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TESTING TWO AUTOMATIC METHODS
FOR ESTIMATION OF VOICE SOURCE PARAMETERS

Helmer Srik

1. I ntroduction

Tedhniques for glottal inverse filtering have been avail able for along time now. By means of
inverse filtering it is possble to oltain an estimate of the derivative of the glottal flow signal
(dU,), either from the aoustic speed signal or from the arflow signa recorded at the lips.
However, for many applicaions it is not sufficient to get an estimate of dU, a parame-
terization o dU, is also needed. By combining these two techniques (i.e. inverse filtering and
parameterization o dU ) an anadysis methodfor the extradion o voice source parameters can
be constructed.

Manual versions of such an analysis methodare dready avail able, and have been used
very often in previous reseach (along list of referencesis given in Strik, 1999. However, a
completely automatic method that works satisfadorily does not sean to exist, while there
clealy is an increasing neal for automatic methods (see eg. Fritzel, 1992 Fant, 1993 Ni
Chasaide and Gohl, 1993.

An analysis method for automatic extradion o voice source parameters from the
audio signal is proposed in Strik and Boves (1992, Strik et al. (1992, and Strik (1994. In
this method d analysis dU, is first cdculated, and then parameterized by fitti ng the LF-model
(Fant et al., 1989 to dU,. For naturd speed this method gave plausible results (Strik and
Boves, 1992 Strik et al., 1992, while for synthetic speedt voice source parameters could be
estimated with reasonable acarracy (Strik et al., 1992 Strik et al., 1993.

Over the last yeas this method for estimation o voice source parameters has been
improved substantially. The results of tests with this improved estimation method are pre-
sented in the aurrent article. Furthermore, the results obtained with this (improved) estimation
method are compared to these obtained with another type of estimation method that is often
used in thiskind o reseach.

A description o these two estimation methods is given in sedion 2. The evaluation
method and the material used for the tests are described in sedion 3.Sedion 4 ceds with the
various tests performed, and the results obtained. Finall y, some general conclusions are drawn
in sedion 5.

Due to spacelimitations, only part of the tests performed are described here, and some
lessimportant detail s are dso omitted. A more complete report can be foundin Strik (1996.

2. Estimation methods
Two estimation methods, used to parameterize dU,, are tested and compared in this article.

Before going onto describe these two methods, | will give some definitions here, in order to
avoid confusion later on.
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21 Some definitions

First 1 will define some terms related to A/D-conversion, which are used often below. For
A/D-conwversion, a choice has to be made for some values like the sampling frequency (F),
the input range (A = [X,in» Xinad), @d the number of bits used to code eatr sample (B,). As
the number of bits used for coding is B,, the number of amplitude levels L = 2°¢, and the step
size d = A/L. The step size is the small est possble diff erence between two amplit ude values.
The distance between two neighbouing sample paints 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 its value is exadly an integer multi ple of .

Now | shall focus on the voice source parameters. To parameterize dU, different sets
of parameters can be used. Furthermore, different names for the same voice source parameter
can be found in the literature. Therefore, it isimportant to give a dea definition o the voice
source parameters that | shal discussin this article. The definitions of the voice source
parameters used throughou this article ae based onthe LF-model (seeFigure 1).

Figure 1. The LF-model and the LF-parameters.
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These parameters can be divided into threegroups:
1. amplitudes
A E. excitation strength, E, = min(dU,)
O U, pek glottal flow, U, = max(U,)
2. moments
(3 t,: moment of opening
(3 t,: moment of peak in U, t, = argmax(U,)
3t moment of excitation, t, = argmin(dU,)
(3 t.: moment of closing
3. duations of time-intervals
A T, duration d apitch period, T, = V/F,,
(0 T, duration o theinterval between t, and the projedion o the tangent of dU, int..

