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CHAPTER I

INTRODUCTION

Emerson Foulke*

Of all of the forms of communication in which humans engage, perhaps
the most important is that which depends upon the interaction of one or
more speakers and one or more listeners. However, we have tended
to take it for granted, and we have not subjected it to the intensive
scrutiny given to other forms of communication, such as written com-
munication.

Throughout most of man's history, proximity has been a necessary
condition for communication between speakers and listeners. However,
because of the radio and the telephone, both of which have been devel-
oped largely within this century, spatial proximity is no longer a nec-
essary condition and, because human speech can now be recorded for
subsequent reproduction, temporal proximity is no longer a necessary
condition either.

Until recently, there has been no way to gain significant control over
the rate of communication between speakers and listeners. This rate
has been determined primarily by the cognitive and articulatory limi-
tations of speakers, and has not been amenable to the preferences or
capabilities of listeners. However, with the advent of methods such
as the one described by Grant Fairbanks and his co-workers at the
University of Illinois (Fairbanks, Everitt, &L. Jaeger, 1954), it has be-
come possible to vary the rate of recorded speech without materially
affecting its other parameters.

In the past few decades, there has been a growing awareness of the edu-
cational importance of the communication that takes place between
speakers and listeners, and of the possibilities afforded by modern
communication. technology for increasing its flexibility and efficiency
as an educational tool. One manifestation of this new awareness is the
growing number of courses offered in educational and industrial set-
tings for the purpose of improving listening skills. A special interest

*Dr. Emerson Foulke, Director of the Perceptual Alternatives Labora-
tory, University of Louisville, is Editor of the Proceedings of the Sec-
ond Louisville Conference on Rate and/ or Frequency-Controlled Speech.
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has been expressed by those concerned with the education of children
who, for whatever reason, must place extraordinary reliance on speak-
ing and listening in order to communicate. Blind school children, for
instance, depend heavily upon reading by listening because they cannot
read print and because they read braille so slowly. There is an increas-
ing awareness on the part of educators of the large number of children
without visual impairment who have serious reading problems that do
not yield to remedial efforts, and the advantage they might gain from
reading by listening is beginning to receive attention. Much of the in-
struction provided by college and industry depends upon aural commu
nication, and the feasibility of increasing the rate of recorded speech
suggests intriguing possibilities for more efficient utilization of the
limited time available for instruction.

The ability to reduce the rate of recorded speech may also be valuable.
Word rates that are slower than normal may, in some cases, be more
compatible with the cognitive abilities of mentally retarded children.
Students of foreign language and individuals with problems of articula-
tion may profit by the opportunity to hear the phonetic components oi
spoken words at a slower rate. Recorded speech presented at a rate
that is slower than normal may afford a technique for pacing slow readers
or students of typing. Secretaries may be able to transcribe recorded
dictation more efficiently when they listen to speech, the word rate of
which has been reduced.

