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THE ROLE OF BONE-CONDUCTION IN

DELAYED AUDITORY FEEDBACK
CHAPTER I
INTRODUCTION

The sensory systems provide the human body with information
concerning its external and internal environment. Light patterns pro-
jected upon the retina assist us in making the decision whether or not
to cross the street. The sound waves from an automebile horn, im-
pinging upon the tympanic membrane, may be the warning of imminent dan-
ger. In addition to many externally originating stimuli, the organism
receives sensory information from within itself. When an individual
speaks, for example, he receives several kinds of monitoring informa-
tion on the progress of his speech, e.g., auditory, kinesthetic, and
cutaneous. This autostimulation is used to coordinate the muscular
activity necessary to ensure the correct formation of the desired speech
sounds. Afferentnnerve impulses that result from self-stimulation are
known as sensory feedback.

For decades, experimenters have been using spatially displaced
sensory signals in an attempt to gain a better understanding of percep-
tion and perceptual-motor integration. However, the use of the dis-

placed signals has been limited to techniques of reversals, inversions
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or distortions as in the case of visual signals. The advent of the mag-
netic tape recorder made the temporal displacement of visual and audi-
tory signals possible. That is, it became possible to delay the self-
stimulation or feedback that results from the performance of a motor act.
When the intact sensory system is confronted with feedback information
that is temporally displaced from the actual event, it becomas confused
and the synchrony of the movement is lost.

The phenomenon of delayed sensory feedback, while probably ob-
served many generations ago, has been studied systematically in the
laboratory only for some twenty-five years. The effects of delayed vis-
ual feedback were first recognized as a human engineering problem during
World War II when it was found that tracking accuracy was reduced when a
power-assist device was incorporated into the steering system of a gun
turret. The loss of accuracy was traced to the fact that the "power
steering™ unit caused a time lag between the time the turret control wac
activated and the time the turret actually began to turn. Delayed vis-
ual feedback experiments soor led to investigations of the effects of
temporal delay in other sensory modalities.

The delayed auditory feedback (DAF) phenomenon was first de-
scribed by Lee in 1950 (35). Since that time it has been studied in de-
tail to determine its relevant parameters. In brief, if onpe's voice is
returned to his ear delayed by a fraction of a secend, he will prolong
his words, increase his vocal intensity, raise his fundamental vocal
frequency, make articulatory errors, show a tendency to repeat certain
sounds in a stuttering-like manner, and finally he will show the effects

of emotional disturbances, e.g., reddening cf the face, changes in skin
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Speech auditory feedback is generally delayed by means of a mag-
netic tape recorder. The individual speaks into a microphone. The sound
waves are transduced by the microphone into electrical impulses which are
fed to the recording head where they are placed on the magnetic tape.

Ad jacent to the recording head is the playback head which picks up the
magnetic impulses from the tape and delivers them to a loudspeaker or
earphone where they are transduced back to sound waves and delivered to
the individual's ear. The amount of delay is determined by the speed of
the magnetic tape and the distance between the recording and playback
heads.

It was soon discovered by Tiffany and Hanley (gg) that normal-
hearing subjects could not voluntarily overcome the effects of DAF when
ipstructed to simulate a hearing loss. Several ipvestigators (_ﬁ, 28,
gg) looked to DAF audiometry as a technique for detecting auditory ma-
lingering. The optimistic picture became clouded by the fact that there
were wide differences among the responses of normal sub jects.

In 1959, Chase et al. (13) utilized keytapping instead of
speech to produce DAF of clicks and Ruhm and Cooper (44, 45, 46, 47) have
investigated pure-tone DAF phenomena. The disruption of performance was
analogous to that observed with speech DAF in that the key was pressed
harder (measured intensity of motor act), held down longer (prolonged),
and more taps were given than called for (repeated). There has been,
however, a surprising lack of normative data concerning the variability
of normal-hearing sub jects on a keytapping task.

The literature yields only a few studies that deal with thé

otologically abnormal individual's reaction to DAF, and thesse mostly to

the speech DAF task. Elliott (19) reports that her perceptively hard-
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of~-hearing subjects tend to demonstrate more breakdown on a DAF task than
do normal subjects. Harford and Jerger (31) report differences between
otologically normal subjects and both conductively and perceptively-deaf-
ened hard-of hearing subjects. Gronas et al. (27) also indicate that
normal-hearing persons differ from persons with a conductive hearing loss
on a speech DAF task.

Gronas et al. and Harford and Jerger both report that otoscler-
otic subjects show more breakdown on a speech DAF task than do normal
subjects., Neither study offers a tenable reason for this finding.

An important factor that has been overlocked in these preceding
investigations of speech feedback in relation to otologically abnormal
subjects is the occlusion effect. It is known that some type of hear-
ing lasses do not demonstrate the enhancement of bone-conduction thres-
holds at frequencies below 1 kHz when the ears are occluded with ear-
phones whereas normal-hearing subjects da.

The purpose of this paper, therefore, is to determine whether
or not the presence of the occlusion effect is a relevant variable in
both speech and pure-tone DAF tasks and whether a plausible explanation
for the results reported by Harford and Jerger and Gronas et al. can be
found.

The following chapters contain a review of the pertinent 1lit-
erature on DAF, a discussion of the present experiment and test proce-
dures, the presentation and discussion of the results of this experi-

ment, and the implications of the findings.



CHAPTER II

REVIEW OF THE LITERATURE

Introduction

Sensory feedback is made up of afferent neural impulses that
originate as a result of the functioning of an organism. These impulses
inform the organism of how well or how poorly it accomplished an action
or bodily function. All feedback information does not reach the level
of consciousness. Vestibular impulses, for example, rarely reach con-
sciousness, yet they inform the human body as to its position and loca-
tion relative to gravity. An example of sensory feedback that does
reach the level of consciousness is auditory feedback. When one speaks,
his vocal output is monitored by the auditory system. After analysis by
higher neurological centers, the information is utilized by the efferent
system which sends commands to the vocal mechanism where vocal output
may be modified. Kinesthetic and cutaneous feedback from the vocal
mechanism also serve the same purpose but they are substantially less
effective than the auditory feedback (39).

When a sensory system of an organism is confronted with feed-
back information that is temporally displaced from an actual event, the
grganism can become confused. Fortunately, delayed sensory feedback does
not occur often in our environment. It doces occur enough, however, to
justify its study. Probably the most common example of natural delayed

5
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sensory feedback is the echo produced by the reflection of one's voice
from a suitable surface some distance away. When an echo follows vocali-
zation too closely, as in the case of a lecturer or vocalist in a re-
verberant hall, confusion on the part of the speaker may result.

Lee (§§) is credited with the first report on DAF. Since that
time this auditory phenomenon has been studied in considerable detail.
The remainder of this chapter reviews the pertinent literature on audi-

tory feedback using both speech and non-speech signals.,

Speech Auditory Feedback

Method of Production

When one speaks, his voice is returned or fed back to him via
two main pathways. One is the air-conduction route, and the other is
the bone-conduction route. Although there is a slight time-lag between
vocalization and perception of the air-conducted sound (1 msec) and bone-
conducted sound (0.15 msec) (40), both routes of feedback may be consid-
ered to be synchronous. Synchronous feedback from the vocal mechanism
is also present in the form of kinesthetic and cutaneous impulses but
they are less important than the synchronous auditory feedback (SAF)
(39). Speech feedback is produced in the laboratory usually by means of
a magnetic tape recorder. The speech signal activity is recorded on tape
and played back to the subject's ears almost immediately. The amount of
delay is determined by the distance between the record and playback heads
of the tape recorder and the speed of the magnetic tape. Fairbanks and
Jaeger (22) published instructions for converting a conventional tape re-
corder intoc a DAF-producing dsvicse.

fMuch of the early literature on speech DAF concerns itself with
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the influence upon the magnitude of speech disturbance of two independent
variables., These variables are the intensity of the feedback and the

delay time. A brief description of these general effects follous.

Independent Variables

Delay time. Lee's original experiment (gg) on DAf consisted of
an investigation of the effect of different delay times on a spesech task
(the repetition of the speech sound /bu-bu-bu/). He observed that as the
delay time was lengthened from 100 msec to 300 msec, the disturbances of
the subject's speech patterns were increased. Black (4) and Fairbanks
(Zl) reported that 180 msec is the optimum delay time for maximal speech
disturbance. However, Butler and Galloway (7) and Spilka (50) reported
that delay times of 85 to 340 msec are not significantly different from
one another.

Intensity of presentation. The intensity level at which DAF is

presented affects the amount and degree of speech disruption. Several
investigators (7, 8, 31) seem in agreement that the degree of breakdouwn
on a speech DAF task increases linearly with increasing intensity.

The absolute amounts of speech disruption or breakdown that oc-
curs at a certain sensation level vary from investigator to investigator.
This variation, in part, is due to the various reference levels that are
employed. Some investigators (28, 31, 53) have used the subject's speech
reception threshold (SRT) as the reference for their sensation levels.
Butler and Galloway (7, 8) and Gronas et al. (27) have used speech de-
tection threshold (SDT) for normal listeners for their reference point.
Although the SRT and SDT have been the most popular reference levels for

DAF experimentation, a variety of other reference levels have been used
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Dependent Variables

Duration of phonation. The degree of speech disruption, often

called breakdown, in early DAF investigations was measured by the length
of the reading time under no auditory feedback (NAF) or SAF compared to
the reading time under DAF (4, 28, 51).

Another way to analyze the effect aof DAF on reading time is to
determine the percentage of phonation time and the average syllable dura-
tion time during the reading. Spilka (51) and Fairbanks (21) both re-
ported that the percentage of phonation time and syllable duration both
increase under DAF as compared to SAFf.

