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Abstract 
This thesis explores, through a number of production and perception studies, the nature of the 
voice source signal and how it varies in spoken communication.  Research is also presented that 
deals with the techniques and methodologies for analysing and synthesising the voice source.  
The main analytic technique involves interactive inverse filtering for obtaining the source signal, 
which is then parameterised to permit the quantification of source characteristics.  The para-
meterisation is carried by means of model matching, using the four-parameter LF model of 
differentiated glottal flow.   

The first three analytic studies focus on segmental and suprasegmental determinants of source 
variation.  As part of the prosodic variation of utterances, focal stress shows for the glottal 
excitation an enhancement between the stressed vowel and the surrounding consonants.  At a 
segmental level, the voice source characteristics of a vowel show potentially major differences as 
a function of the voiced/voiceless nature of an adjacent stop.  Cross-language differences in the 
extent and directionality of the observed effects suggest different underlying control strategies in 
terms of the timing of the laryngeal and supralaryngeal gestures, as well as in the laryngeal 
tensions settings.  Different classes of voiced consonants also show differences in source 
characteristics: here the differences are likely to be passive consequences of the aerodynamic 
conditions that are inherent to the consonants.  Two further analytic studies present voice source 
correlates for six different voice qualities as defined by Laver’s classification system.  Data from 
stressed and unstressed contexts clearly show that the transformation from one voice quality to 
another does not simply involve global changes of the source parameters.  As well as providing 
insights into these aspects of speech production, the analytic studies provide quantitative meas-
ures useful in technology applications, particularly in speech synthesis.   

The perceptual experiments use the LF source implementation in the KLSYN88 synthesiser to 
test some of the analytic results and to harness them to explore the paralinguistic dimension of 
speech communication.  A study of the perceptual salience of different parameters associated 
with breathy voice indicates that the source spectral slope is critically important and that, sur-
prisingly, aspiration noise contributes relatively little.  Further perceptual tests using stimuli with 
different voice qualities explore the mapping between voice quality and its paralinguistic function 
of expressing emotion, mood and attitude.  The results of these studies highlight the crucial role 
of voice quality in expressing affect as well as providing pointers to how it combines with f0 for 
this purpose. 

The last section of the thesis focuses on the techniques used for the analysis and synthesis of 
the source.  A semi-automatic method for inverse filtering is presented, which is novel in that it 
optimises the inverse filter by exploiting the knowledge that is typically used by the experimenter 
when carrying out manual interactive inverse filtering.  A further study looks at the properties of 
the modified LF model in the KLSYN88 synthesiser: it highlights how it differs from the stan-
dard LF model and discusses the implications for synthesising the glottal source signal from LF 
model data.  Effective and robust source parameterisation for the analysis of voice quality is the 
topic of the final paper: the effectiveness of global, amplitude-based, source parameters is exam-
ined across speech tokens with large differences in f0.  Additional amplitude-based parameters 
are proposed to enable a more detailed characterisation of the glottal pulse.   

Keywords: Voice source dynamics, glottal source parameters, source-filter interaction, voice 
quality, phonation, perception, affect, emotion, mood, attitude, paralinguistic, inverse filtering, 
knowledge-based, formant synthesis, LF model, fundamental frequency, f0.  
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1. Introduction 

The broad objective of this research was to extend our knowledge of the dynamic variation 
of the human voice source and of its functions in spoken communication.  More specifically, 
by providing data on the acoustic characteristics of different voice qualities, on source 
variation due to both segmental and prosodic factors, and by probing how voice qualities are 
used in the signalling of affect, the aim is to throw new light on a rather little understood 
aspect of speech.  An ongoing concern is how to most effectively obtain reliable source data, 
and this question has been the focus of some of the research presented in this thesis.   

In the production of voiced speech sounds, the acoustic source is typically defined as 
the airflow through the glottis.  The periodic nature of vocal fold vibration results in a quasi-
periodic volume velocity waveform, which constitutes the input signal to the vocal tract.  
This waveform is typically referred to as the voice source or the glottal source.  Section 2 
provides a fuller definition and discussion of the theoretical framework for the analytic 
studies presented here. 

Voice quality, i.e. the auditory ‘colouring’  of a person’s voice, is regulated by the ten-
sion settings of the laryngeal musculature and the respiratory effort, and is known to be a 
carrier of very different types of information.  It provides indexical information about the 
identity of speakers as well as clues to many of their characteristics, such as sex, age, size, 
etc.  Furthermore, for any given speaker, it is known that a temporary shift in voice quality – 
for instance, from modal into creaky or breathy voice – is an important mechanism for 
signalling paralinguistic information on emotions and attitudes.  Also well known is the fact 
that in certain languages there are segmental contrasts based on voice quality differences.    

But beyond the differences in voice quality associated with these particular known 
functions, there are other aspects of voice source variation that are less widely appreciated.  
It may be convenient to conceptualise the voice source as a constant function for a given 
voice quality, but even in the course of a single neutral utterance spoken with modal voice, 
there is a continuous modulation of the voice source.  Much of this detailed variation 
appears to be determined by the segmental and suprasegmental structure of utterances, and 
is the focus of the first group of papers included in the thesis (Papers 1-3).   

In the second group of papers (Papers 4 and 5) the objective was to provide acoustic 
‘profiles’  for a selection of distinct voice qualities following John Laver’s framework for 
phonatory qualities (Laver, 1980), thereby extending his account of these qualities and 
providing baseline data useful generally in the interpretation of the other analytic studies.  
This work also provided the basis for the synthesis of stimuli with different voice qualities, 
which were used in the perception studies of the thesis (Group C, Papers 6-8).  These studies 
deal with the perceptual correlates of voice quality, and explore how voice quality differ-
ences may be associated with the communication of emotions, moods and attitudes, broadly 
referred to here as affect.  In order to contextualise the individual contributions of the pro-
duction and perception experiments of Papers 1-8, Section 4 provides a broad review of the 
many different functions of voice source variation in speech communication.   



2    The voice source in speech communication 

 

Despite its fundamental importance in speech, the voice source has been relatively 
neglected by speech engineers, phoneticians and linguists, and there is a general lack of 
empirical data on the human voice source.  There are different reasons for this neglect.  The 
sheer inherent complexity of the topic makes it a daunting task to attempt to unravel the 
interwoven strands of information simultaneously present in the voice.  Furthermore, as 
much of the segmental information in languages pertains to vocal tract features, these have 
attracted more attention in both analysis and synthesis.  However, probably the greatest 
obstacle has arisen from the difficulty of obtaining accurate acoustic source data, and from 
the general unavailability of appropriate tools for investigating the voice source.  Thus, 
although the main focus of the research has been the analysis of production data and of the 
perceptual correlates of voice source variation, it also deals with the techniques and models 
that enable this kind of research, and the papers in Group D (Papers 9-11) are directed spe-
cifically at methodological issues.  Section 3 also includes a fairly extensive review and 
critique of methodologies that may be used for voice source analysis, drawing together and 
extending review materials previously published in Gobl and Ní Chasaide (1999a), Ní 
Chasaide et al. (1990) and Gobl and Ní Chasaide (2003).  This section also provides details 
on the main analysis techniques and source parameters used in the thesis.  As this material is 
not widely known, a brief overview is also provided in most the papers: when presented 
together here, this results in some unavoidable repetition. 

The relative dearth of research on the voice source has also had implications for speech 
technology.  Very basic source models have often been used in speech technology applica-
tions, which may account for difficulties and unsatisfactory results obtained in areas such as 
speech analysis, synthesis and recognition.  In speech analysis, crude assumptions about the 
source often lead to erroneous analysis results, e.g., in formant tracking.  In speech recogni-
tion systems, voice source information may be an important factor in improving their 
robustness: see, for instance Blomberg (1989; 1991; 1993), who has incorporated source 
information into an adaptive scheme for speech recognition.  In formant-based speech syn-
thesis, the frequently rather unnatural voice quality is to a large extent a consequence of the 
impoverished source modelling.  Thus, although high intelligibility has been achieved due to 
reasonably accurate segmentals (vocal tract dependent information), this type of synthesised 
speech has often been rejected due to the unnatural voice quality.  The deficiencies of the 
source modelling in formant synthesis have undoubtedly contributed to the shift in focus 
away from production-based techniques towards corpus-based concatenative methods.  By 
circumventing issues of speech production modelling, it has proven to be easier and faster to 
produce high quality speech output, but at the expense of flexibility.  A short discussion of 
the relevance of voice source research to the area of speech synthesis is provided in 
Section 5. 

Brief summaries and commentaries to the individual papers of the thesis are provided 
in Section 6.  Finally, Section 7 presents the overall conclusions of this research, including 
an assessment of the contributions made to the general subject area, along with some 
suggestions for future research. 

 



 

3 

2. Theoretical framework: acoustic theory of speech 
production 

The main theoretical foundation for the research carried out in this thesis is the acoustic 
theory of speech production developed by Gunnar Fant (Fant, 1960).  In short, this theory 
states that speech production involves an acoustic source signal that is shaped by the filter-
ing process of the vocal tract to produce the speech output signal.   

Although the premise for this theory has been contested (e.g., Teager and Teager, 1983; 
1990), there is sufficient evidence from experimental data to support the validity and useful-
ness of this characterisation of the speech signal, particularly for voiced sound production.   

In the first approximation of Fant’s theory, source and filter are regarded as inde-
pendent non-interactive functions.  This is based on the simplifying assumption that the 
glottal impedance is always significantly higher than the vocal tract input impedance.  The 
filtering process of the vocal tract can be regarded as linear and essentially time invariant 
over short time intervals.   

2.1  Defining the source 

As discussed by Fant (1979a), even when mechanical and acoustic interaction effects that 
may influence the vocal fold vibration are not taken into account, it is not fully clear-cut 
how to best define the voice source and the vocal tract filter.  The glottal impedance, which 
varies non-linearly with the variation in glottal area, contributes to the forming of the glottal 
pulse shape.  It also enters as an element of the vocal tract transfer function.  One way of 
defining the source is therefore as a hypothetical airflow signal, Us, disregarding the vocal 
tract load, i.e. by replacing the vocal tract impedance by a short circuit (Fant, 1979a).  This 
source function is thus determined by the subglottal pressure and the glottal impedance 
(Us = Psg / Zg), but is entirely independent of the vocal tract filter.  This is how the source 
function was originally defined in Fant (1960).  By adopting this fairly simple non-interac-
tive signal as the source, the filter function becomes very complex: it is time varying and 
non-linear as a consequence of the glottal impedance (Fant, 1982b). 

This signal has the advantage, in principle, of being relatively easy to model, as it does 
not contain superimposed ripple components (other than possibly from the subglottal reso-
nances).  A serious practical problem, however, is that it is difficult to obtain from 
recordings of real speech using techniques such as inverse filtering. 

Alternatively, the source function can be defined as the true volume velocity signal 
through the glottis, Ug (Fant, 1981, 1982b, Guérin et al., 1976).  In this case, the glottal 
impedance is excluded from the definition of the vocal tract filter, making the filter transfer 
function relatively simple.  The source will now depend on the particular vocal tract filter 
configuration, which will introduce ripple components whenever there is a finite glottal 
impedance, i.e. whenever the glottis is open.   

This is the definition of the source used in the thesis.  However, for the most part, the 
main focus is the differentiated glottal flow signal, also referred to as the glottal flow 
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derivative.  This signal is the time-derivative of the true glottal glow: it incorporates the 
main characteristic of the radiation transfer function, which is a first order differentiation.   

The true glottal airflow, or the corresponding differentiated glottal airflow, can more 
readily be obtained through inverse filtering of the speech signal than Us.  Note, however, 
that the exclusion of the glottal impedance from the filter function means that filter para-
meters measured in the inverse filtering process should represent the transfer function when 
the glottal impedance is infinite, i.e. when the glottis is closed.  This causes problems when 
complete closure is not attained at any point during the entire glottal cycle, which is com-
mon in female as well as in male speech (Södersten, 1994), and of course in non-modal 
voice qualities involving breathy and whispery phonation types (see further discussion on 
problems with inverse filtering in Section 3.3). 

Modelling the true glottal flow signal is more difficult due to superimposed ripple 
components originating from the vocal tract interaction.  Generally, when parameterising the 
glottal pulses, interaction ripple is ignored, whereas the main aspects of the source signal are 
captured by the model (see further Section 3.7). 

2.2  Defining the filter  

As a consequence of defining the source function as the true airflow signal through the 
glottis, the definition of the vocal tract transfer function simply becomes the relationship 
between the oral and glottal airflow signals as follows: H(s) = Uo(s) / Ug(s). 

Thus, the vocal tract transfer function can be accurately represented by a number of 
complex-conjugate poles and zeros.  For vowels, the transfer function is typically regarded 
as an all-pole function, and in this case the vocal tract can be modelled by a number of 
formant resonators (complex-conjugate poles) connected in cascade.  The number of for-
mants is in theory infinite and the average spacing between the formants is given by the 
vocal tract length: e.g., if the vocal tract length is 17.5 cm (as for a typical male) and if the 
speed of sound is assumed to be 350 m/s, the average spacing between formants is about 
1000 Hz.  In practice, only a small number of formant resonators is necessary for the model-
ling of the vocal tract transfer function.  However, higher formants affect the amplitude 
levels of the lower formants, so the exclusion of higher formants has to be compensated for 
by including a ‘higher-pole correction’  filter (Fant, 1959; 1960).   

For the analysis carried out in this thesis, the vocal tract transfer function has been 
modelled as an all-pole filter for all voiced speech sounds, including nasalised sounds.  The 
consequences of this simplification are discussed in Mahshie and Gobl (2003); see also 
Ananthapadmanabha (1984). 

In a discrete-time representation of the vocal tract, the frequency range is limited by 
half the sampling rate.  The typical implementation of a discrete-time formant resonator has 
an amplitude response that differs slightly from that of the continuous-time (analogue) reso-
nator.  The difference is caused by aliasing in the discrete-time case, as a consequence of the 
impulse invariant filter transform used, resulting in a slight increase in the amplitudes.  The 
difference is larger the higher the frequency, and for lower frequencies the difference is 
negligible.  The aliasing introduced by the impulse invariant transformation provides an 
implicit higher-pole correction, which is thus inherent in the discrete-time realisation.  Note, 
however, that this higher-pole correction is not identical to the one used in the continuous-
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time modelling.  Significant differences in formant amplitudes may result for the highest 
formant in particular, depending on whether the formant frequency is relatively close to or 
far from half the sampling frequency (see, Holmes, 1983; Laine, 1988; Fant, 1995). 

The radiated speech pressure waveform is determined by the oral airflow at the lip 
opening and the radiation transfer function.  As mentioned, the main characteristic of the 
radiation transfer function is that it acts as a differentiator, thus adding 6 dB per octave to 
the spectrum of the speech pressure wave, as compared to the spectrum of the oral airflow 
signal.  Thus, it can be represented by a real zero at zero frequency.  However, modelling 
experiments in terms of a small piston in a sphere with a 9 cm radius, show a spectral boost 
in excess of 6 dB per octave, increasing with increasing frequency.  Although this effect is 
generally ignored, it is not insignificant: at 2.5 kHz the additional boost is over 5 dB (see 
Fant 1960; 1979a; Stevens, 1998), and can be approximated by a first order pole/zero filter 
(Fant 1979b, 1993).  On the other hand, experiments carried out by Flanagan (1972) did not 
indicate the same degree of extra high frequency emphasis (see further discussion in Fant, 
1993). 

2.3  Source-filter  interaction 

The source-filter theory as outlined by Fant (1960) has been elaborated to include different 
types of interaction phenomena (e.g., Ananthapadmanabha and Fant, 1982; Fant, 1981; 
1982a; 1985; 1986; 1987; Fant and Ananthapadmanabha, 1982; Fant and Lin, 1987; 1991; 
Lin, 1987; 1990).   

Two major classes of interaction phenomena have been discussed in the literature.  One 
is generally referred to as acoustic interaction, the other as aerodynamic-mechanical inter-
action.  When analysing acoustic interaction, the temporal profile of the effective glottal 
area is assumed to be known, but the variation in the transglottal pressure drop due to the 
vocal tract load is taken into account as an interactive component.  Different formant 
patterns will therefore affect the glottal flow differently (Fant and Lin, 1991).  This interac-
tion effect is non-linear, as the volume velocity through an orifice varies in proportion to the 
square root of the pressure drop.  It leads to extra peaks and dips in the source spectrum, and 
may also bring about changes in the waveform for the first few glottal cycles after voice 
onset (Fant and Lin, 1987; Lin, 1987).   

One type of acoustic interaction causes the glottal pulse to be skewed to the right in 
relation to the glottal area function.  This is an inertia effect and it increases with overall 
vocal tract inductance as well as with a decrease in the glottal resistance accompanied by 
low subglottal pressure (Fant, 1982a; Rothenberg, 1981; Rothenberg, 1983).  The phase 
difference in the vibratory pattern between the upper and the lower parts of the vocal folds 
has also been demonstrated to contribute to the skewing of the pulse (Cranen and Boves, 
1985).  There is typically a high positive correlation between the excitation strength and the 
skewing of the pulse, as greater skewing will cause a more abrupt change in airflow at the 
point of vocal fold closure.  Thus, increased glottal skew induces an increase in the excita-
tion strength, and hence an increase in the formant amplitudes.   

Another type of acoustic interaction is the coupling between the subglottal and the 
supraglottal system when there is a finite glottal impedance.  This would be the case during 
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the open phase of the glottal cycle.  The main effect of the time-varying glottal impedance is 
an increase in the losses, particularly for the low frequency range, during the open phase.  
Formant bandwidths, especially B1, tend to increase.  The increase in bandwidth leads to 
something approximating a truncation of the decaying formant oscillation (Fant, 1981; Fant 
and Ananthapadmanabha, 1982; Fant and Liljencrants, 1979).  There might also be a ten-
dency for formant frequencies to increase slightly.   

If the coupling between the subglottal and the supraglottal system becomes large 
enough, as in, for instance, breathy voice, additional subglottal resonances may show up in 
the speech output (Fant et al., 1972; Klatt 1986; Cranen and Boves, 1987).  These reso-
nances can be modelled by including additional pole-zero pairs to the vocal tract transfer 
function. 

If a supraglottal constriction becomes narrow enough, it may give rise to aerodynamic-
mechanical source-filter interaction (e.g., Bickley and Stevens, 1986) causing a reduction in 
the transglottal pressure drop as well as affecting the vibratory pattern of the vocal folds.  
Note that this effect will counteract the acoustic consequences of the glottal pulse skew.  
The reduction in the transglottal pressure drop will cause a concomitant drop in the excita-
tion strength, resulting in a reduction of the formant amplitudes.  In the analysis of human 
speech, it is often difficult to separate clearly between the two types of interaction. 

