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Abstract. It is described a program created for the production of realistic animations of tridimensional facial
models in real time, based on LPC analysis of speech and previous determination of the characteristic dynamics of
the speaker model. The final program was successfully able to render a model with 900 triangles in a frame with
350x400 pixels at 60 frames per second, driven only by parameters extracted from a speech signal.

1 Introduction

Speech is usually understood as an acoustic process, but
it has been proved that listeners also acquire visual infor-
mation during a dialogue [1][2]. Speech perception is a
bimodal process, in which both auditory and visual percep-
tion play their roles. A striking demonstration of this fact
was discovered when Harry McGurk and John MacDonald
were studying how infants perceive speech during different
stages of development and accidentally created a videotape
with the audio syllable /ba/ dubbed onto a visual /ga/. When
listeners watched the tape they perceived /da/, which is ar-
ticulatorily between these two. This audio-visual illusion
has become known as the McGurk effect [3][4].

The efficiency of speech-based communication can be
improved by showing the speaker’s image together with the
voice signal[1]. This means that there are real benefits on
the audio-visual transmission of speech, and not just point-
less science fiction. Our system is focused on the generation
of the image of a speaker driven by the acoustic information
transmitted, in order to enhance the realism of a spoken sig-
nal. The system also finds application on general computer
animation of characters, although this activity does not take
advantage of the high speed attainable by it.

The basis for the system was described by Yehia, who
demonstrated that it is possible to estimate facial move-
ments from speech signals [5].

2 Methods

2.1 General Process Description

There are two different data inputs to the system: the speech
signal and a previously determined face model that con-
tains information about the shape of the speaker and how
it moves. The speech signal is analyzed in frames, where
there are extracted a set of parameters to be transmitted and
used to resynthesize each speech segment, as well as to con-
trol a program that renders the reshaped face to be displayed
with the current acoustic signal (Figure 1).
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Figure 1: Process diagram.

This process had already been implemented [6][7][8],
but that system could only work from previously recorded
signals because the process was very slow. In this work the
process is recreated with a stand-alone program that works
faster, animating the model in real time.

2.2 Model of the Face

The facial model that must be previously created to be used
by the system contains the following information:

• Mesh and applied texture.

• Mean of the input parameters.

• Linear weights matrix.

The process of acquiring this information is done on
two steps. First the head of the speaker is digitized on a
3D-scanner on different facial configurations. These con-
figurations must explore all the movements that can happen
independently during normal speech. If few configurations
are used, the system will not be able to do a realistic sim-
ulation, and if many configurations are selected, than the
model will contain more degrees of liberty than it is needed
to simulate only normal speech.



After the head is acquired at these different states, the
resulting models are still unrelated objects. The meshes
must be transformed so that each vertex in a model cor-
responds to vertices in each of the other models, and so any
mesh can be recreated from any other by simply moving its
vertices around. Each mesh becomes then a distorted ver-
sion of the others, and not different objects anymore. This
way it is possible to represent the different configurations
of the face as vectors in a space where the dimensions are
the coordinates of the points of the meshes. The final mesh
that is stored in the model is the mean of the acquired faces.

In the second step, some of these vertices are identified
as being control points previously marked on the face. To
create the model used in this work it was used 18 control
points. A linear model is then computed to determine the
displacement of the vertices of the mean facial model ~M

from the displacement of the control points to their mean
state ~C. This linear transformation matrix Q can be used
to create a new face ~Mcur from a vector of current control
points positions ~Ccur in the following way:

~Mcur = ~M + Q(~Ccur − ~C)

The same control points are then monitored with a 3D
motion and position measurement system while the subject
pronounces various sentences. To create the model used
in this work it was used a Northern Digital OPTOTRAK
system. This motion of the points is then analyzed together
with the recorded audio signal of the sentences, and a model
is created relating acoustics and facial motion during speech
production. This model can be used to estimate the posi-
tions of the control points from different speech signals.

This step restricts the model to be used only in speech
applications, as the face is not monitored in all of its possi-
ble states, but only in the subset of states that are related to
speech. In other words, this model cannot be used to cre-
ate an animation of a face doing different expressions, or
doing movements that do not occur during normal speech.
For example, all movements tend to be symmetric during
speech, but this is not a restriction of human faces in gen-
eral. Whiles these restrictions make the model useless for
general animations, it also makes it more simple.

Using functions to determine the control point move-
ments from speech parameters, and the rest of the face from
the control points, it is possible to determine the whole fa-
cial and head motion from the analysis of speech.

The mapping from the control to the facial points was
successfully done by linear relations, but the mapping from
the speech parameters to the control points show better re-
sults with non-linear functions [5]. This work was done
with a completely linear model, but an extension to apply
neural networks to the system, as done by Yehia [5], has
been developed and is under tests. Any non-linear estimator
can be appended to the input of the face rendering program,

but this program itself uses only a linear model.
It has not yet been implemented a program to manage

the creation of the speaker model. The model used here was
computed by an ad hoc process. This manager program to
be prepared in the future must be extensible enough to per-
mit the determination of nonlinear estimators as the neural
network that has been used.

The application of textures to the model can be done
with any 3D-model editor. A texture file can be created
joining pictures of the head taken from different angles, or
by a special camera that takes the whole picture at once, as
it happened with the model used in this work.

