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INTRODUCTION

Much research into speech coding strategies for high technology aids for the
profoundly and totally deaf has been aimed at Identifying parameters of the
speech waveform. which. when extracted and presented via a cochlear implant or
tactile aid, will optimally supplement lipreadihg (1). This approach brings
with it the need for accurate tests with which to measure the benefit received
from difffersnt coding strategies. Ideally, such tests would use stimulus
materials representative of everyday fluent speech, such as unrelated
sentences. However. large individual differences in the ability to lipread
fluent speech exist among both hearing-impaired end normally-hearing subjects.
This presents a problem when the benefit from an aid is measured as an increase
in I-correct score over lipreading alone. Those subjects whose unaided score
fella near SUI-correct appear to gain more from the aid than those who score
very poorly or very well, because changes in the scores of the latter two
groups may be limited by floor and ceiling effects. The problem arises for two
reasons: i) I-correct performance does not constitute an interval scale: ii)
unaided lipreading ability and \-correct performance level are confounded in a
conventional test.

 

we have explored a technique for measuring iipreading ability as a visual
speechwreception threshold IVSIT). By analogy with the technique for measuring
an auditory speech reception threshold (2), we adaptively vary the visual
signal—te—noise ratio tSNR) necessary for e criterial level of performance. He
do this by varying the amunt of visual noise added to the video image of a
talker'e face. Performance is then measured not as s \-currect value, but as
the Visual SNR giving 503—correct performance. The present study examined the
viability of such a technique as a tool for investigating individual
dilEerences in lipreading ability.

31‘! ML!

The sentences need for the measurement of a VSRT were generated from the closed
set of 20 words shown below.

   

The use of a closed set ensured that all subjects could be trained to lipread
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the stimulus material with near 100‘ accuracy in the absence of visual noise.
By selecting a word at random from each of the four categories in turn, up to
625 different sentences can he created. THO hundred sentences, generated in
this way. were recorded onto videotape. The talker was an adult male speaker
of Southern British English.

Figure 1 Visual noise

a] The errect or visual noise on the image

of a talker'e face

b) Mixing visual noise with the video signal

Videocosz Ie

 

EXPERIMENT 1

He set out to answer two questions:
1) 1a VSRT correlated with lipreading ability. measured using a conventional
l—correct test? In other words, is it the case that better lipreaders can
tolerate a lunar visual sunthan poorer lipreaderl. when constrained to the
same hcorreet level of performance.
2) “av does the benefit gained tram e ejmulated aid to lipreedinu relate to
llpreading ability measured a) as a t—corrsct score on a conventional test,
and b) as a V5“!

PROCEDURE

TVGHEY “9rmu11Y-h3lring Subjects {mean age - 22 years) took part. All had
normal or correctsd-to-normal vision, screened with a Snollen acuity chart. and
normal contrast sensitivity, screened using the Arden Gratings (3).

Each subject uas trained to lipread the stimulus set in the absence of visual
noise. Subjects viewed isolated words from each category, then sentences
spoken with a pause between each word. and than sentences spoken fluently. At
each stage, alter e period of practice, the subject received 20 test trials.
The level 0! accuracy necessary for the subject to proceed to the next stage
was 19 out o!20 trials correct. All subjects tested achieved this criterion.
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in the experiment itself, subjects received a practice block of 30 sentences
followed by three blocks of 50 sentences. These were presented with visual
noise, consisting of spatially and temporally random fluctuations in luminance.
added to the video signal in controlled amounts. The first sentence of the
practice block was presented repeatedly, starting at a very disadvantageous
sun, which was gradually improved until the subject could lipread the sentence
correctly. This established a starting point for the adaptive procedure. 0n
remaining lipreading-alone trials. the visual SNR necessary for SDI-correct
performance was determined using a simple one-up one-down tracking procedure
(4) with a fixed step size. On alternate trials, the subject heard a signal
known to aid to lipreading. in the form of a series of rectangular pulses
synchronised to the closing or the talker's vocal folds (5). The visual noise
level was adjusted only on unaided trials.

Lipreading ability was also measured using a conventional test. Subjects
lipread 30 sentences. drawn from the BKB audiometric sentence lists (6). The
BKB lists have been used frequently to assess lipreading ability (7). and are
easily scored as the percentage of designated keywords reported correctly. The
in sentences are a subset of 60 aka sentences selected to span a range of
lipreading difficulty, from easy to hard (3). They wererecorded by thesame
talker under the same conditions as the sentences used to measure VSRT.

