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UNIVERSITY OF SOUTHAMPTON
ABSTRACT
FACULTY OF ENGINEERING
ELECTRONICS
Master of Philosophy
AN ARTICULATION TEACHING AID FOR THE DEAF
by Peter Michael Holland

This thesis discusses the problems in teaching the profoundly
deaf to produce intelligible speech, and describes the design,
construction and testing of an electronic aid to assist in this
task. The aid is designed to give the deaf user some feedback
from his own articulator system in a visual form.

A model of the speech mechanism is constructed and used,
together with the results of a literature survey, to select for
display the physiological parameters of sub~glbttal pressure and
vocal cord tension. The difficulties of measuring these para-
meters non-invasively cause great problems, the attempted
solution of which uses the output of a device called a Laryngo-
graph. The Laryngograph measures the variations in electrical
conductance through the neck as the vocal cords vibrate, and
there is evidence that the mark/space ratic of this waveform is
dependent solely on the sub-giottal pressure. 1t can also be
shown that vocal cord tension can be determined from sub-glottal
pressure and pitch.

When tested the constructed teaching aid was found to have an
unexpectedly erratic response which was also dependent on pitch.
More consistent results were obtained by altering the method of
testing. This brings intoc doubt some of the data reported in the
literature'on basic speech research and upon which the work in
this thesis is based. It is proposed that further research into
the mechanism of speech vproduction is required before aids like

that attempted will be possible.
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X. Introduction

The aim of this project was to produce a speech training
aid for the deaf; this aid being a machine, the use of which
in some way will help the deaf individual to produce a better
standard of speech production than would have been possible
without it. In order to reach this objective one must provide
the deaf person with some vocal standards to aim for, and
methods of comparing their own voices with these standards.
This can be considered as a feedback situation.

Much work has already been done in this field (see the
following literature survey), there is, however, still only
one aid which is widely used, this being the hearing aid.
(The purpose of a hearing aid is to amplify the sound, thus

“increasing the amount of aural feedback available to the
subject via his residual hearing) These aids have a long history
but until the emergence of electronic technology the only
available aid was the ear trumpet, and this although vroviding
some help to a deaf person is a device with a fairly low
acoustic gain. It was thus only of use to the group that
would now be termed 'hard of heariﬁg', and the profoundly
deaf person was considered beyond help, and treated as a
severely subnormal being. (For an attempt to define 'hard of
hearing' and tprofoundly deaf' see section 2.1 )

With high gain electronic aids now readily available the

__situation has greatly improved. There is, however, a limiting

factor for progress in this direction: a deaf person can

suffer pain due to high intensity sound without actually



hearing anything. A hearing aid is thus useless in these
circumstances.

Therefore it has become apparent over the last 20 years
that a new variety of aid is necessary to help the profoundly
deaf person who can get no aural monitor of their own or
anybne else's voice sounds. This project is directed towards

providing such an aid.






figures: Deaf mutes; 15,000, Totally deaf; 30,000, Deaf to all
natural speech; 70,000, Hard of hearing; 1,650,000, Although
not accurately defined these figures give some indication of
the size of the problem.

Deafness can be caused by many different malfunctions, four
categories of which are now generally recognised:

1. Conductive deafness caused by blockage in the outer
or middle ear which prevents the vibrations from reaching the
cochlea. |

2. Receptive deafness caused by damage to the cochlea,
so vibrations in the middle ear are not coded into nerve
impulses.

3, Transmissive deafness caused by an interruption in the
auditory nerve between the ear and the brain.

L. Perceptive deafness caused by damage actually in the
brain.

Conductive deafness is less serious than the other types as
it can usually be cleared by operation, and even if this is not
possible some sound can be transmitted to it through the bone
using a bone conductor type hearing aid provided the cochlea
is intact.

Those who are born deaf, or become deaf before reaching about
two years of age (ie. before attaining speech proficiency) are
in greater need of help in the way of a speech training aid
than those who have become deaf later in life. This groﬁp of
people will find the production of intelligible speech a very
hard task indeed as they have no‘foundations upon which to

build. Anyone who becomes deaf after having already developed
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speech will retain intelligibility for a long while even
though the speech quality will degenerate.
Thus the group at which this provosed aid is aimed can be
described as those with:
1. B.T.A. hearing loss of greater than 80d4B.
2. Receptive, Transmissive or Perceptive deafness.

3. Prelingual deafness.

2.2 Speech production

Speech sounds can be subdivided into two sections: voiced
and unvoiced, ie. very approximately.... vowels and consonénts
This is true for the majority of languages. Voiced sounds are
caused by the vocal cords vibrating in the fldw of ajir expelled

~from the.lungs. Unvoiced sounds are-caused by forcing air from
the lungs through a constriction so causing turbulence in the
air flow and thus produciﬁg a hissing noise. This constriction
is typicaliy formed by positioning the tongue against palafe
or teeth. Both types of sound are modified by the acoustic
properties of the larynx, mouth and nasal cavities.

Considering voiced sounds in more detail: The vocal cords
are a pair of muscular flaps at the base c¢f the larynx, a much
more detailed description of their action is to be found in
Appendix I. The characteristics of the vibration depend on the
forcing air pressure, the size amnd elasticity of the vibrating
matter, and to a lesser extent the initial open area and the
acoustic loading of the upper vocal tract. The pressure waveforn

produced by this vibration is a series of pulses typically like
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those shown in fig2. its frequency is called the fundamental
frequency, or pitch - f, -~ and lies between 100 and L4OOHz.

A fourier analysis of this pressure wave reveals a line
spectrum decaying at about 20dB/decade. This can be considered
as the input to the acouétic filter formed by the upper tract.
Positioning of the tongue, jaw and ve%ipm causes resonances
the frequencies of which are called the formant frequencies
-~ f, f,ete. - The overall effect is demonstrated in fig 3. The
first two formants are the most significant for speech
intelligibility, f; lying between 200Hz. and 1kHz. and f,
lying between 800Hz. and 2.5kHz. These can be used to differentiate
between the various vowel sounds, however the accurate
determination of them electronically is not easy. (see later
sections)

In order to try and understand the overall system involved
in speech production I drew a flow chart model. (for a
description and discussion of the sort of mental imagery that
these diagrams imply refer to : Richardson A. (1969)) A chart
fbr a normally hearing person is shown in fig 4. It can be
seen that the sound output is controlled by two feedback loops:
an overall aural one and an internal sensory one.

In the learning mode the memory stores a mutully related
structure of words, sounds and motor nerve command patterns,
and‘when one is speaking one would expect a continual interplay
between the memorised patterns and the patterns that are fed
back via the feedback loops.

In a profoundly deaf person the situation would be somewhat

12
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different. A corresponding chart for a deaf person is depicted
in fig 5.

In drawing this chart not only the box labelled 'ear! had
to be omitted but also the box labelled 'sounds'. Thus the
deaf person has to translate from word concepts direct to
motor nerve patterns, this would seem to be an unnaturally
large gap, and so the diagrams show that the deaf person is
not only handicapped by the loss of aural feedback as is
normally quoted, but also by a discontinuity in the forward
loop of the production process.

In including the box labelled ‘'word concepts! in fig 5. an
important assumption has been made; namely that the subject
has acquired a reasonable level of language proficiency.
Without this assumption one would not be justified in assuming
that a deaf person thinks in words. Furth H.G. (1966) is
entirely devoted to the problem of the psychological effect
of deafness, and in particular he tries to ansﬁer the guestion
"what do the deaf think in?" Although not in fact answering
this question he does come to the conclusion that: "The major
significance of the reported findings for theories of thinking
--1ps the demonstration ihqt logical intelligent thinking dces
not need the support of a symbolic system as it exists in the
living language of society. This is undoubtedly an internal
system, a hierarchical ordering within the person of‘his
interaction with the world. The symbolic system of language
mirrors and in a certain way expresses that internal organisation"
~(Furth H.G. (1966) p.228) This quotation thus validates the

separate representation of thoughts and words in the above
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models, and also indicates that the 'words' box may well be
absent in a profoundly deaf person.

In this report I shall always assume that the subjects
have sufficient language proficiency, and concentrate on
methods of helping them express the words that they desire,
as this is the field where I feel that I may be able to offer
more.

These models are, at best,only one possiﬁle representation
of the processes involved and, as explained in the following
paragraphs, variations could easily be proposed in the light
of further vpsychological evidence. ’

Several works, eg. Terwilliger R.F. (1968) and Sokolov A.N.
(1972), approach the probtlem from another view point. It

-appears, for instance, that-a hearing person when listening
to speech, or even verbalising internally (so-called inner
speech, as when solving a problem in logic, or reading a
complicated passage in a book,) males certain micromovements
with his articulators. These movements have been detected
electromyographically. When this phenomenom was discovered
it was thought that this meant that the understanding of
words (received aurally or visually, or used as concepts)
depended on, or referred to, the process of articulation:
ie. one spoke the words to oneself, actually articulating themn,
in miniature during the understanding process. This is called
the 'motor theory' of hearing, and might be represented as in
fig 6. This shows the understanding process to be using not only
information from the direct perceptual channels but also via the

imitative action of the vocal tract. The evidence for this,
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however, is far from conclusive as the electromyographic results
taken during inner speech of a set word has been found to differ
considerably from the results taken during actual speech of that
word (see Ballantyne J. énd Groves J. (1971)). This may be due
to the supvression of the sound output. There are many unknowns
associated with this phenomenon and I do not believe that the
evidence implies changes in figs 4 and 5 that would have
significant results for this study. The above information is
included in this report merely to demonstirate that the models
dravm in figs 4 and 5 do not claim to encompass all current

knowledge on the subject,

2.% The speech of the deaf

Any written description of the speech of the deaf is inevitably
inadequate as words cannot accurately describe sounds. Very few
congenitally profoundly deaf people ever reach a level of
proficiency such that they can be understood with ease by a
stranger.

