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ABSTRACT

This paper describes the application of the notion of instante-
neous frequency amplitude spectrum (IFAS) to discriminate voiced
and unvoiced segment of speech signal. The classification proce-
dures of speech signal into voiced and unvoiced is determined by
using harmonicity measure acquired after eval uating instantaneous
frequency amplitude spectrum. Several voicing decisions based on
harmonicity measure are described to provide possible modifica-
tions including post-processing stage to improve the classifier ac-
curacy. The performance of the proposed method is also compared
against ESPS and AMDF to demonstrate the effectiveness of the
proposed method.

1. INTRODUCTION

The knowledge of acoustical speech featurein particular voiced or
unvoiced segment plays important role in many speech analysis-
synthesis systems. A significant amount of research has been con-
ducted on finding reliable and accurate voicing determination in
the past recent decades. Despite numerous approaches have been
proposed to addresss this problem which can be traced back in the
standard literature by Hess [3] including cited references therein,
it remains an active research area because of its difficulties dealing
with nonstationary properties of speech signal.

In recent years, the notion of instantaneous frequency (IF) re-
ceives considerable attention for speech signal analysis. Abe, et.al
[1], [2], reported fundamental frequency estimation based on in-
stantaneous frequency. In [4], it is also reported the use of instan-
taneous frequency to estimate fundamental frequency with slight
modification. However, both authors do not explicitly describe to
perform voiced/unvoiced classification in those papers.

In this paper, anew feature is added to |FAS-based fundamen-
tal frequency estimation previously reported in [7]. The develop-
ment of voiced/unvoiced determination systems presented herein
is based on instantaneous frequency amplitude spectrum (IFAS)
to define harmonicity measure. By means of the clear underlying
structure of harmonicity measure, the voiced speech boundary can
be discriminated accurately.

Threshold-based of voicing decision relies on perspicuous dif-
ference of harmonicity measure of voiced against unvoiced seg-
ment respectively. The output of voiced/unvoiced determination
block was refined in the post-processing part to remove the ar-
tifacts that may exist for example in the transition segment be-
tween voiced and unvoiced, or vice versa. The instantaneous fre-
quency is derived from short-time Fourier transform of a signal
as afunction of time and frequency. The instantaneous frequency
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amplitude spectrum (IFAS) can represent the harmonic structure of
speech signal better than the short time Fourier transform (STFT)
amplitude spectrum for period boundary (epoch). For the reason
that the instantaneous frequency isalocal variable at specific time,
more accurate and reliable voiced segment discrimination can be
obtained. The periodic structure of speech, called harmonicity
mesasure, is applied to discriminate between voiced and unvoiced
regions by detecting specified threshold value exploited from har-
monicity measure.

2. INSTANTANEOUS FREQUENCY AMPLITUDE
SPECTRUM

2.1. IFASDerivation

Speech signals can be considered as an additive mixture of peri-
odic and/or quasi periodic signals modulated in both amplitude and
frequency. Let z(t) be a function which represents speech signal
and X (w) be Fourier transform respectively. The STFT of z(¢) is
rewritten in the form

X(w,t)

eIt /‘°° w(T — t).r(T)e_j“’(T_t) dr (1)
= efjth’(w,t), 2

where w(t) is an analysis window function. Without loss of gen-
erality, w(t) isreal and of finite duration. The instantaneous fre-
guency estimate is given by the following formula

Mw 1) = 2agle X (w,0)] = w + SagX(w, ). (3)

If the Fourier transform of w(t) isalowpassfunction, then G(w, t)
will be the output of a bandpass filter whose impulse response is
w(—t)e?** [8]. This bandpass filter has a frequency shifted ver-
sion of the Fourier transform of w(t) and its passband is centered
at frequency w. For the sake of simplicity, detail derivation can be
referred to [7]. The following expression will be used to calculate
instantaneous frequency

Re[X] % (Im[X]) — Im[X] 2 (Re[X])
|X12

0
a0l (@, 0)] = @

fX@0= [~ -0y, ©)
where ) (t) isthe derivative of analysiswindow w(

t) in STFT with
respect to time. Using the equivalence of |G (w,t)| =

| X (w, 1)1,
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the instantaneous frequency amplitude spectrum (IFAS) at thein-
stantaneous frequency is defined by [2]

S(ho, t) = %Oi/ G (w, 1)] dw. ©)

At particular time ¢, integral |G (w, t)| on a set of intervals of the
frequency is taken along the frequency axis w such that Qo =
{w|Xo < A(w,t) < Xo + AX} in Lebesgue’s sense.

