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Abstract
Glottal activity information can be very important in sev-

eral speech processing applications, such as in speech ther-
apy, voice disorder diagnosis, voice transformation and text-to-
speech synthesis. However, the use of algorithms for estimat-
ing glottal parameters from the speech signal is very limited in
those applications because of problems with robustness and ac-
curacy. In singing synthesis, the glottal source representation is
also very important because it is closely related with the emo-
tions and singing style. This paper proposes a robust method
to estimate the voice quality parameters of the glottal source by
using both the electroglottographic (EGG) signal and the acous-
tic recordings of singing voice for five vowels in three differ-
ent voice qualities: modal, breathy and creaky. The analysis
of the resulting measurements permitted to confirm that voice
quality parameters of the glottal source are correlated with the
type of voice. Moreover, another experiment was conducted to
show that it is possible to transform the modal singing voice
into breathy and creaky by using an analysis-synthesis method
that incorporates a glottal source model.
Index Terms: singing, voice transformation, glottal source
analysis, distorted voices, EGG signal

1. Introduction
The use of a distorted voice1 (henceforth DV) in the produc-
tion of speech sounds is widely used in speech communica-
tion. Some of the terms used for DVs are distorted tones,
distortion, overdrive, drive, creak, fry, breathy voice, creaky
voice, growl, grunt, scream, phaser, rattle, snarl, fry scream
(cf. [1, 2, 3, 4, 5, 6, 7, 8, 9]). As can be seen, some of the
terms for DVs are based on impressionistic views of the result-
ing sound and others are based on physiological descriptions of
the vocal tract. Humans use these vocal effects since they are
born and keep using them throughout their life for manifesting
emotions such as anger, terror, fear, and sadness. Some com-
mon examples are the baby cry2, the human screams3, and the
voice tremulations4 in fear. Although the occurrence of DVs is
pretty common in our daily life, much of the time we are not
conscious of these uses. Ask a person, for example, if he/she
ever produced a laryngeal DV setting such as in the song Enter
Sandman by Metallica5, she will probably say no and comment
that it is typical of this metal genre. Nevertheless, we do use
this DV setting when we are angry, for example.

1The term Distorted Voice (DV) is used in this paper to refer to any
variety of voice quality (see Laver, 1980, [10]) production, either laryn-
geal or supralaryngeal, that differs from modal phonation (eg. creaky
voice, whispered voice, ventricular folds phonation).

2https://www.youtube.com/watch?v=6Lp-h1S3rMk
3https://www.youtube.com/watch?v=HRs9tI44Ejs
4https://www.youtube.com/watch?v=iQISI7DOVCY
5https://www.youtube.com/watch?v=CD-E-LDc384

Despite these considerations, most of the time we use
modal voice with some instances of creaky voice in voice qual-
ity production. Yet, there are some professionals such as actors
and singers that intentionally change their most common voice
quality in order to try to evoke certain emotions on the listeners.
Take for example the vocal performances of actors such as the
American actor and comedian Mel Blanc6, known as the man of
1,000 voices, and the Brazilian actor and comedian Chico Any-
sio7 who created hundreds of characters with unique voices.

Although actors use a wide variety of distorted tones in
their performances, unless they use a fixed DV or vocal set-
ting (see [10]) for creating a character (refer to the voice quality
productions of Mel Blanc and Chico Anysio), they mix these
settings with his/her most common voice quality. Similarly,
some singers use distorted tones in their songs to create dif-
ferent moods, but in certain musical genres such as death metal
they use a DV throughout a song (see for example the use of the
ventricular folds in songs by Sepultura8, and Death9 ).

As we have pointed out, the use of DVs is very common
and is used with certain specific intentions in theater and music,
although its use is regularly associated with the voices in the
rock and/or metal genre because of the greater variety of DVs
found in these genres. Despite of that, it occurs in any musical
style (country, soul, blues, jazz), even in classical music (see
[11]).

As known by singers, much of the time the terminology to
describe the DVs is based on impressionistic views that may
vary a lot among vocal coaches. In singing literature we find
many terms that sometimes have the same name and correspond
to different sounds and also the opposite. That is why speech
scientists need to describe the DVs according to their physio-
logical and/or acoustical settings. As far as we know, the re-
searcher who best describes the variety of DVs in singing is the
Brazilian vocal coach Ariel Coelho. In his course [4]10, he pro-
poses to describe all the DVs based on physiological settings.