This kind of multimodal speech reproduction system is
not limited to 3D models. Barbosa and Yehia have already
demonstrated the possibility to restrict the process to two
dimensions [8]. The system this article describes is capable
of handling such a model, but does not take any advantage
on the dimensional restriction imposed.

2.3 Sound Processing

The speech signal is divided into frames of approximately
20ms, where it may be considered stationary [9]. Each
frame is analyzed in order to extract the parameters that
will be transmitted and used on the receptor to synthesize
the sound and the face. These parameters are the root mean
square of the signal and the LSP parameters computed from
a tenth order LPC analysis [10][11][12].

The fundamental frequency of the speech is not yet
being used, but will certainly be included, as it is important
to the LPC synthesis and also plays an important role in
determining the position of the whole head of the model:
the lowering of the head causes a decrease of the pitch [7].

2.3.1 LPC analysis

Vocoders are a class of speech coding systems that analyze
the signal at the source and transmits to the receiver a set
of parameters that control a voice synthesizer. Vocoders at-
tempt to model the speech source as a dynamic system and
try to set on constraints to this model. These can be phys-
ical constraints, and are used to provide descriptions of the
speech signal. Vocoders are more complex than waveform
coders and achieve very high compression rate.

A popular vocoder technique is the Linear Predictive
Coding (LPC), developed by Itakura [11] and Atal [13] in-
dependently. In this model, speech is the output of a digital
filter having as input either an impulse train or noise, de-
pending on whether the speech segment is voiced or not.

The LPC filter of the p-th order is an all-poles filter
defined by the transfer function:

H(z) =
G

1 +
∑p

k=1
akz−k

;



which is equivalent to a linear difference equation relating
input (u) and output (x):

x[n] = u[n] +

p∑

k=1

akx[n − k].

The coefficients of this filter are obtained in the time
domain using linear prediction techniques based on the min-
imization of the energy of the prediction error. The original
signal can be reconstructed from the LPC parameters and a
initial state, but this is impossible with few coefficients.

It is possible to reconstruct the original signal using
the LPC values and a small error signal to correct the pre-
diction, and this is done in some communication systems.
In the LPC vocoder, however, the error signal is ignored.
The LPC filter is used to process an impulse train with a
certain frequency and power which are determined for each
frame analyzed. This procedure emulates the production
of human voice. Noise can be used instead of the peri-
odic impulses signal to generate unvoiced phonemes. In
the end, for each frame the only values needed to be trans-
mitted are the LPC coefficients, the gain and the pich. Pitch
zero means an unvoiced frame (Figure 2).
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Figure 2: LPC model.

The LSP parameters further developed by Itakura [10]
is a mapping of the LPC parameters. They are more sta-
ble in time and have other characteristics that make them
more suitable to various applications than LPC. This was
the case in the problem of the determination of facial be-
havior from speech signal [5]. The mapping between LPC
or PARCOR [10] and facial motion is much more compli-
cated than the mapping with LSP parameters, so the esti-
mator part of the model is much more simple in this case.

The system has been programmed to use the autocor-
relation method with the Levinson-Durbin algorithm to cal-
culate the LPC coefficients. To calculate the LSP from the
LPC values it was implemented the algorithm created by
Huang Dezhi[12].

2.4 Computer Graphics Modeling

The development of graphics libraries has been an impor-
tant factor in spreading the use of computer graphics. Those

libraries provide an underlying portable software platform
that optimizes the utilization of the available graphics hard-
ware. In this context, OpenGL has become a standard API
for intensive graphics applications. In this work it suited
our needs because of its high performance on appropriate
hardware and accessibility.

The core program of the system was done in the C++
programming language. A library of classes to deal with the
models was created. Points were stored in a vector, and the
triangles list of the mesh was stored as a vector of pointers
to the points. Thus the coordinates of the vertices were cal-
culated only once for each frame. Each vertex also stored
the linear weights associated to it, and also the direction
of a normal to do lighting with Gouraud shading [14]. To
read the model file into those classes, a parser program was
created with the lex language (Figure 3).

Figure 3: Example faces. These frames were selected from
an animation created by the system based on a real speech
signal, with the model facing different directions.



When the program begins, the model is read to the
memory, and a window is opened with the model prop-
erly placed on the center of the image. Using command
keys, the user can rotate the model clockwise or counter-
clockwise in relation to the vertical axis, and can also move
a light source to anywhere in the space.

The program also receive commands from the standard
input, which is continuously read by a concurrent thread. A
command to change the position of the camera, and vari-
ous other more complex commands will be included in the
future to control other aspects of the scene, as lighting for
example.

There is also a command that states the new param-
eters to be used to render the face. When this command
is issued, the parameters are appended to a buffer that is
repeatedly read by a function that applies the parameters
to the vertices of the model. The parameters entered are
the pure LSP values, and they have to be first subtracted
from their mean values which are also part of the speaker
model. These differences are then simply multiplied by the
weight matrix to determine the displacement to be added to
the coordinates of the facial model’s mesh to determine the
current mesh.

3 Conclusion

The final system could successfully generate animations of
a model with 900 triangles at 60 frames per second in a win-
dow with 350x400 pixels using a personal computer with a
NVidia 3D graphics card. This rate is the same at which
speech frames were transmitted, and slower rates can be
attained with appropriate interpolation of parameters from
sets of speech frames.

With the proper texture, lighting and perspective, the
rendered model looked very realistic, a far cry from the
nodes-and-branches models that were being created with
the previous development version.
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