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ABSTRACT

The motivation for this study is the need for careful analysis of aperi-
odicity of the excitation component in expressive voices. The paper
proposes analysis methods which can preserve the excitation infor-
mation corresponding to sequence of impulse-like excitation with
variable strengths. To analyze the details of the excitation source
characteristics, the epochs and the strength of the excitation at the
epochs are obtained using the output of an ideal zero-frequency dig-
ital resonator. The vocal tract system characteristics are derived from
the signal between two successive epochs using the numerator of the
group delay function. The spectrogram of the zero-frequency filtered
signal and the group delay spectrum correspond to characteristics of
the excitation and the vocal tract system, respectively. Decomposi-
tion of the speech signal into these two components bring out the
features of excitation and vocal tract system, which can be used to
explain the perception of expressive voices in terms of features of
aperiodicity, pitch, harmonics and sub-harmonics. The decomposi-
tion method is illustrated using examples from linguistically signif-
icant glottalized sounds (glottal stops and ejectives), singing voices
and Noh voice.

Index Terms— Epochs, group delay spectra, aperiodicity, sub-
harmonics, glottalized sounds, singing voice, Noh voice

1. INTRODUCTION

Speech signals are produced by exciting the time varying vocal tract
system with a time varying excitation. Source filter theory is nor-
mally assumed for analysis of the characteristics of the vocal tract
system and the excitation source components. The operation of the
source-filter combination is assumed to be linear in extracting the
component information from the speech signal. However, the speech
signals are generated by the strong nonlinear physiological system of
the human speech production. In particular, the nonlinearity of the
vocal fold tissues in the vibration of the vocal folds at the glottis is
the primary mode of excitation of the vocal tract system. The re-
sulting excitation component is assumed to be quasi-periodic. The
chaotic components due to air turbulence, especially near the glot-
tal closure, are assumed to be additive in the linear acoustic sys-
tem model. The aperiodicity of the vocal fold vibration is gener-
ally assumed to be a small perturbation or deviation from the quasi-
periodicity assumptions.

But in actual speech production, the nonlinearity and the aperi-
odicity of voiced signals convey not only linguistics information in
certain sounds [1] [2], but also indicate the special quality of the

voice source in certain singing voices [3, 4]. The extremely ex-
pressive voice quality in special types of artistic voices as in Noh
(a traditional performing art of Japan) [3] and in singing [4] demon-
strates the significance of the sophistication of voice signals, which
are perceived and appreciated by human listeners, but are extremely
difficult to express the quality in quantitative terms. This expressive
voice quality also conveys the emotional message by the performer.

Therefore what is needed is to understand the significance of
various components of expressive speech, especially the voiced exci-
tation produced at the glottis, and extract the component information
from speech signals to derive some measurable parameters to quan-
tify such voices. The expressive components of speech is mostly due
to aperiodicity and turbulence of the voice signal generated by the vi-
brating vocal folds at the glottis due to subtle control of the organs
involved in speech production by a trained artist. Due to extreme
nature of variations of the vocal mechanism, these aperiodic and
turbulent components cannot be treated as merely deviations from
the quasi-periodicity and additive random component to the linear
model.

One clue for analysis of such signals is to assume that the vocal
tract system is excited by a sequence of impulse-like excitations oc-
curring at irregular intervals, and with non-uniform strengths. Each
of these exciting impulses produces a response of both the vibrating
system at the glottis as well as the dynamic vocal tract system in-
cluding the nasal tract. It may also be assumed that the perception
of pitch, harmonic and sub-harmonic components of voice signals in
speech could be due to the sequence of impulse like excitations oc-
curring at regular or irregular intervals, with non-uniform strengths.
For example, it is obvious that the sinusoidal (artificial larynx) or
random noise excitation (as in breathy voice) cannot produce percep-
tion of harmonics and sub-harmonics of the fundamental (i.e., pitch).
Note that the information of the production of the impulse-like ex-
citation sequence can be described well only in the time domain,
and not through transform domain parameters such as harmonics,
spectral amplitudes, etc., as the latter description requires process-
ing a block of speech signal. The choice of the size of the block
is somewhat arbitrary. Moreover, such block processing is likely to
smear the perceptually vital information in the timing information
in the sequence of impulses. It is also likely that the block process-
ing may combine the effects of aperiodicity due to irregular intervals
of pulses and that due to non-reproducibility of the waveform be-
tween successive intervals, besides the random noise component due
to turbulence. Therefore it is preferable to extract and represent this
source information in the time domain itself as far as possible. Then
it may be easier to explain the perception of harmonic, sub-harmonic
and breathy characteristics of the excitation source effectively.
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The response of the vocal tract system needs to be captured
around the instant (epoch) of impulse-like excitation, due to the time
varying nature of the vocal tract system and also due to the time vary-
ing movement of tissues near the glottis. In other words, it is neces-
sary to determine the response of the system from the signal between
two successive epochs. The challenge here is the short duration of
the signal available for analysis of the frequency components, as the
system response is usually characterized by the frequency response.
Spectrum analysis based on Fourier transform seems to be unsuit-
able due to time-frequency resolution issues. Moreover, the place-
ment and the shape of the analysis window over such short durations
also affect the interpretation of details in the resulting spectrum.

