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Abstract 

This paper explores amplitude-based measures of the glottal 
flow signal, as it has been suggested that they may provide a 
more robust method for analysing voice quality than the more 
typical time-based ones. Centred around an analysis of some 
samples from the VOQUAL’03 Speech database 2 of Japanese 
spontaneous speech, this paper (i) presents a discussion of 
whether a single global source parameter, such as the effective 
pulse declination time (which can be calculated from two am-
plitudes) or the T0-normalised equivalent, is likely to capture 
the tense–lax dimension of voice quality differentiation, across 
tokens exhibiting large ƒ0 differences; (ii) presents formula-
tions for an extended set of amplitude-based source para-
meters, to provide a richer coverage of voice source variation, 
and (iii) compares results for the amplitude vs. time-based 
measures.  Results for (i) indicate that the non-normalised 
measure AQ is more effective in capturing tense–lax differ-
ences across a large ƒ0 range than the normalised NAQ.  
Results for (iii) show a promising correspondence between the 
proposed amplitude-based measures and the time-based ones. 
A brief description is given of our planned research on Irish 
prosody, for which these measures will be important.   

1. Introduction 

For many researchers on voice quality a major objective is the 
provision of reliable, automatically derived voice source 
measures, which can be related to production mechanisms on 
the one hand and to auditory judgments of voice quality on the 
other.  Our group at Trinity College, Dublin has carried out 
voice source analysis using manual interactive strategies for 
inverse filtering and source parameterisation [1].  The para-
meterisation is mainly based on the measurements of timing 
events, extracted indirectly from the differentiated glottal flow 
signal, by means of LF-model matching [2] (see further 
Section 3).  This is a time-consuming and inherently difficult 
task: consequently, our analytic work to date has tended to be 
of small amounts of carefully controlled data.   

We are currently embarking on a project on prosody and 
voice quality (see Section 2) for which it is vital to have 
reasonably accurate automatic extraction of source informa-
tion from larger corpora, where the data are less controlled.  
One promising approach would be to use amplitude-based 
measures of the glottal flow signal. It has been suggested that 
these should be more robust for automatic processing than the 
time-based measures we have hitherto used [3], which are very 
sensitive to the types of errors that frequently arise in 
automatic source analysis systems, due to errors in the 
estimation of the inverse filter, as well as to the phase distor-
tion present in most recordings. 

Of particular interest are the AQ and NAQ measures, 
which have been used in an analysis system developed by [4] 
as part of the JST/CREST Expressive Speech Processing 
project.  The AQ parameter [5,6] is a more recent version of 
the earlier Td parameter [7] (see further Section 3).  These are 
measures of the effective ‘declination time’  of the glottal pulse 
and are attractive in potentially providing a single global 
characterisation of the glottal pulse, that can be obtain from 
two glottal amplitude measures.  The related parameters, NAQ 
[3] and Rd, [8,9,10] take ƒ0 into account by being normalised 
to the glottal period.  

It has been suggested (e.g., [3,4,5,6]) that these global 
parameters are effectively measures that correlate with the 
tense–lax dimension of voice quality differentiation.  The 
tense–lax dimension is of fundamental importance in how we 
use voice quality, something that emerges clearly in, for 
example, [11].   

However, there are other important dimensions of voice 
quality variation (e.g., creakiness, falsetto), which are likely to 
occur in spontaneous speech.  This raises a question as to how 
we interpret measures such as AQ or NAQ when voice quality 
shifts are involved that are not simply along the tense–lax 
continuum.   

A further related question is what happens when the data 
include large differences in ƒ0.  Although the normalised 
declination-time (NAQ or Rd) normalises across ƒ0 differ-
ences, can we assume 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?  

Ultimately, a single measure is unlikely to capture all 
aspects of voice quality variation.  Section 6 presents an 
extended set of amplitude-based parameters – these para-
meters are equivalent to the time-based parameters we have 
hitherto used.  This could complement a global parameter 
based on the declination-time, to yield a richer coverage of the 
potentially differing aspects of the glottal pulse across voice 
quality and ƒ0 shifts. 