2.2.  Direct estimation method

In some estimation methods, voice source parameters are cdculated diredly from dU, or U,
by means of simple aithmetic operators like min, max, argmin, and argmax. Some examples
of estimations used qute often are: U, = max(U,), t, = argmax(U), E, = -min(dU,), and t, =
argmin(dU,) (see eg. Sundlkerg and Gauffin, 1979 Ananthapadmanabha, 1984 Gauffin and
Sundkerg, 1980 Gauffin and Sundlerg, 1989 Alku, 1992 Alku and Vilkman, 1995
Koreman, 1996. Except for the value and the placeof a maximum or minimum, the placeof
a zerocrossng is aso used to estimate parameters. For instance, in that way t, and t, can be
estimated (seeFigure 1). Because in these methods the voice source parameters are estimated
diredly from the voice source signals, these methods will be cdled dired estimation methods
(DE-methodk).

With DE-methods, estimates of most voice source parameters can be obtained in a
relatively simple way. However, DE-methods also have some disadvantages. An important
disadvantage is that estimates are limited to the placeor amplitude of samples in the discrete
signals. Consequently, the estimated voice source parameters always have integer values. In
pradice, events generaly will nat coincide predsely with a sample point, and amplitudes will
not always be exadly an integer multiple of the step size 9; i.e. the parameters will not have
an integer value. The aror in the estimated voice source parameters due to this property of
the DE-methods will contribute to the total error.

Anocther drawbadk of the DE-methods is that a disturbance that is present in the
estimated flow pulses can lea to large arorsin the estimated parameters. For instance, naise
or formant ripple can influence the paosition and the amplitude of certain events to a large
extent. For a more thorough description o some drawbadks of DE-methods the reader is
referred to Strik (1996 and Strik (to appea).

One of the dms of the reseach reported in this article is to test the performance of a
DE-method, and to compare it with the performance of the estimation method propased
below. To that end | chose the DE-method described in Alku and Vilkman (1995, because
they provide a fairly detailed description o their method (espedally on page 765 d their
article). After implementing this DE-method, nunerous experiments were first carried ou to
improve the implementation. The goal was to make the estimation more robust, and thus to
make the resulting average erors in the estimations gnaller. In the following stage, the
DE-methodwas used for the tests described below.
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In their method Alku and Vilkman (1995 make estimations of several voice source
parameters, of which E,, t,, t,, andt, are used here. They do nd make estimations of T,. Most
probably, because it is very difficult to estimate T, with a DE-method. Since aa LF-model is
not complete withou T,, another method hed to be used to estimate T,. Estimates of T, were
obtained by fitting the second plase of the LF-model to the return phese of the glottal pulse.
Therefore, strictly speeing, only E, t,, t,, and t, can be said to be the result of the DE-
method A complete description d the routine used for the DE-method can be foundin Strik
(1996.

2.3 Fit estimation methods

Voice source parameters can also be obtained by fitting a voice source model to the data. In
the aurrent research the LF-model (Fant et al., 1985 is used as voice source model. Because
in estimation methods of this kind a model fitting procedure is used, they will be referred to
as 'fit estimation' methods (FE-methodk).

It shoud be noted that the LF-model is a mathematicdly complex model, which is a
disadvantage for a model used in a fit procedure. Nevertheless | have dchosen 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 aso has a number of advantages:

[ in previous reseach the LF-model has arealy been used to estimate voice source
parameters, with manual or (semi-)automatic methods, and this reseach has shown
that it is a suitable model for description d the voice sourcesignal (see eg Karlsson,
1992;

M previous reseach has aso proven that the LF-model is auitable for speed synthesis

(see eg. Carlsonet al., 1989;

the model andits behaviour are well known; andfinally,

it seems that the LF-model is cgpable of giving a satisfadory description of most
glottal flow pulses (at least for the types of speed that have been studied so far with
this model).