The faults found in deaf speech are numerous. The most common
are: poor timing and pitch control, omission or substitution of
‘consonants and a loss of discrimination between different vowel
sounds. These faults compound to ﬁroduce monotonous indistinct
speech. Levitt H. et al (1974) contains a comprehensive survey
of the speech of 40 deaf children (age 8-~15 years). The general
description they give is as follows 'The pattern of errors in
the childrens' speech indicates that correct placement of the
articulators is not a major problem, but rather incorrect

timing, improper veluz control and voicing problems are the
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source of the most serious errors affecting intelligibility"'.
These deaf children had received much speech training and yet
they still produced many language errors. For example, 37 out of

the LO children were classified as having errors in pitch control.

2.4 Speech training methods

The policy in this country has been to educate deaf and
partially deaf children in schools apart from normal-hearing
children so that they can receive the specialised attention
necessary. At the moment there are about 70 schools for the deaf
catering for roughly 6,000 pupils. For the profoundly deaf child
it is recommended that schooling should start at the age of two.
This early start is a very crucial factor in their education.

In -the normal-hearing child speech developes gradually.
Initially when only a few months old the child 'plays'! with his
voice seeming to randomly vocalise for quite long periods. In
this babbling period the child is learning the relationships
between sounds and the motor nerve commands necessary to produce
them. Later, at the age of 12-18 months the child starts to
produce simple words - using the information already gathered to
imitate speech sounds. Thus by the time he reaches about two
years the child can speak understandably with a limited
vocabulary.

With the deaf child however the babbling stage, although still
present, does not perform the same function. The sensations
caused by moving the articulators and producing a sound are not
complemented by an aural impression of that sound. So the

babbling stage does not lead naturally to speech.
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Deafness can be diagnosed usually by the age of 6~9 months
and it is the policy of most teachers to give a hearing ald as
soon as the child will accept it. The teaching of speech relies
enormously on whatever residual hearing the child might have.
While at home he relies on his parents to expose him continually
to as much speech as possible. The parents are encouraged to
talk to the deaf child as much, if not more, than they would to
a hearing child. Once at school devices called speech trainers
are usually available. These can be thought of as high quality
hearing aids. The child will receive specialised speech training
lessons using this device, and in this manner the majority of
deaf children will make some attempt at speaking.

In conjunction with this purely aural training the child will
-be -taught, as much as possible, to use visual, kinaesthetic and
tactile cues for differentiating between speech sounds.
Articulator positioning (eg. tongue height and lip opening) can
be demonstrated quite well visually by a teacher for a child to
imitate. This might in some degree explain the findirngs reported
by Levitt g. et al as quoted previously where the major faults in
the childrens' speech were found to be other than faults in
articulator positioning. There are some children who have to rely
entirely on such indirect teaching methods.This project is aimed
mainly at this group of children, as were many of those described

in the following section.
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3. A survey of hearing aids for the deaf

3.1 Introduction

Many electronic aids for the deaf have been designed and
constructed in the last 30 years. They have been made possible
by the immense growth in electronicisechnology that has taken
place in that time. Some of the first work that was done in
this field was performed at the Bell Laboratories in the mid
1940s following on from the work of A.G. Bell on speech coding
for line transmission. Since then the field has expanded and
progressed greatly, but the 'ideal aid' is still elusive.

I shall group the following description of aids under
headings according to the physical sensation they use as a
communication channel to the deaf person.

The aids fall into 3 broad groups,

i Aural

ii Visual

iii Tactual.
3.2 Aural aids

%3.,2.1 Conventional amplification aids

As étated previously these are very widely used. Many sufferers
of partial deafness can live quite normal lives when equipped
with a suitable aid, dut it is ndt generally realised how
much help an aid can give to a profoundly deaf person.

The standard Medresco aid gives 52 dB gain at 750 Hz and a
slope of about 8 dB/octave over its whole range of 300 Hz to
3 kHz, and it is possible tolget‘aids that give considerably
more gain than this.

The speech trainers referred to earlier have a considerably

18



greater frequency response, mucﬁ less distortion and a little
more gain. They also have facilities for changing the frequency
response to suit each particular deaf person. A recurrent
problem with hearing aids is acoustic feedback which can cause
oscillation in the system and is usually caused by an ill-
fitting aid. Speechtrainers attempt to overcome this by using a
pair of headphones with large foam pads that seal against the
head around the ears.(For more information on conventional

hearing aids see John J.E.J. (1964).)

%.2.2 Frequency transposing hearing aids

A deaf person's residual hearing usually displays an increasing
loss with increasing frequency. For this reason there have been
" several attempts to convert some of the high frequency
components of speech into a low frequency band. The following
methods have all been tried:

1. Modulation. The high frequency components are extracted
and modulated by a fixed frequency carrier. The lower sideband
of this signal is then added to the original signal. This is
described in Biondi E.L. (1967).

2. Distortion. The high frequency components are again
separated but with this method they are put through a distorting
netwyork to obtain lower frequency components which are then
added back to the original signal. See Risberg A. and Spens KeZa
- £1967).

%, Vocoder System. This is a more complex system: the
envelopes of the outputs of two or more high frequency band pass

filters are used to modulate the amplitude of two low frequency
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bands of filtered noise. This is then added to the original
signal; see Ling D. and Druz W.S.(1967).

;. Frequency Dividing. For this the high frequency
components are again filfered out and then subjected to
infinite limiting, thus creating a pulse train. This is put
through binary dividers until of a suitable frequency to
present to the subject ie. less than 800 Hz; Guttman N. and
Nelson J.R. (1968).

It has also been shown, by Erber N.P. (1972), that the
total speech envelope contains considerable information; here
the envelope was modulated with band limited noise and it
proved to be some assistance during lip-reading.

The degree of success enjoyed by these systems is
apparently not very high, they all require a great deal of

practice before becoming at all meaningful.

3.3 Visual aids

3.3.1 Introduction

It has been shown that a visual aid will stimulate a child
to vocalise even if that display is fairly randomly related to
“the speech. In Fineman K.R. et al (1969) and Blake P. and Moss
T, (1967) a device is used with just two bulbs - corresponding
to frequencies above and below a set reference - and these
modulated a bright colourful kaleidoscope type of display. This
was quite successful in motivating the children (who were
electively mute, not deaf) to talk, but little teaching
“capacity was indicated. These paﬁers do show, however, that

children are greatly motivated by a colourful mobile display.
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There have been many attempts to provide displays which
might prove more successful as a teaching aid, ie. provide’
information to a deaf user which may help him to improve his
speech. These displays can be classified descriptively by the
type of information displayed:

1. spectral pattern vs. time

2. frequency vs. amplitude

3. f; vs. I,

L. measure of quality or quantity of single pérameter
5. single speech parameter vs. time
6

. vocal tract shape.

3.3.2 Spectral pattern vs. time

Phe Visible Speech Translator (see Stark R.E. et al (1968))
built by the Bell Laboratories produces a picture on a T.V.
screen of the speech sprectrum as it varies with time, soO the
output looks not unlike a spectrogram. Cne limitation of this
equipment is the lack of intensity information: at each point
on the screen there are only two possible states - black or

white, there is no grey.

3.3.3 Frequency Vs. amplitude

L.U.C.I.A. (sec Risberg A.(1968)) is a 10 x 20 discrete
light display. The abcissa is quantised frequency in 20 steps
of 200 Hz and the ordinate is quantised amplitude in 10 steps
of %dB. At each instant this produces an approximate spectrum
of the speech input. The display can be frozen in time or run

continuously, but in the latter state Risberg describes it as
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changing too fast during normal speech to be followed by eyé. A
similar deviceis described by Borrild K. (1968), this seems a
less sophisticated version of L.U.C.I.A.

At the other extreme, Nickerson R.S. and Stevens K.N. (1973)
use a computer to generate several displays on.a T,V, screen,
one of these is a spectrum vs. amplitude display. However, in
common with many of these reports, little actual testing of the

effectiveness of the system is related.

3.3.4 £, vs., 1,

A display which is mentioned in several reports 1is a plot
of second formant, fy, against first formant, fy (see Person
5.6, (1973%); Georgiou et al (1973); Pickett (1969)). This
“display can be quite useful for discriminating between vowels
and can be used for teaching a deaf person to produce steady
vowel sounds. However, it is of little use with connected
speech as it is meaningless for all unvoiced spsech. Georgiou
V.J. descrives an interesting modification of the basic f,.f,
display. Here the output is a dot on a colour T.V. screen which
ﬁoves as dictated by f, vs. fybut its size corresponds to the
speech amplitude and the colour is varied with the pitch. No

test of its effectiveness 1s reported.

3.3.5 Quality or quantity of a single speech fsature

_This-group -includes measures of pitch and the mean frequency
of fricatives, In Borrild XK. (1968) an '3' indicator is
described that has been in use for many years with good results.

This simoly lights a bull with a brightness which increases as



the average frequency of the fricative input increases, le. a
bright light indicates a good 'S', In Martony J. (1968) the
pitch of the subject's volice was also displayed on a meter, but
it is generally accepted that such qualities are best displayed

against time.

