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Let us take as model for the speech source a lincar dynamic system characterized
by a memory function which, driven by a forcing function, gives the speech signal
at its output.! The forcing function is a quasiperiodic train of laryngeal excitations
which follow one after another, by t > 0, in intervals equal to the pitch period? and
have so short a duration that at the end of each pitch period equal zero.3 As the me-
mory function seems to have such characteristics that at the end of each pitch
period the response of each single glottal pulse also equals zero,? the latter can be
expressed with the ‘identical’ functionss or elementary waves

2u{7; ag) = (o) f h—Toa ST <t
BE T = Yo otherwise

(1)

where a is an aggregate of waveform parameters, T'ox 1s the value of the pitch ‘period’
in the kt® elementary wave and £ is chosen arbitrarily.

From the speculation about the nature of the speech signal, made above, it follows
that each single elementary wave contains no periodic components and is statistically
independent. Hence each vocal segment of the speech signal, defined as a phones
(Fig. 1), can be regarded as a non-stationary random function X(z; a)? or random
speech wave presented by the set of its trials

2(T; a1), 2(T; @z), x3(T; a3) ... xp(T; ax), ... xn(Ti08) (2)
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which oceur in the fixed interval (z,, 7o + T'), where T'g = Cte = T and whereask is
chosen arbitrarily, it may be chosen in an orderly manner as well.
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ig ibtl{.lbhdsgeed osc1110gra.m of the vowel [d¢] as in [ddp). Speaker A. M. The oscillogram is
ained by photographical enlargement of bilateral motion picture sound recordi:g.

hf: . usf tzke Tamples @k(Tm; ax) = Tim of the kth elementary wave in its successive
E], fsro evelopment r:n[m =0,1, 2., 3, ...n) (k)] at constant sampling intervals
long_t m ~— T ; h= ‘1/ 3“ z, where W is the signal band width, which are sufficiently
o ensure the independence of the samples.8 Then each el ) -
presented with the set of samples P ach elementary wave 18

.
(T ax) =<
W75 ak) k0> Tk1, Tk2, Tk3s o Thms « « - Tknkys -+ - Tkn 3)

\,vhere.the samples z, in the points of zero-crossing and the samples with numbers of
sarilf?hng betyveen n(k) = Tox/dr and n = Ty/Adt (See Eq. 1) equals zero.
the sections of the random speech wave X(7; a) in the fixed phases of develop-
ment 7, are grouped to form ensembles
X(Tm; @) = Tim, Tom, Lam, - - - Tkm, - - - Tnm 4)
then the ensembl i :
s X a;n es or random variables X (7, ; a) form the system of random vari-

X*(r; a) = [X(71; a), X(12; a), X(13; a), ... X(Tm; a), ... X(Tn; a)] (5)
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Let us assume that the storage rule for the information about the system of random

variables X*(t; a) is given by the rectangular matrix g
1= || zem ]| (k= 1,2,3,4,... h)(m= 1,2,3,4,...n(k), ... n) (6)

Then we can consider as a portrayal of the system of random variables the discrete
vector field created in the measurement space as a result of the storage operation, 1.e.,
as a discrete vector variable X* = fx(Q), where the operator, fz designates that X*
takes its values in the points Q of the measurement space, according to the rules.
given by the matrix . '

Assuming a measurement space determined by amplitude, phase and time, Q(z,
7, 1), we can decompose the vector variable x* in the components belonging to the:
subspaces of the measurement space (Fig. 2):

X
% -

km¢t

8t

Fig. 2. The discrete vector variable X* = fz(Q) and its components in the point (Xim, Tm. t) of the
measurement space, determined by amplitude x, phase 7 and time t (§ = Cte is scale reduction.
coefficient).

