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Abstract— In this paper we propose a frequency-domain
approach to glottal inverse filtering that addresses typical prob-
lems in classic time-domain techniques, notably the lips/nostrils
radiation and the group delay of the vocal tract filter. In
particular, we use a new phase-related feature based on the
Normalized Relative Delays (NRDs) of the harmonics repre-
senting the quasi-periodic component of the glottal source, in
order to decouple the cumulative group delay effects due to the
vocal tract filter and the quasi-periodic glottal excitation. While
this topic is still on-going research, our paper details the global
system architecture, demonstrates how to accurately reverse
in the frequency domain the effects of lips/nostrils radiation,
and demonstrates how the analysis-synthesis framework is
able to implant any desired wave shape on a voiced sound,
while preserving the original F0 fundamental frequency and
time shift. Next research steps are also addressed that involve
analysis-by-synthesis paving the way to joint source and filter
estimation.

I. INTRODUCTION

Glottal inverse filtering consists in a computational pro-
cedure that takes a discrete-time representation of a voiced
sound (i.e., a sound whose generation involves vibration of
the vocal folds), and that estimates the waveform produced
at the glottis, i.e., the glottal source that excites acoustically
the vocal tract filter. The estimation of the glottal source is
important in many application areas which include the non-
invasive quality assessment of the voice and especially of
the vocal folds; the extraction of voice parameters denoting
the idiosyncrasies of the speaker [1], [2], the emotional state
of the speaker, or the phonation type (e.g., modal, breathy
or pressed) [3]; and the extraction of musically relevant
phonation parameters for biofeedback purposes, for example,
in singing. The estimation of glottal source parameters is
also important in applications involving synthesis or re-
synthesis of speech, in order for example to reach higher
naturalness in text-to-speech, and to implement voice/identity
transformation or disguise.

In this paper we briefly revisit the source-filter model
of voice production (section II), we address typical inverse
filtering approaches (section III) and their pitfalls, and we
present the main ideas for a new, frequency domain, approach
to glottal inverse filtering (section IV). This approach focuses
on signal integration implemented in the frequency domain,
and decoupling of the effects due to the glottal source and
the vocal tract filter. It is emphasized that this approach takes
advantage of the spectral diversity existing in the voiced
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signal, takes into consideration the impact of sampling in
the time and frequency domains, and takes advantage of a
new phase-related feature (NRD) applied to harmonic signals
and paving the way to the group-delay characterization of
the vocal tract filter. While a complete functional algorithm
is still on-going research, preliminary results are shown in
section IV addressing signal integration in the frequency
domain, and implantation of any periodic wave shape on
a voiced signal. Section V addresses the next development
steps and section VI concludes this paper.

II. THE SOURCE-FILTER MODEL

Glottal inverse filtering is strongly linked to the source-
filter model of voice production proposed by Fant [4].
This model consists of three main processing stages: source
excitation, vocal tract filtering, and lips and nostrils radiation.
This model is schematically represented in Fig. 1. The source
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Fig. 1. Simplified source-filter model of voice production.

excitation results from air expelled by the lungs and that
may give rise to two main types of sound when the air
flows through the glottis, an opening (i.e., gap) between the
vocal folds located at the larynx. If the air flow is interrupted
periodically as a result of a quasi periodic cycle of opening
and closing of the vocal folds, the source excitation has
the form of glottal pulses which are filtered by the vocal
tract giving rise to a voiced sound. If the vocal folds are
(intentionally) adjusted is such a way as to not vibrate while
the air flows continuously through the glottis, a constriction
either at the glottis or downstream in the vocal tract (e.g.,
teeth or lips), turns the flow into a turbulent (noise) signal
giving rise to an unvoiced sound. Thus, a voiced sound
exhibits a clear periodic pattern while an unvoiced sound
does not. In general, speech sounds involve a combination
of both types of sound.

We admit in Fig. 1 that the noise component is produced
at the glottis and is represented by �����, a random-like
continuous function of time. Also, the periodic glottal pulses
are obtained by convolving an ideal pulse train � ���� ���

���� Æ�� � ���� with a prototype function of the glottal
pulse which is represented by ����� (the subscript � denotes
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continuous time function). �� represents the period corre-
sponding to a complete cycle of the vocal folds vibration, i.e.,
a pitch period. Its reciprocal, �� � �	�� is the fundamental
frequency of voicing. The impulse response of the vocal tract
filter is represented by 
����. In reality, this filter is slowly
time-varying with respect to the pitch period. Typically, in the
literature, vocal tract filtering is usually modeled as an all-
pole filter that shapes the spectrum of the source according
to the resonant frequencies (also known as formants) of the
vocal tract.