Most of the speech materials used in DAF investigations possess
various faults. Some have unstructured content, variable intensity
levels within a passage and the need for a certain dogree of reading pro-
ficiency while others demand specific knowledge of the material. To
overcome these faults, Butler and Galloway (l) used as their speech stim-
uli the recitation of five pairs of flashing numbers presented at a rate
of 2 per second. Their rationale was that the flashing numbers require
minimal reading proficiency and carry with them no context on which the
sub ject can concentrate. In addition, they say:

In our experience with both types of visual presenta-
tions, i.s., written paragraph and flashing numbers, the latter
technique appears to create a more compelling task which serves
to maintain a higher degree of motivation. By motivating sub-
jects to perform at their highest level of proficiency, it is
?2?uggg)?hat greater stability of results can be obtained

The use of flashing numbers required another scoring method

which is analogous to the determination of the reading time under SAF and
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DAF. A presentation of from 40 to B0 pairs of numbers is delivered to

the subject under an NAF or SAF condition, and the number of correctly re-
peated numbers is recorded. Then, the same or another randomized se-
quence of flashing numbers is presented under DAF. The corraect respon-
ses are again tallied. The difference between the correct responses under
NAF/SAF and DAF conditions is taken as the error score. It will usually
be found that fewer numbers are repeated undaer the DAF caonditions. Since
the flashing numbers were presented at the same rate far each feedback
condition, an increased error score is analoqous to the increased reading
time of a certain passage. Flashing numbers have been used by Rutler and
Galloway (7, 8), Harford and Jerger (31), and Gronas et al. (27).

Intensity of vocal output., In an attempt to overcome the con-

fusion precipitated by DAF, the subject usually raises the intensity of
his voice. There seems to be some disaqreement, however, as to uhether
or not there is a critical delay time that produces a maximum of vocal
output. Black (4) and Atkinson (2), using delay intervals aof from 30

to 300 msec and fFairbanks (g;), using delay intervals of from 100 to 800
msec noted a plateauing of vocal output for delays of about 200 msec and
more. Spilka (§l) used delay times ranging from 94 msec to 375 msec,
but he failed to show the plateau function of vocal output intensity.

He did find, however, that there was increased vocal output under all
DAF conditions.

Articulation errors. Fairbanks (21) and Fairbanks and Guttman

(gg) have systematicelly analyzed the kinds of articulatory errors made
under various delay times. In general they found that maximal articula-
tory disturbances (substitutions, omissions, distortions and additions)

occurred when the delay is about 200 msec. It is interesting to note
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that while articulatory errors (syllable errors) were numerous, word
errors were considerably fewer under DAF. In 1959 Chase at al. (13), in
a similar analysis of orticulatory orrors using delays of from 138 to %94
msec, found that their data confirmed, in qunoranl, thoue of Fairbanks and
Guttman. The delay that producad tho maximum numbor of orrors was 244
msoc,

Fundamental vocal frequency. At luast one investigator (21)

has reported that ovne's fundamental vocal frequoncy is raised undor DAF
and seems to reach its highoat value under a dalay of about 200 msec,
Smith (49) reported that since the relation of pitch slevation to delay
is similar to the relation of eleovation of vacal intensity to delay,
vocal frequency is related to the magnitude of vacal output. It iy typi-
cal that an increase in vocal output produces, concurrently, an increased
pitch of tha volcuo,

Adaptation and porsistant after-offocts of DAF.  Thero have

buen a fow studies thalt have oxamined whaether or not subjects adapt to
DAF (2, 3, 30, 54, gg). The general conclusion is that some adaptation
occurs but that it is not complete and can be prevented either by chan-
ging the delay time or the intensity of the DAF, or by the interruption
of the DAF.

The investigations of Tiffany and Hanley (53, 54) and Leith and
Pranko (38) revealed that the effects of DAF do not persist in normal
speech after removal of the DAF for most subjects. Exceptions were found
in that some subjects, in whom breakdown was severe, tended to carry
over speech disturbances after the DAF was removed.

In summary DAF causes the following speech disturbances:

1. An increase in vocal intensity.
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2. A incroauo i

v phanat.ion tima,
J¢  An incruaxg in roading tima,
4. An increase in fundamontol vocal f'requency.

9. An increase in the numbar of articulatory erroro.

Thoorieos of DAF

Sarvomechanism analugies. Luea (36) prosonted a spsoch modol

with which ha attampted to explain tho oftfocts of DAF upon spoech behav-
ior. Ha dascribed a group of four succoessaively smaller loops which have
one paint in common. Tho loops are named, from largest to smullest, tho
thought loop, the word loop, the syllable loop and the articulating or
phaoneme loop. The four loops contain all tho building blocks essential
to the oxpression of a complete thought or sentence. The organism must
ba satisfied with its performance at vach loop before it procoeds to thao
next successively more general loop. If it is not, the ovrqganism stops
and attempts to corrsect the error. Repetition of phonuemes has not bwen
observed on DAF tasks. The syllable loop, syllables being involuntarily
or reflexively produced, is the level at which "artificial stutter" is
produced by DAF. Few entire words are repeated incorrectly (gg) and
santences are never repsated.

Fairbanks (gg) has attempted to interpret the effect of DAF us-
ing a servomechanism analogy. A servomechanism system is one in which a
sample taken at the output of the system is returned or fed back to the
input where it is analyzed and then aids in the control of successive
outputs. The output of the system is speech which is returned to the ear
via bone-conduction and air-conduction pathways. From the ear the in-

formation is integrated in the brain for correctness. If the feedback
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information ig correct, succesding spooch sounds will be produced. If
not, the system trios to correct ituvolf by ropeating the uvpeech vound
until it is correct.

Chase (11) proposed tho recirculation theory to oxplain the DAF
phanomenon,

«oonormal utterance of a word involves succesuive diu-
crute responges "A", "@", and "C", each of which io controlled
in order by the feodback from the preceding unit. Tho completed
word thus combinou the throee units in propor number and order.
Tha offeocts of delayed hoaring...is to cauve recirculation of
cach spooch unit, thus disturbing both the number and ordor of
such units in a spoken word. (From 49, p. 53)

According to Smith (49) the threo proceding servo-system analo-
gios (Lee, Fairbanks, and Chase) aro inadequate to explain the obgserved
offects of DAF. Those analogios do not account for the diverue results
reported in the provious studies. If the simple foedback uystem wore
the only systom operating, one would find a linear relationship botwesn
the deqree of broeakdown and duration of delay. As was pointod out aar-
lier in the chapter, howevor, the effects on speech due to duration of
delay are maximal at about 200 mssec.

Another shortcaoming of these analogies is that they do nout take
into account the infipite degree of coordination required by the various
muscle groups of the abdomen, neck, larynx, jaw, tongque, etc. to produce
smoothly articulated speech. All of the integration systems, operating
at different levels, are not considered in the simple feedback system.
Finally, the preceding analogies fail to recognize the role of kines-
thetic and cutaneous feedback. Concentration upon these synchronous
cues while trying to ignore the DAf may explain the wide variability

found among individuals on DAF tasks.

Neurogeometric theory. Smith (49) put forth another theory for
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the explanation of the effect of DAF upon speech. Afferent nerve impul-

ses originating in postural, transport and manipulative systems of the
body are integrated continuously at various levels in the nervous system.
This feedback is in addition to auditory feedback. Normally the inte-
gration process produces synchrony of all movements that results in free-
ly flowing spesch. When a main feedback channel receives delayed infor-
mation, confusion and asynchrony result. This theory explains the peak
breakdown at 200 msec in that maximal interference between auditory and

other feedback occurs at that delay interval.

Non-Speech Auditory Feedback

Method of Production

The first citation of the effects of a non-spesch DAF signal
was mada by Lee (35) in 1950 when ho reported that a cskilled telenrapher
could not tap a coded moussane whon the signal was returned to his earg
after a brief delay. Also a skilled tympanist was unable to perform a
rhythmic pattern under DAF. Hanley and Tiffany (22) showed that whist-
ling was also disturbed under DAF. In 1955 Kalmus et al. (32) in a de-
tailed analysis of hand-clapping activity reported pattern disruption
when the subjects' claps were returned to their ears after a 250 msec
delay. All of these procedures employed the use of a magnetic tape re-
corder in a configuration similar to that used in delayad speech feed-
tack investigations.

In 1959, Chase st al. (13) used clicks generated by an elec-
tromechanical key as the auditory stimulus in an investigation of non-
vocal DAF. Again, a tape recorder was used to effect the DAF. Chase

t al. (16) later used an electromechanical tapping key in conjunction
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with a pulse gesnerator which produced a square wave pulse. This pulse
was recorded and played back from a tape recorder to the subject.

Ruhm and Cooper in 1962 (44) were the first to employ pure tones
as the non-vocal stimulus in DAF studies. 1In essence, pressure on a
silent electromechanical key initiated a pulse which, through a series
of waveform and pulse generators, activated a conventional electronic
switch. The electronic switch gated an audio signal from either a com-
mercial audiometer or a variable oscillator.

Price and Wever (gg) presented the plans for an apparatus that
could work in conjunction with a standard audiometer to produce DAF for

pure tones.

Variables

The same independent variables that were cited in the review on
speech DAF hold for non-speech DAF. Ruhm and Cooper (45) assessed the
effect of several additional dependent variables peculiar to keytapping
procedures. They observed that (1) DAF effects are not frequency-sensi-
tive (250, 1k, and 8k Hz); (2) short-term practice does not reduce the
disturbing effects of the delay; (3) manual fatigue is of no consequence
on short runs; (4) motivation and educational level may influence the de-
gree of breakdown; (S) males and females are not affected differentially
and (6) foreknowledge of the temporal relationships between the tapping
pattern and the auditory signal has no appreciable effect at 5 dB sensa-
tion level (SL).