2. Synthesis of singing
Although significant work can be found in the literature on
singing synthesis, only recently attention has been given to the
synthesis of DVs. Most of the time the authors deal with modal
voices and the synthesis of certain aspects of the acoustics of
singing such as vibrato, overshoot, voice fluctuations [12], and
vibrato alone [13]. There are also certain authors that associate
acoustics with EGG measurements ([14, 15, 16, 17, 18]).

Gentilucci and colleagues [19] are some of the authors that
have synthesized a DV. They proposed a software tool to recre-

6https://www.youtube.com/watch?v=ZeAM1vwEcFg
7https://www.youtube.com/watch?v=ZeAM1vwEcFg
8https://www.youtube.com/watch?v=ZeAM1vwEcFg
9https://www.youtube.com/watch?v=ZeAM1vwEcFg

10Unfortunately, his course is only available in Brazilian Portuguese.
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ate or magnify in real-time a “distorted part” of the voice signal
based on acoustic data, in order for a person to sing with less
vocal effort. Also, Cosi and Tisato [20] have synthesized the
overtone singing based on acoustic data.

As can be seen, the synthesis of DVs is in its beginning and
there is much to do in the field. One important task is to develop
a method for identifying the different DVs that occur in singing
based on acoustic and physiological aspects. Then, it is also
necessary to develop algorithms and software applications that
can convert the modal voice into a DV. There is a potential mar-
ket opportunity for this solution in the area of singing synthesis,
since although there are software tools that convert the voice in
singing environments (see VoiceSynth11 and Virsyn12 ), as far as
we know, there is no software that can change the modal voice
into several types of DVs. Therefore, our initial work in this
paper aims to contribute to advances in this promising field of
research.

According with the speech production model, speech can be
synthesized by passing the glottal source signal through the syn-
thesis filter that represents the vocal tract. The radiation effect
in the lips can be modelled by a simple differentiation opera-
tion. This linear source-filter model assumes that the source and
vocal tract components are independent and it can be general-
ized to singing synthesis because the two processes are similar,
e.g. [21]. The glottal source component is very important be-
cause it carries both linguistic (e.g. expressed in the perceived
pitch) and non-linguistic information (e.g. perceived emotions,
voice identity characteristics of the speaker, and voice quali-
ties). In this work, the two components are estimated from
singing recordings in order to analyze the voice quality corre-
lates of the glottal parameters and to transform a modal voice
into breathy and creaky voices by manipulating those parame-
ters. We focus in these voices, because they are very common
in speech and singing. Also, several studies have showed that
important glottal parameters can be robustly estimated for these
voice qualities and measured their acoustic correlates, so we can
compare our findings with those those works.

3. The glottal source model
The Liljencrants-Fant (LF) model [22] is an acoustic model of
the glottal source derivative, which is shown in Figure 1.

The LF-model is defined by six shape parameters: tc, tp, te,
Ta, T0, and Ee. The LF-model is often represented by a simpli-
fied version defined by five parameters, in which the instant of
complete closure, tc, is set to the period T0. In this work, this
simplified LF-model was used.

The LF-model can also be described by shape parameters
related to voice quality properties [23]. The most important
are the open quotient OQ = (te + Ta)/T0, speed quotient
SQ = tp/(te − tp), and the return quotient RQ = Ta/T0.
OQ measures the relative duration of the glottal pulse, SQ is
related to the symmetry of the glottal pulse and RQ is mainly
correlated with the spectral tilt characteristic of the glottal sig-
nal. The typical range of the OQ is between 0.3 and 0.8, while
SQ is between 1.5 and 4. The values of the RQ are much
lower because the return phase is usually a small fraction of the
pitch period. These parameters represent different quotients,
which describe specific properties of the source signal. For ex-
ample, the open quotient can also be defined by the reduced
form OQe = te/T0, in which the return phase is not included

11https://www.voicesynth.com/
12http://www.virsyn.de/de/Home/home.html
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Figure 1: Segment of the LF-model waveform and its shape pa-
rameters: to, tc, tp, te, Ta, T0, and Ee.

in the open phase.
The shape parameters of the LF-model have been widely

used to study the voice quality of speech signals [23, 24, 25, 26,
27]. The relations between the LF-parameters and two major
types of voice, breathy and creaky, are summarized below:

• Breathy: Highly abducted phonation, which results in a
high OQ. Typically, there is a slow glottal closure (high
RQ). There is an high symmetry of the glottal pulse that
corresponds to a small SQ.