RESULTS

Each subject's VSRT was calculated by averaging the visual noise presentation
levels for the unaided trials in the three test blocks. VSRT correlated
significantly with lipreading ability measured as t-correct keywords on the Ex!
sentence test (n-zo. r-0.59, p 0.01). This result confirms that the measure of
VSRT reflects skills necessary for lipreading unrelated sentences. Benefit
from the simulated aid measured as the increase in I—correct above 50| when
vision was supplemented. averaged 251 (range - -2 to +36‘). and did not
correlate significantly with VSRT(n-20, r--0.0B, n.s) or I-correct keywords on
the EKB sentence test (n=20. r-0.ll, n.s.). The present result suggests that
the positive correlation found previously between lipreading ability and
subsequent improvement with aiding. when both were assessed using I—correct as
the dependent variable (9). may be an erteEact of the method used to assess
benefit, and that benefit and lipreading ability need not be related.

EXPERIMENT 2

In Experiment 1. the method of adding visual noise to the video signal caused
brightness and contrast to increase undesirably as a function of visual noise
level. Accordingly, a new method was adopted. shown in Figure l, in which the
video signal was attenuated with increasing visual noise level, such that
overall brightness remained constant. Experiment 2 was run to ensure that this
change did not affect the correlation between VSRT and lipreading ability.

Twenty-two new subacts took part (mean age - 21 years). Their vision was
screened in the same way as-before. Training was reduced to 10 trials at each
stage of practice. with a criterion of 9 out of 10 trials correct before
progressing to the next stage. To measure VSRT. subjects received 25 sentences
for practice, followed by 2 test blocks of 25 sentences each. All but two
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subjects were given feedback throughout the test. Lipreading ability in terms

of a t-correct score was measured using all 60 of the selected BKB sentences.

VSRT correlated significantly with I—correct keywords on the BKB sentence test

ln-ZO, r-0.7B. p 0.01), confirming that the new configuration of the visual

noise did not effect the relationship between V5“ and lipreading ability.

EXPERIMENT 3

Adding visual noise to the image of a talker'e face lowers perbormance by

degrading the visual cuesnormally available to the lipreader. in either or

both of two ways. Visual noise might increase the likelihood of all phonemic

confusions uniformly. Alternatively. noise might radically alter the pattern

of confusions by selectively degrading cues necessary for distinguishing

particular consonants or vowels. The first objective of Experiment 3 was to

distinguish these alternatives.

The second objective was to examine the relationships between scores on

sentence—based tests of lipreading, and scores on lipreading tests involving

vowels or consonants presented in nonsense syllables. It has been found that

sentence lipreading abilitycorrelates more highly with vowel lipreading scores

than with consonant lipreading scores (10, 11). One interpretation of this

pattern is that vowel lipreading ability is a more important component of the

ability to lipread sentences than is consonant lipreading ability. However, it

has been pointed out (12, 13) that consonants fall into well-defined visual

categories between which all lipreaders can perceive differences (e.g. of

place of articulation). but within which not even the best lipreeders can make

distinctions le.g. or voicing and nasality). This restricts individual

differences. Vowels. in comparison. provide a continuously graded range of

potentially discriminable lip shapes. allowing individual differences to

appear, and providing sufficient variability to permit correlations with other

measures of performance to emerge. By excluding visually identical contrasts,

we generated a consonant set involving fine distinctions in lip shape. If the

low correlations observed between consonant- and sentence-based lipreading

tests are caused by insufficient variability in consonant scores. the use of a

set of consonants selected to encourage the emergence of individual differences

in performance could produce correlations with sentence lipreading that equal

or exceed those found between sentence and vowel lipreading scores.

STIMULI AND PROCEDURE

The 15 vowels chosen were (in, l, e,l\,a . exp .aU.U, uu, aU, e1. a1, 01.

I. These occur in most dialects of British English. The vowels were spoken

in b-vowel-b syllables.

The consonants lb. v.3. V. I. 1. I. its. d5. g. 1/ were chosen to represent

each or the 12 consonant categories distinguishable under optimum conditions

(15). Consonants were spoken in a-consonant-a syllables.

Separate recordings were made for the vowels and consonants. Ten occurrences

or each stimulus. in random order, were recorded onto videotape. The talker

and recording conditions were the same as those used in experiments 1 and 2.
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Stimuli were presented for identiticetion in four visual noise conditions.
These werel 1) no noise, 2) a low noise level. below most subjects‘ VSRTag
3) a moderate noise level. close to the VSRT of many subjects, and 4) a high

noise level, above the VSR’I' 0! any subject.

Figure 2

Vowel and consonant
identification scores
as a function of '~

visual noise level

 

Twenty-two subjects took part. All had previously participated in Experiment
2. They responded to each trial by pressing a button labelled with the
orthographic approximation of the syllable they thought most like the one they
had seen. At the start of the consonant and vowel sessions, subjects were
familiariaed with the approximations used and given practice, with feedback. in

identifying the syllables without visual noise. Before receiving each
condition. subjects received a short practice block, without feedback.

containing syllables presented at that visual noise level.