2.%3.6 Single speech feature vs. time

The most common display in this group is the pitch display.
In Martony J. (1968); Boothroyd A. (1973); Mermelstein P. (1967)
Gopinath G. et al (1967); Wakita 7.(1973); Stansfield E.V. et
al (1973) pitch is displayed against time on a storage
oscilloscope. The papers differ in the methods of obtaining the
pitch from the voice signal, but the displays are much the same
apart from this. This display is well tested and has been found
to be quite useful as it can make teaching intonation and
rhythm patterns much easier.

In Stark R.E. (1970) an amplitude contour display was
projected on to a storage oscilloscope with the ain of teaching

rhythm and stress, but this is not evaluated to the same degree.

3.3.7 Vocal tract shape

This group of displays are all alming to produce the same
output: a gravh on an oscilloscope scraen, the abcissa of which
is distance along the vocal tract, lips inwards, plotted
—against the cross-sectional area at each point (see Willemain
T.R. (1972); Miller J.D. et al (1974); Anderson A.B. et al
(1951); Mason J.L. et al (1973); Dobelle W. et al (1973)). The

display thus shows movements of tongue and lips as they are
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happening. This would seem to be quite useful but only in
1imited circumstances: only voiced non-nasal sounds give a
meaningful output. It.also nas the disadvantage of involving a
fairly complicated computation, which must make this an

expensive device at present.

3. Tactual aids

2,54.1 Introduction

The argument for using the tactual channel to give a deaf
person extra information 1s that it is free of any information
concerned with verbal communication, whereas the visual sense
and the residual hearing are both already burdened with
information. In‘the literature there seem to have been two
methods used to stimulate this sense: vibration and electric

current.

3.4.2 Vibration

One problem of using any form of tactile stimulation is
that the skin is rather insensitive to the position of
stimulation, ie. it is difficult to sense which of two closely
spaced vibrators is activqted. Yowever this is overcome by
using very widely spaced vibrators; Wi lema;n T.R. (1972)
contains a report on a vpitch display indicator using vibrators
on the fingertivs. Pitch was quantised into eight steps, but
the subject used only three vibrators choosing those of the
eight which were of most use to him. In this way they obtained

some quite good results in controlling the pitch of deaf

subjects.
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The tactile display used by Miller J:D. et al (1974) was
somewhat different, again using three vibrators on the finger-
tips, but this time they corresponded to nasalised sound,
voiced sound and total acoustic output. Thus it has a much more
generalised objective than the one above, and it gave signif-
icant improvement in lip-reading ability.

Spectral tactile displays have also been attempted, see
Pickett J.M. (1969), the spectrum being quantised into steps,
the amplitude in each section modulating the drive to the
" vibrators (one on each fingertip). This was not found to be very
successful.

Possible recasons for the limited success of tactual aids are
discussed in Xirman J.H. (1973), the positioning and type of
vibrators and the information displayed are criticised and
proposals are made for an aid that might have greater success.

(No report of any follow-up work on this has been found).

3.4.% Blectrical stimulation

This has generally been rejected for use as an aid to the
deaf, probably for safety reasons. However it does have some
advantages: the skin differentiates frequencies and intensities
much better by electric current variation than by vibration
(see Anderson A.B. et al (1951)). Its usez also eliminates the
noise caused by the vibrators whicih would be disturdbing for any
normal hearing person conversing with the deaf subject.

A much more ambitious aid for the deaf 1s proposed by
Dobelle #. et al (1973) who describe how electric pulses were

put directly into the brain to stimulate signals in the aural
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nerve. Such projects can only be expected to produce something
useful in the far distant future becausc of the couplexity of

the nervous systenm.
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L. Discussion of disvlay objectives

4.1 Derivation of display_Objectives

Having decided to display some speech varying parameters to
the deaf person one can follow one of two path-ways: eilther
towards displaying acoustic parameters such as pitch, formant
frequencies etc, or towards displaying the vhysiological
parameters involved in moving the articulators. There are
arguments for and against both of these approaches.

Appraisal of the previous section shows that all previously
‘tried aids, except the vocal tract shape indicators (see 3.3.7)
have followed the first path - without success in the majority
of cases. This could be regarded as a preliminary argunent for
trying the second approach.

There is one fairly basic argument for employing the first
method. The purpose of a teaching aid is to help in the
production of natural sounding intelligible s?eech. Such speech
can be produced from many gréatly differing articulator
positions, as is illustrated in the extreme by ventriloquists'’
speech. Believers in the acoustic parameter approach reasocn
that a person may use different ways to produce similar speech
sounds at different times. Thus teaching a deaf person to nut
his articulators in one particular position to produce a giveﬁ

b3

sound is unrealistic. However 4t is undeniable that on

(T

articulator position does produce one unilgue ssund, so if one
teaches this fact to the deaf person then he will be abdle to
repeatably produce that particular sound. This is certaialy a

step in the right direction.

(ad

One can also indicate the validity of the second me nod b;

<
"~
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refercnce to the flow chart, fig 5. Looked at from the first
point of view the desired transfer function - sound/word
concept - can be considered as an open loop control systen
with two unknown functions: motor nerve pattern/word concept,
and sound/vocal tract movements. From the second viewpoint

the transfer function is vocal tract movements/word concepts
and there is only one unknown function - motor nerve patterns/
word concepts. This is a simpler system and the feedback loop
’has mdre control over the desired output.

Assuming the use of a display fig 5 becomes fig 7. This
represents the use of a generalised display: the input
transducers operating on both the vocal tract and the acoustic
output, and the display via any sense organ with an undéfined
function in between. For this to be effective an 'image' box
will have to be provosed in the forward path of the feedback
loop. Thus for each word the memory will produce a suitable
image in terms of these newly formed display parameters, and
then a motor nerve pattern will be produced to match the inmage.
This of course represents the 'ideal aid' which is completly
replacing the sense of hearing (compare fig 7 with fig L.

Having stated what én ideal aid would do one must modify
the model to allow for the practical limitations of any
available cystem. Using present knowledge anc technology it is
not vossible to analyse speech in such a way that all aurally
differentiable sounds are differentiated, (as an example of an
attempt to do this see Kung pu 11 et al (1673)). Thus a more
likely configumationic as in fig §. Here the feedback loop

5

vrovided by the disvlay and the mental imagary created by it
S b L J [ J
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are only used for obtaining certain restricted clues about the
speech patterns. For example, if the display is a pitch
indicator, for a particular word or phrase the memory will
produce a required pitch pattern and the display feedbaclk loop
will control the pitch during the phrase to fit that pattern;
the remainder of the motor nerve pattern controlling articul-
ation will depend on memorised patterns and the inner feed-
back loop.

The type of aid that is proposed in this report is a
" teaching machine , this implies that 1t will be used for snort
periods of time, lessons, and thus its teaching capabilities
ought to be studied. This means that at this stage consideration
should be given to the factors which effect the remembering of
learnt patterns. According to Cermak L,.5.(1972) long term
memory has unlimited capacity and is affected mainly by
interference of similarly encoded patterns which block access

and retrieval of wanted items. There is also a small unlearning

[
O
W
s

(decaying with time) effect. (As with most pyschologd
phenomena thers are many vways 0f lookinc at this process. The
above statement must also inevitably be a great simplification
From the above statement one can draw the conclusion that the
less numerous are the patterns to be rememberec the more

reliably they will be remembered.

o

According to fig 8 the memory is storing two sets of

patterns for ecach sound: an image related pattern and a motor

[ 6]

nerve activity pattera. However this could be simplified, and
the strain on the memory reduced, if the image caused by the

fesdback lrop of the aid was of the same form as the motor
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nerve activity pattern., This logic suggests a teaching aid
that dicsplays motor nerve patterns. In fact the only conscious
image that exists is the one caused by the movement of the
articulators and not the one causing it (these two may be of
different forms: generalised tactile sensation as against
pulses going to each individual muscle, but they both contain
the same infomation).

So a practical aid based on these principles would display
the tactile sensations involved in speech, and the teaching
" process would involve the imitation of correct movements/
sensations (probably provided by a teacher). Thus the patterns
that the deaf person is being taught are the actual sensations
that he will feel when articulating correctly, he is therefore

using fully the one control loop at his disposal.

L.2 Constructing a list of display parameters

Speech involves the use of a considerable portion of the
body: all the muscles of the mouth‘— tongue, jaw, lips, velum
and larynx, and the nuscles that control the lung volume ie.
those of the chest and abdomen. These present a continuum of
tactile sensation, but .in order to simplify matters parameters
must be chosen that represent activity in the area of interest

The following varagraphs contain a list of paramsters that
are considered to be the absolute egsentials, in due courss it
may be found that more are needed to represent articulation
accuratdy.

Two vparametors arc needed to represent the position of the

fon

oy

uz: height of highest point, and distance from the highest
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point to a fiwmed reference point, for example the front teeth.

Two parameters are also needed to represent the lip ovening:
width and height.

The jaw opening and velum opening might each be represented
by one parameter.

The effects of the larynx muscles are a little complex. The
assumption is made that their action can be represented by a
single parameter called vocal cord tension (for anatonical
details and justification of this assumption see Appendix I).

Variations in lung volume cause variations in lung pressure,
and’in particular sub-glottal pressure. This is taken as the
final parameter.

Thus we have eight parameters.In orderto display these it is
first necessary to measure them, a considerable problem. To
simplify the problem it was decided to concentrate initially
on just two of these parameters.

The most difficult skills to teach a deaf verson are breath
and laryngeal muscle control, because of this their pitch,
timing and stress are generally wrong. It was therefore decided
to tackle just this problem. So the two varameters that were

chosen were sub-glottal pressure and vocal cord tension.

