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Inverse filtering of oral airflow using closed-phase linear prediction is expected to preserve the effects of source-filter interactions in the glottal
airflow pulse. Under incomplete glottal closure, the glottal airflow estimation is more challenging due to a lowered glottal impedance, increased
subglottal coupling, and violated all-pole assumption. To account for these effects, a model-based inverse filtering scheme allowing for coupling
between glottis and upper and lower airways was developed. Acoustic transmission in the tracts used a frequency-domain transmission line. A
linearized, time-varying expression was used for the glottal impedance, along with a dipole representation. Synthetic vowels sounds and actual
recordings were used to evaluate the proposed scheme. Subject-specific model parameters were obtained from simultaneous aerodynamic,
acoustic, and high-speed videoendoscopic recordings of normal subjects uttering vowels with various degrees of glottal closure. Results
illustrated that, even under incomplete glottal closure, the airflow entering the vocal tract preserved source-filter interactions and was comparable
to that obtained using closed-phase linear prediction. The scheme also yielded an uncoupled glottal airflow that exhibited a clear pulse de-
skewing, making it proportional to the glottal area. Cases with larger glottal gaps exhibited less pulse skewing, reduced unsteady flow, and a
time-varying glottal impedance matching a parallel gap.
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INTRODUCTION

In order to estimate glottal airflow, the filtering effects of the acoustic loads need to be removed via inverse
filtering (IF). This is typically performed using source-filter theory principles, i.e., the acoustic loads can be linearly
separated from the source and removed via filter estimation techniques. However, current nonlinear principles
(Titze, 2008) bring the fundamental separation between source and filter into question. In spite of the presence of
source-filter interactions, it has been suggested that separability between source and filter is still possible
(Krishnamurthy and Childers, 1986). This separation can be achieved in two ways, by assuming that: 1) the source is
independent and that the vocal tract has different formant frequencies and bandwidths during the open and closed
phase, or 2) the vocal tract is time-invariant as in the closed phase and that the glottal source contains the formant
frequency and bandwidth changes from the previous case. The latter explains the vowel dependent ripples normally
observed during the open phase of the glottal airflow (Ananthapadmanabha and Fant, 1982).

A widely used scheme for inverse filtering uses autoregressive (AR) parametric modeling, where an all-pole
model and a least squared error estimation are utilized to approximate the vocal tract filter (Makhoul, 1975). This
method, normally referred to as linear prediction, has been dominant in speech processing due to its computational
characteristics, error tractability, stability, and spectral estimation properties (Walker and Murphy, 2007). Two types
AR modeling are common: the autocorrelation and covariance methods. The autocorrelation method assures stable
solutions, but requires a large number of samples (including several cycles) to yield a reliable solution. The
covariance method requires a much smaller number of samples, allowing for estimation even within a single cycle.
Due to the source-filter interactions, linear prediction applied to a whole period (or more) will contain formant
frequency and bandwidth errors (Krishnamurthy and Childers, 1986). This evidently means that the estimation of the
properties of the vocal tract (e.g., formant frequencies and bandwidths) obtained via autocorrelation and covariance
methods of linear prediction will differ. In fact, closed phase inverse filtering (CPIF) using a constrained covariance
method has been shown to provide better estimates of the glottal waveform than those obtained with the
autocorrelation method (Plumpe ef al., 1999; Walker and Murphy, 2007; Alku et al. 2009). However, it is unclear
how the CPIF scheme handles incomplete glottal closure where the glottal impedance is lowered, subglottal
coupling is present, and there is no true closed phase—all of which violate the all-pole assumption. Further insights
into the performance of this and other IF schemes under incomplete glottal closure are needed, especially as they
relate to the clinical assessment of vocal function.

One approach to address this problem is to incorporate the effects of glottal coupling into the inverse filtering
scheme. This idea was initially proposed by Rothenberg and Zahorian (1977) in an attempt to extract the glottal area
from an oral airflow signal. Their method differs from other inverse filtering schemes in that it attempts to remove
not only the vocal tract filtering, but also its interaction with the glottal source. A time-varying Norton equivalent
airflow of the glottal source was used along with a feedback procedure. However, the method considered no
subglottal coupling and only a single supraglottal formant, required manual intervention, and resulted in a complex
nonlinear implementation, and thus the scheme has not been adopted widely.

In this study, the complete voice production system is described as a collection of linear impedances (subglottal,
glottal, and supraglottal) to investigate the acoustic coupling between components during incomplete glottal closure
and its effects on the inverse filtering of oral airflow. The present study focuses on the air-borne coupling among
components, thus neglecting any tissue-borne coupling (Lulich et al., 2009).

