








































Figure 3. A sagittal section showing the organs 
that are involved in speech production.

Subglottal pressure (Psb) is the pressure below the glottis, oral pressure (Por) is the

pressure above the glottis, and transglottal pressure (Ptr) is the difference between Psb

and Por: Ptr = Psb - Por. 
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Ladefoged, 1967; Lieberman, 
1967; Shipp & McGlone, 1971; Hixon et al., 1971; Col-

lier, 1975; Baer et al., 1976; Atkinson, 1978; Baer, 
1979; Shipp et al. 1979; Gelfer et al.,

1983; Baken & Orlikoff, 1987; Gelfer, 1987; Titze & Durham, 1987). An increase in

Psb also 
leads to an increase in IL (Müller, 1843; Rubin, 1963; Isshiki, 
1964; Bouhuys

et al., 
1968; Baer et al., 1976). 

In addition to the pressure signals there are other factors that can influence vocal fold

vibration, 
such as the tension, elasticity, length and mass of 
the vocal folds. These fac-

tors are mainly controlled 
by the laryngeal muscles. 

Figure 4. A schematic 
lateral view 
of the larynx and three strap muscles, 
i.e. the ster-

nohyiod (SH), the sternothyroid and the thyrohyoid. The 
combined activity of these

three strap muscles influences the 
height of the larynx. The 
sternum is fixed, and thus

an increase in the activity of the SH will lower the larynx, ceteris paribus. 
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1.2.2.2 The laryngeal muscles 

The larynx is used 
both as a valve and as a voice source. 
As a valve it controls the

flow of air in or out of the lungs. If necessary, the valve can be closed to block the airflow,

as is done during great physical effort. The larynx consists 
of various cartilages, the

vocal folds, and a number of intrinsic laryngeal muscles (see Figures 4 and 5). In addi-

tion to 
the intrinsic laryngeal muscles there are the extrinsic laryngeal muscles (see

Figure 4). Both types 
of muscles are relevant to prosodic research. In the control of F0

the most important intrinsic laryngeal muscles (see Figure 5) are probably the

Figure 5. A schematic lateral view of the larynx. The arytenoids are positioned on top

of the cricoid, and the 
vocal folds run from the front part of 
the arytenoids towards the

thyroid. Cricoid and thyroid can rotate with respect to each other. If the CT is shortened

by an increase in the activity of the CT, the thyroid will be 
tilted forward. Consequent-

ly, the length and tension of the vocal folds will 
increase. All other things being equal,

this will lead to an 
increase in F0. 
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(a)

(b)

Figure 1. A graphical 
representation of (a) the 
DP algorithm, and (b) the 
five possible

step sequences (A-E) in the symmetric DP algorithm when 
the slope constraint condi-

tion is 0.5. The numbers in italics are the weighting coefficients Ck.
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interested in the (average) physiological signals 
before and after an utterance. However,

it is difficult to obtain a useful time 
registration 
path by comparing silence 
with silence.

Also, it is 
often desirable to have an exact time-alignment of a particular event in an ut-

terance to study the (average) physiological signals in the neighbourhood of this event.

Therefore, our method allows one to 
define several line-up points in an utterance, which

are time-aligned exactly; the DP algorithm is only applied between those line-up points

(Figure 2). The first line-up point is interpreted as the beginning of the utterance, and

the last one as the end of 
the utterance. Before the 
first line-up point, and after the last

line-up point, the time registration path runs diagonally (Figure 2). 

Figure 
2. A graphical representation of non-linear time-alignment, when 
three line-up

points 
are used. B indicates the 
beginning of 
the utterance, E the end and L an acous-

tic 
event near the middle of the utterance.

30 Chapter 2





signal, their time axes can be 
normalized using the warp 
functions derived from the

speech signals. 