• Creaky: Very adducted phonation (short glottal open in-
terval) [25], with a small OQ and low RQ (short return
phase). The asymmetry of the glottal pulse is also large
(as well as the SQ) when compared with the modal voice
(neutral voice quality).

4. Analysis-synthesis method
4.1. Glottal source analysis

Glottal source analysis is a complex and difficult problem be-
cause the glottal source signal can not be directly measured. A
common approach in speech processing applications is to esti-
mate the source signal from recorded speech and then extract
the glottal parameters from the resulting signal. This can be
done by using inverse filtering techniques such as pre-emphasis
inverse filtering [28], iterative adaptive inverse filtering (IAIF)
[29], and closed-phase inverse filtering [30]. The problem is
that existing techniques can not separate well the two compo-
nents, because they rely on assumptions such as the linearity
of the source-filter model and other approximations which limit
the accuracy and robustness of the source separation. It is also
possible to estimate source parameters directly from the speech
signal. The fundamental frequency (F0 = 1/T0) is a popu-
lar acoustic feature that can be robustly estimated from speech,
but other glottal parameters that are correlated with voice qual-
ity can also be measured from speech, e.g., the Rd shape pa-
rameter of the LF-model [31]. However, such parameters only
represent particular characteristics of the glottal source and, in
general, do not permit sufficient control over glottal parameters
for transformation of different voice qualities.

Electroglottography is a popular non-invasive measurement
of vocal fold motion that is used to obtain robust estimation of
two glottal parameters, the glottal opening (GOI) and closing
(GCI) instants. The GCI corresponds to the time instant te in
the LF-model, while GOI is the to. The glottal parameter es-

32



timation approach in this work is based on a two-way channel
analysis. First, the glottal opening and closing instants are es-
timated using the EGG signal. Then, the other parameters of
the LF-model are estimated from the speech signal by using in-
verse filtering and automatic parameterization of the resulting
glottal source signal. The idea is to use the accurate parameter
estimates from EGG to constrain and consequently improve the
speech analysis method.

The EGG analysis method used in this work is similar to
that described in [32]. The GCI and GOI are estimated by de-
tecting the strongest negative peak in the derivative of the EGG
(DEGG) and the highest positive peaks on the DEGG, respec-
tively. This is done with the peak detection algorithm called
peakdet [33], which is available in the covarep toolbox [34].

The other LF-model parameters (tp, Ta, and Ee) are esti-
mated from the speech/singing signal as described in [35]. First,
an estimate of the glottal source derivative is computed using
the IAIF technique [29]. The GCIs are then estimated from the
speech signal by using the RAPT algorithm [36, 37] and they
are aligned with the epochs estimated from EGG using an algo-
rithm developed in previous work [38]. After this process, the
epochs that are not aligned are removed as well as those that
do not satisfy constraints on the pitch period (within the range
of 50 Hz to 500 Hz). The GCIs permit to perform the analysis
pitch-synchronously on each segment delimited by contiguous
epochs. For each pitch cycle, the LF-model waveform is fitted
to the glottal source derivative using a non-linear optimization
algorithm. This LF-parameter estimation method is described
in more detail in [35].

Another important component of the glottal source signal
is the aspiration noise. The main characteristic of the aspira-
tion noise is the time-modulation effect that shapes its energy
envelope. It is important to model this noise component well to
produce high-quality voice in synthesis or voice transformation
applications. For example, in the breathy voice, typically, the
vocal folds do not close completely producing aspiration noise.
In this work, this noise component is estimated and parame-
terized as in [39]. Basically, it uses an Harmonic/Stochastic
Model (HSM) to extract the stochastic component from the
speech signal and then obtain the aspiration noise by inverse
filtering to remove the vocal tract component from the noise
signal. This method also parameterizes the aspiration noise us-
ing a triangular function to represent its amplitude envelope and
the Harmonics-to-Noise Ratio (HNR).

