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i3 Abstract 

To date, while much attention has been paid to the estimation and modelling of 
the voice source (i.e. the glottal airflow volume velocity), the measurement and 
characterisation of the supraglottal pressure wave have been much less studied. 
Some previous results have unveiled that the supraglottal pressure wave has 
some spectral resonances similar to those of the voice pressure wave. This makes 
the supraglottal wave partially intelligible. While the explanation for such effect 
seems to be clearly related to the reflected pressure wave travelling upstream 
along the vocal tract, the influence that non-linear source-filter interaction has 
on it is not as clear. This paper provides an insight into this issue by comparing 
the acoustic analyses of measured and simulated supraglottal and voice waves. 
Simulations have been performed using a high-dimensional discrete vocal-fold 
model. Results of such comparative analysis indicate that spectral resonances 
in the supraglottal wave are mainly caused by the regressive pressure wave that 
travels upstream along the vocal tract and not by source-tract interaction. On 
the contrary and according to simulation results, source-tract interaction has 
a role in the loss of intelligibility that happens in the supraglottal wave with 
respect to the voice wave. This loss of intelligibility mainly corresponds to 
spectral differences around the frequency of the second formant. 

Keywords: Speech analysis; Biomedical acoustics; Biomechanical modelling; 
Voice production modelling & simulation. 

1. Introduction 

Voice production is frequently modelled as a source-system model [1] in 
which the larynx acts as a source producing a glottal airflow which is subse
quently processed by the vocal and nasal tracts (i.e. the system or filter) to 



produce a radiated pressure wave at the lips. The glottal airflow, that is, the 
volume of air that goes through the glottis per time unit (glottal airflow volume 
velocity) is also named as the voice source, and it is closely related to vocal fold 
vibration [2]. For this reason, knowing it becomes interesting for many applica
tions of voice analysis. However, since the larynx cannot be separated from the 
vocal tract, the actual voice source cannot be measured; instead, it has to be 
estimated. Such estimation can be based on the voice pressure wave measured 
at the output of the lips (voice wave) [2], on measurements of mouth airflow 
volume velocity [3] or on combining information obtained from the voice wave 
and from other signals, such as the electroglottogram [4]. 

Furthermore, even in the event that the larynx could be somehow separated 
from the vocal tract, the voice source could not be measured either. This is due 
to the non-linear interaction that happens between the larynx and the vocal 
tract [5]. Physically, such interaction is related to the fact that the air pressure 
variations immediately above the larynx (i.e. the supraglottal pressure wave, or 
supraglottal wave for short) pose a contour condition to the flow of air across 
the glottis. Mathematically, this contour condition can be taken into account by 
considering the value of the regressive pressure in the calculation of the glottal 
airflow volume velocity (e.g. equation 33 in [6]). 

In spite of voice source and supraglottal wave being closely related, while 
much attention has been paid to the estimation and modelling of the voice source 
[2], the measurement and characterisation of the supraglottal wave have been 
much less studied. Cranen and Boves proposed a method for in vivo measuring 
of pressure at different levels along the voice production system [7]. They de
vised a procedure for the calibration of pressure transducers and, based on their 
measurements, they concluded that the load impedances posed by vocal tract 
and trachea on the glottis had an effect on the skewing of the voice source. A 
simpler but similar procedure based on using nasal catheters for introducing the 
transducers in the pharynx had been previously used by Lisker to characterise 
the relation between supraglottal and intraoral pressures in the production of 
English stops [8]. He concluded that articulation, particularly the production of 
stops in /p,t,k/ and /b,d,g/, was not independent from supraglottal pressure. 

More recently, Evdokimova et al used a microphone, also mounted on a 
nasal catheter, to record the supraglottal wave synchronously to an outer mi
crophone measuring the voice wave [9]. Their results indicated that the spectral 
resonances present on the supraglottal wave were affected by articulation in 
the case of Russian vowels. In [10], Evgrafova et al reported on a perceptual 
experiment carried out with the same supraglottal and voice wave recordings 
as in [9]. The analysis of those results confirmed that the supraglottal wave 
had some spectral resonances similar to those of the voice wave, and that these 
had the effect of making the supraglottal wave partially intelligible, at least in 
what refers to the identification of vowels. According to the conclusions of the 
perceptual experiments reported by Dubno and Dormán [11], such a limited 
loss of intelligibility in vowels should be related to the first formant remaining 
unaltered to a great extent. 

