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Abstract The aim of this paper is to evaluate the effec-
tiveness of using video data for voice source parametrization
in the representation of voice production through physical
modeling. Laryngeal imaging techniques can be effectively
used to obtain vocal fold video sequences and to derive time
patterns of relevant glottal cues, such as folds edge position
or glottal area. In many physically based numerical models
of the vocal folds, these parameters are estimated from the
inverse filtered glottal flow waveform, obtained from audio
recordings of the sound pressure at lips. However, this model
inversion process is often problematic and affected by accu-
racy and robustness issues. It is here discussed how video
analysis of the fold vibration might be effectively coupled to
the parametric estimation algorithms based on voice record-
ings, to improve accuracy and robustness of model inversion.

Keywords Physical glottal modeling - Videokymography -
Voice data analysis - Model inversion - Video analysis

1 Introduction

The glottal flow waveform has a fundamental role in the
characterization of a speaker’s voice. There is experimen-
tal evidence that flow waveforms obtained by inverse fil-
tering actual voice recordings are characterized by a wide
variety of different shapes and cues. The waveform of the
glottal volume velocity is influenced by a number of fac-
tors, e.g., the sex and the age of the speaker, the vocal fold
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health, the style of phonation. Physiological parameters used
to control the glottal cycle characteristics include the subglot-
tal pressure, the laryngeal muscles tension, and the resting
position of the vocal folds [1]. Vocal fold vibration consists
of a back-and-forth movement, which can be induced and
sustained over time, and whose source of energy is a steady
stream of air flowing through the glottis. This phenomenon is
called flow-induced oscillation. In the early 1950s and 1960s,
the vocal fold oscillation was explained with the myoelastic-
aerodynamic theory. According to these theories, Bernoulli
forces (negative pressure) cause the vocal folds to be sucked
together, creating a closed airspace below the glottis. Con-
tinued air pressure from the lungs builds up underneath the
closed folds. Once this pressure becomes high enough, the
folds are blown outward, thus opening the glottis and releas-
ing a single “puft” of air. Since the 1970s, a large number of
studies addressed the acoustic characterization of the glot-
tal air flow during voiced phonation by accurate modeling
of the folds vibration phenomenon [2-5]. Among these, the
lumped-element model proposed in 1972 by Ishizaka and
Flanagan [2], in which the folds are represented by two cou-
pled mass-spring oscillating systems, is most representative.
To date, the main achievement of the studies on voice source
dynamics has been to assist us in understanding the principles
of flow-induced oscillatory phenomena and the causes under-
lying vocal fold pathologies, e.g., [6,7]. The potentialities of
employing source model tracking in conjunction with vocal
tract analysis in voice modeling and disorder diagnosis [8]
are interesting, yet poorly investigated if compared with other
non-dynamical representations of the glottal source [9—11].
On the other hand, video data acquisition and processing
became in the last decades an essential tool for medical prac-
tical applications such as larynx examination and pathology
diagnosis. Visual analysis techniques that are widely used,
especially for clinical investigation, include laryngeal (video)
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stroboscopy, high-speed videolaryngoscopy, and videoky-
mography (high-speed line scanning of vocal fold vibra-
tions). The acquisition of visual information about voice pro-
duction requires that an endoscope is inserted in the mouth
or in the nasal cavity to reach the vocal folds. Digital image
processing algorithms can provide time patterns of visual
cues related to the oscillations of the vocal fold edges for
further analysis (vocal fold boundary detection and tracking)
[12,13]. Recently, a video processing-based analysis scheme
relying on the computation of a set of spatiotemporal geo-
metric features from the glottal area has been proven useful in
quantifying and differentiating normal and disordered vocal
fold vibrations in adults and in children [14,15].

Despite the wide number of investigations dedicated in
the analysis of acoustic data on one side and of video endo-
scopic data on the other, effective analysis schemes exploit-
ing both modalities have been rarely addressed to date. An
example is [16], in which vocal fold vibrations were analyzed
using a high-speed camera and related to sound characteris-
tics. Analysis included automatic glottal edge detection and
calculation of glottal area variations, as well as kymography.