RESULTS

Figure 2 shows that group mean vowel and consonant identification scores [all
Yes the level or visual noise increased. Separate analyses of variance on the
root-arcain transformed scores (i6) revealed a main effect of noise level for
both the vowel condition (HAN-43.0. p 0.001 and the consonant condition
(FOAM-59.6, p 0.001). Post—hoe Schetfe tests revealed significant

diltersnces between noise conditions 3 and 4 (p 0.01). and between noise

condition 3 and noise conditions i and 2 taken together (p 0.05), (or both the

vowel and the consonant sets. no other pairs of values differed significantly.

Hierarchical Clustering Analysis Group confusion matrices for the vowel and

consonant sets. pooled over visual noise level, were analysedusing the

hierarchical clustering program HICLUS (in. hierarchical clustering is a

technique which simplifies a matrix of confusions among a set of objects. by
converting it into a a set or clusters reflectingthe similarities between the

objects. The analysis starts by combining the two most similar objects into

one cluster. It then re-computes the similarity matrix. including the new
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cluster as a single object. This process is repeated until all objects are

contained within a single cluster. The scheme is hierarchical in that once an

object has been incorporated into a cluster, it may not leave that group at a

later stage. This enables hierarchical clustering schemes to be represented

very simply. in a tree diagram which illustrates the history of cluster

formation, and thus the pattern of similarities among the original objects.

Piggre g Hierarchical clustering schemes

a) Vow-ls b) Consonants

wuueflwnacsilsdfl

 

Results of the HICLUS analysis of the vowel set are shown in Figure 3a). A

viseme group was defined as a cluster for which intra-cluster identification

scores were greater than 75I-correct (18). This analysis revealed that, in

condition 4, the highest noise level, subjects could discriminate rounded from

unrounded vowels, but could not make finer distinctions. At the next noise

level. subjects could discriminate four vowel categories: two groups of

rounded vowels. the open, unrounded vowels lun. a, 9, Ill and the unrounded

close front vowels Ii, 1, e. al. ell. There was little difference between the

categories discriminabie in conditions i and 2. The short vowels le. 1/ and

Inn. a/ remain difficult to identify even in the absence of visual noise.

The pattern of clusters for tho consonant set is shown in Figure 3b). The

major distinction is between the relatively discriminable front consonants /b,

w, v. r.b , l/ and the less essy-to-distinguish back consonants Id. 2. 3, d5

5. 3/. In condition 4. subjects could distinguish only the labials lb. w/ from

the rest or the set. in condition 3. subjects could discriminate five groups.

[a], lwl, Iv. rl. Ii, 1/ and Id, s, 5. d3. 9. 1/. 1n condition 2, all the

'front' consonants ware identified with greater than 75‘ accuracy. With no

noise present, eight groups achieved this criterion. bUt there were only 56%

intracluster responses to the cluster lg. j].

Analysis or the clustering schema produced for each noise level. pooled over
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subjects, revealed little difference ln the order or pattern of cluster
formation across the four noise levels Eor either the consonante or the vowels.
Thus, visual noise level, while determining overall number of confusions, does
not determine the internal patterns or confusions.

.fable 2. Product-moment correlations between consonant and vowel scores. and
VISIT end BKB scores. (" - p 0.05. ' - p 0.01).

_ Vowels Consonanls
BIB 1 2 3 I I. 2 3 I

mm    

 

    
   

      
      
     

   
         

    

 

I. 0.5].

2 0.55.

3 0.78. 0.55“
4 0.43' 0.53“ 0.33.

ANTS

l 0.60“ 0.26 0.57"
2 0.52“ 0.38. 0.25 0.52" 0.57“ 0.61“.
3 0.61" 0.60" 0.22 0.56" 0.45' 0.66“ 0.70"
I 0.43. 0.31. 0.27 0.56“ 0.41. 0.34 0.21

          0.30 0.55“ 0.42. 0.50“ 0.51" -0.03

  

cmarieon with VSR’l‘ and BK! score The results or correlating eubjsote'
consonant and vowel identification scores at each visual noise level with their
vsm' and BK! scores are shown in Table 2. VSR'i' correlated significantly with
consonant identification and vowel identification in the absence of visual
noise. VSR’l‘ correlated most highly with syllable recognition in noise
condition 3, which was closest to the mean level or the subjecte' VSR‘l‘e.

