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Abstract

I n anal yzi ng physi ol ogi cal signals related to speech, it is neces -
sary to average several repetitions in order to inprove the Signal to
Noi se Ratio. However, in a recent experinment, considerable differen -
ces were found in the articulation rate of repeated realizations of a
medi um |l ength utterance, especially for untrained subjects. This
makes aver agi ng of rel ated physiol ogi cal signals a non-trivial
probl em A new nethod of tinme-alignment and averagi ng of the
physi ol ogi cal signals is described. In this nmethod a dynami c program-
mng algorithmis used, which succesfully corrects for the tining

di fferences between the repetitions.



1. Introduction

A quantitative study of the physiol ogi cal basis of speech produc -
tion requires the simultaneous nmeasurenment of acoustic signals and a
nunber of physiol ogi cal signals. The usual procedure to overcone the
[imtations of |ow Signal to Noise Rati os in physiological signals,
and to avoid m sinterpretati ons caused by idi osyncrasies of single
tokens, is to average nultiple repetitions of the 'same’ utterance
(At ki nson, 1978; Baer, Gay, and Niim, 1976; Collier, 1975; Maeda,
1976). To all ow averagi ng, the utterances nmust be lined up in tine.
To that end line-up points nust be defined in every repetition. Typi -
cal choices are distinctive events |like the release of a plosive or
the onset of voicing, preferably close to the nmiddle of the ut -

terance.

Ti me alignnment and averagi ng cannot be applied to all speech sig-
nals in the same way. For instance, usually no averaging is applied
to fundanental frequency (Fo) signals, probably because of its discon-
ti nuous nature which makes strai ghtforward averagi ng questi onabl e.
I nstead, the Fo contour of one of the repetitions is chosen to repre-
sent the ’average’ Fo contour (Atkinson, 1978; Collier, 1975; Maeda,
1976) .

The applicability of the nethod of linear tinme-alignnent for averag -
ing, as described above, is limted by the inherent variability of
speech production. Two types of variation nust be distinguished, viz.
variation in speaking rate and variation in articulation. Both Kinds
of variation are not independent, as a pronounced change in speaking
rate is likely to affect articulation as well. But for the experi -
ments we are concerned with, the anmount of change in speaking rate is
such, that rate induced articulatory variations are unlikely to be a
first-order effect. This paper mainly deals with techni ques to over -

cone the effects of tenporal variation

If trained subjects are asked to utter words or short phrases, the
variation in articulation speed usually remains within reasonable
bounds. But even for a trained subject considerable differences were
found in the speaking rate for repetitions of a mediumlength ut -

terance (Strik and Boves, 1988). If the variation in the speaking



rate is large, averaging after linear tine-alignnent would result in
signals corresponding to different articulatory events being

aver aged.

In this paper we propose a novel processing technique in which a
Dynami c Progranmm g (DP) algorithmis used to time-align the tokens in
a non-linear way. The aimof this nmethod, which is referred to as the
nmet hod of non-linear time-alignment and averaging, is to obtain such
a degree of tine-alignnment that meani ngful averaging remains pos -
si bl e. The nethod was tested with the data of an experinment with
(quasi - ) spont aneous speech of a non-trai ned subject. Results of

analysis with linear and non-linear time-alignment are conpared.

The proposed nmethod corrects for the variation in speaking rate,
but then there is still the problemof variation in articulation. It
is safe to assune that repeated realizations of the same utterance
are fairly simlar. However, if the variation in articulation is too
| arge, neaningful averaging after tine-alignnent is never possible be-
cause t hen agai n physiol ogical signhals related to different
articulatory events are averaged. The data of our experinent were
al so used to check a posteriori whether the amount of articulatory

variation was wi thin reasonabl e bounds.

2. Method of non-linear tine-alignnent and averagi ng

In the method presented in this paper DP is used for non-linear
time-alignment of the tokens. DP is successfully used in speech recog -

nition where it is often referred to as Dynanic Tinme Warping (DTW.

First a brief description of the DP algorithmis given. For explana -
tion of the details of DP the user is referred to the rel evant
literature (e.g. Sakoe and Chi ba, 1978). Next, an overview is given
of the six stages of the procedure for non-linear tinme-alignment and
aver agi ng of physiological signals related to speech, followed by a

nore detailed description of the separate stages.

