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ABSTRACT

There is a neal for automatic methods for parametrization o the voice source signals.
Representatives of the two types of methods that have been used most often for parametrization
were tested and compared. For this purpose anovel evaluation procedure is proposed which
makes it possble to perform the numerous tests neaded for a detailed comparison o the
methods. This evaluation procedure reveded that in order to reduce the average aror in the
estimated voice source parameters the estimation methods houd be ale to estimate non
integer values of these parameters. The propased evaluation method was also used to study the
influence of low-passfiltering on the estimated voice source parameters. The fador low-pass
filtering was chasen because low-passfiltering is probably used in all methods in which voice
source parameters are estimated. It turned ou that low-pass filtering causes an error in al
estimated voice source parameters. On average, the smallest errors were found for a
parametrization methodin which a voice source mode is fitted to the voice source signals, and
in which the voice source modd is low-passfiltered with the same filter as the voice source
signas.

1. INTRODUCTION

The technique of inverse filtering has been available for a long time now. It was first
described in Mill er (1959. Inverse filtering is based onthe linea sourcefilter model of speedh
production (Fant, 196Q Flanagan, 19685.

The signal that is inverse filtered most often is the aoustic sound pesaure wave recorded
with a microphme placel a few centimeters in front of the mouth. In this way an estimate of
the first derivative of glottal flow (dUg) can be obtained (Miller, 1959 Rosenberg, 1971,
Strube, 1974, Gauffin and Sundbkerg, 198Q Schoentgen, 1990, 1995 de Veth et al., 199Q
Jansen et al., 1991 Alku, 1992 Karlsn, 1992 Strik and Boves, 1992, 1992h Fant, 1993.
Subsequently, the lip radiation effed can be caceled by integrating dU, to oktain an estimate
of true glottal flow (Uy).

It is also possble to inversefilter the drflow signal recorded at the lipsto caculate U, (e.g.
Rothenberg, 1973, 1977 Sundlerg and Gauffin, 1979 Holmberg, 1993 Hertegard, 1994
Koreman, 199§. Thistype of reseach has shown a strong increase sincethe introduction o the
so cdled Rothenberg mask (Rothenberg, 1973, 1977, which consists of a differential presaure
transducer attadhed to a drcumferentially vented face mask covered with a wire mesh. The
frequency resporse of this gystem is flat up to abou 1.5 kHz (Sundberg and Gauffin, 1979
Gauffin and Sundlerg, 1989 Hertegard and Gauffin, 1992. The mask is usualy held as tightly
as posshble ggainst the subjed’s face in order to ensure atight sed between face ad mask.

Inverse filtering has aready been studied extensively, and many different methods have
been proposed in the literature (see eg. Funaki and Mitome, 199Q Alku and Vilkman, 1994
Hong et al., 1994 Ding and Kasuya, 1996. However, estimating a voice source signal (either
dUg or Uy) is usually not enough. For many applicaions it is necessry to parametrize the
glottal flow signals. Parametrization o the voice source signals, and evaluation o these
parametrization methods, has receved far less attention in the past. That is why we focus on
these aspedsin this gudy.
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Parametrization of dU, or U, can be dorein several ways. Usualy landmarks (like minima,
maxima, zero crossngs) are deteded in the signals (e.g. Sundkerg and Gauffin, 1979 Gauffin
and Sundkerg, 198Q Gauffin and Sundkerg, 1989 Alku, 1992 Strik and Boves, 1992
Holmberg, 1993 Alku and Vilkman, 1995 Koreman, 199§9. Because these landmarks are
estimated diredly from the voice source signals, these methods will be cdled dired estimation
methods (DE methodk).

Voice source parameters are dso caculated by fitting a voice source model to the data (e.g.
Ananthapadmanabha, 1984 Karlson, 1990 Schoentgen, 1990, 1995 Jansen et al., 199%
Karlsoon, 1992 Strik and Boves, 19921 Fant, 1993 Milenkovic, 1993 Riegelsberger and
Krisnamurthy, 1993. Because in estimation methods of this kind a model fitting procedure is
used, they will bereferred to as ‘fit estimation’ methods (FE methods).

In an FE method the voice source model is essential. Many different models have been
proposed in the literature (see eg. Rosenberg, 1971 Fant, 1979 Ananthapadmanabha, 1984
Fant et al., 1985, Fujisaki and Ljungqvist, 1986 Funaki and Mitome, 199Q Lobo and
Ainsworth, 1992 Hong et al., 1994 Cummings and Clements, 1999. The Lilj encrants-Fant
model (LF model) (Fant et al., 1989 is used most often as the voice source model (e.g. Jansen
et al., 1991 Karlson, 1992 Strik and Boves, 1992, 1992h Fant, 1993 Riegelsberger and
Krisnamurthy, 1993. Since avoice source model is not required in a DE method, some studies
do nd use it (e.g. Sundberg and Gauffin, 1979 Gauffin and Sundlerg, 198Q Gauffin and
Sundlerg, 1989 Alku, 1992 Holmberg, 1993 Alku and Vilkman, 1995. However, other
studies based on DE methods do use avoice source model (Rosenberg, 1971 Fujisaki and
Ljungqvist, 1986 Gohl, 1988 Lobo and Ainsworth, 1992 Strik and Boves, 1992, Koreman,
1996. An important reason for using a voice source model is that the estimated voice source
parameters can be subsequently used for speed synthesis.

The parametrization is usually dore in the time domain (e.g. Ananthapadmanabha, 1984
Fujisaki and Ljungqvist, 1986 Schoentgen, 1990, 1995Jansen et al., 1991, Strik and Boves,
1992y Milenkowvic, 1993 Riegelsberger and Krisnamurthy, 1993, sometimes smultaneously
in time and frequency domain (e.g. Gobl and Ni Chasaide, 1988 Karlson, 1990, 1992Fant,
1993 Ni Chasaide and Gohl, 1990, 1993 and occasiondly in the frequency domain alone
(Funaki and Mitome, 199Q Hong et al., 1994 Alku and Vilkman, 1996 Ding and Kasuya,
1996 Alku, Strik and Vilkman, to appea). What the optimal domain is depends on the
applicaion and the method wsed.

Besides the method wsed to estimate the voice source parameters, it isimportant to have a
look at the method and material used for evaluation. The analyzed material is often limited to a
small number of pitch periods of vowels, most often natural vowels (e.g. Fujisaki and
Ljunggvist, 1986 Funaki and Mitome, 199Q Jansen et al., 1991 Holmberg, 1993 Milenkowvic,
1993, sometimes gynthetic vowels (e.g. Strik and Boves, 1994 Darsinos et al., 1999, or both
(e.g. Strube, 1974 Alku, 1992 Strik et al., 1992, 1993 Riegelsberger and Krisnamurthy,
1993. Furthermore, the analyzed material usually consists of sustained vowels or carefully
produced (e.g. real) utterances. Hardly ever were voice source parameters estimated for all
pitch periods of a complete sportaneous Entence As far as we know the only exception is
Strik and Boves (19923, 19920). Threeimportant reasons why the material is often limited to a
small number of pitch periods of sustained or carefully produced vowels are:

[1] becaise dmost nore of the methods is automatic, it is too laborious to process large
amourts of speed,
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[2] inverse filtering and parametrization are generally easier for vowels than for consonants,
and

[3] they are usually more difficult for sportaneous eed compared to sustained vowels or
caefully produced utterances.

If voice source parameters are estimated only for a limited number of pitch periods of
vowels, there is not much material that can be used for evaluation o the propased methods.
This is one of the reasons why a thorough evaluation generally is not provided. In fad, in the
majority of the aticles no evaluationis presented at all. In the few cases in which an evaluation
was provided, it often consisted merely of a simple qualitative (usualy visual) comparison o
the glottal flow signals and the model fits for a small number of pitch periods of vowels
(Strube, 1974; Fant et al., 1985 Lobo and Ainsworth, 1992 Riegelsberger and Krisnamurthy,
1993 Hong et al., 1994 Ding and Kasuya, 1996.

This qualitative evaluation was generally dore for natural speed (Fant et al., 1985 Lobo
and Ainsworth, 1992 Hong et al., 1994 Ding and Kasuya, 1999, athough it is also possble
to use synthetic speed for evaluation (e.g. Strik et al., 1992, 1993 Strik and Boves, 1994
Darsinos et al., 1995. Natural speed has the advantage that it is the kind o speedt the method
will be used for eventually. However, an important drawbadk of natural speed is that the
corred voice source parameters are nat known 2. This makes it hard to perform a quantitative
and detalled evaluation o the estimated voice source parameters. On the other hand, for
synthetic speed the rred voice source parameters are known: they are simply the voice
source parameters used during synthesis, or some transformation o these parameters. They can
be used to cdculate the aror in the estimated parameters (e.g. Strik et al., 1992, 1993 Strik
and Boves, 1994 Darsinos et al., 1995. A drawbadk of synthetic speed is that it (usualy)
does not contain all effeds (espedally the nontlinea effeds) that are present in natural speed.

We think that evaluation d the estimation methods is important, and therefore shoud get
more dtention than it has recaeved so far. That is why we daborate on this topic in the aurrent
article.

