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Exploiting Glottal Formant Parametersfor Glottal I nverse Filtering and
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Abstract
It is crucial for many methods of inverse filtering that theéi
domain information of the glottal source waveform is known,
e.g. the location of the instant of glottal closure. It iseoft
the case that this information is unknown and/or cannot be de
termined due to e.g. recording conditions which can corrupt
the phase spectrum. In these scenarios, alternative gitate
are required. This paper describes a method which, given the
parameters of the glottal formant of the signal frame, cau-ac
rately parameterize the glottal shape source and vocalfiilte
a broad range of voice quality types and which is robust to the
corruption of the phase spectrum.
Index Terms: glottal inverse filtering, frequency domain, glot-
tal models, glottal formant

1. Introduction

Glottal inverse filtering is an operation used to determiireesx-
citation source of voiced speech. Based upon the lineacsour
filter theory of speech production [1], these methods edséma
the vocal tract filter, the inverse of which is then used tefilt
the speech analysis frame to yield the derivative glottal fim-
nal. The revealed waveform is of interest to speech reseesch
and engineers for a variety of applications including: &pea
identification , the synthesis of natural speech and tinicd-
ifications of voice quality.

Glottal inverse filtering is a blind deconvolution problem,
i.e. in order to construct the vocal tract inverse filtersiheces-
sary to make assumptions about the characteristics of ¢l
source. One common assumption is that the glottal sourca has
specific time domain shape. For example, glottal closedephas
inverse filtering [2] assumes that the source signal exibier-
vals of null flow between successive glottal pulses. These ti
regions correspond to the periods when the glottis is closed

By making assumptions about the time domain shape of the
glottal pulse signal during an entire pitch period, resears
have incorporated time domain models of the glottal sigmial i
inverse filtering techniques, e.g. [3]. This step can be seen
an extension of closed phase glottal inverse filtering by &is
cluding the portions of the glottal cycle during which thecab
folds are open. Additionally to the optimal vocal tract filfe-
rameters, these methods also simultaneously determirapthe
timal parameters of the incorporated glottal model, andclen
are sometimes referred to as joint estimation techniques.

Glottal inverse filtering methods based upon time domain
assumptions like those described require specific infdomat
regarding the timing of the glottal pulses. This informatis
typically supplied in the form of the instant of maximum exci
tation of the glottal pulse - sometimes referred to as thedpe
epoch, or the instant of glottal closure. This instant caolie
tained by the analysis of an electroglottograph signal noexb
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simultaneously with the speech signal [4], or via algorishto
detect the epochs from the speech waveform directly, elg. [5

Other inverse filtering methods utilize frequency domain
assumptions, thereby avoiding the requirement for timeaiom
information. One example of a frequency-domain glottal in-
verse filtering method is the Iterative Adaptive Inversedfihg
(IAIF) method [6]. IAIF assumes that the glottal source can b
viewed as a low-order all-pole filter, the parameters of Whic
are estimated in an iterative procedure directly from theesh
signal. This all-pole filter representation of the sourdéén in-
versely applied to the analysis frame, canceling the doution
of the glottal source before the estimation of the vocalttrac

However, the adaptive all-pole glottal model constructed i
the IAIF approach bears little direct resemblance to thegre
lent glottal models, e.g. the KLGLOTT88 model [7] or the
Liljencrants-Fant (LF) model [8]. In an effort to maintainet
advantages of frequency domain inverse filtering while con-
straining the source to a particular shape, [9] used the mag-
nitude frequency domain transformation of the KLGLOTT88
model in a exhaustive search approach to determine the alptim
vocal tract filter and source parameters.

As is argued in [3], the LF model is a more versatile glot-
tal flow model than the KLGLOTT88 model, reputed to offer
more complete coverage over the range of glottal waveforms.
This paper outlines a joint estimation technique that isisbbo
phase corruption of the signal and accurately models the glo
tal derivative source signal using the LF model. This apginoa
retains the flexibility of frequency domain approaches, levhi
utilizing a preferred source model.

The paper is arranged as follows: the following section
gives the necessary background of the acoustic theory ethpe
production, and the models of its various components. Tée fr
guency domain features of the LF model are also describegl. Th
third section discusses the frequency domain method fa-sep
rating the source and filter components. Experiments compar
ing the method to two other frequency domain based inverse
filtering methods are described in the fourth section. Thh fif
section discusses the results yielded by these experimeots
clusions are drawn in the final section, which also outliroeses
directions for future research.

