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Formant Frequency Extraction of Speech by
a Very Short-Time Spectral Analysis

Yoshiaki M1vosHI

Abstract

This paper describes a frequency analysis method by which rapid changes of formant
frequencies can be precisely tracked. In this method, the time window is reduced to a shorter
duration than the pitch period of voiced sounds. Theoretical and experimental studies are
carried on the effects of the location and duration of a time window is shorter than the pitch
period of the voiced sound. As the result, it appears that if the time window is set so as not
to involve the point of time at which the vocal tract is effectively excited by the glottal waves,
we can get a smooth frequency spectrum in which the vocal tract transfer function is well
preserved. We can also precisely extract formant frequencies by detecting peak frequencies
on the spectrum. A formant frequency extraction algorithm is proposed in which the above
-mentioned short-time frequency analysis method is utilized. This algorithm was applied to
the extraction of formant transitions in synthesized and natural speech sounds.

1. Introduction

The fast Fourier transform (FFT)® is generally used with a time window of 20-30ms. By
shifting its location by 10ms we make a frequency analysis of speech sound waves and track
the temporal change in formant frequencies®. In the case of voiced consonants, however, it is
necessary to have a time window shorter than one pitch period of the consonantal wave,
considered according to the rate of temporal change of the parameters which are used to
describe the movement of articulatory organs.

Mathews et al. proposed a pitch synchronous spectrum analysis as a frequency analysis
method having a time window of about one pitch period®, According to this method, however,
Fourier analysis is achieved by regarding a waveform of one pitch period as being periodically
repeated, so that the frequency spectrum will consequently take on a harmonic structure, and
formant frequencies cannot be extracted precisely. Another method was reported, where a
short-time frequency spectrum analysis is made on a waveform of one pitch period®. It has
been suggested that by.reducing the time window to a shorter duration than one pitch period,
we can derive a smooth frequency spectrum which preserves the vocal tract transfer
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function®®, But since the location of the window affects the short-time frequency spectrum
when the time window is made one pitch period in length, it is necessary to choose the location
so that the transfer function the vocal tract is well preserved. To solve this problem, detailed
researches were made into the location and duration of the time window.

These researches will be examined in detail in this paper, with reference both the theoreti-
cal consideration and the computer simulation of synthetic speech sounds. Based on the
results, a formant frequency extraction algorithm is proposed which is useful for voiced plosive
sounds with very rapid formant frequency changes.

2. Characteristics of Short-Time Frequency Spectra
of Voiced Sounds

In this section, we shall examine how peak frequencies on a short-time frequency spectrum
change with shifting locations and varying durations of the time window when we make the
time window shorter than one pitch period for voiced sounds. For this purpose, we shall
regard the short-time frequency spectrum F (@, ¢, T,) for the sound wave f (#) as a function
of its starting point ¢, and the duration T, of the time window w (¢) and analyze the character-
istics of the spectrum by defining it as follows:

Flo t, T)=[""w(t-t)f(t)e™at, 6}
where w(f)=0and t 0 or £> T,

2.1 The Dependence of Peak Frequencies on the Starting Peint and Duration of the Time
Window
When the sound wave f (¢) is voiced, we can describe it as follows :

@ =f"nz)g(t—7)dr, o))

where %(t) : impulse response of the vocal tract, g(¢) : glottal source waveform, and the
radiation characteristic of sound is involved in the characteristic of the vocal tract.
Let a time window w (#), for simplification, be a rectangular window ;

1 0T,
w#)= [0 othewise. @)

From equations (1)-(3), we can derive:

Flo, t, T)=["h(z)e ™ [ "g(t) e dtdr. (4)
Here, let the glottal waveform g(¢) be a impulse sequence where the following relation holds :
gt)y= 3, 6(t—nTy), (5)

where ¢(¢) : delta function, T, : period the glottal wave.
Now, let the duration of the time window T, be less than one pitch period (T',<7T,). F
(@, t, T,) is represented as:
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' o
Flo, t, T)= 3 ™[ 5" h(x)e ™ ar, (®)

where #,=[(¢,+T,)/T,), and [ ] is Gaussian notation. Here, let the starting point (¢.) of the
time window be described as:

t,=mT,+tg, (7
where m : integer, |, <T/2, t,+ T ,<T, we can now derive :
Flao, t, T)=e "3 [*" "n(t+kT ) e at. (8)
k=0

In other words: (1) if the glottal source can be regarded as an inpulse train having the
period T, (2) if the time window is shorter than the period of the glottal wave (T,<T,,and
(3) if the location of the window is set in such a way that it does not involve the next impulse
excitation point, under the these three conditions the short-time frequency spectrum will be the
product of the phase rotation (¢ "™%) and the sum of the short-period Fourier transforms.
Generally speaking, since the amplitude of #(¢#) is damped when ¢ is increased, the item in the
case of £=0 is the dominant component of the summation on the right side of the Eq.{8). And
when ¢<0, then %(¢) =0, so that if we set ¢,<0, only the integral range of this dominant
component will effectively decrease. This value ¢,>0 is therefore taken as a suitable condi-
tion.

