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ABSTRACT

A new approach to phonetic-string-to-
speech synthesis is described. This ap-
proach uses an object-oriented frame-
work to structure a speech synthesis
system around acoustic landmarks. A
landmark-based representation is used
in the generation of high-level synthe-
sis parameters. Constraints based on
speech production and on the spectral
and temporal properties of the speech
waveform guarantee that the s;feech
synthesized corresponds to a signal that
could have been produced by a human
speaker. An example of the use of the
system and a discussion of its design
are presented.

1. INTRODUCTION
A structure for a phonetic-string-
to-speech synthesis system is presented
along with examples of phonemes in
various phonetic environments. An
object-onented approach was chosen
because such systems have been shown
to be particularly well-suited for imple-
menting and working with systems con-
sisting of large sets of inter-related con-
straints [1]. Generating high-quality
synthetic speech is more a problem of
constraint satisfaction than of specify-
ing parameter tracks for a synthesizer.
Synthesis-by-rule systems have tradi-
tionally used either ad hoc rule im-
plementations (2] or have been closely
modeled on standard phonological no-
tations [3], and have typically been
Elagued with problems of providing a
exible environment for maintenance
and enhancement of rules [4]. An ap-
preciation for such problems has led
us to alternative programming method-
ologies to apply to dgeveloping a speech
synthesizer.

2. CONSTRAINT-BASED SYN-
THESIS

. Our approach to speech synthesis
is based on a view of speech produc-
tion as controlling the characteristics
of the sound whiﬁz balancing linguis-

tic goals with speech production con-
straints. These constraints include, for
example, limits on the rates of move-
ment of the articulators, values of reso-
nances of the vocal tract in the vicinity
of constrictions, and conditions involv-
ing the pressure in the oral cavity and
airflows through the orifices of the vocal
tract as well as the spectral and tempo-
ral properties of the resulting synthe-
sized sounds [5]. The synthesis problem
is similar in some ways to the problem
solved by a talker atiempting to orga-
nize the sequence of articulatory move-
ments nee(?ed to implement a series of
phonemes.

The process of conversion from an
input phonetic transcription (with syl-
labic prosodic specification) to audio
waveform proceeds in several phases.
The starting point for the synthesis

rocess we gescribe here is a series of
eature markings of the sort proposed
in {6]. The transformation from pho-
netic and prosodic symbols to the se-
ries of feature markings is not treated
in this paper. Initially this stage will be
performed by hand; we plan to draw on
the literature for methogs of generating
a series of feature markings %rom pho-
netic and prosodic information. The
focus of this paper is the part of the
system that generates high-level (HL)
parameter tracks [7] - parameters that
are based on a speech production model
- from feature markings that are clus-
tered together into langmarks. The no-
tion of landmarks {8] is central to the
implementation of the synthesis system
described in this paper. Landmarks
are the anchors around which the con-
straints are structured, and as such
are the principal objects of the sys-
tem. Currently, the locations in time of
the landmarks are determined by hand.
Another phase converts HL parameters
to low-level (LL) parameters (7). The
resulting LL parameters are then used
as input to a Klatt-type formant syn-
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Figure 1: Process of transformation
from str‘ini of phonemes into synthe-
sized speech.

thesizer as the final phase, which yields
an audio waveform as output.

Figure 1 schematizes this transfor-
mation from a string of phonemes with
prosodic markings into a series of land-
marks, and from landmarks into sets
of HL parameters. The mapping rela-
tions that transform the HL parameters
into the low-level parameters that con-
trol the sources and transfer functions
of a synthesizer such as KLSYN8S [9]
have been described previously (for in-
stance, [7], [10]).

A key feature of the kind of system
propose!here is the characterization of
the synthesis problem as one of con-
straint satisfaction. The synthesis pro-

ram encodes constraints that must all
Ee satisfied, and the software finds a so-
lution automatically if possible, and if
not, a reason 1s indicated and modifica-
tions to either the specification of the
landmarks or to the rules of the system
can be made by the user. The oppor-
tunity for the user to explore the rela-
tionships among the entities (objects)
is one important feature of this sort of
system.