L.3 The measurement oroblem

L,%3.1 Introduction

¢

The two required parameters (sub-glottal pressure and vocal
cord tension) are both indicators of the state of some internal
body function, and in order to make the proposed aid acceptable

to the user they must be measured entircly from outside the
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body, with as little interference to the subject as possible.
There are several possible media one could work in.

The two most obvious methods are firstly, direct measurement
of the muscle potentials or nerve impulses in the relevant area
thus giving a direct indication of‘the anmount of effort being
exerted in that area, and secondly, at the other extreme, to
analyse the acoustic waveform in such a way as to obtain the
required outputs.

The direct method has the obvious disadvantage that most of
‘the nmuscles involved are well below thé slktin surface, so it is
very difficult to measure their potentials in a non-invasive
manner. There are also a large number of muscles involved in
varyinz both of these parameters (see Appendix I) so measuring
just one muscle's action in each case will not suffice. (Unless
one muscle action could be found to represent the action of the
whole group.) Thus if the direct method is used a large
number of muscle potentials might have to be investigated,
involving the use of many electrodes, and because of this the
aid would almost certainly be unacceptable to the user.

The second method relies entirely on acoustic analysis, and
has the great advantage that the only transducer required is a
microphone. It should tﬁerefore be very acceptable to the user.
The problem lies with the analysis that would have to be done
on the acoustic waveform in order to produce the required
outputs. As a literature survey of speech analysis techniques

gave no great reason for hope in this field (see for example:
o B

wy

Kung pu 1li et al (1973), Hyde S.R. (1968), I.E.E.E. ASSP - 23

no.l 1975) attention was turned to more specialised technigues.



4

ie. techniques specific to the measurement of just one

parameter.

4.%.2 Parameter-specific measurement methods

Initially I shall concentrate on methods of measuring the
sub-glottal pressure (Pg) as this will be shown later to be the
first priority.

Several methods are available for the measurement of Pg.
Firstly it can be measured directly via a hypodermic syringe
inserted through the tracheal wall and connected to a pressure
transducer (as used in Xunze L.H., (1964)). This is accurate but
very obviously it could not be considered in this context.

Secondly a catheter (tube) can be passed down the vocal
tract and through the glottis, so that the end is sufficiently
below the vocal cords to measure the pressure unaffected by the
disturbance caused by their vibration. This also causes
considerable discoafort, but does not 'significantly' effect
phonation (according to Van den Berg J.W. (1956)). Inserting
the catheter in this position was apparently quite difficult,
needing medical super#ision.

Van den Berg's 1956 paper also contains a description and
results of an 'indirect! method of measuring Pg. At a level
just below the glottis the oesophagus is sandwiched bvetween the
trachea and the vertabral column, sco pressure changes in the
trachea are transmitted to the oescphagus. The method involves

inserting a balloon type catheter in the ocesophagus at this

[&]

level andé inflating it till it ie pressing on both the trachea

and vertebra. In this paper measurements were taken under the
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condition of abruptly stopping phonation and keeping the thorax
and diaphragm for some time in the same position with an open
glottis. This is claimed to eliminate an error due to the

volume of the lungs varying during measurement, but errors of
between 10% and 20% were still recorded. The gross limitation

on the measurement procedure means that it is quite inapplicable,

The same instrumentation has been used during continuous
speech, see Leiberman P. (1968) and Kunze L.H. (196L4). Kunze
shows that oesophageal pressure is very dependent on lung
"volume and it is stated that 'under no experimental conditions
did this method provide a valid estimate of subglottal préssureh
Lieberman disagrees with these findings. He applied a simple
linear correction factor (with respect to time) and obtained
favourable results.

Apart from the disagreement aboﬁt the accuracy of the method,
putting a tube down a subject's throat is not going to be a
popular method of approaching the problem of teaching a deaf
person to speak. It has therefore been rejected.

An alternative method uses a combination of two measuremsnts:
the &olume of the lungs and the flow rate into/out of the lungs.
From these two the pressure inside the lungs can be computed.
Assume for the moment that the temperature of the air and lung
tissue is constant, and that both the air and the lung tissue
obey the law BY, = BV, (nost materials do obey this law for small
changes in P and V).

Take V),

1

vol. of air in lungs at 1 atmosphere, at beginning

of expiration
V; = vol. of lung tissue at 1 atmosphere, at beginning

of expiration
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Vpp = vol. of air in lungs at pressure P (atm.)

Y = vol. of lung tissue at pressure P (atm.)

I = air flow rate at P= 1 out of lungs

Vo = total vol. of lungs and air at pressure Ps
evidently Ve = VAP + Vips

but at time T after start of expiration

.
Vap = (Vo - [IdE)

Ps
and Vi =_Vu 5 4
P .
. T :
therefore E = Vg *+ V;,~\L1dt
v
fT
= V, =JoTdt
Ve

Fig 9 shows how this method could be implemented. The
integrator is reset and the value of V, updated once per intake
of breath, so it gives an output for E during expiration.

It is desired that pressure differences as low as 1 c¢m of
water should be registered, (speech generally involves pressures
between 2 and 20 cm of water) this is a pressure variation of
just 0.1% of atmospheric pressure. So small a variation in P
will cause a correspondingly small change in V in accordance
with the ideal gas law .

PV = constant, X .
T

If P increases to P(1+A) causing T to increase to T(1+3J) and
V to decrease to V{1+¥ ), then

V(1l+¥) = ¥(T +87)
P(1+4)

KT(1 -A)Y(1 +Y¥)
P

therefore ¥ = § - A (assuming all increments are small)
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So even assuming that® = 0, (it is in practice going to be
positive) so that § has its maximum value, we must be able to
detect changes in lung volume of the order of 0.1%. Having
stated this rather demanding criterion let us consider methods
for measuring V.

1, Hixon T.J. (1973) used electromagnetic transducers to
measure the distance, front to baclk, through the chest and
abdomen simultaneously. He did not plot any relationship between
these measures and the actual lung volume so no facts are
'available abvout the accuracy of the system. Intuitively it scens
most unlikely that such a simple measure, indicating only the
diétance between two pairs of transducers could give the volume
of the intesrmediate mass accurately.

2. A well accepted way of measuring breathing rate and depth
is by impedance plethysmography. There are many papers describ-
ing this technique, for instance Pacela A.F. (1966), Allison R.D.
et al (1964), and Baker L.E. (1972). It involves the measurement
of the electrical impecdance through the chest at a freguency of
between 50 and 100 kHz. However experiments have shown an error

h

ct

(6]

of about 5% between the lung volume predicted from impedance
and the lung volume measured by total encapsulation of the
subject. (Total encapsulation gives the only reliable measure of
lung volume but it cannot be used outside the laboratory. The
subject is put in a rigid container that comes up to, and is
sealed around, his necl. The totél body volume and thus the
variation in lung volume is determined by meésuring the air

flow into and out of the container.)

Had either method 1 or 2 been appolicable the flow rate could



have been measured by a mask, which would have been very
accurate but restricting, or by an ultrasonic flowvmelter system
on the trachea as in Kalmus H.P. (1954).

Another possible and initially very promising method for
obtaining E, is from the mark to space ratio of tﬁe glottal
pressure waveform during voicing (ie. T/T,in fig 2). The graph
of closed/ftotalvs. B is shown in fig 10 (this graph was obtained
from two mathematical models (Flanagan J.L. et al (1968) and
Ishizalta et al (1972)) and it seems to be fairly accurate in
"practice (see Lindquist J. (1970)). This curve is claimed by
Ishizaka et al (1972) to be invariant with the other paraﬁeters
(pitch, vocal cord tension, articulator configuration). There
is however an unsupported statement in Van den Burg J.W. (1955)
that this parameter is dependent on pitch.

Thus if one assumes that Van den Berg's statement was
unfounded, taking an accurate measure of the closed/total ratio
of the pressure waveform in the larynx before it is degraded by
the acoustic filtering of the upyper tracts and passing it
through a suitable nonlinear network should give a measure of RE.

There are several ways of trying to obtain the reguired wave-
form:

1. A throat microphone certainly reduces the effect of the
upper tract rescnances, but it does not eliminate them entirely.
It also introduces distortions due to the signal passing through
the tissue of the neclk.

2. Passing a transducer into the larynx has many practical
problems and would probably still produce some uvnper tract

features.
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3. Inverse filtering. This would seem to offer the best
chance of obtaining the‘required waveform. The speech is
analysed into its several resonances -~ defined by their centre
frequency and 'Q factor' - these parameters are then used to
control filters through which the speech is passed. Thus the
effects of the upper tract are cancelled. Reports of this method
(Lindqvist J. (1970), Miller R.L. (1959) and Rothenburg M.
(1973)) use continuous vowel sounds as their inputs, presumably
because of the errors that must be caused by the time delay in
‘the analysis of the sveech wave if the waveform changes. Its
application to continuous speech is therefore likely to be of
dubious success. This method was used by Lindgvist (1970) and
the erratic results obtained could be an indication of the
difficulty of measuring this parameter.

L. A method described in Sondhi M.M. (1975) is simple but not
very effective or practical in continuous speech. The subject
talks into a long reflectionless vpipe, with a microphone at a
set distance along its length. This provides a high acoustical
impedance at the lips, and not a low one as is usual, so the
effect of the tract is greatly reduced.

It should be noted that during most speech P5 lies between 5
and 20 cm. of water (sec Van den Berg (1956) for example) and
some of this range lies above the 'knee' on the curve in fig 10
thus any error in the measurement of closed/total ratio could
produce very disproportionate errors in the calculated Ps.

Having considered methods of measuring Ps I shall now move on
to the vocal cord tension parameter (Q).