Consonant and vowel recognition ecoree also correlated significantly with
lipraading scores for the unrelated axe sentences. In condition 1, the
correlatlon between vowel score and BM! score is comparable with that reported
by others (9. 10), but thecorrelation between consonant score and BK! score is
higher than any previously reported. Again, the highest correlation present
use between an score and syllable identification in condition 3.

The pattern of results obtained confirms our hypothesis that the low
correlations previously found between consonant lipreadlno and sentence-based
measures were likely to have beenthe result of insufllcient variability in
comment scores. By selecting a consonant set which excludee visually
identical contrasts. the ability to lipread sentences is shown to be reflected
in both vowel and consonant llpresding ecores.

CONCLUSION

VSII' provides a measure or lipresding ability that is free from floor and
ceiling enacts that plsgue the interpretation or conventional tests. we have
verified that this measure correlates with scores on conventional sentence
tests a! lipreading. and that adding visual noise to the image of e telker's
lace increases the overall level of phonemic confusions, but does not distort
their internal pattern.
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VOISCOPE ANALYSIS OF ABNORMAL LARYNGEAL EXCITATION

D. J. Miller (1), n. R. Taylor (2) and A. J. Pourcin (3).

(l) LARYNGOGRAPH Ltd. 1 Foundry Mews, London, NW1 2P3.
(2) SMITHS INDUSTRIES A£ROSPACB G DEFENCE SYSTEMS,CHBLTBNHAM.(3) UNIVERSITY COLLEGE LONDON

In a wide range of normal and pathological voices, four mainphysical factors associated with'vocal fold vibration are ofspecial importance. First, the sharpness of closure of the vocalfolds determines the spectral spread of the excitation which isprovided for the illumination of the resonances of the vocaltract. Second, the duration of vocal fold closure and the natureof closure itself are important factors in respect of thedefinition of the events which immediately follow the initialexcitation and in the preservation of a degree of clarifyingisolation between the vocal tract proper and the subglottalcavities. Third, the duration of the open phase is of especialinterest since, when this is large, the effects even of a goodinitial excitation impulse can be vitiated. Finally, but not ofleast importance, regularity of vocal fold closure from cycle tocycle is crucial to the clarity of the pitch percept which definesintonational contrasts.
In the present discussion data will be presented which has beenobtained from the direct monitoring of excitation activity - fornormal voice; for voice production in which the speaker issubjected to appreciable mechanical vibration: for two examples ofpathological voice, organic and 'functional'; and finally forsynthetic speech. In this last case the excitation informationhas been derived directly from the excitation generator byelectrical connection. In the case of the human speech sources,an electrolaryngograph has been employed. The laryngograph is asimple electrical device which responds to the change inelectrical conductance due to vocal fold contact and measuredbetween two electrodes placed superficially on the wings of thespeaker‘s thyroid cartilage. Its output waveform has beendirectly correlated with synchronous stroboscopic examination ofvocal fold vibration, related to the inverse filtered acousticsignal, and used in the triggering of x-flash pulses of radiationin studies of phonetion. All these investigations confirm thebasic electrical interpretation of its output and make it possiblein consequence to examine voice quality almost directly in termsof the four factors above. sharpnesa.of closure corresponds tothe rapidity of increase of conductance; the duration of the peakof conductance is related to the duration of vocal fold closure;the trough in the conductance waveform has some correspondencewith the open phase and finally, waveform regularity relatesdirectly to excitation periodicity and so to pitch. In whatfollows, Lx refers to the conductance waveform, and Ex tothereciprocal of its period. Lx and Ex together with the analyses of'period range, Dx, and scatter, Cx, whi h are discussed have beenobtained from the use of the Voiscope operating in conjunctionwith a 83C computer.
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gm 1. street of vibration. The first example of
'1 abnormal laryngeal

excitation effects is
drawn from a situation in
which a normal speaker is
subjected to unusual

' bodily vibration. The
a) an tn. ground, male adult speaker in

Figure l is speaking
initially in quiet

I! conditions on the ground.
A standard text has been
recorded and the same
utterance has been
examined in Figure lb
when the speaker was in
flight. Helicopter
vibration components were
measured with three
accelerometers so that
the main bodily vibratory
disturbance could be
spectrally assessed, a
peak at 22.5 Hz was

b) In flight. sP found. Simultaneously to
the acoustic recording
from the speaker, the
laryngograph electrodes

II were used to monitor
vocal fold vibratory
activity. The sequence
"ZED" in la shows the
gross laryngeal
adjustment for an initial
voiced fricative going

{all into a vowel accompanied
with normal laryngeal

figure 2. Effect or Vibration. vibration. In figure 1b
PI Contourl. the gross laryngeal