The first method for altering the word rate of recorded speech to receive
the attention of investigators (Fletcher, 1929; Klurnpp & Webster, 1961)
was the reproduction of a tape or record at a different speed than the one
used during recording. This method achieves the desired effect as far
as word rate is concerned. Reproduction at a faster speed increases
word rate, while reproduction at a slower speed reduces word rate.
However, in either case, serious distortion is introduced that soon ren-
ders words unintelligible. Fortunately, the method developed by Fair-
banks et al. is now available. This is a sampling method in which
periodic samples of a recorded signal are reproduced in order and with
temporal contiguity. If the duration of the samples discarded by this
procedure is brief enough, the ear will not be able to detect their absence,
and if the time required for the reproduction of each critical feature of a
speech signal is greater than the time represented by each discarded
sample, it will be impossible for the critical feature to fall entirely with-
in a discarded sample. These conditions are satisfactorily met when
discarded samples are 30 milliseconds (msec. ) in duration or less, and
the result is speech, the word rate of which has been increased without
distortion in pitch or voice quality. A recorded signal may be expanded
in time by reproducing overlapping samples of that signal and the result
is a reduction in word rate without pitch distortion.
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The control of si eech rate that was made possible by the commercial
availability of equipment for sampling speech in the manner just de-
scribed has stimulated a great deal of research concerning the effect
of speech rate on the intelligibility of words and phrases, and the
comprehensibility of fluent speech (Fairbanks, Guttman, & Miron,
1957c; Fairbanks & Kodman, 1957; Foulke, Amster, Nolan, & Bixler,
1962; Foulke & Sticht, 1967a; Friedman, Orr, Freed le, & Norris,
1966; Garvey, 1953b; Orr & Fridman, 1964). Experimental attention
has been given to a variety of questions in which word rate figures as a
factor. There has been an accumulation of experimental results which
support the general conclusion that speech may be presented at a rate
in the neighborhood of 275 words per minute (wpm) with the expectation
of satisfactory comprehension, and if an appropriate training experi-
ence can be devised, comprehension of speech at much higher word rates
may be possible as well. Because of these findings, many people have
begun to give serious consideration to the benefits that might be realized
by the use of rate-controlled recorded speech and there has been a stead-
ily increasing interaction between researchers and educ;:-tors in develop-
ing its practical applications. In addition, those interested in basic
research on the perception of speech have taken. advantage of the oppor-
tunity to control speech rate while holding other parameters constant
(Foulke & Sticht, 1967a; Friedman & Johnson, 1968; Miron & Brown,
1968; Overmann, 1969; Wilson, 1969).

The first Louisville Conference on Time-Compressed Speech was con-
vened at the University of Louisville on October 19, 20, and 21, 1966.
The Conference was presented under the joint sponsorship of the Library
of Congress and the University of Louisville, with additional financial
support from the Office of Education. A volume containing the proceed-
ings of the Conference, and an extensive list of references to the research
literature on rate-controlled recorded speech, was prepared and distrib-
uted. This volume has proved to be a valuable source of information for
those interested in rate-controlled recorded speech.

Another outcome of the Conference was the appointment of an implemen-
tation committee, charged with the responsibility of promoting action on
recommendations developed during the Conference. One of the most
urgent reemmmendations of the Conference was the establishment of a
national center from which rate-controlled speech could be obtained. In
response to this recommendation, the Center for Rate-Controlled Re-
co dings was established at the University of Louisville, under the di-
rection of Dr. Emerson Foulke, with the implementation committee
serving as its Advisory Board. Since that time, the Board has met two
or three times each year to discuss the development of rate-controlled
recorded speech as a tool for research and education, to review the
activities of the Center, and to participate in the formulation of new Cen-
ter projects.
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Another urgent recommendation of the first Louisville conference was
for the development of a mechanism for disseminating information
about rate-controlled recorded speech to those interested in its appli-
cations. In response to this suggestion, the Center undertook the pub-
lication of a monthly newsletter which reports research plans and findings,
new applications, equipment development, and other information of in-
terest to workers in the field. In addition, the Center fills requests for
research reports and demonstration tapes containing samples of recorded
speech, compressed or expanded in time by the several known methods.

Since the first Louisville conference, there has been a rapid growth in
the level of interest and activity concerning rate-controlled recorded
speech. Accordingly, the Center's Board decided to convene a second
Louisville conference to serve this interest and the related interest of
frequency-controlled speech. The Second Louisville Conference on Rate
and/ or Frequency-Controlled Speech was held at the University of
Louisville on October 22, 23, and 24, 1969, under the sponsorship of
the University of Louisville, with financial support from the American
Foundation for the Blind, the Library of Congress, and the Office of Edu-
cation. This Conference was attended by approximately 125 people,
representing such fields as psychology, linguistics, education, educa-
tional administration, library science, engineering, and industry. The
Conference program consisted of reports in three categories: basic re-
search concerning the perception of time and/ or frequency-controlled
speech; technical reports concerning the production of time and/ or
frequency-controlled speech; reports of practical applications of such
speech in educational, industrial, and other settings. A preconference
workshop was held for the purpose of providing some exposure to relevant
terms and concepts for those unfamiliar with the area. The first confer-
ence day included a luncheon meeting with Dr. A. Hood Roberts as the
guest speaker.*

