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An Automatic Diphone Segmentation for
Korean Speech Synthesis-by-Rule
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ABSTRACT

[n this paper. a methoed is proposed for automatically segmenting diphones from two-syllabic natural speeches for
speech synthesis.

The natural speeches are analyzed by [mproved Cepstral paramsters from which diphone extraction parameters
are derived, These parameters express the dynamic vanation of energy level{zero-th cepstrum coefficient) and spec-
tral envelonesicepstral coefficient), also express zero crossing rate and cepstral Euclidean distance. As to detect am
biguous phoneme boundaries in vowel-vowel pairs, we split spectral envelopes into fine structure and smooth struc
(ure, and use Lwo parameters for the dvnamic variation of them,

About 120 words consisted of VV (vowel-vowel), VCVivowel-consonant or semivowel-vowel} and VCCV
{(vowel-consonant -consenant-vowel) arc tesled for diphone segmentation,

The result of this test verify that the phoneme boundaries can be detected at almost 857, accuracy i spite of in.
cluding many VV types in test words, The listemng test proved that the speech synthesized by the diphones ts very
intelligible.
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[ . INTRODUCTION

The speech synthess units should sausfy natu-
rality and intelhigibihty on concatenation, A di
phone is gencrally defined as a speech unit which
slarts in the stable state center of a phone, and
ends in the stable state center of next phone and
includes the transitions between the two phones.
Since the boundanies of diphone are steady state
center of phones, spectral distortions by concat-
enation are reduced and it 15 possible to generate
intelligble speech[1].

In the case of systematic extraction of such di-
phones, there are several advantages over manual
extraction method. The systematic approaches
make it possible to prepare consistent diphones of
speech data base and to reduce the amount of
time 1o extract diphone elements. As the methods
Lo extract diphones, there are studics using HMM
113 or centroid( 2], and they show good result but
it is difficult to detect phoneme boundaries 1n senu-
vowel to vowel or vowel to vowel pairs, The study
of phoneme detection for speech recogniton{3],
|4} shows good result on phoneme segnentation,
This method used mel-cepstrum from 1st order Lo
7th order to obtain the dynamic vanation of spec-
tral envelopes. But in this case vowel pairs arc
not included in tested words.,

In this paper, two-syllable nonsense words are
used as source words on dirhone segmentation
which consist ot vuwil {4 v owel pairs, vowe] to
semi vowel to vowel pr-, © UV umits and VOOV
units,

We introduce parameters into automatic diphone
segmenlation which repreaent fine structures and
smooth structures of revctral envelope expressed
by low and high order of improved copstral coelfic
ents, We propose an algonthm to detect phoneme
boundaries and to extract diphone units automati
cally.

In section II, speech analysis system is de-
scribed, in section LI, the parameters to extract
diphones are described. And in section [V, di-

phone extraction algorithm is proposed and de-

scribed and synthesis-by-rule by using diphone
units 15 described in section V, and in section VI,
VI, experimental results and con¢lusion s de-

scribed repectively,

[l. SPEECH ANALYSIS/SYNTHESIS SYSTEM

In order to denive parameters to extract diphone

elements, we use analysis system specified below :

—A/D CONVERT: 5 kHz LPF, 10 kHz Sampling.
12bit Quantization
— ANALYSIS PARAMETER : Improved Cepstrurn
— ANALYSISIVOCAL TRACT APPROXIMATION)
Frame penad - Wns for male
Ains for fermale
Window function W = 25.6ms Blackman waindow
Wp = 40ms Blackman window
Cepstrum order - 30 for male
25 for female
Spectrum Envelope by Ilmproved cepstral method
Vowed/Unvoiced determination -
by Spectrum Envelope parameter
Pitch Determination - by Cepstrum peak picking
—SYNTHESIS FILTER : LM A{Log Magnitude
Approximation? Filter 8]