The radiation effect of the lips/nostrils is typically modeled
by taking the derivative of the air flow [5]. This operation
converts volume velocity of the air flow into sound pressure
variation which is the physical quantity captured by a mi-
crophone in the form on an electric signal. Thus, according
to the source-filter model, this continuous-time signal may
be modeled as

����� �
�

��
�
���� � ������ � ����� � ������� 
 (1)

Simply stated, glottal inverse filtering involves estimating
����� from �����. Of course, in addition to reversing the effect
of differentiation (i.e., in addition to integration), glottal
inverse filtering requires that the vocal tract filter 
���� be
estimated so as to obtain the inverse of its transfer function.
This approach presumes the assumption that the source and
filter are independent of each other. Although this assumption
is not realistic, more complex models taking explicitly into
consideration the source-filter interaction, do not provide
substantially better results than if independence is assumed
[6].

As commonly assumed in the literature, it is very con-
venient to model the vocal tract filter as an all-pole filter
because

� simple algorithms (such as the Levinson-Durbin recur-
sion) within the framework of Linear Predictive Coding
(LPC) and relying only on the short-time magnitude
spectrum of the voice signal (or, equivalently, the auto-
correlation function), may be used in the estimation of
a smooth spectral envelope model (i.e., an AR model
[7]) of that magnitude spectrum, and because

� the inverse transfer function of an all-pole filter is an all-
zero filter, i.e., an FIR filter which is inherently stable.

However, all-pole modeling is not truly representative since
many voice sounds, e.g. nasalized or fricative sounds, exhibit
clear nulls (i.e., zeros) in their magnitude spectrum which
denotes that the transfer function of the vocal tract filter, in
order to be realistic, should include both zeros and poles.

III. APPROACHES TO GLOTTAL INVERSE FILTERING

In the literature, the three main processing stages (source
signal excitation, vocal tract filtering and lips/nostrils radia-
tion) illustrated in Fig. 1, are implemented in the discrete-
time domain as an additive combination between a quasi-
periodic source component and a noise source component,
convolution between the combined signal and the impulse
response of an all-pole filter by means of a difference

equation realizing this filtering operation and, finally, first-
order discrete-time differentiation of the filtered signal. This
operation is just a simple approximation to differentiation in
the continuous-time domain and is implemented using the
difference equation ���� � ���� � ��� � �� which, in the
Z-domain, corresponds to � ��� � ����

�
�� ���

�
.

Although in the literature enhanced analytical approaches
have been developed with good results, including ARMA
modeling (and not just AR modeling) of the vocal tract
filter during the closed phase of the glottis (see [6] for an
overview), they also present several difficulties. For example,
the assumption of complete closure of the glottis is not
realistic in female or child voices given the high fundamental
frequency, and is even less realistic in the case of dysphonic
or pathological voices. For theses reasons and taking into
consideration the typical high computational complexity of
those analytical approaches, as well as their typical low
robustness since they depend on accurate techniques identify-
ing individual pitch pulses and glottal closure instants, for the
purpose of our discussion in this paper, we do not mention
them specifically. Instead, we focus on those aspects that are
common to the techniques widely used and implemented in
publicly available software, e.g., [2].

Most techniques [5], [8], [2], [3], [6] for inverse filtering
typically comprise

1) estimation of the all-pole model of the vocal tract filter
using LPC techniques and presuming local stationarity,

2) filtering of the discrete-time voice signal with the all-
zero filter resulting from inverting the all-pole filter
(the purpose of this processing is to cancel the spectral
coloration of the signal due to the effect of the vocal
tract filter), and

3) filtering the resulting signal with a first-order integra-
tor.