The effects of DAF upon a non-vocal tapping task are analogous

to those of delayed speech feedback. On the speech task one finds that

he speaks louder, decreases his reading rate and tends to repeat sounds
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in a stuttering-like manner. DAF produced by a tapping task causes a

subject to press the key harder, increase the time between taps, and add

Theories of the Feedback Process
While there has been little literature concerning the feedback
mechanisms in keytapping procedures, there seems to be some agreement
that the feedback processes are similar for both speech and keytapping
tasks (13, 44). Chase et al. (13) reported:

The similarity of the changes in speech and keytapping
with delayed auditory feedback may indicate that similar mecha-
nisms operate to restore control in widely divergent motor sys-
tems (p. 904).

Ruhm and Cooper (44) in making the point that maximal disturbances on
their keytapping procedure cccurred at a delay of 200 msec noted:

...the results of the present study, in which no speech

was employed, suggest that a parallel -exists between the basic
mechanism of speech DAF and pure-tone DAF (p. 191).

The DAF Phenomenon Used As An Auditory Test

Speech Auditory Feedback

Lee (35), in one of his first reports, suggested that the DAF
phenomenon may be used to detect auditory malingering. Since that time,
numerous investigators have sought to develop an objective auditory test
that utilized DAF. Tiffany and Hanley (53) instructed normal-hearing
subjects to simulate deafness. The subjects were unable to overcome the
effects of DAF. Hanley and Tiffany (22) reported a medico-legal investi-
gation which utilized a DAF test.

Gibbons and Winchester (24) using 70 subjects who were medically
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diagnosed as having unilateral organic hearing loss, presented DAF to the

good ear with the opposite ear masked and vice versa. They report that
DAF has less effect when it is presented to the poorer ear at a compara-
ble SL.

In 1958 Hanley et al. (30) presented DAF to normal listeners
while recording the galvanic skin response of the subjects. They con-
cluded that DAF in conjunction with GSR is a valuable objective auditory
test.

Butler and Galloway (8) reported that because of the large vari-
ability of normal-hearing subjects on speech DAF tasks, it may be diffi-
cult to interpret the results obtained on hearing-loss subjects. Fac-
tors such as the loudness recruitment phenomenon can cause some subjects
with hearing loss to break down as much as subjects with normal hearing
at comparable hearing levels.

To determine whether or not recruitment could affect a DAF
speech task, Harford and Jerger (gl), using the flashing numbers task
(7), delivered DAF to five groups of subjects at comparable SlLs. The
five groups were: (1) normals, (2) patients with labyrinthine hydrops,
(3) masked normals, (4) plugged normals and (5) otosclerotics. From
their results, they concluded that recruitment can exaggerate the ef-
fects of DAF. A surprising result of Harford and Jerger's investigation
was that otosc.erotic subjects break down more than normals at the same
sensation level. No explanation for this was given.

Gronas et al. (gl), in an attempt to explain the results ob-
tained by Harford and Jerger, conducted similar tests gporrnormals and
plugged normals, and also upon operated and unoperated otosclerotics.

Their hypothesis was that the inactivity of the stapedius muscle in the
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otosclerotics and the operated otosclerotics prevented normal stapes move-
ment and thus altered the normal frequency characteristics of the ear.
This would cause these subjects to break down more than normals or
plugged-normals. The results of their investigation, however, indicated
that the otosclerotics and the plugged normals broke down more than did
either normals or the operated otosclerotics. Hence, they concluded that
the activity of the stapedius muscle does not affect the results of a de-
layed speech task.

The speech DAF test has a number of limitations. According to
Hanley and Tiffany (gg), the levels at which breakdown occurs are not at
auditory threshold but are somewhere in the range of from 25 to 45 dB SL.
On the other hand, thresholds are reported by Causey (10) to be within
10 dB of the level at which breakdown occurs. Reading proficiency of the
sub jects may also influence test results.

The advent of keytapping methods in the early sixties, produced
a number of investigations that assessed the feasibility of using non-

speech procedures as a test to determine auditory threshold.

Non-Vocal Auditory Feedback

In non-vocal DAF tasks, the subject is often required to tap a
rhythmic pattern (.... ..) with his finger. This key-tapping action pro-
duces the auditory signal that is returned to his ears either in syn-
chrony with or delayed from his tapping. 'Using normal-hearing sub jects,
and a click as the signal, Chase et al. (1§) found that significant
rhythmic pattern disruptions occur at levels as low as 10 dB SL.

Ruhm and Cooper (gg), using pure tones as the non-vocal signal,

reported pattern disturbances at 5 dB SL and advocated the use of pure-
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tone DAF clinically. In 1964 Ruhm and Cooper (46) compared thresholds

obtained by conventional pure-tone audiometry and electrodermal audio-
metry with those obtained using a pure-tone DAF task for two groups of
subject — (1) those with organic losses, and (2) those with functional
losses. They concluded that the pure-tone DAF task allows one to dster-
mine valid pure-tone thresholds on adults presenting organic and/or func-
tional hearing lossss.

Rapin et al. (43) found keytapping to be an appropriate proce-
dure for use with children seven years of age and clder. In most cases,
DAF results agreed with conventional audiometric test results. In ad-
dition they Foﬁnd that there was no clear difference in performance be-
tween peripherally deaf and brain-damaged children.

It would appear at this time that the pure-tone DAF procedure
is a useful addition to the audiolonist's battery of objective test
methods. Although performance on a speech DAF task appears to be affec-
ted by the subject's hearing sensitivity, performance on a pure-tone DAF

task does not.

Raticnale
A number of investigators have suggested that speech DAF might
be employed as a means for assessing the auditory thresholds of those
individuals who can not or will not give voluntary thresholds on conven-
tional audiometric tests (8, 24, 29, 30, 52). Since functional hearing
loss is usually accompanied by some organic loss, it would be useful to

know what affect the organic loss has on the test results.

Harford and Jerger, in 1959 (gl), published the results of an

extensive investigation into the role of recruitment on the cutcome of a
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speech DAF task. They found that subjects diagnosed as having labryn-

thine hydrops (recruiting ears), and masked normal subjects (recruiting-
like ears with no discrimination difficulties) exhibited significantly
more breakdown than did normal and plugged-normal subjects on a speech
DAF task., They proposed that recruitment caused the DAF to be louder
for the hydrops cases than for the normals, and thus caused the exces-
sive breakdown. A completely unexpected and as yet unexplained finding
in the study was the fact that an otosclerotic group also broke doun
significantly more than the normals and the plugged-normal subjects.,
"High error scores in the otosclerotic group were apparently due to rea-
sons ather than the recruitment phenomenon and remain unexplained."” (gl,
p. 368)

Although Hanley and Tiffany (28) stated that the organic thres-
hold of an individual is approximately 40 dB below the level at which
breakdown occurs, the findings of Harford and Jerger (31) suggest that

the presence of an organic hearing loss may modify this relationship.

In 1968 Gronas et al. (27) attempted to explain the increased

breakdown of otosclerotics on a speech DAF task on the basis of staped-
ius muscle action. They were unsuccessful in doing so. Their results
revealed that a plugged normal group and a group of unoperated oto-
sclerotics broke down more than did the operated otosclerotics and nor-
mals. Because the operated otosclerotice and the normals performed the
same on the task, they concluded that the presence or absence of the sta-
pedius muscle is of no consequence on a speech DAF task. The question of
why otosclerotics showed more breakdown than normals remained unanswered.

It was hypothesized (27) that in pure conductive losses of ap-

proximately 40 dB, the acoustic energy from the earphone was reaching the
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cochlea via alr und bong conduction In ulmost ogual amounts, and Lhus
causing two times the amount of hroakdown in otosclerotic subjocts an
comparad to normala. This hypothesis is untenable in that even {f thore
ware perfaect summation in the alr-conduction (AC) and bune=-conduction
(AC) signals, it would not causo a doubling in loudnass,

Tabla 1 presents partinunt procedural detalls takon from tho

TABLE 1

A COMPARISON OF PROCEDURAL DETAILS FOUND
IN TWo DAF INVESTIGATIONS

Harford and Jorger Gronas ot al.,
Sub jects Sub jects

Parameter N PN 0 N PN 0

1. Spondoo AC Thron- -1.06 214 41.4 {) 41} 41)
hold (di1)

2. Ucclusion Effect Yau Yos Nes You No No
Present

3. More Breakdown Than - No Yoo - Yus Yau
Normal Subjocts

4. Constant SAF/DAF No No No - No No No
Ratio

N = Normal Hearing PN = Plugged-Normal 0 = Otosclerotic

latter two investigations. A careful analysis of these details suggests
possible explanations for the excess breakdown in otosclerotic subjects

relative to normals.

One explanation to be considered in this paper is that the BC
synchronous feedback stimulation is greater in normals than in otoscler-
otics due to the fact that otosclerotics lack the occlusion effect that

is present in the normals. The net effect is that otosclerotics will
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break down mare than normaly becauwss thay racelva lows aynchronous B0
faadbaok. A ascond explanation {s that the parcelved magnitude of the AL
aynchronous feedback is lass for otosnlacvotica than for the normuls. e
cause they raceiva less synchronous AC feadback, the otosclerotics break
down mora than the normals.

Some support ls given to the former explanation in that plunged
normala responded diffarently In the two proceding investigations. The
artificial hearing lass in the sub jects amployed in Harford and Jergur's
atudy were created by placing wax-impregnated cotton plugs in the oxturnal
auditory canals, No mention was made of how deeply tha plugso were placad,
It is assumed by this investigator that they did not reach medially to
the bony portion of the canal. Prior to the present investigation, in a
preliminary informal study, it was found that bilaterally placed plugs of
poatroloum jolly-impregnatod colbion insorbtoed into Lho oxtornal asuditory
canals craatoed a conductive hoaring loss of approximatoly 20 to 30 dib in
a normal+hearing subject. Bone conduction thresholds in this pluggud nor-
mal subject revealed that there was an occlusion aeffect when the ears
oither were or were not covered with the standard headset (TDH-39 phonses
with MX-41/AR cushions).