3" on ground In flight adjustments are now
2" associated with a 22.5 Hz

“ vibratory component and
a A the detailed form of the
1" individual vocal fold

3 IA vibrations is quite
noticeably changed both
in respect of periodicity

‘0 and shape. The higher
fundamental frequency
clearly evident in L1 is

U!” — - — characteristic

   WOA. Vol 8 Part 7(1938)



    

    

 

    
  
  

  

   
   

    

  

      

   

      

  
  
  
  
  
  
  
  

  
  
  

 

     

 

Proceedings of The Institute of Acoustics

of the speaker's response to the higher ambient noise conditions.Figure 2 indicates the influence of vibration on another aspect ofanalysis based on Lx which gives the fundamental frequency
contour; Pa. The sequence is centred around the normal modalvalue of the speaker and quite smooth with characteristicconsonantal Ex jumps. In flight, Ex is far more irregular andoccasionally broken by octave jumps produced by the vibratoryinterference with larynx activity.

Different but related effects of“flux-3.23:: xmfilm' vibration are evident at every
level of analysis. Figure 3 shows
the results of analyses directed10 towards the determination of the

a) long term frequency distribution
based :n recordings of a text

Groflna approx mately 2 minutes' duration
(5K to 8K periods). In each case
the analysis makes use of the
determination of laryngeal period
and it is the number of periods
corresponding to any frequency
which is associated with the.1 probability estimates. The ground
analysis is quite typical of ago healthy adult male and shows a

h) prominent mode at 123Hz. There is
here no low frequency irregularity
of the sort which is typically

Pl1ght found with creaky voice. Inl _ flight, however, there is a very
marked area of low frequency
irregularity in the histogram and
a marked upward shift of the main
mode to 169 Hz. These two effects1 are largely separable and in fig.' 3(a) shouting alone gives a
complete upward displacement of10 the mode to 338 Hz together with a

c) reshaping of the distribution.
Another technique of analysis is

shout discussed in relation to figure 6
in respect of these samples. The1 main features of the in-flight
distribution are to a degree
predictable in terms of two
separate effects - the low
frequency skirt corresponding to

P
r
o
b
a
b
i
l
i
t
y

 
octave jumps in laryngeal'1 frequency and the upward shift of'3° 10° 30° 1000 the main mode corresponding to the

(as) change in Ex with ambient noisePr'qnenc’ intensity. ‘
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Figure 4. Pathology - waveforms.
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will alsobe associated with the vibration has almost certainly an
influence on the shape of the distribution in the in-flight
condition; In the second example of abnormal laryngeal
excitation, a pathological condition has been examined. In figure
4 the speech and lsryngograph waveforms coming from a brief sample
recorded by a patient with Reinke's Oedema are shown. In this
condition the vocal folds are grossly swollen so that although the
glottis is not obstructed the normal vibration of the vocal folds
is impaired. The impairments arise not only from the asymmetries
of effective mass and stiffness but also and more particularly
from the irregular nature of the contacting surfaces. At the
extreme right-hand end of the pair of waveforms, the last

laryngeal closure is associated with a prominent peak of acoustic
response. Immediately prior to this peak of acoustic response,
however, there is a laryngeal closure which is not associated with
a correspondingly evident pressure peak response from the vocal

tract. Speech output from vocal fold input is dependent not
merely on the magnitude of_closure of the vocal folds but upon the
acoustic spectrum of the associated excitation, this can only have
a broad frequency range if there is a relatively rapid change in
the volume velocity and this in turn can only occur if there is a
rapid effective closure of the vocal folds. in this example the
variability of vocal fold closure is shown fairly clearly by the
La waveform in between the beginning and end Lx closure peaks of

the sample. The perturbations in shape of the Lx waveform
similarly result primarily from the oedematous nature of the vocal
folds, these variations are typically associated with a
corresponding variation in the periodicity of the speech which has

a quality random component apparently superimposed on it. In much

of the clinical work supported by Voiscope/BBC microcomputer
analyses of this type, it is not possible to make use of the pcm

recording techniques used for the helicopter studies - partly as a

matter of cost and partly of convenience. Here, as in most of the
other associated clinical studies, a simple two channel cassettz
recorder has been used and'the waveforms of figure 4 are derive
from its outputs after digital phase correction on the same BBC as
is used for both the other analyses and interactive voice therapy.

1

However, the frequency modulation of laryngeal vibration which

252 ProclOA Vol 8 Pan 7(1985)
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'19!!! 5. In gigurgfi5a the distribztion of
Ex or t 5 pet ent s e own

.) Pathologicnl' Distx£hnti°n' (based on the probability of
10 larynx period occurrence, and

obtained from a 3 minute fluent
speech sample). It can be clearly
seen that the low frequency skirt
on the histogram-is quite
different from that of the normal
distribution in figure 3. In
these cases successful treatment
of the oedema leaves the main body
of the distribution effectively

_1 unchanged and removes the low
frequency irregularity.