The time-normalized or warped signal W is computed from the original signal S by

using a non-linear function Fn: W(j) = Fn[S(i)]. The calculation starts at grid point PK

= (I,J), and 
backtracks to grid point P1 = (1,1). Because only the five step sequences

given in Figure 1b are allowed, the function Fn has to be defined only for these five par-

tial paths. For time compression, step sequences D and E in Figure 1b, W(j) is obtained

by averaging over two 
and three samples, respectively. For time stretching (step sequen-

ces A and B), W(j) and preceding 
samples are obtained by linear interpolation (Figure

3). And for a single diagonal step, step sequence 
C, no local transformation of the time-

axes is made. 

Figure 3. An example of the function Fn for time stretching (step sequence A). In this

example a straight 
line is used 
as the input 
signal S, which is drawn at the bottom.

Shown is 
how linear interpolation is used to calculate the five output samples from the

three input samples. 
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Figure 4. Oscillograms of the audio signals of three repetitions of the same utterance.

Here and in 
Figures 5-9 the straight vertical line 
at 1.3 s connects the line-up points of

the individual signals.
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2.3.2 Method of linear time-alignment

Although we did not expect linear time-alignment to produce meaningful results, we

still wanted to test its 
viability. In the three upper panels of Figure 5 the time-aligned

transglottal pressure (Ptr) signals, corresponding to the audio signals of 
Figure 4, are

shown. The timing differences are very large, and the time-alignment is reasonable only

just before and after the line-up point, as reflected in the average signal 
in the bottom

trace, which becomes increasingly meaningless towards both beginning and end of the

utterance.

Figure 5. The three upper panels display the transglottal pressure signals of the three

utterances given in Figure 4. The lower panel contains the average transglottal pres-

sure signal for 29 
repetitions. 
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Figure 6 shows the average 
signals for F0, Intensity Level (IL), Ptr, Por, Psb, Vl, SH

and VOC. Especially for F0, IL and the pressure signals, it is 
apparent that the averages

are only meaningful 
in the immediate neighbourhood of the line-up point.

2.3.3 Method of 
nonlinear time-alignment and averaging 

For the method of non-linear 
time-alignment and averaging, warping functions were

calculated for all tokens using the 
 token with median length 
(2295 ms) as 
the template.

These warping functions were then used to map the physiological signals. 
Before averag-

ing the signals, we checked whether the degree of time-alignment obtained by warping

the signals was sufficient. 

Figure 6. Average 
physiological signals for 
fundamental frequency, intensity level,

transglottal pressure, oral pressure, subglottal pressure, lung volume, and electro-

myographic activity of the sternohyoid and 
vocalis muscles, obtained 
by the method

of linear time-alignment. 
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To 
that end, nine labels were placed manually in all 29 tokens at marked acoustic

events. Labelled events were releases of unvoiced plosives, one of them 
being the /k/

used as line-up point for linear 
time-alignment. This is shown in Figure 7, where the

fifth label is the /k/ used as line-up point. Away from the line-up point 
the degree of

time-alignment among the labels diminishes. As a matter of fact, the timing differences

are already fairly large for the two 
neighbouring 
labels, 4 and 6. The largest timing dif-

ferences were found at the beginning of the utterances. 

Figure 7. The labels of the 29 utterances after linear time-alignment. 
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The warping functions were then used to time-align the labels, and the result is shown

in Figure 8. Apart from some inaccuracies, all 
labels (i.e. 
the corresponding acoustic

events) seem to be aligned very well. Because the acoustic events of the whole sentence

are time-aligned by non-linear time-alignment, meaningful averaging at this stage seems

possible. 

Figure 8. 
The labels of the 29 utterances after non-linear time-alignment. 

Non-linear time-alignment and averaging 39



Median signals are plotted in Figure 9. It can 
be seen that 
the median signals are not

only meaningful near the line-up 
point, but also towards the beginning and the end of

the utterance.