2.2. Harmonicity Measure

In the following discussion, the expression S(A) denotes the in-
stantaneous frequency amplitude spectrum at a fixed time ¢ for no-
tation simplicity. Let S(\) be the amplitude spectrum of instanta-
neous frequency from asignal. A transform of S(\) is defined as

follows
A1

S(NA(N, F) dA, @

Ao
where « and 3 are real constants, and

—B

n(F) =a

MF<m

AN F) = MNE > ®

{4
3 (cos(A/F) +1),

If the signal is periodic and S(A) shows harmonic structure
with afundamental frequency of Fu, then n(F') haslocal maxima
at thefrequencies F' = Fy/n, n =1,2,.... Asaresult, thevalue
of n(F") can be considered to be likelihood where the fundamental
frequency of the signal will be F. In (7), the term o #/¥" works
as aweighting constant to give priority to higher fundamental fre-
quencies. The [Ao, A1] interval of the integral in (7) determines
the range used for fundamental frequency estimation. It isimpor-
tant to note that the IFAS is not necessary to calculate the value of
n(F") because (7) can be expressed by the integral on w axis of the
form

—aF/|X DA, 1), F) do )

where Q = {w|Xo < Aw) < A1}

For band selection based on harmonicity measure, supposein-
terval [Ao, A\1] beon the IF axis. Let © be aset of intervals on the
w axissuch that Ao < A(w) < Ay and the measure m (Q2) existsin
Lebesgue’s sense.

1

) /QC(/\(w),F) dw, (10)

Exon (F) =
where Q = {w|Ao < A(w) < A1} and

0,
C(A(w), F) = { cos(A(w)/F),

Harmonicity measure is defined as maximum value of &5, (F)
which denoted by

AMw)/F < w2

M) /F > w2, D

P = mlf}x Exong (1), (12
whose value spans somewhere between

-1< max Exo o, (F) < 1.

An example of the evaluation function £(#') is shown in Fig.
1. We calculated the STFT using a 500-point Blackman window
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Fig. 1. Example of harmonicity measure £(F') for (a) voiced
speech and (b) unvoiced speech.

(31.25 ms at 16 Hz sampling) and 1024-point DFTs. The eval-
uation of both | X (w)| and S(\) is carried out at only uniformly
spaced frequency points. The input signal shown in Fig. 1(a) isa
portion of vowel /i/ uttered by a male speaker. The fundamental
frequency of the signal located at about 160 Hz whose harmonic-
ity measure valueis about 0.7. Fig. 1(a) depictsthe corresponding
&(F) with condition of [Ao, A1] = [0, 1] kHz. It is apparent that
&(F) has a maximum value when F' is equal to the fundamental
frequency of the signal. Similar to Fig. 1(a), Fig. 1(b) depicts for
noise-like speech waveform. Contrasting to Fig. 1(a), it is clear
that the harmonicity measure or other harmonics part can not be
discriminated since the peaks are almost in the same height whose
harmonicity measure value is lower than voiced case.

3. APPLICATION

3.1. Voiced/Unvoiced Classification Algorithm

The agorithm of 1FA S-based voi ced/unvoiced decision can be sum-
marized as follows,

1. Anayzetheinput signal z(t) using STFT to obtain its
spectrum X (w).

2. Calculate the instantaneous frequency A(w) by using (4)
and (5).

3. Select an IF band [Xo, A1] which maximizes the measure
of harmonicity in the [F-domain Py, in (12).
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4. Caculatethen(F) of the selected IF band [M\o, A1] and
determine F' = F, which maximizes £(F') in (10).

5. Determine athreshold value for voiced boundary,
otherwise marked as unvoiced segment.

Last step is applicable when voiced/unvoiced decision is re-
quired since the algorithm implementation allows ones to select
only for fundamental frequency estimation or only voiced/unvoiced
classification or both processes simultaneously with slight modifi-
cation. The STFT X (w) and the instantaneous frequency A(w)
are calculated on the frequency of f, = kF,/N. Inthe IF cal-
culation, it sometimes occurs that the IF has a meaningless value
which means the nonexistence of frequency component within the
passband of the bandpass filters centered at each frequency bin.
Consequently, if the value of the obtained IF A(f.) at the n-th fre-
quency bin (i.e n-th bandpass filter) does not exist, the value is
excluded from the evaluation of £x,,x, (F') and n(F).