In the present reseach the FE-methodis used to estimate 5 parameters for ead pitch period:
Ee o 1, t, and T,. The FE-method consists of threestages:

1. initia estimate

2. simplex seach agorithm

3. Levenberg-Marquardt algorithm

To fit the LF-model to dU,, nonlinea optimization techniques are used. These tedhniques
require an initial estimate, which is made in the first stage. A description d the method wsed
for initia estimationisgivenin Strik et al. (1993 and Strik (1996. In the seaond stage of the
FE-method the simplex search algorithm of Nelder and Mead (1964 is used. Of the several
optimi zation algorithms that were tested, the simplex search agorithm usually came doser to
the global minimum than the gradient algorithms. Probably, discortinuities in the aror
function cause the gradient algorithms to get stuck in locd minima more often than the
simplex search agorithm does. However, in the neighbouhood d a minimum, the smplex
algorithm may do worse (see eg. Nelder and Mead, 1969. As a final optimization, the
Levenberg-Marquardt algorithm (a gradient algorithm) is therefore used in the third stage.

aa
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3. Evaluation method and material

The performance of the DE-method and the FE-method, poposed abowve, was investigated in
a systematic way, by independently testing the dfed of severa fadors. These fadors can
roughly be divided into two groups. The fadors in the first group are dl properties of the
pulses themselves, like eg. exad paosition d the pulses, E,, F,, and B,. The second group d
fadors consists of disturbances that are often present in recorded natural flow signals, like
e.g. noise, formant ripple, and dsturbances caused by low-passfiltering and phese distortion.
In the aurrent article only the results for three of these fadors are presented, viz. paosition
(shift), E,, and low-passfiltering. The results of other tests can be foundin Strik et al. (1993,
Strik and Boves (1994, Strik (1994 1996.

Many of the fadors mentioned above will simultaneously influence the estimated
voice source parameters. However, | think that the influence of eat fador shoud be studied
in isolation. First of al, becaise otherwise one will never know what the dfed of eath
separate fador is. Seand, kecaise the relative size of ead fador differs from one situation to
the other. For instance the magnitude of the disturbances mentioned abowe is certainly not
constant for diff erent experiments.

The question then was. What is the optimal way to study the dfed of these fadors?
Thisisdiscussed in sedion 3.1and 3.2 telow.

31 Evaluation method

A first problem was the evaluation d the results. For natural speed the inpu (i.e. the voice
source parameters) is unknown, and thus the estimated voice source parameters canna be
compared with the inpu values. Furthermore, for natural speed it isimpossble to study the
effed of most fadors (mentioned abowe) in isolation. Therefore, | dedded na to use natural
speed, bu to use synthetic glottal pulses in the foll owing way.

First 11 base pulses were defined (seesedion 3.2. These 11 base 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 paint arithmetic. After the test pulses had been creded, the sample values
were rounced off towards the neaest integer (as is dore in standard A/D-conversion). Next,
the voice source parameters were estimated with the DE-method and the FE-method, the
resulting values were compared with the inpu values, and the arors were cdcul ated:

ERR(X) = 100%* abS(X e - Xing)Xinp fOr X = E,

inp?

ERR(Y) = bS(Y o - Y i), fOr Y =t,, t,, t.and T,

The experiments were caried ou for a number (say N) of test pulses. After cdculating the
errors in the estimations of the 5 LF-parameters for ead test pulse, the arors had to be
averaged. This can be dore in anumber of ways. Generally, averaging was dore by taking the
median of the absolute values of the arors. The &solute values were taken because otherwise
positive and negative arors could cancd ead other out. In that way the average eror could
be small, while the individual errors are (much) larger. The median was taken becaise
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(compared to the aithmetic mean) it is lessaffeded by outliers that are sometimes present in
the estimations. This method d averaging is the default methodin the aurrent article. Some-
times other ways of averaging were required. Whenever ancther way of averaging was used,
thisis explicitly mentioned in the text.

In all figures below, the arors are aranged in a similar fashion (see eg. Figure 3). In
the upper Ieft corner are the arors for E, (in %), in the midde row are the arors for t, andt,,
and in the battom row are the arors for t, and T,. The arorsin the time parameterst,, t,, t.,
and T, are expressd in psec or in msec, depending on the magnitude of the erors.

3.2 Material

The dfeds of perturbations canna aways be studied by a single, isolated LF-pulse. For
instance, a formant ripple will be present in dU, when formant and bandwidth values are not
estimated corredly in the inverse filtering procedure. To cdculate the first samples of dU, for
the aurrent pitch period, the speed signal resulting from the previous excitationis used. This
speed signal is dependent on the anplitude and the shape of the previous flow pulse. Thus,
the formant ripple & the beginning of the aurrent pitch period will depend onthe anplitude
and the shape of the flow pulse in the previous pitch period. Therefore, | used sequences of
three LF-pulses. Eadh time the voice source model was fitted to the (perturbed) pulse in the
midde.