In the first place, input speech signal is analy
z:d into improved cepstral parameters| 5}, and from
those parameter we derives segmentation param-

eters,

lli. PROPOSED PARAMETERS TO EXTRACT
DIPHONE ELEMENTS

Bocause diphones include transitional interval
i+.1. phoneme boundaries should be detected ac-
culately prior to the diphone extracting process,
The parameters used to detect phoneme hound-
aries are voiced/unvoiced detection parameter,
dynamic variation parameter of zero-th cepstral
coefficient[3]( 4], two dynamic variation parameters
ol log spectral envelopes represented by high and

low order cepstral, zero crossing rate and cepstral
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Euclidean distance,

Figure 1 shows waveform and log spectral en-
velope of fede/ of male speaker and phoneme de
tection parameteres B(i), ali), ew(i). e:(i) and

ZCro Ccrossing rate,
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Figure ). Waveform of utterance fede/ and segmen-
tation parameters

Parameter B(i) defined by (1) is determined by
the averaged value of the spectral envelope be-
tween 120Hz and 400Hz of frequency band for
male, between 200Hz to 480Hz for fernale, since
in the selected band voiced speech has high en-
ergy owing to first formant and unvoiced speech
has low energy. Parameter B(i) is used to clas-
sify the voiced/unvoiced interval.

For male, parameter B(i) is
10 2“1

1
8 ; Vi) (Q,= N

BG) = . N=256) (1)

and for female,

Bl =1 ¥ via,) (n.=%,N=zw

o |
i1=

where Vi is log spectral envelope.

Parameter a(i) i1s obtained by quasi-derivative
filtering of zero order improved cepstral coeffici
ent. Zero order cepstral coefficient represents the
energy level of waveform. Parameter afi) is de-
fined by (2) where window function win) is Black-
man window and 2M+1=9, The window size M
is got empirically.

= =\

\
ali) -Ku ¥ winnc+,
1]

L
Ku— (S winin?) ! (2)

n -8

In voiced interval, a phoneme is detected be-
tween local maximum value and local minimum val-
ue of parameter a(i), In VCV units, most of pho-
neme boundaries in voiced interval are detected.

In the case that source words have smooth dy-
namuc variation of spectral envelope hke vowel
pair, the phoneme houndary detection rate by para-
meter ali) 1s low, so we use two dynamic vari-
ation parameters of spectral envelopes. In order
to obtain the dynamic variation of spectral enve-
lopes, we define dynamic variation quantity of sp-
ectal envelope. d,, by (3).

b ; 1
=¥ (dT)*?

d‘:‘:KM Sh w(n)nCi+n[m] (3)

Where a=10, b=25 in high order part of cep-
stral coefficients, and a=1, b=10 in low order
part. For high order part 2M=+1-=9 and for low
order 2M +1 =15, window function w{n) is Black-
man window of size M. The smoother the vari-
ation is, the longer the window size is.

The quantity, e,(i) and e:(i) spectral envelopes
dynamic variation of are defined by (4} and (5),

respectively. The waveform of utterance fada/ of
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female speaker, and s dynamic vanation of sp
ectral envelope obtained from whole cepstral co
efficients, low order part and high order part of
cepstral coefficients are shown in ligure 2, In fig-
ure 2, spectral envelope obtamed by tagh order
part cepstral shows fine structure and spectral
envelope oblained by low order part cepstral

shows smoolh structure.
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Figure 2. Spectral envelopes (rom Jugh order and low
order cepstral coefficients, utterance of fada/
of female speaker

The parameter e(i} represents the dvnamic
variation of the fine structure of spectral enve
lopes obtained by high order part of cepstral
coefficients, and e-(i) represents it of the smooth
structure of spectral envelopes obtained by low

order part of cepstral coefficients.
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Where In| > 1 for male spealcer, |n}> 7 for fe-

malc spealcer. Blackman window win) is (),

ediy- —I.- S winHni—n.2) (d, 40 —dw )

