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ABSTRACT

In this paper we describe innovative advances to the design of a
new frequency-domain algorithm to glottal source estimation whose
conceptual approach we have reported recently [1]. Those advances
result from accurate sinusoidal/harmonic analysis and synthesis of
two concomitant acoustic signals: the glottal source signal cap-
tured near the vocal folds, and the corresponding voiced signal cap-
tured outside the mouth. We describe the experimental procedure
which was performed by an ORL specialist using a rigid video-
laryngoscope and two tiny and high-quality microphones. Six sub-
jects have participated in the tests and records were made for vowels
/a/ and /i/. The data analysis allowed us to conclude on the magni-
tude and on the phase-related NRD features of the glottal source
signal. In addition, a new frequency-domain glottal pulse model
combining features of the Liljencrants-Fant and Rosenberg mod-
els has been devised that is a better match to the observed data.
The derivatives of the three models are obtained using accurate
frequency-domain processing. The paper concludes with next re-
search steps.

Index Terms— Glottal source modelling, Normalized Relative
Delays.

1. INTRODUCTION

The non-invasive estimation of the glottal source signal is gaining
importance in practical application scenarios including diagnosis of
the vocal folds [2], speaker recognition [3], emotion analysis [4, 5],
and natural speech synthesis [6].

Most approaches estimating the glottal source are time-domain
based and involve inverse filtering of the speech signal with the pur-
pose to cancel the effect of the vocal tract filter (VTF), and to cancel
the lips/nostrils radiation effect. Time-domain approaches rely on
specific assumptions and approximations which constrain the valid-
ity or the quality of the glottal source estimation. For example, it is
typically assumed that the VTF can be modelled as an all-pole filter.
This assumption is more motivated by the analytical convenience
of LPC modelling [7] than by a match to observed data describ-
ing the VTF alone. In particular, the all-pole model constrains the
magnitude and group delay response of the VTF, making difficult
the modelling of nasal sounds for example. On the other hand, the
lips/nostrils radiation is typically modelled as a first-order discrete-
time differentiation [8] and reversing its effect in the time domain is
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problematic and inaccurate. In [1] we have shown that it is possible
to overcome the associated inaccuracies by reversing the radiation
effect in the frequency domain.

Several time-domain glottal source estimation algorithms con-
sistently reveal critical problems with high pitched and pathological
voices [9]. On the other hand, frequency domain approaches to glot-
tal source estimation use the zeros of the Z-Transform (ZZT) [10]
to perform a spectral decomposition of the voice signal into an anti-
causal component denoting the open phase of the glottal cycle, and
a causal component denoting the closed phase of the glottal cycle.
A critical aspect of this approach, other than the considerable com-
putational complexity, is its dependency of an accurate time-domain
localization of the glottal closure instants (CGI). Recent improve-
ments of this approach have relaxed the complexity issue but still
rely on accurate time localization of CGI as well as on phase un-
wrapping [6].

In [1] we have presented the concept of a completely new
frequency-domain approach to glottal source estimation which does
not depend on GCI localization and that relies instead on accu-
rate sinusoidal/harmonic analysis and synthesis, as well as on new
phase-related features consisting of the Normalized Relative De-
lays (NRDs) of the harmonics pertaining to the glottal source [11].
NRDs describe the normalized temporal shift of each harmonic with
respect to the onset of the fundamental. In this paper we describe in-
novative advances to the implementation of that approach that result
from a set of experiments conducted by an Otorhinolaryngologist
(ORL). A rigid video laryngoscope was used as in a conventional
laryngoscopy exam, in order to record two time-aligned acoustic
signals: a glottal source signal captured as close as possible to the
vocal folds, and the corresponding voiced signal captured outside
the mouth. The main purpose in obtaining these signals was to
model the spectral magnitude and NRDs of the glottal source signal
(the main focus of this paper), as well as to find a model for the
frequency response of the VTF corresponding to each one of the
vowels /a/ and /i/. These models are a pre-requisite to implement
the approach devised in [1].