Estimation o voice source parameters can be useful for many appli cations. Withou doult,
the gppli cation mentioned most often is eed synthesis. However, the estimated voice source
parameters are dso used for fundamenta reseach on speed production (Ni Chasaide and
Gobl, 1993 Holmberg et al., 1994 Strik, 1994 Koreman, 1996. Other areas in which
methods to measure voice source behavior could be useful are dinicd use, speed analysis,
speedr coding, automatic speed reaognition, and automatic speeker verificaion and
identificaiion. However, in order to be gplicable in these aeas the methods shoud be fully
automatic. Also for reseach on speet synthesis and fundamental reseach on speed
production the use of automatic methods would be avantageous. Thus, for various reasons
there is an increasing neal for automatic methods (see eg. Fritzel, 1992 Fant, 1993 Ni
Chasaide and Gohl, 1993 Ding and Kasuya, 1999. Although alot of research has aready been
caried ou onthistopic, a completely automatic methodthat works satisfadorily does not seam
to exist yet.

The long term goa of our reseach therefore is to develop such an automatic method. Both
DE methods and FE methods can be made completely automatic. For this reason, and becaise
they are the methods used most often, a representative of the DE methodwill be compared with
a representative of the FE method. The representatives chosen are described in sedion 2.3and
2.4,
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The goals of the reseach reported onin this article ae to find ou what the pros and cons of
ead method are, to get a better understanding of the problems involved in estimating voice
source parameters, and finally to determine which method performs best. In order to make it
easier to compare the two methods, the same voice source model is used in bah methods. To
this end we use the LF model. The LF model and the reasons for choosing it are described in
sedion 2.2.

To adhieve these goals we tried to develop an evaluation procedure with which it is
possble to make athorough and systematic evaluation. The method and material chosen for
evaluation are described in sedions 3.1and 3.2,respedively.

This evaluation procedure is then used to study voice source estimation. First, in sedion 4.1
and 4.2,it is dudied how well the estimation methods succeel in estimating norrinteger values
of the parameters. Thisturned ou to be avery crucial property of the estimation methodks.

The evaluation procedure proposed in sedion 3 can be used to study the dfed of different
fadors. As an example we have dhosen to study the dfed of low-passfiltering (see sedion
4.3). The reason is that low-pass filtering influences the estimated parameters (Strik et al.,
1992, 1993 Perkell et al., 1994 Alku and Vilkman, 1995 Strik, 1996y Koreman, 199§.
Because low-passfiltering is used in (almost) all methods, it becomes very important to study
what the dfed of low-passfiltering exadly is. Previously propased methods are not optimally
suited for this task (see Strik, 1996). We will show that the evaluation procedure propased
hereis aiitable for studying the dfed of the fador low-passfiltering.

In sedion 5the findings are discussed and some general conclusions are drawn.

2. ESTIMATION METHODS

In this article two estimation methods used to parametrize dU, are tested and compared.
Before going on to describe these two methods (in sedions 2.3 and 2.4, we shall first give
some definitions in sedion 2.1and describe the LF model in sedion 2.2.

2.1. Somedefinitions

In the aurrent article it will be essumed that dU, is a discrete signal. Some terms related to
these voice source signals, and the A/D conversion used to oltain them, are often used below.
In order to avoid confusion later on, we shall first define some of these termsin this sdion.

For A/D conwversion, a dhoice has to be made for some values like the sampling frequency
(FY, the input range (A = [X i Xmax])» @1d the number of bits used to code eat sample (B,).
Here, F,= 10 kHz, A = [-2048, 2047, and B, = 12. As the number of bits used for coding is B,
the number of amplitude levels L = 25¢, and the step size & = AA/L. The step size is the small est
possble difference between two amplitude values. The distance between two neighbaring
sample poaints is cdled the sample interval or the sampling time T, = 1/F,. Throughou this
article atime parameter is said to have an integer value, if its value is predsely an integer
multiple of T,. Likewise, an amplitude parameter is said to have an integer value, if itsvalueis
exadly an integer multiple of o.
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2.2. LF modd

In the aurrent reseach the LF model is used as voice source modd (seeFigure 1). It shoud
be noted that the LF model is a mathematicadly complex model, which is a disadvantage for a
model used in afitting procedure. Nevertheless we have chasen to use the LF model, becaise
this disadvantage is not crucia (its main effed is that it increases the CPU time), and because
the LF model also has a number of advantages:

(3 In previous reseach the LF model has often been used to estimate voice source
parameters, with manual or (semi-)automatic methods. This reseach has shown that it
is a suitable model for description o the voice source signal (see eg Fujisaki and
Ljungqvist, 1986 Jansen et al., 1991 Karlson, 1992 Strik and Boves, 19920 Strik et
al., 1992, 1993 Riegelsberger and Krisnamurthy, 1993 Childers and Ahn, 1995
Darsinos et al., 1995.

(1 Fujisaki and Ljungqvist (1986 compared several voice source models. Their results
showed that the LF model and their own FL-4 model performed best.

(0 Previous reseach has aso proven that the LF model is wuitable for speed synthesis (see
e.g. Carlsonet al., 1989.

(1 Dueto al reseach alrealy performed, the model and its behavior are well known.

Figure 1. The LF-model and the LF-parameters.
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The parameters of the LF model can be divided into threegroups (seeTable ).

Tablel. The LF parameters.

1. amplitudes
O Eg excitation strength, E, = min(dU,)
O Uy peek glottal flow, Uy = max(Ug)

2. moments
3 t,: moment of opening
O3 t,: moment of peek in U, t, = argmax(U,)
3t moment of excitation, t, = argmin(dU)
(3 t: moment of closing

3. duations of timeintervals
O T, duration d apitch period, Ty = 1/F,,
O T, duration o theinterval between t, and the projedion o the tangent of dUy int,.

These parameters, in turn, can be used to derive many other parameters. For instance speed
quatient is often caculated: SQ = (t,t,)/(t-t,) (€.9. Alku and Vilkman, 1993. However, in our
opinion these derived parameters are less sitable for evaluation o the parametrization
methods. The reason is that the derived parameters have an important drawbadk: whenever
thereisa dhange in aderived parameter, it is difficult to determine how this change cane aou
(Strik, 1996). Anincrease in SQ could be the result of alarger t,, asmaller t,, asmallert,, or a
combination o any of these three dianges. On the other hand, whenever a derived parameter
remains constant, this does not necessarily imply that the underlying parameters (from which
the parameter was derived) remain constant. It is aways possble that changes in these
underlying parameters cancd ead other out. Therefore, we prefer to use the LF parameters
spedfied in Table | for the evaluation o estimation methods. Since the parameters E, t,, t,, t,,
and T, give acomplete description o an LF pulse, this st of parameters will be used in this
article.

2.3. Direct estimation method

In DE methods, voice source parameters are cdculated diredly from dU, or U, by means of
simple aithmetic operators like min, max, argmin, and argmax. These aithmetic operators are
used to deted landmarks in the signals. Some examples of estimations used qute often are: U,
= max(Uy), t, = argmax(U,), E, = -min(dUy), and t, = argmin(dU,) (see eg. Sundkerg and
Gauffin, 1979 Ananthapadmanabha, 1984 Gauffin and Sundlerg, 198Q Gauffin and
Sundkberg, 1989; Alku, 1992 Alku and Vilkman, 1995 Koreman, 1996. Except for the value
and the placeof a maximum or minimum, the placeof a zero crossng is aso used to estimate
parameters. For instance in thisway t, andt, can be estimated (seeFigure 1).

With DE methods, estimates of most voice source parameters can be obtained in a
relatively simple way. However, DE methods also have some disadvantages. DE methods try to
locae (important) events in the voice source signals. Thus the resulting estimates are limited to
the placeor amplitude of samples in the discrete signals. In other words, the estimated voice
source parameters aways have integer values. In pradice, these (important) events generaly
will not coincide predsely with a sample paint, and amplitudes will nat always be exadly an
integer multiple of the step size 9; i.e. the parameters will not have an integer value. The aror
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in the estimated voice source parameters due to this property of the DE methods will contribute
to the total error, as we will show in sedion 4.Thisisamajor drawbad of DE methods.

Anather drawbadk of DE methods is that a disturbance present in the estimated flow pulses
can lea to large arors in the estimated parameters. For instance, naise or formant ripple can
influence the paosition and the amplitude of certain events to a large extent. Some other
drawbadks of DE methods can be foundin Strik (1996a).

One of the ams of the research reported in this article is to test the performance of a DE
method, and to compare it with the performance of an FE method. To that end we chose the DE
method described in Alku and Vilkman (1995, becaise their method seemed promising and
because the authors provide afairly detailed description o their method (see espedally page
765 of their article). Furthermore, with this method it was possble to estimate the LF
parameters E,, t,, t,, andt, (for which they use the terms A ., t,, t,, andtyy, respedively).

In their method Alku and Vilkman (1995 do nd estimate T,. They use the parameter t 4 to
describe the return phese. Since T, canna be derived from t and an LF model is not complete
withou T, another method hed to be used to estimate T,. For the aurrent research all estimates
were made in the time domain. Because it is very difficult to estimate T, in the time domain
with a DE method, estimates of T, were obtained by fitting the LF mode! to the glottal pulse.
More predsely, for given values of E, t,, t,, and t, (made with the DE method) the optimal
value of T, was estimated by fitting the LF mode! to the data. Therefore, strictly speeking, only
Ee to tp, and t, can be said to be the result of the DE method, while T, is subsequently
estimated with a fitting procedure. However, it is important to ndice that the estimate of T,
does depend to a large extent on the estimates of E, t,, t,, and t, made before with the DE
method. Furthermore, estimating one parameter (here T,) with a fitting procedure, is a
relatively smple operation. Consequently, the results showed that the aror in the estimates of
T, is mainly the result of the erors in the estimates of E, t,, t,, and t, made with the DE
method. For instance, if estimates of E, and/or t, are too large, the resulting estimates of T, will
generally be too small.