While a priori the explanation for the presence of spectral resonances on 



the supraglottal wave can be a t t r ibuted to the effect of the reflected pressure 
wave travelling upstream along the vocal tract , it presently remains unknown 
whether non-linear source-filter interaction plays a relevant role in this event. 
In this paper, an insight into this issue is provided by comparing the acoustic 
analyses of measured supraglottal and voice waves with results obtained from 
simulating these signals using the discrete multiple-mass simulator described in 
[12]. 

2. Mater ia l s 

2.1. Acoustic measurements 

Voice recordings from a male and a female, both native Russian speakers, 
are available. Recordings from the female speaker correspond to four utterances 
of each one of the 6 Russian vowels: /a,e, i , i ,o,u/ . For the male speaker, only 
two utterances per vowel are available. For each utterance, the voice wave was 
measured at the output of the lips using a head-mounted microphone (AKG 
HSC20). Simultaneously, the supraglottal wave was measured by inserting a 
miniature waterproof microphone (QueAudio, 2.3 mm diameter) through the 
nasal cavity. All recordings were sampled at 44,100 Hz and had a precision of 
16 bits [9, 10]. 

Figure 1 shows a pair of synchronously measured supraglottal and voice 
waves corresponding to the female speaker. Two significant features can be 
noticed in the supraglottal signal. Firstly, it has a low frequency component, 
somewhat of a baseline drift, probably a motion artefact due to the miniature 
microphone not being at a fixed position relative to the centre of the larynx. 
Secondly, the signal waveform has a sort of saturat ion which implies clipping of 
its most prominent peaks, be them either positive or negative. This is due to 
the fact tha t the maximum sound pressure level (SPL) tha t can be measured 
by the microphone is 130 dB (63 Pa) , while for typical phonatory set-ups the 
supraglottal pressure reaches peak pressure values in the vicinity of 6 cmH2 0 
[7, 8], i.e. approximately 590 Pa. The simulated supraglottal wave shown in 
Figure 2 has lower peak values (182 Pa) , but its root mean square value is in the 
range of 100 Pa, which corresponds to SPL « 134 dB, still beyond the dynamic 
range of the microphone. Figure 1 shows tha t for moderate amplitudes of the 
voice wave only the greatest peaks of the supraglottal wave are affected by this 
kind of distortion, while for higher amplitudes less significant peaks become 
affected too. Such peak-clipping has little impact on speech intelligibility and 
its main spectral effect is a flattening of the signal's spectrum. A deeper insight 
into this issue is provided in the Appendix. 

2.2. Perceptual tests 

The recordings corresponding to the supraglottal waves were played for 25 
listeners, among which 5 were experts in phonetics and 20 were naive listeners 
[10]. The expert listeners correctly recognised almost all the vowels, except 
for some confusions between / i / and / i / . The naive listeners reported acoustic 



Figure 1: Acoustic wave recordings corresponding to one phonation of vowel / a / performed 
by the female speaker: supraglottal (top) and voice (bottom) waves. 

differences in the sounds corresponding to different vowels and they were able 
to correctly identify vowels / a / , / e / and / i / in the majority of cases. However, 
there were frequent confusions between / i / , / i / and /u / , and also between / e / 
and / o / . 

3. Methods 

3.1. Simulation 

The voice production simulation model described in [12] was used to simulate 
the production of one open vowel ( /a/) , one closed front vowel (/i/), and one 
closed back vowel (/u/). The vocal tract area functions used for simulation were 
the ones corresponding to individual TB in [13]. For each vowel, two simulation 
modes were implemented: coupled and uncoupled. In the coupled mode, the 
regressive pressure wave p^l: coming upwards from the vocal tract, affects the 
voice source. This is modelled by making the calculation of the glottal airflow 
volume velocity ug dependant on the magnitude of such regressive wave. This 
dependency has the form indicated by equation (23) in [12]: 

(1) 

In the uncoupled mode the glottal flow is made independent of the regressive 
pressure waves coming upstream from the vocal tract. This is achieved by 
making the variable p^ equal to 0. Conceptually, this means that the simulated 
larynx behaves as if its outgoing airflow was transmitted to an infinitely wide 



Figure 2: Voice wave(top) and supraglottal wave (bottom) obtained from simulation of vowel 
/ u / in coupled mode. 

open space. In this set-up, the vocal tract does not interact with the larynx 
and the voice source only depends on the subglottal pressure p^ b and some 
geometrical parameters describing the configuration of the vocal folds. Equation 
(23) in [12] is simplified to the following form: 

Independence between glottal flow and vocal tract is a key assumption on 
which the source-filter model of voice production is grounded [1]. 