The remaining of this paper is structured as follows. In sec-
tion 2 we describe the physiological signal acquisition procedure.
In section 3 we characterize the source signals obtained near the
glottis, in terms of spectral magnitude and NRDs. As a result of
this characterization and analysis, we present in section 4 a new
hybrid Liljencrants-Fant/Rosenberg frequency model of the glottal
pulse which is a better match to the experimental data and that has
interesting properties, namely the fact that it is independent of the
fundamental frequency (usually referred to as F0 or pitch). Finally,
section 5 summarizes the main results of this paper and addresses
next development steps.
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2. PHYSIOLOGICAL SIGNAL ACQUISITION

Assuming the source-filter model of voice production [12], in or-
der to understand a voiced signal (e.g. corresponding to a vowel
utterance) captured through a microphone outside the mouth, it is
necessary to know the nature of the source signal (i.e., the glottal
excitation signal), as well as the VTF, including the lips/nostrils ra-
diation effect. However, the glottal source signal is not directly ob-
servable. Several ideal (i.e., mathematical) models exist [13], such
as the Rosenberg and LF models [12, 13], but their correspondence
to physiological data is not clear. We therefore devised a technique,
after consulting several specialists concerning viability, feasibility,
ethical and technical aspects, in order to capture the source signal
as close as possible to the vocal folds.

As a consequence, an experimental procedure was carefully
planned and conducted by an ORL professional, whose aim was to
capture the two time-aligned acoustic signals as mentioned above.
For this purpose we attached a tiny and high-quality microphone
(of the ear-worn type) at the tip of a rigid video-laryngoscope. An
identical ear-worn microphone was used to capture the voiced signal
outside the mouth. The recording sessions took place during con-
ventional video-laryngoscopy examinations. The ORL professional
acted so as to capture the glottal source signal as close as possible
to the vocal folds, while insuring safety and ethical conditions for
all volunteer subjects. Fig. 1 illustrates the experimental procedure
as well as the equipment involved. The equipment used in this ex-

Figure 1: Laryngoscopy examination and voice signal acquisition.
One microphone is visible outside the mouth and a similar micro-
phone is attached at the tip of the rigid laryngoscope (not visible)
near the vocal folds (represented in the screen at the top-right side
of the image). The A/D interface and audio recorder are displayed
at the bottom-right side of the image.

perimental procedure was i) a rigid video-laryngoscope with 7mm
diameter and length of 180mm (Xion); ii) two ear-worn omnidirec-
tional pre-polarized condenser microphones, with a frequency re-
sponse from 20Hz to 20kHz, maximum of 143dB SPL, and a 3.3mm
diameter microphone capsule (Sennheiser Ear Set 1 microphones);
iii) two phantom power adaptors (XLR to 3.5mm mini-jack plug)
for pre-polarized condenser microphones (Sennheiser MZA-900P);
iv) a stereo 24-bit/96kHz A/D and D/A interface with phantom
power, XLR inputs and USB PC connector (Cakewalk-Roland UA-
25EX); and v) Adobe Audition audio recorder/editor (Adobe).

Six adult volunteer subjects (Table 1), with no voice disorders,
participated in the examination and record sessions, and were asked
to utter vowels /a/ and /i/. Despite the fact that the same procedure

Table 1: Characterization of the volunteer subjects.
Subject Gender Age Occupation