30 100 300 I: Quantitative analysis makes it
possible to gain some insight into

b) 'nnczionul' Distribution' the condition of voices which are
so not associated with any evident

pathology, and in figure 5b
"functional" disorder is
associated with another adult male
sample. The relatively restricted

1 range and the presence of low
frequency components are quite
evident, and the physical nature
of the disorder is glimpsed in the
associated plot in figure 5c.

L where the scattering produced by
' laryngeal vibrational irregularity

80 100 300 is displayed by plotting Exl
against sz where l and 2 relate

c) lunat‘on.l' scattar plot' to immediately adjacent
fundamental periods of vibration.
A random vibration would simply
produce a diffuse distribution.
but in figure 5c the central
diagonal is associated with two
minor parallel diagonals. produced
by period doubling in the
vibration. The clinical diagnosis
of a functional, non-organic.
disorder is not confirmed in that
there are quite clear physical
abnormalities shown in this
analysis. A patient may present
with no visually obvious symptoms
of disorder on laryngoscopic

. examination and yet have
precursive indications of
pathology in the quantitative
assessments discussed here.
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In figure 6a the normal voice of
the distribution of figure 3,
"ground", is shown using the same
method of analysis for the same
sample. The main well-formed
diagonal indicates a uniformly
produced voice and the slight

tendency to an asymmetrical
scatter is a function of the
prosodic charactistics of the
speech. The occurrence, mainly
below the modal value, of a
preponderance of rising intonation
contours gives a slight bias for
the second period in any doublet
to be smaller. In figure 6b the
same prosodic characteristics are
now superimposed on a restricted
and heightened modal frequency due
to the increased acoustic
intensity of the utterance - the
Lombard effect is really perceived
in practice perhaps somewhat
paradoxically not by an increase
in loudnesss but rather by an
increase in perceived pitch - but
the main feature of the analysis
is associated with the parallel
clusterings which in figure 6b are
much more pronounced than in the
pathological condition of 5c. The
lobes, however, still result from
integral period spacings and
correspond to octave -
relationships. vibration has
interfered with larynx movement so
that very occasionally triplets
and slightly more frequently

doublets and singlets are missed
out in the sequence of vocal fold
closures. In figure So, it can be
seen that shouting whilst it has
substantially moved the main mode,
still nevertheless leaves the
essential range of larynx
frequency and with a fairly small
degree of scatter. Shouting has
not here involved a ventricular
component and it is evident that
the irregularity of fig. 6(b) is
only due to externally applied
vibration.

Figure 6. Vibration.
Scatter plots

of Ground

 

see b) Plight
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In figure 7 the speech is r1gure 7. 3-D Scatter plots.
synthetic and produced by rule, .) asgu origing1

and the analyses are based on the
Voiscope processing simply of the 1390

     

  

   

 

synthesiser excitation waveform. F32
As before; in the scatter plots of
figures 5 a 6. the first period 39a
frequency is plotted horizontally
and sz, the second frequency, 139
corresponds to the other side of

the base of the presentation.
Vertically the log of the
probability of the occurrence in
any E21, sz cell is shown by the
height of the histogram. whilst
this method of printed
presentation has the disadvantage
that parts of the distribution are
of necessity concealed, it has the
advantage of greater probability
range than in the simple density
scatter plot. In figure 1a, the
signal is from a version of the
original JSRU synthesis by rule
system; scatter features are
relatively evident which come from
the nature of the implementation
and mode and range characteristics
from the prosodic rules. The
DePijper prosodic algorithm
(devised for English by Michael
Johnson 5 Jill House at UCL) has
been used for the synthesis of the
same passage in figure 7(b) and
here the notably bicuspate form of‘8
the distribution is clear. This
results from the 'top-hat‘
intonation contours, originally
used for Dutch by t'Hart & Cohen.
In figure 7(c) an expressive range
of intonation has been used in the
new model (MJ s JH) but the
excessive dichotomy has been
reduced ~ although the
distribution is still bimodal. —
Finally for natural speech, in FRI.-
figure 7 (d) a single mode
dominates and the presence of low
frequency creaky voice contributes
to a marked scattering of low
frequency Fx activity.
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The association of the analyses presented here with s tabulation

of simple numerical statistical measures of dispersion. skewness.
kurtosis, makes it possible to provide a useful basis for the

comparison both of the effects of treatment in the case of

pathology and of the the results of development in the case of

synthesis. More importantly, however in the longer term is the

contribution which this whole area of excitation analysis will

make to the definition of the detailed features of voice in a rule

governed fashion, capable of embracing, to s degree, all of the

situations which have been presented here.