2.1. The DP al gorithm

The al gorithm described here, is based on the flowhart given in
the article of Sakoe and Chi ba (1978). The DP algorithm finds the op -

timal tine registration between two patterns, a reference pattern R



of length J and a test pattern T of length I. Both patterns are se -
quences of feature vectors, that are derived fromthe speech signals
by appropriate feature extraction. The franes of the two patterns

define a grid of IxJ points (Fig. 1la).

A suitable distance nmetric is used to cal culate the distance at
poi nt pk, which is the distance between frame i of test pattern T and
frame j of reference pattern R d[pk] = d[Ti,R]. A path Pis a se-
quence of K grid points (Fig. 1a): P = p1, p2, pP3, ---, Pk, ---, PK
and pk = (i,j). The total distance between T and R for a given path P

is the weighted sumof the |ocal distances:

K
DIT.R = 2 wdlpid.
k=1

By definition, the optimal path Po is the path that mnimzes
D[ T,Rl. The path Py represents a function F, which realizes a nmapping
fromthe tine axis of T onto that of R called the warping function.
The warping function F, or the optinmal path Py, can be used to nornmal -
ize the tine axis of T with respect to the tinme axis of R \Wen there
are no tinming differences between T and R, the path Po coincides with
the line i=j.

The path P usually is constrained. The path has to start in p1 =
(1,1), end in pk = (1,J), and it must remain w thin an adjustment w n-
dow (Fig. 1a). In the nethod proposed in this paper a slope
constraint condition of 1/2 (see Sakoe and Chi ba, 1978) is used,
whi ch means that a di agonal step can be foll owed, or preceded, by at
nost 2 off-diagonal (i.e. horizontal or vertical) steps. The conse -
quence is that only the five step sequences given in Fig. 1b are
all owed. The symmetric formDP-matching i s used because Sakoe and
Chi ba found that it gave better results in speech recognition than

the asymetric form



2.2. Ceneral overview of the nethod

The met hod of non-linear time-alignment of physiol ogical signals,
proposed here, can be split into six successive stages:

1. specification of line-up points,

2. selection of a reference pattern,

3. calculation of cepstrumcoefficients of the acoustic signals,

4. calcul ation of a warping function for each token (DP),

5. mappi ng of the physiol ogical signals, using the warping function

and

6. cal cul ati on of nedi an val ues and variation of tine-normalized

si gnal s.

A necessary requirenment for this method is that all (physiological)
signals be sanpled at the same sanpling frequency (Fs). For the experi-
ment used for evaluation of the nethod, Fs is 200 Hz, so the sanpling

time (Ts = 1/Fs) is 5 nms. The individual stages are described bel ow.

2.2.1. Specification of line-up points

Even t hough DP has proved to be useful in speech recognition, for
the purpose at hand some nodificati ons seemed necessary. First of
all, in basic speech research one is often interested in the
(average) physiol ogi cal signals before and after an utterance.
However, it is difficult to obtain a useful tine registration path by
comparing silence with silence. Also, it is often desirable to have
an exact tinme-alignment of a particular event in an utterance to
study the (average) physiological signals in the nei ghbourhood of
this event. Therefore, our nethod all ows one to define several |ine-
up points in an utterance, that are tine-aligned exactly; the DP
algorithmis only applied between those |line-up points (Fig. 2). The
first line-up point is interpreted as the beginning of the utterance,
and the | ast one as the end of the utterance. Before the first Iine-
up point, and after the last line-up point, the tinme registration

path runs diagonally (Fig. 2).

2.2.2. Selection of a reference pattern



One of the tokens is chosen as a reference for tine-normalization
of the remaining tokens. The best choice for this reference pattern
or templ ate seens to be the token with nmedian | ength, because it re-

quires the | east adaptation in the other tokens.

2.2.3. Calculation of feature vectors

The recording conditions during experinments in which severa
fysiol ogi cal signals are neasured often are such, that the Signal to
Noi se Ratio (SNR) of the audio signals is not high. The current
nmet hod shoul d al so be applicable to audio signals with nedi ocre SNR
Cepstrumcoefficients are known to give good results in speech recog -
nition (Davis and Mernel stein, 1980; Paliwal and Rao, 1982).
Therefore, the first 12 cepstrumcoefficients are used as feature vec -
tors. The speech signals were digitized with a sanpling frequency of
10 kHz and submitted to a 12th order LPC anal ysis using a 250 point
Hanmi ng wi ndow and a wi ndow shift of Ts = 5 ns. The vectors of LPC
coefficients were subsequently transfornmed to vectors of 12 cepstrum

coefficients (Markel and Gay, 1976).