Now, for simplification, we shall consider the case where the transfer function of the vocal
tract has a single pole. In this case, we have

(9)

_ | e "sinw,t >0,
mo) _{ 0 £<0,

where «>0. Let ¢, be equal to or greater than zero and substitute (9) into (8). We can then
obtain the following :

e—(a‘*—i(m*wu)}lw[l_ e*(a+i(w—%))Ta]

Flo, t, T :"""’”n( =
(&J s a) e L 2]'{&’"*']'(&)“&)0)}{1'—@ [ J%)TB}

e—(a+i(w+wu))f.o[1_e—(a+i(w+wa)}Ta] ]
2j{ati{ew+wy) J{1— g~ et Ty

(10)

When o is in the neighborhood of w,, then|w+w,|>> | @ —@,|. Therefore, the second
item on the right side of the Eq.(10) can be omitted, thus we have :

|Flw, t, T~

e—(a-*-j(w—wo)}l.o[l_e—(a'i*j(w—wo))Ta] ‘

{a+j(@—wy){l—e @™}

g e / 1+e_2"T‘—Ze—”T"cos(m—mo)Ta
2/ {a2+(ca—coo)z}{1+e_2”T"—2e_“T"c05ono}

(11)

Therefore, if w satisfies 8| F(w, ¢, T,)|/8w =0, that is,
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D(w)={a’+ (@—wy)?} T e Tsin(w—wy) T,
—(w—wy) {1+e " —2¢ " cos(w—wy) T}
=0, (12)

then| F(w, t, T,) |takes the extreme value or has a point of inflection. This equation (12)
holds regardless of ¢, or T,. From this we find that if the impulse excitation point is not
involved in the time window, the locations of peak frequencies on the short-time frequency
spectrum depend only on the duration of the time window, not on the starting point of the
window or on the period of the impulse train. And furthermore, since @ = w, always satisfies
the Eq.(12), the location of the peak frequency corresponding to the pole frequency does not
depend on the duration of the window either. This is a very important characteristic to extract
formant frequencies from peak frequencies.

2.2 The Minimal Time Limit of the Time Window
In order to precisely track rapid temporal changes of formant frequencies, as in the case
of voiced plosive sounds, it is desirable that the duration of the time window be as short as
possible. However, considering the frequency resolution, the duration can not be less than a
certain value. We shall be concerned here with the lowest limit of this duration.
When the impulse response of the vocal tract is represented as the summation of two
damped sinusoidal waves, it follows that :

—at_: —at_2
| ¢ Tsinw,tt+e “sinw,t >0,
h(2) { 0 £ <o. (13)
Referring now to Eq.(11), in the case of a single pole, we have
_ 1 1_e-{d+j(m—(-h))n 1_e"(a+.7'(w—ﬁh))Tn
|Flo, £, Ta”“z\ PR gy prare premproy e £ (14)

where ¢,=0 and T,=co, for simplification. Under the condition that on the frequency
spectrum there should be the peaks corresponding to @ = w, and w = w,, the lowest limit for the
window duration is thought to be the shortest duration of the time window where the frequency
spectrum is minimum when @ = (@,+w,)/2. Therefore, the lowest limit will be the smallest
value of T, which satisfies 8’| F (@, ¢, T,) |/8w*>0 when = (w,;+®,)/2. That is to say:

—ST (aT ,42) ¢ “TAw +2{(S*+1) e ™+ C (&’ T’ ~2) ™"+ 1}As"
—8aSe *"(2Ce T+ o' T2 +2aT ,—2) A’
116X (3C*—1) e T+ C (o' T2 —4) e " +2}Aw"
+16a°Se™ T (4Ce ™ T — 2’ T2~ 22T ,—4) Aw
—322*{C% 2T~ C(a’TE+2) e T +1} >0, (15)
where Aw=|@,— w,|, S=sin(AwT/2), C=cos(AwT,/2).
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From Eq.(15), even if T,=oo, there exist no [
peaks corresponding to @ = @, and @ = w, respec-
tively on the frequency spectrum unless Aw >
0.972a. Figure 1 shows the relation between Aw -
and the smallest 7", value which satisfies the Eq.
(15). [