After implementing this methodfor parameter estimation, numerous experiments were first
caried ou to improve the implementation. The goal was to make the estimations more robust,
and thus to make the resulting average arors in the estimates snaler. In the following stage,
the DE method was used for the tests described below.

2.4. Fit estimation methods

Voice source parameters can also be obtained by fitting a voice source model to the data (e.g.
Ananthapadmanabha, 1984 Karlson, 1990 Schoentgen, 1990, 1995 Jansen et al., 199%
Karlsoon, 1992 Strik and Boves, 19921 Fant, 1993 Milenkovic, 1993 Riegelsberger and
Krisnamurthy, 1993. In our FE methodfive LF parameters (E, t,, t,, t,, and T,) are estimated
for eath pitch period. The FE method consists of threestages:

1. initial estimate

2. simplex seach agorithm

3. Levenberg-Marquardt algorithm

The goal of the FE methodis to determine amodd fit which resembles the glottal pulse &
good as possble. This resemblance is quantified by means of an error function, which is
cdculated in the foll owing way. The optimization procedure provides a set of LF parameters. A
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routine (cdled the LF routine) uses the anayticad expresson o the LF model to cdculate a
continuows LF pulse for these LF parameters. Subsequently, this LF pulse is ssmpled and zeros
are added before t, and after t; (until the length of the fitted signal is equal to that of the glottal

pulse). The output of the LF routine ae the samples of the fitted signal. In turn, the samples of

the fitted signal together with the samples of the glottal pulse ae theinpu to the aror function,
which provides a measure of the diff erence between these samples.

The fitting procedure tries to minimize this error. We have experimented with severa error
functions which were defined either in the time domain, the frequency domain, o in bah
domains simultaneously. Defining a suitable aror function in the frequency domain, for this
automatic fitting procedure, turned ou to be problematic. Probably the main reason is that the
spedrum contains ome detail s (e.g. the harmonics dructure, the high-frequency noise) which
neal na be fitted exadly. With simple aror measures, like eg. the root-mean-square (rms)
error, we did na succeal in oktaining a reasonable model fit. More sophisticaed error
functions are needed for this task. The desired error function shoud abstrad away from the
detail s which are not important, and emphasize the important aspeds (e.g. the slope of the
spedrum).

In the time domain it is much easier to oltain afairly good model fit of dU,. Here asimple
rms error does yield plausible results. Still, also in the time domain some aspeds of dU, could
be more important than others. It is likely that more sophsticaed error functions could be
defined which emphasize the relevant (e.g. perceptual) aspeds. However, what is relevant does
depend onthe goplicaion. In the aurrent reseach we did na have aspedfic gpplicdionin ou
mind. The goa of this reseach was to develop a method for which the aror in the estimated
voice source parameters is gnall. Therefore, an important property of the aror function is that
it shoud deaease when the arors in the voice source parameters become smaller (this may
soundtrivial, bu it is not). The rms error (defined in the time domain) did have this property
and thus was auitable for this task, as our experiments reveded.

For the fitting procedure different nonlinea optimization techniques were tested: several
gradient algorithms and some versions of a nongradient algorithm, i.e. the simplex seach
algorithm of Nelder and Mead (1964). Of the dgorithms tested the ssimplex search algorithms
usually came doser to the global minimum than the gradient algorithms. Owing to
discontinuities in the eror function gradient algorithms are more likely to get stuck in locd
minima than simplex seach agorithms are. Therefore the best version o the smplex seach
algorithm is used in the second stage of the FE method. However, in the neighbahood d a
minimum, the simplex algorithm may do worse (see Nelder and Meal, 1969. As a fina
optimization, the Levenberg-Marquardt algorithm (a gradient algorithm) is therefore used in the
third stage.

In order to start the simplex seach agorithm of stage 2 an initial estimate is required,
which is made in the first stage. In principle, the best avail able DE method shoud be used to
provide the initial estimate. In that case the rms error for the FE method can never be larger,
and will almost always be small er than the rms error for the DE method wsed (becaise in stage
2 and 3 of our FE method the rms error can never increase, and wsually deaeases gradualy).
Consequently, the erors in the voice source parameters estimated with the FE method would
amost always be small er than those estimated with the DE method wsed for initial estimation.
Therefore, if we had used the DE method cescribed in the sedion abowve for initia estimation,
the performance of this DE method would probably have been worse than that of the FE
method. Because we aonsidered this to be an urfair starting point, we dedded to use another
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routine for initial estimation. We simply seleded the one we had used in previous reseach
(Strik et al., 1993.

In sedion 4.3 we will i ntroduce asemnd version o this FE method. This smnd version
differs only dlightly from the version described here. Together with the DE method described in
sedion 2.3this makes atotal of three estimation methods that were studied.

3. EVALUATION METHOD AND MATERIAL
3.1. Evaluation method

Estimates of voice source parameters can be influenced by alarge number of fadors. So far,
11 o these fadors have been studied: F,, B, pasition (shift) and amplitude (E,) of the glottal
pulses, t., T,, signal-to-noise ratio (i.e. the efed of additive noise), phase distortion (which can
be caused e.g. by high-passfiltering), low-passfiltering, and errors in the estimates of formant
and bandwidth values during inverse filtering (which will bring abou formant ripple in the
estimated voice source signals). We have performed at least 1000 modd fits for ead of these
11 fadors, making atotal of much more than 11.000mode fits.

Due to space limitations it is not possble to present the results of al the tests here.
Therefore, we shall confine ourselves to the most important results, viz. those of the fadors
shift, E,, and low-passfiltering. The results of other tests can be foundin Strik et al. (1993,
Strik and Boves (1994), and Strik (1994.

In natural speed many of these fadors will simultaneously affed the estimated voice
source parameters. Still, we think that it i s better to conduct a systematic study of ead fador in
isolation. First of all, because otherwise it would be difficult to find ou what the dfed of eah
fador is. Second, kecause the contribution o these fadors differs from one situation to the
other, even within ore experiment. If for different magnitudes of ead fador it is known what
the dfeds on the voice source parameters are, then for a given setting it could be estimated
what the magnitude of ead fador is and thus what the arors in the voice source parameters
are. And third, becaise it is impaossble to study al combinations (1000 cases for 11 fadors
make atotal of 1000" combinations). Certainly, some of the fadors will i nterad. Therefore,
after studying the dfed of ead fador in isolation, some relevant combinations shoud aso be
studied later.

Next, we had to deade whether to use natural or synthetic speed for evaluation. Natural
speed has the advantage that it is redistic: it is the kind o speed (with all its properties) for
which the method eventually shoud be used. A previous version o the FE method tested with
natural speed produced plausible results (Strik and Boves, 19921 Strik et al., 19929. Plausible
in the sense that visua inspedion reveded that glottal flow signals and model fits were very
much alike. This kind o qualitative (visua) evaluation is abou the only evaluation which is
usualy dore. Furthermore, we dso chedked whether the voice source parameters changed
slowly in time (this is what one would exped if the voice source parameters are related to
articulation), and they did. Of course the latter type of evaluation is nat possble if only some
pitch periods of vowels are processd (asis often dore). In this case analysis of longer stretches
of speetisrequired.
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If a voice source modd is used duing analysis, anather type of qualitative evaluation can
be done. The estimated voice source parameters can be used to resynthesize the utterance, and
by using perception ore could try to minimize the diff erence between natural and resynthesized
utterance (analysis-by-synthesis). This method hes the disadvantage that (almost) similar
percepts can be obtained with different articulatory settings. So with this method ore is never
sure whether the estimated voice source parameters approximate the corred voice source
parameters, or whether it is ancother set of voice source parameters that just sounds (almost)
similar. For some types of reseach, e.g. fundamental reseach on speed production, thisis an
important distinction.

Furthermore, al the qualitative evaluation methods mentioned above have some other
disadvantages. First of all, for natural speed it is amost impossble to control all the fadors
which influence the estimated voice source parameters, and thus to examine the dfed of eath
of these fadors in isolation. And even if this were possble, these methods are much too
laborious to be used in the numerous (more than 11.000Q cases that were studied so far. After
al, for every new model fit of ead pitch period a qualitative evaluation haes to be dore by
looking at or listening to the signals.

Finally, natural speed has to be inverse filtered before one can start with the
parametrization o the glottal flow signals. Current inverse filter techniques work quite well,
but they are ceatainly not perfed. Imperfedions in inverse filtering lea to errors in the glottal
flow signals. These arors contribute to the final errors in the estimated voice source
parameters, and it becomes impossble to determine which part of the eror is caused by inverse
filtering and which ore by parametrization. Inverse filtering has aready been studied alot in
the past. Here we want to concentrate on the estimation methodks.

Instead of natural speed synthetic speed can be used for evaluation. The most important
drawbadk of synthetic speedisthat it isonly an approximation o natural speed, and daes not
contain all the properties of natural speet. However, synthetic speet also has many
advantages. First of all, with synthetic speed inverse filtering and parametrization o the
glottal flow signals can be studied in isolation (if a synthesizer is used that outputs bath speet
and the glottal flow signal). Furthermore, one can control and vary ead fador, and thus eat
fador can be studied in isolation. Desired glottal waveforms with diff erent kinds of shapes can
easily be produced. For al these glottal flow signals the corred voice source parameters are
known. They are simply the voice source parameters used to synthesize these pulses (or some
transformation o them). This makesit easy to caculate the aror between estimated and corred
voice source parameters. Finaly, the experimental cycle is fast, much faster than with the
gualitative methods mentioned abowve. This is very important, becaise for a systematic and
thorough evaluation many experiments have to be dore (so far, aready more than 11.000
model fits have been caried ou).

