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Abstract
The following paper presents the results of a study of glot-
tal source parameters and their behaviour across vowels, con-
texts and fundamental frequency. The utterances collected con-
sisted of multiple recordings of three vowels in 4 different con-
texts, across seven different pitches from two male speakers.
The vowels were extracted, automatically inverse filtered us-
ing a Kalman filter based linear prediction technique, and the
Liljencrants-Fant model was automatically fitted to the result-
ing glottal flow derivative yielding the glottal flow parameters.
Results obtained generally followed our expectations, and pre-
vious research in the area. The timing parameters do vary with
fundamental frequency, however they do not vary uniformly.
Parameters are also influenced slightly by both phonetic en-
vironment and the vowel utterance and patterns are apparent
across both speakers.

1. Introduction
Conventional approaches to prosodic modelling and modifica-
tion in speech synthesis often achieve satisfactory intonation but
little attention is paid to the glottal source.

Strik and Boves [1] express the need for adequate voice
source control rules in an effort to completely control prosody,
fundamental frequency (F0) and voice quality among others in
speech synthesis.

The investigative study presented here is intended to con-
tribute towards an ongoing goal of automatic speaker character-
isation, which in turn will positively effect prosodic modelling
and manipulation.

We intend to machine learn the characteristics of a speaker,
so that given information about an utterance our system will
be able to correctly predict speaker characteristic information
for that speaker and thus, predict the utterance for that speaker.
The first step in this approach is identifying if the glottal flow
waveform obtained from inverse filtering varies for a particu-
lar utterance and speaker and what induces these variations (eg.
position of the phone in the word or syllable, phonetic environ-
ment, duration and F0 among others). The particular patterns
themselves are not forefront to the investigation rather, whether
patterns exist, and if so which conditions influence these pat-
terns and are they actually worth learning. We also wish to
know whether patterns observed are speaker specific or evident
across speakers. We intend to use machine learning to learn
patterns given utterance characteristic information such as that
mentioned above, so that if a system is presented with prosodic
information, contextual information and information about the
individual utterance it will be able to correctly predict the LF

parameters of the glottal source flow for that speaker and utter-
ance, thus paving the way towards automatic speaker character-
isation. A facility such as this would greatly influence prosodic
control in synthesis systems.

In this study we have taken recordings of 3 vowels in 4 dif-
ferent contexts and at 7 different F0 values from two speakers.
We observe how the glottal source parameters vary with pitch,
and also whether context or the individual vowel itself influ-
ence the parameters for a particular speaker. The vowels are
extracted from the speech segments, then automatically inverse
filtered and the Liljencrants-Fant (LF) [2] model is fitted to the
glottal source derivative. The LF parameters obtained are then
plotted to identify trends.

2. Method
2.1. Data

Recordings were made using two male speakers of Hiberno En-
glish who had no voice training or experience in linguistics. The
subjects produced 3 vowels (/i/, /a/, /u/), in 4 different contexts,
/s t/, /s d/, /z t/, and /zd/, embedded within the phrase “Say

again”. Prompts were issued in random order to the speak-
ers and tones at frequencies of 90Hz, 110Hz, 130Hz, 150Hz,
170Hz, 190Hz or 210Hz were played, also in random order.
The informants were asked to record the prompt at the given
pitch. This procedure was repeated three times for each vowel
in each context and at each pitch, with a 10-15 minute break
between each of the three recording sessions.

A Bruel and Kjaer 4004 condenser microphone amplified
using a Alice Soundtek preamplifier and a 20-bit Turtle Beach
Fiji sound card were used for the recording which took place
in a soundproof room at a sampling rate of 16,000 Hz and the
linear prediction analysis order used in the inverse filtering [3]
was 16.

The study focused on vowels because the KF LP technique
used [3] has, so far, only been applied to vowels and diphthongs.
The vowel data was extracted manually from the recordings and
the signal was then passed forwards and backwards through
a high-pass filter to remove any low frequency noise present,
while not introducing phase distortion.