With regard to superposition of formant energy from one cycle to the next, a non-linear 
interaction effect has also been observed that could involve aerodynamic-mechanical inter-
action (see Fant et al., 1963; Fant and Mártony, 1963).  Data from sustained vowels, pho-
nated with a gliding pitch over a large f0 range, suggested an increase in the excitation 
strength whenever F1 was near a multiple of f0.  As expected, the F1 amplitude displayed 
maximum values for F1/ f0 ratios close to integer values.  However, the F2 amplitude did not 
vary in a similar fashion for F2/ f0 ratios close to integer values.  Rather, the F2 amplitude 
differences seemed to be determined by the F1/ f0 ratio, so that peaks in the F2 amplitude co-
occurred with the F1 amplitude peaks.  It might be the case that the pressure changes associ-
ated with the F1 resonance induce a steeper closing phase of the glottal pulse, and thus a 
stronger glottal excitation, when the conditions are such that the F1 ringing is in phase with 
the excitation signal at closure. 

2.3.1  The perceptual importance of source-filter  interaction 
The perceptual importance of the different interaction effects has not been very compre-
hensively tested.  See, however, Fant and Liljencrants (1979), Lin (1990), Nord et al. (1984; 
1986), and Båvegård and Fant (1994; 1995).  These experiments suggest only a minor per-
ceptual contribution from the particular interaction effects tested.  Furthermore, detailed 
copy synthesis of natural utterances using non-interactive formant synthesis has shown it 
possible to achieve very close imitations of the natural utterances, perceptually almost 
indistinguishable from the originals (Holmes, 1973; Fant et al., 1987; Klatt, 1987a; Klatt 
and Klatt, 1990).  This would imply that most of the source-filter interaction effects that are 
perceptually important can be simulated, if sometimes in an ad hoc fashion, using a non-
interactive production model.   
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2.4  Models of the glottal source 

Models used for the generation of the voice source signal can be divided into two main 
groups: aerodynamic-mechanical models of the vocal folds and ‘acoustic’  voice source 
models for direct modelling of the shape of the glottal flow pulses. 

Many aerodynamic-mechanical vocal fold models have been proposed in the literature, 
most of which are inspired by the original two-mass model (Ishizaka and Flanagan, 1972; 
Flanagan and Ishizaka, 1978; Flanagan et al., 1975), e.g., Liljencrants (1991), Lous et al. 
(1998), Story and Titze (1995).  These models are controlled by parameters that are related 
to the physiological control parameters in speech production.  But due to oversimplifica-
tions, the model parameters generally have to be tuned in order for the model to produce 
realistic glottal waveforms (Sciamarella and d’Alessandro, 2002).   

The aim of the thesis is not to study the physiological and aerodynamic properties of 
phonation, but rather to analyse the properties of voice source signal itself.  As aero-
dynamic-mechanical models are currently not ideally suited for this task, they will not be 
dealt with further here. 

To facilitate the analysis of the source signal, and to enable efficient characterisation in 
terms of a small set of parameters, acoustic source models have proven useful.  These 
models stylise the glottal pulse either in terms of the airflow signal or in terms of the differ-
entiated glottal airflow.  The stylised glottal pulses are generated using parametric functions 
for the different phases of the glottal cycle.   

Numerous voice source models have been proposed.  However, they share many 
common features, and they can generally be described by three to five parameters plus f0.  
Among the models proposed are the following: Ananthapadmanabha (1984), Fant (1979a; 
1979b; 1982b), Fant et al. (1985), Fujisaki and Ljungqvist (1986), Hedelin (1984), Klatt and 
Klatt (1990), Price (1989), Qi and Bi (1994), Rosenberg (1971), Rothenberg et al. (1975), 
Schoentgen (1993), and Veldhuis (1998).   

An overview of some of these models can be found in Ananthapadmanabha (1984), 
Ljungqvist and Fujisaki (1985a), Gobl and Ní Chasaide (1999a) and Ní Chasaide et al. 
(1990).  See also Doval and d’Alessandro (1997; 1999) who have analysed the spectral 
properties of some of the models.   

Throughout this thesis the four-parameter LF model of differentiated glottal flow (Fant 
et al., 1985) has been used.  Over the years it has increasingly gained currency, and it now 
seems to have become the main model employed in research on the glottal source, as was 
particularly striking at the VOQUAL’03 workshop on voice quality recently held in Geneva.   

The LF model has the further attraction of being incorporated within the readily avail-
able formant synthesiser KLSYN88 (Klatt and Klatt, 1990), albeit in a somewhat modified 
version.  Note that care must be taken when converting control parameters of the LF model 
into corresponding control parameters of the modified version of KLSYN88, as shown in 
Paper 10.   
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It is worth pointing out also that some of the more recent models (Qi and Bi, 1994 and 
Veldhuis, 1998) were developed from the point of view of being either simpler to implement 
or computationally more efficient than the LF model, while as far as possible emulating its 
properties.  In the next section, some of the main aspects of the LF model are summarised.   

2.4.1  The LF model 
The properties of the LF model have been discussed in numerous papers, apart from the 
original publication by Fant et al. (1985).  Most notably, in Fant (1995) a new control 
schema for the model is elaborated (see further Section 3.8).  Several publications also 
include detailed descriptions of how the spectrum of the model is affected by changes in the 
model parameters (e.g., Fant, 1995; Fant and Lin, 1988; Gobl and Karlsson, 1991), and this 
aspect of the model is not repeated here (see, however, Section 3.8 for the main spectral 
correlates of several important source parameters).   

Lin (1990) outlines how the LF model waveform can be generated, by switching 
between basic second and first order discrete-time filters (see also Paper 9).  According to 
Lin the computation time for the waveform generation is reduced to almost half compared to 
the direct evaluation of the equations.   

The main purpose of this section is to present the basic wave functions that characterise 
the model.  It also includes some additional expressions needed to effectively parameterise 
the glottal source signal and to resynthesise the LF model waveform from the parameter 
data.   

The LF model is a four-parameter model of differentiated glottal airflow.  An illustra-
tion of typical LF model pulses can be found in the mid-part of Figure 2.1.  The model is 
composed of two segments: the first models the waveform from glottal opening, to, until the 
main excitation, at timepoint te, where the amplitude reaches the value -EE, which is the 
negative amplitude value of the main excitation.  As shown by Eq. (2.1), the segment is a 
sinusoidal function that grows exponentially in amplitude.  The frequency of the sine 
function is Fg = ωg/2π and the rate of the amplitude increase is determined by α.  E0 is a 
scaling factor that is used to achieve the required ‘area-balance’  (see further below).   

( ) ( ) tEtUtE t
g0g sine' ωα==  for   to ≤  t ≤  te  (2.1) 

For the second segment, an exponential function is used, as defined by Eq. (2.2).  This func-
tion models the ‘ return phase’ , from main excitation to full closure.  Thus, the duration of 
the return phase, Tb, equals tc – te.  Note that the exponential function returns asymp-
totically, not to zero, but to a specific positive value, so that zero is reached at timepoint tc.  
This is the point of full closure of the model, which coincides with the opening of the 
following pulse.   

The main parameter characterising the return phase is Ta.  Ta is a measure of the ‘effec-
tive duration’  of the return phase, which is defined by a tangent fitted at the starting point of 
the return phase: it is the duration from the timepoint of the excitation to the point where the 
tangent intersects the zero line, i.e. Ta = tr – te, as shown in Figure 2.1.   
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The fact that tc coincides with the timepoint of glottal opening for the following pulse would 
suggest that the model does not cater for a closed phase.  In reality, however, for reasonably 
small Ta values and when the value of Tb is substantially larger than Ta, the exponential 
curve will fit closely to the zero line, providing a closed phase without the need for addi-
tional control parameters. 

 

Figure 2.1. Examples of LF model pulses (mid) and corresponding glottal flow pulses (top) 
and double-differentiated pulses (bottom).   

The time-constant of the exponential function of the return phase is ε  -1, and it can be 
determined iteratively from Ta and Tb, using the following equation 
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For small Ta, ε  -1 is approximately Ta.  For the special case where Ta = 0, then ε  -1 = 0 and 
ε Ta = 1.  However, in a practical implementation, Ta should never be smaller than the 
sampling period. 

By integrating Eqs. (2.1) and (2.2), the LF model can be expressed in terms of glottal 
airflow (see top of Figure 2.1).  The glottal airflow for the first segment is given by 
Eq. (2.4).   
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Note that the form of the expression derived here is different from the one in Fant et al. 
(1985).  In this form, we can easily interpret the wave as a phase-shifted version of the 
differentiated waveform with different amplitude scaling, where the phase-shift and ampli-
tude scaling depends on ωg and α.  The second term offsets the waveform to ensure that 
Ug (to) = 0, i.e. that there is zero flow at the point of glottal opening.  The glottal airflow 
during the return phase is given by the following expression: 
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 for   te <  t <  tc  (2.5) 

The LF model pulse can be uniquely determined by six parameters, e.g., α, ωg, EE, Te, 
Ta and Tb (where Te = te – to, see Figure 2.1).  The reason the model is referred to as a four-
parameter model (with f0 as a fifth parameter) is that α is implicitly set on the basis of a 
requirement of area-balance, i.e. that the size of the positive area of the pulse should be the 
same as the size of the negative area.  In other words, the area over the whole duration of the 
pulse should be zero.  This ensures that the maximally closed phase of the integrated LF 
pulses are not offset with respect to the zero-flow line.   

Apart from the six parameters mentioned, E0 and ε  also need to be computed in order 
to generate the LF pulse.  As mentioned above, ε  is uniquely determined by Ta and Tb.  E0 is 
used together with α  to achieve area-balance. 

The area A1, defined by the first segment from glottal opening, to, to the main excitation, te, 
is given by Eq. (2.6).  Note that A1 is equal to the airflow rate Ug(te) at the moment of the 
main excitation: 
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The area of the return phase, A2, is given by the expression below: 
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It is often useful also to work with the double-differentiated glottal flow, i.e. the time-
derivative of the differentiated glottal signal (see lower part of Figure 2.1).  For the first 
segment of the LF model, the double-differentiated wave can be expressed as follows:  
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Again, note that this function can be regarded as a phase-shifted version of the differentiated 
flow function with a different amplitude scaling.  The double-differentiated function of the 
return phase is given by  
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It is worth pointing out that this exponential function does not return to zero at the timepoint 
of the following glottal opening.  The step at the glottal opening is given by Eq. (2.10), 
although for the initial pulse at voice onset, the step is E0ωg, as there is no preceding pulse.  
The step is approximately E0ωg, when the value of Tb is substantially larger than Ta for the 
preceding pulse.  (Note that in Eq. (2.10),  [n-1] indicates that values are for the previous 
pulse.)    
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The size of the step at the timepoint of the main excitation, te, of the double-differentiated 
flow is given by Eq. (2.11). 
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One aspect of the LF model that has not been discussed much in the literature is how to best 
synthesise the LF waveform from a typical set of glottal parameters such as f0, EE, RA, RG 
and RK, where RA = Ta/T0, RG = T0/ (2Tp) and RK = Tn/Tp (see Figure 2.1).  Directly 



12    The voice source in speech communication 

 

related to this issue is how the fundamental period, and thus the fundamental frequency, is 
defined within the glottal model.  It is generally assumed that the fundamental period is 
defined by the duration of the pulse (tc – to), or in other words, by the duration from glottal 
opening of the pulse to the glottal opening of the subsequent pulse (see for instance Fant et 
al., 1985; Fant, 1995; Doval et al., 2003; Tooher et al., 2003; Strik and Boves, 1992).  This 
definition of f0 is less than ideal, however, as the glottal opening point is often rather ill-
defined in the human voice source, thus leading to uncertainties in the f0 measure.  Further-
more, this measure does not necessarily correspond well to our perception of pitch.  A better 
measure of the fundamental period is given by the duration from the main excitation of one 
pulse to the one of the following pulse: measures of f0 based on this duration tend to be 
more closely related to pitch perception.   

0 20 40(ms)

RG = 125%
RA = 3.0%
ƒ0 = 150 Hz

RG = 125%
RA = 3.0%
ƒ0 = 75 Hz

RG = 187.5%
RA = 2.0%
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RA = 4.0%
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RK = 25%
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Figure 2.2. Three LF waveforms illustrating the difference in the f0 estimate depending on 

an ‘opening-to-opening’  definition of the fundamental period ( f0 and source 
values are shown above the zero line) or an ‘excitation-to-excitation’  definition 
( f0 and source values are shown below the zero line). 
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This is illustrated in Figure 2.2, which shows three LF waveforms.  The first waveform 
was generated so that an f0 measure based on ‘opening-to-opening’  was kept constant.  
However, in terms of the ‘excitation-to-excitation’  measure, f0 is fluctuating between 150 
Hz and 75 Hz.  Not surprisingly, due to this period-to-period variation in the duration 
between major excitations, there is a roughness in the auditory quality of the sound pro-
duced.  Furthermore, the perceived pitch is strikingly lower compared to the pitch of the 
third waveform in Figure 2.2, where f0 is constant at 100 Hz, regardless of whether it is 
measured from opening to opening or from excitation to excitation. 

Comparing the second and third waveforms in Figure 2.2, there are differences in 
auditory quality: the roughness of the second waveform is due to the period-to-period varia-
tion in glottal pulse shape, which is lacking in the third waveform, where all parameters are 
held constant.  The perceived pitch, however, is basically the same, as suggested by their 
identical f0 with regard to the ‘excitation-to-excitation’  measure.   

These waveforms serve to illustrate the difference between the two measures of the 
fundamental period, but of course in most cases they would not differ this much.  Neverthe-
less, in creaky phonation and for very low-pitched voices, this variation may not be unreal-
istic.  Note also that not only are the f0 measures affected, but also the RG and RA values, 
and any other parameter that depends on f0.  Throughout this thesis, f0 has been determined 
from the timepoints of the main excitations.  This approach was also adopted in the LF 
model implementation by Lin (1990). 

The drawback of using the ‘excitation-to-excitation’  measure for the fundamental 
period is that the generation of the LF waveform becomes somewhat more complicated.  To 
generate a single LF pulse, the parameter values for the following pulse are also required.   

As the model is defined from glottal opening to closure, the return phase of a particular 
pulse pertains to the following fundamental period.  Thus, RG of the first pulse is deter-
mined by Fg normalised to the first f0 value.  The RA value of the first pulse, however, is 
determined by Ta divided by T0, where the T0 value is given by the second f0 value.  
Furthermore, in order to determine Tb, the starting point of the second pulse has to be 
known.  This point can only be obtained from the RG, RK and f0 values of the following 
pulse.   

At voice termination, values for the ‘ following pulse’  are of course not present: the 
easy solution is to simply use the same values as for the last pulse.  When analysing and 
parameterising the source signal, a similar problem occurs at voice onset: as there is no 
preceding excitation, f0 is not defined until after the first excitation.   

Bearing these complications in mind, the LF model parameters ωg, Te, Ta and Tb can 
nevertheless be obtained relatively easily from f0, RA, RG and RK as follows.  (Note that 
[n] indicates a value from the ‘current pulse’ , whereas [n+1] means that the value refers to 
the following pulse.) 

RG and f0 are used to determine ωg:  

0RG2 fg ⋅= πω   (2.12) 
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Te is determined by RG, RK and f0: 
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Ta is determined by f0 of the following pulse and RA: 
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The values of RG, RK and f0, all from the following pulse, are used to determine Tb: 
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A further complication has to do with the fact that not all combinations of RA, RG and RK 
would result in a possible LF wave.  Regardless of what is physically possible in production 
terms, there are also a number of mathematical constraints on the values the parameters RA, 
RG and RK can attain.  For EE > 0, the constraints on RG, RK and RA are as follows: 
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RG = 0.5 (50%) requires that EE and RK both be zero.  For RK = 1 (100%), EE has to be 
zero and the pulse becomes one cycle of a perfect sinusoid.  As mentioned earlier, in a prac-
tical implementation, Ta should not equal zero, and thus one should also ensure that RA > 0.
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3. Methodologies for  analysing the voice source 

In this section, techniques for analysing the voice source are discussed.  The emphasis is on 
methods of particular relevance to the analytic studies included in the thesis, i.e. those that 
allow detailed measurements of the voice source signal and its spectrum, and how it varies 
dynamically in running speech.  Other techniques for analysing the voice source signal are 
summarised more briefly.   

A great proportion of experimental studies of the human voice source have involved 
inverse filtering of one kind or another.  Miller (1959) was the first to employ the technique; 
other early explorations and analyses involving inverse filtering include Cederlund et al. 
(1960), Fant (1961) and Lindquist (1964; 1965; 1970).  Many different inverse filtering 
techniques are currently available, ranging from fully automatic implementations to ones 
that permit very detailed manual fine-tuning of the filter parameters for each individual 
glottal cycle.  The main analytic technique used in this thesis for obtaining and quantifying 
the source signal, involve manual interactive procedures, as outlined in Sections 3.2.2 and 
3.7.   

Also included in this section is an overview of some of the main glottal source para-
meters, as well as some of the alternative techniques for analysing the source, which do not 
involve inverse filtering.  Finally, there is some coverage of how inferences concerning the 
glottal source can be gleaned from measures obtained from the speech output signal. 

3.1  Inverse filter ing: the basic pr inciple 

Inverse filtering, as applied to speech, is essentially an attempt to achieve a reversal of the 
speech production process, by applying a filter to the speech signal with a transfer function 
which is the inverse of the vocal tract transfer function.  Thereby, the filtering effect of the 
vocal tract is cancelled, and the output of the inverse filter produces an estimate of the voice 
source signal.  Typically, it is the speech pressure waveform that is inverse filtered, but 
recordings of the oral airflow signal can also be used, as discussed in Section 3.4.  The mid 
panel of Figure 3.1 illustrates the principle of inverse filtering in the frequency domain, in 
terms of the amplitude spectrum of the signal.  The lower portion of the figure illustrates the 
same process in the time domain, when the inverse filter is applied either to the oral airflow 
signal or to the speech pressure signal.  When the effect of the vocal tract filter has been 
removed, one is left with the true glottal flow or the differentiated glottal flow respectively.   

Given the theoretical basis for the vocal tract modelling outlined in Section 2.2, the 
structure of the inverse filter can be described in terms of complex-conjugate zeros and 
poles, which cancel out the poles and zeros respectively of the vocal tract transfer function.  
To obtain the differentiated glottal flow from the speech pressure wave, this filter is suffi-
cient.  Note that the differentiated flow is equivalent to the rate of change in the true glottal 
flow signal.  In many implementations, this signal is preferred as it emphasises higher fre-
quencies at a rate of 6 dB/octave, permitting more accurate estimates of some of the per-
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ceptually important source features.  If the true glottal flow is desired, the radiation effect at 
the lips has to be cancelled, which is generally done by adding an integrator to the inverse 
filter (i.e. a real pole at zero frequency). 

 

Figure 3.1. The principle of inverse filtering illustrated in the frequency domain (mid 
panel) and in the time domain (lower panel). 

Very often the vocal tract is approximated by an all pole model for all sounds, not only 
for oral vowels.  The inverse filter can then be represented by zeros only.  Although the 
cancelling becomes less accurate for sounds that comprise zeros, the advantages are obvi-
ous.  Most importantly, the filter estimation is hugely simplified.  The poles are relatively 
easy to identify, whereas it is often very difficult to estimate or even detect the zeros with 
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certainty.  As mentioned in Section 2.2, the inverse filtering carried out in this thesis is 
based on an all pole approximation of the vocal tract transfer function.   

The number of zeros needed for the inverse filter depends on the vocal tract length and 
on the bandwidth of the speech recording, as determined by the sampling frequency.  For 
example, a typical male with a vocal tract length of 17.5 cm, the average spacing between 
formants is about 1 kHz.  Thus, for a sampling rate of 16 kHz, the inverse filter should in 
principle have eight zeros. 