METHODS

Proposed Inverse Filtering Scheme

Coupling between the subglottal, supraglottal, and glottal systems was investigated for incomplete glottal closure
using human subject recordings. For this purpose, a model-based inverse filtering scheme that accounts for acoustic
coupling between tracts and source-filter interactions was proposed. The coupled dipole model shown in Figure 1 is
the foundation for the desired inverse filtering scheme, given its direct application to subglottal coupling (Hanson
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and Stevens, 1995; Chi and Sonderegger, 2007). This simple but powerful model has five basic components: an
ideal airflow source (U,), the flow entering the vocal tract (Usypr), and three different lumped terms representing the
subglottal (Zgy), glottal (Z,), and supraglottal (Zgpm) acoustic impedances. Inverse filtering based on this
representation is referred to as “impedance-based inverse filtering” (IBIF) (Zaiartu, 2010).
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FIGURE 1. Representation of the posterior glottal gap, illustrated in a two-mass model

Each of the system impedances was estimated from experimental data to obtain subject-specific values. In order
to estimate the tract impedances, models of acoustic transmission were applied. The proposed frequency-domain
transmission model was based on a series of concatenated T-equivalent segments of lumped acoustic elements that
related acoustic pressure to volume velocity (Flanagan, 1972; Harper, 2001). The subglottal tract included tube
branching down to 24 generations, yielding walls with cartilage and soft tissue, and the standard acoustical
representations for losses, elasticity, and inertia in a transmission line model. No nasal coupling was considered for
the vocal tract. The transmission line models for the subglottal and supraglottal tracts yielded the driving point
impedances as well as transfer functions for any desired location within the tracts. These terms only depended on the
tract configuration and its inherent physical properties.

Time-invariant (Z ¢) and time-varying (Z;) representations of the glottal impedance were investigated. The glottal
impedance is a frequency-dependent nonlinear quantity that needs to be linearized to meet the Norton equivalent
associated with the dipole circuit representation from Figure 1. Thus, the relation between transglottal pressure
(APy), glottal airflow (U,), and glottal area (A,) was rewritten as a Taylor series expansion, resulting in:
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The time-invariant impedance was based on mean values for the glottal flow and glottal area, along with an
empirical constant (k) that depends on the shape of the glottal slit, with an average value of about 1.1 (Titze, 2008).
The time-varying representation did not remove the mean values and was evaluated with respect to the time-varying
glottal area A,(t) and time-varying uncoupled airflow U,(t), which was performed iteratively.

The transfer function between the airflow at the mouth and the airflow entering the vocal tract (T;=Um/Usupra)
only depended on the vocal tract (i.e., unaffected by the glottis and subglottal impedances) and was computed using
the tract geometry through the aforementioned transmission line scheme. To estimate the coupled airflow, the
following relation was considered (Chi and Sonderegger, 2007):
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The effects of the acoustic coupling on the transfer function are shown in Figure 2 for a time-invariant glottal
impedance. Changes in formant frequencies and bandwidths and pole-zero pairs are introduced. To compute the
time-varying coupling, a quasi-steady regime was used; i.e., the time-varying case is constructed from a sequence of
time-invariant solutions. Since the inertial term of the glottal impedance is negligible (Ananthapadmanabha and
Fant, 1982), this approach is feasible. Similar assumptions are used in numerical models of phonation (Titze, 1984).
Thus, the glottal impedance and coupled transfer functions were estimated and inverse filtered for each sample via
the fast Fourier transform and its inverse. Only samples corresponding to associated time steps were retrieved from
the set of inverse filtered waveforms.
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FIGURE 2. Uncoupled (T}), perturbation function (T,), and coupled vocal tract transfer function (T) from oral airflow to the
glottis for a vowel /a/ and /i/.

Experimental Setup

In order to evaluate the proposed IBIF scheme, a comprehensive set of measurements was obtained. The goal
was to obtain estimates of the system behavior through simultaneous recordings of glottal behavior, flow
aerodynamics, and acoustic pressure. The experimental setup is described in detail in Zafiartu et al. (2011) and
included synchronous measurements of laryngeal high-speed videoendoscopy (HSV), oral volume velocity (OVV),
electroglottography (EGG), radiated acoustic pressure (MIC), and skin surface acceleration (ACC). Two adult
subjects (male with no vocal training and female with vocal training) with no history of vocal pathologies uttering
different vowels (/a/ and /i/) at different voice qualities (chest, falsetto) were recorded. These vocal gestures imposed
distinct acoustic loading conditions and different degrees of incomplete glottal closure.

Glottal area extraction from laryngeal high-speed videoendoscopy was computed using digital image processing,
i.e., segmentation and region merging schemes (Mehta et al., 2011). The segmentation yielded a glottal area
function in squared pixels that was calibrated to obtain the actual glottal area in absolute units (e.g., square
centimeters). The HSV calibration scheme was performed using a laser grid that allowed for quantification of
features within the endoscopic view (Kobler et al., 2006) and dedicated software developed for this purpose
(Endoview). A laryngeal feature that was adequately visible in the high-speed videos (e.g., a blood vessel on the
ventricular folds) was carefully measured in a separate session using the laser grid. This feature was used as a
reference to calibrate the spatial units of each HSV recording, where the optic and glottal conditions could change
but the dimensions of the laryngeal feature were assumed to remain constant.