From Fig. 1, we find that as Aw approaches
0972« (for instance, Aw/27x=145.8Hz in the s
case of «=300z), T, rapidly increases, while in o
the ¢ase of Aw/22z>500Hz, the following relation
obtains between Aw and T, :

o
T

1 N . N !
500 Aw/2n (Hz) 1000

Fig. 1 The relation between Aw and the smallest
T, value which satisfies Eq.(15).

AwT,=1.37, (16)

regardless of a value in the range 50z < a <3007.

3. Examination of the Characteristic of the Short-Time Frequency Spectrum
of a Voiced Sound by the Use of a Synthesized Vowel

In Chapter 2, we considered the case where the glottal source is an impulse train and the
transfer function of the vocal tract has one or two poles. In the case of natural voices,
however, the glottal source is not an impulse train and the transfer function of the vocal tract
has several poles. Since it is difficult to consider such cases theoretically, in this section we
shall be concerned with the simulation of synthetic vowels.

A vowel /a/ was synthesized by the use of terminal-analogue type digital simulation. The
conditions were as follows. The source was a 1.0

= To = 8.0ms
glottal wave having a period T, of 8ms, as is & 0.5 M - 4.5ms
3 . g 1
shown in Fig. 2(a)?”. The formant frequency 0 . I 5 o %
F,=700Hz, F,=1,300Hz, F,=2,500Hz and the -A||I§ '
formant bandwidths B,=50{1+F2/(6x10°)}Hz. (2) Glottal waveforn _
A high boost of 12dB/oct was used for higher ! Jal
~ 1. = z
-pole correction and the radiation characteristic. < ’ _ - MmmmmN
. F3 = 2
Employing this synthesized /a/, we shall examine ° ,m. N A >> MAA . ,> MA A

the effects of the starting point and the duration VA% < c < VY < < < V «<c<
of the time window, and the pitch period of the / _

-1.0!
N\. (b) Synthetic vowel waveform
|
3.1 Peak Frequencies and the starting point (c) Time window _lmsw_T ﬁlu_
of the time window ] )
To investigate the effect of the starting point Fig. 2 Glottal waveform and %:&msn vowel
. > - . waveform produced by a terminal analog
of the time window, we chose for the fiducial synthesizer and definitions of the parameters
point (t,=0) the closing point of the glottal tgand T,
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wave. That is, the effective excitation point
during the pitch period of the glottal wavefor-
m. Figure 3 shows that how the peak fre-
quency’s (F*={F?, F}, F}, --}), frequencies
corresponding to maximal values on a short
-time frequency spectrum derived by FFT,
are related to the starting point ¢, when the
duration of the time window is fixed at 4ms
(T,=Ty/2).
the short-time frequency spectra which are
the results of FFT (sampling frequency f, :
10kHz, sampling point total : 512) on the
waveform cut out by the Han-

Figure 4 shows examples of

tgo (ms) 4

Fig. 3 Dependence of the peak frequency’s F? on
the starting point ¢, of the time window.

ning window with the starting
point ¢, and the window dura-
tion T,. Since T,f,<512 here,
zeros are appended to the wind-

owed segment of speech l —
les® 4 5 1 2 3 4 5
samples ™. (kHz) (kHz)
Figure 3 shows that there is (a) tey = -2ms  (b) tgp = Oms (c) tso = 2ms

hardly any effect of the starting
point of the time window on the

Fig. 4 Examples of short-time frequency spectra.

Table 1 The error E, of formant frequency

location of the peak frequency on the frequency extraction (T'=4 ms).
a

ordinate, except the ones below about 200Hz in

£, o(ms) E (%) E, %) E (%)
the range -0.6ms<t,<4ms. That is, the range 0.0 0.4 0.7 08
where the glottis closing point is not effectively 2.0 3.2 —0.8 —0.8

involved in the time window since a Hanning
window, such as is shown in Fig. 2{(c), is used here. From Fig. 4, we find that if £ is equal
to or greater than zero, we are able to derive a smooth frequency spectrum envelope which
preserves the transfer function of the vocal tract.

tion by the peak picking on this frequency spectrum is defined as:

The error E; of formant frequency extrac-

E=—F

17

where F' ’;- is the peak frequency corresponding to F,.

