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Abstract
Three-dimensional (3D) acoustic models allow for an accu-

rate modelling of acoustic wave propagation in 3D realistic vo-
cal tracts. However, voice generated by these approaches is still
limited in terms of expressiveness, which could be improved
through proper modifications of the glottal source excitation.
This work aims at adding some expressiveness to a 3D numer-
ical synthesis approach based on the Finite Element Method
(FEM) that uses as input an LF (Liljencrants-Fant) model con-
trolled by the glottal shape parameter Rd. To that effect, a par-
allel Spanish speech corpus containing neutral and tense voice
emotional styles is analysed with the GlottDNN vocoder, ob-
taining F0 and spectral tilt parameters associated with the glot-
tal excitation. The variations of these two parameters are com-
puted for happy and aggressive styles with reference to neutral
speech, differentiating between stressed and unstressed vow-
els [a]. From this analysis, F0 and Rd values are then derived
and used in the LF-FEM based synthesis of vowels [a] to re-
semble the aforementioned expressive styles. Results show that
it is necessary to increase F0 and decrease Rd with respect to
neutral speech, with larger deviations for happy than aggressive
style, especially for the stressed vowels.
Index Terms: expressive speech synthesis, glottal source mod-
elling, LF model, voice production, finite element method,
spectral tilt

1. Introduction
Three-dimensional (3D) acoustic models are currently being
developed to generate synthetic voice. These models simu-
late the propagation of 3D acoustic waves through realistic vo-
cal tracts, typically obtained from Magnetic Resonance Imag-
ing (MRI) (see e.g., [1]). The classical plane wave assump-
tion required by 1D models is thus avoided, increasing the ac-
curacy of the generated voice especially above 5 kHz where
higher order modes also propagate [2, 3]. Many 3D approaches
can be found in literature. The most extended ones are those
based on the Finite Element Method (FEM) [4], but also on fi-
nite differences [5], digital waveguides [6], and multimodal ap-
proaches [2]. However, to the authors’ knowledge, 3D acoustic
models still present limitations in the generation of expressive
voice.

This expressiveness can be incorporated to a 3D acoustic
model through the proper modification of the glottal excitation
characteristics. The glottal flow is closely linked to some of
the primary prosodic features, such as pitch and energy, which
are important to reproduce a certain speaking style. However,
expressiveness is also conveyed by secondary prosodic features
associated to voice quality [7]. Given that the latter are diffi-
cult to obtain from speech signals [8], several works have stud-
ied the contribution of voice quality on the generation of ex-

pressive speaking styles by means of inverse filtering and copy-
synthesis. In [9], the parameters of modal stimuli were modified
with the KLSYN88 synthesiser to study the mapping ofF0 con-
tours and voice quality on affect for different languages. Simi-
larly, a 1D articulatory synthesizer was used in [8] to analyse the
impact of the phonation type on the perception of emotions in
German vowels. Some approaches have introduced parametric
glottal flow models in the copy-synthesis process. For instance,
an LF (Liljencrants-Fant) model controlled by the Rd glottal
shape parameter [10] was used in [11] to simulate the tense-
lax continuum and explore its affective correlates. Likewise an
Auto-Regressive eXogenous variant of the LF model was pro-
posed in [12] to analyse the contribution of glottal source and
vocal tract to the perception of emotions. The aforementioned
approaches usually involve manual tuning in the inverse filter-
ing process. However, recent advances in inverse filtering tech-
niques [13] have allowed for competitive glottal vocoders [14].
These are able to automatically analyse a speech corpus, de-
compose glottal source and vocal tract response, and parame-
terise them independently. These parameters have been proved
useful to capture expressive nuances [15]. In this context, it has
been recently proposed a GlottDNN-based speaking style con-
version from natural to Lombard speech [16].

In this work, we aim at incorporating some expressiveness
to a 3D FEM-based acoustic model that uses an LF model as
glottal excitation. In [17], the Rd parameter was considered to
control the LF model in the generation of synthetic voice with
lax, modal, and tense phonations. That preliminary work is here
extended by investigating how the LF model could be config-
ured to generate tense voice emotional styles. To that effect, we
use the GlottDNN vocoder to analyse the glottal excitation char-
acteristics of a parallel speech corpus composed of paired utter-
ances in neutral, happy and aggressive speaking styles. Subse-
quently, the values derived from this analysis are translated to
the LF-FEM based synthesis of vowel [a], and the results are
compared in terms of the obtained long term average spectra.