2.2. Analysis

2.2.1. Glottal inverse filtering

There have been many and varied approaches to vocal tract
(VT) parameterisation and glottal inverse filtering. The vast
majority of these approaches are based upon the source-filter
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Figure 1: The LF model after [2]

model of speech production [4], which assumes that glottal
source and the VT filter are linearly separable. The simplest and
most efficient techniques, e.g. the autocorrelation method of
linear prediction, are aimed primarily at VT parameterisation,
often without consideration for inverse filtering or resynthesis,
as in speech recognition applications. Often, simplifying as-
sumptions are made which result in a highly compromised sep-
aration of source and filter with contributions from the source
and subglottal filter remaining in the VT parameterisation.

When a cleaner separation of source and filter is required,
approaches that are more elaborate are needed. A common
approach is closed-phase covariance method linear prediction.
Analysis is performed during the closed phase (CP) of the glot-
tal cycle when the speech is theoretically an excitation-free de-
caying oscillation and the resonances of only the supraglottal
VT are responsible for these oscillations, which should conse-
quently yield more accurate estimates of the (supraglottal) VT
parameters and therefore the source flow. However, this tech-
nique is made more difficult by a number of issues. First, the CP
must be located. Then, the analysis relies on a limited number
of data points on which to perform analysis; this often makes
the method unsuitable for the analysis of female voices.

We choose to use a Kalman-Filter based, linear prediction
technique (KF-LP) [3]. This technique automatically chooses
appropriate closed-phase sections over which to perform anal-
ysis. The method harnesses the non-independence of consecu-
tive closed-phase spectra - consequently compensating for small
numbers of analysis points per CP. The technique is also dy-
namic in that it does not assume stationarity of the VT filter.
This is achieved by having the Kalman filter allow both a cer-
tain amount of predictable movement in the LP coefficient tra-
jectories, as well as some noise to model unpredictability in the
trajectories. Backward smoothing of the LP coefficients pro-
duces smooth, slowly evolving LP coefficient trajectories, and
reliable estimates of the differentiated glottal flow (DGF).

2.2.2. Glottal source parameterisation

Many models of the glottal source have been proposed and we
use the Liljencrants-Fant (LF) model because it is one of the
most used and well known models, (see Figure 1). The method
was based on that described in [5], with some minor modifica-
tions.

The glottal waveform equations are [8]

g(t) = Eoe
αtsin(ωgt) (1)

= −Ee

εta
[e−ε(t−te) − e−ε(tc−te)] (2)

where in Eq. 1)0 ≤ t ≤ te and in Eq. 2te ≤ t ≤ tc ≤ T0.
T0 is the length of the pitch period, and is usually larger thantc,
in order to provide for a closed phase. Eq. 1 describes first part
of the DGF, modelled as an exponentially growing sinusoid, and
Eq. 2 describes the second part of the DGF, modelled as an ex-
ponential decay function. The following conditions hold:R T

0
g(t)dt = 0,ωg = π

tp
, εta = 1− e−ε(tc−te), and

Eo = − Ee
eαte sin(ωgte)

The modifications mentioned above are as follows:

• When performing the initial search for estimates of the
LF parameters,Ta (the time constant of the exponential
curve or the return phase) was calculated by fitting a line
along the return phase from the point of maximum neg-
ative amplitude (Ee) which occurs at time pointte and
interpolating it up to the zero line. The number of sam-
ples chosen for the fit varies depending on the signal.
Each sample point fromEe upwards is used until we in-
tersect the zero line or there is a change in the signal. If
there is a change in the signal before we reach the zero
line, then the line is fitted fromEe to this point and then
interpolated to the zero line. The distance fromte to the
point of intersection with the zero line was used as the
initial estimate forTa.