In this paper, different parameters are compared on the 
basis of an analysis of some tense and lax Japanese utterances, 
including tokens exhibiting a large range of ƒ0 values. In 
Section 5, we look at how the AQ and NAQ parameters and 
the time-based parameters we have previously used 
correspond to our auditory judgements of these tokens as 
being tense or lax.  In Section 7, results for the typical set of 
time-based parameters are compared to those for the corre-
sponding amplitude-based ones proposed here.  

2. Voice quality: prosodic determinants 

To contextualise our interest in these questions, we outline 
here how they relate to our current and planned research. 
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Our past analytic research has concerned the dynamic 
variation of the voice source.  This has included studies on the 
acoustic correlates of specific voice qualities, e.g., [12], using 
Laver’s [13] framework.  We have also been interested in the 
type of fine-grained modulations of the glottal signal that 
occur in the course of utterances, even when perceived as 
having a constant, modal voice quality.  These latter modula-
tions are often determined by segmental factors, e.g., the 
nature of the vowel or consonant [14] and the transitions 
between voiced and voiceless segments, which largely reflect 
the relative timing of oral and glottal gestures: the latter 
clearly exhibit language specific differences [15].   

Dynamic modulations of the source are in our view a 
critical dimension of the prosody of speech, and this is a 
current focus of our research.  Two aspects need to be con-
sidered.  Firstly, we would contend that source correlates of 
focal accent, deaccenting, pitch accents, phrase boundaries, 
declination, etc., are part and parcel of phenomena that have 
long been treated as being essentially captured in terms of ƒ0 
variation alone.  Note that these intonational phenomena are 
typically regarded as linguistically relevant, e.g., serving 
syntactic and discourse functions in communication.   

Voice source modulations of a more extreme nature are 
undoubtedly crucial to another fundamental aspect of prosody, 
namely its function in signalling affect (a term that is intended 
here to cover for emotion, mood and attitude).  Although 
largely ignored in mainstream linguistics, the extensive body 
of research by Klaus Scherer’s group, e.g., [16] and by others 
has demonstrated that major shifts in ƒ0 are an important 
correlate of affect expression.  Although the critical role of 
voice quality is frequently alluded to, there is little empirical 
research in this area.  To get to grips with this aspect of 
prosody, we will need to understand more about the 
interaction of ƒ0 and voice quality, particularly when there are 
large shifts in ƒ0. 

Using synthesised utterances, approximating some of the 
voice qualities defined by Laver’s [13] framework, we have 
conducted perception experiments to explore the mapping 
between voice quality and affect [11], and how voice quality 
and ƒ0 combine [17]. We are currently embarking on a project 
on Irish prosody, to tackle these issues from a more descrip-
tive perspective.  In this project, the aim is to extend the typi-
cal prosodic analysis beyond the purely linguistically relevant, 
to include the paralinguistic.  In order to do so satisfactorily, it 
is necessary to incorporate coverage of the voice quality 
dimension, and of the interaction with ƒ0.   

3. Der iving voice source parameters  

3.1. Analysis techniques 

To obtain voice source data we generally use a two-step 
process.  Firstly, the speech pressure waveform is inverse 
filtered to yield the glottal flow derivative.  Secondly, a four-
parameter model of differentiated glottal flow (the LF-model, 
[2]) is matched to the output of the inverse filter, and source 
measurements are obtained from the modelled waveform.  
Manual interactive procedures are used, which allow the 
experimenter to optimise the parameter settings by exploiting 
both time and frequency domain information (see further [1]).  
As mentioned, this approach is labour-intensive, and best 
suited to ‘micro’  analyses of limited data.   

3.2. Voice source parameters 

3.2.1. The standard parameter set 

Using the interactive procedure outlined above, we typically 
derive the following parameters from the modelled LF-wave-
form:  EE, RA, RG, RK and OQ, where the last four are 
derived from relative timepoints of the glottal waveform.  
Note that, the LF-model waveshape is determined by four 
parameters, and thus OQ (as defined here, see Section 6) can 
be calculated from RK and RG.   