The paper is organised as follows. Section 2 details the
methodology followed to analyse the glottal source properties
on an expressive speech corpus, and subsequently incorporate
some of these characteristics in the LF-FEM based synthesis.
Next, the obtained results are described and discussed in Sec-
tion 3. Finally, Section 4 closes the paper with the conclusions.

2. Methodology
Figure 1 depicts a workflow diagram describing the method-
ology proposed to incorporate some expressiveness in the LF-
FEM based synthesis approach. On the one hand, there is a
natural speech parallel corpus of paired utterances, which con-
tain N vowels for each of the K expressive styles (EXPk)
and for the neutral style (NEU). On the other hand, a synthetic
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Figure 1: Workflow diagram used for the analysis and compar-
ison of expressive natural speech respect with synthetic speech
generated with 3D FEM-based acoustic model that uses an LF
model as glottal excitation.

speech corpus (LF-FEM) is built using a 3D FEM-based acous-
tic model with the glottal source generated with an LF model,
doing a sweep from F01 to F0L and from Rd1 to RdM . Both
the natural and synthetic utterances are then inverse filtered by
the GlottDNN [18], which parameterises the resulting glottal
source signals. From the parameters of each analysed vowel a
spectral tilt (ST) and an F0 value are obtained. In the synthetic
speech corpus, each ST value is associated with the F0 and Rd

used to generate that vowel. Regarding the natural speech cor-
pus, for each vowel the increment of F0 and ST from neutral to
each of the expressions is computed. Finally, when a pair of F0
and Rd neutral values is input, it is converted by applying the
previously computed increments to obtain a pair of values with
the target expressive style. The following subsections describe
the processes appearing in Figure 1.

2.1. LF-FEM based synthesis

Synthetic speech is generated with a realistic vocal tract by
combining a 3D FEM-based acoustic model with an LF model
for the glottal source.

2.1.1. Vocal Tract Acoustic Model

The 3D acoustic model uses the FEM to simulate the propaga-
tion of 3D acoustic waves within a vocal tract [4]. In particular,
it numerically solves the acoustic wave equation for the acoustic
pressure p(x, t),

∂2
ttp− c20∇2p = 0, (1)

with c0 = 350 m/s being the speed of sound and ∂2
tt denoting

the second partial time derivative. This model also uses a Per-
fectly Matched Layer (PML) to absorb sound waves emanat-
ing from the mouth aperture, thus considering radiation losses.
Wall losses are introduced through the boundary admittance co-

Figure 2: Glottal flow ug(t) and its time derivative u′g(t) ac-
cording to the LF model [19]. Tp is the rise time, Te is the
open phase duration, Tc corresponds to the complete closure,
T0 is the period, Ta is the effective duration of the return phase
and Td is the declination time. The maximum amplitudes of the
glottal flow and its derivative are respectively U0 and Ee.

efficient µ = 0.005, set on the vocal tract walls. Details about
the implementation of this model can be found in [4].

A vowel sound can be synthesised introducing a train of
glottal pulses at the vocal tract entrance, i.e. at the glottal cross-
section. However, that would require a new FEM simulation
for every glottal source configuration. To circumvent it, the vo-
cal tract impulse response h(t) is computed instead, and con-
volved with the desired input signal ug(t) to generate the output
sound po(t),

po(t) = h(t) ∗ ug(t). (2)
The impulse response h(t) can be simulated by introducing at
the glottal cross-section the Gaussian Pulse

gp(t) = e−[(t−Tgp)/0.29Tgp]2 [m3/s], (3)

with Tgp = 0.646/fc and fc = 10 kHz, while capturing the
acoustic pressure po(t) at the vocal tract exit. The vocal tract
transfer function

H(f) =
Po(f)

Gp(f)
(4)

can next be computed, with Po(f) and Gp(f) respectively de-
noting the Fourier Transform of po(t) and gp(t). The impulse
response h(t) is finally obtained by applying the inverse Fourier
transform to H(f).

