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Abstract 
Objectives: The theory of non-linear source-filter interaction predicts that the glottal 
voice source should be affected by the frequency relationship between formants and 
partials. An attempt to experimentally verify this theory is presented.  
Study design: Glottal voice source and electrolaryngograph (ELG) signal differences 
between vowels were analyzed in vowel sequences, sung at four pitches with the 
same degree of vocal loudness by professional opera singers. Also, the relationships 
between such differences and the frequency distance between the first formant (F1) 
and its closest partial were examined. 
Methods: A digital Laryngograph microprocessor was used to simultaneously record 
audio and ELG signals. The former was inverse-filtered and voice source parameters 
and formant frequencies were extracted. The amplitude quotient of the derivative of 
the ELG signal (AQdELG) and the contact quotient were also compared.  
Results: A one-way repeated measures ANOVA revealed significant differences 
between vowels, for contact quotient at four pitches and for MFDR at three pitches. 
For other voice source parameters, differences were found at one or two pitches 
only. No consistent correlation was found between MFDR and the distance between 
F1 and its closest partial. 
Conclusions: The glottal voice source tends to vary between vowels, presumably 
because of non-linear source-filter interaction, but the variation does not seem to be 
dependent upon the frequency distance between F1 and its closest partial.  
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Introduction 
According to classical singing pedagogy some vowels can be produced more easily 
than others at a given pitch1. This seems to contradict the classical source-filter 
theory of voice production, predicting that the glottal airflow is independent of vocal 
tract resonances, i.e., formants2. Rather, it supports the assumption that the glottal 
airflow is affected by the formants due to non-linear source-filter interaction3, 4.  

The theory of non-linear source-filter interaction in voice production has been 
developed over the last decades5. It predicts that, when the first formant (F1) 
coincides with or crosses over a lower spectrum partial, voice instabilities may occur, 
e.g., fundamental frequency (F0) jumps, subharmonic frequencies and changes in 
the amplitude of the voice source fundamental5, 6. Under certain conditions such 
feedback may facilitate vocal fold oscillation, i.e., elicit a more efficient conversion of 
aerodynamic to acoustic energy3. More specifically, the sound pressure level (SPL) 
of a vowel may increase by as much as 10 dB if one of the lowest harmonics is just 
below the first formant frequency. On the other hand, it may be weakened if one of 
those partials is located just above the first formant frequency5. This means that the 
interaction should be milder for male speech and greater for female and child voices. 
In male singing, however, an interaction should be likely to occur in and above the 
passaggio, i.e. E4 (± 330 Hz) to G4 (±400Hz)7.  

The theory of non-linear source-filter interaction has been tested and confirmed 
in experiments using physical models, computer simulation8, excised larynges9, 10 
and voice source analysis in a single speaker11. For example, in model experiments 
with a simplified two-mass model connected to a straight tube, sub-harmonic 
vibrations and deterministic chaos were observed when F0 and F1 coincided12. The 
theory has also been tested in experiments. For example, Titze and associates 
(2008) had 18 subjects, none of whom had extensive vocal training, perform vocal 
exercise where F1 was passed by a partial. In many cases various types of F0 
disturbances, such as pitch jumps, and bifurcations, were observed when a partial 
was close to the first formant5. Moreover, using electrolaryngography (ELG), a non-
invasive tool for documenting vocal fold contact13, differences have been observed in 
contacting and de-contacting events between different  spoken vowels; both the open 
quotient and the speed quotient differed14. 

In singing, control of the vocal output is important, so uncontrolled pitch jumps 
and other instabilities would be totally unacceptable. One way to circumvent them 
would be to avoid the situation that a partial is just above F1. However, the effects of 
the frequency relations between F1 and its closest partial have not been measured in 
singers, neither with respect to the flow glottogram of different vowels, nor with 
respect to the ELG waveform. Hence, it seemed worthwhile (1) to compare voice 
source parameters between vowels and (2) to investigate whether vowel differences 
between such parameters could be explained by source-filter non-linear interaction. 
In particular, we tested if the vocal tract excitation, i.e. the maximum flow declination 
rate (MFDR), was greater when the frequency distance between F1 and its closest 
partial, henceforth Minimum(F1-n*F0), was positive, i.e., when F1 was just above the 
closest partial, and smaller when it was negative, i.e., when F1 was just below its 
closest partial.  