A survey of the literature has revealed no significant
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attempt to non-invasively measure the muscular activity in the
laryngeal muscules during speech. I found no information which
would be useful in trying to correlate muscle potentials
measured on the surface (which is all that would be practically
possible) to the action of the muscles in the larynx. The next
possible alternative for getting the relationship between Q and
the measurable parameters seems to be a return to a mathematical
model of the operation of the cords as no relationship between a
simple measure of muscle activity and a general tensing of the
‘vocal cords seems to be available.

Several mathematical models exist, see Flanagan J.L. et al
(1968), Ishizaka et al (1972), Titze I.R. (1973) and Obenour J.L.
et al (1972). The most informative of these is Ishizaka but the
results of all of the models are fairly consistent. One can plot
a family of curves on the f, .Ps vlane for varying Q as shown in
fig 11. These are all linear relationships to a reasonable
approximation. There is a certain amount of agreement between
this graph and results plotted in Ladefoged P. (1967) and
Lieberman P, (1959) from readings taken from live human subjects.
Thus given an accurate indication of E, together with £, values
of Q can be obtained. The numerical accuracy of the results is a
little doubtful as the various models and practical experiments
predict different scales on the axes on this graph. However this
is probably not critical as the absolute values are unnecessary

in the context of the design of a teaching machine. Relative

03

values are gquite sufficient.
This method of obtaining 9 seems to be the only one available

]

and so measurement of B i1s of primary importance.
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5. The measurement method decided upon

5.1 Introduction

After due consideration of the principles outlined in the
previous section it was decided to attempt to obtain g by a
method related to, but nod necessarily directly related to, the
measurement of the closed/total ratio of the sub-glottal pressure
waveform.

This approach does have one very basic disadvantage in that
an output is only obtained during periods of voicing so
" valuable information concerning consonants is lost.

As described in the previous section the methods of ob£ain-
ing the pressure waveform are unsuitable for use in a teaching
aid. There are, however, other ways of obtaining a measure of
the vibration of the cords. These other methods must obviously
give waveforms vwhich are different to that of the pressure wave
but it is thought that the required information should still be
present in all the foilgwing measurements. This point will be
discussed at length once the most practical technique has been
chosen.

There are three methods available for obtaining a glottal
waveform.

1. Optics - giving an oven area function

2. Ultrasonics - provortion of cords in mutual contact

=

3. Elecirical conductance - vroportion of cords in mutual
contact,
The cptical method of monitoring vocal cord movement is by
actually viewing the folds while they vibrate. This has gener-

ally been achieved by fixing a small mirror at the back of the
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mouth and filming via this. Unfortunately this makes normal
speech impossible. A better method (see Lindgvist J. (1969))
uses an optic fibre inserted via the nose. Under these condit-
ions normal speech is quite possible but this method is not
suitable for the continuous on line monitoring that is required
for a teaching aid for the deaf.

A literature survey revealed one report ( Hamlet S.L. et al
(1972)) of using the transmission of ultra-sound through the
larynx to obtain an indication of the degree of vocal fold

"contact. This szems to have considerable problems due to
critical transducer vlacement and erratic inter-personal
differences in the results obtained.

One can use a device called a'Laryngograpn' (Fourcin A.J. et
al (1969)) to measure the electrical conductivity across the
larynx. This is said to give an output that indicates the
degree of vocal fold contact. This has several practical points
in its favour: it does not use a microphone and so is virtually
independent of the upper tract shape (but not completely due to
the slight loading effect of the upper tract on the vocal cords)
and it is quite free of background noise interference and can

o]

only be stimulated by speech. In fact the output is very clean

Q

and free from artefacts. It is also a fairly sinmple devicesj it

is easy to operate and it is claimed that the positioning of the
For these reasons it was decided to attempt to obtain a
signal correswonding to P from a L.aryngograph waveforns. (The
Laryngocravh was suvplied by Dr. A.J. Fourcin of the Devartment

0of Phonetics and Linguistics, University College London,)

L1



5.2 The Laryngograph

Fig, 12 shows the operation of the Laryngograph. The oscillator
generates a 1 MHz signal and is a voltage source. It feeds into
the neck which can be regarded as a resistance network, as
shown in fig 13. In this figure}%bal+. are contact resistances
between electrodes and skin, and Rﬂzare the resistances across
the skin surface and Ry,are the desired resistances through the
neck. As can be seen the resistance across the neck 1s embecded
in a network of unknown resistances.

An attemvt was made to analyseisimple circuit wmodel to find
how dependent the output (ie. the current flowing through the
Laryngograph input) is on the various resistances, see Appendix
IT. However the form was found to be too complex for analysis.

Avpendix II also contains an account of a direct implement-
ation of this circuit. It is shown that this simple circuit
model must be improved in order to account for the physiology of
the situation. Thus a great deal more work would have to be put
into this modelling in order to get a useful result.

This was not thought necessary as the Laryngograph has a

132
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lower frequency cut-off a
effects of changes that happen below about 10 Hz. Spurious

resistance changes due to pressure on the electrodes and sweat-

o
-

ing are all at requency below 10 Hz. Thus the output will

show only thne variation in im:

g

l

edance caused by glottal oscillat-

ion, as desired.

Ui

1

rl oD

b

Due to its unconventional nature a short descriotion of T

(

o]

box in figlz tabelled A.G.C. is necesszary. Tre signal antering

o - (&2 -

{
I3

o

this box is a large carrier signal with a very small amount of

amplitude modulation. In order to amplify this signal be
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extracting the audio component the majority of the carrier is
sliced off. The feedback from the delector provides a D.C. level
below which no signal will pass the A.G.C. circuit. This is

demonstrated in fig 1k,

Thus the relative amplitﬁde of the low frequency to the high
frequency has been increased. Without this, amplification would
cause very large carrier voltages before the required signal was
of reasonable size. So this is not an A.G.C. in the normal sense
and one can demonstrate that the overall circuit acts linearly,
‘ie. that doubling the variation of the input current will cause
twice the variation in the output. ¥Fig 15 shows a circuiﬁ‘to
test this and the results that were obtained.

The signal that the Laryngograph produces during speech is
typically like that showm in fig 16. Comparing this with fig 2
revealé the waveform to be approximately the sane shape as the
glottal volumue velocity but 180°out of phase; The flattened

portions of fig 14 represent the open period.

5.3 Discussiocn of the Laryngograph waveform

A simple model was provosed for predicting the relationship
between the volume velocity and the Laryngograph wavefora (Lx).
This model was built uvon Flanagan and Landgraf's vocal cord
vibration model (Flanaran J.E. et al (1968)) with the aim of
obtaining reasonable impedance predictions.

1

nad one flat-faced mass vibrating at a distance

Their model

0]

v

% zbove a fixed baszs

i

, as shown in fig 17(a). If one considers a

conductance measurement across this, a relationship like that in
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fig 17(b) is obtained.

The simplest improvement to this is to add a conductance that

is proportional to _1 (where C is a constant to prevent the

x+C
conductance from hecoming infinite when x falls to zero) between
the vibrating piston and its fixed base. Also one must add a
constant series conductance (S, ) to account for the resistance
of the non-vibrating outer tissue of the throat, and a conduct-
ance (5;) that is switched in on contact of the cords. This
gives a model as in fig 18(a), with a conductance function as in
 fig 18(v).

This cannot be considered realistic due to the discontinuity
caused by the instantaneous cord contact. To overcome this Sg
must also be taken as being x dependent (and so it is placed in
parallel with S,). A reasonable function for S;1s that shown in
fig 19(a) and this gives a total conductance function as that
shown in fig 19(b). Proceeding with this as a hypothetical
transfer function between the two waveforms, it is necessary to
determine first the relationshin betwsen x and the volune
velocity, and secondly the relationship between the mark/space
ratio of the conductance waveform and the closed/total ratio of
the volume velocity waveform. Having done this the function
drawn in fig 10 can bevused to predict a relationshiv between
the mark/space ratio of the Laryngograph waveform and the sub-
glottal opressure.

Before doing this it is convenient to define the = rk/space
ratio of waveforms of this shape as being the ratio of the time

-

hat spent below it. This level, by

ct

spent above a set level to

observation of the waveforms, would be at about 10% of their

Ll
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height. It is shown a little later that this value is non-
critical.

The detailed shape of the volume velocity waveform at the
glottis is depencent on the loading effect of the upper tract,
so0 it cannot be determined unless all the characteristics of the
upper tract are known. In the present study, however, the only
parameter of interest is the mark/space ratio. As defined above
this is concerned only with the points of opening and closure
of the glottis. As flow cannot occur when the open area is zero
‘the mark/space of the volume velocity must be the same as the
mark/space of xXx. This is confirmed by the results of Ishizaka
et al (1972) and Lindqvist J. (1970).

Consider the waveforms shown in fig 20. In this a L,(conduct-
ance) waveform and a volume velocity waveform (v) are drawn and
various periods of time are indicated.

t, is the space periocd of v

t,is the space period of S

T is the total period.

From the diagram it is evident that:

mark/space of v = T-t,
mark/space of S = (-t

and T= t, + ta+ D+ Do,

Therefore, mark/space of v = U-%,

L

T-T + tat( D+
‘?.("tz'“ (A;"'L}l

i

A
)

1

(t2+A»+ Ai)
T~ (t,+ 4, +A,)

This is of the sase form as the inverse of the mark/space of S.

L5



1T (4 + 4),)
predictable,

insufficient

could be assumed to be constant,
the similarity would be very considerable.

knowledge about these waveforms means that

or in any way
However

these

assumptions cannot be made, so one can go no further towards

predicting the relationship between the conductance waveform and

the volume wvelocity.