3.2  Determining the parameter  values of the inverse filter  

Good estimates of the vocal tract transfer function are of course essential for the inverse 
filtering process to be effective.  The glottal pulse shape is very sensitive to errors in the 
frequencies and bandwidths of the first formant, especially when F1 is low.  Minor errors in 
the higher formants have little effect on the main pulse shape and its corresponding fre-
quency spectrum. 

Numerous methods for estimating formant frequencies and bandwidths have been 
developed, and may operate in a fully automatic way or, alternatively, may allow the user to 
manually fine-tune the inverse filter in an interactive way, on a pulse-by-pulse basis if 
necessary. 

3.2.1  Automatic inverse filter ing techniques  
Automatic methods of inverse filtering are typically based on linear predictive (LPC) analy-
sis of the speech signal.  The basic principle of linear predictive speech analysis is that a 
speech sample can be approximated by a linear combination of past samples.  By minimising 
the ‘energy’  of the difference between the actual speech samples and the predicted ones, a 
unique set of predictor coefficients can be determined.  These coefficients provide an esti-
mate of the filter function, and can therefore be used to determine the inverse filter.   

A vast number of publications on LPC can be found in the literature, and for theoretical 
details see for instance Rabiner and Schafer (1978).  There are two different formulations of 
LPC, which are commonly used in speech analysis: the autocorrelation method and the 
covariance method.  The advantage of the covariance method is that it can be used for pitch-
synchronous ‘closed phase’  analysis, as the filter estimate can be carried out using a very 
short time-window, corresponding to the closed period of one single pulse.  The auto-
correlation method generally requires several glottal cycles in order to produce reasonable 
results, and thus arrives at an estimate based on samples pertaining to the open and closed 
phases of several pulses.  In this interval, the losses vary as a function of the time-varying 
glottal impedance.  Furthermore, the vocal tract transfer function might also undergo 
change.  Both factors may cause results to be less accurate. 

Therefore, the closed phase covariance analysis is likely to be the more appropriate 
technique, particularly given the way the vocal tract filter is defined here (Section 2.2).  It 
should be pointed out, however, that it is not a trivial matter to obtain a reliable estimate of 
the closed phase directly from the speech signal, something which is very important for 
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accurate closed phase analysis.  One of the more recent algorithms (McKenna, 2001) identi-
fies the closed phase on the basis of a Kalman filtering procedure (Kalman, 1960).  Other 
methods for closed phase detection have been proposed by Funada (1989), Ma et al. (1994), 
Moulines and Di Francesco (1990), Murgia, et al. (1994), and Wong et al. (1979).  Some-
times an additional simultaneous glottographic recording is carried out to facilitate the esti-
mation of the closed phase (see Section 3.5).   

The linear prediction model is an all pole model (AR model), and thus the location of 
zeros cannot be predicted by the model.  Experiments with pole/zero (ARMA) modelling of 
speech have been carried out (e.g., Fujisaki and Ljungqvist 1987; de Veth et al., 1990), but 
these methods are not very widespread and very little data using them have been published. 

One of the problems with linear predictive analysis is that it assumes the excitation 
source to have a flat spectrum, i.e. an impulse train for voiced sounds and white noise for 
voiceless sounds.  In order to overcome this problem, modified formulations have been 
presented (e.g., Hedelin 1984; 1986; Ljungqvist and Fujisaki 1985b; Fujisaki and Ljungqvist 
1987).  The modification is obtained by changing the basic LPC equation so that it includes 
coefficients that correspond to the glottal source.  Minimising the squared error leads to a 
different set of equations that includes estimation of voice source parameters as well as 
vocal tract parameters. 

Although automatic methods may work reasonably well for certain types of ‘uncompli-
cated’  signals, such as steady-state vowels for speakers with a low f0 and an efficient mode 
of phonation, there are still problems when they are used for the analysis of more complex 
materials.  For example, they deal rather less well with the types of transitions found in 
natural running speech, where the vocal tract is undergoing rapid change.  They are also 
likely to perform less well for non-modal phonation and even for transitions from voice to 
voicelessness. 

One problem often encountered is incomplete cancellation of formant oscillations.  
Discrete all-pole modelling (El-Jaroudi and Makoul, 1991) and iterative parameter optimi-
sation have been claimed to perform better in this regard (Alku and Vilkman, 1994, Alku, 
1992).  Other problems concern the unrealistic and unmotivated changes in the vocal tract 
parameters from one cycle to the next.  Systems based on Kalman filtering offer a way of 
overcoming this problem, as suggested by promising results presented by Ding et al., (1994), 
Kasuya et al. (1999) and McKenna and Isard (1999).  For the analysis of very large speech 
corpora, Mokhtari and Campbell (2002; 2003) have developed a fully automatic system that 
avoids potentially difficult speech segments, selecting only ‘centres of reliability’  for analy-
sis. 

3.2.2  Interactive inverse filter ing 
More accurate and robust source data can generally be obtained if an interactive facility is 
incorporated, permitting the experimenter to manipulate the frequencies and bandwidths to 
yield the optimal settings.  In fine-tuning the values, the user is guided by both the time and 
frequency domain information.  How this process works is illustrated in the appendix of 
Paper 9 (see also Gobl and Ní Chasaide, 1999a and Ní Chasaide et al., 1992), which de-
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scribes a software system developed at Trinity College, Dublin.  The interactive features of 
this system were in many ways inspired by the INA interactive software developed by Johan 
Liljencrants at KTH, Stockholm.  Other interactive inverse filtering systems have been 
described by Lee and Childers (1996) and Hunt et al. (1978). 

3.2.3  Compar ing interactive and automatic methods 
The main advantage of the interactive methods over automatic ones is the greater control of 
the estimation of the inverse filter.  The experimenter can assess the validity of the inverse 
filter on a pulse-by-pulse basis.  The knowledge of the experimenter can be exploited to 
avoid the unreasonable filter settings that often occur with automatic methods.  This last 
point could also be turned on its head as an argument against manual interactive methods.  
Automatic methods may produce errors, but they have the advantage of always keeping to 
the same strategy for estimating the inverse filter.  Different users may adopt different 
strategies and therefore arrive at different results: even one and the same user might change 
strategy over time.  This is likely to be more a potential than an actual drawback: different 
users can generally be trained to be very consistent with each other and with themselves.  
This has been confirmed by the author as well as by Hunt (1987).  See also Scully (1994) 
and Monahan (1996). 

The major advantage of using an automatic method is of course the reduction in analy-
sis time needed, as the manual interactive analysis of long utterances becomes extremely 
time-consuming.  If the corpus is large and many speakers need to be analysed, the only 
realistic option is to use an automatic method. 

3.3  Problems with inverse filter ing 

A general problem with inverse filtering, both manual and automatic, is the ‘circular’  strat-
egy that is necessary for estimating the inverse filter parameters.  In order to carry out the 
analysis, one has to make certain assumptions about what the source and the filter functions 
should look like.   

In the case of the source, the main time domain criterion is typically zero flow or 
‘maximum flatness’  in the closed phase of the glottal cycle, as there can be no flow when 
the glottis is closed.  This criterion only holds, of course, if complete closure is achieved 
during the glottal cycle.  Several studies have indicated that many speakers have some glot-
tal airflow leakage during the so-called closed phase (see Holmberg et al., 1988 and Söder-
sten 1994).   

In the frequency domain, the main criterion is typically to obtain an even and a consis-
tent source spectrum slope, by cancelling out the formant peaks as effectively as possible.  
However, the modelling of source-filter interaction phenomena has shown that many peaks 
and dips could originate from interaction effects rather than from the supraglottal transfer 
function. 

There are several other theoretical and practical issues that make inverse filtering 
problematic.  Many of these are related to the source-filter effects discussed in Section 2.3.  
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For instance, there may be variation in formant bandwidths due to variation in the glottal 
impedance during the open phase of the glottal cycle.  Given the definition of the source 
adopted here, we should not compensate for this variation, but use the filter settings for the 
closed phase.  As already pointed out, this is difficult in itself, but the picture is made more 
complicated as there is the possibility of additional excitation at glottal opening causing 
oscillations interacting with the formant oscillations from the main excitation.  The formant 
oscillations may also be affected by changes in the vocal tract transfer function during the 
glottal cycle due to articulatory movement.  In addition, there may be oscillations from the 
subglottal system.   

The approximation used for the radiation transfer could also introduce artefacts, par-
ticularly with regard to measures determining the high frequency components of the source 
spectrum. 

Practical consideration such as the limiting of the bandwidth of the speech recording 
will affect the glottal waveform and the measure of the return phase in particular (see Alku 
and Vilkman, 1995 and Strik, 1996; 1997; 1998).  Furthermore, the number of zeros used in 
the inverse filter implicitly determines vocal tract length: the effective length of the vocal 
tract varies continuously in speech, and this effect is difficult to cater for with a fixed num-
ber of zeros.  Furthermore, the implicit higher pole correction of standard discrete-time 
modelling of the vocal tract may introduce errors.    

These ‘problems’  make inverse filtering a challenging task.  The individual points may 
have rather little effect, but taken together they could potentially result in large errors.  
However, incremental gains in our knowledge about vocal tract and voice source character-
istics, and the interaction between the two, will facilitate better estimates of the inverse 
filter, which should in turn lead to better descriptions of the voice source. 

In this context, the knowledge-based inverse filtering concept explored in Paper 9 may 
prove useful for the incremental optimisation of parameters, by exploiting known production 
constraints.  An analysis-by-synthesis approach would also be beneficial, but it is important 
that the analysis and synthesis models are identical in every detail including higher pole 
correction, etc., in order to avoid spurious parameter optimisation. 

3.3.1  Requirements on the recording equipment 
To obtain accurate estimates of the glottal signal, the speech recording has to be of very high 
quality, particularly in terms of preserving a phase-linear response at very low frequencies.  
To achieve this, the choice of microphone and amplifiers is critical.  Furthermore, the 
recording would have to be done onto a device that does not introduce low-frequency phase 
distortion, e.g., a DAT recorder or an FM tape recorder.  Ways of compensating for phase 
distortion when using analogue audio equipment have been suggested by Hedelin (1986), 
Holmes (1975), Hunt (1978), and Ljungqvist and Fujisaki (1985c).  Finally, the recording 
room should ideally be anechoic, although a well-damped ‘near-anechoic’  studio can gener-
ally also be used. 
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3.4  Inverse filter ing using an air flow mask 

Glottal flow may also be estimated from recordings of oral airflow, carried out using a 
special airflow mask with a built-in differential pressure transducer.  One advantage of this 
technique is that absolute measures of glottal airflow can be obtained, which is not possible 
when the speech pressure waveform is used.  Furthermore, an anechoic or near anechoic 
recording environment is not necessary when an airflow mask is used for recording the oral 
airflow.  Note, however, that the recording device needs to have a linear response down to 
DC if absolute airflow levels are required.   

The effect of the vocal tract filter is eliminated in a similar fashion as previously 
described.  Since the signal from the mask is an estimate of the oral airflow, the output of 
the inverse filter is an estimate of the true glottal flow.  The differentiated glottal flow can 
be obtained by adding a differentiator (a real zero at zero frequency) to the inverse filter. 

A major drawback with the method of using an airflow mask is the limited frequency 
response of the mask.  Even the circumferentially vented pneumotachograph mask by 
Rothenberg (1973), which was specially developed for extended linear frequency response, 
has been shown to have an upper frequency limit of about 1.6 kHz (Badin et al., 1990; 
Hertegård and Gauffin, 1992). 

Oral airflow recordings that are simply low-pass filtered, using a cutoff frequency 
lower than f0 in order to remove the oscillatory components due to the periodicity, can help 
to correlate glottal flow data with the underlying laryngeal activity on the one hand, and 
with the acoustic speech output on the other.  It is often possible to infer details concerning 
the timing of glottal abduction/adduction gestures from this signal.  Low-pass filtered oral 
airflow recordings using the Rothenberg mask were used for this purpose in Paper 2 and 
Gobl and Ní Chasaide (1988; 1999b). 

Analysis based on airflow recordings seems to be most useful for estimating the broad 
characteristics of the source signal and, particularly in combination with other methods, for 
studying the correlation between laryngeal control and voice source parameters.  The tech-
nique has also been shown to be useful in clinical applications (Hertegård, 1994).  Its dis-
advantages, however, make it unsuitable for detailed spectral analysis of the voice source.  

The mask may also interfere with the subject’s normal phonation: in a study by Orr et 
al. (2003), where voice source parameters were estimated from comparable microphone and 
airflow recordings, the correlation was poor between the two sets of parameter data.   

3.5  Inverse filter ing combined with glottography 

To improve the inverse filter estimation, additional glottographic recordings may be carried 
out simultaneously with the speech pressure recording.  The additional recording is often 
used for detecting the closed phase of the glottal cycle to facilitate automatic, pitch-
synchronous inverse filtering.  The electroglottograph (or laryngograph), first used by Fabre 
(1957), provides a non-invasive means of estimating the vocal fold contact area, and it has 
been used extensively to study vocal fold activity (e.g., Childers et al., 1990; Fant et al., 
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1966; Fourcin, 1986; Fourcin and Abberton, 1971; Orlikoff, 1991).  The electroglotto-
graphic signal is generally considered to provide the best means for obtaining robust esti-
mates of the glottal closed phase.  The portion of the cycle identified as the closed phase is 
then used to delimit the time-window needed for carrying out pitch-synchronous covariance 
LPC analysis (e.g., Chan and Brookes, 1989).   

Alternatively, photo-electric glottography (e.g., Fant and Sonesson, 1962, Frøkjkær-
Jensen, 1967; Kitzing, 1977) can be used to estimate the glottal area function, from which 
the closed phase can also be inferred.  However, this method has the drawback of being 
invasive.   

The advantage of a dual channel recording is, as already stated, the possibility of more 
accurate automatic estimates of the voice source signal.  In the case of introducing an inva-
sive method, the disadvantage might be that the equipment could interfere with the subject’s 
normal behaviour.  A dual channel recording also leads to a more complicated recording 
procedure compared to the otherwise very simple and straightforward microphone 
recording. 

3.6  Other  methods for  obtaining the glottal flow signal 

3.6.1  The Sondhi Tube 
The method described by Sondhi (1975) and used in a slightly modified version by Monsen 
and Engebretson (1977) utilises a long metal tube into which the subject phonates.  This 
tube then acts as a pseudo-infinite termination of the vocal tract.  A microphone inside the 
tube records a signal that is an approximation of the glottal airflow, as the reflectionless 
termination of the tube causes a considerable reduction of the vocal tract resonances. 

In Monsen and Engebretson’s application the steel tube was 1.8 metres long with an 
inside diameter of 2.2 cm.  A conical wedge inside the tube provides the reflectionless 
termination.  The length of the wedge is approximately 90 cm and is therefore effective for 
wavelengths of less than about 3.6 metres, i.e. for frequencies greater than 95 Hz.  The reso-
nant frequencies of the tube, which is roughly 10 times longer than a typical male vocal 
tract, would be about 50·n  Hz, where n is all odd positive integer values.  All resonances 
but the lowest are damped by the terminating wedge. 

The main advantage of this method is that no inverse filtering is necessary, and thus no 
a priori assumptions have to be made concerning the voice source.  Furthermore, as in the 
case of using an airflow mask, no special recording room is needed.  The method also pro-
vides a wide frequency range.  The phase response, however, is not linear at low frequen-
cies, which will lead to distortion of the glottal pulse shape unless a phase compensation 
filter is included.   

A major disadvantage of this technique is that it is in principle only suitable for the 
analysis of neutral vowels.  Therefore, it is not a useful tool for analysing dynamic aspects 
of the voice source in natural speech.  Furthermore, phonating into a long tube is quite an 
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unnatural task and the auditory feedback is distorted.  Both factors might interfere with the 
subject’s normal behaviour. 

3.6.2  Glottal waveform estimation using miniature pressure transducers 
Glottal airflow estimates can be obtained from pressure measurements in the trachea and the 
pharynx.  Accurate measurement of subglottal pressure has traditionally been difficult to 
obtain.  A useful approximation for many purposes is oesophageal pressure, which has 
frequently been measured by means of a tiny inflatable balloon placed in the oesophagus, 
directly behind and beneath the vocal folds (see Ladefoged, 1967).  Direct tracheal puncture 
is a technique which yields more reliable results.  It has not been extensively used however, 
probably because of the potential medical risk and the unpleasantness for the subject.  Direct 
subglottal measurements have also been obtained by means of a hollow catheter introduced 
through the glottis into the trachea.  In this technique, the pressure variations are conducted 
via narrow tubes to the external transducer, with the consequence that the frequency resolu-
tion is greatly impoverished.  Edmonds et al. (1971) have suggested that the frequency range 
for these methods tends to have an upper limit of about 300 Hz. 

This particular difficulty has been overcome with the miniature semiconductor strain-
gauge pressure transducers, which have a wide frequency response of up to 20 kHz.  With 
this type of transducer, Cranen and Boves (1985) estimate that pressure can be measured 
with a resolution of 0.65 cm H20 (65 Pa).  These transducers may be attached to a thin 
catheter and introduced into the trachea through the glottis in such a way that the catheter 
lies in the posterior commissure of the vocal folds.  Kitzing and Löfqvist (1975) and Cranen 
and Boves (1985) have presented some preliminary results using this technique. 

In the latter study, by attaching multiple transducers to a single catheter, subglottal and 
supraglottal pressures were recorded at two locations 5 cm apart in both the trachea and the 
pharynx.  From this, an estimation of glottal flow can be made.  Integrating the difference 
signal of the two pressure transducers in either cavity with respect to time yields a signal 
which is roughly proportional to the particle velocity.  Particle velocity can in turn be con-
sidered as a scaled version of the volume velocity (i.e. airflow) with the cross sectional area 
of the tube as a scaling factor. 

This technique has undeniable attractions.  Firstly, it provides an estimation of glottal 
flow which does not depend on inverse filtering with its associated assumptions discussed 
above.  Secondly, as subglottal, supraglottal and transglottal pressures are directly measured, 
it offers interesting opportunities for correlating these with the derived measures of particle 
velocity and glottal flow. 

One major limitation with this technique is, however, that even though the transducer 
has an excellent frequency response, the formula for approximating the airflow is only valid 
for frequencies below 1.5 kHz.  Other problems with this method concern the practicalities 
of calibrating and recording.  A major difficulty arises out of the fact that the pressure trans-
ducers are extremely sensitive to temperature variation, due to the semiconductor material 
from which they are made.  As described by Cranen and Boves, a change from room to body 
temperature can cause an error of approximately 20% of the full scale over which variations 
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are found in speech.  Furthermore, the sensor outputs behave unpredictably when exposed to 
a sudden temperature change.  For these reasons, very careful calibration must be carried out 
with the transducers in place.  The procedure suggested by the above authors demand con-
siderable sophistication of the subject: the ability, for example, of maintaining a constant 
pressure and an open glottis for a few seconds, while blowing into a U-tube manometer.  
Care must be taken to avoid sudden or deep inhalations, which would cause temperature-
induced measurement errors.  Artefacts may also arise due to mechanical excitation of the 
sensors should they touch the vocal tract.  All this must be borne in mind when interpreting 
the data. 