 
Method 
Eight male classically trained singers, 23–42 years old (mean 31.1, SD 6.9) with 
varying levels of professional expertise, volunteered as subjects (Table 1). They were 
asked to sing a sequence of the vowels /i, e, a, o, u/ on each of the pitches E3, G3, 



 

 

A3 and C4, keeping vocal loudness constant. Each task was repeated once. The 
pitches were given to the subjects by means of the custom made MADDE software 
(by Svante Granqvist, KTH, Stockholm, Sweden).  
 

<Please insert Table 1 about here> 
 

All recordings were made in a sound-treated studio in the Steinhardt School of 
Culture, Education and Human Development at New York University. A 
Laryngograph microprocessor (Laryngograph Ltd, London, UK) was used to record 
audio and ELG simultaneously. The former was picked up by a head-mounted 
omnidirectional electret microphone (Knowles EK3132, Knowles Corporation, Itasca, 
IL) placed at a mouth-to-microphone distance of approximately 15 cm. The sound 
level was calibrated by means of a 1 kHz sine wave, the SPL of which was measured 
next to the recording microphone by means of a sound level meter. The value 
observed was announced on the recording. Both signals were recorded using 
Laryngograph Speech Studio (Laryngograph Ltd, London, UK) software and stored 
as wav files.   

The voice source was analyzed in terms of flow glottograms derived from the 
audio signal after integration and inverse filtering. Inverse filtering is a classical 
method in voice analysis15, 16.The strategy is to eliminate the influence of the vocal 
tract resonance characteristics on the radiated sound. This is realized by filtering the 
signal by a set of filters representing the inverse of the transfer function of the vocal 
tract. The method offers information on both the glottal airflow waveform (flow 
glottogram) and on the formant frequencies and bandwidths. The accuracy is 
particularly high in cases where a partial is close to a formant, as illustrated in Figure 
1, showing the effect of setting the F2 filter 4% above and below the correct value.  

 
<Please insert Figure 1 about here> 

 
Samples of the different vowels were analyzed using the custom made Decap 

software for inverse filtering (Svante Granqvist, KTH, Stockholm, Sweden).  This 
program can be set to display waveform and spectrum in separate windows, as 
described in detail elsewhere17. The frequencies and bandwidths of the inverse filters 
are set manually and the classical equations are applied for calculating the transfer 
function that corresponds to the chosen combination of formant frequencies and 
bandwidths. The software can display the filtered voice source waveform and the 
spectrum in quasi-real time. The formant frequencies and bandwidths can be saved 
in a formant data file. Provided that the filters are correctly set, the output displays 
the waveform and spectrum of the transglottal airflow, also including effects of 
nonlinear source-filter interaction, if any.  It should be noted that inverse filtering 
yields a representation of glottal flow, but not of glottal area, since glottal area is non-
linearly related to glottal flow11, 18. Thus, only the effects of the vocal tract transfer 
function are eliminated from the input signal. The program can also display an 
additional signal, such as ELG or its derivative (dELG), which can be delayed so as 
to compensate for the time lag between the audio and the ELG signals.  

For the inverse filtering, the formant frequencies and bandwidths were adjusted 
according to three criteria: (1) ripple-free closed phase; (2) voice source spectrum 
envelope as void of peaks and valleys near the formant frequencies as possible; and 
(3) synchrony between the positive peak of the dELG and the MFDR. The last 



 

 

mentioned criterion is based on the fact that vocal fold contact must cause a sudden 
decrease of glottal airflow19.  

As mentioned, there are reasons to expect that the sound level produced is 
affected by the frequency distance between F1 and the harmonic lying closest to it, 
the Minimum(F1-n*F0). This sound level depends on the strength by which the vocal 
tract is excited by the voice source, and that strength is determined by MFDR. 
Therefore, this voice source parameter and F0 were measured using the Glottal flow 
parameter measurement tool contained in the custom made Sopran software 
(available at www.tolvan.com, last inspected September 2014). Other flow glottogram 
parameters measured by the same software were pulse amplitude, normalized 
amplitude quotient (NAQ), level difference between the first and the second harmonic 
of the source spectrum (H1-H2), and the closed quotient (QClosed). In addition, the 
contact quotient (QContact) and the amplitude quotient of the derivative of ELG 
(AQdELG) were determined from the ELG signal. The last mentioned measure was 
calculated by a novel tool, developed as a script in the Sopran software by Svante 
Granqvist. It is defined as the smoothed ratio between the amplitude of the positive 
peak of the dELG signal and the amplitude of the negative peak of the dELG signal 
multiplied by -1. Thus, it reflects how much steeper the maximum contacting speed is 
than the maximum de-contacting speed. This measure is closely related to the EGG 
speed quotient used by Marasek (1996), which, however, was based on a linear 
approximation of the EGG waveform14. 