In this paper, we illustrate an approach to phonation mod-
eling that relies on both acoustic and videokymographic
data analysis. The information gathered from the audiovi-
sual analysis is used to accurately fit a source-plus-vocal tract
model, in which the voice source is represented by a dynam-
ical model of the vocal folds. The videokymographic data in
particular is used to improve the parametrization of the source
model, by controlling the principal glottal sub-cycle features
such as open/closed interval durations. A pilot experiment is
presented in which the method is used on a dataset featuring
two different subjects uttering a sustained vowel.

The paper is organized as follows: in Sect. 2, the numerical
model of the voice source and the parametrization algorithm,

I B
propagation line
[

o

L

vocal fold

Fig. 1 Scheme of the low-dimensional voice source used as glottal
waveform generator (note that the vocal tract model is not represented
here). Left representation of the vocal folds in terms of a mass-spring
system; phase delay between lower and upper edges of the fold are
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addressing the fitting of visual and acoustic data, is presented.
In Sect. 3, the proposed method is assessed on a dataset con-
sisting of a videokymographic plus acoustic recordings of
sustained phonation, and the results are discussed. In Sect. 4,
the conclusions are presented.

2 Method

The proposed voice modeling method is based on the joint
analysis of audio and video data with the aim of inverting a
physiologically inspired model representing the dynamics of
the vocal folds and the vocal tract resonances. The acoustic
pressure recorded at lips is used to gather information on the
vocal tract formants and to provide an estimation of the glot-
tal source by inverse filtering; the videokymographic data,
providing accurate information on the closure and opening
glottal instants and on the duration of closed and open phases,
are used to improve the accuracy in the fitting of the glottal
model to the acoustic data.

In our modeling scheme, the lip pressure signal measured
by the microphone is given by

N
YO == D ary(t — k) +iig (1) ()
k=1
where ay, ..., ay are the auto regressive (AR) coefficients
of an all-pole model of the vocal tract, and () is the first
derivative of ugz(t), the excitation glottal pulse waveform.
The voice source model used to represent u, relies on the
mass-spring paradigm adopted, among others, by the well-
known Ishizaka—Flanagan one-mass and two-mass models.
The details of the glottal excitation model, illustrated in
Fig. 1, can be found elsewhere [17], and here we only briefly
recall the essential components.

Flow model

ug(n)

]:(1’1, ZL’Q)

Fluid mechanical model

M(uy, z1; fo)

x(n)

modeled through the propagation of the fold displacement along the
thickness of the fold. Right the discrete counterpart of the mass-spring
model
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The lower edge of the folds is represented by a single
mass-spring system k, , m and the propagation of the dis-
placement x along the thickness T & of the fold is represented
by a propagation line of length t. Let x; be the displacement
of the fold at glottis entrance, and x> the displacement at the
exit. An impact model reproduces the impact distortions on
the fold displacement and adds an offset x¢ (the resting posi-
tion of the folds). The driving pressure P, acting on the folds
is computed from the lung pressure P, the flow u, and the
lower glottal area A, using Bernoulli’s law: P, = P— % P Z—gl

(a) T = 2 samples, closed interval: 2 msec
0.05 T T

~0.05 L L L L L L L

0 0.005 0.01 0.015 0.02 0.025 0.03 0.035 0.04
time [sec]
2 T
0 |
ol ]
_ . , \ \ , , .
0 0.005 0.01 0015 0.02 0.025 0.03 0.035 0.04
time [sec]

(b) 7 = 40 samples, closed interval: 4 msec

0.05

I I I I f
0 0.005 0.01 0.015 0.02 0.025 0.03 0.035 0.04

time [sec]
2 T
o i
b |
- . . \ | \ , .
0 0.005 0.01 0015 0.02 0.025 0.03 0.035 0.04
time [sec]