4.2. Vocal tract spectrum estimation

The vocal tract filter is estimated using the Glottal Spectral Sep-
aration (GSS) method [40]. It consists of removing the spectral
effects of the source model from the speech/singing signal s(t),
i.e. H(w) = S(w)/|ELF (w)|, where |ELF (w)| is the ampli-
tude spectrum of one period of the LF-model signal and S(w)
is the FFT spectrum of s(t). Finally, the amplitude spectrum of
the vocal tract filter is calculated by computing the spectral en-
velope of |H(w)|. The spectral envelope is computed using the
analysis method of the STRAIGHT vocoder [41]. For unvoiced
speech/singing, the spectrum is represented by the spectral en-
velope of STRAIGHT, without performing the first LF-model
separation step. In this work, all the recorded singing samples
are voiced (correspond to vowels).

4.3. Synthesis

Voiced sounds are synthesized from the GSS parameters based
on the method described in [40], which consists of multiplying

Table 1: Mean values of glottal source parameters and HNR,
measured for the three voice qualities.

F0 (Hz) OQ SQ RQ HNR (dB)

Modal 86.5 0.44 2.32 0.040 23.23
Breathy 152.9 0.58 2.28 0.088 11.25
Creaky 71.1 0.34 2.62 0.017 26.5

the amplitude spectrum of a mixed excitation signal by the vocal
tract spectrum. Then, the singing waveform is obtained by com-
puting the inverse FFT of the spectrum of the synthesized sig-
nal. The synthesis method used in this work is slightly different
because it does not perform the synthesis in the frequency do-
main. Instead, it converts the FFT coefficients to coefficients of
an FIR filter using the autocorrelation function. Then, singing is
synthesized by passing the mixed excitation model through this
linear-phase vocal tract filter. The reason for using the filtering
operation is that it produces smooth variations between frames.
The excitation of voiced speech is produced by adding two pitch
cycles of the LF-model signal with the noise signal that is scaled
in energy using the HNR parameter. Finally, the synthetic short-
time signals are overlapped-and-added using asymmetric Han-
ning windows that add to one, in order to obtain smooth transi-
tions between speech frames.

5. Voice transformation experiment
5.1. Singing database

The second author (male) recorded five sung vowels in three
different voice qualities: Modal, breathy and creaky. In addi-
tion, the EGG signals were recorded simultaneously with the
singing signal. This data collection was made with an EG2-
PCX13 which allows the synchronized acquisition of EGG and
voice signals (both sampled at 44.1 kHz).

5.2. Glottal parameter measurements

Both the voice and EGG signals were downsampled to 16 kHz.
The analysis of glottal source parameters was performed as de-
scribed in Section 4.1. First, the GCIs were estimated from
the EGG signal and then manually verified. The manual GCI
correction generally consisted of removing the GCIs that were
incorrectly detected in silence regions. Then, the GOIs were
estimated using the peakdet algorithm, by constraining the de-
tection of the GOI for each segment delimited by two con-
secutive GCIs. From the EGG analysis, F i

0 = 1/T i
0 was

obtained by calculating the duration of the frame i delimited
by two consecutive epochs (this duration corresponds to T i

0).
The OQ parameter was also calculated for each pitch cycle as
OQi

e = tie/T
i
0 , where tie is the duration between GOI and GCI

for the frame i. The other voice quality parameters of the LF-
model, SQi = tip/(t

i
e − tip) and RQi = T i

a/T
i
0 , were calcu-

lated by using tie from EGG analysis and the additional intervals
tip and T i

a estimated in the speech analysis stage, respectively.
The average values of the LF-parameters measured for the

different voice qualities are given in Table 1. Meanwhile, Ta-
ble 2 shows the deltas variations of the mean values of the glot-
tal parameters which were calculated from Table 1 to transform
a modal voice into breathy and creaky respectively. The scale
factors of the HNR parameter were also calculated for transfor-

13http://www.glottal.com/Electroglottographs.html
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Table 2: Delta variation factors of the mean values of the glottal
parameters to transform modal into breathy and creaky voices.