3.2. Voicing Decision Strategy

The voicing decision is taken by relying on the harmonicity mea-
sure as discussed in section 2.2. In the following, several thresh-
olding methods will be described with harmonicity measure as its
stand-point. In fact, there is a significant value difference in the
voiced frame and unvoiced frame, as well as in the frame which
analyze transition region from voice to unvoice and vice versa.
The threshold value can be determined by examining value of the
harmonicity measure of male and femal e speaker respectively.
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Fig. 2. Voicing decision strategies by using harmonicity measure

The voicing decision techniques is illustrated in Fig. 2. The
main objective of thresholding techniques is twofold. Firstly, the
voiced/unvoiced " switch” is decided by using the underlying clear
structure of harmonicity measure. On the other hand, the har-
monicity measure opens many alternatives towards thresholding
techniques for voiced or unvoiced boundary marking.

Thefirst strategy for voicing decision is by determining value
of harmonicity measure of each frame, Py,,», in (12), in one
speech file. The threshold valueis selected by examining the over-
al harmonicity measure to single out the highest possible value
for unvoiced speech while otherwise, the value is classified into
voiced. Such technique henceforth is called direct thresholding.
In the second and third scheme, mean and variance are employed
to yield threshold value by means of numerical value of each sam-
pleof £x,,x, (F') from frequency search range fo to f1. In Fig. 2,
the dashed line illustrates the case of thresholding by using mean
where in fact the position may vary than shown. Third method is

by ordering the peaksin &x,,x, (F'), then three highest peaks, rep-
resented by &1, &2, €3, respectively, of every frame are selected re-
gardlessvoiced or unvoiced. Thesethree peaksarethen summed to
determine athreshold value. Thistechniqueiscalled peak-picking.

Only in the direct thresholding, the threshold value is gen-
der dependent that we should set by experimentally adjusting the
value between male and female speaker. Thus, it is difficult to
find threshold value that maximazes the classification accuracy for
both. By examining one arbitrary selected speaker, threshold value
in the other methods is relatively easy to determine by setting one
particular threshold value once. It is not only gender independent
but also gives minimum voicing determination error rate for al
speakers. The evauation results of these thresholding techniques
are shown in Table 2.

4. RESULTSAND DISCUSSION

For experimental purpose, NAIST-CREST clean speech database

which contains continuous speech and its coresponding Electroglot-
tograph (EGG) waveforms uttered by 14 male and 14 femal e speak-

ersisincorporated for performance assessment. We selected three

Japanese sentences from the database for evaluation, 84 sentences

in total. The whole experimental setup can bereferred to Table 1.

Database NAIST-CREST with EGG
True Pitch & Voiced/Unvoiced | Manual

Speaker 14 male and 14 female
Sentences Three sentences each speaker
Sampling Frequency 16 kHz

Analysis Window type Blackman

Window Shift 1 msec

Fo search range 40 - 400 Hz

a, from eq.(9) 10, 8 Hz

Table 1. Summary of experimental parameters

The accuracy and reliability of voicing decision are influenced
by many factors among which are the proper detection of the on-
set and the end of voiced/unvoiced segment. The accuracy and
reliability of voiced/unvoiced determination presented herein are
mainly based on harmonicity measure previously described. Since
window length choice affects the overall classifier performance,
experimentally the appropriate window length is four or five times
wider than pitch period. For further refining the estimated voiced
/ unvoiced boundaries, post-processing stage is performed by us-
ing what so-called pitch-continuity tracking, suggested in [5], to
eliminate possible discontinuity may occur in-between voiced or
unvoiced region.

