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On the Glottal Flow Estimation and its
Usefulness in Speech Processing

Speech technologies find an important place within the
context of human-computer interactions. Interest for this topic
arises from the fact that the speech modality is probably the most
natural way of communicating for humans. The following pre-
sentation is divided into two parts. The first section addresses
a fundamental and crucial problematic in speech processing :
given an audio recording of speech, how to extract from it the
corresponding glottal flow, i.e the airflow coming from the vocal
folds ? Since the glottal flow conveys relevant production infor-
mation, the second section emphasizes how this signal can be
integrated in various concrete applications of speech processing.
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1. Estimating the Glottal Flow from the Speech Signal:

The estimation of the glottal flow directly from the speech
signal (as captured by microphones) imposes to understand the
physical process of speech production. According to the pho-
nation mechanism (see the Figure below), speech results from
an airflow evicted from the lungs, arising in the trachea, pas-
sing through the glottis, filtered by the vocal tract cavities and
finally radiated by the lips. The glottis is defined as the space
comprised between the vocal folds. During the production of
voiced sounds, the airflow arising from the trachea causes a
quasi-periodic vibration of the vocal folds. The goal of this first
part is precisely to estimate the glottal flow modulated by the
vocal folds during voiced sounds. This is a typical problem of
blind source separation since neither the vocal tract nor the glot-
tal contributions are observable. Based on some properties of
the speech signal we proposed an algorithm [1] that showed its
potential to reliably and accurately estimate the glottal source.
Relying on the speech signal itself is of paramount importance
since it allows to be independent of the use of any intruisive
(e.g endoscopic cameras) or awkward (e.g laryngograph) de-
vice, which is generally avoided in concrete industrial applica-
tions.
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Left plot : Representation of the phonation aparatus. Speech
results from an airflow evicted from the lungs, arising in the
trachea, passing through the glottis, filtered by the vocal tract
cavities and finally radiated by the lips. Right plot : Tranversal
view of the larynx. Glottis is defined as the space comprised
between the vocal folds.




2. Applications in Speech Processing:

Since the glottal flow, as estimated in the first Section, is
a fundamental signal characterizing the production of speech,
its analysis or synthesis may find various applications in speech
processing. Regarding the analysis, it is aimed at extracting a
set of time-domain or spectral features characterizing the phona-
tion. As for the synthesis aspect, the goal is to find a parametric
modeling having the ability to generate realistic glottal signals.
Potential applications then include :

— Speech synthesis : The goal of speech synthesis is to
automatically produce the lecture of an unknown text,
which is generally typed by the user. Challenges are ty-
pically expressed in terms of naturalness and intelligibi-
lity of the generated voice. The main drawback of para-
metric synthesizers is the buzziness (i.e robotic aspect)
in the produced speech, which is due to the difficulty
in creating a natural excitation signal (i.e related to the
glottal production). We therefore proposed a model of
the excitation [2] that showed its effectivenes for increa-
sing significantly the naturalness of the synthetic voice,
and consequently its overall quality.

— Voice pathology detection : The presence of a voice pa-
thology is known to be related to a dysfunction of the
vocal folds behaviour. The glottal flow as estimated in
the first part then contains relevant information about the
presence or not of a given dysphony. Based on features
extracted from the glottal flow, we developed objective
tools with the goal of aiding clinicians in their diagnostic
[3]. This is possible since the glottal features have dis-
tinct distributions for normophonic and dysphonic sub-
jects.

— Expressive speech analysis : The production of expres-
sive voice encompasses, among others, modifications ta-
king place in the glottis. It is consequently possible to
analyze differences in the glottal production and to inte-
grate them in applications such as emotion recognition
or expressive speech synthesis.




— Speaker identification : Speaker recognition refers to
the automatic task of authentifying the identity of a per-
son using its voice, for the purpose of controling access
to information, a place, etc... As the physiology and be-
haviour of the vocal folds differ from a person to another,
it is expected that the glottal flow could be efficiently in-
corporated into a speaker recognition system.
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