2. Background
2.1. Acoustic Theory of Speech Production

The acoustic theory of speech production [1] views spe&eh
as the convolution of glottal flow signél(z) with a vocal tract
filter V'(z) which is then radiated at the lip5(z). In the Z-
domain, the process can be represented as follows:
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If the vocal tract can be modeled as an un-branched con-
catenated set of lossless tubes and wave propagation throug
the tubes is planar, it can be shown that an all-pole moddbean
used to represent it [10]. Poles generally occur in compex ¢
jugate pairs which describe a region of resonant energyeptes
in the spectrum called a formant.

As lip radiationZ(z) is usually modeled as a differentiating
filter and the relationship between the speech chain conmgene
assumed linear, it is often combined with the glottal flGi{z)
to form the derivative glottal flow#’ (z). This reduces the num-
ber of elements in the speech production process to two:

S(z) = G (2)V(2) @

2.2. TheLF Modd of the Glottal Flow Derivative

The LF model represents the general flow shape of the glot-
tal flow derivative over one glottal cycle and whose shape can
be uniquely described with four parameters. The mathemdatic
formula describing the LF model is a piece-wise functiorg th
evolution of which can be seen in Fig. 1.

The first segment is an exponentially increasing sine func-
tion of frequencyw, and bandwidthv, scaled by the number
Ey. This portion of the waveform characterizes the glottal flow
derivative from the instant of glottal opening, through the
time axis att,,, to the maximum negative extreni& at instant
te. At this point the second segment of the LF model, often re-
ferred to as the return phase, begins. This portion models th
glottal closure as a modified exponential function whiclimes
to zero at a rate determined by the steepness of the slope of th
tangent to the function dt. The distance of this tangent’s time
axis intercept front. is calledTy, and is referred to as the effec-
tive duration of the return phase. The parametisrthe decay
constant of the exponential. The total number of samplesan t
pulse is the pitch period, referred to’&s.

The timing parameters of the model are calculated relative
to the glottal opening instant, i.€l}, = t, — to, Te = te —

t,, etc. Below are the mathematical equations describing time

domain LF model shape using these parameters:

Eoe®" sinwgn for0<n<T.

:TEGE(e*E("*TE) —e Te=T)y forT. <n<T.

0 forT. <n <Tp
3)

As noted in [8], it is convenient to s&. = Ty. Under this for-

mulation, both the return and closed phase can be very glosel

approximated as the truncated impulse response of a siagte p

itive real pole IR filter. This arrangement is a suitable rapp

mation for many voice types, and relates the filter pole pwsit

Lret 10 theT,, parameter by the equatidn, = ln_ipt [11].

The LF model parameters are related to one another via cer-
tain interdependencies which must be respected in ordearto g
erate a valid LF model pulse. Amongst these requirements is
the principle of area balance, the requirement that theepe)s
hibit no baseline drift over the course of its evolution. §ban
be represented mathematically as:

urr(n) =

To
/ urr(n)dn =0 4
0

Among the different parameter sets that can be used to gen-
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Figure 1: An LF model of derivative glottal flow, with timing
parameters(T,, Te, Ta, Tc, Tp,) and amplitude parameteF..
Also marked are the different phases of the glottal cyclethad
tangent at(7., — E.) which defineq,.

spectively) which can be expressed by the following equatio

.
To

3. A Method of Glottal I nverseFiltering
and Source-Filter Parameterization

Within this section, a new method of estimating the glottal
source shape and filter parameters of a voiced speech signal i
described. The complete algorithm can be described in three
basic stages which are, as follows: (1) the estimation ofithe
damental frequency of voicing and the glottal formant paam
ters of the analysis frame, (2) the generation of a discegtefs
candidate LF model shapes from the glottal formant paraimete
and the implications of the LF model principle of area bat&nc
and (3) the application of the inverse magnitude spectrum of
these candidates to the signal frame, which then undergoes a
autoregressive analysis. The result of this analysis a&alth
pole parameters of the vocal tract filter and the shape paeasne
of the LF model source.

For the purpose of validating the second and third stages of
this joint estimation algorithm, the glottal formant paeters
and the local fundamental frequency of spegglare taken as
given. The first subsection will discuss the determinatién o
these parameters, while the following subsections wibefate
on the remaining algorithmic steps.

T

O = (1 = 04)To

am:% Qo = (5)

3.1. Estimating the Fundamental Frequency and Parame-
tersof the Glottal Formant

As is often required with many glottal inverse filtering algo
rithms, an estimate of the signal’'s fundamental frequefacis
necessary. This value facilitates the pitch-synchronoadyais
of the signal, and can be estimated via e.g. [13].