Table 1 shows E,; in the cases ¢{,=0ms and 2ms. Table 1 indicates that the simple peak
picking method is capable of precise formant frequency extraction because we can get a
smooth frequency spectrum in which the vocal tract transfer function is well preserved.

3.2 Peak Frequencies and the Duration of the Time Window
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Figure 5 shows the relationship between
the time window duration 7, and the peak
frequency F? in the case of the synthetic /a/
shown in Fig. 2, and when ¢,=0ms. Figure 6
exemplifies the short-time frequency spectra.
From Fig. 5, it can be said that the peak fre-
quencies which correspond to the formant fre-
quencies F; hardly change their locations on
the frequency ordinate in the range 7' ,>3.4ms,
once they appear as peaks in the process of T,
increasing. In other words, the peak fre-
quencies which do not change their locations on

the frequency ordinate are those corresponing to the formant

frequencies.

T ,=3.0ms, 3.5ms, 4.0ms, and 5.0ms.

In Fig. 6, we find that when T, is small, peaks correspond-
ing to F, and F, do not separate but combine to form one big
peak, and they form two peaks only when 7°,>2.3ms. When
the first and the second formant frequencies and band widths
are respectively 700Hz, 1,300Hz, 54.1Hz, and 64.1Hz, Aw and
a in Eq.(15) are thought to be 600Hz and 64.1z respectively,
then the shortest duration of the time window for the peaks
corresponding to F'| and F, to exist is about 1.1ms, according
to Eq.(15). Theses frequency spectra in Fig. 6 are obtained by

using the Hanning window as a time window®.

duration T, of a Hanning window having the window duration
T, is supposed to be 0.677T ,, that is, 7',,=0.67T *®. Thus, a
Hanning window having the duration of 2.3ms effectively
Furthermore, the first
and the second formants of synthetic sounds are different in
their amplitude. Taking these factors into consideration, the
fact that, in the range 7 ,>2.3ms, there exist peaks corre-
sponding to F,and F, is almost in accord with the result of the

corresponds to the duration of 1.54ms.

Section 2.2.

3.3 Peak Frequencies and the Period of a Voiced Sound

This is an important feature of the automatic
extraction of formant frequencies. Table 2 shows E; when

3r tgy = Oms

I OOOOOQOOOOOOOOOOOOOOOOOOOOOOOOO

PP (kHz)

oo 0000000000000

(oo} (@)
°°°°°°°°00088°°°°°°°

00000000000000000000000000000
To
060000000000000000000000000000
0000000

s 900009000090000900009
02 4 6 8

Ty (ms)

Fig. 5 Dependence of the peak frequency’s F” on
the time window duration T .

Ty = 2.0ms %

Ty = 2.5ms %

T, = 3.0ms /4\/\\%
The effective

T, = 3.5ms

4 5
(kHz)

Fig. 6 Examples of short-time
frequency spectra.

Figure 7 shows the effect of the period T, on the peak frequency F?, in the digital
simulation of which the opening coefficient (T ¢/ T see Fig. 2(a)) is fixed and the period T,
is changed. And the sampling condition is #,=0ms and T ,=4ms.
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As a result of this we can conclude that if
T,>4.6ms, the period T ; has hardly any effect
on the location of peak frequencies along the

Table 2 The error E; of formant frequency
extraction (£ ,=0ms).

0
frequency ordinate except that a peak appears 7;‘;“(;5) E_I;/;) Ezs((f) Ei)((f)
in the neighborhood of 150Hz half way along 3.5 —2.3 2.9 0.8
the abscissa. 4.0 0.4 0.7 0.8
Based on the above-mentioned discussions, 5.0 0.4 9.7 0.0
we find that there are the same kind of charac-
teristics in the short-time frequency spectrum of 7 i tgp = Oms T, = 4ms
the synthetic vowel as the result of the analysis in Qi r 0000000000000000000000000000000

the previous Chapter 2. Also; (1) if the location 2k

. . . . 0000000000000000000000000000000
of the window does not involve the point of time
when the vocal tract is effectively excited by the I 0000000000000000000000000000000
glottal source (for instance, at the closing point of g
the glottis in the case of the glottal waveform
shown in Fig. 2(a)), and (2) if the time window is 3 | 0000000000000000900009

made shorter in duration than the pitch period, we 074 6 8 v (09) 10
g \MS

0000000000000000000000000000000

can then derive a smooth envelope of the fre-
Fig. 7 Dependence of the peak frequency’s F’ on

ectrum whi serves the transfer
quency spectrum which preserve the pitch period T,

function of the vocal tract. It is also possible to
precisely extract formant frequencies from the peak frequencies of this envelope. This
method will be called a FRAPS (FRActional Period Spectral analysis) method, hereafter.

