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Analysis and Synthesis of Korean

Vowels by LP Method
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Abstract

To economize communication channel or me-
mory size for a computerized synthesis of human voices, it is necessary to compress the data before

The human speech contains many redundancies.

sending.

We have treated human speech organ as an eighth order dynamic system which is time varying
as the person speaks.

Using an anaylyzer of our design, cach eight parameters are obtained for the vowels [o}], [&]],
(=), {1, [, {°]], [o}] and [9]] of Korean language with considerable discrepancies between
persons. Supplymg those parameters to a synthesizer which we have made, we have succeeded in the
simulation of human speech for the above mentioned vowels of Korean language and observed that
they bear all the features of the original speakers.

L Introduction peaks and valleys up to 10,000 Hz range, if we admit

To down to 60dB decrease from the maximum value.

utilities, we have every interest to diminish the band

increase the efficiency of communication
The peaks on the curve are called formants and

requirement for the transmitted information, that is,
the narrower the necessary bandwith, the better the
utility officiency. For the human voice, it is well
known to a communication engineer that we need to
send up to 3.4 Khz to permit a clear understanding.

Human speech spans a spectrum showing several

T H, sl H, TRV THAY BLTUER
(Dept. of Electronics Eng. Seoul Univ.)
B 0 19804 91 51

— 4] -

* beginning with low frequency, we name the first,

second, and third peak, the first formant, second for-
mant, and third formant respectively. The organiza-
tion CCITT (Comité Consultatif International de
Téléphonie et Télégaphie) recommands to treat the
voice frequency up to 4 Khz, thus obliging us to use
8 kbps as sampling frequency, because by the sampling
theorem we must use the double of the maximum
frequency of the orginal signal.

In that case, sometimes even the fourth formant
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can be included when it is a voiced speech, for exam-
ple the vowels. As for the unvoiced speech, the spec-
trum is single mode, the peak of which being around
3 Khz. The process is random and almost Gaussian.

Though its spectrum occupies large bandwidth,
the human speech organ is rather slow one, when
viewed as dynamic system. It will suffice to send the
elements which distinguish each pronounciation-
shape of vocal tract, place of the tong and some
parameters of the (voice producing) system. This
means that though its appearance is very complicated,
the spectrum does not contain much information.
The main part of the spectrum is redundancy and the
number of linearly independent variables is quite
limited. But in this case we can not put them as
discrete variables.

It is rather represented as a continuity of variables
forming a continuum of frequency of nonzero width.
This width if we succeed in reducing the original signal
to the minimum without any redundancy from which
we might reconstruct the original voice signal with
minimum complication. But that is an ideal to which
we strive. The rather slow organ of human voice
production is easily represented by a model of eighth
Since late sixties several

researchers including FANT!#! studied the modelling
of the speech organ to be followed by PETER-

SON,18) SHOUP, FLANAGAN,[1-2] saT0,[10]
ITAKURA, 9 ATAL, 8! SCROEDER[Y?! etc. In
the seventies, they found that it can be perfectly

order dynamic system.

represented by eight parameters and the pitch fre-
quency when voiced, and that those parameters do not
vary much if observed each fiftyth of a second or less,

resulting 3200 bps (64 x?lo) when A-D converted
with 8 bit resolution.

It means that we need less than 4000 bps when
transmitting the pitch frequency. It is a great reduc-
tion of the necessary bandwidth when compared with
the bandwidth of 64 Khz (8000x8) of normally
sampled speech.

On the other hand, the progress and the wide
diffusion of computers begin to demonstrate the
diffusion of computers begin to demonstrate the

necessity of better and easier interface between

machine and human. And for most applications
computers are asked to recongnize and compose
human speech. If we do not use a magnetic tape re-
corder, we must store a 8K time-per-second sampled
and A-D converted digital data.

Then we will consume the totality of memory
of any 16bit address bussed microcomputer in one
second and it will be quite a burden to even mini-
computers.

We must call for any method of data compression,
for example the linear prediction of speech which is
possible because the movement of each part of speech
organ is slow and the parameters which represent
every features of human vocal tract, do not change
rapidly, which permits us to send only eight parame-
ters and pitch frequency each twenty milliseconds.
This data reduction gives us any possibilitiy of letting
a computer speak to human being economically in
view point of memory capacity. If we succeed to
communicate with computer by human speech, it
will represent an easier interface with computers and
this will open the new era of the genuine computer
civilization. This branch is actually under sever com-
petition and we will have our portion for the parti-
cularlity of our language, that is, we must put our
efforts to synthesize the Korean language to cope
with the researchers of other countries.

