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ABSTRACT

Computational Auditory Scene Analysis (CASA) aims
to model our ahbility to structure our acoustical
environment. In a CASA context, this paper deals with
a method for timefrequency labeling based on
harmonic properties. The method is based on a
classical pitch extraction agorithm, termed the « zero-
crossing method », which is known to be particularly
sensitive to any kind of interference. This work shows
that its sensitivity can be turned into an advantage for
harmonicity detection in interfering conditions, and
provides, according to two estimators which are
precisely characterized, a time-frequency
representation labeled according to a reliability
criterion. A model for speech segregation is
subsequently designed and evaluated in different
interference paradigms.

. INTRODUCTION

Computational Auditory Scene Analysis (CASA) aims
to model our ability to structure our acoustical
environment. In this context, the proposed primitive-
based models classically use labeled images of the
time-frequency plane, built with the help of a series of
features extracted from the input scene; and feeding a
recognition process able to group and identify the
components of each of the sources. Hence the need of
searching now an efficient reliability criterion for this
labeling process.

In Eurospeech’97, we introduced an original method
based on Zero-Crossing Interval Statistics (ZCIS), able
to detect the presence of a periodic and dominant
component in a mixture of sounds [1]. In this paper,
we show that this method could provide the basis for a
CASA front-end model for Automatic Speech
Recognition, whose task is to label, according to a
reliability criterion, each of the time-frequency
representation areas according to the presence (or not)
of aperiodic and dominant component in it.

In Section Il, Zero-Crossing Interval Statistics are
described in the case of interferences between pure
tones and noise bands; this description will lead to the
design of a global system for time-frequency labeling
in Section I11; the system will be evaluated in different
paradigms of clean or noisy conditions, involving
simple or mixed synthetic and natural vowels in
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Section 1V. Findly, section V will be devoted to
conclusions of thiswork.

Il. ZERO-CROSSING INTERVAL STATISTICS
(ZCIS) IN INTERFERENCE CONDITIONS

I.1. Introduction

The zero-crossing FO-identification algorithm is a
classical temporal algorithm. It consists in estimating
the fundamental period TO=1/FO of voiced harmonic
signals as the mean (u) of the first order inter-zeros
intervals contained inside a temporal analysis window.
However, this algorithm is well-known for its
sengitivity to any kind of interference: in such cases,
extra zero-crossings are added to the temporal signal,
and p doesn’'t provide the fundamental period any
more. The idea developed in this paper is the
following one: why not turn this sengitivity into an
advantage in interfering conditions, by adding an
indicator of interference to the measure of the mean
interval? The proposed indicator is the standard
deviation of interval lengths (o).

I.2. o, indicator of interference or lack of
dominance ?

Consider a pure tone at frequency F1 (period
T1=1/F1). All the intervals contained in an analysis
window have the same length, equal to T1. The
interval histogram is subsequently made of a peak at
T1, hencep=T1,0=0.

Consider first a loss of periodicity of this pure tone,
which can be modeled by the widening of the spectral
bandpass of a Gaussian White Noise Band (GWNB)
characterized by its central frequency F. and its
bandwidth AF. As the band gets wider (e.g. AF/F,
increases), the interval histogram departs from a
single-peak structure (at the period value T=UF,) up
to a wider multi-peak structure (Figure 1). In
conseguence, the mean interval p doesn't indicate the
central period T.=1/F. anymore, but indicates a period
characteristic of the GWNB, depending on both the
GWNB central frequency and bandwidth [1].
Moreover, the o-value increases with the band
widening (Figure 1). A loss of periodicity, resulting in
a deviation of p from the central period of the band,
seems to be suitably flagged by high o-values.



Consider now the progressive addition of a second
pure tone at frequency F2 to the first one (frequency
F1), the mixture being controlled by the relative level
in energy between the two pure tones (RL, Relative
Level, eg. ratio between the energies of each of the
pure tone, expressed in dB) (Figure 2). When one of
the two pure tones is clearly dominant in energy, |
provides its fundamental period, and o is low. On the
other hand, when the two pure tones present similar
energies (typically when |RL| < 3dB), the interval
histogram becomes highly complex, p generaly
doesn’'t provide any of the two periods, and the o-
value is high; in consequence, according to ZCIS, the
period of one pure tone is correctly estimated in a
large area of RL-values, while a lack of dominance is
characterized by a narow area of RL-values
(Figure 2). Hence, interference, implying a deviation
of u from both periods of the present pure tones,
seems to be correctly flagged by high o-values.

In summary, in both these situations, o seems to
provide a correct indicator of the presence (or not) of a
dominant and periodic component. Inside a (Y,0)
plane, the location of one (u4,0) point should help in
deciding whether a periodic and dominant component
is present (low o-values) or not (high o-values)
(Figure 3). According to this principle, decisions will
be taken in two steps:

« Estimation of p and o: estimations are carried out
over 80ms temporal analysis windows. Two estimators
(I and & are built, and their statistical properties are
precisely characterized [2].

