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INTRODUCTION

Although electronic speech synthesis by now has a tradition of several decades, there is still no
agreement on the most preferable structure for a speech synthesizer. In this paper we will com-
pare several structures that have been used by workers in the field. As these all appear to have
some drawbacks, we will propose an alternative structure that should solve at least some of the
problems. ‘

The single most important axiom underlying our work is the opinion that the development of
synthesis rules will be made much easier and less time consuming if optimal use can be made of
existing phonetic knowledge. This knowledge happens to be formulated either in terms of articu-
latory postures and movements or in terms of formant patterns. Taking recourse to the acoustic
theory of speech production [1,2] it is not too difficult to translate articulatory data into formant
patterns. The transformation of formant patterns into articulatory configurations is more difficult;
also, the result is not necessarily unique [3]. This is one reason why articulatory synthesis has
received much less attention than formant synthesis or terminal analog synthesis. In this paper the
discussion will be restricted to terminal analog synthesis, and more specifically, to formant
synthesis. The use of linear prediction parameters like reflexion coefficients or Log Area Ratios is
not considered because, regardless of their sugestive names, the relation of these parameters to
actual vocal tract configurations is, at best, disputable.

FORMANT SYNTHESIZERS, A CRITICAL APPRAISAL.

Regardless of the detail of their architecture and implementation all formant synthesizers are
based on the source-filter theory of speech production. Thus they contain a source part, that repre-
sents the activity of the voice source, and a noise source that represents the turbulence caused by
air flowing past an obstacle or constriction in the vocal tract, whereas the acoustic filtering opera-
tion of the vocal tract is accounted for by a network of resonances (and anti-resonances). The
effect of radiation at the lips and nostrils is most often combined with the source section of the
synthesizer.

The resonance and anti-resonance networks that represent the vocal tract can be arranged in three
different ways: in series, in parallel or partly in series, partly in parallel. Examples of completely
serial or parallel connections can be found in [4,5]; serial-parallel architectures are described in
[3,6,7,8]. A detailed discussion of the pros and cons of the architectures is given in [5]; therefore,
we can confine ourselves to a summary of the most salient aspects.

Synthesizers consisting of a serial connection of resonance circuits are well suited for the synthe-
sis of vowels, but they have great difficulties in producing many consonants. One of their attrac-
tive features is that the resonance circuits can be controlled by two parameters, centre frequency
and bandwidth. Parallel synthesizers can cope with both vowels and consonants, but at the
expense of a considerable increase in complexity. For one thing, the resonator circuits need three
parameters for their control, viz. amplitude in addition to frequency and bandwidth. Besides that,
special precautions are necessary for maintaining a correct spectral level at very low frequencies.
Combined serial-parallel synthesizers share the disadvantage of the increased complexity. This
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may not be a real disadvantage, however; The simplicity of control in a strictly serial synthesizer
may after all be deceptive in that it does not allow the minimum level of control necessary for
adequate speech synthesis. Virtually all existing formant synthesizers have one thing in common,
what, in our view, is their fundamental weakness: they are truly terminal analog systems, that
attempt to approximate a given spectral envelope, without explicit reference to (and sometimes
necessarily explicitly disregarding) the mechanism of speech production. In the next section we
will propose a synthesis architecture that overcomes this limitation.

A SERIAL POLE-ZERO SYNTHESIZER.

As long as the glottal impedance is very high, the velum is raised so as to disconnect the nasal
cavity, and the lip opening is appreciable, the vocal tract can be represented by an unbranched
non-uniform tube, the acoustic behaviour of which is completely specified by the frequencies and
the bandwidths of its resonances. The all-pole characteristic of the vocal tract gets lost as soon as
the velum is lowered and the tract is changed into a branched tube, or when the point of excitation
shifts away from the glottis to some constriction in the vocal tract. In all these cases the frequency
response of the vocal tract contains zeros in addition to poles. The zeros may have two effects:
They may introduce sharp dips in the spectrum or they may lower the overall spectral level in a
fairly wide frequency band.

Some synthesizers try to account for the anti-resonances in nasal sounds by adding a series con-
nection of a resonance and an anti-resonance. During non-nasal sounds the parameters of the
nasal pole-zero pair are chosen so as to cancel each other. In nasal sounds the pole-zero pair is
given parameter values that cause an extra spectral peak at a very low frequency and a sharp
spectral dip at a slightly higher frequency. From a spectral point of view the synthesis network is
more complex during nasal sounds, but this increased complexity can be motivated from an artic-
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Fig. 1:
a) Block diagram of a serial-parallel formant synthesizer with one pole-zero pair.
b) Block diagram of a serial formant synthesizer with four additional zeros.

Digital resonators are indicated by the prefix R, anti-resonators, by the prefix Z, amplitude controls by the prefix A.

ulatory point of view. The addition of pole-zero pairs that cancel each other when not needed
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cannot be used to solve the problems in approximating the correct spectral envelope for conso-
nants that have their point of excitation somewhere in the vocal tract. In this situation the cavity
in front of the point of excitation acts as a resonator, whereas the cavity behind the excitation
absorps acoustic energy at its resonance frequencies and thus acts as an anti-resonator. Because
neither cavity is very long, the number of resonances and anti-resonances in the frequency range
between 0 and 5 kHz is limited. In fact the spectra of most fricatives and plosive bursts are known
to be well represented by about two resonances and two anti-resonances. Thus it is not surprising
that some synthesizers contain an extra branch, consisting of a series connection of a small num-
ber of number of resonances and anti-resonances, that is parallel to the vowel/nasal branch and
that is only excited during the production of several unvoiced consonants (cf. Fig 1a).

