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Source-filter paradigm is one of the most common approaches used by the scientific community to
establish models for analysis and synthesis of voice sounds. But, if the source-filter models are easy to
compute, they ignore some physical phenomena which are important for the naturalness of the sounds.
In this presentation, we investigate how we can modify the usual source-filter model in order to take into
account some simplified aeroacoustic coupling between vocal folds and vocal tract while keeping low-cost
computation and efficient analysis methods. After presenting a glottal area waveform model, we establish
a complete voice model based on the preceding glottal area waveform model and evaluate its relevance
by comparing analysis and synthesis methods based on this model and on a usual source-filter model.

1. A glottal area waveform model based on high speed video-endoscopic recordings

The most used source in the source-filter models of voice production is obviously the Liljencrants-Fant
model, or LF model [1]. As the LF model is originally a glottal flow model, this waveform model appears
to be also relevant to model glottal area waveforms. A study on a database of glottal area waveforms
extracted from high speed video-endoscopic recordings highlighted that most of them can be accurately
approximated with an LF model. In our lecture, we present these results with some examples from the
database using the one-parameter LF-Rd model [2]. As the LF-Rd model has only one parameter, it can’t
represent the diversity of waveforms we observe in phonation and we’ll introduce some other interesting
glottal area waveform models.

2. Voice production model

In this second part, we use the previous observations to establish a simplified aeroacoustic vocal folds
model. The vocal folds geometry is reduced to an open area whose temporal dynamics is driven by an
LF-Rd model. The aeroacoustic coupling between the vocal folds and the vocal tract is ensured by a
simplified jet model based on standard Bernoulli equations under quasi-stationarity hypothesis and the
continuity of the acoustic pressure and flow at the interface between the jet and the vocal tract, a basic
model commonly used for voice and wind instruments modeling [3]. This model, driven by a subglottal
pressure psub, is described by

{

psub = pG(t) +
1

2
ρvG

2(t)
uG(t) = AG(t)vG(t)

(1)

{

pG(t) = p(0, t)
uG(t) = u(0, t)

(2)

where pG(t), uG(t) and vG(t) are the pressure, flow and speed inside the glottis, ρ is the air density, AG(t)
is the forced glottal area and p(0, t) and u(0, t) are the pressure and the flow at the inner end of the vocal
tract. Finally, the vocal tract is modeled with an usual auto-regressive (AR) filter [4].

3. Signal analysis, model inversion and validationl

An analysis method for source-filter model with LF-Rd source and AR filter has been developed at
IRCAM [5]. As we use a similar source-filter model in which we added a jet model, we adapt this analysis
method to our model. We can then evaluate our model and the improvements brought by the aeroacoustic
coupling by comparing the analysis and re-synthesis results of our model and the LF-Rd / AR model.
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