3. AN EXAMPLE

A short example serves to illustrate
the elegance and utility of this sort
of object-oriented approach to speech
synthesis. The synthesis of consonants
is illustrated in this example, Synthe-
sis of sounds involving quickly chang-
ing characteristics (such as formant fre-
quencies and bandwidths, and ampli-
tudes of aspiration, frication, and voic-
ing sources) that must be carefully
timed relative to one another, has of-
ten presented a difficult problem for
synthesis-by-rule programs, but yet, in
our opinion, is essential to the genera-
tion of highly intelligible and natural-
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sounding synthetic speech.

Consider the pho-
netic string /wansapona/ which has se-
quences containing [+consonantal] seg-
ments (/anss/ and /opon/). One kind
of constraint applies to [+consonantal]
segments (the /ns/ and the /p/ in
[ansopa/, for instance). In each case,
a closure/opening gesture for a ma-
Jor articulator (or articulators) must
be generated. The rates of closure
and subsequent opening as well as
the time required for reversal of di-
rection depend on the particular ar-
ticulator(s) and are based on limits
of movement of the physical struc-
ture(s). For each [+consonantal] seg-
ment, constraints for secondary articu-
lators (such as the glottis and the soft
palate) apply. These constraints place
limits on the rates of glottal abduc-
tion or adduction, rates of change of
vocal-fold stiflness, rates of change of
the velopharyngeal opening, and rate
of change of vocal-tract volume expan-
sion during obstruents.

Figure 2 shows parameter tracks
for the individual lip and tongue blade
articulators al and ab (in the top
panel). The opening/closing gestures
for the lips and tongue blade are sim-
lar. The parameter tracks for the
secondary articulators of the velum
and the glottis are shown in Fig. 3.
The complete parameter tracks for the
area of each orifice (shown in the bot-
tom panel) are constructed so that
the following constraints are all sat-
isfied:  closure and opening of the
tongue-blade constriction aligned with
the landmarks for /n/ and /s/; lip
closure followed by opening (approxi-
mately 85 ms later) for the /p/; rate
of closure/opening is 50 cm?/sec for
both the lips and the tongue blade;
for a [+consonantal,—continuant] seg-
ment, the minimum area is zero; for
[+consonantal,+continuant] segments,
the minimum area is such that the
amplitudes of the sources of the syn-
thesized sound are appropriate in re-
lation to the adjacent vowel; the
area parameter tracks are constructed
from individual opening/closing ges-
tures that are derived from the land-
marks - the complete track is con-
structed using the minimum value at
each point in time; the values of f2
and f3 near each [+consonantal] land-
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Figure 2: Parameter tracks for lip al
and tongue blade ab opening/closings.
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Fi%ure 3: Parameter tracks for the
velum an and the glottis ag.

mark are constrained to be appropri-
ate for the corresponding oral-cavity
constriction in relation to the features
for the adjacent vowel; the parameter
ag must reach a large enough value
so that the airflow at the oral cav-
ity constriction causes an appropriate
amplitude of aspiraton to be calcu-
lated; for any [+consonantal,+nasal]
segment, an reaches a peak at the first
landmark of the pair of [+consonantal]
landmarks, and the rate of opening
and closing is about 10 cm?/sec. The
vocal-tract resonances, target areas
and rates of change of area are adjusted
automatically so that appropriate air-
flows and pressures are maintained to
meet the constraints listed above. For
any situation in which is it not possi-
ble to satisfy all of the speciﬁedpcon-
straints, the system flags the condition
and an adjustment to either the land-
mark timing or the features markings
can be made by the user.

4. SYSTEM DESIGN

Many complex systems may be
modeled as interactions among a col-
lection of less complex objects. Object-
oriented systems are usually decom-
posed into a static component - the
classes, types, or structures of objects -
and a dynamic component — the meth-
ods or functions and the evaluation of
interactions. The design of an object-
oriented system consists of (1) choosing
appropriate objects and (2) specifying
how the objects interact.