The method described here also requires an estimate of the
glottal formant parameters. The glottal formant is a banith-of
creased spectral energy in the region of the voiced speeeh fu
damental frequency. The term glottal formant is a misnomer
as there is no resonance effect in the same manner as is with
the vocal tract: rather, the frequency and degree of thetrgpec
energy boost is related to both the shape and duration ofghe s
nal’'s opening phase. The parameters controlling thesecsspe
of the glottal formant are given in the open phase equation of

erate an LF model are the shape parameters. These parametershe LF model: its center frequencys, its bandwidth iso.

are the open quotient of the pulse, its asymmetry coefficient
and its return phase coefficient (denotedgs o, andQ,, re-

There exist methods for determining the glottal formant,
e.g. [14]. This method relies on the phase information of the
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Figure 2: A set of valid LF model pulses generated using the
described method for fixedandw, parameters.

signal, and is thus unsuitable for analysis for phase-ptecu
signals. A first attempt for the estimation of this signaltie t
frequency domain has been described in [15], which provides
accurate results in a limited scenarios. Further work isired

to make this technique more robust.

3.2. Determiningthe LF Model Shape Candidates

Given an estimate of the glottal formant parameters anchassu
ing that the return and closed phases can be modeled together
as the truncated impulse response of a single positive cdal p

IIR filter, a unique LF pulse can then be generated dependent
solely on the position of the filter's pole. This section déses
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Figure 3:The above figure shows (a) a comparison of the orig-
inal and phase corrupted LF model pulses, and (b) the low fre-
quency detail of the phase response used for phase cornyptio
adapted fron{18].

in equation 5. As these parameters are subject to certaitsim
those sets of parameters where one of its members fallgleutsi
these limits are removed from the final set of shape candidate
One such subset can be seen in Fig. 2.

3.3. Determining the Vocal Tract Filter

Once a set of normalized LF model candidates have been de-
termined, each LF model candidate is inverse applied to the
spectrum of the Hann-windowed speech frame. As the ideal

how a subset of these shapes can be generated by varying the glottal derivative pulse shape would theoretically leanty the

pole position and solving the area balance equation 4.

First, the formulation of the normalized LF pulse shape
urr IS determined by setting thE. parameter tal. As the
two segments of the LF model are continuoud gtthe value
of Ey can then be expressed as:

-1

Ey= —————
eTe sinwy T,

(6)
The area underneath this normalized open phase can be
shown to be:

/TE trr(n)dn = (e
’ @)

Following from the assertion that the LF model return phase
can be described as a first-order low-pass IR filter with pole
sition amplitudeu.,.+ [11], the area under the normalized return
phase of the LF model can be shown to be closely approximated
by the following equation:

To
/ trr(n)dn = /,ufetdn ~

e

Te(qsinwyTe — wy coswyTe) + wy)

(evTe (02 + w2) sinwyTe)

(8)

In Mret

Thus, the area balance equation can be re-expressed in
terms ofwg, o, Te andpires:

To Te To
/ ﬁLp(n)an/ QLF(n)dn—i—/ trr(n)dn =0
0 0

e

9)

N — (e (asinwy T, — wy coswyTe) + wy) n 1 0
(eaTe (02 + w2) sinwyTe) In firer

(10)

If the values ofw, and« are given, a limited subset of LF
model shapes can be determined by sampling for a range

of discrete values, e.gtre: = 0:0.01 : 0.9.
The shape parameters of the pulse can be determined using

the estimate of the pitch peridty = ;—S and the formulae given

vocal tract resonances and these resonances are assunged to b
from an all-pole filter, the quality of the de-convolutionnclae
measured from the unmodelable residue that remains faitpwi

an autoregressive analysis. In this work, these spectra avexr-

lyzed using discrete all-pole analysis [16], which deteresithe
optimal all-pole filter based upon the minimum Itakura-8ait
distance measure. The discrete.; parameter that yields the
minimum of this value is then refined using a simplex optimiza
tion method [17] to obtain the final shape parameter estignate

4. Experiments and Discussion

In order to validate the algorithm, two experiments were per
formed: one to assess the performance of the algorithm us-
ing the usual speech model described by equation 2, another
to determine the performance during a more realistic, aater
tive speech model. At a sampling frequency of 10kHz, two 5-
second LF model source signals were generated corresgpndin
to a male and female voicg{ = 100 and 180Hz respectively).
Modulated Gaussian noise was added to the source signal that
is filtered using the interactive speech model for increamsssd
uralness. The parameters of the LF model shape and the-signal
to-noise ratio of the pulses to the added aspiration noige we
taken from [12], and selected to represent a smoothly chgngi
voice quality from pressed to modal to breathy.

