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ABSTRACT

In this paper an evaluation method for periodic/aperiodic
speech decomposition algorithms is proposed and the re-
sults of its application on a recently presented algorithm
are discussed. The performance and the characteristics of
the algorithm are examined both in the time domain,
through HNR measurements and in the frequency domain,
through spectral distance measurements criteria. As stim-
uli, synthetic steady-vowels distorted by natural-like
sources of pseudoperiodic and noise excitation, with con-
trolled varying time-frequency characteristics, were used.
The analysis was used to test the influence of the funda-
mental frequency, perturbation type and perturbation level
at the efficiency of the decomposition algorithm. The re-
sults demonstrated that the new algorithm is a powerful
tool for analysing the aperiodic component of speech sig-
nals, under some conditions that have been explicited.

1.INTRODUCTION

Separation of the periodic and aperiodic components
(PAP) of speech and musical instruments signals has re-
cently been the subject of a great deal of study. Neverthe-
less, no evaluation results have been reported in the litera-
ture on the relevance of such separation. It seems that
PAP separation is opening a new field of investigation for
speech acoustics. It will be possible to refine vocal source
models by taking into account the aperiodic component. It
has also been demonstrated that, for synthesis purposes,
some sort of random component must be included in order
to produce natural sounding signals [5]. But before this is
possible it is necessary to study the capabilitics of separa-
tion algorithms. In this paper we shall address the problem
of periodic/aperiodic (PAP) decomposition evaluation. We
shall try to answer to open questions like: what is the
amount of noise due to the measurements methods? is it
possible to separate different sources of aperiodicity in the
speech signal? what are the intrinsic limitation of separa-
tion methods?

One can identify several sources of aperiodicity in speech
signals, restricted to voiced segments (for unvoiced seg-
ments, the periodic component reduces to zero):
(1)aspiration noise (noise due to incomplete glottal closure.
The excitation source for this noise is located at the glot-
tis). (2)frication noise (noise generated at a constriction
point in the vocal tract). (3)random variations of the fun-
damental frequency (jitter). (4)random variation of the
glottal cycles amplitudes (shimmer). (5)prosodic variation
of the fundamental frequency. In addition to these sources
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of aperiodicity, any separation method will introduce some
extra noise due to speech model inadequacy and numerical
approximations (limited accuracy of short-term analysis,
signals non-stationarity etc.). The aim of this work is to
provide measurements of the capabilities of the PAP
method, using synthetic test signals with a controlled per-
turbation source of the above types. Although experiments
are limited to sustained vowels, we think they give a good
picture of the capabilities of such decomposition algo-
rithms.

2. PAP SEPARATION ALGORITHM

The decomposition method used in this work is based on a
new frequency-domain separation algorithm [1]. The main
idea is to identify the frequency areas (from the short-term
Fourier spectra) that correspond clearly to the stochastic
part. It is assumed that these regions are located between
the harmonics. The problem is to reconstruct (in the com-
plex domain) the aperiodic component inside the harmon-
ics regions. This problem is faced as an extrapolation
problem, which is solved by an extrapolation method of
band-limited signals [6]. The cepstrum is used for pitch
estimation and identifications the regions corresponding to
the periodic and random parts, through comb-liftering in
the quefrency domain. The periodic part is obtained with a
complex subtraction from the original signal. The final
components are obtained for each analysis frame, using
IDFT, and the component for the entire utterance is de-
rived by simply adding the values in the overlapping re-
gions in successive frames.

The main differences in our approach compared to previ-
ous algorithms are: a) one does not need any frame syn-
chronisation or continuity of sinusoids, as the new periodic
and aperiodic component from each overlapping region of
the frame is simply concatenated and b) At each frequency
sample, complex periodic and aperiodic components are
obtained, in an iterative process.

3. MEASUREMENT METHODOLOGY

For the systematic assessment of the algorithm, 3 types of
measurements were performed for each condition: periodic
to aperiodic components energy ratio (PAER), Bark scale
spectral distance and spectrographic measurements. Only
PAER and spectral distance experiments are discussed
here.

3.1 Periodic/Aperiodic Energy Ratio (PAER) meas-
urements method

In voiced speech segments, natural voice is the sum of
modulation noise due to the irregularly vibratory patterns
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of the vocal folds, and additive noise due the air steam in a
glottal chink.

The idea is to compare the input HNR and the PAER
measured on signals extracted using the PAP algorithm.