(¢) T = 80 samples, closed interval: 5 msec

0 0.005 0.01 0.015 0.02 0.025 0.03 0.035 0.04
time [sec]
2 T
0 |
b h
4 \ , \ \ , . .
0 0.005 0.01 0.015 0.02 0.025 0.03 0.035 0.04
time [sec]

Fig. 2 A simulation of the glottal model, for different values of the
phase delay parameter 7 (in samples): folds edge displacements (upper
plots), and glottal source (lower plots). The plots show how the phase
delay parameter t directly affects the closed-phase interval of the glottal
flow cycle, i.e., the interval in which x| or x; is in the closed position

(p being the air density). In Fig. 1, the vocal folds and the
Bernoulli term are enclosed in the fluid mechanical compo-
nent M. A flow model F converts the glottis area given by
the fold displacements into the airflow at the entrance of the
vocal tract. In its simplest form, the glottis area is computed as
the minimum cross-sectional area between the area at lower
vocal fold edge, A; = L - x1, and the area at upper vocal fold
edge, A» = L - x;. The flow is then assumed proportional to
the glottal area, i.e.,uy = F(x1, x2) = kgmin(xy, x2) (where
the lung pressure P is included in k). The propagation line
of length 7 reproduces the vertical phase difference of the
vibration of the cord edges, which is essential for the pro-
duction of self-sustained oscillations without a vocal tract
load. The pressure lung, Pj, has a role in determining the
onset and offset of the oscillation. In our simulations, it is
kept constant during the system evolution and is omitted for
simplicity in what follows. The mass-spring systemk, r, m is
modeled as a second-order resonant filter, characterized by a
resonance frequency fy = ﬁ«/k/_m )

In previous investigations, this model has shown to pro-
vide stable oscillatory behavior in a wide range of parametric
configurations of interest [18], and to be suited for applica-
tions in which automatic fitting to recorded speech data is
involved [17,19]. Moreover, with respect to traditional multi-
mass-based glottal models, it has the property that the phase
delay parameter t directly affects the closed/open-phase ratio
of the glottal flow waveform, as shown in Fig. 2. This is of
particular interest here, since the method that we propose
relies especially on the optimization of 7 in order to match
the closed/open-phase ratio measured from the visual data.

An example of the analysis data used in this investigation
is shown in Fig. 3. It reproduces a videokymography, i.e., a
high-speed line scanning of vocal fold vibrations in a given
point along the vocal folds length [20,21]. Given the video

500 1000 1500 200

2500 3000

Fig. 3 The audio visual data used in this investigation. The acoustic
pressure recorded at lips (upper plot) is used to gather information on the
vocal tract formants and to provide an estimation of the glottal source
by inverse filtering; the video kymograph data (lower plot) provides
accurate information on the closure and opening glottal instants and
on the duration of closed and open phases, which is used in turn to
accurately fit the glottal model to the acoustic data
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Fig. 4 The pitch-synchronous parameter identification procedure performing a joint source-vocal tract identification

frame rate Fps, and the image resolution Xres, along the
time axis, the time interval Tpix corresponding to an image
pixel can be computed as Tpix = (1/Fps,)Xres,. In the
example shown, the image has an x-axis resolution of 512
pixel at 25 frames per second, resulting in a pixel time Tpix =
0.0781 ms. The available acoustic pressure at lips is recorded
with a 44.1 kHz sampling rate and 16 bit resolution.

The voice model (glottal source plus vocal tract) is fitted to
time-varying recorded speech data, by a pitch-synchronous
parameter identification procedure which performs a joint
source-vocal tract identification. The procedure is summa-
rized in Fig. 4 and operates through the following steps:

1. a fixed length running analysis window is shifted by a
variable hop size equal to the period length.

2. for the audiovisual analysis frame under investigation,
whose length corresponds to around three periods of
speech, a traditional LPC analysis is performed on the
audio signal to obtain a rough estimate of the vocal tract
model parameters ai, which also represent its principal
resonances called formants.

3. the fundamental frequency is estimated through an audio
pitch detector (and the analysis of the videokymography);
the GCI (glottal closure instants) and the closed/open-
phase durations of the glottal cycle are estimated from
the videokymography through video analysis routines.

