 2a. First, a glottal closure instant (GCI) synchronous windowing is applied to the speech signal and
a single pitch period length signal in-between two consecutive GCI marks is extracted with the method
explained in [5]. Obtained speech frame is integrated, to remove the lip radiation contribution. LP-covariance analysis [6] is applied to this signal, which is expected to result in a pole pair outside the unit
circle and several other pole pairs inside the unit circle. This is a particular property of the LP covariance analysis, usually considered as a sign of unstability of the estimation algorithm [7].

Fig. 2. MixLP algorithm flow diagram

It is interesting to mention some of the investigations performed during the design of the algorithm.
Our first investigation was to find optimum windowing since the existence of poles outside the unit
circle heavily depends on the applied windowing. Although we have shown through ZZT representation
that mixed-phase characteristics can be observed on the Fourier transform of the windowed speech signal when the window is centred at GCI, such windowing is not appropriate for estimation of poles outside the unit circle with LP-covariance. By applying sliding window analysis and checking correctness
of estimates on synthetic speech signals, we have observed that the end of the window must be synchronized with the GCI (a few samples before the GCI is a good choice for safety) and including even a few
data samples after the GCI results in no poles outside the unit circle most of the time. A second investigation was on the order of the LP analysis, tested in the range [2-32] for 16000Hz synthetic speech signals (for which the LF model was used to synthesize glottal flow excitation and filtered by a four polepair all-pole vocal tract filter). The LP degree which provided best estimates is 14 or higher.

3

Analysing synthetic and natural speech

In order to test the MixLP algorithm we have designed a method to estimate the open quotient (Fig. 2b)
from poles outside the unit circle. This includes the resynthesis of the glottal flow from the poles, which
is achieved by : synthesis of a causal signal by computing the impulse response of a two-pole filter with
the inverse-conjugate poles, and time reversion of this signal. A differentiation provides the differentiated glottal flow. In Fig. 3 we present an example of a glottal flow estimate using the MixLP method, together with a glottal flow estimate using a well-known inverse filtering algorithm (PSIAIF [8]). The
open quotient is estimated on the differentiated glottal flow with a zero-cross detection method.

Fig. 3. Resynthesized glottal flow signals obtained with the MixLP and PSIAIF algorithms

Fig. 4. Real and estimated open quotient , based on synthetic speech (a sustained vowel with constant first formant
and return phase) for several values of the pitch

For evaluation of the open quotient estimation method, tests were conducted on synthetic speech signals, in which several parameters (pitch, spectral tilt, first formant frequency and open quotient) were
varied systematically and higher formant frequencies are kept constant. Due to space limitations, we
only present the output of our test for checking the robustness of estimation to pitch variations in Fig. 4.
Some conclusions are : the error is small when the open quotient is higher than 0.7, and otherwise it is
negligeable.

Moreover, the open quotient is better estimated if the return phase is short, and especially if the pitch
is high. This open quotient estimation method was also compared to a well-known algorithm ([9]). Both
methods provide similar results but the MixLP estimation method is more effective when the first formant frequency is small.
The open quotient estimation on natural speech was also tested. As a reference for the open quotient
estimation tests, we used open quotient estimates obtained from differential electro-glotto-graph signals
by using a thresholding method. Observations on a few natural utterances showed that the MixLP estimation method is not robust as the estimation error depends on the phonetic context.

4

Conclusions

In this paper, we have discussed the mixed-phase characteristics of windowed speech signals through zeros of z-transform (ZZT) representations which corresponds to the set of roots of the z-transform polynomial for a discrete time signal. ZZT representation appears to be an effective representation for studying
mixed-phase characteristics of signals in the Z-domain. For speech signals, the observation of mixedphase characteristics depends on the applied windowing and GCI synchronous windowing is necessary.
A linear method was presented here for estimating the maximum phase glottal flow signal and the open
quotient. Tests showed that open quotient estimation can be successfully performed on synthetic signals
with LP-covariance analysis but the method lacks robustness when real speech signals are analyzed.
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