In Table 2, LimitedBand which means the IF band [Ao, A1]
is prescribed prior to process to single fixed value which in this
case 600 Hz is set as A1 while \q is zero. On the other hand, All-
Band scheme means IF band )\, was assigned to 8 kHz while Ao
is fixed to zero. Either in Fo estimation or voiced/unvoiced deter-
mination, LimitedBand case exceeds the performance of AllBand
as the effect of narrower analysis filter bandwidth for al scheme
of experiments. Direct thresholding has lower accuracy since the
threshold value is set for both male and female. It is well-known
that fundamental frequency of female is higher than male which
implies fix threshold value may fit to one group concurrently in-
accurate for other group. It can be noticed that both statistical
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V/IUV Error(%)

AllBand LimitedBand

Methods Male | Female | Male | Female
Mean 4174 | 3538 | 2.810 | 2.393
Variance 4082 | 3677 | 3518 | 3.046
Direct Thresholding | 5322 | 8447 | 4450 | 7.640
Peak-picking 3.009 | 2245 | 1426 | 1.102

Table 2. V/UV Errors of IFAS-based Voiced/Unvoiced Determi-
nation

measures performs better than direct thresholding specifically in
LimitedBand case. The peak-picking technique is superior to that
of other thresholding techniques, the three-peak value of unvoiced
frame may not surpass the voiced frame including when the frame
falsintransition region. However, it isslightly more complex pro-
cedure than direct thresholding since the harmonicity value should
be rearranged in either ascending or descending order.

The performance evaluation is conducted at every 1 ms of the
speech signal for all techniques. An open-source speech analysis
tool called Wavesurfer[6] is employed for comparison after win-
dow shift adjusted to 1 ms instead of 10 ms. Wavesurfer uses
ESPS-based pitch tracking using normalized cross correlation re-
fined by dynamic programming and the other method is AMDF
which stands for average magnitude difference function [3].

V/IUV Error(%)
Methods | Male | Female
IFAS 1.426 1.102
ESPS 7.860 6.631
AMDF 5.233 5.402

Table 3. V/UV error rates of |IFAS, ESPS, and AMDF

Itis clearly shown in Table 3 that |FAS-based V/UV classsifi-
cation technique outperformsthe performance of ESPSand AMDF
methods. ThelFA S-based boundary detector performance hasbeen
adjusted in post-processing stage by using pitch continuity track-
ing. However, the V/UV decision of ESPS and AMDF is merely
relied on the existence of tracked Fy without further modification
to enhance its potential performance respectively.

GPE(%)
Methods | Male | Female
IFAS 1.485 1.761
ESPS | 9.146 | 5888
AMDF | 11412 | 5.039

Table 4. Gross pitch error rates of IFAS, ESPS, and AMDF

In addition to V/UV classifier performance benchmarking, we
also compare the performance of Fy, estimation. Each point at the
existence of Fj reference was compared to the evaluated method.
In IFAS-based, LimitedBand option, 600 Hz cut-off frequency is
used without any post-processing method to smooth pitch contour.
As can be seen in Table 4, the IFAS-based F, estimation per-
forms better for both male and female case than ESPS or AMDF.

However, the wavesurfer is used without any modification or post-
processing which may lower its estimation accuracy. The IFAS-
based Fi estimator generally performs better to male than female.
On the contrary, better estimation accuracies in female group are
resulted in ESPS and AMDF.

5. CONCLUDING REMARKS

In this paper, the implementation of the notion of instantaneous
frequency to discriminate the voiced and unvoiced segment of speech
signal has been investigated, and several extensionsto previousre-
search were also presented. Several harmonicity-measure-based
voicing decisions were described to improve the accuracy. Fur-
thermore, post-processing what so-called pitch continuity tracking
was utilized to boost overall performance of the voicing discrimi-
nator. In overall, the IFAS-based V/UV classifier performs better
to the femal e speaker group than that of the male speaker groups by
error rate roughly about 2%. The thresholds value to begin voiced
(or unvoiced) boundary was obtained by experiment empirically
by assigning beforehand a value that gives optimal result for both
male and female group. The results of the proposed technique
was contrasted against ESPS, and AMDF via Wavesurfer. The
IFA S-based voiced-unvoiced classifier, aswell as |FAS-based fun-
damental frequency estimator, outperforms both ESPS and AMDF.
By band selection and post-processing, the performance of V/UV
discriminator can be further enhanced by lowering V/UV error rate
for both male and femal e speakers. Using similar framework, this
research isin progress to deal with embedded noisy speech signa
to evaluate its robustness in adverse environment.
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