» Decision : according to the ({1,5 ) location in the
({1,0) plane, a decision is taken about the presence

(or not) of adominant periodic component.

Finaly, while this principle was demonstrated with
narrow-band signals (single or mixed pure tones, and
GWNB), it must be extended to complex sounds to be
applied on speech signals; our strategy is to use a
mechanism which converts situations of mixtures of
complex sounds (mixtures of voiced speech utterances
for example) into situations of competition between
pure tones, the frequencies of which are equa to the
fundamental frequencies of the present complex tones.

I1l. A GLOBAL SYSTEM OF TIME-FREQUENCY
LABELING ACCORDING TO PERIODICITY
DETECTION

The goal of the global system is to provide a labeled
image of the time-frequency plane according to
periodicity, exploiting the ZCIS structure. The
expectation is that, in each time-frequency area, the
presence of a periodic and dominant component
should be indicated by a low & -value. Each 80ms-
portion of the temporal input is presented to a system
composed of five stages (Figure 4):

e Pre-emphasis. A +6dB/octave pre-emphasis stage
enhances the formant areas of speech spectrum; this
stage intends to model the middle ear filtering.

e Spectral decomposition: A spectral analysis by
auditory filterbank produces the time-frequency
representation of the auditory scene ; we use a 2°-order
32-channels gammatone filterbank.

e Demodulation: As auditory filters are
characterized by a bandwidth increasing with the
central frequency, the harmonics present in the
spectral structure of filtered voiced speech are solved
in low-frequency channels, and unsolved in medium-
and high-frequency channels, hence, a vowe-like
input produces two kinds of configurations at the
output of the filterbank either a pure tone
(corresponding to the solved harmonic) in the low-
frequency channels, or AM-signals (e.g. amplitude
modulation produced by a group of unsolved
harmonics) in the medium- and high-frequency
channels. Because the ZClIS-principle is defined with
narrow-band signals, a demodulation process
(composed of a half-wave rectifier followed by a 50-
200Hz bandpass filter, the 50-200Hz band being
chosen as reference for the pitch values) helps in
recovering the envelope of AM-signals (and
subsequently the FO-component) in the medium- and
high-frequency channels.

« Edtimation: the ZCIS provides 32 ({1,5)

estimations (one per channel) for each temporal
analysis window.

* Decision: the location of each of the 32
estimations into the (1,6 ) plane helps in taking a

decision about the presence (or not) of a periodic and
dominant component in the corresponding time-
frequency area. The decision is taken relatively to a
separating line, which divides the (1,0 ) plane into
two areas (low & -values vs. high & -values). This
separating line is composed of two linear portions, one
of them concerning medium-and high-frequency
channels, the other one concerning low-frequency
channels[2].

Now that the global system is described, the
expectation that a ({1,6 ) estimation localized under

the separating line indicates the presence of a periodic
and dominant component in the corresponding time-
frequency area may be evaluated.

IV. EVALUATION

IV.1. Evaluation paradigms

The evaluation of the global system is carried out in
different conditions: single vowels, noisy vowels and
double vowels. The vowels used are six French vowels
[aei o uy], with known FO-values comprised between
100Hz and 200Hz. Noisy vowels are vowels corrupted
by an additive Gaussian White Noise, with two
relative noise levels (RSB, ratio between the energy of



the vowel and the energy of the noise, expressed in
dB) : RSB=0dB and RSB=6dB. Double vowels
consist in mixtures of two different vowels with a
global relative level RL=0dB (RL, relative level in
energy between the two vowels of the pair, expressed
indB).

IV.2. Protocol

Two kinds of statistics are completed in each
paradigm:

e Statigticsby channels:

A large number of (f1,0) estimations are
superimposed to the separating line. This part of
evaluation consists in describing the two clusters of
points, localized below and above the separating line,
interms of :

= Proportions: ratio of points above/below the
separating line (the expectation is that a mgjority of
points is localized below (resp. above) the line in
presence of a single vowel (resp. noise alone)).

= Dominance effect: in order to check, for complex
tones, the dominance effect observed with mixtures of
pure tones, the local relative levels RLi=; 3, (with
double vowels) and Signal/Noise Ratio RSBi=;. 3, (with
noisy vowels), computed by presenting first each
component of the mixture alone, are a priori known.
Dominance is then defined as follows: with noisy
vowels, the vowel is considered to be dominant if
RSB;>0dB; with double vowels, a vowel with an
energy higher than 3dB above the other is considered
to be dominant. Ratios of points below/above the line
corresponding to cases of dominance are then
calculated.

= FO-identification:  Scores of  correct  FO-
identification (according to a 5% relative criterion) are
calculated below the line, (FO being a priori known).

= Statistics by formants: The vowels formant areas are
spectral regions containing high energy. Subsequently,
for each vowel, a ({1, ) estimation inside a formant

channel is expected to be located below the separating
line. In order to check this point, we used (F1,F2")
formant patterns, where F1 and F2' correspond to the
two first perceptive formants for each vowel. This part
of the evaluation consists in checking, for each vowel,
that the channels corresponding to the formants are
correctly located below the separating line.