Gronas et al. plugged the canals of their normal-hearing sub-
jects with a cotton wad impregnated with petroleum jelly. In addition,
they stated: "The wad was placed close to the ear drum and the ear canal
filled with model wax." (p. 243). In a preliminary investigation at this
center, a similar procedure was carried out., A quantity of earmold im-
pression material was injected by a physician into the external auditory
canals of a normal-hearing subject. Care was taken to ascertain that the

material was packed as close to the tympanic membrane. as possible. With
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the canals thua plugqud, a huearing loss of from 35 to 40 d8 waw domon=-

stratad. The uvcclualon affact was abuunt whather the ears waere sither
caverad with the earphonas ar not,

It is known that otousclerotic subjects do not demonutrate the
occlusion affect when their ears are covored with earphones. (ne might
hypothesize than, that tha reaason otosclurotics break down more than nor=-
mals is due to a raduction of BC synchronous feodback aus comparaed to nor-
mals. This hypothesis axpluins why Harford and Jorger's plugged normalo
(with ovcclusion affact) broka down only as much as normals and why the
Gronas ot al. plugged normals (without occlusion effect) broke down as
much as the otosclerotics.

There is support for the second explanation. In both investi-
gations the magnitude of the hearing loss for the otosclerotics was ap-
proximately a0 dfi.  The attenuation provided by the varphones 15 about
20 dB in the speech frequanciaes. It can be soeon that the combination of
a hearing loss and the attenuation characteristics of the earphones pro-
vides more attenuation of the air-borne signal for the otosclerotic sub-
jects than it does for the normal subjects. There is a differsnce in
the magnitude of the AC synchronous feedback in favor of the normals.
Therefore, otosclerotics might show morse breakdown than normals because
they have less synchronous AC auditory feedback.

Again, Gronas et al. reported that their plugged-normal group
had the same amount of hearing loss as did their otosclerotic group (35
to 45 dB) and the two gqroups broke down similarly. The plugged normals
in Harford and Jerger's study (hearing loss for speech of 27 dB) broke
down slightly mors~than the normal subjects and considerably less than

the otosclerotic subjects.
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The two previously cited studies are confounded by the fact that

the SAF/DAF ratios were probably not kept constant because the experi-
menters "rode the gain" on sach DAF condition. That is, in order to keep
the delayed signal at & relatively constant level at the ear, the gain
was reduced under the DAF conditioms to nullify the results of increased
vocal output. By so doing, the SAF/DAF ratios were changed in uncon-
trolled amounts over the exporimental conditions thus injecting another
variable into the study.

Two possible explanations are suggested as to why otosclerotics
show more breakdown than normals on a speech DAF task:

1. The lack of the occlusion effect in otosclerotic sub jects de-
croages the amount of synchronous BC feedback and causes in-
creased breakdouwn.

2. The reduction in the amount of synchronous AC feedback in
ntosclerotic subjects, due to the magnitude of the hearing
loss itsgelf, causes increased breakdown.

In order to determine whether or not the "bone-conduction” hy-
pothesis better explains the behavior of otosclerotic subjects, an inves-
tigation was designed that would hold the SAF/DAF ratios constant, pro-
vide that the AC synchronous pathway is held constant, and allow an in-

dependent determination of the role of BC synchronous auditory feedback

duting a delayed speech feedback task.



CHAPTER III

INSTRUMENTATION AND PROCEDURES

Introduction

The purpose of this investigation was to test the hypothesis
that the presence or absence of the occlusion effect causes differential
effects upon two DAF tasks, namely, speech and keytapping. The speech
DAF procedure was a modification of the flashing numbers task developed
by Butler and Galloway (l). In this procedure, the subject was required
to identify verbally a series of two-digit numbers that were illuminated
at the rate of two per second under a SAF condition and a DAF condition.
In the keytapping procedure described by Ruhm and Cooper (44), the sub-
ject tapped a rhythmic pattern (.... ..) on a special touchplate. Each
tap generated a pure-tons sigril that was returned to the subject's ear

gither in synchrony with the tap or delayed from it.

Sub jects

Subjects for this investigation were eight individuals with nor-
mal hearing as demonstrated by pure-tone air-conduction and bone-conduc-
tion thresholds of no more than 10 dB hearing level (HL) re: I150-1964
standard at the frequencies of 500, 1000, and 2000 Hz. Persons with an
air-bone gap of more than 5 dB were not employed in the study. Further,

each subject demonstrated a speech reception threshold (SRT) of no more

24
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than 10 dB HL as determined by a recorded presentation of the CID Audi-

tory Test wi.

Test Environment

All test procedures and threshold measurements were carried out
in a sound treated test booth (IAC, model 400) located at the Veterans
Administration Hospital, Oklahoma City, Oklahoma. Sound levels were mea-
sured with a sound-level meter (Genmeral Radio, Type 1551-C) in conjunc-
tion with an octave-band noise analyzer (General Radio, Type 1558-AP)
located at the approximate position of the subject's head. These levels
were below the limits required for air and bone conduction threshold
testing (IS0-1964).

The test room contained a headset consisting of TOH 39-10Z ear-
phones set in MX-41/AR cushions mounted on a standard headband, the non-
occluding enclosures, a microphone (Altec, Type 682A), a bone-conduction
transducer (Radioear B70), the signal panel for the speech DAF test, and
a special touchplate mounted upon a conventional tablet-arm chair.

Other associated apparatus was located ocutside the test room.

Apparatus

Preliminary Threshold-Finding and Control Equipment

Preliminary pure-tone AC and BC thresholds were determined with
a commercial clinical audiometer (Beltone 15C). A 15 dB attenuation pad
was inserted between the output of the audiometer and either the ear-
phones or the bone~conduction vibrator so that thresholds below 0 dB HL
could be measured.

A Tektronix oscilloscope (model 561A) and an ac Voltmeter (Bal-
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antine, model 300) were employed to ascertain and maintain the specified
signal parameters. All time intervals and signal frequencies were mea-
sured with an accurate counter-timer (Transistor Specialities Incorpora-

ted, model 361).

Non-0Occluding Headset

Two custom-designed sound enclosures were constructed. Their
purpose was to direct an auditory signal to each ear separately without
producing an occlusion effect. The occlusion effect is an auditory phe-
nomenon which results in an enhancement of bone-conducted signals at fre-
quencies below 1000 Hz when the ears are covered or occluded in certain
ways. For example, one will obtain a better bone-conduction threshold
at a freguency of 500 Hz when one or both external ears are occluded with
TDH 39-10Z earphones set in MX-41/AR cushions (the standard headset).

For two experimental conditions (to be discussed in a subsequent sec-
tion) it was necessary that the occlusion effect be eliminated while
still presenting the signal to each ear separately. The special sound
enclosures (hereafter called non-occluding headset) described in the fol-
lowing paragraphs served this purpose.

Since both sections of the non-occluding headset are identical,
only one will be described here. The enclosure is essentially a box made
of 3/4 inch white pine with inside dimensions of 12" x 9" x 9", Approxi-
mately 3 inches from one end and parallel to the ends was mounted a piece
of 1/4 inch plywood 9" x 9" in which there was centered a circular 5"
diameter cutout. A 6" diameter permanasnt-magnet speaker was mounted cen-
trally on the back of this square of plywood facing the larger section of

the enclosure.
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The enclosure was lined with acoustical fiberglass, 1 inch thick
and had a total volume of approximately 15,000 cc less the fiberglass
lining. This volume was in éxcess of the 6700 cc reported by Watson and
Gales (§§) to preclude the occlusion effect at any frequency down to
125 Hz.

At the end of the enclosure opposite the speaker was a hole 2
inches in diameter. Centered over this hole on the outside of the enclo-
sure was cemented a layer of 1 inch foam rubber also with a 2 inch di-
ameter hole. An mx-41/Ah cushion was in turn cemented to the foam rub-
ber.

Both enclosures with the cushions facing each other, were sus-
pended from hooks which allowed the enclosures to slide in a horizontal
plane on a 1 inch diameter piece of thin-wall electrical conduit mounted
on two microphone stands four feet apart. The two enclosures were con-
nected by an slastic band that served to pull them together and thus
provided a firm but flexible fit when the subject's head was place be-

tween them.

Keytapping Equipment

The keytapping apparatus employed in this investigation consis-
ted of a custom-made capacity-operated switch, an electronic timing net-
work, a stripchart recorder (SCR) (Techni-rite, model TR 711), a pure-
tone audio oscillator (Hewlett-Packard, model 200 ABR) an electronic
switch (Grason-Stadler, model 829C) and the earphones and cushions de-
scribed in the preceding section. Figure 1 shows a block diagram of the
apparatus.

The capacity-operated switch. A silent capacity-operated
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switch (CS) was constructed in order to insure that the subject would re-
ceive no synchronous auditory feedback (SAF) when his finger tapped the
touch-plate. The silent properties of the switch were demonstrated to

the satisfaction of the experimenter and normal-hearing listeners.
Briefly, the switch can be described in the following manner: the touch-
plate (TP) is fabricated from a two inch-by-two inch piece of aluminum
and has no moving parts or contacts. The plate is cemented to a piece
of foam rubber which in turn is cemented to the tablet-arm chair. The
active circuit of the switch consists of an rf oscillator whose output
serves to hold the contacts of a sensitive relay in their open position.
The TP is connected to this circuit so that when it is touched, the in-
creased capacity thus injected into the circuit disables the oscillator
and causes the sensitive relay to drop out. When this happens, the tuwo
relay contacts close and send a positive pulse to the appropriate wave-
form generator in the timing network.