The integrator implements a transfer function which only
approximates the inverse of the differentiator, such as to
avoid the pole at � � �: � ��� � ����	

�
�� ����

�
, where

� is a constant close to �
� [5].
In this paper we argue that this basic discrete time-domain

approach to inverse source inverse filtering leads to poor
estimates of the glottal source since

1) the modeling of a combination of continuous-time
processing steps as a combination of corresponding but
independent discrete-time processing steps, introduces
errors and artifacts, notably at the integration,

2) full-bandwidth discrete-time processing does not allow
to exploit the spectral diversity of the quasi-periodic
and noise components of the glottal source with the
consequence that the latter (i.e., the noise component)
strongly disturbs and even corrupts the estimation of
the former (i.e., the quasi-periodic component),

3) the use of an all-pole model for the vocal tract is not
sufficiently representative since, as mentioned in the
previous section, it has an inherent difficulty dealing
with zeros of nasalized sounds for example, and is also
not appropriate to model female or child speech sounds
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since the high fundamental frequency (i.e., F0) in these
cases makes that the spectral envelope modeling of the
all-pole filter is ‘locked’ to the harmonic frequencies
of F0,

4) the overall approach is not flexible and general enough,
notably in the case of mildly dysphonic voices since
the assumption of smooth and stable spectral organiza-
tion of the quasi-periodic component due to the glottal
source is simply not realistic.

IV. A NEW APPROACH TO GLOTTAL INVERSE FILTERING

We propose an approach to glottal inverse filtering that
comprises frequency-domain signal analysis and synthesis,
that relies on an accurate frequency-domain modeling of the
multiplicative effects of filtering, including differentiation,
and that takes advantage of the spectral diversity of the quasi-
periodic and noise components of the glottal source.

While some of these aspects will be detailed in the fol-
lowing sub-sections, here we focus on the frequency-domain
characterization of the source-filter model, and we address
the implications of sampling in the time and frequency
domains.

The Fourier transform of eq. (1) is obtained as

���	� � �	 ����	� ����	� ����	����	��� � (2)

where the multiplication in the frequency domain by �	
denotes differentiation in the (continuous) time domain, and
the Fourier pair involving the infinite pulse train is assumed:

����� �

��
����

Æ��� ����
�
�� ���	� � (3)

where

���	� �

�

��

��
����

Æ

�
	� �


�

��

�
� 	�

��
����

Æ �	� �	�� 


Assuming that ����	�� � �� �	� � �	�, where � is a
positive integer, ���	� (eq. (2)) may be also written as

�	���	�

�
���	� � 	����	�

��
����

Æ �	� �	��

�



In order to simplify notation, we define the spectral coeffi-
cient �� as

�� � ������	������	�� 
 (4)

This spectral coefficient may be seen as the result of sam-
pling the Fourier transform of 
���� � ����� at 	 � �	�

which leads to a Fourier Series describing a periodic signal. It
should be noted however that a synthesis based on the Fourier
series

��
���� ���

����� does not reconstruct 
���� � �����
but instead a time aliased version by folding all its replicas
delayed by ��, as one would expect from eq. (1). However,
if means are provided to cancel in the frequency domain the
effect of ����	��, the synthesis based on the Fourier Series
coefficients correctly reconstructs ����� without aliasing.

Using (4), eq. (2) reduces to

���	� � �	���	����	� � �
�

��
����

�	���Æ �	� �	�� 


(5)

This equation reveals that the Fourier representation of � ����
consists of two components. The first component reflects the
noise (i.e., the incoherent or random part) in the signal, and
the second component reflects the sinusoidal structure of the
signal. These two components are very informative regarding
the underlying spectral diversity in the signal:

1) the noise component is continuous in 	 and quite
likely does not exhibit strong local spectral peaks in
the magnitude spectrum,

2) the sinusoidal structure of the signal consists of several
peaks in the magnitude spectrum that are harmonically
related, and that for normal and healthy voices should
be well above the noise floor for a significant spectral
range.

Given that the noise and sinusoidal parts are spectrally
diverse but presumably both are influenced by the vocal
tract filter, it should be possible to estimate ���	� using
both parts. Then, it should be possible to estimate ����� after
implementing integration in the frequency domain using the
sinusoidal part of the spectrum, and after canceling the effect
of ���	� in the spectrum. Thus, our processing framework
is frequency-domain based and includes signal analysis and
synthesis as illustrated in Fig. 2.

analysis

F/TT/F synthesis
O/A

analysis
O/A

synthesis
re-

�����

����

����

�����
����

����

Fig. 2. Analysis-synthesis processing framework. T/F denotes Odd-DFT
transformation and F/T denotes Inverse Odd-DFT.