Given the considerations presented above, we dedded to use synthetic speed for our
evaluations. Because we want to focus on the parametrization method, we shal not evaluate
inverse filtering in the aurrent reseach. In ou experiments we first synthesize glottal flow
signals. Subsequently, the three parametrization methods are used to estimate the voice source
parameters. Finally, the estimated voice source parameters are compared with the corred ones
(used to synthesize the glottal flow signals). In this way the experimental cycleis dhort, and can
be used to perform the numerous tests which are neaded. As we use the LF model for the fitting
procedure, it is obvious that we dso used the LF model to synthesize the glottal flow signals.
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This evaluation method is equivalent to the method wsed by McGowan (1994 to estimate
vocd trad parameters. He used the same aticulatory synthesizer to produce formant trads and
to recover the aticulatory trgjedories from these formant tradks. His reseach showed that this
is a useful evaluation method, which can be used to gain insight in the estimation procedure.
For example, he found that the estimation could be improved by using additional amustic
information, such as rms amplitude.

In ou reseach, just as in the reseach by McGowan (1994, all details of the generating
procedure ae explicitly known. We therefore agreewith him that these kinds of studies shoud
be regarded as best case studies which can be used to study the limitations of estimation
procedures and to optimize these estimation procedures.

For evaluating the estimation methods 11 base pulses were defined (seesedion 3.2. These
11 bese pulses srved as a starting point, and were used to generate the test pulses. For
instance, to study the influence of the fador low-passfiltering, the 11 base pulses were filtered
with M low-passfilters in order to generate M x 11 test pulses. Calculation o the base pulses
and the test pulses was first dore in floating point arithmetic. After the test pulses had been
creded, the sample values were rounced off towards the neaest integer (asis dore in standard
A/D conversion). Subsequently, for these test signals voice source parameters were estimated
with the DE method and the FE method. The resulting values were compared with the corred
values, and the erors were cdculated:

ERR(X) = 100%6* 8bS(X g = Xip)/Xinps fOF X = Eg
ERR(Y) = abs(Y o - Yip), fOr Y =t,, t, teand T,

The experiments were caried ou for a number (say N) of test pulses. After cdculating the
errors in the estimates of the 5 LF parameters for ead test pulse, the arors had to be averaged.
This can be dore in a number of ways. Generally, averaging was dore by taking the median of
the absolute values of the arors. The asolute values were taken becaise otherwise positive
and regative erors could cancd ead other out. In this way the average eror could be small,
whil e the individual errors are (much) larger. The median was taken because (compared to the
arithmetic mean) it is lessaffeded by outliers which are occasionally present in the estimates.
This method d averaging is the default methodin the aurrent article. Sometimes other ways of
averaging were required. Whenever ancther way of averaging was used, this is explicitly
mentioned in the text.

In al figures below, the arors are aranged in a similar fashion (see eg. Figure 3). In the
upper left corner are the arors for E, (in %), in the midd e row are the erors for t, and t,, and
in the bottom row are the arors for t, and T,. The arorsin the time parameterst,, t, t, and T,
are expressed in pusec or in msec, depending on the magnitude of the atrors.

3.2. Material

The three estimation methods used in this dudy are pitch-synchronouws. Thisimplies that a
pitch period o dU first has to be located before it can be parametrized. Among the parameters
that have to be estimated are t, andt.. Because these two parameters are not known beforehand,
the pitch period canna be segmented exadly. In pradice we first locate the main excitations
(i.e. t) and then use awindow with a width larger than the length of the longest (expeded)
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pitch period. Generaly, the pitch period will be situated between two other pitch periods
(except for UV/V and V/UV transitions). Therefore, for ead experiment sequences of three
equal LF pulses were used. Each time voice source parameters were estimated for the
(perturbated) pulse in the middle. Ancther reason for not using a single glottal pulse for
evaluation is that the dfeds of perturbations cannat always be studied by a single, isolated LF
pulse.

Furthermore, LF pulses with diff erent shapes were used. The reason is that the dfed of a
studied fador can depend onthe shape of a pulse. Therefore, to get a general picture of the
effed of that fador, the dfed has to be studied for a number of pulses with diff erent shapes.
These pulses will be cdled the base pulses. The base pulses were obtained by using the LF
model for different values of the LF parameters. The parameters of E, T, t,, and t, were kept
constant at 1024, 10msec, 10msec, and 20msec, respedively. The values given for t; and t,
are the values for the second d the three pulses. For the first pulse one shoud subtraa 10
msec, and for the last pulse add 10msec T, and t. were kept constant because the results of
our experiments howed that varying these parameters had very littl e éfed on the estimations.
The influence of varying E, and shift (which is grongly related to t,) were studied separately
(seesedion 4.2.

For defining the base pulses the values of t,, t,, and T, were varied. Based onthe data given
in Carlson et al. (1989, and the data from previous experiments (Strik and Boves, 19924,
1992b, 1994Strik et al., 1992, 1993Strik, 1994 the following 11 base pulses were defined:

Tablell. Valuesof t,, t,, and T, for the 11 base pulses.

base pulse
1 2 3 4 5 6 7 8 9 10 11
t 140 | 14.0| 16.0] 16. 16.( 16.p 14/0 140 1%.2 1p.2 15.2
te 15.2 | 15.2| 17.2) 17.4 18. 188 16/0 140 1%1.2 1y.2 17.2
T 08/ 04 14 04 1p 16

0.4 1.6 0.4 1.6 0.4

For all tests Fg = 10 kHz and B, = 12. If B, = 12, the minimum value asample can have is -
2048, and thus the maximum value E, can have is 2048.But in pradice (when natural speedis
used), even if the amplification duing A/D conversionis optimal, the average value of E, will
be smaller than the maximum value of 2048. Therefore, the 11 base pulses were cdculated
with avalue of 1024for E,.

4. TESTS

Various tests were performed to test the DE method and the FE method. The results of some of
these tests are presented in this article. First, the LF routine used to generate the LF pulses is
tested in sedion 4.1.Subsequently, the influence of position (shift) and amplitude (E,) of the
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glottal pulses on the estimates is tested in sedion 4.2.Finadly, in sedion 4.3it is dudied in
which way low-passfiltering aff eds the estimates.

4.1. TheLF routine
4.1.1. Introduction

In sedion 2.3we agued that one of the drawbadks of the DE methods is that only integer
values for the parameters can be estimated. Our intention was to develop an FE method that
would make it posgble to estimate norrinteger values too. In order to make this possble an LF
routine is needed which has a cetain property: the LF routine shoud be ale to caculate
corred LF pulses for integer and noninteger values of the LF parameters. Here we shall test
whether our LF routine has the required property, which will be cdled the ‘norrinteger’

property.
4.1.2. Method

A 10 kHz LF pulse was cdculated for the foll owing values of the LF parameters (which are nat
al integer): t, = 10.05,t, = 15.25,t, = 17.25,t, = 20.05,T, = 1.0 msec, and E, = 1.0. For this
10 kHz pulse al important events (i.e. t, = opening, t, = peak of U, t, = excitation, and t, =
closing) are pasitioned exadly hafway between two sample positions. Next, a20 kHz LF pulse
was cdculated with the same values of the LF parameters. In this case, all events coincide with
sample pasitions.

4.1.3. Results and conclusions

As is apparent from Figure 2, the two puses do nd differ. A similar test was also performed
for nonrinteger values of E,, and dfferent values of B, (number of bits used for coding). In this
case, too, the pulses did na differ. Therefore, the conclusion is that the proposed LF routine
succe@ls in generating corred LF pulses, also for non-integer values of the time and amplitude
parameters. Results of ensuing tests can be foundin the next subsedion.
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4.2. Shift and E,
4.2.1. Introduction

In the previous dubsedion it was tested whether it is passble to cdculate corred LF pulses,
with the proposed LF routine, also for nonrinteger values of the LF parameters. This was tested
by studying some well-chosen examples of the LF pulses. As the test gave positive results, we
can now go ore step further. In this dion a more thorough test is presented. For both the DE
method and the FE method it will be tested how well they succeeal in estimating (non-integer
values of) the voice source parameters.

422 Method

The definition of the 11 base pulsesis auch that al tim e parameters have an integer value (see
sedion 3.2. In order to crede test pulses in which the time parameters did na have integer
values, the 11 base pulses were shifted in steps of 0.01 msec, from 0.0 upto 0.1 msec (11
values). This variable will be cdled shift. For only two of the chosen 11 values of shift (i.e.
shift = 0.0and 0.1), the time parameters will have an integer value, while for the other 9 values
of shift all time parameters will have noninteger values. An example of a base pulse shifted
over 0.05msec isthe 10 kHz pulse in Figure 2 (dotted line).

In order to crede test pulses in which the amplitude (E,) does nat have integer values the
amplitude E, was varied from 1023to 1025in steps of 0.2 (11 values). This makes a total of
1331test pulses (11 bese pulses x 11 shift values x 11 E, values).

4.2.3. Results of the DE method

First the results of the DE method are presented in Figures 3 and 4.Ead error in Figure 3isthe
median of 121 errors (11 base pulses x 11 E, values), while eat error in Figure 4 is the median
of anather set of 121 errors (11 base pulses x 11 shift values).

Let us first look at the arorsin Figure 3. To estimate t, a threshold function is used in the
DE method. The consequence is that the estimate of t, is aways much too large (on average
abou 820 psec, see Figure 4). For a shift of 0.03 msec the average atror in t, is minimal,
whil e for a shift of 0.04msec it suddenly becomes maximal. The reason is that this extra shift
of 0.01 msec causes the threshold to be excealed ore sample later in many test pulses, and
thus the average aror in t, suddenly increases.