Furthermore, conducting an actual recording is not without its problems.  Local anaes-
thetic is needed and insertion must be made under medical supervision.  Introducing the 
catheter through the vocal folds can involve considerable discomfort to the subject.  For 
some subjects, gagging reflexes may make insertion impossible.  Also, it is not clear 
whether and to what extent the intrusive catheter, the associated discomfort and the local 
anaesthetic may interfere with the subject’s normal phonation. 

For all these reasons, this technique does not seem well suited to large-scale studies, 
but rather to carefully controlled experiments on limited subjects/materials, perhaps as a 
supplement to broader studies involving other techniques. 

3.7  Quantifying voice source character istics 

The analysis methods discussed so far generate estimates of the glottal flow signal, which 
serve as the raw data for further analyses.  As a next step, one has to quantify and interpret 
the salient characteristics of the source signal.  Estimating source parameters values from 
the inverse filtered signal typically involves some level of compromise, as critical timing 
and amplitude events of the glottal pulses are not always easily determined.  How to get 
optimal measures from the inverse filtered signal is therefore often not self-evident.   

In many studies, parameters have been measured directly from the glottal waveform 
(see for example Alku and Vilkman, 1996b; Alku et al., 2002; Fant, 1980; Gauffin and 
Sundberg, 1980; Hertegård and Gauffin, 1991; Huffman 1987, Holmberg et al., 1988; Lauk-
kanen et al., 1996; 1997; Löfqvist and McGowan, 1991; Sundberg and Gauffin, 1979).   

Another approach involves matching a parametric source model to the glottal source 
signal so that the main characteristics are captured: the modelled signal is then used to 
quantify the parameters.  This approach has been used extensively in this thesis and in a 
number of other descriptive studies (e.g., Bleakley, 1995; Kane and Ní Chasaide 1992, 
Karlsson 1990; 1992a; Pierrehumbert 1989; Strik and Boves, 1992).  A major advantage 
with this technique, at least in the case of interactive source matching, is that it provides for 
optimisation of parameters in both the time and the frequency domain.  This is particularly 
useful for estimating certain source parameters that are difficult to measure directly from the 
glottal waveform, e.g., the effective duration of the return phase.  Furthermore, the modelled 
signal can be directly implemented in synthesis and used for perceptual testing.  One prob-
lem, however, is that there are no absolute principles for the trade-off between the accuracy 
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of the temporal and the spectral match.  Indeed, automatic optimisation based on a combined 
time-frequency error criterion has proven difficult (Strik et al., 1993).    

Several automatic procedures for model matching exist.  Most of them optimise the fit 
in the time domain (e.g., Ananthapadmanabha, 1984; Bleakley, 1995; Chan and Brookes, 
1989; Jansen 1990; Strik et al., 1992; 1993, Strik and Boves, 1994).  Other algorithms em-
ploy frequency domain optimisation (e.g., Olivera, 1993).   

Some of the techniques have been evaluated on synthesised speech, where they seem to 
perform reasonably well.  Nevertheless, obtaining robust and reliable source estimates from 
natural speech still appears to be a problem (Fröhlich et al., 2001).  As with the automatic 
inverse filtering techniques, the greatest problems are likely to be encountered when dealing 
with non-modal voice qualities, particularly those with glottal pulse shapes substantially 
different from what can be generated by the source model.   

Interactive manual techniques for inverse filtering and parameterisation offer a way of 
overcoming the problem of robustness, but have their own limitations, as discussed in 
Carlson et al. (1991), Gobl and Ní Chasaide (1999a), Hunt et al. (1978), and Ní Chasaide et 
al. (1992).  Given that subjective judgements are involved, considerable expertise and 
knowledge is required on the part of the experimenter if results are to be reliable.  Across 
highly experienced experimenters, it seems that a high degree of consistency can be 
achieved (Scully, 1994; Monahan, 1996).  The main limitation of this technique, however, is 
that it is very time-consuming, and is thus only suitable for the analysis of limited amounts 
of data.   

In current interactive implementations, the matching is carried out in the time domain: 
the shape of the model pulse is determined by adjusting critical time and amplitude points of 
the model.  The aim is to approximate as closely as possible the underlying inverse filtered 
wave in its important dimensions.  As with the fine-tuning of the inverse filter, the user is 
guided by both time and frequency domain information to achieve the best possible match.  
For further details on this process, see the appendix of Paper 9, Gobl and Ní Chasaide 
(1999a) and Ní Chasaide et al. (1992).    

Summing up the main advantages and disadvantages of automatic and manual interac-
tive parameter estimation techniques, we find that they are essentially the same as those 
discussed for inverse filtering.  The main advantage of the automatic approach is, of course, 
the vastly reduced analysis time needed.  If the corpus is large and many speakers need to be 
analysed, the only reasonable option is to use an automatic method.  It also has the advan-
tage of always keeping to the same strategy for estimating the voice source parameters.  The 
major disadvantage concerns the accuracy of the match that can be obtained.  A higher de-
gree of accuracy can be achieved using the manual interactive approach, which gives the 
user control over the details of the optimisation. 

A quite different approach to the parameterisation of the voice source has been sug-
gested in Fant (1988) and Fant and Lin (1988).  Relations between the time and the fre-
quency domain are presented as well as formulas for calculating time domain parameters 
values from the amplitudes of the voice source spectrum.  These derived time-domain data 
can then be used to generate the waveform of a glottal model such as the LF model.  One 
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advantage of this approach is that the model matching is done to achieve the best spectral 
resemblance.  As it is probably more important perceptually to have the correct spectral 
characteristics than the correct details of the waveform fit, this method may turn out to be 
more desirable for some applications.  Furthermore, as spectral properties are used for 
calculating the parameter values, low-frequency phase-linear recordings are not required.  
The drawback with this approach is of course the lack of control over the matching in the 
time domain.  The optimal match in the frequency domain does not necessarily generate the 
truest time domain representation. 

3.8  Impor tant voice source parameters 

Formant frequencies and formant bandwidths (or alternatively formant amplitudes) are 
measures that have been broadly adopted by researchers for describing the acoustic proper-
ties of the vocal tract.  In the case of the voice source, with the exception of  f0, there is not 
the same agreement as to what parameters should be measured, and this makes comparisons 
between studies difficult.  It is also quite common for researchers to use the ‘same’  para-
meter, but defined differently.  For instance, the ‘open quotient’  has been defined in many 
different ways.  In spite of these differences, however, most sets of parameters share the 
same common features. 

In this section, a brief outline is provided of some of the main parameters thought to be 
acoustically and perceptually important, and which are known to capture salient characteris-
tics of the glottal flow pulse.  Most source parameters used are defined in the time domain, 
and typically, they can also be correlated with aspects of the vibratory pattern of the vocal 
folds.  In this overview, special reference is made to the main set of parameters used in this 
thesis, i.e. EE, RA, RG and RK, which were briefly referred to with regard to the LF model 
in Section 2.4. 

EE is a fundamentally important parameter as it is closely related to the overall strength 
of the glottal source excitation, and is a main determinant of the intensity of the speech 
signal.  It is defined by the negative amplitude of the differentiated glottal flow, at the time 
of maximum waveform discontinuity.  A change in EE results in a corresponding amplitude 
change in all source components, with the exception of the very lowest components, par-
ticularly the first harmonic.  The amplitude of these lowest components is determined more 
by the pulse shape, and therefore they vary less with changes in EE. 

Another defining characteristic of the source is its spectral slope.  Attempts to directly 
quantify the slope in the frequency domain have proven to be difficult, as demonstrated by 
Jackson et al. (1985; 1986), who tried to measure the slope by fitting a single regression line 
to the source spectra. 

The spectral slope at higher frequencies of the source spectrum is mainly related to the 
sharpness of the glottal closure, that is, to whether the vocal folds make contact in an 
instantaneous way or in a more gradual fashion along their entire length and depth.  Differ-
ences in residual flow during the return phase are therefore important acoustically because 
they affect the spectral slope of the signal.   
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The main parameter used in the thesis to capture these differences relating to spectral 
slope is the RA parameter, which is the effective ‘ return time’  Ta (see Figure 2.1) normal-
ised to the fundamental period.  In the frequency domain, the effect of the return phase can 
be modelled as a first order low-pass filter with the cutoff frequency FA = 1/(2πTa), 
assuming that the return phase is approximately an exponential function.   

The lowest frequency components of the source spectrum are generally boosted due to 
the shape of the pulse.  Most typically, it is the first harmonic that is particularly boosted, 
but for phonatory qualities involving an increase in the degree of tension, the maximum 
boosting may be closer to the second harmonic.  A parameter that captures the frequency of 
this boosting effect is the glottal frequency Fg (Fant, 1979a), which is defined as the inverse 
of twice the duration of the opening phase Tp.  In the thesis, the RG parameter has been 
used, which is a version of the glottal frequency, normalised to the fundamental frequency.   

Quite a lot of attention has also been given to the skewing of the pulse.  In comparison 
to the underlying glottal area function, the glottal flow pulse is typically skewed to the right, 
i.e. the opening phase tends to be longer than the closing phase, as discussed in Section 2.3.  
The acoustic consequences of the pulse skewing are somewhat complex.  It affects the lower 
part of the source spectrum so that a more symmetrical pulse shape has the effect of boost-
ing the lower harmonics.  The degree of skewing also determines the depth of the zeros in 
the source spectrum: the more symmetrical the pulse, the deeper the spectral dips (see fur-
ther Flanagan, 1972).  An increase in the glottal pulse skew also typically results in a 
stronger excitation: thus indirectly through the increase in EE, an increase in the levels of 
the higher frequency components is achieved.   

RK is the main parameter used in the thesis to capture glottal asymmetry.  It expresses 
the relationship between the times of the opening and closing branches of the glottal pulse, 
i.e. RK = Tn/Tp (see Figure 2.1).  Hence, the larger the RK value, the more symmetrical the 
pulse shape.   

One of the most popular parameters used in voice source analysis is the open quotient, 
OQ, i.e. the proportion of the glottal cycle for which the glottis is open.  Parameters which 
tend to covary with the open quotient are UP (the peak glottal flow, see Figure 2.1) and the 
total volume of air in the pulse, i.e. the area of the glottal flow pulse.    

OQ data have been presented in several of the studies included in the thesis.  Given that 
the LF model is uniquely determined by EE, RA, RG, RK and f0, OQ can be derived from 
the other parameters.  Throughout the thesis, data have been derived on the basis of OQ = 
Te/ T0, which means that the open interval during the return phase is not included in the 
definition of OQ.  Although including this duration would be closer to the basic concept of 
the open quotient, from a practical point of view, excluding the return phase allows us to 
better disambiguate between the effects associated with OQ and RA.  Furthermore, this 
definition of the open quotient conforms to the usage of OQ in the KLSYN88 synthesiser 
(Klatt and Klatt, 1990) employed in Papers 6, 7, 8 and 10.  The relationship between RK, 
RG and OQ is the following: OQ = (1 + RK) / (2RG).  Thus, OQ is positively correlated 
with RK and negatively correlated with RG.  The main spectral effect of OQ lies in the close 
correspondence between the OQ value and the amplitude of the first harmonic: note how-
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ever that the degree of correspondence varies in a way that depends on the values of RG and 
RK. 

Not only quasi-periodic acoustic energy will be produced during phonation, but also 
aperiodic energy in the form of turbulence noise, generally referred to as aspiration noise.  
According to Stevens (1971), given a constant subglottal pressure and as long as the average 
glottal area is relatively small, the aspiration noise will increase approximately in proportion 
to the square root of the average glottal area for the whole glottal period (see also Stevens, 
1997; 1998 and Hanson, 1997).  For phonation types that involve a certain degree of glottal 
abduction, such as breathy and whispery voice, aspiration noise is clearly a very important 
component. 

Aspiration noise is a parameter that is not generally explicitly included in glottal source 
models such as the LF model.  For this reason, and due to difficulties in reliably separating 
the aspiration noise from the periodic component, estimates of the aspiration noise level 
have not been included in the analytic studies of the thesis.  In a synthesis setup, however, 
aspiration noise can easily be mixed with the waveform generated by the glottal model.  
Hence, in the perceptual experiments carried out in Papers 6-8 involving formant synthesis, 
aspiration noise was included as a control parameter. 

One could of course increase the number of parameters in order to increase the flexi-
bility and potential accuracy with which the glottal waveform can be modelled, but the 
higher complexity would make the interpretation more difficult and might also cause prob-
lems when one seeks to find the single best match for a source pulse.  In fact, many of the 
source parameters discussed tend to covary, as has been elaborated in Paper 1.  For instance, 
RA and RK are typically negatively correlated with the excitation strength, EE, and there is 
typically a positive correlation between RA and RK, at least as long as RK values are rela-
tively small.  For some similar observations, see Fant (1993) and Pierrehumbert (1989).   

Capturing the inherent covariation between these parameters was one of the main moti-
vations for the development of a new control schema for the LF model, where a global 
waveshape parameter Rd is proposed, which takes into account some of the natural depend-
encies that exist between the more conventional source parameters (Fant, 1995).  Rd is given 
by Eq. (3.1), where Td is the ‘declination time’  (see Figure 2.1) as defined by UP/EE 
normalised to the fundamental period.  It also includes a scaling factor (1000/110) so that 
the numerical value of Rd is equivalent to the declination time in milliseconds for 
f0 = 110 Hz.   
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By exploiting knowledge about this covariation, the glottal pulse shape can be obtained.  
From the Rd value, default RA and RK values can be predicted (RAp and RKp) using formu-
las derived from linear regression analysis.  Eqs.  (3.2) and (3.3) from Fant (1995) are based 
on vowel and consonant data, mainly from Paper 1 and Karlsson (1988; 1990).   

dp 048.001.0RA R+−=   (3.2) 
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dp 118.0224.0RK R+=   (3.3) 

A similar formula for predicting RG, derived from linear regression analysis, has also been 
proposed by Fant et al. (1994).  Note, however, as the LF model pulse is fully determined by 
the parameters Rd, EE, RA and RK, Fant (1995) points out that it is generally better to 
calculate RGp from Rd, RAp and RKp to ensure conformity with the model. 

Based on a geometrical simplification of the LF model waveform, the relationship 
between Rd and RA, RG and RK can be approximated as follows (Fant, 1997): 
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The approximate formula below for RGp can be derived by rewriting Eq. (3.4): 
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For a more detailed analysis, where there are deviations from the predicted values of RA and 
RK, the deviations can be specified by a corresponding correction coefficient (Fant, 1995). 
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A similar approach has been adopted by Alku and Vilkman (1996a; 1996b) and Alku et al. 
(2002), who have used a single global source parameter for the analysis of voice quality.  
The amplitude-based parameters AQ and NAQ were used in the two studies respectively, 
where AQ is a measure of the declination time and NAQ is AQ normalised to the funda-
mental period.  Hence, AQ is essentially the same as Td and NAQ is similar to Rd except for 
the scaling factor.   

An important advantage of these global source parameters is that they are determined 
by rather robust amplitude-based source measures (EE, UP) and f0, which are relatively 
easily obtainable from inverse filtering, and less sensitive to minor errors in the estimate of 
the glottal source signal (Alku et al., 2002).   

Amplitude-based parameters are further investigated in Paper 11, where the AQ and 
NAQ parameters were used to analyse spontaneous speech with either tense or lax voice 
quality over a wide range of f0 values.  In this paper the amplitude-based approach is also 
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extended: additional parameters are proposed, derived from amplitude measures of the glot-
tal waveform, which represent approximations of typical time-based parameters.   

3.9  Measurements from the speech output signal 

As the spectral characteristics of the voice source are reflected in the speech output, 
measurements of spectral levels of the latter yield valuable insights into the former.  Where 
specialised analysis software and/or the ideal recording conditions are not available, these 
measurements may be the only option.  Many linguistic descriptive studies have shown them 
to be very useful for comparing speech tokens where the mode of phonation is contrasted, 
e.g., segments involving breathy voice as compared to modal voice.   

Spectral measurements of the speech waveform generally take the form of a compari-
son of the spectral levels of the first harmonic and some higher point in the spectrum.  A 
particularly popular measure has been a comparison between it and the second harmonic (H1 
– H2), as used, for example, in Fischer-Jørgensen (1967), Bickley (1982), Maddieson and 
Ladefoged (1985) and many others.  Another measure frequently used is a comparison of the 
amplitude levels of Fl and the first harmonic (L1 – L0), as, for example, in Paper 5 and in 
Kirk et al. (1984). 

Caution is required with this type of measurement, as the source spectrum is only one 
of the determinants of the spectral levels in the speech output.  The frequency of a formant 
will affect its level: thus the L1 – L0 measure would be inappropriate if one were comparing, 
say, two vowels with substantially different formant frequencies.  Formant levels are also 
affected by the degree of damping present, which depends on a combination of glottal and 
supraglottal factors.  The comparison of H1 and H2 is sensitive to any change in f0 or Fl.  
The lower the frequency of Fl and the higher the frequency of f0, the greater the likelihood 
of H1 and/or H2 being boosted, simply due to their proximity to Fl.  For these reasons, 
spectral measurements of this type require consideration of potential artefacts and a careful 
selection of speech materials to take account of them. 

Stevens and Hanson (1995) have proposed similar measures from the spectrum of the 
speech waveform, which they refer to as H1*  – H2*  and H1*  – A3*.  The difference is that 
the main influence of the vocal tract is compensated for, making comparisons possible 
across different articulations.  H1*  and H2*  are adjusted measures of H1 and H2, which take 
into account the main effect of the F1 transfer function on the amplitude of these harmonics.  
A3*  is an adjusted measure of A3, the amplitude level of the third formant, in which the 
effect of F1 and F2 variation has been compensated for.  Differences in the bandwidth of the 
third formant for different vowel articulations are also taken into account.  Thus, we can 
view this approach as a ‘pseudo inverse filtering’  process, where some of the main effects of 
the vocal tract filter are cancelled.  Hanson (1995; 1997) has used these measures for ana-
lysing the glottal source characteristics of female speakers.  (Spectral measures can of 
course also be made from the source spectrum as obtained from inverse filtering, which was 
done in Ní Chasaide and Gobl (1995) and in Paper 4.) 
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In this thesis, complementary amplitude measures from narrow-band spectra of the 
speech waveform were employed in Papers 2, 4 and 5, e.g., L1 – L0, L2 – L0, etc.  The analy-
sis of average narrow-band spectra can also provide useful insights, and this was used as a 
complementary method in Paper 5.  More details on the use of long term average spectra 
(LTAS) for the analysis of voice characteristics in dysphonic speech can be found in, for 
instance, Hammarberg (1986) and Hammarberg et al. (1986). 
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4. Communicative functions of voice source 
var iation 

One of the least understood aspects of speech communication concerns the many kinds of 
information that are communicated through the quality of the voice.  For speakers known to 
us, it is crucial to our ability to identify them.  In the case of unknown speakers, we infer 
many speaker characteristics from the voice quality, such as, for instance, likely age, 
personality, social status, and even physical and mental state.  The habitual voice quality of 
an individual results largely from the physical properties of their vocal apparatus.  However, 
a great deal of the source variation is controlled by the speaker as an integral part of how 
meaning is conveyed, being either linked to the linguistic content of utterances or to the 
paralinguistic signalling of the speaker’s attitudes and emotions.  Papers 1-8 of the thesis 
focus particularly on these linguistic and paralinguistic aspects.  In this section, a general 
overview is provided of the various functions of voice source variation that will serve to 
locate these studies in their wider context.   