AF Male 48 Teacher
RT Male 54 Teacher/Tenor
PP Male 22 Speech Therapist
SD Female 31 Teacher
SF Female 33 Teacher/Speech Therapist
CK Female 49 Singer

and equipment was used for all subjects, differences in the signal ac-
quisition near the vocal folds were noticed, and were concluded to
be subject dependent. The main reasons are anatomical and subject
collaboration. In order to minimize these aspects, several records
were made for the same subject so as to select the ‘best’ signals.
It was also concluded that the quality of the acoustic signal cap-
tured near the vocal folds depended significantly on the proximity
of the microphone to the epiglottis. If too far, the signal reveals a
noticeable influence of the vocal tract resonances. After the record-
ings and using the audio editor, we selected for each subject and
vowel, two representative segments, each about 2 seconds long, of
the time-aligned acoustic signals. These signals represent the data
in our database. It consists of (6×2×2=) 24 stereo, 16-bit, WAV
files. The original recording sampling frequency was 48 kHz but
the files were down-converted to 22050 Hz in order to facilitate sub-
sequent processing, namely in terms of spectral analysis.

3. DATA ANALYSIS FOR GLOTTAL SOURCE
MODELLING

For each one of the 24 acoustic signals obtained near the glottis,
we characterized in detail the magnitude and NRDs of the harmon-
ics. Concerning magnitude, we found first the magnitude of indi-
vidual harmonics for each frame of the source signal, as illustrated
in Fig. 2. Then, for each vowel record and speaker, we determined

Figure 2: Waveform of the signal captured near the glottis for vowel
/i/ by a male subject (upper figure) and the corresponding magni-
tude spectrum, harmonics are marked (lower figure).

the average normalized magnitude (relative to the magnitude of F0)
of all detected harmonics. From this information we obtained the
corresponding Least Squares Regression model in the logarithmic
scale with the purpose to compare the resulting slope with the -12
dB/octave reference. This slope reference is usually considered in
the literature as the natural decay of the glottal pulse spectrum [12].
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Interestingly, we have found this is approximately the slope of the
Rosenberg glottal pulse model, as we detail in the next section.

Table 2 presents the spectral decay results according to gender
and vowel. These results have been obtained using on average 16
harmonics for vowel /a/ and 11 harmonics for vowel /i/. This dif-
ference is related to the known fact that vowel /i/ has an intrinsic
pitch which is higher than that of vowel /a/. It can be concluded
that results per vowel are quite consistent between genders, and that
the standard deviation reveals there are no strong differences among
speakers of the same gender. Considering both genders, the average
slope for vowel /a/ is about -10 dB/octave and, for vowel /i/, is about
-14 dB/octave. Thus, according to our data, the average slope for
vowel /a/ is lower than the -12 dB/octave reference, while the av-
erage slope for vowel /i/ falls between the slope1 of the Rosenberg
model (about -12 dB/octave) and that of the LF model (about -16
dB/octave).

Table 2: Average and STDev of the spectral decay of the source
harmonics, in dB/octave, as a function of gender and vowel.

AVG /a/ STDev /a/ AVG /i/ STDev /i/
males -9,64 2,33 -13,73 2,87

females -9,93 3,35 -13,67 2,26

A final note regards NRD models. The recorded signals have
negative polarity, which has an impact in the behaviour of the
NRDs, as already detected in [11]. Analysing the results of the
NRD parameters for different vowels and subjects, as illustrated in
Fig. 3 for one particular subject, vowel and data frame, it is clear
that in most cases the unwrapped NRDs can be approximated by
a line, however its slope is strongly subject dependent. We have

Figure 3: Unwrapped NRDs of two time-aligned signal frames cap-
tured ‘inside’ and ‘outside’ the mouth when a female subject was
uttering vowel /a/. The dashed lines represent the corresponding
linear approximation models.

observed slopes between almost 0/30 and about 9/30, with most
frequent cases falling around 3/30 and 6/30. We therefore conclude
that NRDs express idiosyncratic information and that average mod-
els can not be obtained per gender or vowel.

