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Abstract 
This is a preliminary report of a project in progress with the purpose to create an 
articulatory synthesis model for studies of speech production. It is realised by a 
computer program which may control the lips, the shape of the tongue body and 
apex, and the mandible. An area function may be computed and displayed graphi- 
cally and numerically. Formant values may be computed and sent to a formant 
synthesis model for sound production using a DSP hardware module. Automatic 
and systematic generation of parameters may be achieved and the results sent to a 
disk jile. The program keeps all speaker dependent data in a disk file, enabling 
processing of several speakers. 

Introduction 
The Apex project is aimed at the creation of an 
articulatory speech model to be used as a tool in 
studying an important class of speech sounds: 
apical speech sounds. The need for such a 
model is for example found in phonology: 
(Browman and Goldstein 1992), speech tech- 
nology: articulatory speech syntesis: (Lin 1990, 
Fant 1992), and in general basic phonetic re- 
search: (Hardcastle and Marchal 1990). Re- 
search in music acoustics and in singing may 
also be mentioned. Another goal is to gain a 
deeper understanding of coarticulation of 
speech. This knowledge may hopefully be 
achieved by comparing speech data from the 
model with data gathered by laboratory experi- 
ments, e.g. movement data using a movetrack 
system (Branderud) and data from signal analy- 
sis and spectrograms. 

Input data 
The Apex model will take input data from trac- 
ings based on X-ray images for one speaker and 
some selected vowels (Lindblom and Sundberg 
1971). The tracings show the contours and po- 
sitions of the articulators. These contours are 
placed in a coordinate system and sampled as 
x/y data points. Three different articulator trac- 
ings are sampled: The maxilla (static not vowel 
dependent), the tongue and the mandible. The 
position of the points is sampled using a preci- 
sion of approximately 0.5 rnrn. and the spacing 
is chosen in order to keep the deviation from the 

original within +I- 0.5 mrn. Some additional 
tracings are also added like the head, the nose, 
the external mandible etc mainly for aesthetic 
reasons. The maxilla tracing comprises the up- 
per teeth, the palate via the rear pharynx wall 
and goes down to glottis. The tongue tracing is 
comprising the apex, the tongue body, the epi- 
glottis the larynx all the way down to glottis. 
The mandible tracing comprises the lower teeth 
and the mouth floor. To model the complete 
tongue four sub models are used: one for the 
apex which is considered to be the first 20-40 
mm of the tongue tracing, one for the body, one 
for the epiglottis and one for the laryngeal part. 
In addition there is a model for the lips. The 
whole synthesis model may be controlled by 8 
parameters including the mandible position. 

The lip model 
The lip model is currently not represented by an 
articulatory model but rather as an area function 
model which will add the last area segment to 
the complete area function. Three basic modes 
are selectable: rounded, spread and neutral. The 
values come from tables, indexed by the mandi- 
ble position. 

The apex model 
The apex model is created by a parabolic func- 
tion. The parabola is attached by its one leg to 
the tongue body. The other leg's end correspond 
to the tip. The model is rotated in order to 
acheive a smooth conjunction between body and 
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move with it accordingly. This movement is 
complex and taken from the X-ray images as 
tracings of two reference points according to 
some mandible positions. From these reference 
point tracings a table is calculated containing 
translation and rotation of the origo as a func- 
tion of the mandible position. Values between 
table entries are found through interpolation. All 
points fixed to the mandible system are trans- 
formed using this table if the mandible is 
moved. 

The area function 
An area function may be calculated from the 
glottis up to the lips. A number of equivalent 
cylinder segments are calculated. Each segment 
has an area and a length. The last segment is 
taken from the lip model. This segmentation is 
roughly achieved as follows: a help line is 
drawn between the tongue contour and the pal- 
ate or pharynx wall (pointing to the mandible 
origo in the upper mouth or horizontally in 
pharynx), then another help line is drawn a bit 
further on. A line is then drawn between these 
two helplines' midpoints. Finally the distance is 
measured between the palate or pharynx wall 
and the tongue, perpendicular to this line, 
through its midpoint. This distance (D) is trans- 
formed to an equivalent area (A) using the 
power function A = a * D ~ ,  where a and b are 
constants varying for different parts of the vocal 
tract. The length of the last help line is the 
equivalent length of the cylinder segment. The 
lengths and areas are fed into an algorithm 
which calculates the corresponding formant fre- 
quencies (Liljencrantz). 

The computer program 
The model has been realised as a computer pro- 
gram for a PC and the Microsoft Windows envi- 
ronment. The user may control the model pa- 
rameters in an interactive fashion, and the corre- 
sponding model is displayed on the screen. The 
area function may be calculated and will be re- 
ported both graphically and numerically. The 
corresponding vowel sound may be played via a 
loud speaker. All software is written in the ob- 
ject oriented programming language C++ which 
opens the possibility to represent each articula- 
tor as a program object. This simplifies the pos- 
sibility to have several user selectable models 
for any one articulator. As new research reports 
become available the program may be updated 
to comprise new models without requiring revi- 
sion of the entire program. A comparison be- 

- tween the different models may then be carried 

out on line. All speaker data may be stored on a 
disk file. 

Figure 3. Calculation of area function 

Sound generation 
The formant values are automatically trans- 
ferred to a formant synthesis model built with 
Aladdin (Ternstroh), which is a software pack- 
age to control a DSP (Digital Signal Processor) 
hardware module. The synthesis works in real 
time and enables the user to listen to the sound 
without delay just by pressing a button. 

F1-F2 diagram 
Automatic generation of parameters is possible 
through specification of range and step. The 
area function is calculated and accumulatively 
marked on a F1-F2 diagram (see fig. 4), as well 
as being numerically transferred to a disk file. 
More advanced functions are planned. for future 
versions. One such function is to find all tongue 
shapes compatible with a certain apical target 
and plot a line in a position deviation diagram. 
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Figure 4. Screen dump of F1 -F2 pattern generation. 


