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In the subject papdialku and Vilkman, J. Acoust. Soc. An@8, 763—767(1999; hence AV, AV

describe the results of their research on the effect of bandwidth on estimated voice source
parameters. They found that reducing the bandwldhlow-pass filtering the glottal flow signals

leads to a distortion of the estimated parameters. Although | do agree that low-pass filtering
influences the estimate of the voice source parameters, | do not agree with some of their
conclusions, explanations, and recommendations. Furthermore, the method they used does not seem
to be optimal for the purpose of their research. These matters are discussed in this Lelt@96 ©
Acoustical Society of America.

PACS numbers: 43.70.A4AL]

INTRODUCTION interval:tg,=t; — ty, return phasé;e=ty, — tym, OPEN qUO-

In their paper, Alku and Vilkmaii1995 study the effect  tient: OQ=(to; + top)/T, speed quotient: SQty; /to,, and
of the bandwidth of the glottal flow signals on estimatedclosing quotient: C&to,/T (T is the length of the pitch
voice source parameters. In order to study this effect, Aweriod. As these last six parameters are all derived from
made some choices regarding the research method. Becaugimated time points, they will be called derived time pa-
these choices are important for the final results, | will discusgameters.
their choices of voice source parameters, the method to esti- To evaluate their results, AV choose to use the param-
mate these voice source parameters, the low-pass filter uséters OQ, SQ, CQtrer, Amin, and A,.. Consequently, all
to reduce the signal’s bandwid{m Sec. ), and the evalua- time-based parameters used for evaluation are derived time
tion method(in Sec. I). | will argue that their choices are not parameters. This choice of parameters has an important
always optimal and that there are alternatives which probdrawback: whenever there is a change in a derived time pa-
ably have fewer of the drawbacks mentioned in Secs. | andameter, it is difficult to determine how this change came
II. Furthermore, in Sec. Il it is argued that studies in whichabout. For instance, S&(t,,—t,)/(t.—t,) and thus an in-
the acoustic signal is measured by means of a microphongrease in SQ could be the result of a larggr a smaller
only, should be treated separately from studies in which oral,, a smallert,, or a combination of any of these three
airflow is measured by means of a Rothenberg mi&kh-  changes. On the other hand, whenever a derived parameter
enberg, 1978 To make it easier for the reader to compareremains constant, this does not necessarily imply that the
my comments with the article by AV, I will utilize the terms ynderlying estimations remain constant. It is always possible
used by AV as much as possible in this Letter. that changes in the estimations cancel each other out. There-
fore, it is probably better to study the effect of bandwidth on
the time points themselves. This makes it easier to evaluate
and explain the results. If necessary, these time points can
A. Voice source parameters then be used to calculate any desired parameter.

| will start this section by giving a short description of Let us first examine the estimatestgf A slow increase
the method used by AV to estimate voice source parameter§! Ug just aftert, is often observed in practice. In such a
First, the inverse filter signalt), (estimate of the glottal Ccase AV defind, as “the first sample whose amplitude was
flow) anddU, (derivative ofU) are calculated. Next, some at least 5% of the difference between the amplitudg,@nd
parameters are estimated frddy: difference between the the amplitudet..” In other cased, is defined as “the time
maximum and minimum flow4,J, the moment of the onset after glottal closure when the flow showed a clear increase.”
of glottal opening {,), the moment of maximal glottal open- There are two problems with this definition tf. First, “a
ing (t,), and the moment of the end of glottal closure clear increase” is a rather vague description. The reader
(to); and other parameters are estimated frdid,: the  might look at Fig. 2 of AV and try to decide where the exact
minimum of dU, (Apin), the moment of minimumdU,  position of the clear increase is. And second, depending on
(tam), and the moment whedU, returns to zero level the amount of increase, will be determined by one of the
(ty,) (for a definition of these parameters see also Figs. 1 andefinitions stated above. One can easily observe that the val-
2 of AV). In turn, the time points are used to calculate theues fort, obtained with these two definitions can be very
following parameters: opening intervay;=t,, — t,, closing  different. Therefore, this definitiofor rather the two defini-

I. DATA ANALYSIS
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FIG. 1. An example ol (top) anddU, (bottom for pressed phonation.  FIG. 2. An example olJy (top) anddUy (bottom) for pressed phonation.
Shown are a time-continuous version of the sign@slid line), and a Shown are the signals befofdashegl and after(solid) low-pass filtering.
sampled version for a sampling frequency of 4 kid).

bances will influence the estimates of bdthandt; to a
Aarge extent.