4.1  Laver ’s system for  classifying voice quality 

Most work on voice quality depends on the use of impressionistic auditory labels such as 
breathy, harsh, pressed, etc.  These are rarely defined, and while within any one research 
group they may be used with a consistent auditory reference, across groups this is often not 
the case.  For example, ‘pressed phonation’  has been used to refer to very different voice 
qualities, while at the same time there are many different labels used to refer to essentially a 
single quality.  To make meaningful interpretations of voice quality data from empirical 
analyses, it is important to be able to relate the data in a consistent way to the auditory 
impression as well as to the underlying production correlates. 

Essential resources in this area are the classification systems presented by Laver (1980) 
and Hammarberg (1986).  The Laver system is mainly concerned with variation in voice 
quality that can be produced by a normal healthy voice, whereas the focus of Hammarberg’s 
system is on the assessment of voice disorders in a clinical setting.    

For the voice quality analyses carried out here, Laver’s system was adopted as the 
reference framework.  His system provides voice quality classification in terms of laryngeal 
tension settings as well as detailed descriptions supported by physiological and acoustic data 
where available.  In the thesis, any divergence from the system is explicitly pointed out.  It 
should also be noted that the term voice quality is here used in the narrow sense, i.e. to be 
equivalent to phonatory quality, whereas Laver uses the term to include also the auditory 
colouring of a person’s voice associated with the settings of the supralaryngeal tract, e.g., 
dentalisation, nasalisation, etc.   

In the thesis, Papers 4 and 5 (Group B) are aimed at providing a more detailed specification 
of a number of voice qualities, and can be seen as a contribution to extending the descrip-
tions of these qualities in Laver (1980).  This work represents but a start: as with all com-
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plex speech production data, it is also necessary to carry out perceptual studies to ascertain 
the relative perceptual salience of the main acoustic correlates.  Paper 6 deals with this 
aspect for breathy voice, by investigating the relative contribution of different voice source 
parameters to the perception of breathiness. 

These studies, directed at describing source correlates of previously defined voice qualities, 
are intended to provide normative descriptors that should be useful for the interpretation of 
voice source data.  They were also undertaken with a view to providing a platform for the 
studies reported in Papers 7 and 8, which probe the elusive area of voice quality in the para-
linguistic signalling of emotion, mood and attitude. 

4.2  Extralinguistic determinants of the voice source 

Many of the factors which shape the quality of the voice are beyond the control of the 
speaker, and pertain to differences in the size, shape and muscular tone of the laryngeal 
structures.  The voices of men, women and children reflect mostly anatomical differences, 
although intrinsic, anatomy-based features may be enhanced or reduced depending on, for 
instance, the socio-cultural context: for example, women working and competing in a male 
environment may choose to adopt a mode of phonation more similar to that of the male.  In 
rule-based formant synthesis, the relatively poor quality of synthesised female and chil-
dren’s voices demonstrates that our understanding here lags behind that of the male voice.  
For some descriptions of the female voice, see Hanson (1995; 1997), Holmberg et al. 
(1988), Karlsson (1992b), Klatt (1986), and Klatt and Klatt (1990).  Paper 1 of this thesis, 
includes an analysis of child vs. adult male voice source differences.  But apart from these 
broad, anatomically determined differences, voice quality also carries uniquely personal 
information that serves an important function in allowing us to tell different speakers apart.   

Voice quality is also affected by the individual’s physical and mental health.  There has 
been considerable study of certain acoustic correlates (mostly f0 and intensity) of psychiatric 
illnesses such as depression and schizophrenia.  For a summary of studies on the vocal indi-
cators of depression, see Scherer (1987).  Pathologies of the laryngeal structures also affect 
vocal quality, and probably the majority of studies of the voice have been medically moti-
vated.  These aspects of voice quality are mostly not controlled.  

4.3  L inguistic determinants of voice source var iation 

Variations in the voice source may be associated with segmental or suprasegmental elements 
of the linguistic code.  The voice qualities most frequently mentioned as partaking in lin-
guistic contrasts are modal voice, creaky voice (also called laryngealised) and breathy voice 
(also called murmured, or in the case of consonants, voiced aspirated).  Other more extreme 
voice qualities also occur, such as the very harsh “growl”  described by Rose (1989) for the 
Zhenhai variety of Wu Chinese.  This last would appear to involve the ventricular folds as 
well as epiglottalisation, and would sound like a pathological voice quality to an English 
speaker.   
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The terms tense and lax have also been used to describe contrasts based on voice qual-
ity, but as is clear from Maddieson and Ladefoged (1985), the terms can be misleading, as 
they tend to be used in a phonological rather than in a phonetically accurate sense.  Thus, 
the authors speculate, tense might signify modal voice in one language (e.g., Wa, a Mon-
Khmer language of Southwest China, where it contrasts with a lax quality which may be 
phonetically breathy-voiced) but creaky voice with raised larynx in another language (such 
as Yi, also spoken in Southwest China, where the contrasting lax quality would appear to be 
modal voice). 

4.3.1  The segmental level 
The use of voice quality to contrast vowels or consonants is fairly common in Southeast 
Asian, South African and Native American Languages, and these have been the focus of a 
number of studies carried out at the Phonetics Laboratory, UCLA.  Although both vowels 
and consonants may employ voice quality contrasts in a given language, Ladefoged (1982) 
points out that it is very rare to find contrasts at more than one place in a syllable.  The term 
register is often used to describe voice quality contrasts, but is a phonological cover term, 
which subsumes many other phonetic features, such as vowel quality, vowel duration and 
small or exaggerated f0 differences, often associated with such contrasts.   

For vowels, contrasts are typically of a two-way kind, e.g., the breathy-voiced vs. 
modal vowels in Gujerati (Fischer-Jørgensen, 1967; Bickley, 1982).  A more unusual case is 
the six-way opposition described for !Xóõ, a Khoisan language spoken by bushmen in 
Southern Africa (Ladefoged, 1982; Traill, 1985).     

In the case of consonants, voice quality contrasts have been reported for stops, nasals, 
liquids and approximants.  A modal vs. breathy voice contrast of nasals is reported for 
Tsonga and for other Bantu languages of Moçambique and South Africa (Traill and Jackson, 
1987).  Breathy-voiced stops are characteristic of many Indo-Aryan languages including 
Nepali, Gujerati and Hindi, where they may contrast with (modal) voiced, voiceless unaspi-
rated and voiceless aspirated stops.  For a description of the contrasts of Hindi, see Dixit 
(1987).  Note that where consonants are described as having contrasting voice qualities, the 
acoustic manifestation tends to be primarily located at the onset or offset of the vowel.  The 
acoustic effect in these cases is attributed to laryngeal differences associated with the con-
sonant, but affecting the initial or final portion of the vowel.    

The discussion so far has only been of cases where voice quality is considered to have a 
contrastive function, i.e. is taken to be the main phonetic feature of a phonological contrast.  
Differences can also occur which would not be considered phonologically distinctive.  
Source data presented in Paper 2 and in Gobl and Ní Chasaide (1988) show that voiceless 
stops can have a major influence on the offset or onset of an adjacent vowel, with the conse-
quence that the voiced/voiceless nature of the stop is at least partially manifested in the 
vowel.  Striking cross-language differences were observed: for example, Swedish data 
exhibited major differences at vowel offset depending on the voiced/voiceless nature of the 
following stop, an effect not found for comparable French or German data.  A later study 
(Gobl and Ní Chasaide, 1999b) suggests that fricatives may universally affect the offset of a 
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preceding vowel.  This latter paper also discusses the likely underlying laryngeal control 
mechanisms that would give rise to the observed differences between languages as well as 
between stops and fricatives.  It is worth noting that although the regulation of 
voiced/voiceless contrasts has traditionally been seen as quite separate from the production 
of voice quality differences, these are not fully separable functions of the laryngeal mecha-
nism. 

Quite apart from differences associated with voicing/voicelessness, there are fine-
grained segment related differences of the source.  Classes of consonants differing in man-
ner of articulation would appear to have intrinsically different voice source characteristics: 
see the description of source characteristics of voiced stops, fricatives, nasals and laterals in 
Paper 3, and fuller elaborations in Ní Chasaide et al. (1993; 1994).  Even among different 
categories of vowels, there would appear to be small intrinsic source differences, as 
described in Ní Chasaide et al. (1994).  These kinds of variation most likely reflect the 
supraglottal configurations and resulting aerodynamic conditions pertaining to the different 
classes of segments, and as such, one would expect them to be universal.  Although they 
may be of relatively less importance to the linguist concerned with the contrastive material 
on which phonological systems are based, these aspects of source variation are important as 
baseline material for descriptive analyses, for a better understanding of the speech produc-
tion process and for improved speech synthesis based on production models. 

4.3.2  The suprasegmental level 
Suprasegmental phenomena such as intonation, tone and stress have been extensively 
studied, though primarily in terms of f0 (and to a lesser degree amplitude) variation, and 
these aspects are not dealt with here.  Voice source variation plays a role in the supra-
segmental systems of languages quite beyond what is strictly dependent on and predictable 
from f0 or voice level. 

Among tonal languages, it is not unusual to find that a particular voice quality is associated 
with specific tones.  One of the seven tones in Hmong, a Sino-Tibetan language, is described 
as having a breathy voice quality (Huffman, 1987).  The yin and yang tones of the Wu dia-
lect of Chinese described by Jianfen and Maddieson (1989) are also characterised by spe-
cific voice qualities.  The yang tones differ from the yin in that they employ breathy phona-
tion and begin with a lower f0.  As f0 differences tend to be associated with different voice 
qualities in any case, it is hardly surprising to find voice quality correlates of tonal contrasts 
and vice versa.  Despite such correlations, many authors point out that f0 and voice quality 
are separately controllable, and that variation in one does not allow prediction of variation in 
the other.  The link between voice quality and f0 may have historical implications, and the 
likelihood of tonal contrasts having evolved from earlier voice quality contrasts has been 
discussed by Maddieson and Hess (1987), Jianfen and Maddieson (1989), and by Rose 
(1989).  Not surprisingly, there are cases where contrasts in specific languages are open to 
competing analysis as involving primarily voice quality or tone: see for example the debate 
concerning how the contrasts in Mon should be interpreted (Lee, 1983; Diffloth 1985; 
Thongkum, 1987).   
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Variation in source parameters other than f0 may also be relevant to the description of 
stress and intonation.  In Paper 1, source characteristics are described for words in focal, 
prefocal and postfocal positions of an utterance.  In these data, the dynamic range of the 
source excitation (EE) was considerably greater when the word was in focal position than in 
the other environments, being stronger for the stressed vowel and weaker for the surround-
ing voiced consonants.  This is effectively an enhancement of the vowel-consonant distinc-
tion in the stressed syllable.  Similar findings have also been reported by Fant and Krucken-
berg (1994a; 1995).   

Pierrehumbert (1989) carried out a pilot study on the interaction of intonational and 
voice source variables.  Her findings show that the glottal pulse for high tones in pitch 
accents has a greater open quotient (OQ) but a higher degree of skew (lower RK) than for 
low tones.  These results do not hold, however, across utterances produced at different voice 
levels: a higher voice level results in a higher f0 but a reduced OQ.  She emphasised that a 
better understanding of the interaction of pitch and voice source variables would ultimately 
be required for the adequate phonetic realisation of intonation in synthetic speech.   

Fant and Kruckenberg (1989) have demonstrated how creaky voice is used as a phrase 
boundary marker for speakers of Swedish.  This can alternate with the insertion of pauses in 
read texts.  In a similar vein, Laver (1980) suggests that creaky voice in conjunction with a 
low falling intonation is used by speakers of Received Pronunciation of English to regulate 
turn taking, by signalling that the speaker’s contribution is completed.  A recent study by 
Epstein (2003) also indicates that there are consistent voice source correlates of pitch 
prominence and of boundary tones.  Her data also showed that the non-modal phonation 
found with low boundary tones were not otherwise found with a general lowering of pitch. 

  Clearly, in order to understand the voice source correlates of intonational categories, 
we will need a fuller account of the necessary linkages between f0 and other source para-
meters, as well as the extent to which they are separately controlled.  According to Fant and 
Kruckenberg (1994a; 1994b, 1996), the typical variation in EE as a function of f0 shows a 
rise proportional to the second power of f0 or a little less up to a critical frequency in the 
speakers’  mid-f0 range, where the function levels off and continues with a fall.  Other re-
searchers, looking generally at the correlations of f0 and other source parameters report 
rather mixed results.  Swerts and Veldhuis (2001), found a tendency for covariation of f0 
and the spectral H1 – H2 measure, but not for all speakers, and with counterexamples, while 
Epstein (2003) did not find a strong correlation between f0 and any of the source parameters 
that she measured, and also reported cross-speaker differences.  Clearly there is a need for 
further research on this aspect. 

4.4  Paralinguistic determinants of voice source var iation 

Human speech is inherently expressive.  Beyond the speaker’s habitual voice quality, and in 
addition to the linguistically determined variations discussed above, there are constant 
modulations of voice quality, which convey the speaker’s (true or feigned) mood, emotion 
and attitude to the listener, to the situation or to the content of the message.  The potential to 
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mismatch the lexical meaning and voice quality is also exploited, and is the basis for much 
humour, sarcasm and irony.  Some experiments on the interaction of paralinguistic aspects 
of communication with linguistic levels are reported in Scherer et al. (1984) and in Ladd et 
al. (1985). 

The communication of affect is typically deemed to be beyond the proper scope of 
linguistics, and is frequently termed paralinguistic.  Most of what we know about the use of 
voice quality in signalling affect derives from traditional observations by phoneticians (e.g., 
that breathy voice is associated with intimacy and whispery voice with confidentiality).  
Whether or not the affect-signalling role of the voice falls within the remit of linguistic 
enquiry, it contributes to the meaning of utterances, and is of fundamental importance to 
spoken communication.  Although it has attracted little attention from linguists or speech 
scientists, it is striking that some early treatments of intonation such as that of O’Connor and 
Arnold (1961) clearly saw this as a central role of intonation, and provided glosses on the 
affective correlates of specific pitch contours.  Subsequent intonation researchers (e.g., 
Pierrehumbert and Hirschberg, 1990) have pointed to the lack of a firm correlation between 
pitch contour and affect, and have generally tended to exclude this aspect from the scope of 
their coverage, focussing instead on the more narrowly ‘ linguistic’  contrastive aspects of 
intonation discussed in the preceding section.  This is hardly surprising: intonation studies 
deal almost uniquely with f0, and it seems unlikely that f0 alone can provide an adequate 
characterisation of affect.   

Analysis of affective speech has tended to be carried out mainly within psychology, 
most notably by Scherer’s group at the University of Geneva.  For overviews of studies on 
the acoustic correlates of different emotional states, see Scherer (1986), Carlson et al. 
(1992), Kappas et al. (1991), Murray and Arnott (1993) and Mozziconacci (1998).  Al-
though the role of voice quality in affect signalling tends to be amply acknowledged, the 
analytic studies have largely focussed on the more measurable parameters of f0 (changes in 
the mean value, range, contour type, variability), intensity (changes in the mean value), and 
on temporal variation.  Increased mean values and increased variability of f0 and intensity 
are generally found for many, quite different but strong emotions, such as anger, joy and 
fear, but these findings do not clarify how listeners differentiate among them.  Voice quality 
is often cited as the ‘missing link’ , but the methodological difficulties with voice source 
analysis have been a major obstacle, and there is to date little empirical data on the voice 
source contribution to the expression of affect.   

Obtaining the desirable data for analysis presents a further obstacle to research in this 
field.  The typical experimental procedure of eliciting carefully constructed and controlled 
experimental data may not be suitable.  Most studies have used actors’  productions of 
semantically neutral sentences with a selection of acted emotions.  The validity of such data 
has been questioned, as likely to yield stereotypical and exaggerated speech, illustrating 
acted as opposed to true emotions.  This approach has also been criticised as being focussed 
too much on a small number of ‘ strong’  emotions, excluding the milder affective states.  In 
this context, it is worth noting that the voice modifications most frequently sought in synthe-
sis applications are those pertaining to state, mood and attitude, e.g., relaxed, friendly, 
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polite, intimate, ironic, etc., rather than those pertaining to the strong emotions.  The current 
JST/CREST Expressive Speech Processing project is breaking new ground by exploiting 
very large corpora of entirely spontaneous speech for the analysis of a large range of affec-
tive states (Campbell, 2000; Campbell and Mokhtari, 2003; Iida et al., 2003a).  See also the 
work by Ito (2003a; 2003b) on the role of voice quality in expressing politeness in Japanese.   

In Papers 7 and 8 and in Ryan et al. (2003), which explore the mapping of voice quality 
to affect, a rather different approach has been adopted.  Instead of attempting to analyse 
affectively coloured speech, synthetic stimuli are generated differing in voice quality, and 
are used to explore listeners’  association of affect to voice quality.  In Paper 7, the stimuli 
differ only in voice quality, and incorporate only relatively limited f0 differences, deemed 
inherent to these qualities.  Paper 8 examines how voice quality and pitch combine, and 
elicits listeners’  responses in a similar perception test for stimuli where major pitch excur-
sions (as described by Mozziconacci, 1995) are combined with voice quality differences.  
Ryan et al. (2003) builds further on the results of the previous two experiments, looking at 
the tense–lax continuum of voice quality. Here the question that is addressed is whether the 
strength of the affect ratings by listeners varies in a gradual fashion along the continuum, or 
whether discretely different types of affect might emerge for different parts of the con-
tinuum.   

When dealing with extremes of emotion it is likely that voice quality changes are 
involuntary, having their origin in the physiological changes brought about by the emotional 
state itself.  As such, they are extralinguistic and presumably universal. 

4.5  Sociolinguistic dimensions of voice source var iation 

Voice quality may also have a sociolinguistic dimension, serving to differentiate among 
linguistic, regional and social groups.  In foreign language learning, mastering the cross-
language differences in voice quality is an important aspect of acquiring a convincing 
accent.  This aspect is very difficult to teach, as these differences are virtually never 
described in the linguistic or applied linguistic literature.  They can lead to misperceptions, 
as native speakers may interpret the foreigner’s voice quality in terms of their own para-
linguistic system for affect signalling.  To illustrate the potential for misinterpretation, con-
sider the case of creaky voice: for many speakers of Swedish, it is an affectively unmarked 
quality; for many speakers of English it is used to signal bored resignation, whereas the 
same voice quality is used in Tzeltal (a Mayan language) to express commiseration or 
complaint (see Laver, 1980).   

Within a particular language or dialect group, voice quality features may further signal 
social subgroups.  In Edinburgh English, a greater incidence of creaky voice is associated 
with a higher social status, whereas whispery and harsh qualities are linked to a lower social 
status (Esling, 1978).  Similar class-based differences have been described for Glaswegian 
English (Stuart-Smith, 1999) and for Norwich English (Trudgill, 1974).   