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 dfed of that fador, the dfed has to be studied for a number of pulses with different
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,, Ty, 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 seand d the three pulses. For the first pulse one shoud
subtrad 10 msec, and for the last pulse add 10msec T, and t, were kept constant because
varying these parameters had very littl e dfed on the estimations. The influence of varying E,
and pasition (shift, which is more or lessthe same & 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,
199; Strik et al., 1992 Strik et al., 1993 Strik and Boves, 1994 Strik, 1994 the following
11 base pulses were defined:

Table 1. Valuesof t,, t,, and T, for the 11 bese puises.

base pulse
1 2 3 4 5 6 7 8 9 10 11
140 | 14.0| 16.0f 16 16.0 16.p 140 140 1%2 1p.2 15.2
te 15.2 | 15.2| 17.2) 174 188 188 160 160 1%.2 1y.2 17.2
T, 0.4 1.6 0.4 1.6 04 0.8 0.4 1.4 0.4 1.D 1.6
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For all tests F, = 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 even if the amplificaion duing
A/D conversionis optimal, the aserage 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 the amplitude (E,) and the pasition
(shift) of the pulse on the estimates istested in sedion 4.2.Finaly, in sedion 4.3it is dudied
in which way low-passfiltering affeds the estimations.

4.1 The LF-routine
4.1.1 Introduction

An important part of the FE-method is the aror-function, and an esentia part of the a-
ror-function is the routine used to caculate the voice source signal. Sincel have used the LF-
model to oltain a model fit of dU,, this part of the FE-method is cdled the LF-routine.
Because of the importance of this LF-routine for the FE-method, | shall first test the LF-
routine in the aurrent sedion (i.e. sedion 4.1).

In sedion 2.21 argued that one of the drawbadks of the DE-methods is that only
integer values for the parameters can be estimated. My intention was to develop an
FE-method that would make it posgble to estimate non-integer values too. In order to make
this posdgble an LF-routine is needed which has a cetain property: the LF-routine shoud be
able to cdculate corred LF-pulses for integer and noninteger values of the LF-parameters.
Here | shall test whether my LF-routine has the required property, which will be cdled the
‘nonrinteger’ property below.

4.1.2 Method

A 10 kHz LF-pulse was cdculated for the following values of the LF-parameters (which are
not al i nteger): t, = 10.05,t, = 15.25,t, = 17.25,t, = 20.05,T, = 1.0msec, and E, = 1.0. For
this 10 kHz pulse all important events (i.e. t, = opening, t, = pe&k of U, t, = excitation, andt,
= closing) are positioned exadly halfway between two sample positions. Next, a 20 kHz
LF-pulse was cdculated with the same values of the LF-parameters. In this case, al events
coincide with sample positi ons.
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Figure 2. A 10 kHz (dotted) and a 20 kHz (solid) LF-pulse. Shown are the whale pitch
period, and some detail s aroundimportant events.
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4.1.3 Resultsand conclusions

As is apparent from Figure 2, the two puses do nd differ. A similar test was aso 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 succeels in generating corred LF-pulses, also for norrinteger values of the time and
amplitude parameters. Results of ensuing tests can be foundin the next subsedion.

At this point it may seem more or lesstrivial to some realers that the LF-routine has
the ‘nonrinteger’ property. However, thisis 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 inpu
parameters was nat a serious drawbadk for his application. For many implementations of a
voice source model, roundng off theinpu seemsalogicd and pradicd operation.

In the aurrent and the foll owing subsedion it i s 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 small er 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 mrred LF-pulses,
with the proposed LF-routine, also for non-integer values of the LF-parameters. This was
tested by studying some well-chosen examples of the LF-pulses. As the test gave pasitive
results, | can now go ore step further. In this ssdion 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
(nonrinteger values of) the voice source parameters.