PAER and HNR were calculated in the time domain using
the harmonic and the noise part of the signals, before and
after the decomposition:
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where
h(n) is the harmonic part,
x(n) the noise part, and
N the number of samples to consider
(N>2000).

In order to evaluate the amount of noise due to the separa-
tion method, and also to estimate the amount of the sepa-
rated aperiodic part in respect to the corresponding sepa-
rated periodic part, all the stimuli were synthesized in vari-
ous discrete HNR values(co dB, 20dB,10dB and 5dB), and
compared with the HNR values of the decomposition re-
sults.

3.2 Spectral analysis

The time-frequency analysis purpose is to investigate how
accurately the harmonic structure is reconstructed, while
preserving the temporal characteristics. The spectrogram
investigation shows how the new periodic and aperiodic
signals keep the evolution of the frequency characteristics,
like the formant structure, energy distribution and har-
monic resolution.

Although, the spectrogram is a powerful tool for the
analysis of speech, it does not provide some quantitative
criteria or parameters for further investigation. For this
reason, in order to be able to measure, as far it is possible,
the frequency resemblance or deviation from the original, a
method of perception-oriented spectral distance measure-
ment was also adopted. This method is based on the well
known theory of critical bands for the approximation of the
frequency selectivity of the ear. When adjacent critical
bands are ordered for increasing frequency f, the relation
between the physical frequency scale and those that corre-
spond more closely to psychological data z, can be calcu-
lated. The critical band rate z is expressed in Barks from
the following equation:

f
z=6 sinh‘(—)(Bark)
600

where
f is the frequency in Hz

For the estimation of the spectral distance, a total number
of 29 band-pass filters, with one Bark bandwidth each,
were used, in the range of 0-4khz, that is 0-15.5 Barks.
Each filter was implemented in the frequency domain by a
triangular window. There was an overlap of 0.5 Bark be-
tween the filters and the gain of each filter was normalized
with respect to the energy of the first filter positioned at
0.5 Bark. In this way the contribution of the lower fre-
quency region was emphasised, since this region is the
most audible. For each analysis frame, the energy of each
band of the band-filtered spectrum, is computed as follows:
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e(i) = ;1]— > 1k, + k),

where

e(i) is the energy in the I-th band,

N is the bandwidth of the filter expressed in
frequency bins,

fill is the gain of the I-th filter,

H(w) is the log-magnitude of the power spectrum and

®; is the frequency where the I-th band is located.

The total spectral distance between the frames is given by:

DBark = % glel (1) - e2 (1)[ (1);

where

NF is the total number of filters,

¢1(I) and e,(I) are the energy in the I-th band from the first
and the second signal respectively.

4. TEST SIGNALS

In the framework of the evaluation of the PAP decomposi-
tion with accuracy, a set of synthetic vowel-like signals
were used. Synthetic vowels were necessary because:

a)natural vowels always involve noise,

b)difficuities arise from the various methods of HNR
measurement [2],

o)there is lack of accurate control in the variation and in-
teraction of the acoustic parameters during the production
of natural sounds.

The synthetic stimuli were generated by means of a voice-
synthesizer program. Four cascaded digital resonators [3],
represented the vocal tract. The model of Fant-Liljencrants
was used for the simulation of the glottal waveform and a
random number generator as the basis for the implementa-
tion of the noise source. In this work the jitter, shimmer
and noise were manipulated in a combined variation of the
fundamental frequency.

Totally 336 test signals of 0.4sec duration were analysed
with variable acoustic parameters. For each HNR level and
fundamental frequency were created signals with:

a)Pitch perturbation “jitter” in 1%, 3% and 5% of FO,
b)Amplitude perturbation of the voice source “shimmer”
with 0.5dB, 1dB and 1.5dB.,[4}

¢)F0 variation rate from OHz/sec-243Hz/sec.

For every period, the noise source consisted of a burst with
duration 60% of the pitch period, centred around the
minimum value of the voice source, that is, the moments
of maximum excitation. This configuration of the noise
source was chosen because earlier experiments [4] show
that the perceived naturalness of synthetic signals in-
creases if pitch synchronous noise bursts were added to the
periodic source.