Other social groupings may also tend towards different voice qualities.  Rose (1989) 
suggests that the extremely harsh “growl”  mode of phonation found in the Zhenhai dialect of 
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Wu differs in terms of the sex and age of the speaker, being least harsh for women, and most 
harsh for old men.  In investigating differences which are correlated with sex and age, it is 
of course important to distinguish between truly sociolinguistic markers and differences 
which are due to laryngeal anatomy. 
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5. Synthesis applications of voice source research 

As outlined in Section 1, the main purpose of this research is to contribute to our knowledge 
about the voice source and how it varies in spoken communication.  Related to these aims 
are aspects concerning how one can accurately and efficiently analyse and model the voice 
source. 

Although not a primary goal, one major motivating factor at the outset of this work in 
the mid-1980s was its potential application in speech synthesis.  It was though that better 
models of the voice source and of its dynamic variation would permit substantial improve-
ments in the naturalness of the speech produced by text-to-speech synthesis (TTS) systems, 
i.e. systems that convert unrestricted text input into speech.   

At that time, most TTS systems were based either on ‘ formant synthesis’  or on 
‘diphone concatenation’ .  In the former, from the phonemic and prosodic representation of 
an utterance, the speech output is created by employing a number of phonetic rules.  These 
rules generate the dynamic trajectories for the control parameters of the formant synthesiser, 
i.e. a synthesiser based on the source-filter model of speech production.  In the latter, the 
speech output is generated by the concatenation of appropriate diphones (or similar short 
units) stored in the diphone database of the system.  Hence, the need for segmental rules was 
avoided, but prosodic rules were still required.  The diphones were extracted form natural 
speech and were typically encoded using LPC: this facilitated prosodic control, by making it 
possible to easily modify f0 and the duration of the stored units.  As pointed out by Klatt 
(1987b), the best TTS systems of each type produced synthetic speech with about the same 
level of intelligibility and subjective naturalness (at least for male voices), although their 
deficiencies were different.  In the former, they were mainly related to an unnatural voice 
quality, due largely to poor modelling of the voice source and to the lack of detail in the 
phonetic rules.  In the latter, they were due to degradation in quality resulting from the LPC 
parameterisation of the natural speech units and to spectral mismatch at concatenation 
boundaries. 

Female and children’s voices are particularly difficult to synthesise convincingly within 
rule-driven formant-based TTS systems.  One reason for this is that the male voice typically 
conforms better to the common, but oversimplified, description of the voice source as 
having a constant spectral slope of –12 dB per octave.  Thus, the traditional modelling of the 
source as a low-pass filtered pulse train is more suitable for the male voice.  Another con-
tributing factor might be that source-filter interaction may play a more important role in 
high-pitched voices.  It was hoped that by improving the source model as well as the control 
of the enhanced model, the synthesis quality would be improved for these types of voices in 
particular. 

Some of the earlier research was carried out in this context, e.g., Paper 1, Gobl and 
Ní Chasaide (1988), Carlson et al. (1989), Fant et al. (1987).  The latter study focussed on 
the female voice, and included conversions of a synthesised male voice into female sound-
ing speech by altering the control of the LF model as well as of the vocal tract parameters.  
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One such simulation carried out by the author, involving six incremental modifications of 
the copy synthesis of a male utterance, has subsequently been published in the book Im-
provements in Speech Synthesis (Keller et al., 2002), as part of the European COST 258 
project on the naturalness of synthetic speech.  Purposely, only simple ‘ first-order’  factors 
were included in the conversion: nevertheless, it clearly demonstrates the potential for high 
quality synthesis of female voices within a source-filter framework.  The sound file is avail-
able at http://www.unil.ch/imm/cost258volume/cost258volume.htm.   

Studies such as those presented in Paper 2 and Ní Chasaide et al. (1993; 1994) can 
serve to provide baseline data on intrinsic source correlates of segments, and Paper 2 as well 
as Gobl and Ní Chasaide (1988; 1999b) illustrate the importance of coarticulatory effects of 
voiceless consonants on adjacent vowels.  Preliminary rules were developed based on some 
of these results (Gobl, unpublished draft) within the RULSYS rule development framework 
(Carlson and Granström, 1975), using the GLOVE formant synthesiser, which incorporates 
the LF voice source model (Carlson et al., 1991). 

 The rapid development of computer technology in the 1990s, which has made both 
processing power and data storage relatively cheap, has favoured the development of TTS 
systems based on the concatenation of speech units from pre-recorded natural speech.  It has 
so far proven to be quicker and easier – and therefore cheaper – to develop a new improved 
synthesis system using ever-larger speech databases, than to develop more detailed phonetic 
rules and better speech production models.   

The naturalness of synthesis based on diphone concatenation was improved with the 
development of the PSOLA technique (Charpentier and Stella, 1986) for prosodic manipu-
lation of the diphones.  By overlapping and adding pitch-synchronous windowed waveform 
segments, f0 and duration of the stored units could be modified without the need for para-
meterisation.  Several different versions of PSOLA have been introduced since the original 
time domain version (also referred to as TD-PSOLA), most notably frequency domain (FD), 
linear predictive (LP) (Moulines and Charpentier, 1990) and multi-band resynthesis (MBR).  
The latter technique is the basis for the MBROLA diphone concatenative synthesiser (Dutoit 
and Leich, 1993; Dutoit, et al., 1996). 

The current trend, however, is towards corpus-based variable-length unit selection 
synthesis, e.g., CHATR (Black and Campbell, 1995; Campbell, 1997a; 1997b, Campbell and 
Black, 1996), that allows multiple variants of units, minimising the need for any kind of 
manipulation of the units.  The aim is generally to minimise the use of signal processing to 
alter the natural units, as it is assumed that this will to lead to degradation in sound quality. 

In these systems, an automatic unit selection algorithm finds the best units from a large 
speech database.  The units selected are those with lowest overall ‘ cost’ , based on the cal-
culation of two cost functions:  the target cost (how much the units differ from the target 
specification) and the concatenation cost (how large the discontinuities are at the concate-
nation boundaries).  The basic unit is a single phone: however the unit selection algorithm 
can select any number of consecutive phones, thus facilitating the selection of units of vari-
able length.  The larger and more comprehensive the corpus, the larger the units will poten-
tially be, thus reducing the number of concatenation points and the need for modifications of 
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the units.  This type of synthesis system is currently considered to produce the most natural 
sounding speech output. 

The shift away from the acoustic-phonetic approach has meant that some of the voice 
source problems of rule-based formant synthesis systems have been circumvented.  The 
question of generating different speaker voices, and particularly of generating good synthe-
sis of female speech, is in this context simply a matter of recording a corpus from appropri-
ate subjects, and does not rely on explicit knowledge of their voice characteristics.   

Although good quality cross-speaker differentiation comes for free with concatenative 
techniques, the ideal objective of being able to convert the voice easily remains a desirable 
goal.  To generate new voices currently requires the generation of a new corpus, and al-
though these corpora need not be very large, there is inevitably a trade-off between the size 
of the corpus and the quality of the resulting synthesis.  In this regard, conversion rules 
would be highly desirable, but this contradicts the trend of trying to avoid as far as possible 
manipulation of the natural units.   

The problem with the current approach, from a speech science perspective, is of course 
that it provides little insight into the mechanisms governing speech production.  For in-
stance, the aim is generally to avoid processes such as coarticulation, rather than to model 
them.  Another drawback of waveform concatenation is that it does not have the flexibility 
of a parametric system, so that it is difficult to make modifications to voice quality.  A lot of 
research will be focussed on the issue of making the concatenative synthesis system more 
flexible, without incurring a loss in naturalness through the signal processing required.  
However, as also suggested by Holmes and Holmes (2001), it seems unlikely that the voice 
quality control of these systems can ever be achieved as effectively as in a rule-based para-
metric system.   

Although the best corpus-based synthesis systems produce speech output with some-
times surprisingly natural voice quality, they have also highlighted the lack of expressive-
ness in the synthetic voice, when compared with natural human speech.  There is a growing 
interest in how different types of affect are expressed vocally and how this aspect can be 
incorporated into synthesis systems, as can be attested by recent projects and workshops 
such as COST 258 on speech synthesis, the ISCA 2000 workshop on speech and emotion, 
and the VOQUAL’03 workshop on voice quality.  Most importantly, they have also high-
lighted the fundamental role of voice quality variation in expressive speech. 

The next step therefore is to try to equip the synthetic speech with the expressive 
quality of natural human speech, where utterances are constantly coloured for affect, in a 
way that reflects the speakers’  attitude to the interlocutor and the situation, as well as the 
mood or emotion the speaker feels or wants to portray.  Current corpus-based concatenative 
techniques cannot achieve this easily: it is a daunting task to record corpora that will cover 
the range of subtle affects that characterise the expressiveness of human speech.  See, 
however, the developments in this area carried out as part of the JST/CREST Expressive 
Speech Processing project (e.g., Campbell, 2000; Campbell and Mokhtari, 2003; Iida, 2002; 
Iida et al. 2000; 2003b).   
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It may be the case that the corpus-based approach will prove to be intractable with 
regard to the synthesis of expressive, emotionally coloured speech.  The basic premise of 
concatenating ever-larger speech units from ever-larger speech corpora may in the end turn 
out to be prohibitively costly.  In a way, the success of current concatenative systems has 
brought to the fore the problem of flexibility, which has created a renewed interest in pro-
duction-based parametric modelling, and in voice source and voice quality variation.   

To create an expressive synthetic voice, it seems necessary to have good models of how 
the voice source varies, as well as a synthesis methodology that can incorporate this varia-
tion.  In this context, some of the recent work by the author has focussed on the voice 
quality correlates of affect, and as such will contribute towards this goal in synthesis (Gobl 
and Ní Chasaide, 2000; 2003; Gobl et al., 2002; Ryan et al., 2003).  Parametric synthesis 
furthermore provides a useful tool for exploring the voice quality-to-affect mapping, an area 
that is notoriously difficult to grasp, as discussed in Section 4. 
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6. Overview of included papers 

The papers included in the thesis are presented in terms of four thematic groups, and thus 
the order of presentation is not strictly chronological.  The first two groups present detailed 
analyses of source characteristics for selected speech materials.  The papers in Group A 
(Papers 1-3) illustrate primarily how voice source modulation reflects the linguistic context, 
segmental and suprasegmental.   

The papers in Group B (Papers 4 and 5) provide data on voice source characteristics for 
a range of voice qualities, tackled within the descriptive framework provided by Laver 
(1980).  In addition to the intrinsic interest of providing acoustic profiles of some distinctly 
different voice qualities produced by a single speaker, this work provides the basis for the 
subsequent experiments on the perception of voice quality, the theme of the papers in 
Group C (Papers 6-8).  Paper 6 examines the perceptual correlates of breathy voice.  The 
other two papers explore the role of voice quality in paralinguistic communication.   

The papers in Group D (Papers 9-11) differ from the others in being concerned primar-
ily with methodological issues.  They cover rather diverse topics, relating both to the analy-
sis and to synthesis of voice source variation and voice quality.  Paper 9 presents a know-
ledge-based approach to source-filter decomposition, which is incorporated into a semi-
automatic system for voice source analysis.  Paper 10 looks at the properties of the modified 
LF model in the KLSYN88 synthesiser, focussing particularly on how it differs from the 
standard implementation and on the implications for synthesising the glottal source signal 
from LF model data.  Paper 11 deals with the issue of effective and robust source para-
meterisation for the analysis of voice quality.   

6.1  Group A: Voice source dynamics – segmental and prosodic 
determinants  

These papers constitute fine-grained descriptive studies of voice source variation, and illu-
strate some of the prosodic and segmental factors that govern that variation.  The primary 
analytic technique involves manual interactive inverse filtering and waveform parameterisa-
tion using the LF model: the model and the parameters used are briefly explained in the 
introduction to all the papers.  As discussed earlier, these manual interactive techniques 
(outlined in Sections 3.2.2 and 3.7) are not suited to the analysis of large quantities of data, 
and so the descriptive studies in the thesis constitute micro-studies of the phenomena of 
interest.  More quantitative analysis, though highly desirable, may need the development of 
more accurate automatic or semi-automatic source-filter decomposition techniques, such as 
those explored in Paper 9.   
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Paper 1  Gobl, C. (1988). Voice source dynamics in connected speech. STL-QPSR, Speech, 
Music and Hearing, Royal Institute of Technology, Stockholm, 1, 123-159.   

This paper describes the temporal changes of the glottal pulse shape, in the course of utter-
ances spoken by three adult males and one 10-year-old male.  The primary objective of this 
first descriptive analysis was to obtain a general idea of the range of variation of the pulse 
shape in normal speech, and of the factors that determine this variation.  A further objective 
was to provide data suitable for the development of source rules for rule-based parametric 
synthesis. 

The results amply illustrate the dynamic modulation that occurs and point to a prosodic 
dimension to source variation as well as to clear segmental influences.  Focal stress was 
found to have a major effect on the dynamic range of the source excitation, enhancing the 
vowel-consonant distinction, with EE being stronger for the vowel and weaker for the sur-
rounding voiced consonants.  This finding has also been supported by later analyses, e.g., 
Fant and Kruckenberg (1994a; 1995).  Fant (1993) and Fant and Kruckenberg (1994b) have 
added some further refinements, pointing out that very close vowels can exhibit a reduction 
in the excitation strength.  They interpret this as being due to the counteracting influence of 
the oral constriction, which being more extreme in focally stressed position, can lead to a 
reduced transglottal pressure drop with a resulting reduction in EE.   

Significant changes in the glottal pulse shape are typically found at the onset and, par-
ticularly, at the termination of voicing, as well as at many of the boundaries between vowels 
and consonants.  These latter observations led to subsequent, more narrowly focussed, 
studies such as those illustrated here in Papers 2 and 3, as well as in Gobl and Ní Chasaide 
(1988; 1999b) and Ní Chasaide et al. (1993; 1994).   

A comparison is also made between an utterance spoken by an adult and a 10-year-old 
child, both male.  Apart from f0, the main source difference involved the return phase.  The 
effective duration of the return phase was found to be considerably longer in the child’s 
voice, as indicated by the FA values.  For the f0-normalised measure of the return phase, 
RA, the differences were consequently even more striking.  For RK the differences were 
smaller and less consistent, although the trend was for higher RK values in the child’s voice, 
suggesting a more symmetrical glottal pulse. 

Consideration is also given in this paper to the interdependencies between the different 
source parameters measured.  Substantial information about the pulse shape can be inferred 
directly from the negative amplitude of the speech waveform at the timepoint of the main 
glottal excitation.  This amplitude is often highly correlated with the excitation strength 
(EE).  Furthermore, the parameters RA, RG and RK also show strong tendencies to covary 
systematically with EE.  These data and findings along with later analyses have contributed 
to the development of a new control schema for the LF model (Fant, 1995), which allows 
the prediction of some source parameters from more easily derived glottal measures (see 
further Section 3.9).   

In keeping with the specific objectives of providing source rules for rule-based para-
metric synthesis, typical parameter values for different contexts are tabulated and sugges-
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tions are made for developing a preliminary source rule system.  Resynthesised utterances 
showed that the improved source modelling is more important for the child’s voice than for 
the voices of the adult males.   

   

Paper 2 Ní Chasaide, A. and Gobl, C. (1993). Contextual variation of the vowel voice 
source as a function of adjacent consonants. Language and Speech, 36, 303-330.   

This paper looks at how voiced/voiceless stops may affect the voice source of an adjacent 
vowel.  The first, short stressed vowel in  l CVC(:)V utterances was analysed for four 
speakers of each of the following languages: German, English, Swedish, French and Italian.  
The main analytic techniques involved interactive inverse filtering and parameterisation as 
presented in Sections 3.2.2 and 3.7.  Also used were measures of the first harmonic and 
formant amplitudes from narrow-band spectral sections of the speech output, as well as oral 
airflow recordings, which yield insights about the relative timing of glottal and supraglottal 
gestures.   

Results show striking context-dependent differences in the source characteristics of the 
vowel, and these are clearly due to the influence of the voiceless stops.  However, there are 
large differences among the languages looked at in terms of directionality and degree of the 
observed effects.  The voiceless postvocalic stop yielded major anticipatory effects for the 
Swedish data and for two of the four speakers of English.  Preceding the voiceless stop, the 
vowel becomes increasingly breathy voiced, evidenced by the increasingly weak excitation 
(EE) and increasing dynamic leakage (RA).  Periodicity eventually disappears and there was 
for several of the speakers also an interval of voiceless aspiration prior to the stop closure.  
It would appear that the glottal abduction gesture is anticipated very early in the course of 
the vowel.  This is also supported by the oral airflow recordings, which show a sharp rise in 
the airflow before the stop.  Italian exhibited a similar tendency, though to a considerably 
lesser degree.  The French and German data exhibit little such anticipatory effects, and the 
voice source characteristics were largely the same in the voiced and voiceless contexts.   

Rather surprisingly, the anticipatory influences did not appear to be correlated with, or 
predictable from, the phonetic categories involved: note that the voiceless stop in French 
and Italian is unaspirated, whereas in the case of English, Swedish and German it is post-
aspirated, although not strongly in medial position.  However, it can be argued from the data 
reported here for Swedish and for two of the four speakers of English that the voiceless 
stops in question are preaspirated, even though current descriptions of these languages did 
not mention such a feature.  Clearly, one cannot make strong generalisations about a lan-
guage on the basis of data from a small number of speakers.  Nonetheless, these findings for 
Swedish have been borne out by more recent investigations of Swedish stops (see for in-
stance Helgason et al., 2003).  Likewise, more recent analyses of stops in different dialects 
of British English have suggested that there are striking cross-dialect differences, with 
preaspiration being common in some accents, e.g., Newcastle English (Docherty and 
Foulkes, 1999). 
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The prevocalic voiceless context yielded strong carryover effects on a following vowel 
in the German data: following the voiceless aspirated stop there was an extensive breathy-
voiced onset.  Superficially at least, the voiced/voiceless stop distinction seemed to differ-
entially mark the following vowel in German in much the same way that the following stop 
contrast marked the preceding vowel in Swedish.  Although some instances of a gradual, 
breathy-voiced onset were also observed in English and Swedish following the voiceless 
aspirated stop, this was not the rule and was certainly not a necessary concomitant.   

These results yield insights into the control parameters that may be involved in regu-
lating voicing oppositions in these languages, and suggest that there may be important cross-
language or even cross-dialect differences in how otherwise similar phonetic categories are 
executed.  The anticipatory effects observed are consistent with a ‘ timing’  model of glottal 
control: the gradual breathy-voiced offsets in Swedish before the voiceless stop are likely to 
reflect, and be an inevitable consequence of, an early abduction of the vocal folds for the 
voiceless consonant, relative to the oral gesture.  Given an open vocal tract, the prevailing 
aerodynamic conditions would ensure that the cessation of vocal fold vibration would be 
gradual.  The lack of such anticipatory effects in French and German is likely to reflect that 
glottal abduction is more closely synchronised to the oral closure.  This premise is also 
supported by the airflow recordings, which do not show the sharp preconsonantal excursion 
found for example in Swedish. 