• The Nelder and Mead [9] simplex optimization algo-
rithm was used to optimize the chosen LF parameters
and initially the Levenberg-Marquardt (LM) optimiza-
tion algorithm [10] was also used. However, in most
cases the LM algorithm did not improve the fit of the
LF model and in the remainder of cases it actually had
an adverse effect on the estimation of the LF parame-
ters. Therefore, it was decided to optimize only once us-
ing the Nelder and Mead simplex algorithm, thus signifi-
cantly reducing computation costs and maintaining good
LF fits.

• R T

0
g(t)dt = 0, states that the integral of the DGF must

be equal to zero, therefore assuming zero flow through
the glottis during the closed phase. The overall aim of
our research is to model a characteristic of the speaker,
and in reality it is not always the case that during the
closed phase there is zero flow through the glottis. It is,
therefore, not assumed here and the above constraint is
relaxed, in order to provide a closer fit to the speech.

The wave shape parameters and as described in [2] and the
wave shape parameterRd [6] were also calculated. The equa-
tions for calculating these parameters using the LF model are

Rk = (Te − Tp)/Tp (3)

Rg = T0/2Tp (4)
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Ra = Ta/T0 (5)

Rd = (1/0.11)(0.5 + 1.2Rk)(Rk/4Rg + Ra) (6)

3. Results
The LF parameters of three pitch periods from each of the be-
ginning, middle and end of each vowel utterance were extracted.
Each set of three pitch period parameters was averaged and plot-
ted againstT0 (the pitch period). The patterns that evolved were
as one might expect with a varyingT0. AsT0 increases the glot-
tal timing parameters change.

This behaviour is apparent in the parameterstp (the point
of maximum airflow through the glottis),te (point of maximum
negative amplitude) andtc (the point of glottal closure), where
they increase withT0. The changes in the parameters andT0

could be considered linear, except for the deviations at the high
value of T0, which is quite close to a male speakers normal
T0 . This is apparent in Figures 2, 3, wheretp andtc can be
seen to vary withT0. Refer to Figure 1 for a visual explanation
of the glottal parameters.Ta is plotted againstT0 in Figure 4
and appears to remain relatively constant acrossT0 except for
the higher values ofT0 recorded, whereTa can be seen to rise
dramatically1.

Correlations2 of the timing parameters andT0 were calcu-
lated and as expected levels of significance3 were high fortp,
te, andtc, but not forTa, see Tables 1 and 2 .

Table 1: Correlation matrix for timing parameters andT0 for
Speaker 1.

- T0 tp te tc Ta

T0 - .708 .809 .803 .342
tp - - .948 .921 .191
te - - - .980 .287
tc - - - - .439
Ta - - - - -

Table 2: Correlation matrix for timing parameters andT0 for
Speaker 2.

- T0 tp te tc Ta

T0 - .779 .904 .940 .318
tp - - .955 .891 .116
te - - - .969 .056
tc - - - - .258
Ta - - - - -

To see how the LF parameters varied for each vowel across
pitch, we averaged the parameters taken from the steady state
of the vowel across the three data sets for each vowel regardless
of context.

1All patterns described may be assumed apparent for both speakers
unless stated otherwise

2Pearson correlation coefficients were used in correlation analysis
3Values equal to or above .700 were considered significant meaning

we account for 49% (r2) of the variance, as in [7]
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Figure 2:tp plotted againstT0 and the mean values are plotted
as a line for /u/ from speaker 1

The values oftp across vowels rise steadily and in a simi-
lar manner asT0 increases, and each vowel parameter set also
appears to follow its own path, specifically /a/ and /u/, whereas
/i/ meanders slightly. This pattern is repeated for the parameters
te andtc. It is interesting to note that the values oftp, tc andte

for /a/ are always slightly higher than those of /i/ and /u/, (see
Figure 5).