EE is a measure of the strength of the glottal excitation, as 
defined by the negative amplitude at the time of maximum 
discontinuity in waveform of the glottal pulse.  This amplitude 
is typically equivalent to the maximum negative amplitude of 
differentiated glottal pulse (see Figure 1). 

The RA parameter is a measure corresponding to the 
residual flow during the ‘ return phase’ , which occurs from the 
time of the main excitation to the time of complete or 
maximum closure.  RA is the effective ‘ return time’  Ta (see 
Figure 1) normalised 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).  For definitions of RG, RK and OQ, 
see Section 6. 
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Figure 1: Timepoints, durations and amplitudes used 
to define glottal source parameters (waveform 

generation on the basis of the LF-model).  

3.2.2. Source parameters from amplitude measures 

Fant (1979) [7] defines the glottal ‘offset time’  Td, later 
referred to as the ‘declination time’ , as the relationship 
between the two amplitudes UP and EE:   

 Td = UP/EE (1)  

where UP is the peak glottal flow, i.e. the amplitude of the 
glottal pulse (disregarding any ‘DC’  amplitude arising from a 
possible constant glottal leakage). 

This time can be interpreted as follows: As can be seen in 
Figure 1, a tangent is fitted to the glottal flow pulse at the 
timepoint of the excitation, te.  The declination time is deter-
mined by the time interval from where this tangent intersects 
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with a horizontal line at the peak flow of the glottal pulse to 
where it intersects with the zero-flow line.  

Fant et al [8] introduce a normalised version of Td, where 
Td is normalised to the fundamental period and scaled by a 
factor of 1000/110.  The scaling factor was selected so that the 
numerical value of Rd equals Td in milliseconds when ƒ0 = 
110 Hz. 

 Rd = 1000(UP/EE)(ƒ0/110) = (1/0.11)(Td/T0) (2) 

The Rd parameter is the key parameter in a new source 
parameterisation schema for the LF-model, where default 
prediction of the RA, RG and RK are made from the single Rd 
value, using statistically derived correlations. 

The AQ parameter (amplitude quotient) presented by Alku 
and Vilkman [5] is in principle the same as Td: 

 AQ =  fac/dpeak (3)  

where fac is the amplitude of the glottal flow pulse, i.e. 
equivalent to UP.  dpeak is the maximum negative amplitude of 
the differentiated glottal flow, which is typically the same as 
the amplitude of the excitation as defined by EE above.   

The NAQ parameter presented in [3] is AQ normalised to 
the fundamental period, and NAQ would therefore be similar 
to Rd, except for the scaling factor. 

 NAQ = AQ/T0 = 0.11Rd (4)  

For the data analysed in this paper, we have consistently 
measured the maximum negative amplitude as our EE esti-
mate.  However, the LF-model can generate glottal pulses 
where the excitation occurs after the minimum amplitude, 
facilitating a sometimes better modelling of source signals that 
are close to being sinusoidal. This type of phonation often 
occurs at voice termination during glottal abduction or for 
very breathy phonation. In these cases it is however difficult to 
precisely determine the location of the main excitation, as the 
basically sinusoidal waveform often has a substantial amount 
of superimposed aspiration noise.  To automatically estimate 
the excitation strength, it would be a great deal simpler to pick 
the most negative value in the waveform. Therefore, in the 
present study, we have consistently used this value as the 
measure for the excitation strength, although it may sometimes 
not result in the optimal parameterisation in terms of the LF-
model. 

With regard to UP, values were measured directly from the 
glottal waveform as follows: the differentiated glottal flow 
signal was integrated, and then the peak value was picked, 
after having corrected for any drift of the ‘zero-flow’  line. 

4. Utterances analysed 

The utterances analyses here are from the VOQUAL’03 
Speech database 2 (contributed by the JST/CREST Expres-
sive Speech Processing project, ATR, Japan), consisting of 
Japanese spontaneous speech produced by a female speaker.  
The utterances were selected on the basis of having a dis-
tinctly tense or lax voice quality.  For details on the tech-
niques involved in recording the database see [18].   