Recently methods based on TANDEM-STRAIGHT [5] have
been proposed to effectively decompose the speech signal into
spectral envelope and excitation characteristics. The excitation char-
acteristics are used to explain the expressive voice quality of Noh
voices [3]. The method was shown to be very effective in highlight-
ing the complex nature of the excitation source. It is still a challenge
to extract and explain the properties of the aperiodic component of
the excitation source, and also the perception of sub-harmonic com-
ponents in such voices. In this paper, we propose alternative tools
for analysis of the excitation source and vocal tract system com-
ponents, by focussing more on capturing the features of excitation
in the time domain. The hope is that these analysis tools together
with approaches like TANDEM-STRAIGHT might help in deriving
quantitative measures to describe the expressive voice quality in
artistic speech such as Noh voice [3]

The proposed method of decomposition of speech signals is
based on recently developed methods for epoch extraction [6] and
for extracting the vocal tract information [7]. The epoch extraction is
based on using the output of a zero frequency resonator (ZFR), and
the characteristics of the vocal tract response is obtained using the
numerator of the group-delay (NGD) function over short segments
of data. Sec. 2 and Sec. 3 describe epoch extraction using the zero-
frequency resonator and formant extraction using the numerator of
the group delay function, respectively. In Sec. 4 the excitation com-
ponents that can be extracted from the signal are discussed. These
components may help in explaining the perception of harmonic and
sub-harmonic components in expressive voices. The vocal tract
system characteristics are also discussed in Sec. 4 using the NGD
function to show the dynamic characteristics of the combined effect
of the vocal tract system and the tissue vibrations at the glottis. In
Sec. 5 some illustrative examples are given to demonstrate the utility
of the decomposition method presented in the paper. Sec. 6 gives a
summary and conclusions from this study.

2. EPOCH EXTRACTION USING ZERO-FREQUENCY
RESONATOR

A new method is proposed in [6] to determine the instants of signif-
icant excitation (epochs) using zero-frequency filtered signal. The
method involves passing the differenced speech signal through a cas-
cade of two zero-frequency resonators (ideal resonators with a pair
of poles located on the unit circle in the z-plane at 0Hz), and remov-
ing the trend in the resulting output by subtracting the running mean
computed over a window length of about 1.5 times the average pitch
period. The choice of the window size is not critical, as long as it
is in the range of one to two pitch periods. The instants of positive
to negative zero crossings in the zero-frequency filtered (ZFF) signal
correspond to epochs, and the slope of the signal around the epochs
corresponds to the strength of excitation [8].

Fig. 1 illustrates the epoch extraction method for a segment of
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Fig. 1. Illustration of epoch extraction method (a) Speech signal for
the utterance “Toast as usual“. (b) ZFF signal and (c) Epochs and
strengths.

speech consisting of voiced and unvoiced segments. Note that the
epochs and strengths correspond to the instants of the impulse-like
excitation and the strength of the impulses at the epochs. The choice
of the window size width (2N+1) for removal of the trend is not
critical. Also the epoch locations need not be regular (i.e., periodic),
nor their strengths be equal.

3. NUMERATOR OF GROUP DELAY METHOD FOR
FORMANT EXTRACTION

The differenced speech signal between successive epochs is used to
extract the characteristics of the vocal tract system using numera-
tor of group-delay function [7]. The high resolution property of the
numerator of the group-delay (NGD) gives the formant locations ac-
curately even from a short segment of speech data present between
two successive epochs. To reduce the effect of spurious peaks in due
to truncation effects, the NGD is computed by considering the first
few samples in the autocorrelation function derived from the speech
segment. The NGD function for a segment of voiced and a segment
of unvoiced speech are shown in Figs. 2(a) and 2(b), respectively,
along with the corresponding waveforms. Thus the resonances char-
acteristics of the vocal tract system can be obtained using model free
analysis through the group delay spectrum.
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Fig. 2. Numerator of group delay for voiced and unvoiced segments
of speech.
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Fig. 3. (a) Spectrogram computed using 20ms window with 1ms
shift of the of the utterance “Toast as usual“. (b) Spectrogram com-
puted for the epoch sequence. (c) NGD spectrogram computed for
segments between two consecutive epochs. (d) Normalized cross-
correlation between samples of successive epochs and (e) Instanta-
neous F0 curve