2.2.4. Determnation of optimal time registration path

In the fourth stage the warping function has to be found that mni -
m zes the di stance between test pattern and reference pattern. The
exact choice of the distance netric does not seemcritical for our
purpose. A sinple Euclidian distance neasure proved to be sufficient.
However, the definition of the adjustment windowis critical. Because
there can be a substantial difference in the |length of patterns under
compari son we used the adjustnment wi ndow shown in Fig. la, whichis

different fromthe one given by Sakoe and Chi ba (1978).

2.2.5. Transformation of the physiol ogical signals

The war pi ng functions conputed in the previous stage describe the
differences in the tenporal structure of all tokens relative to the
reference token, i.e. they allow nornalization of the tine axes of
the tokens by mapping themonto that of the reference token. Since
t he physi ol ogi cal signals are neasured on the sane tinme axis as the
speech signal, their time axes can be normalized using the warp func -

tions derived fromthe speech signals.



The time-normalized or warped signal Wis conputed from the
original signal S by using a non-linear function Fn: Wj) = Fa[S(i)].
The cal culation starts at grid point pk = (1,J), and backtracks to
grid point p1 = (1,1). Because only the five step sequences given in
Fig. 1b are allowed, the function Fn only has to be defined for these
five partial paths. For time conpression, step sequences D and Ein
Fig. 1b, Wj) is obtained by averagi ng over two and three sanples
respectively. For tinme stretching, step sequences A and B, Wj) and
precedi ng sanpl es are obtained by |inear interpolation (Fig. 3). And
for a single diagonal step, step sequence C, no local transfornation

of the tinme-axes is nade.

The result is a function Fn that is defined in the follow ng way:

Step sequence A Wj) = [S(i+1) + S(i)]/2;
Wj-1) = S(i);
Wj-2) =[S(i) + S(i-1)]/2

Step sequence B. Wj) =[S(i+1) + 2*S(i)]/3;
Wj-1) =[2*S(i) + S(i-1)]/3

S(i)
[S(i) + S(i-1)]/2

Step sequence C. W)

Step sequence D. W)

St ep sequence E. W) [S(i) + S(i-1) + S(i-2)]/3

As it is inpossible to deternine a neaningful warping function for
the silent intervals before and after the utterances, the best thing
one can do is to |l eave the tinme structure unchanged. This is achieved

by letting the path run diagonally (Fig. 2).

2.2.6. Averaging

For every physiol ogi cal process the expected value of the tinme-nor -
mal i zed signals nust be conmputed. W prefer the medi an over the
arithmetic nmean value, since it reduces the effect of outliers. The
medi an signals are then snoothed. In addition to the nedian value, a
nmeasure of the variation around the median (the phonatory or ar -
ticulatory variation) can also be inportant. We found that the range
spanned by all but the n largest and n small est val ues, where n is of
course (nmuch) less than half the nunber of avail able tokens, is a use-

ful measure of variation.

The met hod of averagi ng, described above, is appropriate for con -

tinuous signals. But Fo, one of the signals that has received nuch



attention in speech research, is a discontinuous signal. For unvoiced
frames Fo was set to zero. W found that taking the median value of Fo
gi ves the appropriate voi ced-unvoi ced deci sion and the desired

average Fo val ue.

3. Experinental eval uation

To conpare the nethods of |inear and non-linear tinme-alignnment,
data of an experinent were used in which simultaneous recordings were
made of the acoustic signal, electroglottogram (EGS, l[ung vol une
(M), subglottal pressure (Psp), supraglottal or oral pressure (Por),
and el ectronyographic (EM5 activity of the sternohyoid (SH) and
vocalis (VOC) nuscles. A male non-trained subject was asked to
produce an utterance spontaneously. His answer was: "lk heb het idee
dat mijn keel wordt afgeknepen door die band" (I have the feeling
that nmy throat is being pinched off by that band). He was then asked
to repeat that sentence 29 tines. Al physiol ogical signhals were then
pre-processed to obtain signals with a sanmpling rate of 200 Hz. This
experinent is described in nore detail elsewhere (Strik and Boves,

1991) .

