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On a Pitch Alteration Methed using Scaling the Harmonics
Compensated with the Phase for Speech Synthesis

LU
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ABSTRACT

In speech processing, the waveform codings are concerned with simply preserving the waveform of signal through
a redundancy reduction process. In the case of speech synthesis, the waveform codings with high quality are mainly
used to the synthesis by analysis, Because the parameters of this coding are not classified as both excitation and
vocal tract, it is difficult to apply the waveform coding to the synthesis by rule, Thus, in order to apply the
waveform coding to synthesis by rule, it is necessary to ater the pitches.

In this paper, we proposed a new pitch alteration method that can change the pitch peried in waveform coding by
dividing the speech signals into the vocal tract and excitation parameters. This method is a time-frequency domnain
method preserving the phase component of the waveform in time domain and the magnitude component in frequency
domain, Thus, it is possible that the waveform coding is carried out the synthesis by rule in speech processing. In
case of using the algorithm, we can obtain spectrum distortion with 2.94%, That is, the spectrum distortion is
decreased more 5.06% than that of the pitch alteration method in time domain.
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1. introduction

According to the data unit of speech synthesis,
speech synthesis method can be classified into
three types:sentence synthesis, syilable synthesis
and phoneme synthesis., Also, according to the
method of transmission or storgge for speech
signals, the speech coding algorithms can be
classified into three types:waveform coding,
source coding and hybrid coding[1-3]. For the
transmission efficiency or saving storage, the
waveform coding is mainly used in base band
coding.

In the waveform coding methods, the redun-
dancy in speech waveform is reduced before it is
transmitted through the transmission channel or
storage medium, PCM, ADM, and ADPCM belong
to this type[14]. These coding methods are not
used for the syliable or phoneme synthesis methods
which change the source, because the vocal tract
filter information representing the meaning of
message and the eXcitation information reflecting
the personality and feeling of a person, are not
separated in two parts in the processing proceduwre,

The source codings are very closely based on
the speech production model. They separate the
excitation information and the filter information
in speech signals before these coding methods are
realized, The methods that belong to this category
are LPC, PARCOR, and LSP(15]. The application
of source coding debase the naturalness and intel-
ligibility of synthesized speech signals by using
the divided components.

The hybrid coding methods have the merit of
memory efficiency in the source coding and the
merit of the naturalness and intelligibility in
waveform coding, These methods are classified
into RELP, VELP, MPLP, and CELP[{16]. The
filter information in the hybrid methods is gener-
ally coded by the waveform coding methods.
Therefore it is difficult to apply these methods to
the synthesis algorithm with unit of phoneme or
syllable.
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Recently, we want high quality in various areas
of speech. For this, it is appropriate to use the
waveform coding methods, But, in this case, we
have problems that memory capacity is large and
the pitch alteration is hard. The current technique
15 enough to overcome the problems of memory
capacity. The solution of the other problem must
be the pitch alteration of excitation source to
apply the waveform coding to the synthesis by
rule.

I. Existing pitch aiteration methods

The waveform coding and the hybrid coding
have been applied to the sentence synthesis
methods which use the synthesis by analysis.
But, in reality, these are not used as syllable or
phoneme synthesis methods on account of the
difficulty of changing the pitch. Occasionally, the
waveform coding or hybrid coding is used in a
semi-syllable or a word synthesis, But, even if
they are the same words, different data are used
according to the following word. Therefore it is
necessary to alter the pitch for synthesis by rule
with high quality by using the waveform coding
methods.

According to processing domain, pitch alteration
method is classified into three domains : the time
domain, the frequency domain and the time-fre-
quency hybrid domain. There are Muiti-Pulse
method and Pitch halving method in time domain.
Caspers and Atal had proposed the method that
inserts or eliminates zero between the pulses in
speech signals, But, Becasuse the pulse sequence
on MPLPC have correlation between the pitch
and the formant, the spectrum distortion is very
large[4]. Also Varga and Fallside had proposed
the pitch extension method using LPC coefficient.
But this has a lot of spectrum distortion for the
method leave out and flatten a part of speech
waveform{5].

The pitch halving method in time domain,
makes the waveform with the double of expected
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period, and then halves the period of waveform
(7). Also, this methed is performed only in time
domain, the intelligibility is lessened by the
occurence of spectrum distortion,

As the pitch alteration in frequency, there is
the pitch alteration method that obtains the
waveform with altered pitch by using separating
the formants and harmonics of fundamental fre-
quency in speech signals, and then scaling linearly
the fundamental frequency, The major drawback
of this method is the preservation of phase in
speech signals(13].

As the time-frequency hybrid domain, there is
the pitch changing method uses the feature of
cepstrum, This eliminates or inserts zero in the
part with zero cepstrum. But this method also
has the problem of phase preservation[6],

If the spectrum’s formant is changed on the
pitch alteration, the filter information of vocal
tract would be changed, so the information of
opinion wouldn’t preserve, Thereby enlarged level
variation makes the unnatural connection between
the phonemes.