Figure 9. Median physiological signals (solid lines) for fundamental frequency (F0), in-

tensity level (IL), transglottal pressure (Ptr), oral pressure (Por), subglottal pressure

(Psb), lung volume (Vl), and electromyographic activity of the sternohyoid (SH) and

vocalis (VOC) muscles, obtained by the 
method of non-linear time-alignment and

averaging. The dotted lines are a measure 
of the amount of variation (see text). 
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The median signals 
for the 29 sentence repetitions of this experiment, 
obtained with

the 
method of non-linear time-alignment, are shown in Figure 1. These signals were

used to calculate correlations between the variables of interest. In Table 
1 the correla-

tions are given 
for a long voiced interval (i.e. the third voiced interval in Figure 1), while

Table 2 contains the same correlations for all voiced frames.

Figure 1. Median 
physiological signals, obtained by the 
method of non-linear time-

alignment and averaging. Plotted 
are, from top to bottom, F0, IL, Ptr, Por, Psb, Vl, SH

and VOC.
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tained. Most of these periods pertained to vowels, but a substantial part comes from

voiced consonants. We wanted to examine the 
relation of Ee and U0 to Ptr.

The relation between Ee and Ptr is shown in 
Figure 2 . It seems as if 
this relation

shows three different regimes. The bulk of the samples (148 out of a total of 181) falls

into the category of, what we call, steady phonation. For the data of this category an ex-

ponential fit (r = 0.79, see Figure 2) 
is slightly better than a linear fit (r = 0.73). The

second category consists of the 
pulses in V-UV transitions (i.e. both V→UV and UV→V

transitions). For this category Ee is often relatively lower, compared to steady phona-

tion, especially at the beginning of voicing. On the other hand, for the vowel /a/ from

the very last syllable of the utterance, Ee is relatively higher (the reasons for treating the

utterance final syllable separately are more fully explained in Section 3.3.3). 

Figure 2. Scatterplot of Ee and Ptr. The regression line for the exponential fit for the

data of 
the category 
“steady phonation” is: Ee = 6.1 ∗  10 
0.174 * Ptr

, r = 0.79, N = 148.

In Figures 2, 3 and 
4 the data are divided in 
three categories: steady phonation (+),

V↔UV transitions (O) and /a/ (❒ ). Ee and U0 
values are always given relative to the

maximum observed value for each quantity.
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The correlation between U0 and Ptr is depicted 
in Figure 3. 
Again, for the data of the

category “steady phonation”, an exponential fit (r = 0.72, see Figure 3) is somewhat bet-

ter than a linear fit (r = 0.65). The data for the vowel /a/ of the last syllable 
still deviate

considerably from the regression line, while the 
data for V-UV transitions 
are scattered

on both sides of the regression line.

From a look at the 
spectra of the glottal flow waves it is immediately 
apparent that

the spectral slopes in the 
three regimes are quite different. In the pitch pulses taken from

vowel onsets and from the final stressed syllable the spectral tilt is much steeper than

in the 
central pitch periods of the vowels taken from the beginning and 
middle of the

utterance. The slope 
difference is more than large enough to have clear perceptual con-

sequences. Thus, the observed differences in voice quality are of sufficient interest to

take 
them into account in the description of speech production and to 
model them in

high quality speech synthesis.

Figure 3. Scatterplot of U0 and Ptr. The regression line for the exponential fit for the

data of 
the category 
“steady phonation” is: U0 = 12.7 ∗  10 
0.130 * Ptr

, r = 0.72, N = 148.
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Although Ee and U0 appear as 
separate parameters in the LF-model, they are not un-

related themselves, since Ee is dUg at the moment of major excitation. Thus, if U0

increases, Ee should also increase, 
everything else being equal. Therefore, we looked at

the relation between Ee and U0, 
which is shown in Figure 4. For steady 
phonation the

correlation between Ee and U0 is very high (viz. 0.80). Apparently the effect of other

parameters (like T0, skewness, and duty cycle) on 
this relation is not large in “normal”

speech.