Flow glottogram and ELG measures may differ considerably between individuals; 
for example, the same subglottal pressure would obviously produce larger pulse 
amplitudes in individuals with long vocal folds than with short vocal folds, since 
longer vocal folds produce a larger glottal area. Therefore, all glottal parameters were 
converted to z-scores.  

To test if the voice source parameters and the ELG measures varied significantly 
between vowels, a one-way within-subjects repeated-measures ANOVA was run on 
these z-score values, which is calculated as the difference between the value and the 
average of all values, divided by the standard deviation. 
 
Results 
Many flow glottograms deviated considerably from the classical form with skewed 
triangle-shaped pulses separated by horizontal portions that represent the closed 
phase. Mostly, the deviations differed between the vowels in the same sequence, as 
can be seen in the examples shown in Figure 2. The tilt of the closed phase varied 
considerably and sometimes contained a ripple or a bump that was impossible to 
cancel with realistic formant frequencies. In some cases, a bump appeared in the 
pulse, e.g., as in the vowel /o/ in the figure. 
 

<Please insert Figure 2 about here> 
 

The result of the ANOVA is shown in Table 2. QContact showed a significant 
variation for all four pitches analyzed and MFDR for three pitches. Pulse amplitude, 
H1-H2 and AQdELG showed a significant variation between vowels for two pitches, 
while NAQ and QClosed differed significantly only for one pitch.   

 
<Please insert Table 2 about here> 

 



 

 

The frequencies used for the inverse filters for F1 and F2 are shown in Figure 3. 
The subjects showed a common pattern varying with vowels in the expected manner. 
No systematic variation with pitch can be observed, except for F2, which was higher 
for the pitch C4 than for the lower pitches in some cases.  

 
<Please insert Figure 3 about here> 

 
According to the theory of non-linear source-filter interaction, the frequency 

distance between F1 and its closest partial affects the intensity that this partial has in 
the voice source; a formant just above the partial will boost its intensity, whereas a 
formant just below a partial will attenuate it6. The partial closest to F1 mostly has the 
highest amplitude in the spectrum and the SPL tends to be entirely determined by the 
intensity of that partial20, 21. The SPL, in turn, is strongly dependent on MFDR, which 
represents the strength with which the vocal tract is being excited by the voice 
source. In other words, according to the theory of non-linear source-filter interaction 
for voice, MFDR should vary systematically depending on Minimum(F1-n*F0). When 
Minimum(F1-n*F0) is small and positive, i.e., when F1 is just above the closest partial 
(inertive reactance), the amplitude of this partial should be increased. Conversely, 
when Minimum(F1-n*F0) is small and negative, i.e., when F1 is just below the closest 
partial (compliant reactance), its amplitude should be attenuated4. 

The above suggests that singers would prefer to tune F1 to a frequency just above 
its nearest partial. Figure 4 shows Minimum(F1-n*F0) for the different vowels and 
pitches. Positive values refer to cases where the F1 was higher than its closest 
partial, and vice versa. If the singers preferred to place F1 just above its closest 
partial, there would be a greater number of positive than negative values. Moreover, 
as the effect would be greatest when Minimum(F1-n*F0) is both positive and small, 
there should be a great number of low positive values. Such effects were not found; 
the number of positive values was greater than the number of negative values in five 
singers, and lower in three singers. Furthermore, few values were positive and small.  
and there was no clear difference between cases where the second and the third 
partial was closest to F1. Thus, there seemed to be no preference among these 
singers to tune F1 to a frequency just above a partial.  

 
<Please insert Figure 4 about here> 

 
Figure 5 shows each singer’s MFDR, in l/s2, for the different vowels and pitches. 

For all singers, MFDR differed considerably between vowels sung on a given pitch. 
The variation was particularly great for singer 3 and small for singer 8. In many cases 
MFDR was lower for /i/ and /u/ than for /a/.  

 
<Please insert Figure 5 about here> 

 
As mentioned, the theory of non-linear source-filter interaction predicts that vowels 

with a low positive Minimum(F1-n*F0) will be associated with higher MFDR values 
than vowels with a low negative Minimum(F1-n*F0). In both cases, the effect should 
decrease when the frequency separation between F1 and the partial increases. This 
was tested by plotting MFDR as function of Minimum(F1-n*F0), see Figure 6. In each 
panel of the figure the correlation coefficients between MFDR and the Minimum(F1-
n*F0) are listed for negative values and positive values of Minimum(F1-n*F0) 



 

 

separately. Thus, in each panel the midline represents the case when the formant 
coincides with a partial.  