This figure highlights that

1) the processing is frame-based using a segmentation
based on a window ���� whose length (or time sup-
port) is  samples, and using 50% overlap between
adjacent frames at the analysis, and 50% overlap-and-
add between adjacent frames at the synthesis,

2) the time-frequency transformation is based on the Odd-
frequency Discrete Fourier transform (Odd-DFT) for
the reasons discussed in section IV-A,

3) using an appropriate window ���� and in the absence
of spectral modification, the system is perfect recon-
structing, i.e., ���� � ������� where �� is a constant
system delay [9].

The main building blocks in Fig. 2 are the analysis and
resynthesis. The former is responsible for estimating the
sinusoidal components in the signal and their parametrization
(frequency, magnitude, and phase), and for removing them
(i.e., subtracting them) from the spectrum giving rise to
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the noise residual. The latter is responsible for selectively
synthesizing the noise residual only, the sinusoidal compo-
nents only, or any magnitude/phase modification affecting a
specific sinusoidal or noise component. Preliminary exper-
imental evidence of these capabilities will be illustrated in
sections IV-A and IV-D.

The processing framework illustrated in Fig. 2 implies
time sampling and frequency sampling. Here we address the
impact of these operations on the spectrum represented by
eq. (5).

Sampling in the time domain allows to obtain ���� from
�����: ���� � �������, where �� denotes the sampling
period, the reciprocal of the sampling frequency � �. From the
theory of sampling, it is known that the associated spectra are
related by �

	
��	



� ��

��


����� ����! � �
���, where
the relation between unnormalized and normalized frequency
variables is considered: 	 � !�� [10].

We admit that the bandwidth of ���	� is limited to the
Nyquist frequency (���) due to the use of an appropriate
analog anti-aliasing filter. Furthermore, we also admit that
�	� " ���, i.e., the bandwidth of ���	� is limited to ���.
In this context, there is no aliasing in the range ! � ���� ��
and, therefore, �

	
��	



� ���� ���!� in this range.

Since the constant �� is canceled out in the discrete-to-
analog signal reconstruction due to the effect of the anti-
imaging filter, we omit it in order to simplify notation, hence,
using (5)

�
	
��	



� �����!� � �!�����!������!��� �

�
�

��
����

�!�����Æ ����! � �!��� � (6)

where we have considered 	� � !���, and �� �
������!��������!����. Taking into consideration the nor-
malization of the frequency axis due to sampling, we
simplify eq. (6) further by using �

	
��	



� ���!���,

�
	
��	



� ���!���, and �

	
��	



� ���!���:

�
	
��	



� �!���

	
��	



�
	
��	



�

�
�
��

����

�!�����Æ�! � �!�� � (7)

where �� � ���
	
���	�



�
	
���	�



.

We address now the implication of sampling in the fre-
quency domain. As illustrated in Fig 2, signal segmentation
implies windowing before the time-frequency transforma-
tion. Therefore

����� � ���� 	 ����
�
��

�


�
�
	
��	



�#

	
��	



� (8)

and thus

��

	
��	



�
�


�

�
!���

	
��	



�
	
��	


�
�#

	
��	



�

�

��
����

�!�����#
�
���	��	��

�

 (9)

Time-frequency transformation is achieved by taking the
Odd-DFT [11] of �����:

����� �
����
���

����� �
�� ��

�
�
� �

�
�� � (10)

where  is the length of the transform. This means the
spectral information we have access to for analysis and
synthesis purposes, is discrete (i.e., for � � �� �� 
 
 
 �  ��):

����� � ��

	
��	



�	��
� �

�
� ��
�


 (11)

It is a well-known signal processing fact that a discrete
frequency-domain representation presumes that the associ-
ated time-domain signal is periodic with period  , which
implies for example that a product in the frequency do-
main corresponds to a circular convolution in the time-
domain. Provided however that a correct interpretation and
modification of the sampled spectrum represented by (11)
is performed with respect to the associated continuous-
frequency version (represented by eq. (7) ), signal resynthesis
is possible without artifacts. This will be illustrated in
sections IV-A and IV-D.