The original, spontaneous sentence deviated fromthe 29 repetitions
because in the original there was a pause of alnost half a second,
due to a swal |l owi ng gesture of the subject. Thus, in order to mni -
m ze the risk that utterances containing different articulatory
gestures were averaged, only the | ast 29 sentences were used for

anal ysi s.

3.1. Variation in speaking rate

The oscillogranms of three audio signals are showmn in Fig. 4. It is
obvious that there are large differences in the durations of the ut -
terances. The mean I ength of the 29 utterances was 2310 ns (sd = 130
ns), while the maxi mumand the minimumlength were 2615 ns and 2165

nms, respectively.

The release of the /k/ of "keel" was used as the |ine-up point for
the nmethod of linear tine-alignnment. This |ine-up point was chosen be -

cause it is expected to be clearly distinguishable, and it is



situated near the nmiddle of the sentence. The nean duration of the
first part (frombeginning to the |line-up point) was 880 nms (sd=80
nms), with a maxi mum of 1075 nms and a mi ni num of 780 ns. The mean dura -
tion of the last part (fromline-up point to the end) was 1430 ns
(sd=70 ns); the maxi mum and mi ni num val ues were 1590 ns and 1320 ns.
Therefore, one can hardly naintain that thereis little variation in
the tenmporal structure of the signals. Al so, the subject increased
his articulation rate as he repeated the utterances nore often. But
even for the | ast six sentences the ranges for the first and [ ast
parts were 120 nms and 90 s, respectively. So even after nunerous
repetitions the variation is still so |arge that straightforward
averagi ng of the tokens could result in conbining physiological sig-

nals of different articulatory novenents.

3.2. Method of linear tine-alignnment

Al 't hough we did not expect linear tinme-alignment to produce neaning -
ful results, we still wanted to test its viability. In Fig. 5 the
time-aligned transglottal pressure (Ptr) signals, corresponding to the
audi o signals of Fig. 4, are shown in the upper three w ndows. The
timng differences are very large, and the tinme-alignment is only
reasonabl e just before and after the line-up point. This is reflected
in the average signal (Fig. 5 bottomtrace) that beconmes increasing -

I y neani ngl ess towards bot h begi nning and end of the utterance.

In Fig. 6 the average signals are plotted for Fo, Intensity Leve
(1L), Ptr, Por, Psb, Mi, SH and VOC. Especially for Fo, IL and the pres-
sure signals it is apparent that the averages are only neaningful in

the direct neighbourhood of the |ine-up point.

3.3. Method of nonlinear time-alignment

For the nmethod of non-linear tine-alignnent and averagi ng warpi ng
functions were calculated for all tokens using the token with nedian
l ength (2295 ns) as the tenplate. These warping functions were then
used to nmap the physiol ogical signals. Before averagi ng the signals,
we checked whet her the degree of tinme-alignment, obtained by warping

the signals, was sufficient.



To that end nine | abels were placed nanually in all 29 tokens at
mar ked acoustic events. Chosen were rel eases of unvoi ced plosives,
one of thembeing the /k/ that was used as line-up point. The line-up
poi nts were used to shift the signals, so after linear tinme-alignment
the Iine-up points are perfectly tinme-aligned. This is shown in Fig.
7, where the fifth [abel is the /k/ that is used as |line-up point.
Away fromthe Iine-up point the degree of time-alignment dininishes.
Al ready for the two nei ghbouring | abels, label 4 and 6, the timng
differences are fairly large. The largest tinmng differences were
found at the beginning of the utterances. The warping functions were
then used to tine-align the labels, and the result is shown in Fig.
8. Apart fromsone inaccuracies, all labels (i.e. the corresponding
acoustic events) seemto be aligned very well. Because the acoustic
events of the whole sentence are tine-aligned by non-linear tine-

alignment, meani ngful averaging at this stage seens possi bl e.

Medi an signals are plotted in Fig. 9. It can be seen that the
medi an signals are not only neaningful near the Iine-up point, but

al so towards begi nning and end of the utterance.

3.4. Variation in pronunciation

Non-linear time-alignment seens succesful intime-aligning the
acoustical events of all utterances to a reasonabl e degree. However,
for meani ngful averagi ng anot her requirenent nust be fulfilled, viz.
that the different realizations of the utterances are produced with
essentially the sanme articulatory gestures. After all, averaging the
physi ol ogi cal signals belonging to utterances that were produced very
differently, is not a nmeani ngful procedure. W cannot test whether
the novenments of the articulators were very nuch alike in the dif -
ferent utterances, but we can check the anpbunt of variation of somne
rel evant physiol ogi cal signals of the speech producti on system be -

tween the utterances.