Using the gender-appropriate all-pole vocal tract transfe
function of the vowel /ee/, two types of speech signals were
generated. One adhered exactly to the linear speech model;
the other simulates the interaction effects known to begmtes
in natural speech by implementing a different filter durihg t
open phase of the signal, where the center frequency and band
width of the first formant are both increased. As it is dested
ultimately apply this technique to phase corrupted sigriadth
synthetic segments are phase-distorted by applying graal-
filter which mimics the response of a PC sound card, see Fig. 3.

From each of these signals, a total of 1000 fraf2d% +1)
samples in length were extracted at different points. Eearhé



underwent the above-described analysis. This validat®on a
sumes that the glottal formant has been estimated by some
method and thus its parameters are simply passed to the algo-
rithm. The glottal shape parameters deduced by the algorith
are assessed by determining their deviations from the @ilse v
ues. The results of the algorithm are analyzed by the means
1 and standard deviations of the deviations o0, «.,, and

Q. from their true values. As an additional method of express-
ing the similarity between the original and determined rerm
ized LF model pulse shapes, the correlation funcioof the
pulses is also determined, the global mean of which is calcu-
lated. These results are shown in Tables 1 and 2.

fo AO, Aay, AQu P
I o I o I o 2
100  —0.0003 0.0037 —0.0000 0.0047 0.0011 0.0105  0.9980

180  0.0007  0.0043 —0.0014 0.0062 —0.0013 0.0115 0.9952

Table 1: The deviation of the glottal shape parameters from
their true values estimated for the phase corrupted syitthet
speech signal following a linear speech model.

fo A0, Aam AQ. P

T o H o 1 a 7
100 —0.0048 0.0066 0.0062 0.0077 0.0127 00192 0.9902
180  —0.0037 0.0076 0.0045 0.0095 0.0102 0.0210 0.9871

Table 2:The deviation of the glottal shape parameters estimated
for the pitch corrupted synthetic speech signal where the pa
rameters of the vocal tract filter change during the open phas
of the glottal pulse.

Studies by Henrich et al [19] suggest that the just notieabl
difference (JND) for the open quotient is linearly relatedts
initial value by the equatiod NDo, ~ B0,, whereg is 0.14
for untrained listeners an@l1 for trained listeners. They also
report that the smallestN D.,,,, for trained listeners i§.022.

In all the experimental cases, the results of the descrilzgd a
rithm indicate that these values are below the perceptuasita

old of human listeners. While the deviations of these parame
ters increase slightly in the case of the more realistierattive
speech simulation, given robust glottal formant paransetes
method can generally determine a perceptually equivalant p
rameter set.

The mean of the correlation coefficient gives an indication
of the similarity of the source waveforms. In both cases, the
analysis of the lower pitch signal determines a parameter se
that is closer to the original, while the more realistic srém
presents a slightly worse performance. This was expected du
to the unmodeled elements of the signal.

5. Conclusions and Future Work

This paper describes a method of inverse filtering that ésplo
prior information of the glottal formant parameters tha¢sloot
require the determination of specific timing parametersngys

an estimate of these parameters for a frame of voiced speech,

a discrete set of the LF model candidate source shapes can be

determined, which are then individually applied to the sign
frame. The parameter set yielding the lowest energy is mfine
using an optimization procedure to determine the best fitajlo
shape parameters.

The method was demonstrated to successfully obtain good
parameterizations of the LF model source signal. The degra-
dation of the results was noted in the more realistic speech
scenario involving a modulation first formant during the 1ope

phase of the source flow. Additionally, results were alsoseor
in the case of higher fundamental frequency. However, de-
spite this decrease in accuracy in these circumstanceanit ¢
be concluded that this technique is suitable for inverseriiig

and source parameterization as the deviations from théadea
within perceptual bounds.

The determination of the glottal formant parameters is-crit
cal to this method: future research will concentrate ondbeist
estimation of these parameters from the speech frame. &r ord
to obtain a full description of the source, the above alganit
should be expanded to estimate the source amplifuideAn-
other concern is the continuity of the parameters duringingn
speech; the parameter trajectories across the speechsfifme
an utterance could be smoothed by e.g. the Viterbi algorithm
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