The timing network and the stripchart recorder. Three Tek-

tronix waveform generators (Type 162), four pulse generators (Type 161),
and one power supply (Type 160A) were utilized in the timing network to
effect the synchronous and delayed pure-tone feedback conditions. The
network consisted of waveform generators W1, W2 and W3 and pulse genera-
tors P1, P2, P3, and P4. Figure 2 shows the interconnections of this
equipment.

When the "Delay-Synchronous" function switch was in the "Syn-
chronous" position, the positive pulse initiated by the closure of CS
was directed to W3. W3, P3, and P4 comprised the part of the timing
network that activated the electronic switch. P3 in conjunction with W3

turned channel A of the electronic switch on in synchrony with the sub-



CAPACITY-
OPERATED
SWITCH

EARPHONES

[ ]
'
]
ey ' DELAY
'
%
Wi P1 w2 P2 ?
e SYNCHRONOUS
w3 P4
" SCR
A-ON B8-ON SPEECH
OSCILLATOR —
ELECTRONIC SWITCH AUDIOMETER

FIGURE 2. BLOCK DIAGRAM OF PURE - TONE FEEDBACK APPARATUS.

0

()%,



KN

ject's tapping performance and the output of P4 uwerved to turn off chan-

nel A after an interval of 60 meec.

With the function switch in the "Delay" position, a positlvae
pulse initisted by the closure of CS caused W1 to generate a negative
going sawtooth waveform of 86 msec duration, After 85 msec of thie dur-
ation had elapsed, P1 ganerated a positive pulse that triggered W2 which
initiated another sawtooth waveform also of 86 msaec duration., After
another 85 msec, P2 produced a positive pulse at its output. It 1s clear
that there was a time-delay of 170 msec (85 msec plus 85 msec) between
the initial positive pulse originating from the closure of CS and the
positive pulse occurring at P2's output. The pulse from P2 was directed
through a section of the function switch to W3 where the electronic
switch was activated as discussed above. [t was necessary to break up
tho total desired delay time into two intervals because saoma sub jocte
were able to tap a pattern whose individual components wero lass than 170
msec apart. If the total delay duration were determined by only one
waveform generator, it would be possible for a subject to tap the touch-
plate more than once during a single cycle of the waveform. Since only
the first tap would initiate the cycle and generate a pure-tone burst,
the effect of the second tap would be lost. By splitting the delay time
into two segments, W1 will have completed its cycle before the subject's
second tap.

A stripchart recorder (SCR) was utilized to make a permanent
record of the subject's tapping performance. The sawtooth output of W3
was connected to the SCR input. Each tap, under either the delayed or
synchronous condition produced a deflection of the hot-wire stylus which

marked the chart paper. In addition, when the function switch was in the
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"Synchronousa" pouition, a sacondary "marker" stylus on ths SCR waw acti-
vatad and thus provided a means of diffarentiating thea "Synchronous" and
"Dalayad" patterna on the chart papar,

In summary, tha timing network provided 170 msiec of dalay whan
tha switch was in tha "Dulay" position and VU (zaro) mouc when Lt wan in
tha "Synchronous™ positlon. Alna, u stripehuart recordar furnished a
pavmanant. racord of tupping puortormanca,

Oscillator, olectronic switch, and spoach audlomoetar. The

oacillator was adjusted to produce a pure tope of 900 Hz that was dliruec-
tad to the ipput of the eluctronic switch (ES). The rlsu-docay times of
the alectronic switch were sat at 10 msec and wwre verified by viaewing
the signal envelopa on tha oscilloscope. The docay time of 10 msec In
conjunction with the 60 msec intarval botwean P3 and P4 (which includa:
tho 10 msoe vise time) producod an ovorall signal duration of 70 mooc,
Uith £S5 in the "A-on" position, the voltage ot ity outpul terminal was
vat at 1 volt into a 600 ohm load.

The speech audiometor was common to both the keytapping appara-
tus and the speach feodback apparatus. The channel 1 "external" input
accepted the output signal from the electronic switch, associated with
the keytapping procedurse, and the channel II "tape" input accepted the
output signal from the tape recorder that was used in the speech feed-
back procedure. Two separate channels of the speech audiometer were uti-
lized so that the input gain controls could be adjusted independently.
The signal from either channel was split and sent through both the "grey"
and the "black" attenuators. This procedure allowed the intensity at
each earphone to be varied independently thersby providing a means to ad-

just for minor threshold differences between the subject's ears. The
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attonuators were adjuatued to provide tha appropriate sansation lovels of
the aignal under each test condition., The output of tha wpeach audio-
moter wau connactaed to aithar tho atandard hoaduat or to tha pon=ogclud-

ing hoadsat located in the tauast room.

Spoach Maodback Equipmant

synchronous and dolayod spoech apparatus. A magnubtic tapo pao-

cordar (TR) (Concertona Saries 30) with a movable playback hood was uti-
lizad to provide spauch feodback. Tho microphone, lacatad in Lha Lust
room, was connactud to tho magnotic vecordear, Tho TR hod o monltop-
sealector control which was laboled "Input=Tape". In tha "Inpul" panltlon
ona could monitor tho input signal. This position was used for tho nyn~
chronous feedback condition. In tha "Tapo" position, tha Lncoming signal
was monitored from tho playback hoad af tor 1t had boon rocorded on Lho
magnatic tapo, just o fraction of o socond aftoer L ontorod tho maching,
The amount of delay introduced whon the switch was in this position was
measured in the following mapner: A single square wave, 1 msec wide, was
introduced at the microphone input of the tape recorder. At the same
time it triggered "on" the counter-timer. With the monitor switch in the
"Tape" position, the recorded signal was monitored and triggered the
counter-timer "off". The delay interval produced by this recorder was
adjusted, by moving the tape head, to be 170 msec.

fFlashing numbers apparatus. This apparatus is similar to that

described by Butler and Galloway (7), and Harford and Jerger (31). The
apparatus consisted of a modified Time-delay Relay (TD) (Potter-Brum-
field, Type CHB 38-70003) connected so that its contacts closed and open-

ed at the rate of two times each second. Connected in series with these
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contacts was @ telephone-type stepping relay (52 positions, "round and

round"; 12 decks; 6 poles), and a 24 volt dc power supply. Each clooure
of TD advanced the stepping relay one step. Each of the first 50 posi-
tions of the stepping relay completed tho circuit that caused the ap-
propriate set of lights in the signal panel to illuminate a pair of num=
erals. The signal panel (Figure 3) consisted of a box (30" x 4" x 3")
that was divided into five equally-spaced, aluminum-foil-lined compart-
ments. On the back wall of each compartment were mounted four #47 pilot
lamps connected in parallel (20 bulbs). Each bulb had two leads. One
lead from each of the 20 bulbs was connected to a common ground. The
remaining leads were grouped by compartment. A common lead from each
compartment was then connected to une pin of an octal socket mounted on
the back of the box.

The front of tho signal panol was covered with a picce of
translucent white plastic. Mountod on the plastic in frount of each com-
partment were five pairs of adhesive-backed, plastic numberals two inches
high. Reading from the viewer's left the numbers were: 24, 31, 58, 63
and 92. The stepping relay was wired in such a way that in each run of
fifty steps, each of the above numbers was back-lighted ten times in a
quasi-random sequence.1 An 11-position switch was provided so that the
numbers could be presented in ten additional quasi-random sequences. The
signal panel was mounted on a wall of the test room approximately six
feet in front of and slightly above the subject. Also, a monitor panel

connected in parallel with the signal panel was provided for the experi-

1The stipulation was made that a number did not appear tuwice in
successiaon.
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menter and located in such a way so that it could not be seen by the sub-

ject.

Procedure

Subject Selection
Before being accepted as a subject, each volunteer was required
to meet the criteria set in a preceding section. The method used for the
determination of pure-tone thresholds was that advocated by Carhart and

Jerger (9). SRTs were determined using a standard clinical method.

The Experimental Conditions
The present investigation consisted of the evaluation of the da-
ta derived from four experimental conditions. The four conditions were:
1. Delayed speech feedback with the standard headset.
2. Delayed speech feedback with the non-occluding headset.
3. Delayed pure-tone feedback with the standard headset.
4. Delayed pure-tone feedback with the non-occluding headset.
Each of the four conditions was counterbalanced to account for
order effects. Table 2 presents the counterbalanced schedule of condi-
tions for each subject. Subjects were assigned a subject number random-

1y.

Collection of the Data

General procedures. Prior to the experimental conditions, cer-

tain baseline data were collected. The subject's AC threshold for the
right and left ear was determined using the pure-tone feedback apparatus
as described in the apparatus section. The thresholds obtained during

subject selection were not adequate for baseline data because they were



TABLE 2

PRESENTATION SCHEDULE OF EXPERIMENTAL
CONDITIONS FOR EACH SUBJECY

Sub ject 1st Condition 2nd Condition 3rd Condition 4th Condition
1 ES ET HS HT
2 ET ES HT HS
3 ES ET HT HS
4 ET ES HS HT
5 HS HT ES ET
6 HT HS ET ES
7 HS HT ET ES
8 HT HS ES ET

= Enclosures S = Speech
= Headset T = Tapping

LE
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determined using different apparatus. The shorter duration of the signal
generated by the keytapping equipment resulted in poorer threshold as
compared to the thresholds obtained with the commercial audiometer. A

BC threshold at 500 Hz was also obtained with the keytapping apparatus.
The BC threshold did not agree with the AC threshold on a dial-reading
basis because of the greater power required to drive the bone vibrator.
However, the BC thresholds served as a baselinelrefsrence. Monaural SRTs
by AC and BC were also obtained at this time.