Except for t,, the figures of the average arors of the other parameters al have roughly the
expeded triangular shape. For a shift of 0.0and 0.1msec the arors are zero, and for other shift
values the erors are greder than zero. The fad that (except for t) the figures are not exadly
triangular is caused by certain detail s of the implementation o the DE method which are nat
relevant here.

4.1.3 Resultsand conclusions

As is apparent from Figure 2, the two puses do nd differ. A similar test was also performed
for nonrinteger values of E,, and dfferent values of B, (number of bits used for coding). In that
case, too, the pulses did na differ. Therefore, the conclusion is that the proposed LF routine
succeadls in generating corred LF-pulses, also for nortinteger values of the time and amplitude
parameters. Results of ensuing tests can be foundin the next subsedion.
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At this point it may seem more or lesstrivial to some readers that the LF-routine has the
‘nonrinteger’ property. However, this is not the case. For instance, the LF-routine | used first,
i.e. the LF-routine described in Lin (1990, did na have the ‘nonrinteger’ property. The reason
is that in Lin's routine dl the inpu parameters are rounded off towards the neaest integer.
Because Lin (1990 used his routine for speed synthesis, roundng off the input parameters
was not a serious drawbadk for his applicaion. For many implementations of a voice source
model, roundng off theinpu seemsalogicd and pradicd operation.

In the current and the following subsedion it is tested whether the LF-routine has the
‘nonrinteger’ property. These tests are presented here because | foundthat for the FE-method it
is very important to use an LF-routine that has the ‘non-integer’ property. In fad, when the
LF-routine used in my FE-method was changed from Lin's version to the aurrent version, an
enormous improvement was observed. Consequently, the arors in the estimates with the
current version o the LF-routine ae much smaller than those obtained with the previous (i.e.
Lin's) version.

4.2 Shift and E,,
4.2.1 Introduction

In the previous subsedion it was tested whether it is possble to cdculate crred LF-pulses,
with the proposed LF-routine, also for non-integer values of the LF-parameters. This was tested
by studying some well-chasen examples of the LF-pulses. As the test gave positive results, |
can now go ore step further. In this sdion a more thorough test is presented. For baoth the
DE-method and the FE-method it will be tested honv well they succeel in estimating
(norrinteger values of) the voice source parameters.

422 Method

The definition of the 11 base pulsesis auch that al tim e parameters have an integer value (see
sedion 3.2. In order to crede test pulses in which the time parameters did na have integer
values, the 11 base pulses were shifted in steps of 0.01 msec, from 0.0 upto 0.1 msec (11
values). This variable will be cdled shift. For only two of the chosen 11 values of shift (i.e.
shift = 0.0and 0.1), the time parameters will have an integer value, while for the other 9 values
of shift all time parameters will have noninteger values. An example of a base pulse shifted
over 0.05msec isthe 10 kHz pulse in Figure 2 (dotted line).

In order to crede test pulses in which the anplitude (E.) does not have integer values
the amplitude E, was varied from 1023to 1025in steps of 0.2 (11 values). This makes a total
of 1331test pulses (11 base pulses x 11 shift values x 11 E, values).
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The arorsin the estimates for diff erent values of E, are shown in Figure 4. The arorsin the
time parameters t,, t,, and t, obviously do nd depend onthe value of E,. Therefore, the erors
for these time parameters are constant. If a large number of moments is randamly distributed,
the average aror (bath the aithmetic mean and the median) due to roundng off towards the
nearest sample would be TJ4 = 25 psec. The average erors of t, t,, and T, do nd deviate
much from this theoreticad average. The reason that the average arors are not exadly equal to
25 psec isthat the related moments are not positioned randamly. The resson why the eror in't,
is much larger was alrealy explained abowve.

The figure of the arors in the estimates of E, also has the expeded triangular shape: the
average arors are minimal for integer values of E,, and are larger in between. The median error
in E, is never zero, because it is obtained by averaging over different values of shift, and for
most values of shift the aror in E, is larger than zero. The estimate of T, depends on the
estimates of E, andt,, and thus is nat constant as a function o E,.. Again, the exad shapes of
the figures with the arors of E, and T, are a orollary of details in the implementation o the
DE methodwhich are not relevant.

4.2.4. Results of the FE method

The resulting average arors for the FE method are shown in Figures 5 and 6. In this case the
errors were averaged by taking the mean value. This was dore for two reasons: [1] sincethere
are no ouliers, median and mean values do nd differ much; [2] by taking the mean it is also
possble to cdculate standard deviations. In turn, this makes it passble to test whether thereis
asignificant diff erence between two mean values.

In this case for ead value of shift the mean and standard deviation o 121 errors (11 base
pulses x 11 E, values) were cdculated. The results are shown in Figure 5. Likewise, for eat
value of E, the mean and standard deviation o 121 errors (11 base pulses x 11 shift values)
were cdculated. The results are shown in Figure 6.

In Figures 5 and 6 ore can observe that the mean errors do nd differ significantly from
ead other. Furthermore, no trend can be observed in the erors. Put otherwise, the magnitude
of the aror in all estimated parameters does not depend onthe value of the fadors shift and E..
Furthermore, all errors are very small, in general much smaller than the arors for the DE
method. Except of course for the cases where dl the LF parameters have an integer value. In
the latter case the arors for the DE method are zero, which is gnaller till t han the tiny errors
foundfor the FE method. However, it is clea that in pradice the voice source parameters will
seldom have exadly an integer value.

4.2.5. Conclusions

The conclusions that can be drawn from these tests are the foll owing. The arors obtained with
the FE method are very small, in general much small er than those for the DE method. It can be
concluded that with the FE method noninteger values can be estimated as acairately as integer
values. Therefore, the quality of the model fit does nat depend onthe exad value of E, andthe
position o the pulse (which is determined here by the variable shift). This explains why t, and
E. could be kept constant in the definition o the base pulses (seesedion 3.2).
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For the DE method the average arors in t, are dways larger than for the FE method,
because in the former a threshold function is used to estimate t,. In fad, the aror in t, can be
substantially reduced, smply by subtrading a oconstant from its estimate. For the other
parameters the estimation errors for the DE method are zero if the parameters have exadly an
integer value. Since parameters will rarely have an integer value in pradice estimates of
parameters will amost always contain an error due to this fad alone. These arors will be
cdled the intrinsic erors, becaise they are intrinsic to the estimation methods. They will
always be present, even if the glottal pulses are perfed clean glottal pulses, as was the cae in
these tests. The results presented in this ssdion make it passble to estimate what the average
intrinsic errors are. For the DE method the average aror in the time parameters (except t,) is
abou T4 = 25 psec, which is the theoreticd average for randamly distributed values, while
for E. it isabou 1% (seeFigure 4). For the FE methodthe average aror in the time parameters
islessthan 0.5psec while the average aror for E,isabou 0.01% (seeFigures 5 and 6).

At this point it may seam more or less trivial that the LF routine has the noninteger
property. However, thisis not the case. For instance, the first version o our LF routine, i.e. the
LF routine described in Lin (1990, did na have the noninteger property. The reasonisthat in
Lin's routine dl the inpu parameters are rounced off towards the neaest integer. Because Lin
(1990 used his routine for speed synthesis, roundng off the inpu parameters was not a
serious drawbadk for his application. For many implementations of a voice source model,
roundng off theinpu seansalogicd and pradicd operation.

Sincein thisfirst version o the LF routine the input parameters are rounced off towards the
neaest integer, the resulting parameters do nd change gradually but instead jump from one
integer value to the next. The consequenceis that also the cdculated rms error jumps from one
value to the next, becaise the shape of the generated LF pulse changes abruptly. Thus the eror
function hes the shape of a staircase. A staircase-like aror function is problematic for many
optimization agorithms, espedally for gradient algorithms. They often get stuck in a locd
minimum, because the gradient is zero for ead stair. Although the smplex search algorithms
generally come doser to the global minimum than the tested gradient algorithms, the staircase-
like aror function aso proved to be problematic for this algorithm. The explanation is the
following. The simplex is formed by N+1 pants in a N-dimensional space During
optimization the size of simplex often diminishes gradually. At a cetain pant the distance
between two pants of the smplex can become smaller than the width of a stair, andtheniitis
usually stuck onthat stair.

In the second wersion d the LF routine, oversampling was used within the LF routine. For
instance, we tried oversampling by afador 10. Thus not only integer values can be estimated,
but aso 9 values between these integers. Therefore, the second wersion o the LF routine has
the required nonrinteger property. However, the aror function still has the shape of a staircase.
Since the stairs are 10 times snaler (compared to the first version o the LF routine), the
resulting estimates were better. Still, the optimization dten did na come dose to the global
minimum.

Our conclusionis that oversampling can reducethe width of the stairsin the aror function,
and thus improve the estimates, but it can never take avay the fundamental problem for
optimization, i.e. that the eror function is a staircase. That is why we tried to define an error
function which changes gradually. The solution was smple: do nd round df the inpu
parameters to integer values; instead use the red values. Subsequently, the analyticd
expresson o the LF model is used to cdculate a @ntinuows LF pulse. Finaly, this continuows
LF pulse is sampled. This is the third version o the LF routine. Lin (1990 did na use the
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analyticd expresson, most probably because it requires too much CPU time for his applicaion
(red-time speed synthesis). Instead he used an approximation procedure for which it is
necessry that the parameters are rounded off towards an integer. For our applicaion CPU time
isnot esential, and therefore we can use the analyticd expresson.