4. A HYBRID LF/ROSENBERG MODEL

We have concluded in the previous section that using physiological
data, models for the spectral decay of source harmonics could be
found and, despite the fact that unwrapped NRDs can be approxi-
mated by a line, its slope is highly subject dependent and therefore

1The Rosenberg and LF models have been synthesized using the
glotros and glotlf Matlab functions (with default parameters) in-
cluded in the Voicebox toolbox.

representative models can not be established. However, as indicated
in section 2, our approach to glottal source estimation [1] requires
a default model of the glottal pulse. We have thus analysed two
popular models. Using the (publicly available) Voicebox Matlab
toolbox, we have synthesized ideal LF glottal pulses, as well as
Rosenberg glottal pulses. A careful analysis has revealed that the
spectral slope of the Rosenberg model is -11,84 dB/octave, while
that of the LF model is -16,43 dB/octave. The Rosenberg model is
not an option because it is not a smooth model (i.e. its derivative
has a discontinuity). On the other hand, the spectral decay of the
LF model is not a good match to our physiological data. Using the
normalized magnitudes of the first 30 harmonics of each model, as
well as the corresponding unwrapped NRD coefficients, we decided
to build a hybrid model. Fig. 4 depicts the normalized magnitudes
(relative to the magnitude of F0) of the first 30 harmonics pertaining
to the LF and to the Rosenberg glottal pulse models. The normal-
ized magnitudes of the hybrid model are just the average of the two
models, as also represented in Fig. 4. Fig. 5 represents the un-

Figure 4: Normalized magnitudes of the first 30 harmonics pertain-
ing to the LF glottal pulse model (dashed line), the Rosenberg model
(dash-dotted line) and a hybrid model (solid line).

wrapped NRDs of the LF model as well as its linear approximation
(y = 0.0511 + 0.0849x, where x represents the index of the har-
monic, x ≥ 2 since by definition the NRD of F0 is always zero),
and the unwrapped NRDs of the Rosenberg model as well as its
linear approximation (y = 0.2412 + 0.0090x). We have used dif-

Figure 5: Unwrapped NRDs of the LF and Rosenberg glottal pulse
models (solid lines) as well as the corresponding linear regression
models (dashed lines).

ferent combinations of both linear regressions in order to build an
NRD model for the hybrid glottal pulse model. The smoothest re-
sult was obtained for the LF NRD linear model. The fact that it fits
quite accurately the unwrapped NRD coefficients of the LF model,
as can be seen in Fig. 5, helps to explain this outcome. Fig. 6 il-
lustrates a time-domain representation of all three models, and Fig.
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Figure 6: Time-domain glottal pulse models: LF model (top), hy-
brid model (center), and Rosenberg model (bottom).

7 illustrates their derivatives. It should be noted that the derivative

Figure 7: Derivative of glottal pulse models: LF model (top), hybrid
model (center), and Rosenberg model (bottom).

signals have been obtained by acting exclusively in the frequency
domain, using our analysis-synthesis processing framework which
is detailed in [1]. In fact, since derivation in the time domain corre-
sponds to a multiplication by jΩ in the frequency domain, we just
shift the phases of all harmonic sinusoids by π/2 before synthesis,
and we scale their magnitude by |Ω| at the exact frequency of each
harmonic sinusoid since it is not constrained to the discrete frequen-
cies of the analysis-synthesis filterbank [14]. It is interesting to note
in Fig. 7 a small ripple around the discontinuity in the derivative of
the Rosenberg model (as expected due to the Gibbs phenomenon)
and it is interesting to conclude, using both Figs. 6 and 7, that the
hybrid model approaches the LF model during the closed phase of
the glottal pulse, and approaches the Rosenberg model during the
open phase of the glottal pulse. A very convenient property of nor-
malized spectral magnitudes and NRDs of harmonics, is that they
allow to completely define a time waveform shape, independently
of its F0, time-shift or amplitude.

5. CONCLUSION

We have addressed recent advances to the design of a new
frequency-domain approach for glottal source estimation, notably
the specification of a new glottal pulse prototype. These results
were made possible because of special voice data acquisition con-
ditions which were described. Next research steps will be devoted
to finalise the development of an analysis-by-synthesis algorithm
allowing the joint estimation of glottal source and vocal tract filter,
as in [2].
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