(L:={ : win) (o' —ny)?) 1),

Y S .
Ny Y winin,
W 7

J— 1 3 3
dy = - :_w(an.+... w= 13 winj) (5

. Inl>10 for fe-
mile spealcer, Blackman window win) is 1),

Where [n| > 7 {or male spealc

So the parameter e (i} and e.(i) are independ-
ent parameters and used to detect phonemc boun:
daries in voiced interval,

Conceptually, the peak values of e and e in
voiced intervals represent the phoneme boundary
candidates. Parameter e:(i} 15 specially useful to
detect phoneme boundaries in vowel pair, Figure
3 shows dynamic vanation of spectral envelopes
obtamed by whole cepstral coefficients, In this
case, mcorrecl detections of phoneme houndaries
oceur, e, insertion error occurs in parameter o
(125},

Tn imvoiced interval, zero crossing rate deter-
mined by {6), 1s used to segment phoneme bound-

ary between unvoiced consonants and silence.

Zin) —-V() Isgnlx{m) | —sgn[x{m—1)]lw{n—m)

where, sgn[x(n) = 1, x{n)=0
=-—1, x(n)<@ {6)

The Euchdean distances between adjacent {r
ames defined by (7} are used to extract diphone
boundaries when phoneme boundaries are to be

found accurately.

Ed{n) — (dist(n¥ — dist(n—1}*)*

dist{n) == ¥ ¢,(n) {(7)

where nis frame number,
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Figure 3. The dynamic variation parameters of spectral
citvelopes obtamed by entire cepstral coeffic-
ents show phoneme insertion error, utterance
of faef of male spearker

V. DIPHONE EXTRACTION ALGORITHM

In order to extract diphone elements, phoneme
boundaries in source speech should be detected cor-
rectly. After the cepstral analysis on sowrce speech
and catculations of parameters, phoneme bound-
aries are detected and diphones are extracted
from source speeches by extraction algorithm,
For the detection of phoneme boundaries, first,
voiced and unviced intervals for by the parameter
B(i). In voiced interval, paramter a(i), ¢;{i} and
e.(1) are applied sequentially, and in unvoiced in-
terval parameter a{i) and zero crossing rate are
used to detect phoneme boundary, After the pho-
neme boundaries are detected, diphone units are
extracted from source. Figure 4 shows the flow of

proposed diphone extraction algorithm.

INPUT : CONTINUOUS WORD

SPEECH ANALYSIS BY CEPSTRUM PARAMETER

CALCULATIONS OF SEGMENTATION PARAMETER
( B}, a(i), el(i), e2(i), Euclidean ditances,
zer0 crossing rate )

VOICED/UNVOICED DECISION

VOICED INTERVAL UNVOICED INTERVAL

PHONEME BOUNDARIES | PHONEME BOUNDARIES
DETECTION IN VOKED DETECTION IN
INTERVAL UNVOICED INTERVAL

( ati}, el{i), 20}, { ali) and

zero crossing rate } zero crossing rate }

PHONEME SEGMENTATION

DIPHONE EXTRACTION FROM FHONEME SEQUENCE

OUTPUT: SEQUENCE OF DIPHONE ELEMENTS

Figure 4. Flow of proposed diphone extraction algor-
ithm

4.1 VOICED/AUNVOICED DECISION

By the parameter B(i) using averaged energy
in selected frequency band, voiced and unvoiced
intervals are determined. If the value of B(i) ex-
ceeds a predefined threshold, i-th frame is voic-
ed, otherwise is unvoiced,

4.2 PHONEME SEGMENTATIONS IN VOICED INTER-
VALS
(I)Maximum/Mimimum value function of par-
ameter a(i), A{i)
A funcion of Al(i} defined by (8) represents the
maximum or minimum values of the parameter a(i).

if((ati) and a{i—~1)<ali) za{i+1))

or (a(i)<0and a(i—1) >a(i)<ali+1))
then A(i) =a(i}
else A(i)=0 (8)
By (9), A{i} is modified,

if({i—5<1<iand 0< A(1) <TA,
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and A(1)<>0and Ali) - A{1) <TA.)
and O<m<=i1+7and - TA, <AH KO
and A(m)<>0and Alm)}-A(H<TA))
the A1) =0 (9)

where the thresholds TA; and TA: are got em
pirically.