II. ARMA Process

In a random discrete process, if the observed value
St at the time t is expressed by the weighted sum of
the passed values St-1, St-2, St-3,... St-p, and the value
of present input at, then the process is classified as
Auto-Regressive process of order p. And if the ob-
served value St can be obtained by present and
weighted sum of passed randem inputs at-1, at-2, ...
at-q etc. then the proces is classified as Moving-
Average process of oreder q. A process in which we
need P precedent observed values St-1, St-2, ... St-p
and q precedent random shocks dt-1,at-2, ... at-d4
as well as the present valuedt at input, we call it a
mixed, Auto-Reqressive and Moving Average process
of order (p,q).

Thus the present observation value St can be
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given by the following expression.ls]
St= @15y + 925, , + o *0pSep Ay
0a, , - 0,8, ,-623, , --- "oqat-q 1)

We can of course get the expression for the AR
process of order P or MR process of order q by equa-
ting q=0, and p=0 each in turn in the equation(l)
and the observed values S¢St 1, - St—p are zero
average values, that is, the deviations from the level
(average value of the observed data) sum up to zero.
This equation concerning the time series S; can be
solved easily by using the Z transform which can be

defined as follows. 18!

P
Z transform of {S} = Z{S,} = 20 Sen 2t @
n=

and these equation can be extended to the extreme
case of deterministic process. On the other hand we
define a backward shift operator B as

BS, = S,

BSip=Stp

Ba;=dq,

B? §¢ = St 3!

Then the expression (1) will belS!

(1-¢1B3B%- -+ - BP)S = (1-6,B-6,B" - --

q
o,8ha;, @

{IL. Vocal Tract Transfer Function

For the human speech, the characteristic of the

vocal tract is composed of those ofl®!

(1) glottal shaping model; G(z)

(2) vocal tract model (which can be approximated as;
V(2), all pole model)

(3) lip radiation model; L(z)

If we express the driving function which is the infinite

train of pulses caused by the open and shut motion

of the vocal chord by E(z) and the final articulated

voice by S(z). We obtain!®!

S(z) = E(z) G(2) V(2) L(2) &)

The transfer function of the speech production
mechanism —L_is equated as
A(2)

1

AD - G(2) V(z) L(2) ©)

In this expression each factor has the following

characteristics

_{_a_ characteristics of the glottal
L G@= (1T 21y shaping model

1
2. V(@) = —
1 [1-2¢CiT cos(biT)z 1 +¢72C1T 72

i=1

3 L@ =1-21 characteristics of lip radia

tion model

Final expression for the transfer function will
bel®) A(2)
1-z1
G(@)V(@)L(z) =

2 o
1T { !;(1 (1-2 €T cos
i=1

(bﬂ.)z-l +¢2CiT,2 ]} N

The only factor 1-Z2" in the numerator will be almost

canceled by the (l-e'CTZ'1 ) factor in the denominator,
the real value of CT being very small and e €T being
almost one.

The resultant transfer function is an all pole model

IV. Linear Prediction
Changing a to Et in (4) and limiting the case

to the all pole model it will become! 5!

8;=018p, =028, ~ - oS, = Ey ®)

Transforming into the Z domain
-1 -2_ PR - -p =
5@ {16127 <02 b2 }-E@ ©

To characterize a portion of human speech it will
suffice to get the transfer function of the vocal

1
tract K(z‘) which is
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1

= COV@LD = — T - (10)
A@) (1-% 6,25
k=1

A factor of G(z) being canceled by L(z), the order p
is twice the number of the formants considered,
augmented by one for the remainder of G(z).

If we estimate the present value of S; by the
weighted sum of the precedent values S¢-y, St-2, etc.
then the estimate S¢ will bel®!

St= ¢lst_1+¢28t_2+"'+¢pst_p (1 1)

The error between the observed value at t and the
estimation St will be Etlsl

§;-8¢= E, (12

This equation mans that we can estimate the present
observation value St by the weighted sum of the
passed observation values St-1, St-2, St-3, ... St-p and
the error in this case is the excitation value Et’ that is,
we can estimate the value which is to occur within
the excitation itself. Thus we estimate the future
value when it does not occur yet. Simply we get the
most natural state (expectable value of system)
guessable from the latent system dynamics.