422 Method

The definition o the 11 base pulsesis such that all tim e parameters have an integer value (see
sedion 32). 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 dhosen 11 values of shift (i.e.
shift = 0.0 and 0.J), the time parameters will have an integer value, while for the other 9
values of shift all time parameters will have norrinteger 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 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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4.2.3 Resultsof the DE-method

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

Let usfirst look at the arorsin Figure 3. To estimate t, a threshold functionis used in
the DE-method. The mnsequence is that the estimate of t, is always much too large (on the
average aou 820 usec, seeFigure 4). For a shift of 0.03 msec. the average aror in t, is
minimal, while for a shift of 0.04msec it suddenly becomes maximal. The reasonis that this
extra shift of 0.01 msec causes the threshold to be excealed one 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 all have roughly
the expeded triangular shape. For a shift of 0.0 and 0.1 msec the arors are zero, and for
other shift values the arors are greaer than zero. The fad that (except for t,) the figures are
not exadly triangular is caused by certain details of the implementation o the DE-method
which are not relevant here.

The arorsin the estimates for different values of E, are shown in Figure 4. The arors
in the time parameterst,, t,, andt, obviously do nd depend onthe value of E.. Therefore, the
errors for these time parameters are constant. The figure of the arors in the estimates of E,
also has the expeded triangular shape: the average erors are minimal for integer values of E,
and are larger in between. The median error in E, is never zero, becaise 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, and t,, and thusis not constant as
a function o E,. Again, the exad shapes of the figures with the erors of E, and T, are a
corollary of detail sin the implementation d the DE-methodwhich are not relevant.

424 Resaultsof 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 done for two reasons: [1] sincethere
are no ouliers, median and mean values do nd differ much; [2] by taking the mean it is aso
possble to cdculate standard deviations. In turn, this makes it possble to test whether there
isasgignificant 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, and the results are shown in Figure 5. Likewise,
for ead value of E, the mean and standard deviation o 121 errors (11 base pulses x 11 shift
values) were cdculated, and 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 arors. Put otherwise, the
magnitude of the aror in all estimated parameters does not depend onthe value of the fadors
shift and E,. Furthermore, al errors are very small, in general much small er than the erors 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 snaller still t han the
tiny errors found for the FE-method. However, it is clea that in pradice the voice source
parameters will seldom have exadly an integer value.
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425 Conclusions

The conclusions that can be drawn from these tests are the foll owing. For the DE-method the
errorsin t, are dways large in comparison to the average erors for the FE-method, kecaise a
threshold function is used to estimate t,. For the other parameters the estimation errors are
zero if the parameters have an integer value. As parameters will rarely have an integer value
in pradice estimations of parameters with a DE-method will a@most always contain an error
dueto thisfad alone (even if the glottal pulses are perfed clean glottal pulses, as was the cae
in these tests).

The arors obtained with the FE-method are very small, much smaller than for the
DE-method. It can be concluded that with the FE-method noninteger values can be estimated
as acarately as integer values. Therefore, the quality of the fit does not depend onthe exad
value of E, and the pasition d the pulse (which is determined here by the variable shift). This
explains why t, and E, could be kept constant in the definition d the base pulses (seesedion
3.2.

4.3  Low-passfiltering
4.3.1 Introduction

Before the glottal flow signals are parameterized, they are low-passfiltered at least oncein all
methods, viz. before A/D-conwversion. Often, they are low-pass filtered again after
A/D-conversion, wsualy to attenuate the noise comporent. The latter operation seems very
sensible for DE-methods, because for these methods high-frequency disturbances can influ-
ence the estimated parameters to a large extent. However, low-pass filtering changes the
shape of the glottal pulses, and, consequently, influences the estimated voice source parame-
ters (see dso Alku and Vilkman, 1995 and Strik, to appeda).