Thus, in this paper, we propose the new pitch
alteration method in time-frequency domain that
preserves the phase characteristic in time domain
and minimizes the distortion of speech spectrum
in frequency domain, In the following section, we
will explain the proposed pitch alteration method,
And, in section 5 and 6, we present the exper-
imental results and give the conclusion, respect-
ively,

[l. The phase control in time domain

For pitch alteration in waveform coding, we
have to know the pitch variation of speaker in
advance, because the change of speaker’s emotion
and intonation cause the relative vanation by the
referenced main pitch. Especially, the waveform
coding have a good intelligibility since the
methods maintain an individuality and message
information of speaker. Therefore, in the case of
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pitch alteration, it is necessary to change pitch
based on the main pitch of speaker, Thus, first of
all, we must detect the pitch exactly.

In this paper, we apply the area comparison
method to pitch detection in time domain. The
pitch alteration in frequency domain causes the
loss of phase information, That is, pitch alter-
ation brings about the variation of harmonics pos-
ition, Therefore it is necessary to compensate the
phase information.

To control phase in time domain, the voiced
signal is passed through the low pass filter(LPF)
represented as a following Eq, (3-1) with a cut-off
bandwidth as a pitch period.

N=-1

, N
s’ (n——)= Y si{n—1) (3-1)
2 i=0
Where N is the cut-off bandwidth of LPF, because
the cut-off frequency, fr, equals fs/N. For the
harmonics above the fundamental frequency is
removed from the signal, the LPFed signals are
simiiar to excitation source of the voiced stgnals.

Now the signal is scaled at time axis.

A
s(n) =s(nXp) {3-2)

A

Where s{n) is the scaled signal in time domain, s~
(n) is the low pass filtered signal, The scaling
factor is p as.

== P’
~p

{3-3)

where P is a speaker’s pitch and P’ is an
expected pitch. If p is smaller than 1, we would
obtain the signal with compressed pitch. Reversely
if pis larger than 1, we would obtain the expanded
pitch, Then the FFT is applied to the signal
scaled at time axis.

n

A . A —jaﬁ-k
S(K)=[ * s(n)e dn (3-4)

J-x
This signal rewrite the real part and imaginary
part,
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A A A
S(K)=Re[S(K})+jIm(S(K)) (3-5)

A A
Where Re[S(K)] is the real part and Im{S(X)] is
the imaginary part, And so, we use the definition
of phase spectrum for Eq. (3-5) as

A A
#(K)=tan™! {Im{ S(K)]/Re[S(K)} (3-6)

Like this, the obtained phase component is the
signal which preserved phase characteristics of
excitation.

IV. Spectrum control in frequency domain

Speech signal is separated into magnitude
component and phase component by Fourier
transform, So, the magnitude component of the
Fourier transformed speech signal is as follows :

_j n
S(K)=r"° sme ' dn (4-1)

—oC

M(K) =10 log S¥K) (4-2)

To control the pitch in frequency domain, spec-
trum scaling is used. Spectrum must scale on the
speech excitation spectrum, Thereby, the separ-
ation of component is performed before pitch
alteration. The increasing of the fundamental
frequency’s interval on the given speech signal
means the decreasing of pitch period in time
domain, Therefore, if we know the pitch, the
interval of fundamental frequency’s intervai, Xj,
would be obtained as

Ko=size / pitch (4-3)

where size is the length of window.,

The logarithm of product can express by the
addition of terms, hence the formant is extracted
by Eq.(4-4) on spectrum,

Kef2-1

T MK-i) (4-4)

") =L
S (K) K{! i1==Kyf2
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Where the S*(K) represents formant through the
lifter, and K, is a fundamental frequency. If the
extracted formant by Eq.(4-4} is subtracted from
M(K) as Eq.(4-5), the flattened harmonics spec-
trum could be separated.

Sp(K) =M(K) —8*(K) (4-5}

Where Sp(K) is the flattened harmonics spectrum,
For this signal, the scaling rate in frequency
domain is the inversion of the scaling coefficient
of time axis,

A
Sp(K)=Sp(Kxp™1)
(K=0,1,2 3, -, size—1) {4-6)

In Eq.{46), p~! represents the frequency scaling

rate, and S;\(K) expresses the changed harmonics
spectrum. It must decrease the interval of the
fundamental frequency by p~! for expanding pitch,
and increase the interval of the fundamental
frequency by p~! for compressing pitch,

Fig. 4-1 illustrates an example of the case that
is reduced the interval of harmonics {expanded

the pitch) by the scaling harmonics of spectrum,
The interval of a harmonics’ fundamental frequency
in Fig.4-1(b) is diminished less than that of Fig.
4-1(a).