This argument requires that considerable caution is excercised in switching between the branches
in such a way that the auditory continuity of the output signal is maintained. Also, switching
between the essentially independent branches cannot easily be motivated from an articulatory
point of view. In order to profit from an anti-resonance in a series connection of a resonance and
an anti-resonance, the latter must be moved from its cancelling position in the low frequency
region of the spectrum. That, however, results, in an extra pole. Although there may be cases that
this extra pole too can be used, simply for spectral shaping purposes, somewhere higher in the
frequency spectrum, the speed and magnitude of the pole movement is so great in such cases that
disturbing noises are introduced in the output signal. An example of this phenomenon can be
observed in Fig. 2. The natural speech signal (Fig. 2a) and the synthesized signal (Fig. 2b) result-
ing from the model in Fig. 1a match reasonably well, due to the position of the nasal pole and
zero (3000 Hz and 1800 Hz respectively). Matching both spectra only by means of the parallel
resonator in combination with the serial resonators was less succesful, so adding a zero was nec-
essary. The disturbing noise occurs during the transitional phase of the nasal pole (from 240 to

3000 Hz).
(pB} (DB) (DB}
T 1 100 ’ 100 100
90 . 9 90
80 — ~—— 80 |~ 80
h L h,p
{ Hlﬁ ‘l ” | . * I m fhj *
n e i ‘W . v
1 } ] | I _
4 t ' ¥ 50 } + { 50 A A 11 | 50
M [ | I i) i i
i ! L i '
T T 40 ] 40 t 40
- I W
“ L 30 Ll 30 M !' 30
‘;‘k "r'"”— Tttt — 20 T + 20 20
; ' 10 ] 10 10
r*f"*'gg% — p— — S
1000 2000 3000 4000 5000 ° 0 1000 2000 3000 4000 5000 ° 0 1000 2000 3000 4000 5000
FREQUENCY (HZ) FREQUENCY (HZ) FREQUENCY (HZ)
a) b) c)
Fig. 2: FFT spectra of 25 ms samples of frication noise.
a) From natural spoken /x/

b) From rule-synthesized /x/ by means of the model shown in Fig. 1a.
¢) From rule-synthesized /x/ by means of the model shown in Fig. 1b.

One way for synthesizing fricatives that is compatible with articulatory considerations is to add
anti-resonance circuits in series to a serial formant synthesizer. Obviously, these anti-resonances
must be canceled during the production of sounds that are well approximated by an all-pole spec-
trum. The only way left to cancel the zeros is to put them into the origin of the z-plane during the
time that they are not needed. If their action is called for, the zeros must be shifted towards the
unit circle in the z-plane. Because the distance travelled by the zeros is relatively large, their
speed of movement is accordingly high. Now it is well known that fast changes in the parameters
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of a resonance circuit cause intrusive noises to occur in the output signal that may even affect the
auditory continuity of the signal. Contrary to poles, however, zeros are allowed to move around
the z-plane at high speed without destroying the auditory continuity and without causing intrusive
sounds to be heard. Zero tracks are even allowed to cross without producing objectionable audi-
tory effects. This has led us to the synthesis structure shown in Fig. 1b. Although this architec-
ture still does not allow a direct mapping of articulatory data to synthesizer control parameters it
is a viable approximation to the ideal. Switching between two branches is no longer necessary,
all-pole sounds can fully profit from the simple control structure of serial formant resonators,
F-patterns during the transition of vowels into consonants maintain their articulatory interpreta-
tion and the spectral envelopes of consonants can be realized without the need to tamper with the
frequency and/or bandwidth of formants of adjacent vowels in order to prevent poles from mov-
ing too fast. Fig. 2a and 2c show spectra from a natural speech signal and from a synthetic signal
produced with the new pole-zero serial synthesizer. It can be seen that fricative spectra can be
closely matched.

SOURCE MODELS IN FORMANT SYNTHESIZERS.

An often cited disadvantage of serial formant synthesizers is that they are not able to model spec-
tral slope changes due to changes in the shape of the glottal excitation pulses. One solution to this
problem would be to employ the added zeros to serve this purpose, but we consider this as abuse.
In our opinion these spectral slope changes should be accounted for at the place where they origi-
nate, viz. in the source. Here too, two orthodox and a compromise approach can be conceived.
One orthodox approach is to opt for a maximally simple terminal analog realization that just pro-
duces the desired waveforms without any reference to physiological reality. An example of this
approach is the source in the synthesizer described by Klatt [6] and represented in Fig. la by the
parameters RGP, RGZ and RGS, which is sufficiently transparent to allow rules for its control to
be derived without too much effort. It is, however, not very well suited to model details of the
dynamic changes of the voice source characteristics. The alternative orthodox solution would be
to implement a physiologically based source model like the one described in [9]. The computa-
tional complexity of such a model would, however, be prohibitive in any realistic synthesizer;
also, it would be extremely difficult to obtain the data necessary to derive the rules for controlling
the parameters of the model. Compromise solutions either specify the glottal waveform by a con-
catenation of mathematical functions [10,11] or by using a drastically simplified physiological
model that still can account for the most important aspects of the behaviour of the human voice
source [12]. Work is under way to replace the terminal analog source in our synthesizer with a
computationally efficient version of the model proposed by Cranen and Boves [12].
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