4. Algorithm for Formant Frequency Extraction by the FRAPS Method

As the result of many computer simulations, it is shown that peak frequencies correspond-
ing to formant frequencies on the short-time frequency spectrum obtained by the use of the
FRAPS method have the following important features.

(A) Peak frequencies corresponding to formant frequencies are not dependent on the
duration of the time window.

(B) Peak frequencies corresponding to formant frequencies have a large basewidth Bi-’
defined by the Eq.(18) than the other peak frequencies.

BY=F}=F}, i=123", (18)

where F! : frequency which is minimal on the short-time frequency spectrum (but Fg=0).
That is, B? is a parameter which represents the stretch of the base of a frequency spectrum
envelope having F? as maximal values(cf. Fig. 8).

The use of these feature leads to an algorithm for formant frequency extraction as is
shown in Fig. 8. The procedures are as follows:
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(a) Set the starting point of the time window

It is not necessary to take the effective excitation point of the glottal wave precisely as the
starting point of the time window (cf. Fig. 3 and explanation in the section 3.1), but it is
desirable to have the starting point its neighborhood as far as possible. For practical purposes,
we will choose the point where the amplitude is 20% of the greatest amplitude immediately
before the greatest amplitude during the pitch period of the waveform.

(b) Set the initial values

The initial value of the time window duration T, is set at T, and # (a parameter that is
an integer, to be mentioned later) is made to be 1.

(c) Find the peak frequency F?

The next procedure is to find the peak frequency F” on the short-time frequency spectrum
envelope, the time window of which is 7, in duration.

(d) Find F°

The next is to find F°. This is composed of F# where Af,, defined by the Eq.(19), is less
than a threshold value f,.

Af =min{| F*(T ,—AT ) —F?
(T ) l }] (19> (a) ! SET THE STARTING POINT

OF THE TIME WINDOW

where =1, 2, 3,--, dim(F?
(T )) ].__1 2 3 . dim (_Fp () SET THE INITIAL VALUES
al’s ] ’ (] 7 = T sn=1
(Ta_ATa>),and Ff(*) repre- ﬂ FPFP pr§

7, =7, + oz ] P P2, FP P,
sents peak frequency on the | ¢
short-time frequency spectrum  © [FIND THE PEAK FREQUENCY £ 1; WINDOW DURATION : 7_- o7

whose time window is * in

. \ .. (d)
duration. This procedure is, in

other words, to pick out formant
frequency candidates from the
components of F? using the
above-mentioned feature (A). 0

(e) In order to extract F,,
F,; and F,, increase T, by AT,
and return to (c), if the order of
F° (dim(F")) is less than 3.

(f) Find the candidate for- (v
mant frequency F°

This is to pick out from the (1) [IDENTIFY THE FORMANT FREQUENCY ]

first to the third in decreasing

f i 0 0 .
Oroder 00 base_WIdth B; from {F 1 Fig. 8 Flow chart of formant frequency extraction by the FRAPS
F, Fi,---}." We then define method.

(e)

FIND THE CANDIDATE

FORMANT FREQUENCY #£°
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them as F°={F}, F;, F;} and their basewidths as B°={Bj, B;, B;}. Therefore, the com-
ponents of B® are in decreasing order, that is, B{>B;>B;. In this procedure, three formant
frequency candidates are selected by making use of the above-mentioned feature (B).

(g) 1f B;/Bj is greater than a threshold value B,, the procedure is to increase T, by AT,
and to return to (c), assuming that the peak frequencies corresponding to F,(i=1, 2, 3) have
not appeared yet. That is, either F, and F, or F, and F; form one peak and cannot be
separated.

(h) If the number # of the times when both the conditions (e} and(g) are satisfied is not
equal to a threshold #,, add one to # and return to (c), increasing T, by AT ,. If we set #,
be equal to or greater than 2, the procedure (c)-(g) will be repeated to increase the reliability
of formant frequency candidates F*.

(i) Identify the formant frequency

The candidate formant frequencies {Fj, F,, F3} which have satisfied all the above
procedures will be rearranged in increasing order of frequency, and be identified as extracted
formant frequencies {F,, F,, F;}. Here ends this algorithm.