This volume contains the 33 conference reports. Since there was con-
siderable overlap in the references cited by authors, it was decided not
to include a list of references at the end of each report. Instead, the
references cited by authors have been combined into a single list. This
list has been augmented by entries from the reference file maintained by
the Center for Rate-Controlled Recordirlgs, and from a List of references
prepared by Dr. Daniel S. Beasley, Department of Audiology and Speech
Sciences, Michigan State University, and Dr. Willard R. Zemlin, Voice
and Hearing Sciences Research Laboratory, University of Illinois. This
list of references, though possibly not bibliographic in scope, is extensive,

*Dr. A. Hood Roberts is affiliated with the Center for Applied Linguistics,
Washington, D. C. The title of his luncheon address was "Automation
and Speech. "

10
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and it is hoped that it will serve as a valuable resource to those wishing
to read in the area.

In some cases, Conference reports were written by more than one au-
thor. Unless otherwise indicated, these reports were presented by the
senior authors. Dr. Daniel Ling and Dr. Paul Resta were scheduled
to make reports to the Conference. Due to circumstances beyond their
control, they were unable to attend the Conference. Nevertheless,
their reports have been included in this volume.

Mr,, Stephen F. Temmer, President of Infotronic Systems, Inc., re-
ported on the Information Rate Changer, Mark III, which will be avail-
able for distribution by Infotronic Systems before long. The Mark III
is a completely redesigned machine. Unlike previous models, it is
not restricted to the reproduction of tape recorded at 15 ips. Further-
more, if desired, the pitch of the recorded speech signal can be varied
without affecting word rate. His report has not been included since it
was an informal demonstration of the capabilities of the Information Rate
Changer, Mark III.

The preconference workshop was presented by Dr. Willard Zemlin, Dr.
Emerson Foulke, and Dr. Robert Scott. Dr. Zena En presented a discus-
sion of the mechanisms involved in speech production and hearing, and
of acoustical energy containing speech information. Dr. Foulke explained
the compression or expansion of speech by the sampling method and de-
scribed the manner in which it is accomplished by electromechanical
compressors of the Fairbanks type. Dr. Scott described the general
procedures involved when computers are used for the compression or
expansion of speech by the sampling method. The remarks of those who
conducted the Workshop have not been included in this volume, since they
were made extemporaneously, and since the effort to record them on
tape was not entirely successful. However, no new information was pre-
sented at the Workshop. Its purpose was to provide a background for
inexperienced Conference participants, and the information presented
is generally available elsewhere.



CHAPTER II

AN INTRODUCTION TO SPEECH TIME COMPRESSION TECHNIQUES:

THE EARLY DEVELOPMENT OF SPEECH TIME COMPRESSION

CONCEPT AND TECHNOLOGY

H. Leslie Cram7*

Introduction

It should be obvious t1iit, until it was possib- e to record and pla- hack
speech or sound in some manner, it was impossible to develop a_-,y sort
of speech compression system. Speech time compression has only been
possible and developed as the technology for mechanical and electronic
acoustic recording has advanced.

There are two parallel developments that have taken place. One is the
conceptual development of time compression. The second is the devel-
opment of audio recording-playback systems, which, although preceding
the development of the concept of time compression, will be taken up in
the latter part of this paper.

The Conceptual Development of Time Compression Methods

Following are findings of some of the significant experiments that led
researchers gradually into the idea of time compressing speech.

One of the earliest experimenters in this field was Harvey Fletcher (1929)
of the Bell Telephone Research Laboratories. In 1929, he published his
findings on accelerating speech phonographically; that is, the playing of
a phonograph record at a speed faster than that at which it was recorded.
Recorded speech played in this manner increases the frequency, re-
sulting in speech which has a "Donald Duck" or "Chipmunk" effect. At
moderate rates of acceleration, such speech is intelligible, especially

*Dr. H. Leslie Cramer is Senior Research Analyst, Peace Corps, 806
Connecticut Avenue, N. W. , Washington, D.C. 20525.