4. DECOMPOSITION OF SPEECH INTO EXCITATION
AND VOCAL TRACT SYSTEM COMPONENTS

Using the ZFF signal, the locations of the epochs and the strengths of
the excitation at the epochs can be extracted. The aperiodic nature
of the impulse sequence and the varying strengths of the impulses
at epochs reflect the significant part of the excitation contributing
to the perception of pitch, harmonics and sub-harmonics. Notice
that since the information of the excitation event is available in the
time domain, the relevant information in the frequency domain can
be derived by taking appropriate size of the window for processing.
Also note that the instantaneous period (T0), and hence the instanta-
neous fundamental frequency (F0 =

1
T0

), can be obtained from the

epoch sequence. For interpretation of pitch and its harmonic/sub-
harmonics, Fourier transform of the windowed epoch sequence can
be taken. Fig. 3 shows the spectrogram computed using 20ms win-
dow with 1ms shift of the epoch sequence of the utterance “Toast
as usual“. Note that the voiced/non-voiced categories are accurately
obtained, as the location of the epochs for unvoiced segments are at
closely spaced random locations, and their strengths are extremely
low compared to the epoch intervals and their strengths for voiced
segments due to significant glottal activity of the vibrating vocal
folds [8].

It is interesting to note that the significant part of this excitation
information can also be obtained by computing the spectrogram of
the ZFF signal directly. However in this case the information is avail-
able mostly in the lower frequency portions. These spectrograms can
be used to study the characteristics of aperiodicity of excitation for
expressive voices as will be shown in the next section. Note that
the aperiodicity here refers to only the irregular epoch intervals and
their non-uniform strengths. The aperiodicity of excitation can oc-
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Fig. 4. 3D view of the NGD functions for some epochs

Fig. 5. Example of glottalized sounds for an utterance in Amharic.
(a) Spectrogram, (b) Signal, (c) Strengths of excitation, (d) Instanta-
neous F0 curve and (e) Cross correlation curve.

cur even if the epoch intervals are periodic, which is likely to be the
case when the speech waveform in successive epoch intervals differ
significantly. This can be measured by the normalized cross corre-
lation function of the waveform in successive intervals as shown in
Fig. 3(d). Fig. 3(e) shows the instantaneous F0 obtained from the
intervals between successive epoch locations. It can be seen that the
aperiodicity of the irregular intervals is reflected as fluctuations in
the F0 curve.

The vocal tract information is obtained by computing the NGD
function from the signal between two successive epochs. The NGD
functions plotted like a spectrogram representation is shown in
Fig 3(c). The vocal tract system features can be seen better when the
NGD for successive frames is plotted as a 3D plot as shown in Fig 4.
Sometimes the vocal tract characteristics may repeat in alternate
epoch intervals, even though the intervals are regular (i.e., periodic).
This may also result in perception of sub-harmonic components of
the excitation source.
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Fig. 6. Example of singing voice. (a) Spectrogram of the signal,
(b) Spectrogram of the epoch sequence, (c) Strengths of excitation,
(d) Instantaneous F0 curve and (e) Cross correlation curve.

5. ILLUSTRATION OF THE PROPOSED
DECOMPOSITION METHOD ON SOME EXPRESSIVE

VOICES

The first illustration is to demonstrate the importance of voice source
signal analysis for characterizing the linguistically important sounds
such as glottal stops and glottalized sounds using the excitation com-
ponents of the signal. Fig. 5 shows the waveform, spectrogram, in-
stantaneous F0 and the normalized cross-correlation coefficient (ρ)
for successive segments for the utterance of a glottalized sound in
Amharic. The irregular periods due to creaky voice and the poor
correlation of segments in successive epoch intervals can be clearly
seen, although this information is difficult to observe in the spec-
trogram. These glottalized sounds are produced and perceived by
native speakers of Amharic.

Figs. 6 and 7 show the results for segments of singing voice and
Noh voice, respectively. In singing voice the fluctuating F0 con-
tours, and in Noh voice the effect of sub-harmonic components can
be clearly seen in the excitation components.

6. SUMMARY AND CONCLUSIONS

This paper presents a method of decomposing speech signals to
study the aperiodic components of excitation of speech using the
output of a zero-frequency resonator. The vocal tract system compo-
nent can be derived by computing the numerator of group delay from
the speech segment between two successive epochs. The decom-
position helps to analyze expressive voices, as illustrated through
glottalized speech of Amharic, singing voice and Noh voice. Using
these tools it may be possible to explain the perception of pitch,
harmonics and sub-harmonics in expressive voice.
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