Figure 1 is used to explain another disadvantage of AV’s
arameter-estimation method. This figure shows a time-

tions) of t,, will yield large errors in the estimations &f.
In order to illustrate other disadvantages of the metho
used by AV, an example of a flow pulse and its derivative

are shown in Fig. 1. It concerns a pulse calculated b usin@ ) : . .
9 P y ontinuous version of a synthesized flow pulselid line)

the analytical expressions for the LF mod@ant et al, . . o~
1985. The values used to calculate this pulse are based o?ind a sampled version of this flow pulggymbols *O").

the values given by AV for a pressed pulse. In Fig. 2 theA\{ used sampled versions of g_IottaI _flow signals to estimgte
same pulse is shown, before and after low-pass filtering. FofCICE source parameters. Their estimates are the positions
low-pass filtering a standard linear phase FIR-filter matchin"d values of specific samples, e.g., a zero crossing, maxi-
the specifications given in AV is usdile., the cutoff fre- Mum or minimum. Consequently, in AV's method the esti-

quency is 1 kHz, and the attenuation in the stop band walrates are restricted to positions and values of samples. How-
more than 70 dB ever, due to the limited time resolution, the signal samples

The signals drawn in Fig. 1 are idealized flow signals. Inn€ed not coincide with the most relevant time instants, which

practice the inverse filter results always contain some disturl turn gives rise to errors in the parameter estimase®
bances, like, e.g., noise, formant ripple, carry-over rippleFig. 1). This sampling error will be larger for smaller values
and disturbances due to low- and/or high-pass filtering®f the sampling frequency. Therefore, sampling frequency
(which can lead to phase distortion and a ripple in the sigalso affects the estimates. On average, the error will be
nal). The fact that the inverse filtered signals contain distursmaller forA,. andt, than forA.;, andty,. The reason is
bances can, e.g., be seen in Figs. 1 and 2 of AV. Thesthat the signal changes more rapidly arougg. The sam-
disturbances will have an influence on the estimated voicgling error is largest for those parts of the pulse in which the
source parameters. For instance, in Figs. 1 and 2 of AV, andignal varies quickly, i.e., the high-frequency parts. Analo-
Fig. 2 of the current article one can see that these disturgously, the average sampling error will be larger for pressed
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pulses than for breathy ones, because for the former the sige use a filter that does not disturb the signal too much. In
nal changes more quickly. any case, the low-pass filtdeven a very good onewill

In this section the parameter-estimation method used bglways disturb the signal to some extent. To conclude, low-
AV and its drawbacks have been described. An alternativpass filtering can decrease the error in the estimates by re-
method would be to fit a voice source model to the dataducing the effect of the disturbances, on the one hand, but it
(Strik et al,, 1993; Strik and Boves, 1994Given in Fig. 1is  can increase the error by altering the shape of the pulses, on
the fit through the samples. However, because the fit and thihe other.
original signal are almost identical, the two signals overlap.  To end this section, | will examine the conclusion of AV
Consequently, the estimated parameters resulting from thithat the effect of low-pass filtering was largest for the param-
fit differ only slightly from the values used to synthesize theeters calculated frordU,, and their explanation of this find-
sampled signal. In Strik and Bov€$994) it was shown that ing. The conclusion was based on their results that the dis-
with this fit method it is possible to obtain good estimatestortions in A, andt,, were larger than those iA,., OQ,
and positions and amplitudes of time points lying betweerSQ, and CQ. However, the three time parameters used to
samples. Furthermore, in this method the estimates of thealculate OQ, SQ, and CQe., t,, t,, andt;) can also be
parameters are based on the signal for the whole pitch pelerived fromdU,, instead ofu,. Although in that case the

riod, and are therefore more robust. calculated values would be slightly different, the magnitude
of the distortions is likely to be similar, and the effect of
B. Low-pass filtering low-pass filtering on OQ, SQ, and CQ will be small regard-

In this section low-pass filtering will be considered in 'tff? of whleth_er ttr;]eyz ?hre g_e?v?_d frgitugtorl Ug- The;_e;{or_e o
more detail. AV study the effect of bandwidth on the esti- €ir conclusion that the distortion due to Jow-pass fitering 1s

mated voice source parameters by low-pass filtering the ﬂo\barlge: ];o:j ;;ar:set.erf calfc ul?rt]ed frocngt than df(t)r: tzoi.e
signals. For low-pass filtering AV use a standard linear phasga culated fromUg is true for the parametex@nd the defi-