A. Handling lip and nostrils radiation

It has been mentioned previously that reversing the effect
of differentiation, due to lips and nostrils radiation, using
first-order discrete-time integration, motivates two sources
or approximation errors. A first error is due to the first-
order differentiator itself whose difference equation is ���� �
�����������. In fact, its frequency response differs signifi-
cantly from the frequency response of an ideal differentiator,
especially at high frequencies. A second source of error is
introduced in the inverse transfer function of the first-order
differentiator, in order to avoid the pole at � � � and to insure
stability. A practical difference equation commonly used to
implement the integrator is ���� � ��� ������ � ����� ��
[5]. This solution not only introduces signal distortions as it
is vulnerable to noise and DC. In order to illustrate this, Fig.
3 represents the derivative of an ideal glottal pulse according
to the LF model [12]. Two versions are represented: clean
and contaminated by additive white noise at 9 dB SNR. The
corresponding power spectral density is represented in Fig.
4. By using the above time-domain integrator with � � �
��,
and taking as input the waveforms displayed in Fig. 3, the
signals represented in Fig. 5 are obtained. It can be concluded
that when the input is a clean signal, the closed phase of
the glottal cycle shows an obvious artifact (in the form of
an rising slope instead of being flat) which, interestingly, is
quite similar to results of inverse filtering in other papers,
e.g., Figure 1 in [8]. When the input is the noisy signal in
Fig. 3, the output exhibits a strong distortion and fluctuation.

We now consider the alternative of accurate signal inte-
gration using frequency-domain processing presuming the
frame-based environment illustrated in Fig 2, and signal
modification using ����� as in eq. (11). Since signal modi-
fication and resynthesis uses only the sinusoidal components
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Fig. 3. Time representation of the derivative of the ideal LF glottal pulse
without noise (upper figure) and with white noise at 9 dB SNR (lower
figure).
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Fig. 4. Power spectral density of the derivative of the ideal LF glottal
pulse without noise (upper figure) and with white noise at 9 dB SNR (lower
figure).

in the spectrum, using (11), eq. (9) reduces to

����� � �

��
����

�!�����#
�
����
�
���	�����	��

�

 (12)

After the frequency, magnitude and phase of all the iden-
tifiable sinusoids in the ����� spectrum are accurately
estimated using the results in [13], the sinusoids are resyn-
thesized in the discrete frequency domain generating a new
spectrum vector�����. This operation explicitly insures high
immunity to the existing noise and other signal components.
The resynthesized spectrum vector is further modified to
include the effect of integration:

����� �
�����

���
��� � �

�	 
� � � �� �� 
 
 
 �  � � 
 (13)

Contrarily to the plain DFT, the Odd-DFT has the advantage
that all discrete frequency values are different from zero.
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Fig. 5. Output results of a first-order time-domain integrator when the
input signals are the waveforms represented in Fig. 3.

Specifically, no division by zero exists for ! = 0 rad. since
this frequency value is not sampled by the Odd-DFT.

After inverse Odd-DFT and overlap-add (Fig. 2), the
output signals represented in Fig. 6 are obtained when the
input signals are the waveforms displayed in Fig. 3. In can
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Fig. 6. Output results of time-integration using frequency-domain process-
ing when the input signals are the waveforms represented in Fig. 3.

be concluded that when the input is the clean derivative of
the LF model, the output signal is a faithful reconstruction
of the ideal LF glottal pulse. When the input signal is
the noisy derivative of the LF model, the output still is a
correct reconstruction of the LF glottal pulse. The rather
subtle artifacts appearing during the closed phase of the
glottal pulse are mainly due to the missing high-frequency
components of the derivative of the glottal pulse, which
have been ignored during the resynthesis because they are
overwhelmed by the noise. Overall, a comparison between
Fig. 5 and Fig. 6 clearly reveals that the signal integration
using discrete Odd-DFT domain processing, is markedly
superior to approximate integration in the time domain.
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B. A phase related feature: Normalized Relative Delay

Normalized Relative Delays (NRD) are phase-related fea-
tures denoting the (normalized) delay between the harmonics
and the fundamental frequency of a periodic signal. Their
usefulness lies in the fact that, in addition to magnitude
information, they help to characterize completely the time
waveform of the periodic signal (a concept also described
in the literature as ‘shape invariance’ [14]), independently of
the overall time shift and of the fundamental frequency. This
property is very useful for signal analysis, identification and
transformation.

The NRD concept has been presented in [15] and first
studies have been conducted assessing their discrimination
potential regarding voice phonation type [15], and vowel and
singer identification [16].

NRDs may also be seen as a very convenient phase-
domain counterpart of the magnitude spectrum in the sense
that a graphical representation of both features is stable for
a stationary periodic signal and independently of the time
shift. In [15] a few examples are illustrated.