Figure 2 shows one fragment of a voice wave simulated in the coupled mode 
with its corresponding supraglottal wave. 

3.2. Acoustic signal processing 

Each pair of recordings corresponding to the same utterance has been time-
aligned to compensate for the delay in the propagation of the acoustic wave from 
the larynx to the lips and to the outer microphone. Alignment was performed 
by looking for the maximum in the cross-correlation between both signals. Af
ter that, a frame having a duration of 0.5 s was extracted from each pair of 
recordings, corresponding to the central part of the utterance. 

For the sake of comparison of signals in spectral domain, the spectral en
velope of each signal was estimated using the non-parametric Blackman-Tukey 
method [14, p.879] with a frequency resolution of 75 Hz. The Blackman-Tukey 
method is based on calculating the Fourier transform of the estimated autocor
relation of the signal. Setting a resolution in spectral domain to 75 Hz implies 



that the autocorrelation has to be estimated only for time lags shorter than 
yg « 13.3 ms. For a signal duration equal to 0.5 s, this means keeping only the 
autocorrelation estimates with the lowest variances, thus discarding estimates 
with the highest variances that correspond to the longest time lags [15, p.569]. 

Formant positions were estimated for voice and supraglottal waves using the 
algorithm described in [16]. Formants not correctly estimated were discarded 
after visual inspection. 

4. Results 

4-1. Analysis of simulated glottal flow 

Figure 3 depicts the glottal flows resulting from the simulation of the pro
duction of vowels / a / and / i / , in both the coupled and the uncoupled modes. 
In addition to the time-domain waveforms, their spectrum estimates have been 
included in the figure. The two dominant effects of the coupling between the 
larynx and the vocal tract are the increased skewness on the glottal flow wave
form and a reduction in the fundamental frequency. The increased skewness 
is consistent with the findings of Childers and Wong [17] after a joint analysis 
of the voice source, estimated by inverse filtering, and the electroglottographic 
signal. The reduced fundamental frequency is in agreement with the results of 
the theoretical analysis and simulations reported by Titze [5]. The fact that 
the effects of source-tract interaction were more relevant in the case of closed 
vowels and narrower epilarynges [5] is consistent with the higher difference in 
fundamental frequency observed for / i / (right) with respect to / a / (left). 

As for the spectrum estimates, no relevant differences can be noticed between 
the coupled and uncoupled modes. As a consequence, the presence of resonances 
in the supraglottal acoustic wave does not seem to be attributable to the effect 
of source-tract interaction on the voice source. In other words, the glottal flow 
does not exhibit spectral resonances, even when simulations are run in coupled 
mode. This implies that resonances present in the supraglottal wave are not 
caused by corresponding resonances in the voice source. 

4-2. Analysis of the simulated acoustic signals 

Figure 4 shows the spectrum estimates of the acoustic signals, both the 
supraglottal and the voice waves, corresponding to the simulated vowels / a / , 
/ i / , and /u / . In general terms, the spectral tilt is very similar for the supra
glottal and the voice waves, both in the coupled and the uncoupled modes of 
simulation. This is coherent with the fact that spectral tilt is mainly affected 
by the voice source (Figure 3) and not by the propagation of the pressure wave 
along the vocal tract. Another common feature of all results, except for / a / 
in the uncoupled mode, is that the spectrum on the supraglottal wave becomes 
flatter than that of the voice wave at frequencies above 2,000 Hz. Moreover, 
except for /u / , the supraglottal wave spectrum is flatter for the coupled mode 
than for the uncoupled mode. 
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Figure 3: Glottal flow corresponding to the simulation of vowels / a / (left) and / i / (right), 
both in the coupled and uncoupled modes: waveforms (top) and their corresponding estimated 
spectra (bottom) calculated using the Blackman-Tukey method. 