FIR filter whose attenuation in the stop band was more thaHitio_rllf] of theise ;zgramf?termdeg u;\e/df, bl{[thnc:j ig_ger;ﬁrrill:[h
70 dB. Using such a filter will bring about a ripple in the € expianation offered by or the finding that the

signal. An example of such a ripple can be seen in Fig. ZEZiIStOI’tIOH is largest for the parameters calculated fibidhy,

and also in Fig. @) and d) of AV. This ripple will affect is that “this is natural since differentiation corresponds to
the estimategsee Fig. 2 and will lead to an error in the high-pass filtering”(p. 766. Indeed, the frequency contents
estimated voice source parameters of a signal and the magnitude of the distortions due to low-

To low-pass filter the signal in i:jgz a standard linear PSS filtering are not independent. In general, the distortions
phase FIR filter with a cutoff frequency of 1 kHz was usedof the parameters will be largest for the high-frequency parts
(just as was done by AV If the cutoff frequency is higher of the flow signals, both between and within pulses. Between
the ripple will be smaller and, consequently, the error will ’bepulses because the distortion for pressed DUIS.eS.Wi" be larger
smaller too. However, the error in the estimates does notlh"’In for breath_y pul_se(as .shown by AV, and wythm pulses
only depend on the cutoff frequency, but also on the type o ecause the distortion will be larger for the high-frequency

; Qarts of the pulseggenerally around the moment of excita-

low-pass filter used. A standard linear phase FIR filter has than for the oth ; : h by AV
large ripple in its impulse response, but there are other type on) than for the o er par fas was aiso shown by A
herefore, the conclusion is that the distortions are larger for

of low-pass filters in which the ripple in the impulse re- ; .
sponse is smaller or totally absent. An example of the IattePhe high-frequency parts of the flow signals, and not that the

is a convolution with a Blackman window. The experimentsd'StOrtlons of th; ebstlmates fromUg anta larger. g:ur(;h(fa_r- di
in Strik et al. (1993 revealed that this type of filter usually more, as argued above, some parameters can be defined in

produces better results than other types of filters. EOth.UQI anqrc:]Ug ?ﬂd for ?Oth t(_jeﬁn|.t|onsbthi\3|3tort|onstW|II
The general conclusion of AV is that bandwidth affects € simrar. 1 nus, the explanation given by 0€s notseem

the estimates. Although it is true that low-pass filtering in-1© be plausible.

fluences the estimatdStrik et al, 1992; Striket al,, 1993;

Perl_<e||et al, 1994),_th|s conclusion is not_ complete because“_ EVALUATION METHOD

besides the bandwidth of the low-pass filter many other fac-

tors play a role. Above some of these factors were discussed, In the previous section it was argued that parameters
i.e., the type of low-pass filter, the method used for paramestimated with the method used by AV are likely to contain
eter estimation, the sampling frequency, and the frequencgubstantial errors. With the data presented in AV it is not
contents of the part of the flow signal under study. Furtherpossible to determine what the magnitude of the estimation
more, low-pass filtering can also reduce the error in the eserror is. The reason is that the standard deviations presented
timates, certainly if sample-based estimation meth@ite in their Tables | and Il are the result of a combination of
the one used by Ayare used. This can easily be seen in Fig.these estimation errors and the variation of the parameters
1. Imagine that these pulses are not clean, but contain sontboth within and between the four subjects

disturbances, like, e.g., noise. It is obvious that these distur- One can observe that the standard deviations in their
bances will affect the position of zero crossings and extremalables | and Il are fairly large, especially for the parameters
and also the values of these extrema. By using an appropriate,;, Anin, andt,, and for all parameters for pressed voice.
low-pass filter the effect of the disturbances on the estimatel order to get an idea of the significance of the distortions
can be reduced. However, in that case one should take catieey found, the standard deviations presented in their Table |
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TABLE |. Standard deviations of the extracted parameters for the malsstudies based on the speech pressure waveform, but it does
subjects,' expressed in percentages of the mean. The values are based onﬁl& seem to make sense for the studies based on the oral
values given in Table | of AV. . . .
airflow. First of all, because it is known that the frequency
Voice type 0Q SO CO  tu Avn A response of the Rothenberg mask is only flat up to about 1 or
— 5o 14 12 52 530 5. 2 kHz (see, e.g., Hertegard and Gauffin, 129%econd, be-
reathy . . . . . . .