(b} Altered Spectrum

Fig. 4-1 An example to ajter the pitch by harmonic sc-
aling
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V. Experimental and Resulis

For simulation, we used the 16-bit AfD converter
interfaced with IBM-PC/486, The speech data com-
posed of 3 Korean speaker’s utterances(23 years
old male and females) and following sentences were
spoken each 3 times, The sampling frequency was
8kHz,

Utterance 1) { INSUNE KOMANUN CHUNJAE
SONYUNUL JOAHANDA. /

Utterance 2) / KAMSAHAMNIDA, /

Utterance 3) / SOCONGSILDAE JUNGBOTONGSIN
KONGHAKKWA UMSEONG
CHURI YUNGUSILIDA. /

Utterance 4) / JESUNIMKESEO CHUNJI
CHANGJOWI KIOHUNWL
MALSUMHASEOSSDA. /

Where the meaning of utterance 1 is “Insoo’s
young boy likes a genius kid”, utterance 2 is
“Thank you.”, utterance 3 is “Speech signal pro-
cessing team at the department of information
and telecommunication, Soongsil University,” and
utterance 4 is “Jesus spoke of the lessons of the
creation of the heavens and the earth,” spoken in
Korea. The frame length for analysis was 256
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samples provided conveniently to the simulation,
The successive frames are overlapped with 128
samples.

The block diagram of the proposed algorithm
shown in Fig.5-1, If the speech signal, s(s), is
performed pitch variation with arbitrary rate,
that is, speech signal’s pitch is adjusted by the
method that compresses or expands the waveform
of speech signal, it would make gross error on the
spectrum by the variation of formant as well as
pitch, Above all, to eliminate the influence of the
upper formant and extract the phase component
of excitation source, we filter the speech signal
by the low pass filter with the pass band rate of
one pitch, and scale it on the time axis, and
obtain the phase component by FFT, After trans-
formation the speech signal to frequency domain
by FFT, we extract the magnitude component,
make it passes through the lifter with the pass
band rate of P}, and scale the difference between
before and after the passing as scaling coefficient
p~L It is obtained a pitch-varied magnitude spec-
trum by adding the harmonics scaled spectrum
and the formant spectrum of the frequency domain,
And then we obtained a pitch varied speech signal
by the inverse fourier transform after adding it t0
phase component which is scaled and stored in

Pitch Socale factor

¢
o A{E

s(n)

Pitch

FFT Lifter {4

[ Magnitude |

[Phase ]
s'(n)

1FFT
Soals factor

Fig. 5-1 The block diagram of proposed algorithm
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time domain,

Fig. 52 illustrates the spectrum reduced a
pitch of the speech waveform by 70%, and on the
same speech waveform the spectrum is reduced
by 70% after increasing to 140% shown as Fig. 5-3.

We measured the distortion of spectrum in
accordance with the comparative criterion on the
proposed pitch alteration method. The pitch
changing is that force the pitch to increase or

Fig. 5-2 A spectrum compressed the pitch as 70%
{a) original spectrum
{b) spectrum compressed the pitch as 70%

0 o . N
(c) A Spectrum with Compression as 70% of Pitch

Fig. 5-3 A spectrum with compression as 70% of pitch
after expansion as 140% of pitch
(a) original spectrum
(b) spectrum expanded the pitch as 140%
(¢) spectrum with compression as 70% of pitch
after expansion as 140%

RETRAEL $134% HO6M1994)

decrease, If we perform the pitch changing, the
criterion of spectrum is eliminated. So, it is desired
that the spectrum of the native{not changed)
signal is the standard of evaluation of pitch alter-
ation, Table 5-1 shows spectrum distortion rate in
case of decreasing the pitch on,utterance l'by
50%, 55.56%, 62.5%, 71.43%, 83.33%, after
increasing it by 200%, 180%, 160%, 140%, 120%.

If we expand the pitch by zero insertion and
divide in two, the spectrum distortion is 8%. But
in case of using the proposed algorithm, the spec-
trum distortion is decreased more 5.06% than
that of existing pitch alteration method in time
domain,

Table 5-t. The spectrum distortion measurement

pitch alteration rate (%5) distortion rate {%)
200 = 50 2.94
180 = 55.56 2.71
160 = 625 2.16
140 = 71.43 2.28
120 = 83.33 1.72

V. Conclusion

The purpose of this paper is to supply the basic
technique for speech synthesis represented various
individuality of speaker’s by the alteration of pitch
which represents the individuality of speaker’s,

Thus, We proposed the- pitch alteration for
using the synthesis technique which supplys high
quality speech in automatic response system
without the limitation of the data quantity. In
time domain, the speech signal is passed through
the low pass filter(LPF) with a cut-off bandwidth
as a pitch period. After the signal is scaled at
time axis, the result is converted by Fourier
transform for extraction phase component, Another,
We convert a speech to frequency domain for
pitch alteration, and separate the amplitude
component, We force it to pass through the lifter,
and scale the difference between before and after
spectrum. By adding the scaled spectrum to the
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amplitude spectrum in frequency domain, We
obtain a pitch changed waveform. We add the
amplitude component to the phase component
which is stored in time domain, transform it by
IFFT, obtain a pitch changed waveform. As the
proposed method is performed in time-frequency
domain, even if the pitch is changed, the phase
information of a waveform is preserved, So the
edition of waveform is simple in the synthesis
based on the unit of & pitch period and the coupling
between phonemes is natural for a little variation
of the level, Besides, the information of filter is
maintained for the unchanged formant component,
So, the information of the opinion is saved suc-
cessfuily,

In result, spectrum distortion is above 8% in
time domain pitch alteration, but we can reduced
it below 3% by the proposed algorithm,
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