The third version o the LF routine has the required noninteger property. More important,
for this version the shape of the cdculated LF pulse changes gradually when the inpu
parameters change gradually. Consequently, the aror function is no longer a staircase but a
gradual function. We will cdl thisthe ‘gradual’ property. It is clea that LF routines which have
the gradual property also have the noninteger property, i.e. LF routines with the norrinteger
property form a subset of the LF routines with the gradual property. This gradual property
turned ou to be esential. An enormous improvement in the FE method was observed when the
third version of the LF routine was used (compared to the first and seoond wersion). The reason
isthat a gradual error functionis an enormous advantage for both simplex search and gradient
algorithms. All results presented in this article ae obtained with the third version o the LF
routine.

4.3. Low-passfiltering
4.3.1. Introduction

Before the glottal flow signals are parametrized, they are low-passfiltered at least oncein all
methods, viz. before A/D conwersion. Often, they are low-pass filtered again after A/D
conversion, wualy to cancd the dfeds of formants that were not inverse filtered or to
attenuate the noise comporent. The latter operation seems very sensible for DE methodk,
because in these methods high-frequency disturbances can influence the estimated parameters
to alarge extent. However, low-passfilt ering changes the shape of the glottal flow signals, and,
consequently, influences the estimated voice source parameters (Strik et al., 1992, 1993
Perkell et al., 1994 Alku and Vilkman, 1995 Strik, 1996y, Koreman, 1996.

An example of the distortion o aflow pulse caised by low-passfiltering is given in Figure
7. For low-passfiltering a onvdution with a 19-point Bladkman window was used. Shown are
a base pulse before (solid) and after (dashed) low-passfiltering, and amodel fit onthe low-pass
filtered pulse (dotted). Besides a picture of the three signals for the whole pitch period, some
detail s aroundimportant events are dso provided.

One can see in Figure 7 that low-passfiltering does influence the shape of the pulse. From
this figure one can deduce that the dhange in shape can have alarge impad on the estimates
obtained by means of a DE method. This is most clea for the estimate of E,, which will
generally be too small. But also the estimates of the other parameters will be dfeded.

Low-passfiltering will aso affed the estimates of an FE method. After low-passfiltering
the shape of the pulse is changed. The fitting procedure will try to find an LF pulse that
resembles the filtered puse & closely as possble. This is done by minimizing the rms error
which is ameasure of the diff erence between the test pulse and the fitted LF pulse. Theresultis
afitted LF pulse which deviates from the original base pulse (seeFigure 7). In Figures 7a and
7dit can be seen that the estimated values of E, andt, are too small, while the estimate of T is
too large. Furthermore, one can seein Figure 7b that for this example pulse the estimate of t, is
too large, andin Figure 7c that the estimate of t, is a bit too small. For this example the erors
in the estimates obtained by means of the FE method are: Err(E,) = -11.24, Err(t,) = 46 psec,
Err(t,) =-28psec, Err(ty) =-52 psec, and Err(T,) = 144 usec
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Figure 7. An example of aflow pulse before (solid) and after (dashed) low-passfilt ering,
and a fit on the low-passfiltered puse (dotted). Shown are the whale pitch period, and
some detail s aroundimportant events.
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Since low-passfiltering does affed the shape of the flow pulses, and consequently also the
estimated parameters, it becomes important to study the dfed of low-pass filtering on the
parameter estimates. Thiswill be dore in the present sedion. The distortion o the glottal flow
signals depends on a number of fadors, like eg. the type and the bandwidth of the low-pass
filter, the frequency contents of the glottal flow signals, and the parametrization method wsed.
We will study the dfed of low-passfiltering for two parametrization methods (i.e. the DE
method and the FE method), for glottal pulses with different frequency contents (i.e. the 11
base pulses), and for diff erent values of the bandwidth of the low-passfilter.

Low-pass filtering is dore by means of a convdution with a Bladman window 3. The
bandwidth of this low-passfilter is varied by changing the length of the Bladkman window (the
longer the window, the smaller the bandwidth). This type of low-pass filtering was chasen
because some preliminary tests showed that the aror in the estimates induced by thisfilter was
smaller than that of other tested filters. In part this can be explained by the fad that this low-
pass filter does not have aripple in its impulse resporse, while aripple is present for many
other low-passfilters. Therefore, for most other low-passfilters (including the generally used
standard FIR filters) the estimation errors will be (much) larger than the arors presented below.

4.3.2. Method

The 11 base pulses were low-passfiltered by means of a convdution with a Bladkkman window
of varying length. The length of the window was varied from 3 to 19 samples in steps of 2
samples (9 lengths). For the resulting 99 test pulses (11 base pulses x 9 window lengths) the
parameters were estimated with the DE method and the FE method. For ead length of the
Bladkman window the results of the 11 base pulses were poded and the median values of the
absolute arors were cdculated. These median values are shown in Figures 8 and 9.

In the example provided in Figure 7 the test signal is low-passfiltered. An LF model i s then
fitted to the low-passfiltered test pulse. This sems the most obvious way to apply low-pass
filtering, and will be cdled the first version o the FE method. However, there is an alternative
(which will be cdled the seand version o the FE method): apart from the test pulse one could
also low-passfilter the fitted LF pulse. In that case, test pulse and fitted LF pulse ae dtered in
a similar fashion. In this way we hope to acieve that the aror in the estimated parameters
(which is due to low-passfiltering) will be smaller than when only the test pulses are low-pass
filtered. It is obvious that the same trick canna be used in a DE method, kecaise in this case
the parameters are cdculated diredly from the (low-passfiltered) signal.

4.3.3. Results of the DE method

In Figure 7a one can seethat low-passfiltering has most effed on the anplitude of the signal
(Ee) and the shape of the return phese. Low-pass filtering causes the excitation peek to be
smoather, and thus the estimate of E_ will be too small. Low-pass filtering also makes the
return phese less see, and therefore the estimate in T, too large. These dfeds are enhanced if
the length of the Bladkman window increases (i.e. if the bandwidth of the low-passfilter is
reduced). Therefore, the median errors of E, and T, increase with increasing window length.

Low-passfiltering does not have much influence on t,, (= the position o the zero crossng
in dU,, seeFigure 7c). Therefore, in the majority of the cases the eror in the estimates remains
within half asample, and the median of the arorsis zero.
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Figure 8. Median erors in the estimated voice source parameters due to low-pass
filtering by means of a cnvdution with a Bladkman window. The length of the
Blackman window varies from 3 to 19 in steps of 2. Shown are the arors for the
DE-method (dashed) and for the first version o the FE-method (soli d).
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Usually, low-passfiltering causes the estimates of t, to be too small (seeFigure 7d). If the
window length is 3 or 5, most of the arors in t, remain within half a sample, and thus the
median error is zero. However, for larger window lengths the arors in t, become larger. As a
result the median error increases too.

Finally, the aror in t, remains constant, at the value of 820 usec (see dso Figure 4). This
can be explained with the help of Figure 7a and 7b.In these figures one can seethat low-pass
filtering has a large dfed on the signa in the dired neighbarhood d t,, and that this effed
diminishes away from t. If the threshald is chosen high enough (which is the case for the DE
method wsed in the aurrent reseach), low-passfiltering will nat have much influence on this
estimate of t,.

Here, we would like to repea a remark made in the introduction to this subsedion. The
low-passfilters used in these tests have ripple-freeimpulse resporses, and are chosen becaise
their effed on the estimates is gnall er than that of most other low-passfilters. Therefore, it is
most likely that for other low-passfilters the erorswill be larger. Espedally if alow-passfilter
with aripple in its impulse resporse is used, the arors for a DE method will be much larger
(Strik, 19963).

4.3.4. Results of the FE method

In Figure 8 not only the arors of the DE method are presented, bu aso those of the first
version of the FE method (i.e. the version in which only the test pulses were |ow-passfilt ered).
If the median errors of the FE method are compared with those of the DE method, the
foll owing observations can be made:

(3 The median errors are larger for t, for all window lengths, and for t, for windovs with a

length of 3 or 5.
(3 In all other cases the arors of the first version o the FE method are smaller than those
of the DE method.

The fad that in certain cases the aror of the DE method is gnaler than the eror of the FE
method can be explained qute eaily. If the dfed of a studied phenomenon (here low-pass
filtering) on an event (here t, or ty) is such that the event is shifted by lessthan half a sample,
the error with the DE methodis zero, whil e that of the FE methodis larger than zero. However,
one shoud ke in mind that this is only the case for pulses in which al events coincide
exadly with a sample paosition, as is the cae with the test pulses. Only in that case does
roundng off towards the nearest sample position mean roundng off towards the corred value.

In pradice events amost never fall exadly onasample position. In sedion 4.2we saw that
this leads to substantial errors for the DE method, and much small er errors for the FE method.
Because we dedded to study ead phenomenon separately, the events of the test pulses used in
this subsedion coincide exadly with the correspondng sample point. Consequently, the erors
of the DE method are sometimes gnall er than those of the FE method. If the important events
had been pasitioned randamly, the arors of the FE method would have been dlightly larger
whil e those of the DE methodwould have been substantialy larger. In sedion 4.2we estimate
what the average intrinsic errors are. For the DE methodthisis abou 1% and 25usec and for
the FE method 0.026 and 0.5usec For aredistic comparison o the two methods these erors
shoud be added to the arors foundin this sdion. If thisis dore the arerage arors of the DE
methodare dways larger than thase of the FE method.
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Figure 9. Median erors in the estimated voice source parameters due to low-pass
filtering by means of a cnvdution with a Bladkman window. The length of the
Bladkman window varies from 3 to 19in steps of 2. Shown are the arors for the first
(solid) and the second (dashed) version d the FE-method.
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In Figure 9 the results of the two versions of the FE method are compared, i.e. the first
version, in which orly the test pulses are low-passfiltered (solid lines), and the second version,
in which bah test pulses and fitted LF pulses are low-passfiltered (dashed lines). Clealy, the
errors for the second version are much smaller. The arors are not zero, as may sean to be the
case from Figure 9, bu they are extremely small. The largest error observed in the time
parametersis 1 psec, andthe arorsin E, are dways small er than 0.03%.