If we prepare two (or more) estimators to use
one each at the transmitting end and the receiving
end, then we can save the channel capacity drastically
because the most part of the quantity to be trans
mitted will be autonomously prepared at both ends.
It will suffice to send the discrepancy which may
occur between the real value and the estimated value.
In the eq.(12) the discrepancy does not bear any
information. And we can call it “achromatic” or
“bleached.” It will be enough to send the pitch
frequency and p prameter values of the system. To
obtain exact values of parameters we must calculate
them from as many as possible observed values and
need a criterion to optimize the parameters. For our
case we use the MMSE (Minimum Mean Square Error)
criterion to get the following equation.

Total squared error PE is expressed as

z@S s
totalxti

Pp= 2 Elm= T (88"
* totaln total n
P
= 2 [Z 458 } (13)
total nlk=0 k™t k tj
z=0

This calculation is done over n sets of p observed

valued St and if n is large enough 2 S

S, .
totaln K

will give the autocorrelation R (k). Thus

Raey = 2, Sk St Raep “Raao 09
The total squared error will bel6!
P
Pp = k=0 P (kj)¢ (15)
j=0

This is a quadratic form and the matrix R (k-j) is
positive semidefinite as it is an autocorrelation func-
tion of a real time series { St ‘}

The parameter P will be obtained by differenciating
the total squared error PE by j, and equating them
(=1 ... p) to zero. The result is

2 E SRy = 0

& kR T 0o RO = 9RG) =-Rg (1O

Ty =1 j=12,----sP
That is{®]

R(0O)Y oy +R(1) pp + ------ + R(p-1) ¢p=-R(1)
R(l) dL + R(O) [ PR SO + R(p_z) ¢p = —R(2)

n

R(p-1) ¢4 + R(p-2) ¢ + - - - - + R(O) ¢p =-R(p)

This is Yule-Walker’s equation and the matrix formed
by the coefficient is a Toeplitz matrix. This simul-
taneous equation means that, given the autocorrela-
tion function of the time series, we can calculate the
best paramcters that identify the voice producing
mechanism at that moment. We are going to update

each 20 ms the set of parameters as human speech isa

_44A_
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time varying process. [ <1f

V. Correlation Cancellation Loop

As this analysis is a procedure to obtain cach
component in a Cartesian coordinate system, we need
to find the values of correlations between the signal

and the axis (a set of orthogonal functions) from (10)

we see that!®]
L e EG 2 =
E(z) AD) E(2)G(2)V(2)L(2) = S(2) (18)
S(z)A(z) = E(2) (19

The latter tells that in passing the (information bear-
ing) voice into a system with transfer function A(z)
we obtain the original driving force E(z) which is train
of pulses.

We introduce a voice signal to a system which
adjust itself to render the signal “achromatic”. If any
component lingers in the achromaticed or “bleached”
signal, we will readjust the system parameters so that
there is virtually nothing except the train of pulses
without any information. We are going to measure the
components which are linearly independent each
other if the coordinate is complete and orthonormal
(CON). Each delayed signal has its own indapendance
to form the necessary CON coordinate. We extract p
components of the speech signal projected to the p
axis which are ¢, ¢, ¢3, .. ., ¢p'

Eq. (8) shows that in extracting those components
from the signal Sy we obtain Iiy. All that we do is
amplifying the almost achromatic (treated) signal
to remultiply to get the correlation of the treated

signal and the p (axis torming) function set as in Fig. 1.

e Fl— -

main signal
) N— .
NG :
Auxiliary
signal e ]

Fig. 1. CCL.

This circuit is well known as LMS algorithm. In
Fig. 2 the input signal S, is delayed by p time units
to be used as the coordinate and cach are multiplied

by the output signal which may have still some infor-
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Fig. 2. Human speech analyzer.
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mation to obtain the correlation values with them. If
there are some, they are amplified and summed to get
better cancelation. The signals at the output of the
intergrators (low pass filters) correspond to the
parameters (q&,—(pp) when well compensated as they
are the indication of the signal quantities (projected
component values to each axis) to substract to render
the input signal “achromatic”, that is, they are the
components ot the signal in the function space. The
valuc of p in our case is cight which permits us to
cover up to fourth tormant. For better articulation,

this number scems to {ail to be sufficient.