An example of the distortion d a flow pulse caised by low-passfiltering is given in
Figure 7. For low-passfiltering a convdution with a 19-point Bladkman windowv was used.
Shown are abase pulse before (solid) and after (dashed) low-passfiltering, and a fit on the
low-pass filtered puse (dotted). Besides a picture of the three signals for the whale pitch
period, also some detail s aroundimportant events are provided. For this example the arorsin
the estimations obtained by means of the FE-method are: Err(E,) = -11.2%, Err(t,) = 46 psec,
Err(t,) = -28 psec, Err(t,) =-52 pusec, and Err(T,) = 144 usec

One can seein Figure 7 that low-passfiltering does influence the shape of the pulse.
From this figure one can deduce that the change in shape can have alarge impad on the
estimates obtained by means of a DE-method. Thisis most clea for the estimate of E,, which
will generally be too small. But aso the estimates of the other parameters will be &feded.

Low-pass filtering will also affed the estimates of an FE-method. After low-pass
filtering the shape of the pulse is changed. The fit procedure will try to find an LF-pulse that
resembles the filtered puse & closely as posgble. Thisis dore by minimizing the RMS-value
of the difference of the test pulse and the fitted LF-pulse. The result is a fitted LF-pulse that
deviates from the original base pulse (seeFigure 7). In Figures 7a and 7dit can be seen that
the estimated values of E, and t, are too small, whil e the estimate of T, is too large. Further-
more, one can seein Figure 7b that for this example pulse the estimate of t, is too large, and
in Figure 7c that the estimate of t, is abit too small.
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Figure 7. An example of aflow pulse before (solid) and after (dashed) low-passfiltering,
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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The reader shoud be convinced by now, that low-passfiltering does affed the shape
of the flow pulses, and consequently also the estimated parameters. In the present sedion the
effed of low-passfiltering on the parameter estimates will be studied. The distortion o the
glottal pulses depends on a numbers of fadors, like eg. the type and the bandwidth of the
low-passfilter, the frequency contents of the glottal pulses, and the parameterization method
used. | will study the dfed of low-passfiltering for two parameterization methods (i.e. the
DE-method and the FE-method), for glottal pulses with different frequency contents (i.e. the
11 bese pulses), and for different values of the bandwidth of the low-passfilter.

Low-passfiltering is dore by means of a convdution with a Blacdkman window. 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
chosen because some preliminary tests showed that the aror in the estimations induced by
this filter was small er 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 the estima-
tionerrors will be larger than the arors presented below.

432 Method

The 11 base pulses were low-pass filtered by means of a convdution with a Bladkman
window of varying length. The length of the windon 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 erors 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
is then fitted to the low-passfiltered test pulse. This sans the most obvious way to apply
low-passfiltering, and will be cdled the first version o the FE-method. However, thereis an
aternative (which will be cdled the second 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 | hope to achieve 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, lkecaise in a DE-method the parameters are cdculated diredly from the
(low-passfiltered) signal.

4.3.3. Resultsof the DE-method

In Figure 7a one can seethat low-passfiltering has most effed on the amplitude of the signal
(E.) and the shape of the return phese. Low-pass filtering causes the excitation pe&k to be
smoother, and thus the estimate of E, will be too small. Low-passfiltering also makes the
return phase 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.
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Figure 8. Median errors 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 (solid).
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Low-pass filtering does not have much influence on t; (= the position o the
zero-crossng in dU,, seeFigure 7c). Therefore, in the mgority of the cases the aror in the
estimations remains within half a sample, and the median of the erorsis zero.

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 arorsin t, remain within half a sample, and thus the
median error is zero. However, for larger window lengths the arors in t, become larger, and
as aresult also the median error becomes larger.

Finaly, the aror in t, remains constant, at the value of 820 psec (see dso Figure 4).
This can be explained with the help of Figure 7a and 7b.In these figures one can see that
low-passfiltering has a large dfed on the signal in the dired neighbouhood d t,, and that
this effed diminishes away from t,. If the threshdd is chasen high enowgh (which is the case
in the DE-method), low-passfiltering will not have much influence on this estimate of t..

Here, | would like to repea aremark made in the introduction o this subsedion. The
low-passfilters used in these tests have ripple-freeimpul se resporses, and are chosen because
their effed onthe estimatesis anall er than for most other low-passfilter. Therefore, it is most
likely that for other low-passfilters the erors will be larger. Espedaly if a low-passfilter
with aripplein its impulse resporse is used, the erors for a DE-method will be much larger
(see eg. Strik, to apped).