Care.mas taken to ensure that the sequence of events in the
speech feedback and the pure-tone feedback procedures were analogous.
Each condition was preceded by a demonstration by the investigator of the
task that the subject was to perform. The demonstration was followed by
a very brief practice session by the subject during which the investiga-
tor observed and "shaped" the subject's performance until a satisfactory
level of performance was achieved.

In any experimental series, the subjects were required to finish
the task completely. This meant that no fewer than fourteen patterns
were to constitute a complete and acceptable performance for the keytap-
ping task. Also, only a continuous recitation of the flashing numbers
(save short pauses for breath) was to constitute a complete and accepta-
ble performance for the speech feedback task. All subjects were able to
perform the task.

The keytapping procedure. The subject was seated comfortably in

the test room at a tablet-arm chair on which the touchplate was mounted.
The investigator demonstrated the keytapping task and then ascertained
that the subject was able to do it. The investigator then placed a

shield (a piece of cloth suspended from a horizontal bar which is connec-
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ted to a microphone stand) in such a way that the subject was not able to
view his hand during the tapping task. The shield prevented synchronous
visual feedback. The instructions (Appendix A) were then read to the
subject. 1If there were no questions, the appropriate headset was placed
on the subject's head and the experimenter left the room., After a final
check of the equipment, the subject was instructed to begin the tapping
sequence.‘ He was required to tap the full pattern (.... ..) fourteen
times with no auditory feedback, synchronous or delayed, presented to his
ears. When fourteen patterns were recorded on the SCR, the first series
of the keytapping condition was terminated.

The second series of the keytapping condition was identical to
the first except that SAF was presented bilaterally to the subject at 50
dB sensation level (SL) re: The AC threshold for each ear obtained with
the keytapping apparatus described previously. Again, fourteen patterns
wvere required of each subject.

The final series of the keytapping condition followed the for-
mat of the two previous series except that DAF was presented to the sub-
ject bilaterally at 50 dB SL. After the subject had tapped fourteen
patterns under DAF, the keytapping task was terminated.

The flashing numbers procedure. Each subject was seated in the

tablet-arm chair and his attention directed to the signal panel that was
mounted on the wall of the test room in front of and slightly above him.
The investigator activated the flashing numbers apparatus and demonstra-
ted to the subject the manner in which he was to say the numbers. The
subject was then allowed to try the task himself. The subject practiced
repeating the flashing numbers until his performance appeared satisfac-

tory to the investigator. The instructions for the task (Appendix A)
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were then read to the subject. If there were no questions, the appro-
priate headset was placed on the subject's head and the microphone placed
nine inches from his lips. The investigator then left the room and in-
itiated the testing sequencse.

The first series of the speech condition required that the sub-
ject repeat a quasi-random series of 50 flashing numbers without SAF or
DAF presented through the sarphones. Ouring this series, the investiga-
tor adjusted the calibration control on Channel II of the speech audio-
meter so that the subject's voice peaked the needle of the VU meter at a
pre-determined point. This calibration control, once set, was not read-
Jjusted for the subsequent conditions. Some investigators (1, 4, Z) have
attempted to compensate for the Lombard Effect and other allied phenomena
under SAF and DAF conditions by decreasing the intensity of the feedback
signal presented to the subject's ears by an amount equal to the increase
in the vocal output. It is felt by the present investigator that "riding
the gain" during feedback conditions would introduce more variability
into the data than it was meant tc reduce. In this investigation, the
calibration control was not adjusted for each speech experimental condi-
tion. Hence, the same SAF/DAF ratio was maintained for all the condi-
tions. The first series was terminated automatically when the stepping
relay reached its 51st position.

In the second series of the speech condition, the subject re-
peated another quasi-random sequence of flashing numbers while SAF was
presented to him bilaterally at an SL of 50 dB re: The AC SRT for each
ear. The series was termipated automatically after 50 numbers were pre-

sented.

The third and final series of the speech condition consisted of



41

a recitation of a different quasi-random sequence of the flashing num-

bers while DAF was presented bilaterally at 50 dB SL. The series again

was terminated automatically after 50 numbers had been presented.

Summary
f£ach subject was assigned a subject number at random. The order
of presentation of the experimental conditions for all subjects was de-
termined by Table 2, The four experimental conditions consisted of a
speech and pure-tone (keytapping) feedback task carried out under the
standard headset and the non-occluding headset. Table 3 summarizes the

procedure for each condition.

Scoring the Data

-

Koytapping Data
The data collected from the keytapping experiment was in the

form of marked chart paper from the SCR. The subject's tapping perfor-
mance was recorded as a series of spikes, one for each tap of the touch-
plate. Ruhm and Cooper (ﬁg) have found that the duration of the tapping
pattern in SAF and DAF conditions is a sensitive index of tapping per-
formance. In this investigation the data for the keytapping task is ex-
pressed as the mean time (duration) per pattern (.... ..) or the mean
pattern time (MPT).

| The MPT was derived in the following way: As previously de-
scribed, a single series of a pure-tone experimental condition consisted
of fourteen patterns. The chart paper containing ths patterns was iden-
tified as to the experimental condition and series number. The begin-

ning two patterns and the final two patterns were discarded leaving only



TABLE 3

TESTING SEQUENCE FOR THE SPEECH
AND KEYTAPPING TASKS

Occluding Headset or Non-Occluding Headsst

Speech feedback

Pure~-Tane Feedback

1.
2,
3.
4,
5.

Demonstration (Investigator repeats FN)
Practice by subject (subject repeats FN)
Modification of performance if necessary
Placement of earphones

The sxperimental runs

a. Repesat FN under NAF

b. Repeat FN @50 dB SL SAF
c. Repeat FN @50 dB SL DAF

Demonstration (Investigator taps pattern)
Practice by subject (subject taps pattern)
Modification of perforsance if necessary
Placement of earphones

The experimental runs

a. Tap patterns under NAF

b. Tap patterns @50 dB SL SAF
c. Tap patterns @50 dB SL DAF

FN = Flashing Numbers
SL = Sensation Level

NAF = No Auditory Feedback
SAF = Synchronous Auditory Feedback
DAF = Delayed Auditary Feedback

v
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thae middle ton pattorns for analysis, The task ramainad Lo canvart the
tan pattarng into tha MPT.  Tha chart apaad of tha SCR was varifiad to ba
25mm/second.  Tho lungth of tha chart papor from the firat apike of tho
third pattorn to thoe flrat apike of tho thirteanth pattorn was moasurod
with a millimater rulo to tha noarost millimatur, This moasuromant s
divided by 25 to convart tha total longth of tha pattorns into soconds
por 10 pattorns which wora thon dividoed Ly 10 Lo glve tho MPT In socound:s,
In practica, tho longlh of tho ton pattorns wan dividod by 250 to glvn
tha MAT. Tharefora, MPT - Langth (mm) for 10 pattorns dividod by 250,
Tho MPTs obtainod undor NAF, SAF and DAF waore rocordod on o mastor daba

:‘hl)ut .

Spaach Foodback Data

The utilization of o magnotic tape rocordor has boon discosaed
as v means for offocting tho spooch foodback task.  The recorderts prime
function was to provide a time delay of tho spooch signal in the DAF con-
dition. A secondary function of tha rocordar was Lo provide a pormanont
record of the subject's speech feedback performance which was used in the
scoring of these conditions.

The maximum possible number of correct responses on a speech
feadback run was fifty. The data for these runs consisted of the number
of errors made on a NAF run, SAF run and a DAF run. After a subject fin-
ished the four experimental conditions, the investigator played back the
tape and tallied the number of correct responsaes for each run. Strict
criteria were used to determine exactly what constituted a correct res-
ponse. The criteria were:

1. Only numbers on the signal panel were accepted.
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2. Numbers must have been intelligible to the investigator,

3. The investigator must have arrived at the same number of
correct responses on two successive listenings of the tapeos,

Having met the above criteria, the correct responses were sub-

tracted from S0 and the error score wao reocordod on a master data shwet.

Analyoic of tho Data

The data were analyzed by tho uno of two analysoo of variance
(AOV) 2 x 2 factoriel dosigns, Tho factors were standard headoot vo,
spocial headset and synchronous vo. delayed auditory feedback for both

the sprech feedback task and tho puro-tono foedback task,



CHAPTER 1V

RESULTS ANALYSIS AND DISCUSSION

Introduction

Harford and Jerger (31) and Gronas et al. (27) have shown that
otosclerotic subjects break down more on a speech DAF task than do nor-
mal subjects. These investigators have not offered a tenable explanation
for this result. The present investigation has sought to explain the
findings of these two studies. The purpose of this investigation was to
determine whether or not changes in the level of synchronous bone-conduc-
ted auditory feedback have an influence upon the degree of breakdown ob-
tained on a delayed spesech feedback task. Speech and pure-tone feedback
tasks were performed on eight normal-hearing subjects while the level of
the bone-~conducted signal was changed systematically.

The level of the BC signal was varied through the use of occlu-
ding and non-occluding headsets. Each headset provided the same amount
of attenuation to air~borme sounds. The occluding headset produced an
enhancement of BC thresholds for spondee words of approximately 10 dB.

Prior to the actual running of the experimental conditions, AC
pure-tone and speech thresholds were obtained under the standard headset
and under the non-occluding headset. These thresholds were used as the
reference points from which all sensation levels were determined. B8C
thresholds were also obtained under both headsets. 1t was found that the

45
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standard headset produced a median enhancement of the SRT of 9 dB and of
the pure-tone threshold at 500 Hz of 21 dB. Under the non-occluding en-
closures the SRT and pure tone thresholds were better than unoccluded BC
thresholds by median values of 1 dB and S dB respectively.