Having reached this theoretical dead end
empirical data was sought. This appeared in
experiments performed at University College

- the Laryngograph was being tested. The data

some additional

the form of some

London while the

consists of four

sets of waveforms, each set containing a Laryngograph waveform

and an area waveform. (The area waveforms were obtained by high
speed cinematography of the vocal cords.) An example set 1s
reproduced in fig 21. From these waveforms graphs of 5 vs. A
were drawn. An example of one of these is shown in fig 22. The
other three sets of data produced similar graphs. As can be seen
the relationship is not a single line as predicted, see fig
19(b), but a loop instead. This implies a phase difference
between the two waveforns.
This unpredicted phase difference between the conductance
measure and the open arsa of the cords is probably due to the

trolling! vertical component of the motion of the vocal cords

=
o

as described in vendix I. The simple mechanical model that was

¥

jon

used to predict this relationship considered only horizontal

motion of the cords, and so was inadequate in this respoct.

The most relevant items of information contained in this data

are the values of the Laryngograph waveform at the moments of

opening anc closure of the glottis, ie. when the area function
X g £ 3

(=

is “ust increasing from zero and just returning to zero.
J o o [
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At the opening

point the Laryngograph output is always
between 0.6 and 1.0 on this arbitrary scale and the closure
occurs at, or very shortly before, the maximum of the Laryngo-
graph waveform.

Thus the mark/space ratio of the area (and so the volunme
velocity) should be obtained by defining a different mark/space
for the Laryngograph based on the above criteria ie. as defined

in fig. 23.

5.4 The circuitry: imvlenentation of objectives

5.4.1 The chopping circuit

A circuit was designed and bdbuilt to square-up the Laryngo-
graph waveform. This is designed to chop the input at two
independent levels, so providing the sort of hystergsis
described in the previous section. Both levels are pre-settable
proportions of the total amplitude of the waveform. The upper
threshold level is set very near the maxinmum amplitude and the
lower level is set at about 30% above the minimum. The lower
level is not quite as proposed in the previous section as it is
relative to the maximum anplitude and not a constant voltare.

4.

Yowever the constant voltage technique is not posszible in

{

[G2s1

practice, as the Laryngograph will give considerably different

signals from different npeople, and from different

iy

ampltudes o

electrode positions on the same person. 1t was decided that a

QO

F

compromnise must be made and a relative amplitude was chosen.

ive was to minimise the time

ot

An important desirsn objec

¢}

.

constant of the overall prog caching ald as a large time

o]
"3
o]
o]
O
0
[¢]
[o%
o+
0]
Q
¢]
g
}_J
]

constant implies a large delay btetween a signal change at the
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input due to an articulatory event and the corresvonding outout,
The longer the time delay the less effective the machine will be
at performing its designed function.

The circuit of the chopper is shown in fig 24 and the
associated waveforms are shown in fig 25.

There follows a brief descrivtion of its operation. Transis-
tors T, and T, give amplification - gain varied by B - and
filtering. The high vass cut-off is at 10 Hz and the low vass
cut-off is at 1 kHz, both are single order. Thus the input to Ty
“is a large signal, several volts from peak to peak. The sole
function of Tyis to adjust the quiescent voltage at this point
so as to minimise the offsets in the following circuits.

The voltage across C and C, follow the positive and nerative
peak voltages almost exactly; the voltage across D, and I, being
compensated for by ICI with its associated diode feasdback
circuit.

There are two time constants involved in this peak-vicking
circuit: rise and fall. The rising tinme constant is limited
mainly by the output impedance of the operational amplifier and
‘is less than 1 ms. The fall time constant was minimised to a
value of LO ms. Any less than this would have made the riople
voltage across the capacitors unacceptably high.

The two comparators IC2 and IC3 produce two different squared
waveforms., These are combined by the logic and ICL returnse the
signal voltage to a full 30 volts swing.

This circuit has been tested with sine and square waves and
it works well over the range of inout voltages and frequencics

that are likely to be encountered in operation.
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5.4.2 Circuit to calculate marlk/svace ratio

The standard method of obtaining a signal that is
proportional to the mark/space ratio of a squared signal is by
an R.,C. integrating circuit. This simple method was rejected
because of the need to keep the time constant of the device as
low as possible. Instead a fairly complex circuit was construct-
ed, a block diagram of which is shown in fig 26. This produces
the mark/svace ratio of the input every two complete cycles of
the input, as shown by the waveforms of fig 27.

Integrator no. 1 measures the length of every positive pulse
and integrator no. 2 measures the length of every other
negative pulse. In this way once every two cycles the positive
time is present at the output of integrator 1 simultaneously
with the negative time being present at the output of integrater
2. The output of integrator 1 is divided by the output of
integrator 2 and the result sampled over the appropriate period
and stored on a capacitor.

The circuit was tested initially with sine and sguare wave :
inputs. The accuracy was found to be within 5% over the
frequency range 80~ 40O Hz, and it is linear over the mark/space
range of 3:1 to 1:3 within the same accuracy.

Due to the large amount of gain in the chopping circuit the
system 1s very sensitive even to low amplitude signals at the
input. During any period of non-voicing the Laryngograph outputs
a low amplitude noise signal. The chopping circuit will tend to
trigger on this so0 causing a highly undesirable random output in
the absence of a real invput signal. Toc prevent this a threshold

7

circuit is included, see fig 26. This operates by shorting the

el
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circuit's output to ground when the height of the positive
signal peaks is below a pre-set level. The time constants
involved in this are the same as those in the peak-picking
circuit and so the time delay on initiation of voicing will be
very short but the delay at the cessation of véicing will be
considerable. This means that at the end of a period of voicing
there is a section of meaningless output.

Examples of some waveforms obtained when testing this circuit
(including the chopping circuit) with a switched sine wave input
"are shown in fig 28: (a) and(b) show how quickly the circuit
attains the correct output and (c¢) and (d) show the effecf of
the time delay on cessation of the input. The results of two
similar tests with the Laryngograph output as input are shown in
fig 29. Upon consideration of these waveforms it was decided
that thespeed of decay at the end of an utterance would have to
be increased at some future date before the device would give an
adequate response. However the more important aspect at this
stage was testing the overall system to see if it fulfills the

objectives set out in section L. This is discussed in section 6.

5.4.3 Pitch determining circuit

Referring to section 4.3.2 and in particular to fig 11, it is
evident that to obtain an output that is related to the vocal
cord tensiocn there are two regquirements: nmeasure of P and a
measure of f, . A measure of fowas also required during the
testing described in section 6.

A circuit was therefore built to calculate f,, It is shown in

fig 30.
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Both halves of the period are taken from the mark/space
calculating circuit and added together so giving the total
period. This then passes through a non-linear network and is
sampled over the appropriate period (the same sampling period as
in the marlk/space circuit). The output from this is a'measure of
f,, which is plotted in fig 31 and is almost linear over the

range 100 -~ 500 Hz. The transient time for this circuit is

identical to that of the mark/spvace calculating circuit.
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6. Testing the effectiveness of the constructed system

6.1 Initial imbressions

The output of the total system consisting of the Laryngograph,
chopper and mark/space measuring circuit was displayed on a
storage oscilloscove using a slow time base (between 1 and 5
seconds per cm.).

Several points were noted during the preliminary setting up
and observation:

1. The output was sensitive to changes of vocal effort

2. The output was independent of upper tract positioning

%, The output was not very sensitive to the setting ofvthe

thresholds in the chopper circuit

L. The output was erratic at low vocal effort

5. The output was sensitive to the position of the electrodes.
The first of these is obviously of most interest as it
represents the desired response. The second and third points
are desirable characteristics of the system , while the last two
imply inadequacies in the method of measurement.

These features are discussed below.

6.2 Testing the oubtput for dependence on sub-glottal pressure

6.2.1 Discussion of methods

In order to perform this test one must have another measure

&)

3
D

{

of ¥, to compare the outovut with. The features of speech that

might cause a variation in output that is un

g

elated to Py are:

0

1. Pitch
2. VYocal tract shape

%, Vocal register ie. chest, mid or falsetto.
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1. and %. are not identical as the same pitch can be produced in
more than one register, see Van den Berg J.W.(1956).

According to Ladefoged P. (1967) F; correlates well with a
subjective loudness judgement, He found that the loudness
judgement was proportional to the 1.9th power of the sub-glottal
pressure (using an arbitrary scale of loudness). Therefore
considerable experimentation was performed to determine whether
the output of the device was dependent only on the subjective
loudness. If it was then the output would be shown to be
~dependent only on the sub-glottal pressure. The results of the

experiments were promising but there did s=sem to be some

3

dependence on the pitch of the vocal input. The pitch dependence
was not quantified as the experimental method was too approxinmate
to allow this.

A more accuratc method for obtaining an alternative measure
of A for comparison was sought. The methods of measurement
zlready discussed in section L.3 were again considered. While

the drawbacks of each method remain unchanged the previous

<+
o
©
51
o
o
0
o
-
®
b

condition that >nt should be made as non-intrusively

o
0
o]

ossible can be relaxed. The subject may accept for a short

experimental period a technique that would be unsuitavle for a

T+ was noted in section 6.1 above that subjectively the out-

put of the device constructed is independent of the positioning

xf'

of the articulators in the uvpper tract. (This is to be sxpected
as Lyitself varies only slightly with articulator position, as

stated in section 5.1) Thus it quite valid to test the device

)}

under conditions such that the tract position is held constant.

u
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with this condition the intensity of the acoustic spoech out-
put may be assumed to be dependent only on Ps. (The justific-
ation for this assumption and a prediction of the degree of
agcuracy that can be expected are to be found in Appendiz III)
An experiment was set up to plot the calculated mark/space

against pitch at several constant sound intensity levels. Fig 32

&

[O]

shows the equipment which was used.