The following references have been selected simply to give an

overview of related work directly bearing on the application and

interpretation of Lx information.
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the production of the speech and Lx recordings for the helicopter

vibration study.

we are most grateful to many colleagues in University College for

all the help and programming which has contributed to the

usefulness of the analyses which have beendiscussed. and to the

NRC and SERC/Alvey for basic support.
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These arguments lead naturally to an approach to speech pattern processing
which is founded on information theory and on speech pattern modelling;
information about speech and speech patterns is encoded in a suitable model.
and appropriate algorithms are used to compute the output of the model for a
specified input (for recognition or synthesis).

In general. the problem of modelling physical systems can be decomposed into
four sub-problems [9]: (a) representation; i.e. the type of model (e.g. static
or dynamic. linear or nonlinear. deterministic or stochastic. discrete or
continuous etc.). (b) measurement: i.e. which physical properties should be
measured and hen. (c) estimation: i.e. the determination of those physical
quantities that cannot be measured from those that can. and (d) validation;
i.e. the demonstration of confidence in the model.

The research issues in speech pattern modelling are therefore concerned with
the modelling paradigms (knowledge representation). the representation of
acoustic data. the definition of a 'good' interpretation or output. the search
strategies for finding a good interpretation (or output) of a model given some
input data (optimality). methods for model construction and parameter
estimation. and performance assessment procedures.

At the present time the most computationally useml modelling paradigm is based
on stochastic generative models and particularly hidden Harkov models (Hills)
[10]. in this case a-priori speech knowledge is expressed in the structure and
parameters of a finite-state machine. The definition of the goodness of any
particular interpretation is in terms of the likelihood of the model generating
the observed data. and the most likely interpretation (or output) may be found
using an optimal search procedure such as dynamic programming. Another key
property of such a model is that there exists a parameter re-estimation
algorithm (the Baum-Helch algorithm for HMMs) which is guaranteed to increase
the likelihood of generating a particular set of observation data by suitable
adJustmenta to the probabilities embedded in the model.

The main advantages of this particular modelling paradigm are that (a) it
generalisea the non-linear time alignment approach [11.12]. (b) it adheres to
Harr's principle of least commitment [13]. (c) by being statistically based it
is possible to account for 'unseen' data gracefully (so called 'ignorance
based' modelling [14]). and (d) it may be applied at the level of sound
sements. words and grammar simultaneously.

The disadvantage of this approach is that. although it is relatively easy to
tune the details of a model. it is difficult to derive the its overall topology
(structure). However. new modelling paradigms are already appearing which are
capable of learning higher order hidden structural properties of patterns based
an adaptive parallel distributed processing networks [15]. This means that it
is likely that stochastic generative models will themselves become a special
case in a much more general combined structural and stochastic speech pattern
modelling paradigm [16].
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Key Hark Areas

In order to reflect the foregoing research methodology. the work of the Unit is d
partitioned into five main research areas:-

- speech signal processing

- acoustic-phonetic modelling

- linguistic constraints

- pattern processing principles

- speech systems

The first three are directly related to speech pattern modelling. the fourth
provides the theoretical underpinning for the whole programs and the fifth is
concerned with practical and implementation issues associated with performing
and exploiting the research. The work in all five areas is described in the
following section.

 

RBEARCH PROGRAMME

smch Simal Processing

The main objective of the Unit's work in speech signal processing is to develop
techniques for 'high-resolution'- signal analysis in order to provide a more
informative representation of speech and speech-related signals. Both acoustic
and non-acoustic signals are of interest. These 'rich‘ representations are

needed in order to facilitate higher accuracy speech pattern modelling and to
aid the separation of speed: from competing signals.

  

  
Current work in this area is concerned with two contrasting approaches to
analysing the fine temporal and spectral structure of speech signal-53, the

behaviour of a computational model of the human peripheral auditory system [17]
is being compared with that from a more mathematical approach based on the
Higner distribution [18]. Work is also in progress on the development of
imaging techniques for sensing articulator position (e.g. to provide
information about lip movement as an additional cue for automatic speech
recognition). and on optimal approaches to low level speech pattern analysis

(e.g. formant tracking using dynamic programme [19])-

  In the future it is expected that work in the speech signal processing area

will move towards the development of mechanisms for making the low-level

patterning more explicit. the integration of acoustic and visual speech data.

and the active separation of speech from interfering signals and noise.