 
<Please insert Figure 6 about here> 

 
In some cases, the values to the left of the midline (open circles) are lower than most 
of those to the right of the midline (filled circles). This means that, in these cases, 
MFDR tended to be lower when the formant was below its closest partial. This is in 
accordance with the theory of non-linear source-filter interaction. This theory further 
predicts that the closer the partial is to the formant, the stronger the effects should 
be; in other words, when the formant is higher than its closest partial, i.e., for 
Minimum(F1-n*F0)>0, the highest MFDR values should occur close to the midline in 
the graph. Conversely, when the formant is lower than its closest partial, i.e., for 
Minimum(F1-n*F0)<0,  the MFDR values close to the midline should be low. This 
means the correlations both to the left and to the right of the midline should be 
negative, so one would expect the MFDR values to the left of the midline in each 
panel to decrease with decreasing distance to the midline. Moreover, the values to 
the right of this line should be high close to the midline and decrease with increasing 
distance from this line. Only singers 3 and 5 showed a clear negative correlation for 
negative values of Minimum(F1-n*F0). For singers 3, and 7 MFDR increased with 
increasing positive Minimum(F1-n*F0). For positive values, none of the singers 
showed a negative correlation. These findings suggest that non-linear source-filter 
interaction did not explain why MFDR differed significantly between vowels.  

One might assume that AQdELG, i.e., the speed of vocal fold contact, would be 
greater when F1 is just above its closest partial, i.e., when Minimum(F1-n*F0) is 
small and positive. This assumption was tested by analyzing the correlation between 
the two. The result is shown in Figure 7. The correlation coefficients for negative and 
positive values of Minimum(F1-n*F0) are shown in the top of the panels. There is an 
indication of some relationship between AQdELG and Minimum(F1-n*F0) for Singers 4, 
5 and 6. However, these correlations differ in sign, and refer to negative values of 
Minimum(F1-n*F0) for Singers 4 and 5, and to positive values for Singer 6.  Hence, 
although AQdELG differed significantly between vowels at two pitches, it does not 
seem to be related to the distance between F1 and its closest partial.  

 
<Please insert Figure 7 about here> 

 

Discussion 
The present investigation has shown voice source differences between vowels sung 
by male professional singers. Significant differences were found for all flow 
glottogram parameters analyzed, at least for one of the four pitches examined. With 
respect to MFDR and QContact, significant differences were found for three and four 
pitches, respectively. However, this variation seemed independent of Minimum(F1-
n*F0). A relevant question then is what may have caused the variation?  

Nasalization seems like a possible reason. It has been shown that many singers 
sing with a more or less open velo-pharyngeal port22. This complicates the vocal tract 
transfer function, such that inverse filtering becomes problematic; for such filtering to 
yield accurate results, the vocal tract transfer function needs to be accurately 
modelled, which is difficult for nasalized vowels23. On the other hand, according to 
Gobl and Mashie (2013), the effect of a velopharyngeal opening with a cross 
sectional area ≤1 cm2 has a minor effect on flow glottogram parameters, except for 



 

 

the very final part of the closing phase, the so-called return phase24. This part of the 
flow glottogram has a main effect on the amplitudes of the higher source spectrum 
partials; the shorter the return phase, the stronger the high frequency partials in the 
voice source. However, the return phase cannot affect MFDR appreciably.  

Unexpectedly, flow glottograms have recently been found to be quite sensitive to 
sound reflections in the recording room; depending on the distance to the reflecting 
object, they may cause disturbances such as a tilt and also ripple in the closed phase 
or a dent in the flow pulse (Svante Granqvist, personal communication). Many 
examples of such disturbances were found in the flow glottograms, even though the 
recordings were made in a sound treated studio and the microphone distance to the 
mouth was only approximately 15 cm. A much shorter microphone distance would 
have reduced or eliminated the influence of room reflections. However, this would 
have caused clipping of the audio signal by the equipment used in the experiment.  

The bump in the pulse, illustrated in the case of the vowel /o/ in Figure 2, shows a 
striking similarity with the flow glottogram shape discussed by Gunnar Fant (1986)18 
and by Martin Rothenberg25. Both ascribed this effect to source-filter interaction. In 
the case shown in the figure, F1 and F2 were 517 Hz and 1009 Hz, respectively, and 
F0 was 168 Hz. Hence, the third partial was 3*168 = 504 Hz, i.e., just 13 Hz above 
F1; the sixth partial was 6*168 = 1008 Hz, i.e., just 1Hz from F2. In this case, then, it 
seems likely that the bump in the pulse was caused by source-filter interaction.  