The frequency response of the level measuring equipment -
Truvox microvhone amplifier and Avo ﬁodel 8mkIII on 2.5 V RMS -
‘was measured by plotiting a calibration curve, using borrowed
'B & K' sound level measuring equipment,(this had a flat
response (+ % dB) over the entire speech frequency range) and a
sine wave sound source. The response curve could only be plotted
up to 2 kHz due to the frequency response of the sound source,

however the effect of the response above 2kHz will not be great

he sgpeech wave

Py

ct

due to the small amplitudes of components of
above this frequency. (The speech svectrum decays at about

9 dB/octave above 500 Hz.) The calibration curve is shown in

o+

fig 33%: there is 3 dB/octave decay with a 3 dB attenuation at

wn
G

125 Hz. The effect of this will be to attenuate the fundamental
frequency by about 3 dB but it will have no effect on the
harmonics. The fundamental is generally at least 17 dB below the

Fad

level of the harmonics around the first formant frequency and so

>l

o

*fect on

0]
D

¢

this lower cut-off in the respconse will have 1littl

In order to checlt this some readings were talen using the

'B & K' equipment instead of the Truvox; the difference in the

+
7
0
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At this stage also the frequency response of the marlk/svace
measuring circuitry was tested using a simulated Laryngograph
waveform. Relative to the output at 100 Mz the error at 20C Hz
was 5% and at 500 Hz it was 20%. This shows a larger error than
was found when testing the circuilt with sine and square waves,
however it was not considered excessive at this stage. The test

¢ircuit and test results are shown in fig 3L.

6.2.2 Experimental procedure

The experimental procedure was as follows: the subject sat in
front of the microphone with the sound intensity meter at eye-
level, and was shown how to hold the electrodes and obtain an
output from the Laryngograph. His mouth was positicned over a
fixed wire frame that maintains the jaw and lips at constant
opening and distance from the microphone. The subject was then
asked to practice producing continucus |al (as in bar ) sounds
at constant intensities - displayed by the level meter. This
practice was very important as the task was found by all of the
subjects to be =much harder than expected. Yhen the subject

became reasonadly proficient at verforming this task over as

wide a range of pitch as possihle the experiment itself began.
The subject was asked to produce thresz pitches at esach of

three intensity levels, the vnitches being subjectivaly low,
medium and high {(the actual frequsencies vary both from subject

to subject - due to phyeiolosical inter-personal differences -~

and from low to high intensity). The intensities tc be used were
defined as stevs of 5 dB. 3Subjects userd either -5, 0, +5 4B or

™ 3

0, +5, +10C dB depending on their ability. Zach subject performed

55



"
volts
1'4
0 : -
100 200 ’ 500
Frequency (log. scale)  Hz.
fig. 34(a) frequency response of the marlk/space
measuring circuit, using simulated Laryngogranvh
waveforms.
v
ol
sine- Eg
wave
input v t

-

fig. 34(b) circuit used to generate simulated Lx

waveform used above



the sequence three tines.

The tests were planned in two stages : the first group of
subjects to be normal adult males, to determine the degrese of
consistency obtainable within a group with fairly sinmilar vocal
apparatus; the second group to include females and children, to
determine whether the device was applicable to all, with or

without alteration.

6.2.3 Results of the first stage

In this test results were collected from four normal adult
males, Ay B, C, and D. It was found to be virtually impossidble
to get accurately reveatable results from each subject, and
there was considerable inter-personal variation in the degree of
consistency obtained. Two of the subjects (A and B) managed to
produce sufficiently consistent results to show a definite trend

in the pattern. The other two, however, produced rather more

[62)

random patterns in which the trend so clear in A and B's resultls
could barely be discerned.

Had the assumptions made earlier in this report been upheld
the results would have heen vertical lines as shown in fig 35,

47

demonstrating that the mark/space i1s dependent on the sound

+

itech.

¢

intensity, I, and not the

Lo}

The trend indicated by the results is towards sloping

parallel lines as fig, 36, a set of results from surject B,

4

or some reason the slopz onthese graphs varies consider-

w

o3

shows.

"
I

ably between itests, even with the same subject. It has not been

possible to determine the cause of this.

93]
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Fig, 37 shows a set of results from one of the more erratic
subjects. These avppear significantly different at cach repecat.
Due to the variability in the results it was deciced to

continue just with the four male subjects and to abandon the

second stage of tests.

)

6.2.4L Search for the reasons hehind the erratic results

Each of the four subjects noted that during a set of three
readings talzen at a constant sound intensity (die. along a line
"on the graph of results) their subjective vocal effort reduced

L]

considerably with increasing pitch. This observation is in

[}

contradiction to the conclusion drawn from two relationships
noted earlier. Firstly that the subjective voice effort is
dependent only on E, and secondly that the sound intensity is
also dependent only on F, both relationships having been

obtained from the literature. Thus it seems that one or both

J

of thess results is gquestionable: either subjective voice effort
or sound intensity or b~th is dependent on vpitch as well as on
K.

Subjective voice effort is rather difficult to define.

o]

Tntuitively cne feels that it must relate to the muscular
J

tension forcing air out of the lungs, and it should not be

n
O

dependent on pitch. Thus one is drawn to the conclusion that

<

the sound level intensity is dependent on pitch as well as on

12

Two more experiments were now performed with the same four

subjects to tast the equipment with the above thoughts in

s
]
0]

mind.
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Both tests involved asking the subject to say lal at a
constant subjective effort and to smcothly vary the pitch over
their vocal range. Otherwise the experimental set up was the
same as before (except that the sound intensity meter was
disconnected so that the subject's vocal effort was controlled
purely subjectively).

The first test was to determine whether intensity does
increase with increasing opitch, at constant subjective effort.
In order to do this it was necessary to be able to record
loudness levels on the x-y plotter. The signal at the output of
the Truvox amvlifier was rectified and smoothed to provide an
indication of mean amplitude.

The frequency response of the network used was quite flat
over the whole speech spectrum, it was tested with both sine
waves and speech using the Avo indicatlion for comparison.

In this first test sound intensity was plotted against pitch
for a constant subjective effort. In all cases the sound intens-

ity increases drastically as the pitch incresases. An example 1is

=
0
ot

shown in fig 38 (mo of the plots show sharp decreases in sound

s arrowed in this

[

i

@]

ular frequency which

(et

intensity at one par
example). The sudden dgcrease is thought to be the result of a
sudden change frowm chest to mid voice.

In the second test the subject was asked to perform the sanme
taslk but the recording equipment was returned to its original

state - plotting f,

vs. mark/space. Again vertical lines were
hoped for, and indeed some were obtained, but there was still
excessive variability and a great lack of repeatabi

results. A gravh for each of the four subjects is shown in fig

[
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%9. These lines are closer to being vertical than were the
results shown in figs 36 and 37, however the variability in

them makes it impossible to state that the proposals made in the
previoué sections have been fulfilled.

It is possible that some of the variability between tests has
been due to differing vpositioning of the electrodes. The
Laryngograph waveform was displayed continuously during the
experiments so that the subject could adjust the electrode
positions to those giving the maximum =zignal before each set of
- readings was taken. It is possible that tests were performed
with slight variations in that position and, although the signal
appears subjectivély not to change over a variety of electrode
positions, this may have caused small variations in the signal's
shavpe.

This does not explain the erratic nature of each set of
results. This may be due to the method of using either sound
intensity or subjective effort as a measure of sub-glottal
pressure. Neither of these methods can be relied upon to any
great accuracy. A future objective might be to use a nmore
accurate measure of F, for comparison. A hypoderamic needle
through the tréchea is{the only way to obtain a totally accept-
able measure of Py, and if further work is to be done on the

vroposed aid an experiment using this method is called for.

3

'he fluctuations in the results may also be causad by actual
variations in the vocal effort avplied during each test. A1l
subjects found considerable difficulty in maintaining an even
vocalisation. The basic tasls of producing z long continuous note

at a constant intensity is found very difficult, especially at

4

the extremes of the subject's intensity and pitch ranges. If anj
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experiments of this type are to be performed in future it would
be interesting to include some trained singers in the subjects

to see if they could produce a more controlled vocal effort.
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7. Concluding discussion

In working towards the aim of producing a new type of
articulation aid for the deaf the follcwing objectives have been
achieved:

1. A novel approach to the solution of the problem was found
as a result of constructing simplified flow chart models of
speech productibn. This solution involved the display of
physiological parameters as feedback information to the subject.

2. A list of the basic parameters that were thought to be
~important was drawn up and the two most important were selected
for initial study; these were the sub-glottal pressure and vocal
cord tensicn.

3. Methods of uecasuring these parazneters were studled and one
vossible method was chosen; this was thought to be the method
most likely to produce usable results allowing for the condition
that the apparatus would have to be acceptable to the user.
This method involved the measurement of the mark to space ratio
of the Laryngogravh waveform.

L. Investigations were carried out to try and determine the
relationship between the Laryngograph output, the glottal areca
waveform and an electr;cal resistance model of the neck as these
could have given a considerable theoretical basis to the
proposed method of =easuring Py and Q. However these investig-
ations could not be drawn to a satisfactory conclusion.

5. Equipment was designed and built to implement the first
stage of the proposed method, the aim being to obtain a signal

that was devperdent solely on Py .

Q.