In order to estimate the supraglottal impedance, estimates of the vocal tract area functions were obtained from
the oral airflow recordings. The method selected for this purpose was based on a systematic variation of high-
resolution, MRI-based vocal tract area functions (Story, 2008) using the recursive algorithm described by Story
(2006). Subject-specific estimates of subglottal impedance were computed by means of the ACC signal. The
acoustical transmission line model of a symmetric branching subglottal representation (Harper, 2000; Harper et al.,
2001) was used as default parameter set. This model was then adapted to match subject-specific parameters by
adjusting selected parameters to match inverse filtered OVV and ACC signals. This subject-specific calibration
scheme is described in detail in Zadartu (2010).
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RESULTS

The inverse filtered signals for both vowels and registers using the IBIF scheme are presented in Figure 3. For
comparison, the results obtained using CPIF (Alku et al., 2009) are also shown. In this case, the IBIF estimates
correspond to those entering the vocal tract (i.e., Ugypra from Figure 1). As an advantage over CPIF, no closed phase
detection was needed to obtain the IBIF estimates. Incomplete glottal closure was observed in all cases and was

more significant in the falsetto register, as seen in the DC offset of the glottal airflow signals.
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FIGURE 3. Estimates of glottal airflow from CPIF (in black) and IBIF (in blue) for a male subject:
(a) Vowel /a/ - chest, (b) Vowel /a/ - falsetto, (c) Vowel /i/ - chest, (d) Vowel /i/ - falsetto

Both inverse filtering schemes yielded almost identical glottal airflow signals for all conditions. It is interesting
to note that vowel /i/ has less pulse skewing and a 10% less AC flow than vowel /a/ for the chest register. This
indicated that vowel /i/ does impose a different acoustic loading condition for the source. These vowel differences
appeared less pronounced when a more abducted glottal condition was presented. Under a more pronounced
incomplete glottal closure scenario, the AC flow and pulse skewing are further reduced.

Figure 4 shows the effects of the interaction among all system components on the glottal airflow. The coupled
(Usupra) and uncoupled (U,) glottal airflows are compared and contrasted with the glottal area (A,) for the two types
of glottal impedances under study. It can be seen that the time-varying impedance yields an uncoupled glottal flow
that is proportional to the glottal area, and thus removes the effects of acoustic coupling. The fixed, time-invariant
impedance approach was not capable of achieving this separation.
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FIGURE 4. Estimates of coupled (Ugyprs, in black) and uncoupled (U,, in blue) glottal airflow and their contrast with the glottal

area waveform (A,, in magenta) for vowel /a/ in chest register for a male subject: (a) Time-invariant glottal impedance, (b) Time-
varying glottal impedance. Amplitudes are normalized with the DC component removed.
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As observed in Figure 5, the time-invariant impedance approach yielded a mean glottal impedance of 78 acoustic
ohms (cgs), whereas the time-varying one oscillated between 40 and 110 acoustic ohms (cgs). This latter impedance
has the structure of a parallel gap, oscillating around the Z, of the DC airflow during the closed phase, and with a
temporal structure that is a minimum at maximum vocal fold excursion. This finding supports the concept that, in
this case, the chest voice has an aerodynamic behavior that is equivalent to a posterior glottal gap that was observed
from the HSV recording.
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FIGURE 5. Time-invariant and time-varying glottal impedances for a vowel /a/-chest case

DISCUSSION

A transmission line based inverse filtering was used to study the effects of acoustic coupling for different vowels
and glottal configurations. The results of this study indicate that glottal and subglottal coupling was not required for
the estimation of “true” glottal airflow, i.e., the flow entering the vocal tract (Ananthapadmanabha and Fant, 1982).
The standard closed-phase inverse filtering scheme yielded almost identical results, even under incomplete glottal
closure scenarios. This finding facilitates the application of the other inverse filtering schemes for general
conditions, e.g., a new subglottal inverse-filtering scheme intended for the ambulatory assessment of vocal function
(Zafiartu, 2010; Mehta et al., 2012; Zafnartu et al., submitted).

Exploration of inverse filtering using the coupled version of IBIF indicated that the skewing of the glottal pulse
is linked to the effects of acoustic coupling. The results relate the ideal (uncoupled) airflow source to the glottal area,
in agreement with previous studies (Rothenberg and Zahorian, 1977). This finding was suggested decades ago
through numerical simulations, but had not been properly validated using actual speech recordings. In addition, the
proposed IBIF scheme was linear and only based on a quasi-steady assumption. It was also noted that the degree of
coupling was not necessary related to the degree of skewing, as cases with incomplete glottal closure exhibited large
coupling but less skewing of the glottal pulses and a reduced AC flow, matching prediction from numerical
simulations. The time-varying impedance representation was found to better match the expected behavior than the
time-invariant one. Even though the time-varying impedance did not explicitly assume a parallel gap configuration,
the results are well-aligned with such behavior. This finding is consistent with previous representations of
incomplete closure as a parallel impedance (Cranen and Boves, 1987; Cranen and Schroeter, 1995). The uncertainty
of the impedance estimates was primarily affected by the degree of glottal exposure during HSV acquisition, as
phenomena such as arytenoid hooding and a variable calibration feature may alter the estimated values. Further
investigation is needed to improve the estimates of this important parameter from laryngeal HSV.
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