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1. INTRODUCTION  Previous work in the field of speech resynthesis (analysis/
synthesis} have adopted either a time domain or a frequency domain approach.

A popular time domain method is LPC (1) which uses an all-pole model in its
simplest analytic form. The freqguency domain approaches which have enjoyed
the most success (2, 3) use iterative technigues.

This paper describes a wecthod whereby the transfer-function of a pole-zero
mode) of the vocal tract may be derived ahalytically from the short-time ampli-
tude spectrum and how it is applied in the resynthesis of voiced speech, using
serial and parallel filter realisations of the model, implemented on a pro-
grammable digital speech synthesiser.

2. CURVE-FITTING TECHNIQUE Consjder the smoothed spectrum of a typical
vowel sound - Fig 1, For the resynthesis of this vowel using any spectral
matching technigue, the aim is to derive a model with a freguency response
which "fits" as clesely as possible to the spectrum of the original vowel. It
is theoretically possible to derive a model with a frequency response that fits
the original spectrum exactly at each of its computed frequency points, How-
ever, the high order of such a model would make resynthesis complex and would
render the required data rate for the synthesiser unacceptably high. It is
therefore necessary to abandon the idea of an exact fit and to consider cri-
teria for providing an approximate but analytical fit with a relatively
low-order meodel.

It is proposed that a general spectrum with N maxima and N-1 included minima
can be adequately represented by a pole-zero model with Z-domain transfer
function

P+ plZ_l - pnz'n n = 2(N-1)
H{z) = - (1)
q + qlz + i+ qmz o= 2(N)

where one complex pole pair is used to model each maximum and one complex pair
of zeros for each minimum pair. This arrangement caters for the worst poss-
ible case in which highly resonant peaks are separated by transmission zeros,
The possibility of there being significant minima (excluded minima) at the
lower or upper frequency ends of the spectrum is discounted, since spectral
information in the region of w = 0 and w = wg/? (wg = sampled rate) is gener-
ally unreliable.

Having evolved a rule to determine the order of H(Z)}, the next step is to con-
Sider the criteria to be used to enforce a fit to the original spectrum. '
Referring again to Fig l, it is clear that the perceptually most significant
peints in the spectrum are the maxima and minima, ie, {wi, A)) ... (w7, A7),
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These points "deserve” a better fit than any of the others. In fact, it is
ccuvenient to postulate that they deserve an exact fit, since this leads to a
particularly convenient analytical solution. Thus, for the general model of
equation (1}, the value of B{Z) must be such that the points

{wy, Ay) ... 4 fwpp-)) are fitted exactly and, furthermore, these should be
"turning-points" (maxima or minima). Now

a_ + Zal cosuwT + ... 2an cos nwT N (w)

1+ 2b1 cosuT + ... me cos mwT D lw)

laz)? = n@ nez’hy = (23

where T = sampled rate.
2
The process of fitting ]5(2)] to the original spectrum involves finding the

ugv and "b" coefficients-ih the above expression so that N{w)/D(w) satisfies
the given criteria. The first condition implies that ’

& W, Wop e W -
NG, ) /D (o) onl? Y 1Y m-1

KA, = AL Ay e Ry

The second condition requires that

W= W, W, ees W

_d N kM1 2 2n-1
dw |D{w} Ak = Al, Az, PN AZN-]..

The response defined by equation (2} contains a total of 4N-1 unknowns, while
the above relationships only supply a total of 4M-2 equations. 1In order to
obtain a unique solution for the unknowns the ag coefficient in (2) is
heuristically determined. 1I1ts value may be chosen to ensure that the derived
value for |H(z)|? remains positive over its entire frequency range. The
“free® parameter a,, can in fact be used to tune the spectral fit. It is con-
venient to make ag proportional to the average energy of the spectrum. With a
suitable value for ag, the other 4N-2 unknowns may be found by matrix
inversion or some other analytical method.

Having found the "a" and "b" coefficients in the expression for |H{z)|2, the
problem is to determine the model transfer function from this. Since

[H(Z)lz - nz) Bz

the roots of the numerator and demominator polynomials of |H(Z)l2 will oceur in
reciprocal form. Thus every root inside the unit circle will have a corres-
ponding root cutside. A stable configuration for H(Z) may be obtained by
selecting those roots of the combined function which lie inside the unit
circle. Hence H{Z) may be obtained as

{z=2,)(2-2.) ... (2-2)
1 2 n
(z-pl)(z-Pz) S (Z-Pm!

B(Z) = K

where P, and Z, are the model poles and zeros, and K is a scaling factor which
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is evaluated to restore the amplitude information “lost™ in finding the roots
of the twe polynomials.

Fig 2 shows how the derived model fits the original spectrum of Fig L. Fig 3
illustrates the effect of the value of the a, coefficlent on the sharpness of
the model response. The consequences of an incorrect cheice for Ag is that
one or other, or both, of the polynomials in [H[ZJ 2 may have roots on the

unit-circle in the Z-plane which means that |H(ZJ| may change sign by passing
through either zero or infinity. In this situation it is not possible to
ebtain a stable configuration for H(Z). Such a case is illustrated in Fig 4.

It may be noted, however, that the matching criteria, as stated, are still
fulfilled. Whenever this situation arises [in about B% of spectra derived
every 10 ms) a new attempt is made to fit the input spectrum by varying ay
sljightly about the nominal value. This increases the suceess rate of the

fitting process to just over 99%.

3. SPEECH RESYNTHESIS For the resynthesis of utterances, the time-warying
response of the speech model is obtained by finding a sequence of H{Z) which
fit the input spectra, derived every 10 ms. These spectra are derived by
cepstral-smoothing of the output of a bank of 128 fourth-order, narrow-band,
bandpass filters. Any spectral peak with a relative amplitude of less than
-50 dB is omitted from the matching process. The time movement of the poles
and zeros of the derived sequence of H(Z) are then subjected to low-pass
filtering (smoothing).

Far the actual speech resynthesis, two options are available. H(Z) may be
expressed as a product of biquadratic factors. This is equivalent in form to
the serial formant synthesis method. Alternatively H{(Z) may be expressed in
terms of its partial fraction expansion. This method is egquivalent in form
to parallel formant synthesis. Both these realisations were implemented on a
Frogrammable digital speech synthesiser (PDSS) ({4).

With either synthesis configuration, the filter structure is excited by an
iwpulse train wheose pitch-period reflects that of the original speech. The
value of pitch, together with the digital filter coefficients, are updated
every 10 ms.

4. DISCUSSION From informal listening tests, the synthetic speech produced
by this systewm has been judged to be of fairly good gquality. It does, however,
possess a slight roughness. It is felt that further improvement ccould be
attained by a pitch-synchroncus update of filter coefficients. This is not
possible with the present PDS5. It is interesting t¢ note that, on the basis
of a single utterance, the parallel filter configuration provides slightly
better guality of speech. At present, there is no apparent reason for this.
It should be pointed out, however, that, while the steady-state properties are
the same for both, the dynamic properties of each are clearly different.
Finally, before the resynthesis strategy can be applied to all classes of
speech, it will be necessary to use technigues for voiced/unveiced classifi-
cation, and for determining the degree of veicing for mixed excitation.
Preliminary analysis suggest that the technique can also be applied success-
fully to these types of speech.
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