C. Using magnitude and NRDs to model source and filter

In the context of the source-filter model, NRDs are very
important because they have the potential to help decoupling
the cumulative group delay contributions due to source (i.e.,
the glottal pulses) and due the vocal tract filter. In fact, in
the frequency domain, the magnitude contributions due to
the source excitation and due to the vocal tract filter, are
combined in a multiplicative way to generate the spectrum
of the radiated voice signal. On the other hand, provided that
a correct phase compensation is implemented to reverse the
effect of lips/nostrils radiation, the NRDs extracted from the
radiated voice signal result from the additive combination
between the NRDs of the excitation signal (i.e., the glottal
pulses), and the group delay of the vocal tract filter. Thus,
having good starting models of both the glottal source
excitation and of the vocal tract filter for a given vowel,
we conjecture that it should be possible to find the specific
glottal excitation signal, and the specific vocal tract filter that
best explain the exact phase and magnitude spectrum of the
radiated voice signal.

D. Implanting the magnitude and NRD models on a periodic
signal

In order to illustrate the exceptional flexibility of our
frequency-domain analysis and resynthesis environment, we
illustrate in Fig. 7 the resynthesis of a vowel uttered by a
young female by implanting two desired periodic waveforms
with the exact same F0: the sawtooth wave and the LF
glottal pulse. Since the wave shape of these waveforms is
completely determined by the relative magnitude between
all relevant upper harmonics and the fundamental frequency,
as well as the NRDs between all relevant upper harmonics
and the fundamental frequency, complete independence is
achieved with respect to the overall magnitude of the wave
(which depends only on the magnitude of the fundamental
frequency), with respect to the overall delay of the wave
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Fig. 7. Illustration of the resynthesis of a natural vowel sound (top panel)
using the magnitude and NRD model of the first 30 harmonics describing
a sawtooth wave (middle panel) and LF glottal pulse (bottom panel). These
wave shapes may be implanted on any periodic signal using only the
magnitude and phase of its fundamental frequency.

(which depends only on the phase of the fundamental fre-
quency), and with respect to the fundamental frequency it-
self. Thus, by accurately estimating the frequency, magnitude
and phase of the fundamental frequency of the voice signal,
any wave prototype may be implanted (with the same F0)
since it is completely defined by the relative magnitude and
NRD of all relevant harmonics.

V. NEXT RESEARCH STEPS

The next research steps will be determined by the approach
depicted in Fig. 8 and that will be implemented to estimate
the glottal source excitation and the vocal tract filter in an
analysis-by-synthesis procedure.

Y

N

vowel
voiced

model

good

filter/source
estimate

model
filter

model
source

approximation

filter/source
fine-tune

to original
spectrum ?

Fig. 8. Analysis-by-synthesis approach to filter/source fine-tuning.

The approach with start with some default source and filter
models, or, as described in section IV, with some first filter
estimate resulting from the harmonic-noise decomposition of
the voice signal. Then, an iterative algorithm using analysis-
by-synthesis will find the best combination of source and
filter spectra matching the voice spectrum, taking also into
consideration the lips/nostrils radiation. In this process, and
in order to make the algorithm able to deal with dysphonic
voices, an adaptive evaluation must be made as to what
assumption is stronger: either the source model or the filter
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model. This evaluation will govern the emphasis of the
algorithm fine-tuning the filter or the source model.

While several general models are available for the the
glottal source (e.g., the Rosenberg and the LF model), more
realistic models than a simple LPC model do not exist
for the vocal tract filter for a specific vowel. This will
require specific experimentation with medical support in
order to accurately extract (using two matched microphones)
the transfer function between a point near the larynx, just
after the vocal folds, and a point outside the mouth. This
represents a very special test set up that for technical,
safety and ethical reasons, must be conducted by an ORL
professional.

VI. CONCLUSION

We have proposed a new frequency-domain approach to
glottal inverse filtering that focuses on accurate modeling of
the multiplicative effects of glottal source excitation, vocal
tract filtering, and lips/nostrils radiation. Results have been
presented regarding the cancellation of the radiation effect,
and the ability to model and implant any periodic wave shape
using a parametric characterization which is independent of
F0 and time-shift. These capabilities will be implemented
in an analysis-by-synthesis procedure jointly estimating the
magnitude and group delay characteristics of the source
excitation and vocal tract filter.
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