The dotted lines in Fig. 9 give an idea of the range of the mddle
20 val ues at each tine instant (see nmethod). Fromthese traces we can
infer that, apart fromV, the anount of variation of the physiol ogi-
cal signals between the different realizations of an utterance is

wi t hi n reasonabl e bounds.






4. Concl usions and di scussi on

Both for untrained and trained (see Strik and Boves, 1988) subjects
a substantial degree of tine variation between repetitions of a
medi um |l ength utterance was found. Even after numerous repetitions
these timng differences did not disappear. Wth such differences in
temporal structure, linear time-alignment and averagi ng no | onger

seems a useful procedure with which to extract meani ngful relations.

A possi bl e solution seens to be the follow ng. Define several 1ine-
up points in each repetition, time-align these |ine-up points, and do
l'inear time-alignment in between. However, the tinming differences are
not distributed uniformy, and therefore the nunber of line-up points
needed to obtain a reasonabl e overall tine-alignnent would be very

| ar ge.

W have shown that the nmethod of non-linear tinme-alignnment,
presented here, works satisfactorily, despite the nediocre signal-to-
noi se rati o of the speech signals and the highly non-stationary
character of the noise. Thus, the technique of DP, developed in the
framewor k of automatic speech recognition, can al so be a very useful
tool in fundanmental research for processing physiological (or com-
parabl e) signals related to speech. After time normalization, mnedian
val ues are obtained for all neasured physiol ogi cal quantities. These

medi an val ues can be used for further analysis.

The met hod of non-linear time-alignment has some further ad -
vantages. In contrast with the nethod of linear time-alignment, this
nmet hod al so yields an average signal for Fo. Furthernore, the techni-
que can be used (sem -) automatically, which makes it very attractive
in aresearch situation that is characterized by the need to handl e

| arge ampunt of signals.

Finally, the nethod can be used to tine-align and average all kinds

of signals for which timng differences are apparent.
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Fi gure captions

Figure 1. (a) A graphical representation of the DP algorithm with
(b) the five possible step sequences (A-E) in the symetric DP al go -
ri thmwhen the sl ope constraint conditionis 1/2. Indicated in

Italics are the weighting coefficients wk.

Fi gure 2. A graphical representation of non-linear tinme-alignnment,
when three |ine-up points are used. B indicates the beginning of the
utterance, E the end, and L an acoustic event near the middle of the

utterance.

Figure 3. An exanple of the function Fy for tine stretching (step
sequence A). In this exanple a straight Iine is used as the input sig-

nal S.

Figure 4. Gscillograns of the audio signals of three repetitions of
the sanme utterance. The straight vertical line at 1.3 s connects the

i ne-up points of the individual signals.

Figure 5. In the three upper panels the transglottal pressure sig-
nals are shown of the three utterances given in Figure 5. The | ower
panel contains the average transglottal pressure signal for 29 repeti -
tions. The straight vertical line at 1.3 s connects the |ine-up

poi nts of the individual signals.

Fi gure 6. Average physiol ogical signals for fundanental frequency,
intensity level, transglottal pressure, oral pressure, subglotta
pressure, lung volunme, and el ectronyographic activity of the ster -
nohyoi d and vocal i s nuscl es, obtained by the nmethod of Iinear
time-alignment. The straight vertical line at 1.3 s connects the |line-

up points of the individual signals.

Figure 7. The | abels of the 29 utterances after linear tinme-align-
ment. The straight vertical line at 1.3 s connects the |ine-up points

of the individual signals.

Figure 8. The | abels of the 29 utterances after non-linear tinme-
alignment. The straight vertical line at 1.3 s connects the line-up

poi nts of the individual signals.

Fi gure 9. Medi an physi ol ogi cal signals (solid lines) for fundanen -

tal frequency, intensity level, transglottal pressure, oral pressure,



subgl ottal pressure, lung volunme, and el ectromyographic activity of
t he sternohyoi d and vocal i s nmuscl es, obtained by the nethod of non-
l'inear tinme-alignment and averaging. The dotted lines are a neasure
for the anopunt of variation (see text). The straight vertical line at

1.3 s connects the line-up points of the individual signals.