4.3.5. Conclusions

In the previous fdions we have explained why with the test pulses used the arors in the DE
method are sometimes gmall er than those of the first version o the FE method. However, for a
reali stic comparison the arors foundin sedion 4.2shoud be alded. In this case the arors for
the DE method are dways larger than those of the first version o the FE method. In turn, these
errors are larger than the erors of the second wersion o the FE method. Therefore, the
conclusion is that the second wversion o the FE methodis superior. Low-passfiltering both the
test pulse and the fitted voice source model seans to be avery good way to reduce the eror
caused by low-passfiltering. Of course, it canna be used in a DE method (as was alrealy noted
abowe).

5. Discussion and general conclusions

In the aurrent article the estimation o voice source parameters from flow signalsis dudied.
Sincefor this purpose DE and FE methods are used most often, a representative of eat method
is chosen (see sedions 2.3 and 2.4,respedively). In sedion 4.3a semnd version o the FE
method is proposed, making a total of three etimation methods. The goals of the reseach are
to find out what the advantages of ead estimation method are, to get a better understanding of
the problems invaved in these estimation methods, and finally to determine which method
performs best.

In order to do this an evaluation method is nealed. In sedion 3.1 several evauation
methods are discussed. The evaluation method wsed in this gudy is best suited for our goals. In
this evaluation method synthetic test material is generated by a production model.
Subsequently, the same production model is used to re-estimate the synthesis parameters. A
similar method was used by McGowan (1994 to evaluate the estimation o vocd trad
parameters. This evaluation method was useful for his reseach, and it also turned ou to be
useful for our own reseach. Sincein the present reseach we want to focus on the estimation o
voice source parameters from voice source signals, without being distraded by the problems of
inverse filtering, we use avoice source model (the LF model) as the production model. For
other purposes avocd trad model or a complete synthesizer could be used.

The evauation procedure proposed here is used to test the three etimation methods
described in this article. For a quantitative evaluation the LF parameters E, t,, t,, t, and T, are
used. Other parameters can be derived from these 5 LF parameters. These derived parameters
are often used in other studies. However, in sedion 2.2 we agued that using derived
parameters for evaluation hes some disadvantages. Therefore, we prefer to use E, t,, t, t, and
T, themselves for evaluation (see a&so Strik, 1996).
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With this evaluation method the dfed of several fadors can be studied in isolation. For
instance, in this article results for the fadors hift, E,, and low-passfiltering are presented.
However, studying ead fador in isolationis not enough becaise some fadors can interad. For
example, bath low-passfiltering and high-frequency disturbances present in the voice source
signals (e.g. naise or formant ripple) cause arorsin the estimated voice source parameters. But
the arors due to the high-frequency disturbances can be reduced by using an appropriate low-
passfilter. What the optimal |ow-passfilter for this purpose is, depends on a number of fadors
like eg. the estimation method and the voice source model used, and the kind and magnitude of
the disturbances. With this evaluation method the dfed of fadors in combination can aso be
studied. Thus, eg., the optima low-pass filter for a given situation can be determined
experimentally.

With the propaosed evaluation method the dfed of the fador low-passfilter was gudied.
Low-pass filtering is probably used in al methods in which voice source parameters are
estimated from inverse filtered signals. Although parametrization d inverse filtered signals has
been dore in many studies for aimost 40 yeas now (i.e. since Mill er, 1959, it has only recently
been naed that low-passfiltering can influence the estimated voice source parameters (Strik et
al., 1992, 1993Perkell et al., 1994 Alku and Vilkman, 1995 Strik, 1996, Koreman, 199§.

In Strik et al. (1992, 1993 we mentioned that low-passfiltering changes the shape of the
glottal flow signals, and consequently the estimated voice source parameters. We concluded
that E, and the return phese (i.e. T,) are dfeded most by low-passfiltering (Strik et al., 1992).
This conclusionis suppated by the results presented in sedion 4.3.Sincethe anourt of change
canna easily be determined for natural speed, we suggested that a crredion which is based
on cdculations for synthetic speed be used (Strik et al., 1992, 1993

Perkell et al. (1994 describe that in afirst version o their data analysis procedure they
used a low-passfilter “with aroll-off that began at 700 Hz and achieved 40 B of attenuation
by 1350Hz" (ibid, p. 697. Subsequently, this procedure was used for some yeas to anayze
large anounts of data (see references to other studies in Perkell et al. 1994. In a second
version o the data analysis procedure somewhat less excesgve low-pass filters were used.
Voice source parameters estimated with the two versions of the software were compared, and
diff erences were observed. So, more or less by acadent, they observed that (the amourt of)
low-pass filtering influences the estimates. Indeed, for natural speed the dfed of low-pass
filtering canna easily be observed, if only because for natural speed the corred voice source
parameters are not known.

Perkell et al. (1994 concluded that the dfed of the excessve low-passfiltering in the data
obtained with the first version o the software gpeasto be confined to mfdr (which is equal to
our parameter E,). Indeed, the largest percentual diff erences were observed for mfdr. However,
low-passfiltering will not only affed the estimates of E, (their mfdr) but also those of all other
Voice source parameters. Probably, the evaluation method wsed by Perkell et al. (1994 was nat
sensitive enough to observe the (small er) diff erences in the other parameters.

To study the effed of low-passfiltering Alku and Vilkman (1995 used a method which
was dmilar to that of Perkell et al. (1994, in the sense that voice source parameters obtained
with two different low-pass filters were compared. First voice source parameters were
estimated for alow-passfilter with a bandwidth of 4 kHz. These voice source parameters were
used as the reference values. Subsequently, the voice source parameters were estimated again
for low-passfilters with a bandwidth of 2 and 1 KHz. The resulting values were compared to
the reference values. Strik (1996) showed that in only three caes was the measured diff erence
larger than the standard deviation (in all cases for t, the length of the return phese). The
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differences foundfor A, (our E,) were dways much smaller than the standard deviation. Our
conclusion is that the evaluation method wsed by Perkell et al. (1994 and Alku and Vilkman
(1995 isnat optimal for studying the dfed of low-passfiltering.

Koreman (1996 uses low-pass filters with small bandwidths (varying from 200 to 1500
Hz) in his data analysis method. He notes that low-passfiltering reduces the value of E,, and
concludes that low-passfiltering does not affed the relative anplitude of E, (ibid, p. 6Q. This
is certainly not the cease. The amourt of deaease in E, due to low-passfiltering does depend on
alot of fadors, an important fador being the shape of the glottal pulse. To ill ustrate this, let us
take two pitch periods of dUg with the same E,. The first one has a sharp negative pe&, the
other is more sinusoidal. The reductionin E, due to low-passfiltering will be larger for the first
pulse than for the second. Furthermore, if alow-passfilter with aripplein itsimpulse resporse
is used (like the standard FIR filters used by Koreman, 1996 the resulting low-pass filtered
signals will also contain aripple (see aso Strik, 1996). The estimates of many voice source
parameters will be influenced by this ripple, and in general the aror in the estimates is larger
for the first pulse with a sharp pe&k. Sincethe shape of the glottal pulse changes continuously,
the arorsin the voice source parameters generaly are not constant.

To sum up, low-passfiltering changes the shape of the glottal flow signals, and thus affeds
the estimates of the voice source parameters. The aror due to low-passfiltering does depend
on a lot of fadors, e.g. the shape of the glottal flow signal, and the low-pass filter and the
estimation method wsed. So even for a given low-passfilter and estimation method (i.e. within
one experiment) the aror is not constant, becaise the shape of the glottal flow signa is
generally not constant. Furthermore, for a low-passfilter with aripple in its impulse resporse
(like the often used standard FIR filters) the average arors will be larger than for the low-pass
filter used in this gudy (a convdution with a Bladkman window).

Before we draw our conclusions regarding the comparison d the three etimation methods,
we first discuss ®me aspeds of the FE methods used in this gudy. The first asped is the voice
source model used in the FE method,in ou case the LF model. In the literature several voice
source models have been described (see eg. Rosenberg, 1971 Fant, 1979
Ananthapadmanabha, 1984 Fant et al., 1985, Fujisaki and Ljungqvist, 1986 Funaki and
Mitome, 199Q Loboand Ainsworth, 1992 Hong et al., 1994 Cummings and Clements, 19995.
All voice source models for which an analyticd expresson exists can be used with the
proposed FE method to parametrize a@ther Uy or dU,. In the program there is a subroutine
which caculates the fitted signal. The model fit is now cdculated with the LF model, bu this
part can easily be substituted by the analyticd expresson o any voice source model.
Furthermore, any number of voice source parameters can be used for parametrization.
However, increasing the number of parameters makes the optimization problem (i.e. the aror
space) more complex, and thus the probability that the fitting procedure gets duck in a locd
minimum isincreased.

Using a voice source model for parametrization has some advantages, one of them being
the posghility that the estimated voice source parameters can subsequently be used for speet
synthesis. Of course, for FE methods a voice source model is mandatory. However, probably
the most important disadvantage of avoice source model used for this purpose is that it canna
describe al the observed glottal flow signals. Although the LF model is cgpable of describing
many different glottal pulse shapes, it cannat describe dl detail s. For instance, it has been nated
that there often is a second (smaller) excitation after the main excitation (Cranen, 1987
Hertegard, 1994 Koreman, 1996. The LF model canna describe this ssoond excitation, and
therefore is not suitable to study this phenomenon. Whether avoice sourcemodel is auitable for
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reseach depends on the goals of this reseach. Above we explained that with our FE method it
is posgble to use many voice source models. The reasons for choosing the LF model in this
study are given in sedion 2.2.