5. RESULTS
5.1 PAER Measurements

Some of the results of the above analysis are demonstrated
in the next figures. Fig. 1 and 2 demonstrate the Peri-
odic/Aperiodic Energy Ratio (PAER) in the extracted parts
in function of the FO, with a jitter and shimmer perturba-
tion in signals synthesized with various original HNR val-
ues. With examination of the above figures, the following
observations can be made:
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Figure 1. a-b The effect of jitter in the P/A Energy
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Figure 2.a-b The effect of shimmer in the P/A En-
ergy Ratio of the decomposition results

a) The Energy ratio of the extracted components manifest
no systematic dependency on a wide range of F0. This fact
that validates the use of the algorithm for analysis of natu-
ral speech signals.

b) There is an extracted noise component even when there
is no noise added in the original signal. We can assume
that this noise is due to the computational noise power
spectrum and has no physical meaning. However this dy-
namic range is in all cases greater than 30 dB and the ape-
riodic component is practically non-audible.

¢) Large jitter and shimmer values, increase the energy of
the stochastic part. Comparing the curves that correspond
to clean signals (“no noise”), it is clear that jitter and
shimmer contribute to the energy of the extracted stochas-
tic part. This can be explained by taking in mind that the
algorithm uses the frequency domain to separate the peri-
odic and aperiodic parts. Jitter and shimmer perturbations
produce spectral noise, destroying the periodic structure of
the harmonics, and canot be distinguished from the spectral
noise due to stochastic perturbations. Both types of pertur-
bation, in this approach, are treated in the same way.
Whilst it is still possible to achieve separation of a periodic
and an aperiodic component, it seems difficult in this case
to separate the different physical components of the aperi-
odic component. However, the final stochastic part, is not
the sum of the two types of perturbations, when noise is
added. This is done because the energy of the extracted
part depends mainly on the level of the distributed spectral
noise which is controlled by the stochastic excitation of the
signal.
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In addition, PAER is generally higher of the input HNR
and may be due to the fact that the noise is added in a
pitch-synchronous manner and consequently a lot of noise
energy contributes to the level of harmonics, fact that af-
fects the algorithm’s efficiency.

The duration of the additive noise burst does not play any
role: the algorithm is able to separate continuous noise as
well as pulsed noise. Therefore, we feel entitled to use
PAER as an estimate of the input HNR, when jitter and
shimmer are reasonably low.

5.2 Spectral analysis

Figures 3,4 demonstrate some of the results of the spectral
distance measurements, between the original harmonic
parts of the signals and the extracted harmonic parts. Ob-
servation of these figures shows that spectral distance ex-
hibits a clear dependency from the F0, mainly in the high-
pitch signals. This can be explained from the fact that in
these signals the distance between the harmonics, in the
spectrum, is greater (so large differences cause to jitter)
and the noise in high frequencies is more dominant since
its amplitude is higher comparing to that in low pitch sig-
nals with the same synthesizing HNR. Further examination
of fig.3b and 4b reveals that for large values of jitter
(>5%F0) and shimmer (>1.5dB) the harmonic structure
cannot be reconstructed correctly in the extracted compo-
nents, leading to spectral distances that show random dis-
tribution.

5.3 Intonation effect
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Figure 4. a-b The effect of shimmer in the Spectral
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Figure 5. The effect of intonation in the HNR of the
extracted components. The perturbation in the original
signals is reduced to zero.

Finally, in order to study the influence of intonation in the
algorithm’s efficiency, a set of signals with varying FO
rate, were also analysed. In Figure 5 the PAER of the ex-
tracted parts, in function of the FO variation, is presented.
The test signals were synthesized without additive noise or
other kind of perturbation. So, the resulted stochastic part
is due to the spectral noise produced by this variation.
However, as it is shown in the figure, the PAER does not
fall below 25dB, in the area of 0-220 Hz/sec, an area of
values that can be found in natural speech. These resuits
clearly show that the decomposition is not degraded sig-
nificantly by intonation or other kind of F0 variation.

6.CONCLUSION

The PAP decomposition algorithm demonstrated excellent
capabilities in separating the actual physical components in
the case of pulsed or continuous additive noise. Large jitter
and shimmer values or large FO variation within a frame
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increase the energy of the stochastic part. This effect may
be partly considered as an artifact, since perturbations of
the periodicity and random noise excitation are merged in
the stochastic component.

The accuracy of the decomposition allow us to use the
method for acoustic measurements, or further signal proc-
essing. It can also serve as a tool in analysis and descrip-
tion of voices sources in different sounds, in order to pro-
duce voices with desired random noise source characteris-
tics.

Finally, the PAP decomposition algorithm can be easily
extended and used in analysis of noise components of mu-
sical sound signals, were the components are not very
harmonic.
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