F0(Hz) OQ SQ RQ

Breathy 66.46 0.14 -0.04 0.05
Creaky -15.35 -0.10 0.30 -0.02

0 50 100 150 200 250
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Transformation of voice quality parameters
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OQ Modal

RQ Modal
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Figure 2: Trajectories of glottal parameters estimated for the
vowel /a/ sung in modal voice and the transformed trajectories
(by shifting) for synthesis of the same vowel with creaky voice.

mation of modal into breathy and creaky voices. They are 0.48
and 1.14 respectively.

5.3. Transformation of voice quality

The vectors of the glottal parameters values for each vowel
sung with a modal voice were transformed by adding the con-
stant delta values of Table 2 to the respective vectors. Fig-
ure 2 shows an example of the voice quality parameters esti-
mated for the vowel /a/ of modal voice and the trajectories ob-
tained after transformation to synthesize the vowel with creaky
voice. Next, the new values of the time-domain parameters
of the LF-model (te, tp, and Ta) were calculated using the
transformed voice quality quality parameters. The LF-model
waveform was generated from the glottal parameters (T0, te,
tp, Ta and the unchanged Ee) for each frame and added to
the noise component. The energy of the noise component is
changed using the scaling factor of the HNR parameter cal-
culated to transform modal voice into the given target voice
quality. Finally, the synthetic singing waveform is generated
by passing the excitation signal through the vocal tract fil-
ter. The recorded and synthesized samples have been made
available at https://www.scss.tcd.ie/˜cabralj/
samples-voice-transformation.html.

6. Discussion
The variations of the glottal parameters between the modal
voice and the two other voice qualities are in concordance with
previously reported results obtained for speech [23, 24, 25, 26,
27]. This result is expected because there is a close relationship
in the production of speech and singing sounds.

The authors of this paper performed an informal perceptual
evaluation of the synthetic speech and found that the perceptual

quality of the vowels synthesized with the LF-model is very
natural. By adding the noise component of the excitation to
the periodic LF-model signal, the synthetic voice sounds even
closer to the recorded voice. However, the noise also introduces
some perceptual artifacts which are stronger in the synthesized
breathy voice. A better noise model is needed to reduce this
distortion.

The transformation of modal into creaky sounds surpris-
ingly very good, given that only the LF-model parameters are
transformed without taking into account the variation of other
possible properties of the signal correlated with this voice qual-
ity. For example, it is expected that changes in the vocal tract
and other source characteristics, such as F0 perturbations and
amount of aperiodicity, also reflect the variations in the voice
quality. The synthesized breathy voice is not so close to the
recorded breathy voice as we expected. We believe that it is
necessary to transform additional parameters which are impor-
tant for this type of voice, especially parameters related with
the aspiration noise model. Nevertheless, the perceived voice
quality of the transformed signal is clearly different from the
original modal voice and there is no clear perceptual distortion
without using the noise component of the excitation.

Although this preliminary study is limited to a few samples
of isolated vowels and only one speaker, it is supportive of our
hypothesis that glottal parameters are important for synthesis
of different types of singing voice. As future work, we plan to
extend the parameter transformations to take into account other
relevant features such as the vocal tract parameters, parameters
representing dynamic changes of the F0 contour (e.g. jitter and
F0 range), and additional noise component parameters (e.g. pa-
rameters of the noise energy envelope). Also, we are conduct-
ing ongoing experiments to evaluate the quality of the synthetic
voice transformations and recording more data for further anal-
ysis and evaluation.

7. Conclusion

This paper estimated the voice quality parameters of the glottal
source by using both the EGG signal and the acoustic record-
ings of singing voice for five vowels with three different voice
qualities: modal, breathy and creaky. From our own percep-
tual evaluation of samples produced with the analysis-synthesis
method that incorporates a glottal source model, we verified that
this can be used as a very powerful tool to work with the DVs
used in speech/singing. As we have discussed here, the breathy
voice needs further improvements with additional parameters
so as to sound closer to the quality of the recorded voice. After
the adjustments for transforming the modal voice into breathy
and creaky voices, we intend in the future to explore other chal-
lenging voice transformations that include voice qualities such
as vocal fry, ventricular folds phonation, vocal folds combined
with ventricular folds phonation, and noisy phonation.
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