4. the cues computed in the previous step are used to syn-
chronize and tune the mass-spring system representing
the folds (through the mass-spring system resonance fre-
quency fo and the folds edges delay parameter t), and
the glottal model is used to generate a glottal pulse.

5. a least-square fitting procedure, based on QR factoriza-
tion, is used to solve the estimation problem which pro-
vides the final parameters a; of the vocal tract filter, given

@ Springer

its time aligned input (the glottal source) and output (the
target speech signal) time series.

In the procedure sketched above, the cues provided by the
video analysis procedure in Step 3 are used in Step 4 to accu-
rately tune those parameters of the model that principally
affect the open-phase to close-phase duration ratio, i.e., prin-
cipally, the phase parameter t (the vocal fold resting position
xo and the lung pressure Pj may also affect the glottal cycle,
however, the focus in this paper will be on the phase delay
control, and the other parameters are held constant during the
simulations). To this purpose, a Levenberg—Marquardt non-
linear least-square optimization is used, which searches for
the best T parameter that minimizes a cost function propor-
tional to the distances between target and reproduced open-
phase/closed-phase duration ratio.

2.1 Video features extraction

Several cues of the glottal waveform can be extracted from
videokymographic data in order to estimate voice source
parameters. Glottal opening and closing instants are clearly
identified as the left and right corners of the rhomboid-shaped
convex regions, denoting the open phase of the glottal cycle.
Closed- and open-phase time localization and duration are
the principal parameters that will be used here to tune the
model fitting. The skewness of the rhomboid-shaped regions
is potentially interesting as well, since it relates to the degree
of left-right asymmetry in the vocal folds oscillation. Here,
we will adopt a symmetrical model of the folds oscillation
and will not take left-right asymmetries into consideration.

The input image I (x, y, t) is considered as a set of pixels
that belong to one of two regions: rhomboid-shaped convex
areas or background. Convex area pixels are those which
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GOI; . GClip

A

I
0.185 0.19 0.195 0.2

Fig. 5 A frame showing sub-cycle timing details. GCI are glottal clo-
sure instants, 7 is the glottal cycle period, T, and T, are the closed- and
open-phase intervals

belong to a region associated with the open phase, while
background pixels between two convex areas are associated
with the closed phase (see Fig. 5). The first step of the pro-
posed method is to detect figure pixels in each frame of the
temporal sequence. There is a wide variety of techniques that
could be used for the identification of whether a pixel is part
of the figure or the background. For example, a model of the
average shape of the figure can be built and an attempt to fit
this model to locations within the image can be done. How-
ever, model-based identification schemes are computation-
ally intensive and may not be able to complete the detection
in real-time. In order to satisfy the real-time constraint and to
reach a high level of accuracy, the change detection method
based on the fast Euler number (FEN) has been applied [22].
Such a method consists in thresholding the difference image
at g different levels, computing the Euler number for each
binarization, and choosing the “optimal” threshold value that
better separates signal from noise. At the end of this process,
a binary image B(x, y, t) is obtained where figure pixels are
set to 1 and background pixels are set to 0. The output of
this step can be seen in Fig. 6a. However, noise points may
appear in B(x, y, t), due to wrong illumination conditions or
errors of the FEN method. In practice, isolated points rep-
resent noise points, while compact regions of black pixels
represent possible regions associated with the open phase. In
order to reduce noise and obtain a binary image characterized
by uniform and compact regions, a morphological focus of
attention mechanism is used [23]. First, a statistical erosion is
applied to the binary image B(x, y, 1), B' = B©&g, S, where
Sis a 3 x 3 square structuring (SE) element and g is a para-
meter which regulates statistical operators [23,24]. Then, a
statistical dilation is applied to the set B, B” = B’ &g, 5/,
where S’ is a cross SE and 8, > B;. The resulting denoised
video frame is shown in Fig. 6b. Finally, a fast active con-

AL

Fig. 6 A frame showing the image processing steps for sub-cycle cues
analysis: thresholding for convex regions-background separation (a),
denoising (b), contour detection (c), computation of opening and closing
instants (d)

tour algorithm [25] is applied to detect the contours of the
open-phase regions (see Fig. 6d), and each region is approx-
imated with an elliptical shape. Glottal opening and closing
instants, GOI’s and GCI’s, are computed, respectively, as
the leftmost pixel and rightmost pixel of each contour curve
(Fig. 6d), and the closed/open-phase durations are computed
as T¢ i = GOIliy1 — GCI;, and T, ; = GCI; — GOL.