The carryover breathy-voiced effects observed in the German data cannot be explained 
in terms of timing.  As most of the data following voiceless aspirated and/or unaspirated 
stops in the other languages showed that a gradual onset of voicing is not a necessary con-
comitant of high airflow and an open vocal tract, it is clear that voice initiation and cessation 
are not mirror-image phenomena.  The voice onset differences across these languages 
suggest that differences in tension settings of the laryngeal musculature are likely to be 
implicated. 

These offset data are revisited and extended in Gobl and Ní Chasaide (1999b), where 
the effects of voiced and voiceless fricatives are also analysed for French, Swedish and 
Italian: these three languages were chosen because they cover the full range of differences 
found for the stops.  Results for the fricatives uniformly showed gradual breathy-voiced 
offsets before the voiceless fricative akin to those found before voiceless stops in Swedish.  
In the latter paper, it is argued that early abduction of the vocal folds may well be a univer-
sal production constraint, required to ensure the assumed targets of the voiceless fricative: 
effective cessation of voicing and generation of strong supraglottal frication.  The latter 
study adds to the insights of the present one into the control of phonological voicing con-
trasts and into the kinds of fine-grained language/dialect specific ‘ rules’  that may govern the 
realisation of superficially similar segmental categories.   

 
[The second author carried out the voice source parameterisation.  All other aspects of the 
paper were done jointly by the two authors.] 
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Paper 3 Gobl, C., Ní Chasaide, A. and Monahan, P. (1995). Intrinsic voice source charac-
teristics of selected consonants. Proceedings of the XIIIth International Congress 
of Phonetic Sciences, Stockholm, Vol. 1, 74-77.   

This paper is also concerned with segment-related source variation, focussing on the intrin-
sic voice source characteristics of four classes of voiced consonants, differing principally in 
manner of articulation, and where other factors were kept as similar as possible.  The same 
interactive inverse filtering and source parameterisation methods were used as in Papers 1 
and 2.  This paper presents results taken from a larger study of the intrinsic characteristics of 
consonants and vowels, and fuller accounts are provided in Ní Chasaide et al. (1993; 1994). 

The data presented in this paper were based on recordings of one French and one Italian 
speaker, to elicit single and geminate consonants respectively, /l(:) m(:) v(:) b(:)/, in an 
intervocalic environment.  The interval of the oral occlusion/stricture and 100 ms of the 
preceding vowel were analysed. 

 Results broadly bear out expectations that the degree of supraglottal constriction is the 
major determinant of source characteristics.  The greatest effects were observed for the stop: 
a sharp drop in the strength of the excitation (EE), along with increased dynamic leakage 
(RA) and a more symmetrical glottal pulse (RK).  The fricative showed similar tendencies, 
but to a lesser degree.  The sonorants exhibited only relatively minor changes from the 
values of the preceding vowel: of the two sonorants, the lateral was the least affected.  For 
all consonants, there was a tendency for source perturbations in the 20 ms interval associ-
ated with the onset of the oral constriction. 

The observed differences among the classes of consonants can mostly be modelled as 
‘passive’  source consequences of supralaryngeal occlusion.  However, some effects noted 
during the geminate stop of Italian suggest that compensatory active strategies may also 
come into play, presumably to prevent devoicing during the long oral closure. 

 
[The third author carried out the analysis, which was also verified by the first author.  All 
other aspects of the paper were done jointly by the first and the second authors.] 

6.2  Group B: Acoustic character istics of different voice qualities  

These papers, like Papers 1-3, are also descriptive, but focus on the source characteristics 
associated with shifts from modal into non-modal voice qualities, such as a speaker might 
use to signal certain attitudes or emotions, although the analyses here are based on a phone-
tician’s renderings of a passage produced with no intended emotive overlay.  The main tech-
niques for analysing the source are the same as in the Papers 1-3: consequently, the analysis 
is an in-depth study of small amounts of data, which will need to be expanded and repeated 
for more speakers.   
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Paper 4 Gobl, C. (1989). A preliminary study of acoustic voice quality correlates. STL-
QPSR, Speech, Music and Hearing, Royal Institute of Technology, Stockholm, 4, 
9-21.   

The main objective of this study was to describe the acoustic correlates of different voice 
qualities.  As discussed in Section 4.1, providing useful characterisations of different voice 
qualities is difficult due to the impressionistic labels often used.  To overcome this problem, 
a novel approach was adopted to the analysis of voice quality.  Laver (1980) provides a 
framework that defines voice qualities in terms of physiological correlates.  This system was 
adhered to, so as to avoid as far as possible the ambiguity in the interpretation of the voice 
qualities.  The speech materials were from a recording of a phonetician trained at producing 
different voice qualities according to the Laver system, which is briefly outlined.  An over-
view of the various laryngeal muscles and their actions is also included. 

The voice qualities looked at in this study were modal (neutral) voice, breathy voice, 
whispery voice and creaky voice.  The four most central glottal cycles of a stressed [a] 
vowel were analysed, taken from the word babber in the sentence Say babber again.  The 
main analytic techniques again involved interactive inverse filtering and parameterisation.  
Additionally, the source spectrum was analysed in terms of its deviation from a constant 
-12 dB per octave spectral slope.  Furthermore, narrow-band spectra of the speech wave-
form were used to measure the amplitude levels of the first harmonic (L0) and of the first 
four formants (L1, L2, L3 and L4). 

Quantitative data for a large number of different source parameters are presented in the 
paper, which should facilitate the comparison with other studies of these voice qualities.  
Note that no data on aspiration noise were included due to the lack of a suitable technique 
for quantifying the noise component.  Nevertheless, visual examination of spectra and of the 
speech waveform of whispery voice showed obvious signs of noise.  Some findings ran 
contrary to expectation.  In breathy voice, there was surprisingly little evidence of noise in 
the signal, and the excitation (EE) was stronger than might have been expected.  Further-
more, for creaky voice, the pulses were surprisingly regular and f0 was only marginally 
lower than for modal voice. 

The differences between the voice qualities reported in this paper may seem relatively 
small, which is partly due to the stressed vowel context looked at here.  It should be pointed 
out, however, that these voice qualities are not intended to be extreme: they should all be 
possible to produce and control by any speaker with a normal vocal apparatus (Laver, 1980). 

By looking at other contexts, it becomes clear that the stressed context studied here 
does not fully capture the characteristics of these voice qualities.  For example, visual 
examination of the speech waveform for utterances produced with creaky voice shows that 
creakiness is episodic.  In unstressed and in prepausal contexts there is often evidence of 
both extremely low f0 and very irregular pulses.  The apparent regularity of the pulses for 
creaky voice found in this study is probably related to a higher subglottal pressure in the 
stressed context, which would increase the glottal airflow and thereby facilitate a more 
regular mode of vibration, more like that of modal voice.  Similar arguments could possibly 
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also explain the surprisingly strong EE and the apparent lack of aspiration noise found for 
breathy voice.   

The voice source data given here should be useful for synthesis of different voice 
qualities.  However, this work also indicates that, to achieve realistic voice quality conver-
sions, global parameter transformations are not sufficient, but rather context dependent 
dynamic modifications will be required. 

 

Paper 5 Gobl, C. and Ní Chasaide, A. (1992). Acoustic characteristics of voice quality. 
Speech Communication, 11, 481-490.   

This paper extends the analysis in Paper 4, focussing on an unstressed context where these 
qualities might present greater differences, and presenting a pulse-by-pulse analysis, as 
compared to the more static profiles in the earlier paper.  Two further voice qualities, tense 
voice and lax voice, were also added to the four qualities profiled in Paper 4; breathy, 
whispery, modal and creaky voice.  Detailed pulse-by-pulse analyses were carried out for 
the vocalic /ai/ diphthong of the unstressed word strikes, extracted from a passage read with 
these voice qualities.  The recording and analysis procedures were as in the other descriptive 
papers (Papers 1-4), and the source measurements were complemented by frequency domain 
analyses of the speech signal, based on narrow band spectral sections and on spectral 
averaging.   

Detailed comparisons of the measures obtained from the glottal waveform and those 
made from the speech output yield insights which would not be inferred from either alone.  
Results suggest a number of important differences between the qualities, as well as con-
siderable dynamic variation within a single quality.  The differences between these voice 
qualities were most evident in the earlier portion of the diphthong, as a breathy-voiced tran-
sition to the following voiceless consonant (see description in Paper 2) meant that the voice 
source characteristics for the offsets were rather similar.  The dynamic perspective is crucial 
to capture the striking pulse-by-pulse changes in creaky voice, where there is alteration 
between pulses with strong excitation and a short return phase (little dynamic leakage) and 
pulses with the opposite characteristics.   

These data also show that the tendencies for covariation among source parameters, 
discussed in Paper 1, though largely present, cannot always be assumed across shifts in 
voice quality such as those represented here.  As in Paper 4, it is clear that the change from 
one voice quality to another cannot be modelled in terms of a simple global transformation, 
but must take account of contextual effects, such as those reported in Papers 1-3.   

One objective of the present descriptive study was to provide data for the synthesis of 
different voice qualities, which could be an important tool for testing perceptual aspects of 
voice quality and the attitudinal and emotional colouring that may be associated with them.  
These issues are developed further in Papers 6-8 of Group C. 

 
[The first author carried out the voice source parameterisation.  All other aspects of the 
paper were done jointly by the two authors.] 
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6.3  Group C: Perception of voice quality and the mapping to affect 

The papers in this group are more recent and exploit the experience derived in the earlier 
descriptive analyses.  The LF model implementation in the KLSYN88 synthesiser has 
facilitated the generation of synthetic speech with different voice qualities, thus providing a 
platform that allows the investigation of voice quality perception.  There are two types of 
questions addressed here.  The first concerns the relative cueing values of the measured 
source correlates of individual voice qualities.  The second is the exploration of the affective 
colouring that may be associated with particular voice qualities. 

  

Paper 6 Gobl, C. and Ní Chasaide, A. (1999). Perceptual correlates of source parameters in 
breathy voice. Proceedings of the XIVth International Congress of Phonetic 
Sciences, San Francisco, 2437-2440.   

The objective of this paper was to test the relative salience of the acoustic correlates of 
breathy voice quality using synthetic stimuli for which the glottal parameters were system-
atically varied.  The stimuli were synthesised with the KLSYN88 formant synthesiser (Klatt 
and Klatt, 1990), employing the modified LF model source option.  The control parameters 
of the modified LF model are open quotient (OQ = Te/T0), speed quotient (SQ: the skew of 
the pulse as determined by the ratio of the opening branch to the closing branch; Tp/Tn = 
1/RK), spectral tilt (TL: the numerical value of TL corresponds to the additional attenuation 
in dB at 3 kHz), and the amplitude of voicing (AV, which is a scaling factor). 

Starting from an auditorily realistic breathy-voiced [a] vowel reference stimulus, a 
series of stimuli was constructed, where the following parameters were varied towards more 
typical modal values: excitation strength (EE), the onset/offset durations, aspiration noise 
(AH), OQ, SQ, TL, the bandwidths of the first two formants (B1 and B2), and fundamental 
frequency ( f0).  These were varied individually and in combinations to create a set of 17 
stimuli, including the reference stimulus.  The stimuli were rated for perceived breathiness 
by 12 subjects. 

The results of the perception experiment revealed two particularly striking findings.  
Firstly, the spectral tilt (TL) emerged as the single most important determinant of breathy 
voice quality.  Secondly, the level of aspiration noise (AH) appeared to have relatively little 
effect on the perception of breathy voice.  The latter result was particularly surprising, as 
one might expect aspiration noise to be the most salient perceptual cue to breathy voice.   

Furthermore, the results indicate that individual changes to OQ, SQ and formant band-
widths have very little effect: however, when all of these parameters were set to modal 
values they resulted in a large reduction in perceived breathiness.  In this condition, an 
increase in TL will not in fact suffice to cue breathy voice.  Changes to EE, f 0 differences 
and the relative abruptness of the vowel onset and offset were found to have little effect. 

It is rather intriguing that the two main results of this study are in direct contrast to 
those reported by Klatt and Klatt (1990).  They found that AH was the main cue to breathi-
ness and that increasing TL relative to a modal reference stimulus only resulted in a small 
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increase in breathy judgements for some subjects, and were deemed unnatural or nasalised 
by others.  The differences in the results are likely to have arisen mainly from the fact that 
the manipulations in the Klatt and Klatt study were to a reference stimulus with modal 
settings, as opposed to a breathy-voiced reference used here.  Although TL is shown in this 
experiment to be perceptually very important, it is also shown that its effects may be offset 
when other parameters (SQ, OQ and formant bandwidths) are set to values for modal voice.  
In the Klatt and Klatt study, the effect of TL may therefore have been overridden because 
other parameters were kept at modal values.   

The comparison of these two studies highlights the importance of considering the 
potential bias that experimental design can introduce.  Furthermore, although some para-
meters are perceptually more salient than others, this paper also illustrates that the combined 
effect of parameters is crucial.  

 

[The first author generated the synthetic stimuli for the perception test.  All other aspects of 
the paper were done jointly by the two authors.] 

 
 
Paper 7 Gobl, C. and Ní Chasaide, A. (2003). The role of voice quality in communicating 

emotion, mood and attitude. Speech Communication, 40, 189-212.   

This paper explores the affective colouring that different voice qualities evoke.  The 
KLSYN88a formant synthesiser was used to generate an utterance with seven different 
voice qualities, drawing on prior experience in analysing these voice qualities.  The qualities 
were harsh voice, tense voice, modal voice, breathy voice, whispery voice, creaky voice and 
lax-creaky voice.  Listeners’  attributions of affect were elicited in a series of tests, in each of 
which the stimuli were rated on a seven-point scale for a pair of affective attributes.  The 
pairs of attributes were relaxed/stressed, content/angry, friendly/hostile, sad/happy, bored/ 
interested, intimate/formal, timid/confident and afraid/unafraid. 

Unlike traditional observations concerning voice qualities and affect, the results of this 
experiment suggest that there is no one-to-one mapping between voice quality and affect: 
rather a given quality tends to be associated with a cluster of affective attributes.  Results do 
offer support for some past observations on the association of voice quality and affect, e.g., 
anger and tense voice, whereas others were not supported, e.g., tense voice and fear.  In 
certain cases, e.g., the association of creaky voice with boredom, or breathy voice with sad-
ness or intimacy, refinements would be suggested.  For both of these affects, the lax-creaky 
stimulus, which combined features of breathy and creaky voice, yielded considerably higher 
ratings.   

The voice qualities used in this experiment were most effective in signalling relatively 
milder affective states, and generally ineffective in signalling strong emotions, with the 
exception of anger.  It is hypothesised that voice quality may be critical in the differentiation 
of subtle variations in affective states, whereas large pitch excursions, such as described in 
the emotion literature may be critical to the signalling of strong emotions.  This question is 
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addressed in Paper 8, which looks at how voice quality combines with f0 variables in 
signalling emotions.   

It is also quite striking in the results that most of the “work”  is done by just two of the 
qualities synthesised: tense voice and lax-creaky voice achieve the highest ratings on most 
affects.  Tense voice appears to be associated with high activation states (stressed, angry, 
confident) whereas lax-creaky voice appears to be associated with low activation states 
(relaxed, bored, intimate). 

  It should be noted that the findings are based on synthetic stimuli and tell us about 
how voice quality is used in human speech communication only insofar as the targeted voice 
qualities were successfully synthesised.  Specific difficulties encountered in the synthesis of 
whispery and harsh voice qualities are discussed, and point to the need for further work on 
both the production and perception correlates of these two qualities in particular, but also 
more generally, on all qualities.   

The stimuli presented here were of voice qualities that represent points on a potential 
continuum, and do not illuminate how affective ratings might vary with more gradual 
changes in source parameters along a given voice quality continuum, e.g., the tense–lax 
continuum.  Will an increasingly tense voice quality give rise to and increasingly angry 
percept?  Alternatively, might a moderately tense voice yield a discretely different affect, 
such as happy, an affect not conjured up by the qualities of the present study?  These ques-
tions are addressed in Ryan et al. (2003).   

 

[The first author generated the synthetic stimuli for the perception test.  All other aspects of 
the paper were done jointly by the two authors.] 

 
 
Paper 8 Gobl, C., Bennett, E. and Ní Chasaide, A. (2002). Expressive synthesis: how cru-

cial is voice quality? Proceedings of the IEEE Workshop on Speech Synthesis, 
Santa Monica, California, paper 52: 1-4.   

This paper addresses a question raised in Paper 7 concerning how voice quality and f0 
combine in the signalling of affect.  Given the finding in that paper that ‘strong’  emotions 
were not clearly conjured up by the voice qualities used in the synthesised stimuli, it was 
hypothesised that whereas milder affects may well be communicated by voice quality, large 
f0 excursions, as previously described in the emotion literature, would be needed to signal 
strong emotions.  The question then is: are such large f0 excursions overwhelmingly impor-
tant, to the point where voice quality differences contribute very little?  Alternatively, both 
voice quality differences and large f0 differences might be required to effectively signal 
strong emotions. 

In order to address this question, the same basic experimental paradigm as in Paper 7 
was used to elicit listeners’  responses for two sets of synthesised utterances: stimuli incorpo-
rating large f0 manipulations alone ( f0 only) and stimuli which included the same f0 
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changes along with voice quality differences (VQ + f0).  As in the experiment reported in 
Paper 7, the implementation of the LF source in KLSYN88a was used to synthesise an utter-
ance with the following voice qualities: breathy, whispery, lax-creaky, modal, tense and 
harsh voice.  To generate the ‘VQ + f0’  stimuli, these were further manipulated to replicate 
the f0 differences described by Mozziconacci (1995) for fear, anger, joy, sadness, indigna-
tion, boredom as well as for the neutral case.  The f0 for a particular emotion was matched to 
the most appropriate voice quality, and the neutral f0 was matched to the modal voice 
quality.  In the second set, the ‘ f0 only’  stimuli, the same f0 contours were used with modal 
voice.  As in Paper 7, listeners rated the affective colouring of the stimuli on a seven-point 
scale. 

 Results did indicate that the ‘strong’  emotions were relatively better signalled for the 
‘VQ + f0’  stimuli than in the earlier experiment, indicating that the addition of the f0 cue is 
important.  A striking finding was that for both strong and milder affective states, the 
‘VQ + f0’  stimuli achieved much higher ratings than the ‘ f0 only’  stimuli.  The latter were 
relatively ineffective in signalling either strong or mild affective states.   

The reasons why the f0  manipulations alone do not yield higher responses to affect 
signalling are discussed along with their implications for the synthesis of affectively 
coloured speech.  A first and obvious cause is that the ‘ f0 only’  stimuli lack important 
affect-specific voice quality cues.  Additionally however, these stimuli are likely to be in 
some sense unnatural: voice source parameters will necessarily vary with large f0  excursions 
even if these are not related to emotive speech per se.   

These findings have implications for the generation of expressive speech synthesis.  
There is a considerable body of empirical research on f0 and on temporal correlates of 
emotion (see summary in Section 4.4) and the most obvious way to synthesise affect would 
be to try to manipulate these aspects of the synthesised speech.  There is almost no empirical 
research available on the voice quality dimension of affect signalling, and furthermore, the 
current dominant synthesis systems do not permit control of voice quality parameters.  
However, the results of this paper suggest that to incorporate major pitch excursions would 
not yield the desired affect for the reasons discussed: the necessary, crucial voice quality 
cues would be missing and additionally, the naturalness of the synthesised output would 
almost certainly be degraded.  The relevance of this and the other studies to speech synthesis 
is discussed in greater detail in Section 5 and is the subject of other papers: Gobl and Ní 
Chasaide (2002) and Ní Chasaide and Gobl, (2002). 