5. Tracking of Formant Frequencies of a Voiced Plosive
by the FRAPS Method

The FRAPS method uses a time window which is much shorter in duration than the usual
ones {namely, 20-30ms)®V. This feature is especially useful for tracking rapid formant
frequency changes during the transition sections of speech sounds. As an example, it will show
to track the formant frequencies of a voiced plosive.

5.1 Syntesized Voiced Plosive

By the same digital simulation as the previous Chapter 3, a voiced plosive was synthesized
in which the formant frequencies change temporally as shown by the solid lines in Fig. 9.
Formant frequencies extracted by means of the FRAPS method are shown by small circles in
the same figure. The triangles in it, shown for comparison, illustrate formant frequencies
obtained by peak picking from the frequency spectrum envelope which is calculated by the
cepstrum method®?, in which a Hanning window with a duration of 30ms and the center of the
window is set at the center of that of the FRAPS method. This cepstrum method will be called
a SE (Spectral Envelope) method, in which for low-pass filtering on the cepstrum using a
weighting function w,(¢), shown by the Eq.(20), where 7;=Az=1.5ms.

1 <t
w,(¢)=10.5{1+cos(x(t—7,)/A7} 7, <t<r,+A1, (20)
0 t>7,+Ar.

From Fig. 9, the followings are found. (1) The FRAPS method is more precise in
extractive formant frequencies from the transition part of speech sounds than the SE method.
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Table 3 The error £ ; of formant frequency extraction at on-set frequencies of formants.

VOICED FRAPS method SE method

PLOSIVE E\(%)  E,%)  EJ%)| E (%) E,(%) E,%)
/ba/ 2.2 —0.7 0.2 36.2 13.8 3.8
/da/ 2.2 0.7 -0.2 30.5 — 2.4 —4.9
/ga/ 2.2 0.3 —0.7 30.5 —10.4 3.8

(2) In the extraction of on-set fre-

3~ - —
quencies of formants, which are O] Fa a3 Fs 7
essential for the recognition of 3—‘; [ a/./v—"""
voiced plosives"?, the extraction ~ | 2 Jba/ L /da/ L 8 Jga/
error of the SE method has been . . a .

L L S a
reduced to the order of ten by the use ’ L 888088 ;
of the FRAPS method (see Table 3). W, M - n .

5.2 A Natural Voiced Plosive
Figure 10 shows a comparison o T S o 50 0

. t (ms) t {ms) t (ms)
bet?veen th? two method, regarding Fig. 9 Estimated trajectories of formant frequencies of syn-
their tracking of the formant fre- thetic voiced plosives. The solid lines : formant trajec-
quencies of /ga/ uttered by a male. tories of synthetic voiced plosive, the circles : estimated
From this result, we can say the formant frequencies by the FRAPS method, the triangles

. : estimated formant frequencies by peak picking method
follows. (1) The first formant fre- on the cepstrally-smoothed spectrum.

quencies extracted by the FRAPS method are temporally continuous, while there is an unnatu-
ral discontinuity in those extracted by the SE method. (2) The SE method has shown a peak
frequency in the neighborhood of 1,600Hz, which may possibly be identified as the third
formant, but this must be unnatural, judging from the temporal continuity of formant fre-
quencies. On the contrary, the FRAPS method shows no such peaks. This means that the SE
method produces a number of spurious peaks in the transition part of analyzed speech sound,
which the FRAPS method does not.

It can be concluded from this result that the FRAPS method is superior to the SE method
in tracking the formant frequencies of the transition part of voiced sounds.

i

w
St

6. Conclusions

For a method of frequency analysis of speech sound, the FRAPS method was proposed
which can precisely track the rapid temporal change of formant frequencies by having the time
window duration shorter than the pitch period of voiced sound. The effects of the starting
point and duration of the time window on short-time frequency spectra were examined. It was
found that (1) if the duration of the time window is shorter than the pitch period of the voiced
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sound and (2) if the location of the
window is set so as not to involve the
effective excitation point during the
pitch period of the glotfal source, we can
obtain a smooth frequency spectrum
envelope which preserves the transfer
function of the vocal tract. From peak
frequencies of the envelope we can then
extract formant frequencies with preci-
sion. ’

The use of this method was made to
form an agorithm for extracting formant
frequencies. This algorithm was
applied to the analysis of synthesized and
natural voiced plosives and proved to be
useful. -
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