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O 2003-2007/3 an_Ju|’SarajeV0 Facial animation consists of two parts — speech animation and animation of emotions.

Using the prerecorded soundtrack of the speech, we can create speech animation and

fine tune it by adding emotional expressions.
Linguists have defined that the human speech consists of a particular number of

Theoretical research : phonemes e.g. the smallest contrastive units in the sound system of a language. The
number and kinds of phonemes are different for every language. In our research we

| | . * - : IfiCi ' experimented with the Bosnian language phonemes. Viseme is a generic facial image
Statl C LI n kl n g Of Ph O n em eS Fleld ArtIfICIaI Intelllge_nce that can be used to describe a particular phoneme. We created 13 visemes for 30
to Polygonal 3D Model’s * Field: Computer Graphics Bosnian language phonemes.
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In last two decades facial animation has been intensively explored and various

. . ° F|e|d S|gna| Processing approaches and techniques were introduced in order to achieve the most accurate and

FaC | al Exp reSS | O n S natural look of the animated character. Three basic approaches are concatenative,
parameterized and muscle based approach.

. ] . Our research is based on parameterized approach introduced by Parke, where the 3D

PraCtlcal |mp|ementat|0n : polygonal mesh of the model is animated using the data from the parameter file, such

as phonemes and their durations.

° MATLAB-Neural Network The project is organised as follows: in sections 2-5 we introduce the training and

phoneme recognition using LVQ neural networks and generating the parameter file.

TOOlbOX Section 6 describes mapping of the phonemes from the parameter file to 3D model’s
facial expressions using the MaxScript control script. The final section is a general
e Software Maya conclusion about our present work and some details of future work for the automated
Prof. Zikrija Avdagic  Dr Selma Rizvic Dr Samim Konjicija Mr Adnan Nuhic speech animation of Bosnian language phonemes.
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It can be viewed as continuous time signal or discrete time signal. spectral features that contain information similar to those presented to the higher levels of processing in human auditory
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microphone, we have recorded phonemes, [ . . . Self-orgamzmg networks are one of the most fascinating
performing A/D conversion. Since frequency range As it can be seen from the picture, during Input Competmve |ayer Lmear |ayer topics in the neural network field. Such networks can
repeated pronunciation there are parts in learn to detect regularities and correlations in their input

of human speech lies in range of 300Hz-8kHz
(although there are sounds that go up to 10kHz),

responses to that input
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signal which contain no useful information. and adapt their future
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pronunciation of consonant that s fully B Learning Vector Quantization (LVQ) is a method for

functional during training .

Testing samples are recorded as single R=13 1Y Q@ tra!ning of a competiltive Iaygr in a supervised manner.
pronunciation of one phoneme. Part of the { T k J \ J This means that during training of the network (that is
signal that carries no information before and during adjusting network weights) there is “a teacher”

who explicitly gives target values for each input pattern.

Training samples are used for training a neural
network. Typical length of these samples is
between 1,5s and 3,5s although only a small part

E of sample is used for actual training. Speech is L after phoneme is cut out I“
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with animate on

while not eof dat do
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animation of Bosnian
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file for the automatic
animation system based
on 3ds max.
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Morpher modifier is a data structure designed to handle particular number of channels and their parameters. Assigning this modifier to an object allows the animator to
make the animation by morphing a basic object from one copy to another in time. After visemes are created we assign them to Morpher modifier channels as morph targets.
Our algorithm provides automatic key frame generation for these visemes using MaxScript scripting program .

MaxScript is the built-in scripting language for 3ds max. It’s an object oriented programming language working with classes, objects and methods.

MaxScript provides a set of methods working with Morpher modifier. Using these methods we can add or delete Morpher modifier channels, check their range, usage etc.

The algorithm has the following phases:

nitalizaron, fle opening Using that parameter file as an input parameter of the MaxScript control script we performed the hardest work for an animator, creating

rkey frame creation in corresponding Morpher modifer channel the keyframes of Morpher modifier channels containing visemes that are corresponding to the phonemes of the prerecorded soundtrack.
After this process, the animator is able to fine tune the animation and add the facial expressions of the emotions.

«final animation rendering

MaxScript control script uses a parameter file with phonemes and their start and end frames as an input file. Each line of the file is parsed. By a case expression is Our further Work W|" be dedicated tO phoneme CIaSSiﬁcation USing neural networks At ﬁrst we ShOUId Classify the phonemes by three

determined which phoneme appeared. The corresponding viseme channel of Morpher modifier is set to 100% at start time and to 0% at end time. By performing this

operation in animate context, key frames are created. . . . o . basic phoneme types in Bosnian language and after we will perform the classification of particular phonemes inside that type.
After reaching end of file, the animation could be rendered by the script using previously defined render parameters such as camera name, output file size, interval in . . . R . . . . .
frames and output file name . The following phase of our research will contain experiments in Bosnian language phoneme recognition in real time, that should be the
The animator is now able to fine tune the animation and add the emotions visemes to the model. . K . . . . . . . . .
basis for various applications in computer animation, computer assisted language learning, development of virtual environment avatars

etc.