(I Maximum value function of parameter e,(3)
and ex(i}, E((i} and Ez(i)

Two functions of Ei(i) and E;(i) to represent
the maximum value of e (i) and c.(i) respect-
ively, are defined by (10) and (11), and are mod:-
fied by (12) and (13).

if{Ei{i)>0and E\(i—1)<E (i) zE;(i+1))
then E (i) —¢,(i)
else E;(1} =0 (10)

if(E2(i)>0and Ex{li— 1) <E:(i} 2Ei(i+1)}
then E,{i) = es(1)

else Eo(1) =0 (11}
if(0<E (i) < TE})
then E;(i) =~ 0 (12)

f0<Ed1) < TEy)
then E;(1) = ¢ (13

Where the thresholds TE; and TE. are calcul-
ated by the equations below,

TE = (2 ) % 1.2
n

T B
TE:,:(—""—H—) * 1.2

where n is the number of analysis frame.

In voiced interval, by applving modified A(i),
Ei{i} and Ey{i} in sequence, phoneme boundaries
are determined.

4.3 PHONEME SEGMENTATIONS IN UNVOICED IN-
TERVALS

Unvoiced intervals are classified into silence
and unvoiced consonant by using zera crossing
rate and parameter ali). Phonemes in unvoiced
mterval are detected by {14},

H{ZCR>T, and ai) > Ta)
then UNVOICED CONSONANT REGION
else SILENCE REGION {14)

Where Tz is Lthe thereshold value of zero cross-
ing rate defined by tollowing equation,

Ta=10.6

where n is the number of analysis frame, and
Ta is got empirically.

Figure 5 shows the phoneme boundaries dete
cted by using described parameters from the ut
terance fae/ of male speaker. Sequentially apply-
ing the parameters ati), el{i} and €2{i), the bo-
undary of fa/ and fe/ are detected.
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Figure 5. Automatically detected phoneme boundaries
of /aef of male speaker
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4.4 DIPHONE EXTRACTION

Diphone units are segmented by the following
algorithm, The length of a phone and cepstral
Euclidian distances to find steady-state center of
phones are used in the algorithm,

if {male speaker) !
LOOKAHEAD—=2 ;
LENGTH =3

else {female speaker} |
LOCKAHEAD =4 ;
LENGTH = 10 :

while {No of Phone} !
p - FRAME NUMBER_OF PHONE START:
q - FRAME_NUMBER_OF_PIIONE ENI>:
r=p+iq-p)f2: '
1f{{q—p) <LENGTH) DONE =1 :

for (r—LOOKAHEAD :r <—r+LOOKAHEAD : r++)

i
.

FIND_MINIMAL_DISTANCE_FRAME NUMBER(

No_of Phone — - 3

When the boundaries of phonernes are detected
accurately, proposed algorithm extracts a diphone
from a phoneme pair for input phoneme sequence.
The steady state center of 4 phoneme is selected
first by choosing the middle position of a pho-
neme then by picking a frame in the neighbor-
hood of this middle position which has minimal
Euclidean distances, Since the phoneme which
has turbulent variation of spectral envelope or
has short length, for exarople, the phoneme /r/,
is regarded as a transitional interval, proposed al-
gorithm finds steady-state center in the next in
put phoneme, Automatically extracted diphones

from phoneme sequences are shown in figure 6.

SPECTAM. EMELOPE (hNx )

e

PHONENE BOUNDARY

HEE

7

(b) /oas

_Figure 6. The Examples of extracted Diphones

V. SYNTHES!S-BY-RULE USING DIPHONES

Some sentence speeches are synthesized by using
diphones extracted automatically.

figure 7 shows the Korean speech synthesis-by-
rule system. it 1s largely divided into three parts.
In text analysis part, inpot text is analyzed into
phonemic symbols, in rule generation part. by pho-
netic and prosody rule, control parameter 1s gen-
erated and in synthesis part, speech 1s synthe-
sized by LMA (Log Magnitude Approximation)
filter.