6
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with practice in listening to it. There have been many studies dealing
with the comprehension of speech so produced. However, the remainder
of this paper will be limited to the development of time compression of
speech without attendent frequency distortion, or rise in pitch.

The pattern shown in Figure 2.1 was made on a soand recording instru-
ment called an )scillograph. This is the tracing of the vowel sound
/ a/ , as in the word "father. " A fundamental cycle or pitch pe-
riod of this voice tracing is rADrese
A and B, while the portions between
cessive pitch periods. The part shov
vowel sound, which may have from 20
on the pit/2h of a speaker's voice, his
vowel spqken.

the portion between points
vnt 3-C and C-D represent sue-

1-1E s is nly a small part of a
') 5, co:---_plete cycles, depend..ng

sp aking, and the particular

Gemelli (1934) in Italy and Peterson (lc 3c f.n tE United States, both ex-
perimented with the time duration of a -oh, :me hich is necessary for
it to be properly perceived. Their findin wer nearly identical; that
is, both discovered that only one or two pitch periods of a
vowel sound are necessary for its percep-L_on am identification. These
findings made it clear that, at least in vowel sounds, there is a high de-
gree of redundancy in speech.

Steinberg (1936) reported that speech rates could be increased by playing
records at accelerated speed without a great loss in intelligibility, at
least with moderate rates of increase.

In 1940, Goldstein at Columbia University started experimenting with
rate of speech to determine the comprehension of continuous discourse
at gradually increasing increments of words per minute (wpm). He re-
corded lectures at increasing wpm rates and then presented this recorded
material to students to determine how well they could understand it. The
maximum rate of 325 wpm was produced by partially accelerating a pho-
nograph record which had been recorded at 285 wpm. This was done be-
cause he was unable to find a speaker who could articulate clearly at 325
wpm. The 325 wpm presentation, according to Goldstein, was not, how-
ever, noticeably distorted. He found that his subjects had fairly good
perception and understanding at this high rate. This led to the idea that
our listening speed is primarily limited by the rate of speech production
rather than by perceptual or cognitive structures.

Miller (1946) and Miller and Licklider (1950) experimented with an elec-
tronic switching system for interrupting speech. This process blanked
out alternate portions of speech. With 50% of the speech cut out, intelli-
gibility fell only 15°70
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ABCD
if

Figure 2.1. Oscillograph tracing of the /a/ sound of the word
father. (This includes only about one-fourth of the pitch periods of the
/ a/ sound. )
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In 1948, John Black, at Ohio State University, conductd research for
the Office of Naval Research (ONR). He was experimenting to determine
the significance of different phonemes for word intelligibility. He sim-
ply used a razor blade to cut pieces out of a recorded tape, splicing the
remaining pieces together. This was done to analyze the contribution of
vowels and consonants to the intelligibility of single words.

It was Black's --eport on this ONR research which stimulated Garvey and
Henneman (195)) to work on the "cut-splice" method. They reasoned
that Black's cu- and splice method could be used to eliminate part of the
speech recorded on a tape, as Miller and Licklider had done in their
study of electronically interrupted speech. With Black's method, hotr-
ever, the gaps of silence in Miller and Licklider's process would be
eliminated and a saving in time would result. Their reasoning was sound,
and a highly intelligible speech record was produced at speed-up ratios
from 33% to 400% (1.25 to 4 times normal).

This method for time compressing speech can best be conceived by visu-
alizing cutting alternate one-quarter inch pieces out of a recorded tape.
Every other piece may be discarded, and those remaining spliced back
together. Such a processed tape would make it possible to hear a half-
hour lecture in 15 minutes because it is literally only half there. However,
because each segment is played back at the speed at which it was recorded,
there would not be the rise in pitch, or "Donald Duck" effect. Instead,
the voice would sound normal in terms of pitch, and only the speed, or
wpm rate, would have increased.