Lim and associates (2006) studied the relationship between jaw opening and the 
EGG speed quotient in different vowels pronounced by speakers. They found that 
this quotient was significantly lower in the vowel /u/ than in the vowels /a, e, i, o/26. 
The speed quotient should be closely related to the AQdELG. We found significant 
variation of this parameter between vowels for two pitches. Thus, like the results 
reported by Lim & al, our findings indicate that the contacting speed of the vocal folds 
is not the same between vowels. 

The subjects used in the present study were classically trained singers. It is often 
advantageous to investigate voice physiology and acoustics in singer subjects, since 
they have particularly good control over their voices. This would imply that they 
minimize the influence of random factors on phonation. According to the theory of 
non-linear source-filter interaction, a negative Minimum(F1-n*F0) that is close to zero 
should expose the singer to the risk of instabilities and uncontrolled variation of 
MFDR, and hence vocal loudness. For example, when performing unfamiliar vocal 
tasks such as wide glissandos, untrained voices have been found to produce pitch 
jumps and other uncontrolled vocal events when a partial is passing F127. One would 
then expect that trained singers avoid the situation that F1 is just below its closest 
partial. However, in this study the singers did not avoid this situation and yet they did 
not have pitch instabilities. Apparently, trained singers learn how to circumvent such 
problems.  

According to Titze and associates (2008), the non-linear source-filter interaction is 
physiologically related to the diameter of the epilaryngeal tube. It has been shown in 
non-singers that a strong coupling occurs, when the impedances at the glottis and at 
the epilaryngeal tube are similar5. Thus, one way to avoid instabilities may be by 
“structured practice in the instability region, with the intent of developing muscle 
patterns that counteract the instabilities.” (in Titze et al., 2008; pp. 1914). 

Summarizing, while no pitch instabilities were found, several flow glottogram and 
ELG differences were observed between vowels. Such differences may be caused 
by source-filter interaction but, according to these findings, they do not seem to be 
due to a specific formant/partial relationship. These differences are seemingly much 



 

 

less apparent than pitch instabilities, making them more tolerable, even in 
professional singing.  
 

Conclusions  
Our results have shown that there are substantial flow glottogram and ELG 
differences between vowels sung in a sequence by professional classically trained 
singers. While these differences may occur due to non-linear source-filter interaction, 
our analyses failed to support the assumption that the variation of MFDR was related 
to the Minimum(F1-n*F0). Thus, much of the cause for the variation of the voice 
source between vowels remains an open question.  
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TABLE CAPTIONS 
 
Table 1. Participating singers’ ages, classifications and experiences. 
 
Table 2. Results of a one-way within-subjects repeated-measures ANOVA run on the z-score values 
of the flow glottogram and ELG parameters for each of the four pitches analyzed. The columns list the 
median (Mdn) and inter-quartile range (IQR) for the different vowels. Statistically significant differences 
between vowels (Friedman test, p < 0.05) are in bold and marked +. 

 
  



 

 

FIGURE CAPTIONS 
 
Figure 1. Example of the effects on the flow glottogram and source spectrum (upper and lower panels) 
of mistuning the F1 inverse filter by -20Hz and +20Hz (left and right panels, respectively). The middle 
panel represents the result of a correct filter setting.   
 
Figure 2. Examples of  audio signal, flow glottogram, and dELG (top, middle and bottom curves) of the 
indicated vowels sung in the same vowel sequence by singer 1 on the pitch E3 (F0≈165Hz). 

 
 
Figure 3. F1  and F2 used in the inverse filtering of the vowels sung at the indicated pitches by the 
singers. 

 
Figure 4. Frequency distance between F1  and its closest partial, Min(F1-n*F0), for the different 
vowels sung at the indicated pitches by the eight singers. 
 
Figure 5. MFDR for the different vowels sung by the subjects at the indicated pitches 
 
Figure 6. MFDR as function of the Minimum(F1-n*F0) At the bottom of each panel, the left and right 
values correspond to the linear correlations for negative and positive values (open and filled circles, 
respectively) of Minimum (F1-n*F0).  
 
Figure 7. AQdELG as function of Minimum(F1-n*F0). In each panel the left and right values at the top 
show the correlations for negative and positive values of Minimum(F1-n*F0), open and filled circles, 
respectively.   
 

 