Prom the point of view of the intelligibility of vowels, the positions of the 
first two formants are critical. The simulation results for / i / and / u / show that 
the spectra of the supraglottal and voice waves is very similar for frequencies 
below 1,000 Hz. Therefore, the first formant (Fl) is similar for both signals. 
In the case of / a / , the low-frequency part of the spectrum is more different for 
both signals. However, the supraglottal wave spectrum still has its highest peak 
near the highest resonance of the voice wave, although the precise frequency at 
which the peak is placed may be different. As for the second formant (F2), whose 
frequency typically ranges approximately from 900 Hz to 2,500 Hz, it lies in a 
frequency interval for which the differences the supraglottal and voice spectra 
are relevant. As a consequence, F2 may be shifted or even disappeared in the 
supraglottal spectrum. Resonances above 2,000 Hz are more attenuated in the 
supraglottal wave for the coupled mode of simulation (left graphs in Figure 4). 
This is likely to affect F2 in the case of / a / and / i / , while in the case of / u / F2 
should be less affected, since it happens at lower frequencies. 

The presence of peaks or resonances in the spectral envelope of the supra
glottal signal, especially for frequencies around Fl , is related to the fact that 
listeners can identify vowels when hearing it. The peaks in the supraglottal spec-
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Figure 4: Spectrum estimates of the simulated voice and supraglottal waves corresponding to 
vowels / a / (top), / i / (middle), and / u / (bottom), both in the coupled (left) and uncoupled 
(right) modes. 

trum simulated using the uncoupled mode indicate that these resonances are not 
due to the interaction between glottal source and vocal tract, but to the regres
sive wave coming upstream the vocal tract which sums to the progressive wave 
coming from the larynx to result in the supraglottal pressure wave. However, 
the simulation results also indicate that the position of F2 in the supraglottal 
wave can be more different from that of the voice wave for the coupled mode of 
simulation. This implies that the non-linear source-tract interaction negatively 
affects the intelligibility of the supraglottal wave. 

From another point of view, the spectral flattening that occurs at high fre
quencies in the supraglottal wave with respect to the voice wave may also con
tribute to the loss of intelligibility. Yet, this effect is of secondary importance 
when compared to the distortions in F l and, to a greater extent, in F2. 

4-3. Analysis of measurements 

Figure 5 depicts the estimated spectra for the recorded supraglottal and voice 
signals corresponding to vowels / a / , / i / , and / u / and to the female speaker. The 
spectral flattening effect observed in Figure 4 can only be noticed here in some 
cases; therefore it is to be discarded as a plausible cause of the perceptual effects 
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Figure 5: Spectrum estimates of the measured female voice and supraglottal waves corre-9 
sponding to vowels / A / (top), / I / (middle), and / U / (bottom). 
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mentioned in section 2.2. Furthermore, this also suggests that the impact of peak 
clipping in the supraglottal wave is not relevant for this analysis. Regarding the 
positions of F l and F2 in the supraglottal and voice signals, the same effects as 
in Figure 4 can be observed in Figure 5: 

• The spectrum around Fl (below 1,000 Hz) is almost coincident for the 
supraglottal and the voice signals in the case of / i / and /u / , while the 
differences are noteworthy in the case of / a / . 

• For both vowels, noticeable differences between both spectra happen above 
1,000 Hz (2,000 Hz in the case of / a / ) , hence affecting the position of F2. 

A similar behaviour can be observed in the case of the male speaker (Figure 
6), although the dissimilarities between supraglottal and voice spectra at low 
frequencies for vowel / a / are less remarkable than in the case of the female 
speaker and the higher-frequency discrepancies happen above 1,000 Hz for all 
three vowels. 

Fig. 7 shows the difference between supraglottal and voice waves of the 
female speaker in terms of the positions of F l and F2. The same plot corre
sponding to the male speaker in in Fig. 8. Overall, it can be appreciated that 
the position of F2 changes much more than the position of Fl , especially in 
the case of closed vowels (/i/, / i / and / u / ) . Furthermore, the positions of these 
vowels in the F1-F2 plane become very close for the supraglottal wave. This can 
well explain the difficulties of the listeners to discriminate among these vowels. 
The same effect can be observed in the case of / e / and / o / but their positions 
stay more separated, which means a higher degree of intelligibility. Last, some 
recordings corresponding to vowel / a / experience the greatest changes in F l 
from the voice to the supraglottal signals. But the magnitude of such changes is 
not enough for the values of F l to become overlapped with those corresponding 
to / e / . 

5. Conclusions 

A comparative study of the supraglottal and voice pressure waves has been 
presented in this paper. Both simulated and measured signals have been anal
ysed with the purpose of finding an explanation for the perceived similarities 
and differences between both waves. 