Figure 2. 2 shows the comparison of intelligibility of "chop-splice" pro-
duced time-compressed speech with phonographically accelerated speech
produced by both Garvey and Steinberg. This figure shows that the Uni-
versity of Virginia "chop-splice" method (Garvey) produces speech which
remains above 90% intelligible at 2.5 times the input ratio. It may also
be seen from this graph that the phonographic acceleration of speech by
both Steinberg and Garvey does not produce speech as intelligible as the
"chop- splice" method.

After finishing his thesis at the University of Virginia, Garvey was quite
tired of cutting and splicing pieces of tape together. Sometime ago he
stated that he was so sick and tired of recording tape and splicing tape
that he hoped in his entire life he'd never see another tape splicer or reel
of tape.

It is fortunate for researchers that within a couple of years of Garvey's
work with the "cut-splice" method, Grant Fairbanks, W. L. Everitt, and
R. P. Jaeger (1953, 1954, 1959) at the University of Illinois applied for
a patent on an instrument which would automatically accomplish the same
result in terms of eliminating pieces of speech.
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Fairbanks' method of automatically scanning a magnetically recorded
tape, which reproduces a portion and eliminates another portion of each
speech segment was developed by Fairbanks et al. (1953, 1954, 1959).

Referring to Figure 2.3, tape loop (1) traveling in the direction shown
by arrow (7) passes over erase head (8) and recording head (9). The tape
loop (1) then goes over idler (2), down around the rotating head assembly
(10), between the tape drive capstan (5) and pressure roller (6), around
tension adjusting wheel (3) and back to erase head (8) where it started.
When the compressor is in operation, material on the tape is erased at
erase head (8) in order to record cleanly at the record head (9). The
recorded tape passes the rotating head assembly (10) in the direction
shown by arrow (7). The tape moves faster than the rotating head as-
sembly, so that speech recorded on the tape is picked up by any one of
the four heads (A, B, C, and D) in the assembly over which it is passing.
At the instant when head A leaves contact with the tape, head B contacts
the tape. Everything recorded on the tape wrapped around the rotating
head assembly between heads A and B will not be scanned or played back
by either head A or B and therefore will be discarded. The temporal
length of the unscanned material is referred to as the interval discarded
(Id), while the part played back by each head constitutes the interval
sampled (I ). These two factors can be varied with the Fairbanks equip-
ment so that one may specify either a specified sampling or a discard
interval at any given compression ratio. Of the three factors--com-
pression ratio, discard interval, and sampling interval--two have to be
fixed.*

It may be seen in retrospect that the work of Fletcher, Steinberg, and
Goldstein showed that one could clearly understand speech at rates faster
than speakers are capable of articulating and producing continuous dis-
course. Gemelli and Peterson added experimental evidence that one
need hear only a small part of vowel sounds to properly identify them.
Miller found that alternate portions of speech could be blanked out with-
out a great decrease in intelligibility. Black and Garvey both eliminated
pieces of the speech record without leaving blank spaces so that the wpm
rate was increased without a pitch rise or great loss in intelligibility.
The final synthesis of these findings was their embodiment in the speech
compressor invented by Fairbanks et al. (1959).

*A more complete explanation of Fairbanks' Compressor, complete
with operating formula and peripheral equipment adjustments, is avail-
able in Cramer (1968), pp. 40-51 and pp. 191-203.
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1 - Tape Loop 8 - Erase Head
2 - Idler Wheel 9 - Record Head
3 - Tension Adjusting Wheel 10 - Rotating Head Assembly
4 - Mounting Plate 11 - Playback Heads
5 - Capstan 12 - Direction of Rotating
6 - Pressure Roller Head Assembly when
7 - Direction of Tape Loop Compressing

Travel

Figure 2.3. Detail drawing of Fairbanks' compressor.
Fairbanks, Everitt, and Jaeger, 1959.)