The procedure discussed so far has been implemented in
Matlab as a semi-automatic program. It requires a certain
amount of supervision, including the preliminary segmen-
tation of the portion of data to be analyzed, the tuning of
the parameters of the numerical model not involved in the
adaptation procedure, and the tuning of the video analysis
threshold parameters.

3 Results and discussion

In this section, the proposed fitting procedure is assessed
on a dataset consisting of a videokymographic plus acoustic
recordings of sustained phonation from two healthy subjects.
The subjects, both males, uttered a sustained vowel (/a/ for
S1, and /i/ for S2) for approximately 7s, subject S1 with
a fundamental frequency of 130.0 Hz, and subject S2 with
a fundamental frequency of 178.6 Hz. The procedure was
applied on a total of 30 frames for each subject, in the sta-
tionary portions of the recordings (voice onsets and offsets
were discarded in this investigation).
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The video analysis process aimed at measuring the prin-
cipal cues that could be of interest for the parametrization
of a glottal model able to represent the motion of the vocal
folds and the fluid dynamics of the airflow passing through
the folds and originating the glottal waveform. Some cues of
the glottal waveform have been recognized to be particularly
relevant for the study of the perceptual influence of the voice
source characteristics, and for comparing different voice
qualities. Well-established voice source quantification para-
meters, computed from the flow and the differentiated flow,
are usually defined in terms of the time intervals in which air
is allowed to flow through the glottis (opening and closing
intervals) or not (closed interval), and in terms of flow ampli-
tude [1,26]. We define here a set of glottal area time parame-
ters which are strictly related to the ones used in the literature
to characterize the air flow. If T is the glottal cycle period, and
Fy = 1/T the fundamental frequency of oscillation, we call
T the closed glottis interval, Top the opening interval, T¢; the
closing interval, and T, = Top + T¢ the open interval. Also,
the following derived parameters are defined: the closed quo-
tient CQ = T /T, the opening quotient OQ = T,/ T, the
speed quotient SQ = Top/Tc. Table 1 reports the values
of time-related area function parameters computed from the
video data, upon segmentation of the visual glottal area cues
as illustrated in the video analysis section.

Table 1 Time-based parameters (mean values and standard deviations)
computed from the video data for subject S1 (male, pitch: 130.0Hz),
and S2 (male, pitch: 178.6 Hz). Parameters reported are 7 (period), T

In the speech model adaptation procedure sketched in
Sect. 2, part of the parameters adaptation relies on the mea-
sure of the acoustic pressure radiated at lips, whereas part
of the glottal source parameters are tuned using the visual
information related to the glottal area function evolution in
time. Specifically, the visual-related adaptation step is per-
formed using a Levenberg—Marquardt gradient descent opti-
mization method, targeted at reproducing the same closed
and open glottis intervals as measured from the videoky-
mography frames. The cost function used here in the gradient
descent algorithm, referred to a frame of data, is defined as:

F(z, fo) = ar(TM(z, fo) — T))? + all(y — (2, fo)llL,
2)

where TM and 7.} are the closed interval durations from
the model and from the video analysis respectively, y =
[y(n), ..., y(ni+Ng)landy = [Y(n), ..., y(ni+ Ng)] are
the target and reproduced speech waveforms, respectively.
The parameters «; and « allow to weight the importance
of the glottal time parameter term over the speech waveform
term and are set both to 0.5 in our experiments. The order
of the AR filter representing the vocal tract filter was set to
40 (the sampling rate of the audio data being 44,100 Hz).
Figures 7 and 8 show the result of the adaptation of the folds