IV.3. Results

IV.3.1. STATISTICSBY CHANNELS

The results of these statistics are shown on Figure 5
and Figure 6.

The proportion results in terms of ratios below/above
the separating line (Figure 5) show that a large
majority of pointsis located below the line in the case
of single vowels, and above the line with noise.
Between these two extreme situations, points

progressively get above the line first in the double
vowel paradigm, then with noisy vowels with
increasing levels of noise.

In terms of Dominance and FO identification
(Figure 5), alarge majority of points located below the
line precisely concerns cases of dominance of the
periodic component; moreover, the estimated FO is
correct in more than 95% of the cases (according the
5% relative criterion).

Hence, this algorithm appears to be highly specific:
almost all the (1,6 ) points located below the line do

characterize the presence of a periodic and dominant
component in the corresponding time-frequency area.
On the other hand, this algorithm is not that much
selective, since some points corresponding to
dominance of a periodic component can be “lost”
(located above the line).

1V.3.2. STATISTICSBY FORMANTS

In terms of formant detection, and in a large mgjority
of cases (more than 90% of the cases in the single
vowel, double-vowel and noisy vowel with RSB=6dB
paradigms), the two formants of the present vowel are
correctly detected. In the double vowels paradigm, the
formants of the two vowels are detected in 89.4% of
the cases.

IV.4. Some examples of labeling

The previous demonstrates the globally behavior of
the ZCIS agorithm. More precisely, in terms of
labeling, we note that:

* Inthe single vowel condition, the large mgority of
points are located below the separating line, grouped
by stripes located at the fundamental period values
used, or sub- multiples of it (coming from low-
frequency channels); in terms of labeling, the
formants of the vowel are correctly labeled;

= With noisy vowels, points located above the line
are more numerous; in terms of labeling, the
formants are correctly labeled under the condition
that they are more energetic than the noise. Finally,
high-frequency channels are generally lost because
noise is particularly energetic in these channels, due
to the large bandwidth of the auditory filters;

=  With double vowels (an example of labeling is
shown on Figure 6: mixture of [a], FO=100Hz + [i],
FO0=142Hz, NR=0dB), the formantic emergence of
each vowel leads to a correct labeling of the
spectrum; lost points correspond to channels in
which the two vowels present similar levels of
energy. Finaly, and even if the voiced/unvoiced
labeling doesn’t require the identification of FO, a
labeling that distinguishes each present vowel would
need an adding FO-guided mechanism, able to
recover the fundamental value from a series of
estimations located below the separating line. This
step will be developed in future works.



GWNB 1 GWNB 3 BBG 5 GWNB 7

LUK

160 159

GWNB 10

155.3 1512 1386
(a) interval lengths (bin)

[ G

190 60 *
180 x 8
7
170 *
Tc 5

*
123 30 4
4
150 567 Trice x
140 8% 20 3

130 flo o1y

1;

0 2 0 2

1 1
DF/Fc DF/Fc

RL=-INF RL=-15dB RL=0dB RL=+2dB RL=+150B

0 200 0 200 0 200 0
(@) interval lengths (bin)

200 F1=100Hz o
180 30

160 20

F2=142Hz

20 -20 20

[ 0 1
RL (dB) RL (dB)

Figure 1. Loss of periodicity : Interval histograms, p and 0 vs| Figure 2. Competition between pure tones Interval
AF/Fc histograms, p and O vs RL
R o I o B Vo S
O A GWNB 1/Frice o (ngs) H I_’I
Non-periodic | ME and HF channd
or non-dominant ; M and HiE channe's 5
_’
LR
Periodic and dt
dominant _’| y i » ZC |—> p
: LF channels H
Pure tone 1/F2 Pure tone 1/F1 y : » ZC

values area corresponds
component.

Figure 3. In a (l4,0) plane, the location of the point in the low
to a periodic and dominant

Figure 4. The global system: pre-emphasis — gammatone
filterbank — demodulation in MF and HF channels (rectification

and 50-200Hz filter) — ZC extraction — decision in the (1,0 )
plane and its separating line.

V. DISCUSSION AND CONCLUSION

The global system of timefrequency labeling by
exploiting ZCIS structures is particularly effective,
since it shows a strong specificity to dominant periodic
sources. Moreover, it provides, by the way of &, a
reliability criterion for the labeling, which corresponds
to a basic goal of the CASA primitive-based models.
Further results on natural vowels show that the trends
are similar with a small decrease of any scores,
because of the voiced speech natural fluctuations[2].
At this step of the development, this criterion is a
binary criterion (above/below the separating line); the
use of a continuous criterion (e.g. exploiting the exact
G -value) would be interesting, especially to follow
the FO-values and the formant trajectories over time.
The aim of this work was to properly describe
(theoretically and by simulation) the potentia interest
of ZCIS; future works will concern their combination
with other primitive-based methods, and validation by
arecognition process.
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