It was desirable to ascertain that both headsets provided ap-
proximately the same amount of attenuation to air-borne signals. If the
headsets had similar attenuation characteristics, any differences bstween
the data obtained under the different headsets could not be attributed to
differing levels of air-borne synchronous auditory feedback present at
the ears. The occluding and non-occluding headsets differed in the
amount of attenuation they provided by a median value of only 3 dB at the
octave frequencies of from 250 Hz to 2 kHz with the occluding headset
praoviding greater attenuation.

Eight normal-hearing subjccts performed the flashing numbers
speech task (7) under both headsets and under conditions of NAF, SAF at
5¢ dB SL, and DAF at 50 dB SL. 1In addition, each subject performed a
keytapping task under both headsets and under the same feedback condi-
tions. The keytapping task served as a contrecl in that ne synchronous
bone-conducted auditory feedback was produced. This prevented modifica-

tion of the BC signal by the occlusion effect.

Results
Data for the speech and keytapping tasks are expressed in num-
ber of errors and the mean pattern time (MPT) respectively. Table 4
presents the mean data and the standard deviations obtained from the
twelve experimental conditions for the eight subjects. It can be seen

that there is a considerable difference between the number of errors
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TABLE 4

MEAN DATA FOR OCCLUDING AND
NON-OCCLUDING HEADSETS

Headsats Speech Kaytapping

Occluding NAF SAF DAF NAF SAF DAF
fMean 3.75 3.38 20.13 1.581 1.583 1.935
S.D. 2.22 1.68 7.57 .181 .116 . 227

Non-0Occluding
Mean 5.00 5.25 17.13 1.608 1.598 2.173
S.D. 4,90 5.61 7.59 .235 .187 .387

Speech means expressed in number of errors.
Keytapping means expressed in NPT (seconds).

made under NAF and SAF as compared to those made under DAF on the speech
feedback task. This difference is not so dramatic on the keytapping
task. A comparison was made to determine whether, on the average, sub-
jects that tended to break down more than others on the speech task per-
formed similarly on the keytapping task. The Spearman's coefficient of
rank correlation (52, p. 409) was calculated from the present data. The
coefficient was found to be -0.12, There appears to be little correla-
tion between performance on the two feedback tasks. The conclusion is
drawn that one's performance on a speech feedback task is not related to
his performance on the keytapping task and vics versa. Appendix B shouws

the individual subject data for the speech and keytapping tasks.

Analysis

The data obtained from the six treatments (2 headsets for each

of 3 conditions of feedback) were arranged in a factorial design with
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the subjects considered as a random factor. Speech and keytapping data
were analyzed separately by the analysis of variance (ADV) described by
Steele and Torrie (52, p. 199). Duncan's New Multiple Range Test (DNMRT)
(52, p. 107) was utilized to make meaningful comparisons among means

within the feedback factor.

Speech Data

The results of the AOV for the speech task are found in Table 5.

TABLE S

ANALYSIS OF VARIANCE FOR THE SPEECH TASK

Source df SS ms F
Treatments 5 2231.86 446 .37 16.04 *

A (Feedback) 2 2175.54 1087.77 39,10 *

B (Headset) 1 16.02 16.02 < 1.0 N.S,

A x B 2 40.30 20.15 <£1.0 N.S.
Error 42 1168.62 27.82

* Significant at the .01 level of confidence.

These results reveal a significant difference among the three feedback
conditions. The DNMRT reveals that the significant difference is be-
tween DAF and both NAF and SAF and further, that NAF is not significant-
ly different from SAF.

Of prime interest is the B factor - the occluding and non-
occluding headsets. The purpose of these headsets was to change the
level of synchronous BC feedback. If they produce significant .changes

in performance, their effect will be seen in the analysis of the B fac-
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tor. The results indicate that there is no significant difference in
performance under the two different headsets on this speech feedback
task. That is to say that an enhancement of synchronous BC auditory
feedback of 10 dB does not substantially alter the results of this speech
DAF task. .

The A x B interaction (condition of feedback x headset) was not
significant. This means that performance under any feedback condition
(NAF, SAF, DAF) is not influenced differentially by the occluding or non-
occluding headsets.

In summary, a statistical analysis of the data derived from the
speech feedback task reveals that:

1. There is a significant difference between DAF and both NAF
and SAF.

2. There is no significant difference between NAF and SAF.

3. There is no significant difference in performance hetween
the occluding and non-occluding headsets.

4, There is no significant interaction among any of the con-
ditions of feedback and either of the headsets.
Keytapping Data

The data obtained from the keytapping procedure were also sub-
jected to an AOV. The results are shown in Table 6. Again, it is seen
that there is a significant difference among the feedback conditions.
The DNMRT shows that the difference is between DAF and both NAF and SAF
with no significant difference being found between NAF and SAF.

As expected, there was no significant difference between the
keytapping performance under either of the heacsets. Becmause there was

no BC feedback produced when one tapped the key, the presence or absence
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TABLE 6

ANALYSIS OF VARIANCE FOR THE KEYTAPPING TASK

Source df S8 ms F
Treatments 5 250,23 50.05 9,63 *

A (Fesdback) 2 227.19 113.60 21.85 *

B (Headset) 1 10,45 10.45 2,01 N.S.

A x B 2 12.59 6.30 1.21 N.S,
Error 42 218.51 5.20

* Significant at the .01 level of confidence.

of an occlusion effect should not have and did not affect tapping per-
formance.

The A x B (feedback condition x headcet) interaction, aqain,
was not shown to be significant on the keytapping tack. That ic, per-
formance under the feedback conditions did not change significantly when
the feedback was presented through the occluding or non-occluding head-
set. To summarize, the AOV performed on the data obtained from the key-
tapping task reveals that:

1. There is significant difference between DAF and both NAF and
SAF.

2. There is no significant difference between NAF and SAF.

3. There is no significant difference in performances between
the occluding and non-occluding headsets.

4, There is no significant interaction among any of the condi-
tions of feedback and either of the headsets.

Discussion

The analysis of the present data revealed that there is no sig-
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nificant difference betwsen NAF and SAF on eithor foedback tack. [t
would seem that in future DAF investigations either NAF or 5AF could
gserve as the baseline from which the deqree of hroakdown under DAF could
be measured.

As expected, thore was a uignificant difference Ln performance
betwaen DAF and both NAF and SAF on the speech and keytapping tasko.
Again, the present results confirm the presence of disruptive effects of
guprathreshold OAF found by preceding investigatoru.

Analysis of the data fails to show any significant difference
in the magnitude of DAF breakdown between the accluding and non-occluding
headsets on the speech or pure-tone task. It was not surprising that
there was no significant difference in performance between the two head-
sets on the keytapping task. Tho purpose of the non-occluding headorcto
was to eliminate the enhancemoent of OC cignals caused by the occlucion
offoct. Bocause BC feedback signals are nat present in the keytapping
task, they cannot be modified by either headset.

With regard to the speech feedback task, it must be concluded
that, at a sensation leavel of 50 dB, a difference of 10 dB in the level
of the synchronous BC feedback does not differentially affect the degree
of breakdouwn. ‘i0ne possible explanation for this finding is that at S0
dB S, the AC DAF is of a sufficient magnitude to override the synchro-
nous AC and BC feedback.

It may be useful to determine for each subject the level of DAF
that just begins to produce significant amounts of breakdown. At each
subject's threshold of breakdown the difference between the occluding
and non-occluding headsets could be assessed. .The effects of small dif-

ferences in the level of BC signals would possibly be apparent more
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raadily near the threshold of breakdown thon ol suprothrooheld levelso.
It is poasible that in thae prasant i{nvastigotlion the DAF was prosented
at a lavel qgroatly above the braakdown thrashold of the sub ject, Tho
offacts on performance causod by usmall chonges in the lovel of tho 6C
signals were probably obscured by the larqo DAF/SAF ratio which pro-
duced a large amount of brookdown undar both headastes,

Tha conclusion is reachad thut, undor tho conditions of thin
study, o changs of 10 dB in tha level of the bane-conducted signal hau
no diffarential effect upon the degrea of broakdown on a spoach DA
task. This conclusion leads to a rejection of the hypothoesis that the
occlusion effect influences broakdoun under DAF. Tho rasults of Har-

ford and Jerger (31) and Gronas et al. (27) may yot bu explained on the

basis of the occlusion effaect. Howavoer, olhor factors may aid in ax-
plaining thoir tindings.  Ono soch factor i that thare was loos o oyn-
chronous AC fuedback presont for their otosclurotic subjocts than for

thoir normals. Another factor to bo conuidered is that in the present
investigation an attempt was made to control the SAF/DAF ratio. It
does not appear that Karford and Jerger and Gronas et al. controlled
this factor.

