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Abstract

Control over voice quality, e.g. breathy and tense voice,
is important for speech synthesis applications. For example,
transformations can be used to modify aspects of the voice re-
lated to speaker’s identity and to improve expressiveness. How-
ever, it is hard to modify voice characteristics of the synthetic
speech, without degrading speech quality. State-of-the-art sta-
tistical speech synthesisers, in particular, do not typically al-
low control over parameters of the glottal source, which are
strongly correlated with voice quality. Consequently, the con-
trol of voice characteristics in these systems is limited. In con-
trast, the HMM-based speech synthesiser proposed in this paper
uses an acoustic glottal source model. The system passes the
glottal signal through a whitening filter to obtain the excitation
of voiced sounds. This technique, called glottal post-filtering,
allows to transform voice characteristics of the synthetic speech
by modifying the source model parameters.

We evaluated the proposed synthesiser in a perceptual ex-
periment, in terms of speech naturalness, intelligibility, and
similarity to the original speaker’s voice. The results show
that it performed as well as a HMM-based synthesiser, which
generates the speech signal with a commonly used high-quality
speech vocoder.

Index Terms: HMM-based speech synthesis, voice quality,
glottal post-filter

1. Introduction
Concatenation-based speech synthesis provide very low para-
metric flexibility to transform voice quality, because speech is
synthesised joining recorded units. In contrast, HMM-based
speech synthesisers use a parametric model of speech. The typ-
ical model of these systems consists of passing a spectrally flat
excitation through a synthesis filter which represents the spec-
tral envelope. In this method, the excitation of unvoiced speech
is typically modelled by white noise, while the voiced excita-
tion is modelled by a periodic impulse train. The significant ad-
vantage of using this speech representation is that the spectral
envelope can be efficiently calculated, e.g. by linear prediction
or cepstral analysis. The counterpart is the poor representation
of the glottal source, which limits voice quality modelling and
might produce unnatural speech quality. Better excitation mod-
els than the impulse train have been proposed to improve speech
naturalness in HMM-based speech synthesis, e.g. [1, 2]. Such
models have more details of the source, such as aperiodicity as-
pects, but they do not represent the glottal pulse characteristics.

According with the theory of speech production, voiced
speech can be obtained by passing a glottal source model
through a synthesis filter, which represents the vocal tract sys-
tem. This speech model is different from that of the impulse

response that represents the spectral envelope. The main prob-
lem with the source-tract model is that the methods to estimate
the glottal source and the vocal tract filter are typically less ro-
bust than those to estimate the spectral envelope. Nevertheless,
this type of speech model has been successfully used in HMM-
based synthesis. For example, the system in [3] models the glot-
tal source and the vocal tract filter using LPC parameters, ob-
tained by iterative adaptive inverse filtering [4]. In the synthesis
part, the excitation is obtained by transforming a real glottal
pulse to have the desired duration and spectral characteristics,
using F0 and the glottal parameters, respectively. In this sys-
tem, voice transformations could be performed using a library
of glottal pulse shapes for different voice qualities.

In previous work [5], we proposed to represent the excita-
tion of the HMM-based speech synthesiser with a spectrally flat
signal which is obtained by passing an acoustic glottal source
model, the Liljencrants-Fant (LF) model [6], through a post-
filter. We call this operation glottal post-filtering. Results of a
perceptual test showed that speech synthesised with the post-
filtered LF-model sounded more natural than using the impulse
train.

In this paper, we propose another HMM-based speech syn-
thesiser that uses a synthesis method with glottal post-filtering.
The results showed that this system performs similarly to a
different version of the synthesiser that uses the high-quality
speech vocoder STRAIGHT [7]. The proposed system has
the advantage that allows to modify parameters of the source
model, to transform the voice quality of the synthetic speech.
The technique to control the pitch of the output speech, in the
glottal post-filtering technique, is also improved, in this work.

2. Liljencrants-Fant model
2.1. Waveform

The Liljencrants-Fant (LF) model [6] is an acoustic model of
the glottal source derivative, which is shown in Figure 1. It can
be represented by the following equation:

eLF (t) = (1)⎧⎨⎩
E0e

αt sin(wgt), to ≤ t ≤ te
− Ee

εTa
[e−ε(t−te) − e−ε(tc−te)], te < t ≤ tc

0, tc < t ≤ T0

where wg = π/tp. The LF-model is defined by six shape pa-
rameters: tc, tp, te, Ta, T0, and Ee. The remaining parameters
(E0, ε and α) can be calculated by using the energy and con-

tinuity constraints, which are given by
∫ T0

0
eLF (t)dt = 0 and

eLF (te) = eLF (t
+
e ) = −Ee, respectively. The first branch

of equation (1) starts at the instant of glottal opening, to = 0,
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Figure 5: Block diagram of the speech synthesis method using
glottal post-filtering.

5. Experiments
5.1. Perceptual Evaluation of Speech Quality

5.1.1. Speech Databases

Three synthetic voices were built for each system using the fol-
lowing speech databases:

• Voice A: UK English full voice from the male database
released for the Blizzard Challenge 2009 (≈ 8 h).

• Voice B: ARCTIC subset of the male database (≈ 1 h).

• Voice C: UK English female speech database (≈ 6 h).

5.1.2. Systems

Seven systems were evaluated in the perceptual experiment, in-
cluding the HMM-based speech synthesiser with STRAIGHT
vocoder and the system with glottal post-filtering, which were
described in section 4. The natural speech of the original
speaker was also included. The other systems are omitted in
this paper, because they are not related with this work.

