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Abstract: In the study a simple conversion of the voice character using a
modification of the glottal pulse is shortly described. The glottal signal is estimated
by homomorphic speech deconvolution of the speech signal into the maximum- and
minimum-phase parts. The maximum-phasepart is an approximation of the glottal
signal. For speech reconstruction the parametric mixed phase speech generation
model based on the complex cepstrum is used, which takes into account not only the
magnitude spectrum of the modeled speech frame, but also the phase spectrum.
1

Introduction

The parametric speech generation model based on the complex cepstrum wasdescribed in the
papers [1, 2]. This modeling approach takes into account not only the magnitude speech
spectrum, but also the phase properties of the speech signal. For that reason the speech signal
is approximated with higher accuracy.
The conventional parametric speech model (Fig. 1) of the source/filter type contains the
excitation model, a periodic pulse generator for voiced speech and a white noise source for
unvoiced speech and a digital filter, which models the vocal tract. This filter can be
constructed using linear prediction or based on the real cepstrum and the Padé approximation
(3, 4, 5]. Both approaches lead to a minimum-phasefilter. The initial part of the impulse
response of a minimum-phasefilter contains the maximum energy of the impulse response
whichis the cause ofthe so called buzz effect of the resulting synthetic speech.
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Figure 1 — Parametric cepstral speech model.

A vocal tract model based on the complex cepstrum is a mixed phase system [1, 2]. Such a
speech generation model does not suffer from the buzz effect and the speech reconstructed
using this system is more natural than in the case of a minimum-phase model.
The complex cepstrum also allows the decompositions of the speech signal into the minimumand maximum-phaseparts [6]. In the paper[7] it is stated that the maximum-phasepart of the
speech signalis first of all given by the open phaseofthe glottis. Shortly, the maximum-phase
part of the speech signal can be considered as the excitation, i.e. as the glottal signal.
Considering that the speech model based on the complex cepstrum leads to a very natural
speech synthesis and enables the decomposition of the speech signal into excitation and the
vocal tract impulse response, we decided to experiment with the maximum-phase speech
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component, i.e. with the excitation signal, with the aim to change the voice quality, e.g.
normal, tense, loose, etc. An inspiration for this was the masterthesis [8] about the analysis of
the glottal signal.

2

Complex Cepstral Speech Analysis

For complex cepstral speech analysis we use pitch synchronous segmentation, which has to be
preceded by pitch pulses localization (estimation of glottal closure instants GCI). One
analyzed speech frame consists of two pitch periods, where the pitch pulse is in the middle of
the frame. Frameshift is set to one pitch period. Then a weighting window is applied on the
frame. The type of the weighting window has an impact on the spectrum and also on the
cepstrum of the speech frame. The widely used Hamming windowis in this case not suitable,
because it does not suppress the periodicity of the frame completely and for this reason the
spectrum of the frame is partially harmonic and the cepstrum contains also small periodic
lobes. A better choice is the Hann or Blackman window. Some information about appropriate
time windowsfor cepstrum analysis can be foundin [6].
Let {s,} be the windowed speech frame of the length N, sampled with the sampling
frequency F,. The corresponding complex cepstrum {8,} is a two sided real, in general
asymmetric sequence, which can be estimated using the fast Fourier transform (FFT) with the
dimension MM. In this case we obtain a time aliased version of the complex cepstrum, but using
a sufficient high dimension of the FFT, M > JN, the aliasing can be reduced.
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The sequence {S,} is the complex spectrum of the speech frame. The imaginary part of the
logarithmic spectrum S,» 1. argS,, is the unwrapped phase sequence. The linear component
in the phase unwrapping is an important parameter for the synthesis part of the vocoder. The
part of the complex cepstrum {8,} for 0<n will be called causal cepstrum, the part of {8,}
for 0<xn anticipative cepstrum.