18

(From
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The Development of the Technology for Time Compressing Speech

The second major development referred to at the beginning of this paper
relates to the technology for electromechanical recording and playback
of auditory signals. The treatment of this area must necessarily be re-
stricted to that bearing directly on methods of either recording or play-
back that scan or sample an original auditory input, or otherwise
translate frequencies up or down the scale. The writer believes that
the coverage of this topic is complete, but will be most interested in
references to any other devices on which patents are held that are not
reported here.

In the following brief review of patents, the dates given in the text will
be the original filing dates, while those in the references represent the
actual date a patent was issued. This seems necessary in view of the
fact that it is the date of conception of the idea that is important, and in
many cases there was a substantial delay in the awarding of the patent.
However, the interested reader needs the date of issue in order to re-
trieve information on the patents.

The earliest record of a speech scanning system is a U. S. patent filed
by N. R. French and M. K. Zinn (1928) in December 1924. This system
proposes to rotate a microphone around a sound pipe or speaking tube
bent in a circle with a slot around its edge (see Figure 2.4).

This patent, it turns out on analysis, would not work with air as the
sound carrying medium, since the tube would have to be 15 feet in cir-
cumference and scanned at 32,000 rpm in order to accomplish 50% com-
pression. This patent therefore really only represents the concept of
scanning without the reduction to practice normally required in a patent.

In 1930, Berthold Freund (1935) applied for a patent on a device used
for scanning motion picture film sound recordings which could be used to
vary the length of sound records. This was developed for synchronizing
sound to the film track and for shortening the speech record to match a
speeded up portion of film, without having a pitch rise. This appears
to be the first apparatus capable of actually time compressing speech,
although no claim for use other than to match film records was made (see
Figure 2.5).

In 1935, Homer W. Dudley (1938) applied for a patent on a signalling
system which sampled every other pitch period of speech and transmitted
it to a distant point. At that distant point, each pitc1- period was re-
peated once to reestablish a wave form similar to t' original. The
patent made no claim for saving the listener time, a s it was only to save
time on transmission that it was developed. This same apparatus could,
without repeating each signal on the output end, compress speech.
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Selective

Figure 2.4. Detail from French and Zinn (1928), showing their
Figure 12a and Figure 12b illustrating a rotating microphone sound tube
scanning system,

Figure 2.5. Detail from Freund (1935), showing his Figure 1 and
Figure 4 illustrating system for scanning motion picture film sound track.
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In 1936, R. L. Miller (1939) applied for a patent on a signalling system
which used frequency division for speech bandwidth reduction. This
patent anticipated the harmonic compressor as worked out recently by
the American Foundation for the Blind.

In 1936, Leonid Gabrilovitch (1939) developed a system for scanning a
steel wire recording with rotating heads. This was similar to Dudley's
in that it was designed to reduce frequencies for transmission. At the
transmitting end of a line, every other segment was divided before
transmission, then at the receiving end it was multiplied in frequency
and repeated once before the next segment arrived (see Figure 2.6).

In 1938, Eduard SchUller (1942) patented a similar device in Germany
which was used for playing back magnetic recordings in less time or
in longer time than that in which they were actually recorded. In his
patent he states:

"If the sound head is rotated in the same direction as that
of the travel of the record strip, . . . an acoustical time
compressing is obtained and the reproduced signal has its
original frequency but is read off in less time than was re-
quired for the recording. "

This is the first clear reference to time compressing speech with the
method Fairbanks later developed, apparently independently.

Figure 2. 7 shows Figures 1 and 2 from Schiiller's patent and greatly re-
sembles others.

In 1944, Gabor (1949) applied for a patent on a device using microscope
lenses in a ring to scan the sound track of a motion picture film. See
Figure 2. 8 for Gabor's diagram of this process.

In 1947, Gabor (1950) developed many ingenious ways of both scanning
and blending adjacent samples of the speech record. See Figure 2.9
for diagrams of some of these. These figures display systems of scan-
ning a track photographically, and electronically. Gabor's Figure 11
shows how lenses are formed by discharging a spark synchronized to
voice pitch periods, through water. The bubbles of gas so produced
are then circulated by a pump past the sound record to be scanned. A
real Rube Goldberg device!