The interactive techniques outlined in Section 3 were used 
for the analysis of the data.  The sampling frequency of the 
files was 16 kHz, and for the inverse filtering, 7 anti-
resonances were used. 

A detailed source analysis was carried out on 10 consecu-
tive glottal cycles, extracted around the maximum amplitude 

of the vowel in eight syllables.  These vowels are shown in 
bold in the transcriptions below: the bracketed labels inserted 
after or below the vowels (L1…T5) indicate whether the syl-
lable in question was deemed to be tense (T) or lax (L), and 
the numbers simply relate these syllables to the measurements 
in Figures 2 and 3.   

We have not attempted to rank order the different lax 
syllables (or tense syllables), and so the numbering and order 
of presentation is not of importance.  However, it should be 
pointed out that the last two tense items (T4 and T5), which 
are interjections, are very high-pitched in comparison to the 
other items.  Both of these have a tense voice quality, but T5 
was judged to be audibly more tense than T4. 

 
File 8860 �� � � � � � � � �� (L1) 

File 180 �� �� � � 	� 
 � ���� � �� � ��� � �� � �����
     �� (L2)�� �� (L3) �(T1)��(T2) ��(T3) 

File 286 �� �� (T4) 

File 6146 ����� (T5) 
 

Note that in file 180 there are two phrases with a striking shift 
in voice quality from the first to the second.    

5. Results I : AQ or  NAQ? 

Figure 2 presents the mean values and the standard deviations 
for the source measurements of the tokens analysed.  The 
following parameters are shown: in the top row are shown the 
amplitude-based parameters AQ and NAQ; in the second row 
are shown the time-based parameters Ta and RA.  Note that 
the latter are measures of the return phase, as compared to the 
declination time measures in the first row.  In the third row 
are shown FA and ƒ0.  Note also that the measures on the left 
are all non-normalised measures, while those on the right 
(excepting ƒ0) are normalised to the fundamental period.   The 
mean values corresponding to the tense tokens are shaded 
columns, while those corresponding to the lax are white.   

Looking first at NAQ, it is clear that it does not separate 
out the tense versus lax auditory quality of these tokens.  Note 
that L1 has lower NAQ value than some of the tense tokens, 
and that the very tense T5 has a virtually identical NAQ value 
to L3.  For these tokens, NAQ does not match our tense/lax 
judgements. 

The non-normalised parameter, AQ, however, provides a 
better separation of the tense and lax tokens.  The high-pitch 
tokens have the lowest AQ values and this corresponds to our 
auditory judgement that these were very tense.  This begs the 
question however of whether the AQ measure may confound 
tenseness and high pitch.  All else being equal, a high-pitched 
pulse (short period) should have lower AQ in any case.  On 
the other hand as we see, the normalised measure NAQ, in 
eliminating the ƒ0 factor is somehow underestimating the 
tenseness.  Mokhtari and Campbell [4] have also pointed to a 
dependency between AQ and ƒ0 in their data.   

We would suggest that whereas NAQ may be a good 
indicator of tenseness/laxness over a limited ƒ0 range, for very 
large ƒ0 variations this correlation might no longer hold.  The 
problem seems to be that the relationship between glottal 
pulse-shape and perceived voice quality depends on ƒ0 in a 
way that is rather more complex.   

Note that the time-based parameter Ta is also effective in 
differentiating the tense and the lax qualities, and shows a 
strong correlation with AQ (r = 0.85), whereas the related 
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normalised time-based parameter RA, like NAQ, does not 
capture the differences in tenseness between the tokens. 
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Figure 2: Mean values for lax (L = white columns) and tense 
(T = shaded) tokens are shown for AQ, NAQ, Ta, RA, FA and 

ƒ0 (standard deviation = vertical line through mean). 

6. Extended amplitude-based parameters 

A single glottal parameter is unlikely to be sufficient to cap-
turing voice qualities that are outside of the tense/lax dimen-
sion of variation.  The underlying idea of Td and AQ or Rd 
and NAQ can however be extended to yield a more detailed 
parameterisation of the glottal pulse, which should facilitate 
enriched descriptions where needed.  One such approach is 
suggested by Fant (e.g., [9,10]), and is briefly alluded to in 
Section 4. 