2.1.2. Glottal Source Model

An LF model [19] is used to generate the train of glottal pulses
ug(t) needed in (2) to synthesise a vowel sound. In particu-
lar, the Kawahara’s implementation [20] is adopted to obtain
aliasing-free glottal flow derivative pulses u′g(t) according to
the parameters Tp, Te, Ta, Tc and T0 (see Figure 2). The orig-
inal code 1 has been adapted to introduce the glottal shape pa-
rameter Rd [10], defined as

Rd =
U0

Ee

F0

110
. (5)

In Eq. (5), U0 is the glottal flow peak, Ee is the negative am-
plitude of the differentiated glottal flow, and F0 the fundamen-
tal frequency. The Rd parameter greatly simplifies the control
of the LF model [10]. For instance, high values of Rd gener-
ate a lax phonation, whereas low values of Rd produce a very
abducted phonation, i.e., a tense voice [21]. The glottal flow
ug(t) is obtained by performing the cumulative integration of
u′g(t) using the composite trapezoidal rule. Finally, an SoX re-
sampling 2 has been incorporated to adapt the signals originally
generated at 44100 Hz to the sampling frequency of h(t).

1https://github.com/HidekiKawahara/SparkNG
2http://sox.sourceforge.net/SoX/Resampling
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2.2. Spectral tilt analysis

This section describes the spectral tilt analysis applied to both
the natural speech corpus and the synthetic speech.

2.2.1. GlottDNN-based spectral tilt extraction

The GlottDNN vocoder [18] is used in this study. This glottal
vocoder applies the quasi-closed phase (QCP) inverse filtering
technique to decompose speech into glottal source and vocal
tract filter, and parameterise their corresponding spectra with
10 and 30 Line Spectral Frequencies (LSF) per frame, respec-
tively. The QCP method has a tendency to include some tilt in
the vocal tract estimate. To compensate for this, the spectral tilt
of the vocal tract filter is parameterised with a first order LP fil-
ter and transferred to the glottal source, as done in [16]. Finally,
a glottal source LSF vector is computed for each vowel by av-
eraging the vectors obtained at a frame level on its stable part,
thus minimising coarticulation effects. Similarly, an F0 mean
value is computed for each vowel.

2.2.2. Spectral tilt representation

Glottal source LSF can be used to derive a scalar meaningful
representation of the glottal source spectral tilt. In this work,
following [22, 23] a scalar-based measure of the spectral tilt,
ST, has been computed as

ST = 10 log10

(∫ f4
f3
Sxx(f)

∫ f2
f1
Sxx(f)

)
, (6)

where Sxx is the power spectral density computed from the
glottal excitation LSF, and the frequencies that delimit the bands
where the energy is integrated are f1 = 50 Hz, f2 = 1 kHz,
f3 = 1 kHz and f4 = 5 kHz.

2.3. Expressive LF-FEM based synthesis

2.3.1. Comparison of spectral tilt between expressive styles

The values obtained from the vowels in the parallel expressive
corpus are compared with respect to the neutral style. Consid-
ering a vowel from the target expressive style and their corre-
sponding in the neutral one, the increment of F0 (in semitones)
is computed as

∆F0 = 12 log2

(
F0t

F0n

)
, (7)

and the increment of spectral tilt (in dB) as

∆ST = STt − STn, (8)

where F0t and STt are respectively the fundamental frequency
(in Hz) and spectral tilt of the expressive vowel, while F0n and
STn are those obtained from the neutral vowel.

2.3.2. Spectral tilt transplantation

The ∆F0 and ∆ST increments computed in the previous sec-
tion are used to obtain LF parameters that can incorporate some
expressiveness in the LF-FEM based synthesis (see Fig. 1, bot-
tom). To this end, given an input pair F0neu and Rdneu cor-
responding to a neutral style, a vowel generated with these val-
ues is searched in the LF-FEM corpus to obtain its spectral tilt
STneu. Then, the increments previously computed for the tar-
get expression are applied on F0neu and STneu, thus obtain-
ing an F0exp and an STexp. Finally, looking for the LF-FEM
vowel closest to these values, an Rdexp value can be derived.