3

Speech Reconstruction from the Complex Cepstrum

Speech is synthesized by a parametric model. Voiced speech is generated by excitation of the
vocal tract model by the Dirac impulse. Unvoiced speech is generated by excitation of the
vocal tract by a white noise generator. Because the convolution of the Dirac impulse and the
impulse response of the vocal tract model is senseless, the convolution for voiced speech can
be omitted. After the convolution we must use the overlap and add (OLA)algorithm to fold
up the resulting speech, because the segmentation in the analysis is performed also with
overlapping.
In the inverse cepstral transformation it is important to use the linear component from the
phase unwrapping, which can beinterpreted as a signal delay. If we omit this term, the
successive impulse responses can have different time shifts, which results in a rough quality
of the synthetic speech.
The vocal tract model is designed as a finite impulse response (FIR)filter and performs the
convolution of the excitation and the impulse response, which is computed as the inverse
cepstral transformation of the windowed complex cepstrum into the time domain. The used
cepstral windowis rectangular and selects only the relevant cepstral coefficients near n = 0.
These cepstral coefficients correspond to slow changes in the spectrum magnitude, the fast
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changes can be caused by the fundamental frequency or by other disturbances. The length of
the cepstral window must be chosen with regard to the accuracy of the vocal tract model, the
frame length and the sampling frequency. For fF, = 8 kHz we use a cepstral window ofthe
length N = 50, whichis centered on n = 0.
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Figure 2 - Complex cepstrum speech analysis and synthesis with conversion of the maximum phase
componentobtained from the anticipative complex cepstrum.

4

Conversion of the Maximum-PhasePart of the Speech Signal

Many authors agree in the fact that the character of the emotional speech is given by the
excitation produced by the glottis. As already mentioned the complex cepstrum is composed
by the causal and the anticipative parts. After separate inverse cepstral transformation of the
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Figure 4 - Comparisonof the original speech, mixed phase resynthesis and mixed phase resynthesis
with the converted maximum-phase component (OQ = 0.54 — 0.36)
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Figure 5 - Complex cepstrum speech decomposition in maximum- and minimum-phase components
and the extension of the maximum-phasepart.
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Figure 6 - Comparison of the original speech, mixed phase resynthesis and mixed phase resyntesis
with the converted maximum-phase component (OQ = 0.54 — 0.90).

5

Conclusion

The aim of the described speech conversion is only a modification of the glottal pulse. This
results in a change of the voice character and does notalter the voice identity. Together with a
change of the prosody, this conversion could be exploited for the synthesis of emotional
speech.
Speech converted in our study sounds according to the assumption little bit tense for the
shortening of the maximum-phase speech componentanda little bit loose for the extension of
the maximum-phase component. When trying to change the style of emotional speech we
have to changealso in addition to this speech modification the prosody of the speech (i.e. FO,
timing and intensity). As discussed further we had some problems in some speech parts with
the maximum- and minimum-phase speech decomposition using the complex cepstrum.
Therefore we performed these experiments only with steady parts of vowels.
The decomposition of the speech signal based on the complex cepstrum into the minimumand maximum-phase parts requires precise localization of the pitch pulses, i.e. the GCI for
pitch synchronous segmentation and is very sensitive to the applied window for the weighting
of the modeled speech frame [6, 7]. The best results can be achieved using the HannBlackman or the Blackman window. These windowsare on the other hand not optimal from
the point of view of the speech reconstruction, because after the application of the OLA
algorithm in speech synthesis they do not ensure a constant (not rippled) signal envelope.
From this point of view the best choice is the Hann window, which fulfils the constant
response in adding the synthesized frames by OLA.
The estimation of the complex cepstrum requires also a reliable algorithm for phase
unwrapping. This can be sometimes achieved using a sufficient high dimension of the FFT.
Nevertheless in the cepstral analysis of natural sounds it can occur that the estimation of the
maximum-phase part does not lead to a reasonable glottal pulse (the spectrum of the
maximum-phasepart is not falling). Also in this case the speech reconstruction is possible,
but the described conversion of the glottal pulse results in a total destruction of the
synthesized signal. For that reason weshall try to apply the zeros of the Z transform of the
windowed speech frame for the calculation of the complex cepstrum [7]. This approach
eliminates phase unwrapping and mayhelp to understand the reasons of sometimes unreliable
maximum-phase components.
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