(closed interval), Top (opening interval), T¢; (closing interval), expressed
in milliseconds, and OQ (open quotient), SQ (speed quotient)

Sub;. T T; Top Ta CQ SQ
S1 7.4 (130.0 Hz) 3.4 2.0 2.0 0.46 1.0
S2 5.6 (178.6 Hz) 2.6 1.0 2.0 0.46 0.5

Te. = 3.4 msec

Ty, = 4.0 msec

(a) Target data

o

(b) Model (- = 2)

Te = 2.6 msec

T, = 4.8 msec

T. = 3.3
(¢) Model (- = 39) ° msee
To = 4.1 msec
01

o

0.05L 0.05}
- W\/\M\Nﬂ\\[\/\ﬂ K WWW

. L . L I L L , _01 L L L
0365 037 0375 038 0385 039 0.395, 04 o 0.365 037 0375

time [sec]

time [msec]

0.385 0.39 0.395 0.4 0.36 0.365 0.37 0.375 0.38 0.385 0.39 0.395
time [msec]

O-O-0-0-0K

Fig. 7 An analysis frame from subject S1 showing the adaptation of
the folds model with respect to glottal area time intervals measured from
videokymographic image: a shows the acoustic pressure recorded at lips
and the videokymographic data and reports the closed and open inter-
vals (T, and Ty, respectively) estimated by the image analysis process;
b shows the reproduced lip pressure and the time evolution of the mod-
eled folds (lateral displacement of lower edge and upper delayed edge),
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when the model is fitted to the acoustic data using a randomly cho-
sen value for the parameter 7, affecting the edges phase difference. An
arbitrary value of 2 samples was used for the parameter t, resulting
in a short closed interval and longer open interval; ¢ shows the repro-
duced lip pressure and the time evolution of the modeled folds when
the target intervals measured from video are used to tune the parameter
T (reaching the final value of 39 samples)
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Te. = 2.6 msec

(a) Target data (b) Model (- = 60)

Ty, = 3.0 msec

0.02
0
-0.02F
-0.04f
0 . . .

Te = 3.1 msec Te = 2.5 msec

(C) Model (- =32

T, = 3.1 msec

T, = 2.5 msec

0.365 0.37 0.375 0.38 0.385 0.39 0.395 0.4 0.365 0.37 0.375

time [msec]

0.385 0.39 0.395 0.4 ) 0.365 0.37 0.375 0.38 0.385 0.39 0.395 0.4
time [msec]

time [sec]

DURRUHRR

Fig. 8 An analysis frame from subject S2 [plots and parameters are as in Fig. 7. For this subject, the arbitrary value used in the audio-only procedure
for T was 60 samples, providing a wide closed phase (b)]. The parameter reached a value of 32 samples upon tuning (c)

Table 2 Segmental SNR and IS

spectral distance values for Subj. Glottal area (rel. error) Speech waveform

distinct modeling settings, T (%) T, Top (%) T, SNR IS
referring to audiovisual data

from subjects S1 and S2 S1 <1 3.1% (23 %) 18 - 1.8 (0.8) 3.8 (5.0)
(average values, calculated over 2 <1 3.8% (19%) 32 B 2.7(0.6) 2.9 8.1)

20 frames for each subject)

model with respect to the target waveforms and area parame-
ters. Note that here we only addressed the matching of the
open and closed glottis time intervals and did not attempted
at matching the correct opening and closing intervals within
each open phase. This is because, given the present design of
the model, there is no direct relation that links these intervals
to one prevailing parameter, as it is the case for the phase
delay parameter v and the closed phase. Most probably, all
the parameters of the fluid mechanical model of the folds
affect the evolution of the open phase, as well as the inter-
action with the vocal tract. This issue will be the object of
future investigation.