3. Experiments and results

This section details the setup of the experiments and the results
obtained from the conducted analyses.

3.1. Experiments setup

3.1.1. Expressive natural speech

This work has used an emotional Spanish speech corpus, which
was explicitly designed to elicit expressive speech (see [24] for
further details). To that effect, the corpus was built by record-
ing a professional female speaker reading texts whose semantic
content helped to express the desired style (stimulated speech).
The audios were sampled at 16 kHz using a non-compressed
pulse coded modulation and 16 bits per sample.

The study has focused on the analysis of tense voice emo-
tional styles with respect to neutral speech. Accordingly, among
the five expressive categories available in the corpus three have
been selected: (i) neutral (NEU), which denotes certain matu-
rity; (ii) happy (HAP), which transmits a feeling of extrover-
sion; (iii) and aggressive (AGR), which express hardness.

A subset of 836 paired utterances from the NEU, HAP and
AGR expressive styles has been selected for this work (i.e., to-
talling 2508 utterances), composed of one or two words with at
least one vowel [a], either stressed or unstressed. In total, 679
[a] and 495 [’a] have been analysed for each style.

3.1.2. LF-FEM synthesis

Synthesis of vowel [a] has been done using the LF-FEM based
model described in Section 2.1. For this purpose, we have used
the 3D vocal tract geometry originally generated from MRI in
[1] and latter adjusted in [3], in which the trachea and part of
the face were removed, preserving the lips. This geometry was
set on a rectangular baffle being part of a radiation space that
allows sound waves emanate from the mouth aperture. Unstruc-
tured tetrahedral elements were used to mesh the computational
domain, with an average size of 1 mm within the vocal tract and
3-4 mm in the radiation space.

FEM simulations were first performed to obtain the vo-
cal tract impulse response h(t), considering a time event of
20 ms and setting the sampling frequency to fs = 8000 kHz.
Such a high fs was needed to ensure stability of the numerical
schemes. The acoustic pressure p0(t) was captured at the vocal
tract exit, 4 cm from the mouth aperture, which permits to first
compute H(f) using Eq. (4), and next h(t) through its inverse
Fourier transform. Finally, h(t) was resampled to 16 kHz so
as to match with the sampling frequency of the natural speech
corpus.

Several vowels [a] have been then synthesised convolving
h(t) with the glottal pulses generated by the LF model. The
latter has been configured to generate synthetic voice using dif-
ferent pairs ofF0 andRd. For theRd 25 logarithmically spaced
values covering the range from 0.3 to 2.7 [21] have been used.
Regarding the F0, a pitch contour has been extracted from a
real sustained vowel lasting for 2 seconds. This curve has been
successively pitch-shifted from an F0 mean value of 71.4 Hz
to 240 Hz in steps of 1 semitone Note, however, that Eq. (5)
still requires to determine U0 or Ee. U0 has been deemed fixed
through all synthesised vowels and adjusted to obtain realistic
sound pressure levels in a modal phonation, as in [17].
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Figure 3: Distributions of ∆F0 and ∆ST for stressed and un-
stressed [a] vowels from neutral to aggressive (NEU2AGR), and
from neutral to happy (NEU2HAP). The centroid of each distri-
bution is represented as a white dot indicated with an arrow.

Table 1: F0, spectral tilt (ST) and Rd values obtained for the
LF-FEM synthesis of vowels [a] and [’a] in neutral, aggressive
and happy styles.