5.1.3. Listening Test Design

A perceptual evaluation was conducted to evaluate the HMM-
based speech synthesisers, in terms of speech naturalness,
speech intelligibility, and similarity of the synthetic voice to
the original speaker’s voice. Each participant conducted the
evaluation in a supervised perceptual lab at the University of
Edinburgh, by following the instructions given by a computer
program and using headphones. The Blizzard listening test set-
up [14] was used to perform this evaluation. However, some
adjustments were performed to the original listening evaluation
design. The test was similar for the three voices and it was
divided into different sections Each section contained several
parts and corresponded to one of the following listener tasks:

• Similarity (SIM) task: listeners heard an utterance and
chose how similar the synthetic voice sounded to the
voice of reference samples of the original speaker on a
scale from 1 [Sounds like a totally different person] to 5
[Sounds like exactly the same person].

• ABX task: listeners heard one utterance from each of
two systems (A and B) and chose one of the three pos-
sible responses: [A sounds more natural than B], [B
sounds more natural than A], and [A and B sound equally
natural].

• Mean Opinion Score (MOS) task: listeners heard one ut-
terance and chose a score which represented how natural
or unnatural the sentence sounded on a scale of 1 [Com-
pletely Unnatural] to 5 [Completely Natural].

• Intelligibility (WER) task: listeners heard one utterance
that corresponded to a semantically unpredictable sen-
tence and they had to type what they heard.

5.1.4. Listeners

Ninety six undergraduate students from the University of Edin-
burgh were recruited to participate in the evaluation. Subjects
were equally distributed among the three evaluations associated
with each voice (A, B and C). They were all native speakers of
UK English, aged 18-25 and were paid for their participation.

5.2. Results

Figure 6 shows the results obtained in the perceptual evaluation
of the full male and female voices, for the MOS, SIM and WER
tasks. The results are analysed as in [14], i.e., in terms of the
median for the first two tasks and the mean for the WER task.
In the MOS and SIM plots, the median is represented by a solid
bar across a box, showing the quartiles.

Natural speech was rated always significantly higher than
the synthetic speech, in all parts of the evaluation. In general,
the system with STRAIGHT synthesis and the system with glot-
tal post-filtering obtained similar results, for all voices. Also,
the comparisons between the two systems were not statistically
significant (p − value � 1), for all tasks. From the results of
the evaluation, they are equally natural, intelligible, and similar
to the original speaker. Also, the results of the ABX task were
consistent with the MOS, since the preference rates obtained by
the two systems were similar and not statistically significant.
This result indicates that the use of a flattened LF-model signal
for the excitation does not affect significantly the speech quality
of the synthesiser, when compared with the impulse signal.

In our previous work [5], the results showed that the system
with the post-filtered LF-model produced more natural speech
than the system with impulse train. We expected the same re-
sult in the experiment of this paper, although the systems are
different between the two experiments. Possibly, the difference
between the two types of excitation was perceptually less sig-
nificant in this experiment, because they were mixed with noise
(unlike in [5]). On the other hand, the similarity and intelligibil-
ity results were expected, because the main difference between
the impulse train and the excitation obtained with GPF is that
the first has stronger harmonics. That is, they are both spec-
trally flat signals, which do not contain the source characteris-
tics associated with the identity of the speaker’s voice (they are
incorporated into the spectral envelope). Note that glottal post-
filtering does not produce an excitation which represents the
glottal source characteristics, but it allows to transform them.

5.3. Voice Quality Transformations

We also conducted experiments to investigate the effect of
modifying the parameters of the reference LF-model on the
voice quality of the synthetic speech. A small set of sen-
tences were synthesised with the HMM-based speech synthe-
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Figure 6: Results of the perceptual evaluation obtained by the
original speech (Orig), the system with STRAIGHT synthesis
(STR) and the system with glottal-post-filtering (GPF).

siser that uses the GPF, for different shapes of the input LF-
model. Speech synthesised with the reference LF-model, was
considered to have neutral voice quality. This voice qual-
ity was transformed by varying one of the dimensionless pa-
rameters: OQ, SQ and RQ. Each parameter was decreased
and increased by different degrees. For example, the OQ
was multiplied by scale factors, which ranged from 0.2 to 1.8
Examples of the synthetic speech samples can be found at
http://muster.ucd.ie./̃ joao/web/hts-gpf.

We clearly perceived the variation of the voice quality of
the synthetic speech, with the degree of transformation of each
LF-model parameter. Moreover, each parameter appears to have
a different effect on the voice quality. This result is expected,
because the variation of each parameter has a different effect on
the spectrum of the LF-model [9]. The voice quality transfor-
mations also seemed to not produce speech artefacts, even for
relatively large degrees of transformation of the LF-parameters.

6. Conclusion and Future Work
This paper proposes a HMM-based speech synthesiser that al-
lows to transform relevant glottal source parameters. This is
achieved by using the glottal post-filtering method for synthe-
sis. It consists of modifying the LF-model, which is the input
to the time-invariant glottal post-filter. This system was com-
pared against a state-of-the-art speech synthesiser, which uses
the STRAIGHT vocoder to synthesise speech. The results of a
perceptual evaluation showed that the two systems performed
equally in terms of speech naturalness, intelligibility, and simi-

larity of the synthetic voice to the speaker’s original voice. The
great advantage of the proposed system is to allow voice trans-
formation, by controlling the LF-model parameters.

An efficient technique to control the pitch of the synthetic
speech by the glottal post-filtering method was also proposed,
in this paper. It consists of truncating or padding with zeros
the closed phase of the LF-model to obtain the desired pitch,
without modifying the LF-model in the open phase.

Formal evaluations of voice quality transformation by the
system with LF-model are going to be conducted. We also plan
to use more source parameters than the LF-parameters, such as
jitter and aspiration noise, to improve voice quality modelling.
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