6. Methods of testing this equivment were proposed an
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enacted, and the results recorded. No totally satisfactory
explanation can be given for the erratic naturec of the results
obtained, though several possibilities are mentioned and some
suggestions are made for other experiments to clarify the matter.

Further investigation in the field of fundamental speech
research is obviously necessary as this work has highlighted the
lack of knowledée concerning the vocal cord oscillating systen.
It is felt that the Laryngograph waveform in particular should
be fully investigated as this device has the major advantage of
"providing a simple and easy to use method of observing the
glottal vibraticn during free speech. If suitable research
(either analytical or empirical) could produce useful data oh
the relationships between this waveform and parameters such as
P s Q, volume velocity, effective vibrating mass, open glottal
area, and area of mutual glottal contact then this device could
become a very useful tool for ressarch into the mechanisns of
speech. In the present state of ignorance it can only be used as
an easy method of displaying pitch.

More generally it is felt that mathematical modelg, such as
that of Titze, could produce valuable informaticn on the modes
of vibration of the vocal cords and their dependence upon the
variousg physiological parameters.

As a final comment on the work described in this thesis I

4

must point out that the inc

O

nclusiveness of these findings in no

way invalidates the assertion that in order to teach a deaf

oF

person to articulate in a varticular manner one should disnlay

physiological parameters as feedback information.
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APPENDIX I Anatomical Details

The following is an abbreviated description of the anétomy of
the larynx, derived from the relevant pvages of Ballantyne J. et
al (1971), Lindgvist J. (1969) and Follingshead V.H. (1968).

Tn the larynx there are three paired muscular structures that
can be brought £ogether to block air flow. In descending order
these are

1. the aryepiglottic folds

2. the false vocal folds.

3. the true vocal cords.

The aryiepiglottic folds are situated at the entrance to the
larynx, and are approximately vertical. The major use of these
is to prevent material such as food entering the lungs. This

protective closure is performed by the aryepiglottic muscles in

i
’..J.

conjunction with the Qb que arytenoid muscles and the thyro-
epiglottic muscles.

The false vocal cords are.positioned just above the true
vocal cords, in the horizontal plane. They do not normally
project into the air strean. They are used to prevent air flow
out of the lungs when sneezing and cocughing.

The true vocal cords consist of the vocalis muscle {pair)
stretched between the cricoid and thyroid cartilages. Both of
these cartilages can be moved by a combination of various
muscles. Tig Ii is taken talzen from Fatika Y. (1974) and is a
schematic diagram showing the basic mechanics of the glottal
system, but it is a sinplified model, missing out several

muscle groups which might have some part to play in tensioning

©
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the cords. It must be stated that it is still not clear exactly
which combinations of muscle actions are used during speech,
however i1t seems from the literature that the major contributor
to the tensioning of the cords is the cricothyroid muscle, aided
by the vocalis and thyro-arytenoid . muscles.

There are two theories concerning the vibration of the cords;
the neuromuscular and the aerodynamic theories.

The neuromuscular, clonie theory proposes that each cycle of
vibration of the cords is due to a separate contraction in the
-nuscle, ie. at a pitch of 100 Hz the glottal muscles are
undergoing a contraction every 10 ms. Yowever, electromyographic
data has failed to confirm this.

The generally accepted aerodynanmic or tonic thecory proposes
that the tension in the muscles is continuous, not pulsating,
and that the vibration is actually caused by the passage of the
alir through the constriction of the cords.

A cross-section through the vocal cords shows them to be
shaped approximately as in fig Iii, gently curving lower
surfaces and flat upper surfaces. Thus as alr pressure balow
them (the sub-glottal pressure) is increased they tend to peel
apart. (If the shape was reversed then pressure below would
tend to force them topgether.) Having parted, air flows between
the cords and thus out of the lungs. This causes a drop in
pressure below the cords and also a negative pressure besiween
them due to the Bernoulli effect. These two effects combine to
cause the cords to shut again, the sub-glottal pressure then
rising to comvlete the cycle. Migh svzesd cinematography has

shown that the vocal folds execute a movement in which the cord
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margins are rolled cutwards and upwards. The lower parts of

their opposed margins separate before the upper parts. Thus the

la

cord movement has a vertical as well as a horizontal component.

The pitch-frequency of the vibration of the cords—depends
on:

1. the tension of the vibrating matter. This is governed by
the vocalis muscle and the stretching effect of the cricothyroid
and others.

2. the length of the vibrating matter. This again is governed
"by the stretching effect of the cricothyroid muscle and others.

%, the cross-sectional shave of the vibrating matter (as in
fig Iii). This changes from broad and thick to narrow and thin
at high frequencies. The alteration of contour of the cord
marcgins is a basic feature of the three different vocal
registers (chest, mid and falsetto) and is performed by the
thyro-arytenoids. In chest voice a large amount of the tissue
around the cords vibrates and the lateral displacement is
sufficient to fully shut off the air flcw for a portion of the
period. Mid voice involves a smaller amount of tissue vibrating
a smaller distance, and falsetto is characterised by the air
flow being never cut off and just the very edge of the cords
vibrating with the cords being brought together to form a small
oval window.

I, the sub-glottal pressure. The role of the relevant sets of
muscles in the control of sub-glottal nressure is shoynin fig
Tiii (from Ladefoged P. (1967) p. 12).

In section L.2 of this report I have made the assumption that

the effects of 1, 2 and 3 can be combined into a general
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fig. Iii The vocal cords in a closed position
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paraneter which I have called 'vocal cord tension' (this is also
surgested in Ladefoged P. (1967) ». 49 ) that can be visualised
as a descrition of the overall physiological stress in the

larynx.



APPENDIX II The resistance model of the neck

As stated in section 5.2 an analysis of fig 13 was desired
in order to determine the sensitivity of the Laryngograph to
changes in contact, surface and neck resistances. In order to
sinplify the analysis, all contact resistances, surface
resistances andineck resistances were assumed equal. This will
inevitably reduce the usefulness of the result, but as can be
seen from fig IIi the problem remains gquite complicated.

It was desired to plot the relationships between i, and each
of the resistances. In order that these results should be
meaningful some realistic values for the resistances had to be
found. The input resistance of the Laryngograph was calculated
to be about 10.. There are in practice only two measurements
that can be made to determine values for the others. One is a
surface resistence measurement using one twin electrode, the
other is a through resistance between the two electrodes. The
measurenment circuits are shown in fig IIii.

The measured value of resistance was found to vary consider-
ably in both cases, depending on the force with which the
electrodes were pressed against the skin. This introduces an
interpretation problem: should all of this pressure-dependent
variation be attributed to contact resistance variation, or does
the bulk of the neck tissue vary in resistance when compressed?
It was decided to consider both possible extremes, ie. first
taking the variation as being due to contact resistance, and
then taking the whole variation as a bullt resistance change.

For the resistance measurement the follcwing resultis were
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obtained:

surface resistance through resistance

low pressure 30050 250 52
medium pressure 180 .n 2L0 2
high pressure 120 n 160 .a

Two models were then constructed using the two principles out-
lined above. Both could account approxzimately for these results.
They are shown in fig ITiii. The graph, fig IIiv, shows the
degree of dependence on the change in the various resistances,
‘taken in vairs for convenience, for the circuit shown in
fig IIiii(a). As expected the resistors along the tov of the
circuit shown in fig 13 (Ry;, Reys Reg) have much greater effect
on the output than does the lower resistor chain. These results
were not obtained by solving the matrix equation stated in
fig IIi but by taking measurements from a real implementation
of the circuit. It can be seen from fig IIiv that although the
effect of varying Ry 1s the greatest, the effects of varying the
contact and surface resistances are considerable.

The circuit shown in fig IIiii(b) is obviously much sinpler
and the output current will be almost entirely dependent on Ry.
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APPENDIX IIT Justification of using sound intensity _as a measure

of P, with one stivulated procedural constraint.

This problem can be approached from two different directions,

1. theoretical provositions/models

2. experimental results obtained from the literature.
An electrical model of the vocal tract can be drawn, see fig
IIIi, this is the model used in Flanagan J.L. (1968). The
equations for Rg and Lg come also from the simulation in IREE
’ASSP-ZB (1975) with support from Van den Berg J.W. (1957) in
which measurements were taken on excised human larynxes. (These
measurcmnents were taken when the larynxes were not vibdrating,
however Ishisalka and Flanagan (1972) o. 1239, suggest that
these results hold for vibrating cords also, because of the high
velocity of glottal flow - compared with the vocal cord velocity
- and the small dimensions of the glottis comparecd with the
wavelensths of the sounds of interest.)

If one states the condition that the articulators are
stationary and assumes that all the L's and C's in the model can
be considered as linear components, then E;XE% and thus 1if the

radiation resistance from the mouth, 2 is constant then

m?

—

LCDCVg

Unfortunately an equation cannot be derived from this model to

o}

relate v, to P due to a surplus of unknowns. Experimental data
9 S k

between vy and B , and so one can predict that
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The relationship between T and E 1s also plotted experimentally
in these two references. The graphs are reproduced in figs ITITid
and iii. Both of these indicate that Lec R: where n lies between
1.6 and 2. The reason for the difference between this result and
the one predicted seems to be the assumption that i,a:§h. Van

den Berg plots this relationship also and produces the unexpect-
ed result that E.a:v . He offers no explaination for this but it
does make the predicted relationship agree with the measured one.

The error-deviation from the straight line prediction in

" Ladefoged's results is quite small. Most points are within 1 dB

and 1 cm of water of the straight line. Van der Berg's results

+

show a greater variability, but this is perhaps to be expected
as his work was performed at an earlier date when the standard

of instrumentation was vprobably lower.
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