Strik and Boves [1] reported thatTa rises during transitions
from vowels to consonants, but this trend was not apparent in
the data. We plotted values forTa from the beginning, middle
and end of each vowel, (see Figure 6). It can be seen thatTa

is higher at vowel onset than at vowel offset. Behaviour of the
parameter during the steady state of the vowel appears to vary
with phonetic environment. In the environments /st/ and /zt/
Ta tends to rise during the transition from vowel onset to the
steady state, before falling at vowel offset, whereas in /sd/ and
/z d/ the value generally tends to fall as it approaches the steady
state of the vowel. This pattern is apparent acrossTa for only
the lower values ofT0

We looked at how the parameters vary across contexts, ex-
pecting to see correlation in the values taken from the beginning
of the vowel, especially between /st/ and /sd/, and between
/z t/ and /zd/, and correlation in the values taken from the end
of the vowel between the contexts /st/ and /zt/, and those that
occurred between /sd/ and /zd/.

The parameterste, tp, Ta and to some extenttc taken from
the start of the vowel did indeed appear to be influenced by
the preceding phone, especially those that followed /z/. The
parameters of the vowels following /s/, did not appear to be as
closely related (see Figure 7), supporting Nı́ Chaisaide and Gobl
[11], who have noted that there are less carryover effects on the
vowel from preceding voiceless consonants, and also in some
languages there is no carryover effect from the preceding con-
sonant.

When we looked at the parameters taken from the end of
the vowels, we found that the parameter values do not seem to
be dependent on the phone following the vowel, but once again
they appear to be influenced by the preceding phone, (see Figure
8).

We were interested to see if there were any particular dis-
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Figure 3:tc plotted againstT0 and the mean values are plotted
as a line for /u/ from speaker 2
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Figure 4:Ta plotted againstT0 for /u/ from speaker 2

tinctive patterns between the voiced context /zd/ and the un-
voiced context /st/, but there appeared to be none.

We also looked at the wave shape parameters described by
Fant [12] to see how they varied withT0. In general the pat-
terns identified are similar to those of the timing parameters.
Rd tends to rise slightly withT0, (see Figure 9).Rk, Rk and
Rg often fall slightly at lowerT0 values and rise again at higher
values ofT0, (see Figure 10), suggesting as noted by Strik and
Boves [1] that voice quality does change withT0.

We did not normalise using sound pressure level (SPL) in
this study, and appreciate that changes in parameters could be
more closely correlated with SPL thanT0 [13]. Subjects were
however asked to mimic the given pitch in their normal voice for
all recordings as opposed to varying loudness conditions and so
we decided not to include SPL in our analysis.
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Figure 5: averagetp plotted againstT0, for each vowel for
speaker 1
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Figure 6:Ta plotted for the average parameter from the begin-
ning, middle and end of the vowels from speaker 2

4. Conclusions
We automatically inverse filtered and fitted the LF model to the
resulting DGFs taken from 3 different vowels in varying con-
texts, and spoken at varying F0s. We hoped to find patterns
to suggest how phonetic environment, pitch and the vowel it-
self affect the glottal source parameters if at all and the results
presented are very encouraging. The glottal timing parameters
vary much as one would expect. WhenT0 increases so do the
timing parameters, albeit all at different rates,te andtc increase
at a close to linear rate, whereastp a piecewise linear fit totp

indicates a curve.Ta increases only at higher values ofT0.
The parameters also appear to be affected only by the preced-
ing context, and not at all by the context that follows the vowel.
The vowel itself seems to have a significant bearing onEe, and
generally LF values of /a/ are larger than those of /i/ and /u/ .

We appreciate that glottal excited formant synthesis is not
currently at the forefront of state-of-the-art speech synthesis.
However, when it is employed, consideration should be given
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Figure 7:Ta plotted againstT0, across contexts (taken from the
beginning of each vowel) for speaker 2

to the correlation of the timing parameters and features such as
F0, vowel quality and phonetic environment.

We also suggest that any pitch manipulation approaches
used in concatenative synthesis might consider the indirect
changes induced in the effective glottal source. This might not
involve direct manipulation of the glottal timing parameters, but
perhaps some spectral manipulation. While consideration of the
glottal timing parameters (or their respective glottal correlates)
are ignored we believe that prosodic manipulation will be lim-
ited in its ability to mimic naturalness of human speech.
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