In this section we propose an extended set of amplitude-
based source parameters derived from three amplitude meas-
ures: EE, UP and EI.  The aim is to find expressions that 
would enable us to reliably predict the typical time-based 
source parameters from these amplitudes.   

Glottal frequency 
Fant [7] introduced the concept of a ‘glottal frequency’  FG, 
which determines important aspects of the glottal pulse shape 
and spectrum.  FG, which is also referred to as the ‘glottal 
pulse formant’  because of its effect on the output spectrum, is 
defined by twice the duration of the opening phase of the 
glottal pulse. If we call the duration of the opening phase Tp 

(which equals tp – to, see Figure 1), then FG = 1/(2Tp). 
The three-parameter glottal source model presented in [7] 

models the opening phase as a raised inverted cosine, where Ti 
= ti – to is always equal to Tp/2, and thus FG = 1/(4Ti).  The 
opening phase (0 < t < Tp) of the model can therefore be 
expressed as follows: 

 Ug(t ) = 0.5UP(1 – cos2πFG·t ) (5a) 

  = 0.5UP(1 – cos(π /2) ( t /Ti )) (5b) 

We get the maximum positive slope EI (see Figure 1) from the 
derivative of (5b):  

 EI = Ug' (t=Ti ) = (π/4)(UP/Τi)sinπ /2 

  = (π/4)(UP/Τi)  = (π /2) (UP/Tp)  (6) 

From (6) we can derive the follow two expressions: 

 Tp = (π /2) (UP/EI)  (7) 

 UP = (2/π)EI ·Tp (8) 

where (8) is an approximate formula for calculating the peak 
glottal flow UP (see further [19]), assuming an average slope 
between the glottal opening and the peak flow of (2/π)EI. 

By substituting Tp with 1/(2FG) in equation (8), an ex-
pression for FG can be obtained based on amplitude measures 
as follows: 

 FGa = (1/π) (EI /UP) (9) 

An alternative to FG is RG which is FG normalised to the 
fundamental frequency, i.e. RG = FG/ƒ0.  Thus, RG can be 
estimated from amplitude measures and ƒ0 according to: 

 RGa = (1/π) (EI /UP)/ƒ0 (10) 

Glottal skew 
If we define the duration of the closing phase of the glottal 
cycle as Tn = te – tp (see Figure 1), we can obtain a measure 
corresponding to glottal pulse asymmetry, RK = Tn/Tp.  Note 
that an increase in RK corresponds to a more symmetrical 
pulse.  Alternatively, the inverse of RK would provide a value 
directly proportional to the degree of glottal skew.  This is 
sometimes referred to as the ‘speed quotient’  (e.g., [6,20,21]), 
SQ = 1/RK.  

Using the declination time, Td = UP/EE, as an approxi-
mation of the duration of the closing phase Tn, i.e. Tn ≈ Td, and 
the expression given by equation (7) as an approximation of 
the duration of the opening phase (Tp), we obtain a skew 
parameter based on amplitude measures as follows: 

 RKa  = (2/π) (UP/EE)/ (UP/EI) = (2/π) (EI /EE) (11) 

Open quotient 
The open quotient is the proportion of the glottal cycle for 
which the glottis is open.  However, the OQ measure that we 
have typically used in our analyses is defined as the time 
interval from glottal opening (to) to the main glottal excitation 
(Te = te – to) normalised to the fundamental period (T0 = 1/ƒ0): 

 OQ = Te/T0 = (Tp + Tn)ƒ0   (12) 

This definition excludes the duration of the return phase after 
the main excitation: including this duration would be closer 
to the basic concept of the open quotient, but data would be 
highly dependent on RA.   

As in the case of the amplitude-based glottal skew para-
meter, we use Tp ≈ (π/2)(UP/EI) and Tn ≈ UP/EE.  Inserting 
these approximation into equation (12) results in the following 
expression for OQ: 

 OQa = UP(π / (2EI) + 1/EE)ƒ0 (13) 
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Figure 3: Mean values for time- (white columns) vs. ampli-
tude-based (shaded) measures of RG, RK and OQ for the lax 
(L) and tense (T) tokens (SD = vertical line through mean). 