4.3.4. Resaultsof the FE-method

In Figure 8 na only the arors of the DE-method are presented, bu also those of the first
version o the FE-method (i.e. the version in which only the test pulses were low-passfil -
tered). If the median errors of the FE-method are compared with those of the DE-method, the
foll owing observations can be made:

A The median errors are larger for t, for all window lengths, and for t, for windows with

alength of 3 or 5.
(3 In al 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 eror of the DE-method is gmaller than the aror of the
FE-method can be explained qute ealy. If the dfed of a studied phenomenon (here
low-passfiltering) on an event (heret, or t.) is such that the event is shifted by lessthan half a
sample, the eror with the DE-methodis zero, whil e that of the FE-methodis larger than zero.
However, one shoud kee in mind that this is only the case for pulses in which all events
coincide exadly with a sample position, as is the case with the test pulses. Only in that case
does roundng off towards the neaest sample position mean roundng off towards the corred
value. In pradice events amost never fall exadly onasample position,andin sedion 4.2we
saw that this leals to substantial errors for the DE-method, and much smaller errors for the
FE-method. Because | dedded to study eat phenomenon separately, the events of the test
pulses used in this subsedion coincide exadly with the correspondng sample point. Conse-
guently, the arors of the DE-method are sometimes snall er than those of the FE-method. If
the important events had been pasitioned randamly, the erors of the FE-method would have
been dlightly larger whil e those of the DE-method would have been substantially larger (see
sedion 4.2. Therefore, for aredistic comparison o the arors obtained with the two estima-
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Figure 9. Median errors 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 seaond (dashed) version o the FE-method.
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tion methods (for a cetain studied fador, here low-pass filtering), these erors shoud be
increased with the arors foundin sedion 4.2for both methods. If this is dore the average
errors of the DE-method are dways larger than those of the FE-method.

In Figure 9 the results of the two versions of the FE-method are compared, i.e. the first
version, in which only the test pulses are low-pass filtered (solid lines), and the second
version, in which bah test pulses and fitted LF-pulses are low-passfiltered (dashed lines).
Clearly, the arors 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 pusec, andthe erorsin E, are dways gnaller than 0.03%.

435 Conclusions

In previous edions | explained why with the used test pulses the arorsin the DE-method are
sometimes gnaller than those of the first version o the FE-method. However, for a redistic
comparison the arors foundin sedion 4.2shoud be alded. In that 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 arors of the seamnd wersion o the FE-method. Therefore, the
conclusion is that the seoond \version o the FE-method is superior. Low-passfiltering both
the test pulse and the fitted voice source model seems to be avery good way to reduce the
error caused by low-pass filtering. Of course, it canna be used in a DE-method (as was
arealy noted abowe).

5. General conclusions

In redity the value of voice source parameters will not exadly be integer, i.e. they can have
al kind of noninteger values. Becaise in DE-methods the estimates of the parameters are
limited to integer values, these estimates contain an intrinsic error (even if all other condtions
are perfed). The FE-method proposed in this article does not have this drawbadk, and is aso
cgpable of estimating non-integer values. In fad, errors of a similar magnitude were foundfor
estimates of integer and noninteger parameter values. Therefore, the average erors for
various values of shift and E, obtained with the FE-method are smaller than those of the
DE-method.

Subsequently, the dfed of the fador low-passfiltering was dudied in isolation, i.e.
independently of the other fadors (like shift and E,). For aredistic comparison o the differ-
ent estimation methods, their intrinsic errors (as given in sedion 4.2 shoud be added to the
errors foundfor low-passfiltering alone, as was explained abowe. If thisis dore, the methods
can be aranged in order of deaeasing average aror: DE-method, first version o FE-method,
and seaond version d FE-method. The conclusion that can be drawn onthe basis of the tests
presented in this article is that the second wersion d the FE-methodis superior.



126

References

Alku, P. (1992, ‘An automatic method to estimate the time-based parameters of the glotta
pulseform’, in: Procealings ICASS' 92, 29-32.