The seaond asped of the FE method we want to discussis the non-integer property and the
gradual property. In pradice the value of voice source parameters will not exadly be integer,
i.e. they can have dl kind o noninteger values. This fad alone will bring abou a substantial
error in estimates obtained with a DE method, kecause aDE method can only estimate integer
values. In sedion 4.2we estimated these average arors to be ebou 1% for E, and 25psec for
the time parameters.

Therefore, our goal was an FE method that could aso estimate non-integer values. In this
way we would e.g. be ale to estimate moments between sample positions and thus reduce the
error in the estimates. This was possble with the second and third version o our LF routine
(described in sedion 4.2.5, which bah have the noninteger property. However, ancther
property of the LF routine turned ou to be more important, i.e. the gradual property. The reason
is that with an LF routine that has the gradual property it is nat only possble to estimate
instants between sample pasitions, but, more important, the optimization usually comes closer
to the global minimum. This finding can probably be generalized to other FE methods and/or
other voice source models. a reduction in the arors can be adieved if aroutine is used (for
cdculation o the voice sourcesignal) which has the gradual property.

Milenkovic (1993 aso describes an estimation methodwhich has the non-integer property.
This method was not used in ou reseach because it has ome disadvantages compared to the
FE methods used here. First of all, with the method d Milenkovic (1993 only t, and t, can be
estimated, while with o FE method all parameters can be estimated. Furthermore, t, andt, are
cdculated with an iterative full seach procedure. For two parameters thisis feasible. However,
for a larger number of parameters the number of combinations that shoud be tested grows
exporentially, which makes this methodlessattradive.

The third asped of the FE method which will be discussed is that no anti-ali asing low-pass
filter is used. In the LF routine a ontinuows LF pulseisfirst cdculated, which is then sampled
with the same sampling frequency (F,) as the flow signal which has to be parametrized (here,
10 kHz). We did na use an anti-alias low-passfilter here, becaise we wanted to be ale to
study ead fador in isolation. If we had used an anti-alias low-passfilter, this fador (and its
effed on the estimated voice source parameters) would always have been present, thus making
it impossble to study it independently of other fadors.

If no anti-aliasing low-pass filter is used, adiasing effeds can be present in the digital
signals. Careful inspedion showed that this was not the case for the LF pulses used in this
study. The dU, signals on average have aslope of -6 dB/oct. The first funcamental is at 100
Hz, so a 5 kHz the atenuation wsually is more than 30 B. Using a F¢ of 10 kHz made it
possble to study the dfed of the fador low-passfilter independently of other fadors (like eg.
shift and E,).

If aliasing is aproblem (e.g. because F is analler than 10 KHz), an anti-ali as low-passfilter
has to be used. The most straightforward way to dothis is to sample the @ntinuouws LF signal
first with a sampling frequency F,, and rext use adigital low-pass filter with a bandwidth
smaller than F/2. However, in that case the nonrinteger property is lost, and the aror function
(which quantifies the difference between the LF signal and the flow signal) becomes a
staircase. The result is that the average aror in the estimated voice source parameters becomes
larger, as mentioned above. A somewhat better solution is to oversample the LF signal before
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digital low-pass filtering. By oversampling also nortinteger values can be estimated.
Furthermore, the stairs of the staircase become small er. Consequently, the average aror in the
estimated voice source parameters also becomes gnaller. Probably the best solution would be
to use the analytic anti-alias low-pass filter propcsed by Milenkovic (1993, which can be
applied in continuows time. In this way the gradual property is preserved, and the aror function
remains afunction that changes gradually (instead of being a staircase).

The comparison d DE- and FE methods reveded what the pros and cons of eat method
are. DE methods have the advantage that they are mathematicdly simple, and require littl e
CPU time. However, DE methods aso have many disadvantages. First of al only integer
values can be estimated. Consequently, the intrinsic erors are large. The quality of the
estimates depends on hov well the arrespondng landmarks can be determined. For instance,
for t, thisis problematic because the flow signals generally change slowly during the beginning
of opening. Therefore, it is difficult to determine the moment at which opening begins and the
error in the estimates of t, is generally large. Sincethe exad beginning of opening canna easily
be determined, athreshald functionis generally used. However, ou results showed that using a
threshold function yields large arorsin the estimates of t,. Generally, the aror in estimates of
t. islarge too, as the flow signals a so change slowly aroundt,. Furthermore, for parameters for
which a dea correspondng landmark is not present in the flow signals, estimates cannd
(easily) be obtained with a DE method. An example of such a parameter is T, which describes
the return phese. In DE methods T, is generaly not estimated. Finally, disturbances present in
the signals (like noise and ripple) often will change the pasition d a minimum, maximum, or
zero crossng, and thus result in (large) errorsin the estimates obtained with a DE method.

An FE method has many advantages compared to a DE method. With an FE methodit is
possble to estimate noninteger values, making the intrinsic errors amaller. In fad, errors of a
similar magnitude were found for estimates of integer and nonrinteger parameter values.
Furthermore, estimates of all parameters of a voice source model can be obtained, i.e. nat only
for parameters related to clealy distinguishable events (as was the case for a DE method). The
optimal model fit is determined for the whale pitch period, which makes the method more
robust for disturbances present in the flow signals. Finally, in an FE methodit isrelatively easy
to exchange voice source models, which is cetainly not the cae for a DE method. A
disadvantage of an FE method is that ead voice source model has its limitations, the most
important one probably being that the voice source model canna model al glottal flow pulses
that occur in pradice However, as voice source models can be eaily exchanged, thisis nat a
major drawbad.

In the aurrent study two aspeds were examined in detail. As parameters rarely have an
integer value, we first estimated what the resulting intrinsic errors are for the two methods. For
the DE methodthey turned ou to be much larger than for the FE method. These intrinsic errors
will always be present. Therefore, when the arors due to other fadors are studied
independently (i.e. with al i nput parameters having an integer value), the arors foundfor these
fadors shoud be increased with the intrinsic errors in order to make aredistic comparison
possble. When this is dore for the fador low-pass filtering, the arangement in order of
deaeasing average aror is. DE method, first and second version o the FE method. The fador
low-passfilter was chosen becaise alow-passfilter is probably used in al methods in which
voice source parameters are estimated from inverse filt ered signals. Consequently, the resulting
errors will be present in the estimated voice source parameters.

The oconclusion which can be drawn onthe basis of the tests presented in this article is that
the second wersion d the FE methodis superior. However, the dfed of more single fadors and
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fadors in combination shoud be studied to get a more thorough understanding of the
intricades of the various parametrization methodks.

Note, that in several ways this is a best case study. First of al, becaise dl details of the
generation d the test signals are explicitly known, as was aready mentioned in sedion 3.1.
Sewmnd, becaise the test signals are dean LF pulses, and besides the influence of low-pass
filtering contain nore of the other disturbances that are generally present in natural speed. And
third, because for a standard FIR filter, which is used most often as a low-pass filter, the
resulting average arors are larger than for the low-passfilter used in this gudy. Consequently,
when estimation methods are used to parametrize inverse filtered natural speed signals, the
errors in the resulting parameters will generally be (much) larger.

In the introduction we dready noted that DE methods and FE methods are the methods
used most often. Therefore, and becaise they can be made completely automatic, we have
compared representatives of both methods. Before we started to compare these estimation
methods, we first tried to improve eat estimation method as much as passble. The evaluation
method poposed in sedion 3.1is very suitable for this purpose. This evaluation method makes
it posgble to perform numerous different tests relatively easily and fast. However, during
improvement of the DE method we never changed the basic dgorithm. The reason is that we
wanted to use the method as it i s described in Alku and Vilkman (1999. We only tried to omit
as many (obvious) errors as possble, i.e. we made the implementation o the DE method more
robust. It is likely that the DE method can be improved, e.g. by using interpolation a by trying
to reconstruct the analogous sgnal from the discrete signal (this can be dore with the use of
sync functions). However, thisis generally not dore. Sincewe wanted to use arepresentative of
an often used method, we dso did na do it. Furthermore, we ae nvinced that it is very
unlikely that the improvement in the DE methodwill be such that itsfina performanceis better
than that of the FE methods (espedally, that of the seand version o the FE method).

The final topic we want to discussis how the propcsed estimation methods can be used to
estimate voice source parameters for natural speed. The answer is draightforward: first use
inverse filtering to oltain estimates of the glottal flow signals, and rext apply the estimation
methods. In Strik and Boves (19921 and Strik et al. (1992 we showed that thisis passble for
previous versions of the FE method. We only have to exchange the previous version o the FE
method with the new improved version. The best solution would be to take the second wersion
of the FE method, and in the aror routine use the same low-pass filter as used duing the
inverse filter procedure.
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Footnotes

1 This paper is avalable & http://lands.let.kun.n/TSpubic/strik/pubicaions/. It is an
elaborated and improved version o Strik (19961).

2 The term ‘corred voice source parameters will be used for the voice source parameters
which would be obtained if the whoe estimation method (i.e. inverse filtering and
parametrization o the resulting flow signals) were perfed. Consequently, if a linea source
filter model is used for speed synthesis, the ‘ corred voice source parameters’ are equal to the
voice source parameters used as inpu for the voice source model during synthesis.

3 Thisideawas suggested to me by Bert Cranen.
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