 

[The first author generated the synthetic stimuli for the perception test.  The perception test 
was carried out by the second author, under the supervision of the first author, and it formed 
the basis for her M.Phil. dissertation (Bennett, 2000).  The data were subsequently reworked 
and the paper was written up jointly by the first and third authors.] 
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6.4  Group D: Methodological issues – the analysis and synthesis of 
the voice source  

As discussed in Section 1, a constant preoccupation when working with the source is how to 
obtain reliable source data.  The quality and quantity of the data are limited by the adequacy 
of the tools at our disposal.  The problems associated with automatic methods is discussed in 
Section 3, as are the limitations of the manual interactive methods employed for producing 
the source data in the descriptive papers presented here.  Automatic algorithms, needed for 
large-scale studies are generally not sufficiently robust and often produce inaccurate data.  
The manual interactive techniques suffer from being very labour-intensive and from relying 
on a high level of user expertise, and are thus not suited to the analysis of large amounts of 
data.   

Two of the papers in this group propose ways in which the task of generating larger 
quantities of accurate source data might be achieved.  Paper 9 describes a semi-automatic 
method for inverse filtering, which is novel in that it optimises the inverse filter by harness-
ing some of the knowledge that is typically used by the experimenter when carrying out 
manual interactive inverse filtering.  Paper 11 considers the possibility of deriving reliable 
source measures more efficiently by using amplitude-based, rather than time-based, meas-
ures. 

 Paper 10 deals with the implementation of voice source variation in synthetic speech, 
using specifically the modified version of the LF model in the KLSYN88 synthesiser.  This 
is the only available off-the-shelf synthesiser that supports the LF source model, and this 
paper looks at the effects of varying LF parameters within KLSYN88.     

 

Paper 9 Gobl, C., Monahan, P., Fitzpatrick, L. and Ní Chasaide, A. (1994). Automatic 
source-filter decomposition: a knowledge-based approach. Proceedings of the 
Speech Maps Workshop, Esprit/Basic Research Action no. 6975, Vol. 2, Institut de 
la Communication Parlée, Grenoble.   

This paper explores a number of aspects concerning the automation of inverse filtering.  The 
conceptual idea is to incorporate as far as possible the knowledge that a trained experi-
menter exploits when carrying out manual interactive inverse filtering, and to mimic the 
filter optimisation procedures offered by the interactive technique.   

To potentially improve the accuracy of automatic inverse filtering, three issues were 
addressed, the second and third of which are interlinked.  The first is concerned with ways 
of providing ‘knowledge’  to the system, with the aim at constraining the possible values of 
the inverse filter parameters, and thereby avoiding the unrealistic estimates often produced 
by standard LPC techniques.  The second issue deals with what is referred to as source 
compensation, i.e. the preconditioning of the acoustic signal by compensating for the contri-
bution of the source spectrum to the speech output spectrum.  Two source compensation 
functions are proposed, aiming at effectively flattening the output spectrum.  This should in 
principle facilitate the task of optimising the inverse filter values, which is the focus of the 
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third development reported in the paper.  For the fine-tuning of the inverse filter, three 
techniques based on so-called selective inverse filtering are elaborated. 

Knowledge about the vocal tract filter, used to constrain formant data of the inverse 
filter, is entered manually to the system through spectrogram tracing.  The traces provide not 
only first estimates of the formant frequencies, but also frequency ranges around these 
centre-frequencies within which formant values are allowed in the inverse filter.   

The first of the two source compensation functions proposed involves adding 6 dB per 
octave to the spectrum above the glottal frequency, Fg.  This type of filtering is similar to 
that commonly used with traditional LPC analysis, which employs a +6 dB per octave pre-
emphasis with a fixed cutoff frequency.  By varying the cutoff frequency of the filter as a 
function of Fg, it was hoped that a slightly better source compensation could be achieved.  
The second source compensation function proposed is more elaborate and aims at approxi-
mating the essential frequency domain characteristics of the LF model in terms of one 
second-order filter and two first-order filters. 

As these source compensation functions rely on having access to characteristics of the 
source spectrum, it is necessary to provide source information derived directly from the 
speech waveform.  An initial estimate of the glottal waveform is obtained by exploiting 
knowledge about the covariation between source parameters and the amplitude of the speech 
waveform at the point of the main glottal excitation.  In the system presented, the necessary 
amplitude data from the speech waveform need to be entered manually.   

Having carried out the source compensation, the next step involves the fine-tuning of 
the inverse filter.  The selective inverse filtering approach adopted means that a particular 
frequency region is omitted from the inverse filter, as a way of ascertaining more clearly the 
frequency of the main resonance in that region.  In this way, this process in some sense 
mimics the strategy that an experimenter uses in the manual fine-tuning of the inverse filter.  
Two of the three algorithms implemented involve an iterative procedure.  The third method 
involves an initial high order LPC analysis as the basis for the selective inverse filtering.  In 
all three cases, the final parameter estimation is carried out on the output signal of the selec-
tive inverse filter, by means of a second order pitch-synchronous covariance LPC analysis. 

Synthetic speech data were used to test the performance of the different types of selec-
tive inverse filtering techniques in combination with different source compensation func-
tions.  The results illustrate the potential of this approach, although ways of entering the 
knowledge into the system automatically remains to be developed.  Further elaborations of 
these algorithms have been reported in Monahan et al. (1995a; 1995b). 

 

[The approach to source filter decomposition was elaborated by the first author.  Under his 
guidance, a software system was developed by the second and third authors:  the signal 
processing aspects were programmed by the second author, the graphical user interface was 
programmed by the third author.  Data analysis was carried out jointly by the first two 
authors.  The paper was written by the first author with input from the fourth author.] 
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Paper 10 Mahshie, J. and Gobl, C. (1999). Effects of varying LF parameters on KLSYN88 
synthesis. Proceedings of the XIVth International Congress of Phonetic Sciences, 
San Francisco, 1009-1012.   

This paper is concerned with the properties of the modified LF source model of KLSYN88 
(henceforth referred to as the Klatt-LF model), focussing particularly on how it differs from 
the original LF model.  As was pointed out earlier in Section 2.4, the LF model has emerged 
as the main acoustic model used in voice source research.  Therefore, the Klatt-LF model of 
KLSYN88 is particularly useful in that it provides a potentially useful means of testing the 
perceptual significance of source data in terms of the LF model.  However, an obstacle to 
using KLSYN88 lies in the differences between the original LF model and the modified 
implementation in KLSYN88.  Variation of the control parameters of the Klatt-LF model in 
KLSYN88 does not always yield the expected change in the glottal flow signal.  It is not 
clear how LF parameters obtained from speech analysis can be mapped to the source para-
meters in the KLSYN88 synthesiser to yield identical or equivalent waveforms.  This was a 
problem encountered in the perceptual experiment carried out in Paper 6, where the glottal 
skew parameter was probably not varied for the optimal range, as the mapping of the skew 
parameter was unexpected.  The objective of this paper, therefore, was to elucidate the 
mapping between the LF model and Klatt-LF model of KLSYN88.   

The model was investigated through glottal waveform analysis and spectral analysis of 
synthesised schwa vowels, where each of the four parameters of the Klatt-LF model was 
systematically varied, i.e. open quotient (OQ = Te/T0), speed quotient (SQ: the skew of the 
pulse as determined by the ratio of the opening branch to the closing branch, Tp/Tn = 1/RK), 
spectral tilt (TL: the numerical value of TL should correspond to the additional attenuation 
in dB at 3 kHz), and the amplitude of voicing (AV, which is a scaling factor).  This enabled 
examination of changes in the synthesised utterances resulting from changes in each para-
meter.   

A series of analyses were subsequently conducted on both the synthesised vowel wave-
forms using narrow-band DFT spectra, measuring the amplitude levels of the first harmonic 
(H1) and the first three formants.  In the case where TL was varied, the amplitude of the 
harmonic at 3 kHz was also measured.  Parameter data in terms of the original LF model 
was obtained using the interactive inverse filtering and parameterisation techniques outlined 
in Sections 3.2.2 and 3.7. 

The spectral analysis showed that the effects on the spectrum of changing the source 
parameter settings are broadly in agreement with expectations.  However, results from the 
glottal waveform analysis showed that for the spectral tilt parameter, TL, the additional 
attenuation at 3 kHz is substantially smaller than what would be suggested by the TL value.  
Changes in TL also cause changes to the excitation strength, EE.  Furthermore, the degree of 
glottal pulse skew turned out to be always higher than expected from the SQ value, and it 
was found also to vary with changes in other parameters.  In the case of the excitation 
strength, the EE value was shown to be affected by the settings of not only AV, but also by 
SQ and TL, making the mapping from EE to AV difficult.  A continuation of the work 
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presented in this paper would be to establish accurate analytic expressions for transforming 
LF parameter data directly into appropriate settings for the Klatt-LF control parameters. 

 

 [The second author carried out the glottal waveform analysis and first author carried out the 
spectral analysis.  All other aspects of the paper were carried out in close collaboration 
between the two authors.] 

 
 
Paper 11 Gobl, C. and Ní Chasaide, A. (2003). Amplitude-based source parameters for 

measuring voice quality. Proceedings of the ISCA VOQUAL'03 Workshop on 
Voice Quality: Functions, Analysis and Synthesis, Geneva, 151-156.   

The main focus of this paper is on glottal waveform parameterisation, using amplitude-based 
glottal measures.  A motivating factor for using amplitude-based measures is that they may 
provide an easier and a more robust method for capturing voice source characteristics than 
the more typical time-based ones (Alku et al., 2002), and they would therefore be more 
suitable for large-scale automatic source analysis. 

Of particular interest are the ‘global’  source parameters based on the declination time, 
Td (Fant, 1979a).  The AQ parameter is a measure of declination time proposed by Alku and 
Vilkman  (1996a), which is determined by the peak glottal flow and the maximum negative 
amplitude of the glottal flow derivative (see further Section 3.8).  The related NAQ para-
meter (Alku et al., 2002) takes f0 into account by normalising AQ to the glottal period.  
These parameters are attractive in potentially providing a single global characterisation of 
the glottal pulse that can be obtained from two glottal amplitude measures (and f0 in the case 
of NAQ).  Furthermore, it has been suggested that they correlate with the tense–lax dimen-
sion of voice quality differentiation.  And it is clear from results from Papers 7 and 8 that 
the tense–lax dimension is of fundamental importance in the exploitation of voice quality in 
affect signalling.   

However, it is not clear how we should interpret values for parameters such as AQ and 
NAQ when the speech data include large differences in f0, as often found in natural sponta-
neous speech.  Although the NAQ parameter normalises across f0 differences, it is not 
necessarily the case that NAQ values at high pitches can be interpreted in the same way as at 
low pitches, in terms of the degree of tenseness/laxness.  Thus, in the first part of this paper, 
it is investigated whether AQ and/or NAQ are likely to capture the tense–lax dimension of 
voice quality differentiation, across speech tokens exhibiting large f0 differences.   

The analysis was centred around a selection of eight vowels from a Japanese spontane-
ous speech corpus, provided by the JST/CREST Expressive Speech Processing Project, 
ATR (VOQUAL’03, Speech database 2, http//:www.limsi.fr/VOQUAL/).  The utterances 
were selected on the basis of having distinctly tense or lax voice qualities, and for the analy-
sis, the interactive techniques outlined in Sections 3.2.2 and 3.7 were used.   



Overview of papers   59 
 

 

Results for the AQ and NAQ parameters indicate that the non-normalised measure AQ 
is more effective in capturing tense–lax differences across a large f0 range than the normal-
ised NAQ.  These results would seem to contradict those of Alku et al. (2002), who analysed 
breathy, neutral and pressed phonation types, and found a monotonic decrease in NAQ with 
degree of tension, for 10 speakers including both male and female.  No f0 data were pre-
sented, but given the controlled nature of the latter recordings, it seems unlikely that there 
were large variations in f0 across the phonation types.  It may be therefore be conjectured 
that NAQ captures the relative degree of voice tenseness/laxness when data are compared 
across different speakers (e.g., male-female) with intrinsically different f0 ranges and conse-
quently different AQ ranges.  However, the data presented in this paper suggest that within 
the speech of a single speaker, NAQ is only likely to be a reliable indicator of tense-
ness/laxness when the f0 variation is within a more limited range.   

It should also be noted that the large f0 range does not only have implications for the 
NAQ measure, but equally affects the time-based measure RA, a measure of the return 
phase, normalised to T0.  The non-normalised measure of the return phase, Ta, is considera-
bly more effective in its separation of the tense–lax tokens.  Indeed, Ta was highly correlated 
with AQ for these data.   

Although a global source parameter may be sufficient to capture the variation in quality 
along the tense–lax continuum, it seems unlikely that a single parameter will be sufficient to 
differentiate among a variety of voice qualities.  Thus, the purpose of the second part of the 
paper was to extend the set of amplitude-based source parameters, to provide a richer cover-
age of voice source variation.  Using three glottal amplitudes, EE, UP and EI (see Figure 
2.1), amplitude-based versions of RG, RK and OQ were derived.  An analysis was carried 
out that compares the results for these proposed amplitude-based parameters and their time-
based counterparts.   

For most of the data analysed here, there was a reasonably strong correlation between 
the amplitude-based parameters and their corresponding time-domain equivalents.  How-
ever, more extensive analysis is required in order to draw definite conclusions regarding 
their effectiveness in predicting the glottal waveshape.  Although the recordings used in the 
analysis did not show any signs of obvious phase distortion, they were not recorded under 
the conditions discussed in Section 3.3.1, and this may have affected the accuracy of the 
time domain measurements.   

Furthermore, the robustness of EI should be further investigated, to assess its suitability 
for use in an automatic analysis schema.  EI may not be as robust a measure as EE and UP, 
as it may be more susceptible to source-filter interaction.  This was, however, not evident in 
the data analysed in this paper. 

 
[The first author carried out most of the work on this paper.  Data selection and interpreta-
tion of results were carried out jointly by the two authors.] 
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7.  Overall conclusions 

This thesis aims to extend our understanding of voice source variation and of its role in the 
speech communication process.  This objective has been served by a multiplicity of ap-
proaches, analytic and perceptual, and has further entailed research focussed specifically on 
techniques for the analysis and synthesis of the source signal.  Papers for inclusion in the 
thesis have been chosen to illustrate the variety of research perspectives, and to provide 
coverage of the different but complementary approaches that have been explored. 

The contribution to the field can be summarised in terms of the different strands of the 
thesis.  The descriptive studies provide quantitative voice source data relating to segmental 
and prosodic factors, as well as to variations that are due to the laryngeal settings for differ-
ent voice qualities.  These results contribute to our general understanding of speech produc-
tion and produce new insights into the likely underlying glottal control mechanisms.  They 
have also served the development of a new source parameterisation schema proposed by 
Fant (1995).  They have also enabled the systematic approach to the synthesis of voice 
quality, which was adopted for the perception studies presented here.     

An important global aspect of this work is that it highlights the complex nature of voice 
source variation.  Traditionally, the generation of the f0 contour, the regulation of 
voiced/voiceless contrasts and the control of voice quality have tended to be regarded as 
largely independent functions of the laryngeal mechanism.  The descriptive papers and some 
of the research reviewed here indicate that such a view is simplistic, and though convenient 
as a first approximation, is quite misleading as to the true nature of these phenomena.  There 
may be striking voice source correlates of the phonological voicing contrast (Paper 2), and 
this is something that may vary with language, dialect and even consonant class.  Although 
not an issue directly dealt with here, the close linkage between voice source variation and 
the dynamics of the f0 contour is nonetheless indicated by some of the results presented in 
Papers 1 and 8.  One conclusion is that a fuller understanding of intonation as well as of the 
affective dimension of prosody will require a specification of the voice source contribution, 
and of the way f0 combines with the other source parameters.  In fact, broadening the scope 
of prosodic description to include the voice source dimension may hold the key to a unified 
account of the linguistic and paralinguistic functions of prosody.  These are questions that 
will be addressed in a newly initiated project on Irish prosody.    

Source characteristics for different voice qualities are presented in Papers 4 and 5, and 
the perceptual correlates of breathy voice are investigated in Paper 6.  Laver’s classification 
framework (Laver, 1980) was used as a way of avoiding as far as possible the ambiguity 
associated with impressionistic voice quality descriptors.  Apart from providing quantitative 
data on these voice qualities, one important aspect of voice quality variation that is illumi-
nated by the results is that the transformation from one voice quality to another does not 
simply involve global changes of the source parameters.  For instance, an utterance per-
ceived as having a constant tense voice quality will, in certain positions due to the segmental 
context, exhibit source characteristics similar to that of a typical breathy voice.  There is 
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clearly much more research needed in this area, and the analytic and perceptual research 
presented here hopefully provides some useful pointers.  Progress in this field will not only 
contribute to our understanding of normal voice production but will also provide an essential 
basis for the description and even eventually the screening of voice disorders.  

The perception-oriented studies of the thesis contribute to the area of synthesis of voice 
quality.  Furthermore, a new methodological paradigm was devised, which has been suc-
cessful in shedding light on the elusive field of voice quality-to-affect mapping, by means of 
parametric synthesis of voice quality.  The results presented in Papers 7 and 8 raise many 
new questions, such as the extent to which the affective colouring associated with specific 
voice qualities for these Hiberno-English speaking subjects might be universal, or might 
vary according to the language, dialect or even the social group.  It is envisaged that the 
methodology used here can be further exploited to address these kinds of questions.    

Papers dealing with methodological issues cover practical and theoretical aspects of 
inverse filtering, glottal source parameterisation and glottal waveform synthesis.  It is clear 
from copy synthesis of natural speech utterances, carried out by the author and others (e.g., 
Holmes, 1973; Klatt, 1987a) that very natural, high quality formant synthesis is possible if 
appropriate rules can be formulated for controlling the synthesiser.  To develop this area we 
need better automatic methods for source-filter decomposition, which would ideally involve 
a true analysis-by-synthesis approach, where the analysis and synthesis stages are based on 
identical models and identical parameters.  What is needed may be a fully automatic 
“ formant vocoder” , that can decompose natural speech into source and filter parameters that 
are directly suitable for the synthesis model used.  To succeed with this task, techniques 
developed in related areas need to be exploited better, such as, for instance, the statistical 
modelling techniques used for automatic speech recognition and the corpus-based method-
ologies exploited in concatenative synthesis (for work on data-driven formant synthesis and 
related issues, see for instance Carlson et al., 2002; Högberg, 1997; Holmes and Pearce, 
1990).  In addition to this, we need a system that makes better use of acoustic-phonetic 
knowledge to impose constraints on the values parameters can attain, so as to optimise the 
parameter estimation – an approach that was pursued in Paper 9.  Data produced by such an 
analysis-by-synthesis system, would not only open up the possibility for better automatic 
optimisation of the phonetic rules used in formant synthesis, but would also be a key 
resource for providing a comprehensive account of voice source variation and its exploita-
tion in spoken communication. 
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