Normal 8.0 103 10.7 63.5 76.7 cgs cause the flow S|gngl has a slope of aqutZ dB/oct on

Pressed 317 247 210 679 736 721 average,the dynamic range of the recording equipment gen-
erally does not allow for a much wider band. Therefore, the
two types of studies should be treated separately.

are converted to percentages of the mesae Table)l This In studies in which the speech pressure waveform is
makes it easier to compare these results with those of Tabkgcorded by means of a microphone it seems advisable to use
Il in AV. a bandwidth of at least 4 kHz. Apparently, this was done in

A comparison of these values with those of their Tableall studies of this type mentioned by AV. | would like to
Il reveals that for the four male subjects the distortiam  repeat here that also in this case low-pass filtering can reduce
Table I1) is larger than the standard deviation Table ) in  the error in the estimates, especially if sample-based estima-
only two cases, viz. fot, if the bandwidth is 1 kHz and the tion methods are useds AV did). However, in this case one
voice type is normal or pressed. Analogously, for the femaleghould choose a low-pass filter which does not disturb the
subjects the distortion is larger than the standard deviation ifignal too much itself.
only one case, viz., fot,, if the bandwidth is 1 kHz and the On the other hand there are the studies in which the oral
voice type is normal. Therefore, it seems that their method t@irflow is measured by means of a Rothenberg mask. This
study the effect of bandwidth on estimated parameters is ndgchnique is usually adopted by researchers who want to
very sensitive. measure dc flow as well. In doing so they know they have to
To conclude this section, | will present a method whichcope with the limitations of the Rothenberg mask. For this
has fewer of the drawbacks mentioned above. The startinfyPe of studies it is not sufficient to simply recommend the
point of this method would be a representative database dfse of a bandwidth larger than 4 kHz. The question is rather,
synthesized flow pulses with known parameters. Since in thighat kind of signal analysis should be used given the limi-
case the input parameters are known, and do not contain arigtions of the Rothenberg mask. This has to be studied.
estimation error, it can be determined what the estimation
error is without low-pass filtering. This can simply be done ACKNOWLEDGMENTS
by comparing the estimated parameténsthout low-pass | would like to thank Loe Boves and Bert Cranen for
filtering) with the input parameters. Finally, an estimation their helpful comments and suggestions.
can also be done with low-pass filtering. The distortions
found for low-pass filtering can be compared with the intrin-Alku, P., and Vilkman, E(1995. “Effects of bandwidth on glottal airflow
sic estimation error of the method, in order to judge whether ‘;Vg;’eforms estimated by inverse filtering,” J. Acoust. Soc. A®.763~
the distortions found are significant. Fant, .G., Liliencrants, J., and Lin, @1985. “A four-parameter model of
glottal flow,” Speech Transmiss. Lab. Q. Prog. Stat. Rgpl—13.

. TWO TYPES OF STUDIES Hertegard, S., and Gauffin, @1992. “Acoustic properties of the Rothen-
berg mask,” Speech Transmiss. Lab. Q. Prog. Stat. Ref, 9-18.

In their introduction AV mention several studies on in- Perkell, J. S., Hillman, R. E., and Holmberg, E. @994. “Group differ-

verse filtering in which different bandwidths are used. This e_”fcles '3 ”;_east',ures ‘t’f }{‘B'C‘Z pmdtucé'on i’;gﬁreg’ésse‘jﬁgg'”es of maximum
. . . . . alrfiow declination rate, . ACOusL. S0cC. A - .

Obs_er_vatlon WQS the Sta”'”g_ point of their r_eseamh' _Later IrI]-Qothenberg, M(1973. “A new inverse filtering technique for deriving the
their introduction they mention that all studies in which the gjottal airflow during voicing,” J. Acoust. Soc. An%3, 1632—-1645.
bandwidth was smaller than 4 kHz are studies in which thebtrik, H., and Boves, L(1994. “Automatic estimation of voice source
oral airflow (recorded by means of a Rothenberg masks Ea;a;’rgetlesrz, Proc. Int. Conf. Spoken Language Process. Yokohama, Jpn.
used, and that in the studies 'n. which the speech pressuéec'rik, H., Cranen, B., and Boves, {1993. “Fitting an LF-model to inverse
waveform was used the bandwidth was larger than 4 kHz. fitter signals,” Proc. of the 3rd European Conf. on Speech Technology,
Further on in their article they do not distinguish these two Berlin, Germany, Vol. 1, pp. 103—106. _
types of studies any more. They conclude that bandwidtPtk H- Jansen, J., and Boves, (1992. “Comparing methods for auto-
. . matic extraction of voice source parameters from continuous speech,
affects the estimates, and recommend the use of a bandwidthp,oc nt. cont. on Spoken Language Processing, Banff, Cahatial—

of at least 4 kHz. This recommendation makes sense for the124.
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