VL. Speech Synthesizer

The parameters for a given vowel known, it is
quite easy to synthesize the vowel. lor the voiced
consonants, the situation is the same. Both cases
need the synthesizer to be excited by a pulse genera-
tor with the pitch frequency of the sound. The
circuit is shown in I'ig. 3.

On the reference voltage terminals, we feed the
parameter voltages (¢, ¢, ... d)p). On the schema

it is indicated by potentiometers but in reality we use

— 45 —
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Fig. 3. Voice synthesizer.
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another D —~ A converters as we have the necessity
to change the parameters each 20 m sec. The delay
elements are TTL 74198 shift registers. Integrators
and adders are realized with the compensated opera-
tional amplifier uA 741 8. The circuit for A — D
converter is shown in Fig. 4. We show also in photos

the shapes and spectrum of each vowels.
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Fig. 4. A-D Converter circuit.

VII. Results and Discussion

We have measured the parameters of [o}], [21],
12, 15, 120, [ells [#h] and [2]] by the circuit
on Fig. 2. The results are shown in Tabie 1. Adjus-
ting the reference voltages of the multiplying D — A
converters after the values of parameters from the
table and applying a pulse generator of 125 pps on
the input terminals, we have obtained the expected

synthesized voices.

— 464
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Table 1. Parameters for Korean vowels which are obtained by the above mentioned analyser.
The entries of each row indicate he parameters in volt of the vowel indicated in the 1st
column. The general tendenc, s that the parameters in the left side column are bigger

in absolute values.

a as a3 ag as ag aq ag
o} +156 | +030 | -050 | —020 | -0.30 ~0.05 | +0.24 +0.25
ol +1.91 | +040 | —042 | —022 | —04s -0.45 | —0.02 —0.25
o +1.73 | +1.08 | 027 | 022 | —0.50 026 | -017 -0.05
% | +180 | +082 | 031 | -046 | -047 | —0.13 | —-0.04 ~0.04
o | 4144 | 4033 | 4103 | 050 | —0.05 | 020 | —0.40 -0.20
o] +1.75 | 4070 | +051 | +048 | -0.02 | -0.20 | -0.30 ~0.26
o +1.87 | +030 | -042 | —045 | +0.02 -0.19 | —0.17 ~0.07
o | +156 ’“}50730 -050 | —020 [ 030 | -0.0s +0.24 +0.25 |

Photo 1. Waveform of excitation source. Photo 4. Waveforms of “o]” original and synthesized.

£ o b

Photo 2. Wavetorms of o} original and synthesized.

Photo 6. Waveforms of *“ ¢ original and synthesized.
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Photo 7. Spectrum of 22, Photo 11. Spectrum of “ 22,

Photo 8. Waveforms of “-$ original and synthesized. Photo 12. Waveforms of “o]” original
and synthesized.

Photo 9. Spectrum of “-$2°.

Photo 10. Waveforms of * 9 original Photo 14, Waveforms of “of]” original

and synthesized. and synthesized.

‘48 -
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Photo 19. Setup of the experiment.

Analyzing the voice of a twenty seven year old
boy with a peculiar feature (deep baritone), obtaining
the parameters and synthesizing by the apparatus, we
have suceeded to get very much him-like sound.

But also we have observed that simply continuing a

voice sound tends to be perceived as noise - kind of
B i : i ¥ buzzing or humming. The not-human like impression
Photo 16, Waveforms of “£]” original can occur from a not-human like breath length and

and synthesized. the human-like uniformness of the pitch frequency.
On the other hand, we have studied the parameters of
another twenty seven year old male to find them quite
different from those of first. These discrepancies
seem quite normal on account of the difference in

voice features of two persons.

VIIL Conclusion
The human speech signal spans quite large spec-
trum. But it does not contain much information

judging from thevcomparatively slow motion of the

vocal organ. This vocal organ is modeled as an eighth
order dynamic system for a limited duration of time,
namely twenty milli second.

We have extracted the parameters of the vowels
o, el (2], 51, (&0, (o]l (o], and {#]] of
Korean language, and observed some discrepancies
between persons which are quite normal. We have
made an analyser and a synthesizer using a digital
and analog hybrid technique to circumvent the
difficulty of obtaining muiltitapped analog delay and
multipliers. And we have succeeded to synthesize
Korean vowels with the synthesizer and we could

recongnize the speaker because of this voice fea-

Photo 18. Synthesizer.

tures.
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