M01. Vol 8 Pan 7(1988)



Proceedings of The Institute of Acoustics

armm AT RSRE

Acoustic-Phonetic Modelling

This area is the focus for the work of the entire Unit. The main aim is todevelop the principles of speech pattern modelling in order to derivealgorithms for high accuracy recognition and high quality synthesis. This isachieved by means of research into alternative paradigms for modelling bothspeech and non-speech eimals. different algorithms for searching the modelsand techniques for parameter re-estimation.

   
A considerable amount of experimental sork has been undertaken in this areaover recent years. most of it directed towards the development of techniquesfor overcoming the inherent variability of speech patterns. In particular.effort has been concentrated on algorithms for discriminating accuratelybetween similar sounding words where the phonetic distinction is based ontemporal [20] or spectral [21] cues. Also. algorithms for continuous connectedword recognition have been developed to the stage of commercial exploitation[22].

Current work is concerned with the accurate modelling of the temporal structureof isolated whole-word patterns using hidden semi-Markov models (We)[23.21:]. Hork is also in progress on models with higher-order Harkovianproperties [8]. the automatic derivation of sub-word structures [21]. and newapproaches such as error back-propagation networks [25.26].

In the future the modelling and algorithm work uill be extended to accomodatehigher order properties of a speech signal such as speaking rate. and then 'applied to more fluent speech. Techniques for adapting models to new speakerswill also be investigated.

Linguistic Processing

This area is concerned with the application of the principles of speech patternprocessing to the design and construction of structured models which reflectthe constraints imposed by relevant a-priori information about the phonologicaland linguistic structure of speech.

Current work includes a study of stochastic grammars [27] and their integrationwith existing acoustic-phonetic modelling.

Pattern Processing Principles

This area of work provides the theoretical underpinning to the whole speechresearch programme and also connections with related work in other disciplines(such as image processing. natural language understanding and self learningmachines). Particular aims include the understanding of the principles andinherent limitations of diverse established and newer methods of pattern
processing. to develop formal relationships between them. and where possible toput them in the context of of general theories.

ProcJDA. Vol 3 Part mass) 26‘  



Proceedings of The Institute of Acoustics

mmnnsns

Current work supports each of the three main speech pattern processing areas:
specifically the study of the Higner distribution for speech signal processing.
parallel distributed processing'networks for acoustic-phonetic modelling. and
the relationships between hidden Markov modelling and stochastic context-free
grammars. Hark is also in progress on alternative formalisms for modelling
dialogue [28].

SEC]: Systems

The objective of the final area is to provide a working hardware and software
anvirpnment for speech technology research. This involves the management of
general purpose VAX/VlS-baaed computer facilities consisting of a central VAX
11/8600 cluster for off-line batch processing. two VAX 11/750s primarily for
real-time work. and several workstations based on MICRO-VAX II for real-time
work and programme development. All the machines are networked using DBCNEK‘
(via ETHERNET) and three have FPS array processors attached. All of the
machines (apart from the 8600s) have AED high resolution colour graphics
displays. Special purpose facilities such as the ICL-DAP are also available to
the Unit [29].

The speech systems area is also concerned with the management of databases of
speech material (mg. the NATO R5010 spoken digit database [30] and the RSRB
speech database [31]) including advanced methods for storage and retrieval such
as optical discs. The work also involves the definition and implementation of
internationally agreed assessment procedures.

Finally. thisarea provides the crucial interface between the fundamental
research conducted by the Unit and the systems oriented applications research
conducted at RSRB and elsewhere.

COLLABORATION

In order to augment its internal research programme. or to exploit the results
of its research. the Unit is able to enter into collaborative agreements with
UK firms and universities. In this context the Unit can sponsor work.
participate in consortia. enter into special bi-partite arrangements. host

summer studentshipsandvecoomodate industrial attachments.

At present the Unit sponsors a number ofcontracts and research agreements with

various firms and universities (e.g. the work at UCL on 'modelling acoustic and

phonetic variability' [32] and on 'the modelling of nuclear tone for speech

synthesis' [33]. and the work at Keele on 'psychoacoustic constraints for
speech recognition' [3‘0]). The Unit is also involved in two Alvey Speech
Technology projects (one of which involves an industrial secondment to the

Unit) and in a proposed BPRIT project on 'apeech technology assessment'. The

Unit is also a key laboratory in the 1311‘s National Electronics Research

Initiative on Pattern Recognition (RIPR). This is based at RSRE and again

involves industrial attachments- to the Unit.

MOAVol 8 Pan 7 (1988) 
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CONCLUSION

This paper has presented an overview ofthe RSRB Speech Research Unit. The
main objectives of the integrated JSRU and HSRB speech research programmes have
been described and it has been shown how the problems of both speech
recognition and speech synthesis are being tackled using a combined structural
and stochastic approach to speech pattern processing.
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