The plugged-normal subjects of Harford and Jerger and Gronas
et al. behaved differently from each cther on a similar speech DAF task.
In Harford and Jerger's investigation, otosclerotic subjects broke douwn
mare than normals. 0On the contrary, plugged-normal subjects, who had a
minimal (27 dB) air-conduction loss, did not differ significantly in
performance from normal subjects at comparable SLs. The otosclerotic

subjects of Gronas et al. broke down more than normals. Their plugged-

normal subjects' performance, however, did not differ significantly from
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the otoaclerotic subjects. It will be reeallad that the heuring lowa for
the plugged normala and otosclorotic oubjoets wan the sams (approximataly
40 dn) in the Gronas ot al. atudy. The diffaronce in purformance bo-
twaan the plugged=-normal subjucta of theea two inveatigutionu lu probobly
due to the deqrao of AC losas thay presant. Uhon theua aub jucts have o
minimal AC loss, thay parform as nocmale, Whon thay have an AC losa ofm=
ilar to that praesented by the oloacloretie subjucty, thoy porform us oto=-
aclorotics,

It saams reasonablo to conclude that the synchronous AC pathuay
plays an important role in the detormim@tion uf the magnltuda of brooak-
down on a spaech DAF task whan tho DAF is presonted at o 50 df senuation
laval. It has bean shown by Black and Tolhurst (g) that a speaker de-
popds upon tho air-barne synchranous faedback rather than thoe 80 faodbock
in ardor to monitor tho intonsitly of his sponch.  turthoer, Lawroncoe (_‘;i)
showed more breakdown fur subjocts who whispaer than for those who vaca-
lize normally. He showed that at the two levels (20 dB and 30 dB SL)
where there was a significant difference botween whispered and voiced
speach, the level of vocal output was approximately 10 dB less for the
whispered speech. Lawrences' 20 dB SL (re: equal loudness of speech and
feedback) is probably equivaelent to the level used in the present study.
Again, it appears that there is a trend for more breakdown to occur when
the air-borne synchronous signal is decreased.

The conclusion reached by Harford and Jerger that the increase
in loudness due to recruitment is responsible for excessive breakdown is
open to question. In light of the above discussion, the degree of
breakdouwn found in subjects with recruiting losses and masked normal

subjects may not be due to the recruitment phenomenon but in reality to
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a reduction in the amount of synchronous AC feedback present for theoe

subjecta. The three oxperimental groups, (1) hydrops, (2) masked nor-
mal, and (3) otosclerotic, had mean binsural spondee thresholds of 44 dB,
42,2 d8, and 41.4 dB rogpactively and all three broke down an equivalent
amount.,

Ono of tho most important variables that was hold constant in
this investigation was that of the SAF/DAF ratio. As was previously diu=-
cussad, several investigators adjusted the gain of their recording syu-
tems in order to keep the level of the DAF cunutant at the subjoct's
ears. By 8o doing, they injected into their investigatlions the variable
of difrering SAF/DAF ratios. Since tho purpose of the two headsets in
the praesent investigation was to change the SAF/DAF ratiu by changing the
level of tha synchronous BC signals, it was imporative that the SAF/DAF
ratio not be changed by any othoer moans,  Adjusting the gain of the ro-
cording systom to nullify the incroased vocal output caused by the DAF
does just that. If the gain is adjusted on a SAF condition, the experi-
menter has determined a certain SAF/DAf ratio. If, on a DAF condition
in which the subject usually raises the intensity of his voice, the ex-
perimenter reduces the gain to compensate for the intensity increase, he
changes the SAF/DAF ratio. Changing the SAF/DAF ratio in this way re-
sults in more SAF being produced by and presented to the subject thus
inhibiting breakdown. That is, when the subject speaks louder, he in-
creases his SAF by AC and BC; if the gain of the system is reduced, the
level of the DAF remains the same but the level of the SAF is increased.
The more SAF that is present, as compared to DAF, the less the subject
should break down. A comparison of the results obtained from the pre-

sent investigation and those of Harford and Jerger and Gronas gt al. are
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presented in Table 7. It can be seen that the amount of breakdown, ex-

TABLE 7

A COMPARISON OF THE AMOUNT OF BREAKDOWN FOR NORMAL
SUBJECTS AT 50 dB8 SL ON THREE INVESTI-
GATIONS - STANDARD HEADSETS

————

Investigation Average Errors Possible Errors % Errors
Present 20.12 50 40,25
Harford and Jerger 17.00 80 21.25
Gronas st al. 7.75 40 19.38

pressed in percentage of errors, for normals is similar on the Harford
and Jerger and Gronas et al. investigations. In the former investiga-
tion, the gain of the recording system was varied to compensate for the
increase in the level of vocal output under DAF conditions. Although it
is not mentioned, it is assumed that the latter investigators also ad-~
justed the gain of their system. The present icvestigation yields break-
down results that are considerably greater than the results obtained in
the two previous studies. In light of the preceding discussion, it is
felt that this increased breakdown is caused by the fact that the gain
of the recording system was not changed under the DAF conditions in the
present study. Expressed differently, changing the gain setting on a
DAF condition results in an increase in the SAF relative to the level of

the DAF, which then limits the amount of breakdoun.



CHAPTER V

SUMMARY AND CONCLUSIONS

Introduction

The delayed auditory feedback phenomenon has been investigated
for some twenty years. During this time many of its relevant parameters
have been delineated. Experimenters are in general agreement that the
disruptive effects of DAF are related to the delay time and the intensity
of the feedback signal. Disruption is present in the form of increased
phonation time and stuttering~like behavior on a speech DAF task. In-
creased pattern time and the addition of extra taps on a keytapping, non-
speech DAF task are also described.

Harford and Jerger (31) and Gronas gt al. (27) have presented
data that show that otosclerotic subjects break down more than normals
on a speech DAF task. Two hypotheses that could explain these results
were presented. The hypothesis tested by this investigator was that oto-
sclerotics show excessive breakdown because of a decrease in the amount
of synchronous BC feedback they receive due to the absence of the oc-
clusion effect.

The purpose of the present investigation was to determine
whether or not the presence of the occlusion effect influences the amount
of breakdown on a speech and pure-~tone DAF task.

The speech task employed was the flashing numbers task described
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by Butler and Galloway (7). The pure-tone task was the one first used

by Ruhm and Cooper (44). Special non-occluding headsets were construc-
ted and utilized to eliminate the occlusion effect. For both the speech
and the 500 Hz pure-tone tasks, DAF was presented binaurally at a 50 dB
sensation level under both the standard headset and the non-occluding
headset.

The delay time utilized for both tasks was 170 msec. A con-
stant SAF/DAF ratio was maintained throughout the speech conditions.
Prior to sach DAF condition, data were collected under NAF and under SAF

at 50 dB SL. Eight normal-hearing persons served as subjects.

Results
The present investigation yielded the following results:

1. There was no significant difference betwsen NAF and SAF on
the speech and pure-tone tasks.

2. There was a significant difference between DAF and both NAF
and SAF on the speech and pure-tone tasks.

3. At a sensation level of 50 dB, there was no significant dif-

ference in the amount of breakdown on the speech DAF task

due to the improvement of the bone-conduction threshold

produced by occluding the subject's ears with the standard

headset.

Conclusion

Two possible hypotheses were presented by the present investi-
gator that could account for the excessive breakdown of otosclerotics
found in the investigations of Harford and Jerger and Gronas et al. One
hypothesis stated that otosclerotic subjects broke down excessively be-

cause the lack of an occlusion effect reduced the level of synchronous

BC feedback. The other hypothesis stated that in otosclerotic subjects,
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the level of synchronous AC feedback is decreased, as compared to nor-

mals due to the magnitude of the hearing loss, per ss.

In light of the results of the present investigation, the second
hypothesis is supported. This would sxplain not only the results on the
otosclerotic subjects but also the results on subjects with a sensori-
neural hearing loss. Acceptance of this hypothesis does not imply, houw-
ever, that changing the levsel of synchronous bone-conducted feedback at
some other sensation levels will not produce differences in subject per-

formance on a spesch DAF task.
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INSTRUCTIONS FOR THE SPEECH TASK

Uhen I point to you, I will start the numbere flashing. Repeat
the numbers in a natural voice and be ac accurate as you can. Remember,
it will be helpful if you taks short small breathe rather than big long
ones, If you get behind in saying the numbers, it is permissable to omit
any numbers in order to catch up. Once we have started the run, do not
stop trying te say the numbuers or give up. If you do, we will have to
start over again. Be sure to stay the same distance from Lhe microphone
during all the runs,

At times you may hear your voice in the earphones; try to dicre-

gard it and concentrate on saying the numbers. Do you have any questions?
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INSTRUCTIONS FOR THE KEYTAPPING TASK

When I point to you, I want you to start tapping the pattern.
Remember to be sure and use only your index finger and not your whole
hand. Tap the pattern as fast and as consistently as you <an.

When I point to you, start tapping the pattern. You may hear

"~

a sound in the earphones when you tap the touchpiate. Disregard it énd
concentrate on tapping the pattern at your own rate. UWhen I motion to
you, stop tapping.

Under no circumstances will you stop tapping or give up during
a run. If you do, the data collected from that run will be discarded

and we will have to repeat the run. Do you have any gquestions?



Appendix B

Individual Subject Data for the Speech
and Keytapping Tasks



TABLE 8

INDIVIDUAL SUBJECT DATA FOR THE SPEECH AND KEYTAPPING TASKS

e e e e e e - -~~~ ]

Non=-Occluding Headset Occluding Headset
Speech (Errors) Tapping (MPT) Speech (Errors) Tapping (MPT)
SUBJECT NAF SAF DAF NAF SAF DAF NAF SAF DAF NAF SAF DAF
1 15 8 18 1.54 1.59 1.71 6 4 22 1.57 1.58 1,79
2 9 14 27 1.85 1.77 2,35 6 4 25 1.61 1,57 1.94
3 6 8 13 1.81 1.79 2.73 6 5 28 1.54 1.72 2,40
4 2 1l 21 1.62 1.67 1.74 1 1 17 1.50 1.60 1.82
5 1 1 4 1.09 1.20 2.50 2 2 5 1.24 1,37 1,70
6 2 3 10 1.60 1.50 1.79 2 3 17 l1.64 1.50 1.76
7 1l 5 23 1.65 1.72 2.29 2 6 23 1.65 1.58 2.09
8 4 2 21 1.70 1.56 2.31 5 2 25 1.90 1.74 1.99

TOTAL 40 42 137 12,86 12.80 17.42 30 27 162 12,65 12.66 15.49
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