1. Unidimensional Substances. X* = X% + X* + X} where Xt = —apmad X =
=—A7z?and X} = —8Txx? and where 0 = Cte is scale reduction coefficient which
takes values between zero and unity, 0 < 6 = 1. The unidimensional components.
form sets of measurements which generates the statistical parameters (mean, vari-
ance, etc.) of the distributions of amplitude and pitch ‘period’, and the duration of’
th.e speech sound. The space filling properties of the portrayal X* are given by the
fmxed product Vx» = X% . (X* x X}). The unit vector x° = X*/ | X* | of X* gives.
its directional properties. |

2. Two Dimensional Subspaces. X* = X3, + X* 4 X}, which generate a set
of subportrayals: the plot Zp(t) of mean peak amplitude (Zp = Tp-p/2) vs time or mean
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amplitude envelope, the plot Zg¢ of pitch ‘period” vs time and the family of wave-
forms of the trials of the random function.

It is known,® that if we let the total number of samplings per speech sound tend to
discontinuity then the system of random variables (Eq. 5), presented by the pattern
X*, becomes equivalent to the random speech wave X(7, a). Hence any visual repre-
sentation of speech based on this principle!©,!t should be considered as reliable (Fk 3).

Fig. 3. Waveform (WF) Portrayal of the vowel [d] as in [ddp] build from the high speed oscillo-
gram shown in Fig. 1. Total number of elementary waves h = 11. Recorder scale [sec. 10-°].
Duration 82.1073 sec (6 = 0,032).

The pitch ‘period’ normalized portrayal B* of the random function generates its
mean, variance, correlation function and power spectra. Assuming that each trial
xx(T; ar) exists between two successive positive-going zero-crossings, the portrayal
B* can be obtained after prearranging of the time-domain samples 2, in a new
phase-angle basis according to the rule given by the matrix B

B =B =L IR SN
where Bkm = ” Trm - -+ Th(mtge—1) ”
and where -+ ¥ ~ 4 n(k)/27  is an entire digit.
But we may choose another way for analysis of the waveform portrayal by
which no pitch normalization is needed; we can use parameters for direct evalu-

ation of the successive waveforms like the crest factor C and the form factor F.
These parameters. together with the slope of the pulse frout S = Peak/Rise time,
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can be applyied also in regard to the mean envelope 7p(t) and to the plots of
the another waveform parameters vs time: 7'(¢), C(2), F(¢), etc.

Some preliminary results of the application of the methods described in this paper
to the practical problems of speech analysis can be considered as encouraging. Five
stressed Bulgarian vowels, uttered by speaker A. M., in nonsense syllables, was sub-
jected to speech analysis by the waveform. Sampling with A7 = 0,0001 sec was

Fig. 4. WF Portrayals of five vowels uttered by speaker A. M., in the syllables: [dik], [pdt}.
[t/ét). [ddp] and [tin] (Phonetic designations according to I.P.A.). Recorder scale [sec. 1073].

acomplished manually from their Waveform (WF) Portrayals shown in Fig. 4. The
mean product-factor of the waveform P = C . F, presented in the nght—hand side
of Fig. 4., seems to match the complexity of the waveform and, since it is non-di-
mensional, it appears that it is closely correlated to the phonemic value of these
vowels. The observation that the sudden change in voice effort during the stress
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results in corresponding changes in the waveform!2 makes it reasonable to suggest
that the product (Cpg . Cs,¢) would be effective by digital evaluation of stress.
The envelope form of IrI!3 can be evaluated by the product factor of the envelope
P;,, the ratio between its value in the modulated and non-mudulated segments of
the carrier vowel sound being greater or equal to 1,55. It is sugested that the most
important acoustic cue of IjI is the slope Sz, of the plot of pitch vs time,4 the ratio
between the slopes of phones, IjI and Iil, with similar waveforms and amplitude
envelope forms being found to be 7,5.

Random  Systemof  Waveform Discrete

function  random portrayal parameters
variables
a ' x*
X )A Y X(r:a) X P.R.R

Fig. 5. Computing circuit of the process of statistical analysis of speech by waveform.
Q(ka’ Tm, tk)
X* = —"—kaxg

* ™ o
= e———— X
X, -

Xt = O(te-1—t) x{

It has been shown recently that speech recognition is possible when a computer is
presented with short samples of the acoustic waveform, the samples being processed
without preliminary analysis.1s It is hoped that if a computer operates with the input
speech wave according to the ideas set forth in this paper (Fig. 5), the efficiency of the

process of mechanical recognition as well as the quality of its output would be impro-
ved.
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