7. Results I I : time vs. amplitude measures 

It should be pointed out here that the EI data (like the UP 
data, see Section 3), were not taken from the fitted LF-model, 
but were measured directly from the waveform.  This was 
done to avoid the results being biased by the internal con-
straints of the LF-model parameters.  EI was simply measured 
as the highest positive amplitude of the differentiated glottal 
flow pulse.  

Figure 3 compares RG, RK and OQ with the corre-
sponding parameters derived from amplitude measures (and ƒ0 
in the case of RG and OQ), RGa, RKa and OQa.  There is 
generally a reasonably good correlation between the derived 
parameters and the corresponding ones determined directly 
from time-based measures. RG and RGa are particularly 
strongly correlated (r = 0.88).  The correlation coefficient for 
OQ and OQa was 0.76, whereas the correlation between RK 
and RKa was considerably lower (r = 0.54).   

This may suggests that the formula for determining the 
duration of the opening phase of the glottal pulse is more 
accurate than the assumption that the closing phase corre-
sponds closely with the declination time Td. However, we 
cannot draw any firm conclusion on the basis of these data.  
For instance, the lower correlation between RK and RKa is 
mainly due to the substantially higher value for RKa for the 

very high-pitched tokens T4 and T5.  Furthermore, it should 
be noted that these data are not the most appropriate to test the 
effectiveness of the amplitude-based parameters, as the 
recordings were not done under ideal conditions for accurate 
estimates of timing events.  The time-based measures may not 
be fully reliable due to phase distortion. Further analysis is 
necessary using more extensive data, recorded under the 
required conditions. 
 

8. Conclusions 

In this study we present voice source data for a small number 
of utterances with tense or lax voice quality having ƒ0 values 
covering a wide range.  Data were compared for the AQ and 
NAQ parameters, which are amplitude-based measures of the 
glottal pulse declination time, non-normalised or normalised 
to the fundamental period respectively.  The results suggest 
that the non-normalised AQ parameter is more effective in 
differentiating between the tense and lax tokens, at least when 
ƒ0 spans a wide range of values, as in the present data.  

In contrast, Alku et al [3] 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.  Unfortunately, no ƒ0 data were presented, 
but, given the controlled nature of the recordings, it seems 
unlikely that there were large variation in ƒ0 across the 
phonation types. It may be the case that NAQ captures the 
relative degree of voice tenseness/laxness when data are 
compared across different speakers (e.g., male-female) with 
intrinsically different ƒ0 ranges (and consequently different 
AQ ranges).  However, the present data suggest that within the 
speech of a single speaker, NAQ is only likely to be a reliable 
indicator of tenseness/laxness when the ƒ0 variation is within a 
more limited range.   

The large ƒ0 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), which in our 
past analyses was found to be a good indicator of the tense–
lax dimension. The non-normalised measure of the return 
phase, Ta, is considerably more effective in its separation of 
the tense–lax tokens.  Indeed, Ta is highly correlated with AQ 
in our data. 

We have not yet looked at the effect on these parameters 
when other dimensions of voice quality variation come into 
play, such as creakiness, harshness, whisper and falsetto.  It 
seems unlikely that a single parameter will be sufficient to 
differentiate between a large range of voice qualities.   

An extended set of parameters have been proposed, 
derived from three glottal amplitudes: EE, UP and EI.  For 
most of the data analysed here, there was a reasonably strong 
correlation between the amplitude-based parameters and their 
corresponding time-domain equivalents. However, more 
extensive analysis is required (using data recorded under the 
critical conditions essential for accurate time domain 
measurements) in order to draw definite conclusions regarding 
their effectiveness in predicting the glottal waveshape.  In this 
context we are also currently exploring the transformed set of 
LF parameters proposed by Fant (e.g., [9,10,22]) where the 
global Rd parameter is used as the basis for obtaining a full set 
of LF-parameters. 
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