3.3.3 The utterance final syllable

Towards 
the end of the utterance F0, IL, Ptr and Psb decrease substantially, while

there is a marked increase in the SH activity during the last syllable (see Figure 1). This

phenomenon, the so 
called final 
fall, has been observed often (Collier, 1975; Maeda,

1976; Strik & Boves, 1989). Presumably, the larynx returns to 
its rest position, and the

lowering of the larynx already starts before phonation has stopped (Maeda, 1976). One

Figure 4. Scatterplot of Ee and U0. The regression 
line for the 
linear fit for the data of

the category 
“steady phonation” is: Ee 
= 4.9 + 0.75 ∗  U0, r = 0.80, N = 148.
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The disadvantage of using such a conservative criterion is that a lot of data have to be

discarded, but the advantage is that the risk of errors in the final data is reduced. We are

convinced that keeping more of the 
data for the 
consonants and onsets/offsets would not

have changed our results and 
conclusions. 

4.3 Results

Figure 
2 shows the audio signal, 
the automatically calculated inverse filter results,

and the automatically obtained fits for five consecutive pitch periods of a vowel /e/. The

differentiated flow signals often contain a pronounced ripple. It is clear from this figure

that attempts to measure the LF-parameters directly from the raw dUg or Ug signals

would result in noisy estimates. For instance, the 
maximum of dUg (Ei) 
and the place

of this maximum (Ti) 
are to a large extent determined by the ripple. By fitting an LF-

model 
to the data the measurements are made more robust. The fit procedure is almost

always 
able to find 
a combination of LF-parameters that generates a model signal that

closely resembles 
the measured 
flow signal. 

Figure 2. Results of the automatic fitting procedure for five periods of a vowel /e/. Shown

are, from top 
to bottom, audio signal, glottal flow derivative (dUg, solid line) with fitted

signal (dotted line) and glottal flow (Ug, solid line) with fitted signal (dotted line). 
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In Figure 3 the median values of the most relevant parameters are given for a voiced

interval of one of the utterances. For some pitch periods the median values of all LF-

parameters are -1, indicating that for the majority of the 25 combinations the fit was not

successful for these 
periods. There are two factors that could hinder a good fit. Some-

times the estimate of the vocal tract transfer 
function was 
not correct, 
in which case

inverse filtering did 
not yield a flow signal that resembles 
an LF-pulse even remotely.

However, there were also cases in which inverse filtering produced a 
reasonable es-
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Figure 3. Results for 
a voiced interval to illustrate the behaviour of the voice source

parameters. Given are, from top to bottom, phonetic transcription, audio 
signal, trans-

glottal pressure (Ptr), median values of U0, Ee, Int, T0, Ta and Tn. Although /p/ is

phonologically an unvoiced plosive, it can be 
observed that voicing continues in this

utterance. 
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5.4 Results

5.4.1 Natural speech

The 
data used in 
the current chapter are obtained by applying the two methods to a

natural utterance with a 
length of about 2.5 seconds. In Figure 
4 the audio signal of part

of 
the utterance is shown, together with T0 and 
the four LF-parameters as 
calculated by

the two methods.

Figure 4. Audio signal and the LF-parameters calculated by the 
two methods. 
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In Figure 5 it can be 
seen that low-pass filtering and fitting mainly influences the ex-

citation strength and the 
return phase. The effects 
are clear for a synthetic 
glottal pulse

(as in Figure 5), but the same effects occur for the inverse filtered signals derived from

the speech 
signals. In order to calculate the true values of the voice source parameters,

a correction is mandatory after 
the two methods have been 
applied. The 
amount of the

two 
corrections can be calculated from synthetic speech 
and should be verified for

natural speech. In the following part we will only test the similarity of 
the reference

parameters (set 0) and the parameters obtained 
by means of the two methods (sets 1 and

2). 

In Figure 5 one can see that the reference signal and the source signals 
obtained with

the 
two methods from the synthetic speech signal are very much alike. A regression

analysis 
on the voice 
source parameters was done to test the 
degree of resemblance. The

results are given in Table 1.

Figure 5. Shown are from top to 
bottom: two periods of the DEC-talk voice source for

a consonant 
/l/, the low-pass filtered source signal, the reference signal, and the source

signals calculated from the synthetic speech signal by methods 1 and 2. 
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