In converting from the landmark
representation to HL parameters, four
major classes of objects are involved:
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landmarks, features, articulators, and
parameters. Landmarks may be one of
vocalic, glide, consonantal closure, or
consonantal release, where the conso.
nantal landmarks occur in pairs. The
landmark objects combine a time with
a list of features, which are binary
(+/-) values and an associated la-
bel. The articulator-bound features
add an associated articulator, which
may be either the primary or sec-
ondary articulator. The output param-
eter objects are lists of control points,
where control points are time/value
Fairs. There are ten HL parameters:
07 fl? fz’ f3’ f4’ ag’ an) ab’ al’ a'nd
ue [7]. For each of the three differ-
ent types of landmarks (vocalic, glide,
and consonantal) the object-oriented
Frocedure uses one underlying, basic
andmark object. This basic object
is a generic landmark, one that cap-
tures the behaviors and attributes in-
trinsic to any landmark. The generic
landmark consists of attributes such
as phonetic-features, preceding-phonetic-
context, and following-phonetic-context,
as well as information representing the
prosodic context.

When rules are stated using tradi-
tional phonological notations, such as
“A —>B /X __Y”, evaluation takes
the form of searching a database of
rules for any which are applicable to
the current context. In essence, we
begin_by turning this system inside-
out. Each landmark object notifies its
predecessor and successor of its fea-
tures, and is likewise notified by them
of their features. Feature messages by-
pass landmarks unconcerned with that
particular feature, providing a natural
means of expressing underspecification.
Within a landmarE object, the cumu-
lative effect of the incoming messages
1s to apply any applicable rules, some-
times causing additional features mes-
sages to be sent to the surrounding
landmarks. The rules may therefore
be stated subjectively from the view-
point of each type of landmark, allow-
ng an object-oriented system to sim-
plify much of the rule organization and
selection.

The list in Section 3 describes a
group of interrelated constraints. It is
not an ordered list of calculations. In-
stead, the system salisfies all of the con-
straints in a demand-driven order, that
1s, each calculation is performed only
when the value it defines is needed (de-
manded) by some other calculation or
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user action. An important aspect of
demand-driven evaluation is that there
is no need for the user to specify the
particular order in which the computa-
tions are to be performed, as this se-
quencing is done automatically. For in-
stance, if the user requests to display
the LL parameter track AF (amplitude
of frication), then the sytem demands
the values for the oral-cavity pres-
sure P, and for the minimum cross-
sectional area of an oral cavity con-
striction (acx) as seen in the equation
for AF [5]: AF = 20log[K;PL%acx®®],
where K; is a scaling factor. The
ressure P, is calculated using a low-
requency equivalent circuit model of
the vocal tract {7]. The minimum area
acx is determined by comparing the
areas of the glottis, the tongueﬁ)ody
constriction, the tongue-blade constnc-
tion, and the lip opening.

Because the input to the synthesis
process is in terms of feature markings
and not areas and pressures, a range of
values for the areas is (usually) possi-
ble, and the system calculates the val-
ues of P,, and acx that result for each
choice of area allowed within the range
(in appropriate increments, such as 1
mm?). A rule for “best” configuration
(such as “the amplitude of the noise at
the constriction is closest to the amphi-
tude of voicing”) is used to select auto-
matically the values of P, and acx, and
therefore AF. In this way, the demand-
driven feature of the sytem mirrors in
some ways the behavior of a talker who
adjusts tie vocal-tract configuration in
order to produce the “best” production
of a series of phonemes.

5. SUMMARY

The development of this system has
only recently %egun, so there remain
many unasked as well as unanswered
questions, and our understanding will
no doubt evolve along with the system.
Nonetheless, we believe that this ap-
proach represents a significant step to-
ward taming the complexity of exist-
ing models of speech production, and
it may provide E’esh insights into that
compf;xity. For example, we can at
this time only mention the apparent
connection between feature geometries
and object-oriented systems. This ap-
proach to speech synthesis also demon-
strates the efficacy of both the HL and
acoustic landmark representations of
speech.
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