Vow NEU AGR HAP

F0 (Hz) [a] 100.0 150.4 155.1
[’a] 106.3 189.7 211.2

ST (dB) [a] -25.6 -21.8 -19.8
[’a] -24.5 -19.7 -16.3

Rd
[a] 1.00 0.82 0.74
[’a] 0.90 0.74 0.61

3.2. Results

The increments ∆F0 and ∆ST from neutral to both happy and
aggressive styles have been computed for the stressed and un-
stressed vowels [a] of the parallel corpus. Figure 3 depicts the
results, where each circle represents the ∆F0 and ∆ST from
a neutral vowel to its corresponding expressive counterpart. As
can be observed, the two expressive styles increase both the F0
and the ST with respect to the neutral speech. In the aggres-
sive style, the ∆F0 and ∆ST with respect to the neutral speech
are, in average, 7.1/10.0 semitones and 3.8/4.9 dB for the un-
stressed/stressed [a], respectively, whereas the happy ones are
7.6/11.9 semitones and 5.8/8.3 dB. Note then, on the one hand,
that stressing a vowel produces a significant increase of the F0
and ST independently on the speaking style, although the varia-
tion is more prominent for the happy speech. On the other hand,
comparing the two expressive styles, happy vowels entail higher
values of ∆ST and ∆F0 than the aggressive ones.

Table 1 shows the values derived from the above analysis
and that have been used for the synthesis of unstressed and
stressed [a] in the neutral, aggressive and happy styles. First, a
pair of LF parameters F0 = 100 Hz andRd = 1 has been used
as a reference for a neutral [a]. The vowel that was generated
with these parameters has been retrieved from the LF-FEM cor-
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Figure 4: Long Term Average Spectra of the unstressed (top)
and stressed (bottom) [a] vowels synthesised with the LF-FEM
model for the neutral, aggressive and happy styles.

pus, and as Table 1 shows it has an ST=-25.6 dB. The F0 and
ST values for a reference neutral [’a] have then been obtained
according to the increments observed in the neutral speech cor-
pus between the stressed and the unstressed [a]. This results
in F0 = 106.3 Hz and ST=-24.5 dB, which correspond to an
Rd = 0.90. From these neutral reference values (first column
in Table 1), the F0s and STs for the expressive styles (second
and third column) have been obtained applying the ∆F0 and
∆ST increments corresponding to the centroids in Fig. 3. Note,
however, that ST values do not directly map with any of the
input parameters of the LF glottal model. This link has been
achieved by looking for those vowels in the LF-FEM corpus
with the closest F0 and ST. As a result, we have derived theRd

parameters that, together with the F0 values, have been used to
resemble the analysed expressive styles.

Figure 4 shows the Long Term Average Spectra (LTAS)
computed from the synthesised vowels [a] with neutral, happy
and aggressive styles, for both the unstressed (top) and stressed
(bottom) versions. Observe that below 4-5 kHz the classical
formants of vowel [a] are generated. However, beyond this fre-
quency, some dips and asymmetrical modes are also produced.
Most of them are the so called higher order modes, which as
said in the introduction, can only be captured with a 3D acous-
tic model. Besides, it is to be mentioned that the strongest dip
between 5 and 6 kHz is mainly generated by the piriform fossae
–a pair of side branches located close to the larynx– although
a higher order mode also contributes [3]. Focusing now on the
comparison between expressive styles, as observed, the happy
and aggressive not only increase the total sound pressure levels
(SPL) with respect to the neutral one, but also reduce the rel-
ative differences between low and high frequencies. The latter
are a direct consequence of increasing the ST, as one could ex-
pect. The curves are also very similar between the two tense
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styles for the unstressed [a]. However, this is not the case when
the stressed version is generated. As also observed in the distri-
butions of Figure 3, the happy style entails a higher ST than the
aggressive one, thus producing the observed increment in the
high frequency range.

4. Conclusions
In this work, we have explored the glottal source variations of
happy and aggressive emotional styles with respect to neutral
speech. The analysis has focused on those features that could
be translated to a 3D FEM-based acoustic model that uses as
excitation an LF model controlled by the Rd parameter. In par-
ticular, we have considered the variations of F0 and spectral tilt
associated with the glottal source, extracted from the corpus by
means of the GlottDNN vocoder. These variations have then
been translated into LF parameters for the expressive LF-FEM
based synthesis of vowels [a] and [’a]. Results have shown that
to generate aggressive and happy styles, it is necessary to in-
crease the F0 and to decrease theRd with respect to the neutral
style, presenting larger deviations the happy emotion than the
aggressive one. These differences of F0 andRd values are even
greater for the stressed version of the vowel. Future work will
focus on extending the analysis to other vowels and emotional
styles.
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