Looking at Figs. 7 and 8, it can be seen that in both
cases the fitting procedure which also relies on video analy-
sis (Figs. 7c, 8c) allows to match the closed and open inter-
vals with good approximation. To provide a measure of the
acoustic reconstruction quality, two objective measures are
adopted: the SNR, defined as the ratio of signal energy over
the reconstruction error energy, and Itakura—Saito (IS) spec-
tral distance, a measure of the perceptual difference between
the target signal spectrum and the modeled signal spec-
trum. With respect to the fitting results based only on audio
(Figs. 7b, 8b), in which the parameter T was chosen arbitrar-
ily, the quality measures computed on the speech waveform
also are improved for this specific frame: SNR improves from
0.91 to 1,93 for subject S1, and from 0.60 to 2.92 for subject
S2; the IS distance decreases from 4.7 to 3.68 for subject
S1, and from 6.5 to 0.5 for subject S2. In Table 2, the fitting
performances of the proposed model are compared in terms
of glottal area time-related parameters, and in terms of SNR

and IS distance. Values refers to the average of SNR and IS
values, calculated on the acoustic speech signal over a total
of 20 analysis frames for each subject (segmental measures).
The glottal area-related parameters are expressed as relative
errors given by modeled values compared with the target val-
ues computed from video: rel_err = [(TY — TV)|/T".

First column refers to the glottal period, and error is below
1% in both cases; the second column shows the average
improvement provided by using video data analysis if com-
pared with audio-only analysis (values in parentheses). The
third column reports the values related to the opening inter-
val, although the fitting of opening and closing intervals
is not addressed here. The value for subject S1 is around
20% and does not improve significantly with the video-
based analysis. This happens for subject S2 too, for which,
however, the error value is rather high, probably because
the opening interval is shorter in average than the closing
interval, whereas the model shows rather symmetrical open-
ing and closing intervals with the parametric configuration
used here.

It is to be stressed that the experiments were conducted
on a minimal dataset, due to the limited availability of
pre-recorded audiovisual endoscopic data and to the semi-
automatic nature of the procedure illustrated. Thus, the
improvements documented here cannot be claimed to be sta-
tistically significant. Nonetheless, we believe that the out-
come of this experiment provides interesting information on
the potentials of such a data analysis setting, in which a phys-
iologically motivated model is adapted to both acoustic and
video endoscopic data.
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4 Conclusions

The use of videokymographic data to improve the audio-
based parametrization of a nonlinear dynamical model of
the vocal folds has been investigated. A low-dimensional
glottal model, provided with features which permit to accu-
rately control glottal sub-cycle features such as open- and
closed-phase durations, was adopted. A video processing
analysis procedure was designed, to extract glottal cues form
the high-speed video data, which are not directly observ-
able from lip pressure signals. The video cues were used
in a joint audio—video parametric identification procedure,
to obtain an accurate tuning of the glottal numerical model.
This in turn provides an improved superposition of actual and
modeled vocal fold edge displacement and an accurate open
phase/closed phase-related glottal cues. It has finally been
shown that improved glottal closed/open intervals is also ben-
eficial to the vocal tract parameter identification, resulting in
improved speech signal reconstruction error and IS spectral
distance.

Given the pilot nature of this investigation and due to the
scarce availability of audiovisual videokymographic record-
ings, the experiments were conducted on a limited amount
of data. Future experiments will address the statistical sig-
nificance of the method by assessing it on a larger number
of subjects and on wider spectrum of variables, including
gender, age, and phonatory settings.

Further developments are also foreseen in terms of model
details and tracking procedure. The model used here is intrin-
sically symmetrical, i.e., only one fold is actually represented
by a moving mass. It is often the case that the motion of the
left and of the right fold is slightly asymmetrical, even in
healthy subjects. An improved representation of the folds
motion is possible by explicitly modeling each fold indepen-
dently.

Also, it has been noted that the fitting of opening and clos-
ing time intervals, summing up to the open interval, has not
been addressed in this paper. The ratio of these two intervals
is considered to be an interesting glottal parameter (speed
quotient) to characterize non-modal phonation. The possi-
bility of accurately matching these cues by extending the
proposed procedure will be further investigated.
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