We have implemented sub-systems represented
in double lined boxes in figure 7. In rule generat-
ion part, in the concatenation of diphones, 4 frames

are interpolated lineariy|7]. In synthesis part,
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LMA filter[8) is used. which 15 featured by cep
strum parameters derived from vocal tract cepstral
parameters. The log maginitude response of LMA
filter is fimte Fourier series and represent the

transition function of the vocal tract.

@ TEXT ANALYSIS
PART nput text

Phonendc symbol

I ]
[omerss o | [ Posotsc ratd]
|F I

| RAE Apcent phrase
GENERATION symbols Breadth group
PARY Pause
Gemeration of speech syntheais Speech
control paraseters unit
data-
Duration,pitch,stress, intonation base
comcatemations of speech units
P " Pitch pattem ———
sequence
lhcitatim source signal generation I~l
IMA Digital filter l
Synthetic speach
W SYNTHERIS
PART

Figure 7. The block diagram of korean speech syn
thesis-by-rule system

Pitch contour of synthetic speech is consist of
concatenation of the original pitches of speech
unit because original pitches decrease distortions
of synthetic sounds. It 15 verified by listening Le-
st that the synthetic speech are very intelligible.
Figure 8 shows an example of synthetic speech.
The waveform of originat utterance /fdongdakja
zataehakvo/ of female speaker and waveform of
synthetic speech by diphones automatically cx
tracted, are shown in figure ¥.

VI. EXPERIMENTAL RESULTS AND ESTIMATION

The test words are total 116 two-syllable non-

[vai}
o

-0.29

3.2 54 EX] s8 L} 6.2 6.4 6.4 a8 ¥
[sec])
ORIGINAL SPEECH

a 0.2 04 aé an 1 1.2 1.4 [} 14
[2ec]
SYNTHETIC SPEECH

Figure 8. Original and synthetic speech fdongdakjajata
hakyo/ of female speaker

sense words which consist of 49 vowel to vowel
pair, 16 vowel to semi-vowel to vowel, 10 VCV un-
its and 11 VCCV units spoken by 1 male and 2 fe-
male speakers.

The proposed algonthm is implemented in C
language on 486 1BM PC compatible system. Re
sults of phoneme detection rates are shown n

table 1.

Table (. Results of Phoneme Boundaries Detection

i DELETION ! INSERTION
ERROR ERROR

4_|U_T"Ll i ?o _u()'rf\l;i‘_ “y

VOWEL TO VOWEL . 3 4y T 1

| VOWEL TO SEMIVOWEL ! 5 (16 1405 1 (%) 6.2
S VCVONIT e a0 0o 0
VCCVUNITE 0 ) oo [ 170 Tu

TOTAL: 9016} |, 77 | v | 77

The most difficult areas to detect phoneme bo
undary candidates are thosc containing semi-vo-
wel bacause the transition between phonemes are

very smooth. The boundaries of 90% of automati
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cally extracted diphones are within the 30ms of

diphones boundaries of manually segmented,

V. CONCLUSIONS

In this paper, an algorithm i1s proposed to ex-
tract diphones automatically from (wo-syllab
natural speeches consist of vowel pairs, VCV
units(C is consonants or semi-vowels) and VCCV
units, which minmmzes spectral discontinuities in-
troduced by concatenations.

The proposed algorithm shows good results on
not only VCV unit but also vowel parrs, Using the
automatic diphone segmentation it is easier to es
timate consistent speech unit database and poss
ihle to reduce the amount of time to implement
diphone datebase,

LMA blter is used which is pale-zero model and
sentence speeches are synthesized with intelligi-
bility and naturalness by diphones automatically
segmented,

Further studies will he continued to modify pro-
posed algorithm to exiract diphones from con-
tinwous natural speech sentence,
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