Alku, P. and E. Vilkman (1999, ‘Effeds of bandwidth on glottal airflow waveforms esti-
mated by inversefiltering’, J. Acoust. Sa. Am., 98, 763767.

Ananthapadmanabha, T.V. (1984, ‘Acoustic analysis of voice source dynamics, Speed
Transmisgon Labaratory, Q. Prog. Satus Rep., Roya Institute of Tedchndogy,
Stockhaolm, 2-3/1984, 124.

Carlson, R., G. Fant, C. Gobl, B. Granstrom, |. Karlsson and Q. Lin (1989, ‘Voice source
rules for text-to-speed synthesis', in: Procealings ICASS’ 89, 223-226.

Fant, G. (1993, ‘ Some problemsin voicesource anaysis, Speet Comnunication, 13, 7-22.

Fant, G., J. Liljencrants and Q. Lin (1985, ‘A four parameter model of glottal flow’, Speed
Transmisgon Labaratory, Q. Prog. Satus Rep., Roya Institute of Tedchndogy,
Stockham, 4/1985, $13.

Fritzel, B. (1992, ‘Inversefiltering’, Journal of Voice 6, 111114,

Gauffin, J. and J. Sundberg (1980, ‘Data on the glottal voice source behavior in vowel pro-
duction’, Speed Transmisson Labaratory, Q. Prog. Satus Rep., Roya Institute of
Tedchndogy, Stockhalm, 2-3/1980, 6170.

Gauffin, J. and J. Sundlerg (1989, ‘Spedral correlates of glottal voice source waveform
charaderistics', Journal of Speed andHearing Research, 32, 556565.

Karlson, 1. (1992, Analysis and synthesis of different voices with emphasis on female
speed, Unpulished PhD dissertation, KTH, Stockhalm.

Koreman, J. (1996, Deading lingustic information in the glottal airflow, PhD dissertation,
Nijmegen University.

Lin, Q. (1990, Speed production theory and aticulatory speed synthesis, Unpulished
PhD dissertation, KTH, Stockhom.

Nelder, JA. and R. Mea (1964, ‘A simplex method for function minimization’, The Com-
puter Journal, 7, 308313.

Ni Chasaide, A. and C. Gobl (1993, ‘Contextual variation d the vowel voice source & a
function o adjacent consonants’, Languag and Sged, 36, 303330.

Strik, H. (1994, Physiological control and kehaviour of the wice sourcein the production of
prosody, PhD disertation, University of Nijmegen.

Strik, H. (1996, Factors affeding the aror in estimated voice source parameters, Internal
report. Department of Language and Speed, University of Nijmegen.

Strik, H. (to appea), ‘Comments on "Effeds of bandwidth on glottal airflow waveforms
estimated by inverse filtering" [J. Acoust. Soc. Am. 98, 763767 (1995]’, J. Acoust.
Sac. Am. (accepted).

Strik, H. and L. Boves (1992, ‘On the relation between voice source parameters and prosodic
feduresin conreded speedy, Speet Comnunication, 11, 167174.

Strik, H. and L. Boves (1994, ‘Automatic estimation o voice source parameters’, in:
Procealings Internationd Conference on Spd&en Language Processng (ICSLP) '94,
Yokohama, 155158.

Strik, H., B. Cranen and L. Boves (1993, ‘Fitting a LF-moddl to inverse filter signads, in:
ESCA 3rd European Conference on Spged1 Communication and Techndogy:
EUROSPEECH ‘93, Berlin, 103106.



127

Strik, H., J. Jansen and L. Boves (1992, ‘Comparing methods for automatic extradion o
voice source parameters from continuows feedr’, in: Procealings Internationd
Conferenceon Spden Languag Processng (ICSLP) '92, Banff, 121-124.

Sundberg, J. and J. Gauffin (1979, ‘Waveforms and spedrum of the glottal voice sourcé, in:
Linddom, B. and S. Ohman (eds.), Frontiers of speed comnunication research,

Festschrift for Gunnar Fant. London Academic Press 301-320.