Listeners find that diverse phonemes can be discriminated when listening 
to the supraglottal wave, although some mistakes may be made in their iden
tification. The discrimination among vowel phonemes is related to the spectral 
resonances that are present in the supraglottal wave. However, the spectrum 
of the simulated voice source does not exhibit such resonances, neither when 
source-tract interaction is modelled, nor when it is not modelled. These results 
suggest the conclusion that spectral resonances in the supraglottal wave are 
mainly caused by the regressive pressure wave that travels upstream along the 
vocal tract. 
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Figure 7: Differences in the positions of F l and F2 corresponding to the six vowels uttered 
by the female speaker. Arrows begin at the points corresponding to the voice signal and have 
their head pointing to the points corresponding to the supraglottal wave. Ellipses indicate the 
approximate position of Russian vowels in the F1-F2 chart, according to Fig. 2 in [18]. The 
sign "ui" corresponds to vowel / i / . 
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Figure 8: Differences in the positions of F l and F2 corresponding to the six vowels uttered 
by the male speaker. Arrows begin at the points corresponding to the voice signal and have 
their head pointing to the points corresponding to the supraglottal wave. Ellipses indicate the 
approximate position of Russian vowels in the F1-F2 chart, according to Fig. 2 in [18]. The 
sign "ui" corresponds to vowel / i / . 



Although listeners can discriminate among different phonemes, there is a 
relevant degree of confusion among / i / , / i / and / u / and, to a lesser extent, 
between / e / and / o / . This is related to the differences that happen between 
supraglottal and voice waves in the frequency of F2. Such differences have 
been consistently identified in measured and simulated voices, so the probability 
that they have been significantly affected by the measurement process is low. 
Furthermore, simulation results indicate that the spectral differences in the 
frequency range corresponding to F2 are enhanced by source-tract interaction. 

While some differences in F l also happen, these are more relevant for open 
vowels, which are the least confused ones. Therefore, differences in F l between 
supraglottal and voice waves are not likely to be the main cause of the reduced 
intelligibility. Moreover, the fact that listeners can distinguish between front 
vowels when hearing the supraglottal wave and the findings reported by Dubno 
and Dormán [11] also suggest that changes in F l are not relevant enough in this 
case. 
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Appendix A. Spectral effect of signal clipping due to microphone 
input saturation 

Peak clipping is a non-linear effect that happens when the input signal of 
a microphone has a dynamic range larger than that of the microphone itself. 
Due to the non-linear nature of peak clipping, it is not possible to associate it 
to a given frequency response. On the contrary, its effects on signal's frequency 
components can only be inferred from either simulation or measurement results. 
For instance, experiments carried out by Licklider and Pollack [19] indicate that 
peak clipping affects sound in terms of quality and timber but that intelligibility 
remains only moderately affected, even in the extreme case in which the signal 
is transformed into a bivalued (±1) square signal. Rabiner and Schafer state 
that peak clipping has the effect of flattening the spectral envelope of the signal 
[1, p.150]. This effect has been exploited by some researchers for the spectral 
analysis of voice signals [20]. 

In order to have an insight into the spectral effect of peak clipping on the 
specific set of signals used in this paper, a peak-clipping operation has been 
applied to a measured voice wave v (t). The peak-clipping operation corresponds 
to the following equation: 

vclip (t) = tanh (^f) • 9 (A.l) 
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Figure A.9: Effects of peak clipping on signal waveform (top) and on its estimated spectrum via 
non-parametric (middle) and parametric (bottom) algorithms. The thick line corresponds to 
the original signal v (t) ( V (/) in spectral domain). For the distorted signals, the value of 9 in 
A.l is specified in the legend. Non-parametric estimation is according to the Blackman-Tukey 
method [14, p.879] with a frequency resolution of 25 Hz. Parametric estimation corresponds 
to discrete all-pole modelling [21] with model order 45. 

Figure A.9 shows the effects of applying the clipping operation A.l in spec
tral domain. As the value of 0 departs from 1, the spectral envelope tends to 
flatten. This effect is more easily noticeable in the parametric estimation of the 
spectrum (bottom graph), especially for 0 = 0.2. However, the resonant fre
quencies below 3000 Hz remain almost unchanged, which is coherent with the 
expectancy that intelligibility is not greatly affected by peak-clipping. There
fore, the effect of peak-clipping in this case is as expected: spectrum flattens 
but resonant frequencies remain stable. 
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