In 1950, Vilbig (1950, 1952, 1967) described a string filter device which
is a physical analog of the electronic harmonic compressor. It could be
used only to compress by a factor of two to one. Figure 2.10 shows a
picture of this complex system.
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Figure 2. 6. From Gabrilovitch (1939), showing his Figure 2
illustrating the rotating scanning heads.

Figure 2.7. From Schuller (1942), showing his Figure 1 illustrating
his rotating magnetic pickup heads.
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Figure 2.8. From Gabor (1949), Figure 1 illustrating his lens drum
used to scan motion picture film tracks.

PeNK GA.°

Figure 2. 9. From Gabor (1950), Figure 10 and Figure 11 illustrating
his apparatus for scanning a motion picture film track in sychrony with
voice pitch periods.
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2 fl 210

FIG. 1. Schematic diagram of the basic circuity of a
"distortion-free" frequency doubler.

J

FIXED END PICK UP
(2 i (2

MAGNETIC EXCITER MAGNETIC EXCITER

FIG. 2. Construction of the exciting coils and the pick-up in a cross sectional view.

TUNING ADJUSTMENT

Figure 2.10. From Vilbig (1950), Figure 1 and Figure 2 illustrating
his string filter analog of the harmonic compressor.
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In the fall of 1952, Grant Fairbanks et al. (1959) applied for their patent
on the compressor system* developed at the Speech Research Laboratories
at the University of Illinois. This system uses the rotating head assembly
shown in Figure 2.3.

Anton Springer (1961a, 1961b; 1962a, 1962b, 1962c; 1963) filed a series
of patents on improvements on the rotating heads and driving mechanisms
starting in 1956. These have been incorporated into the Eltro Tempo
Regulator manufactured in Germany.** These machines have the advan-
tage of a continuously adjustable compression rate up to 1.7 times normal
wpm rate, but a disadvantage in terms of the long discard interval of 40
milliseconds.

Schimmel and Clay (1963) filed for add-: impro-.-ements on rotating
heads. This was mainly an air su.spen_iL system to reduce tape and
head wear. Gabor (1965) patented a ner.f_=-:1-lead system with provision
for synchronizing the sampling to the ocT:urence of nitch periods in the
speech record being p7ocessed.

Robert J. Wenzel (1962) wolnng at Ma s achusetts Institute of Technology
with John Dupress, developed a jitter aon time compression device
using the ignition timing cam from an a, 2mobi1e as the basic driving de-
vice. This did not work 4 o well due to ---_,echanical vibration but may well
deserve renewed effort as it would be an inexpensive system to produce.

Jay Harold Ball (1961) developed the first known computer program for
compressing speech. His work was followed by Scott (1965), H. L.
Cramer and R. P. Talambiras (1970), and S. U. Qureshi and Y. J.
Kingma (1970).

There are reportedly two solid state systems under development using
essentially a long taped delay line for slowing speech and thereby reducing
frequencies below normal.

*This device was first commercially available as the Vari-Vox machine,
manufactured by Kay Electronics, Inc. in New Jersey. It is now com-
mercially available in improved form from Discerned Sound, Inc., North
Hollywood, California. Samples of the speech produced on this type of
machine are available from the Center for Rate-Controlled Recordings,
University of Louisville, Louisville, Kentucky. This Center also has
facilities for processing tapes at any specified amount of compression
at a nominal fee.

**Available from Gotham Audio, New York, New York.
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To summarize, in terms of available systems today, there are three
different approaches. First, in terms of both discovery and amount of
usage today, is the rotating head assembly system of Fairbanks et al.
Secondly, we have several computer programs, somewhat costly and
not generally available. Thirdly, we have the Harmonic Compressor
developed by the American Foundation for the Blind and now available
at the Perceptual Alternatives Laboratory at the University of Louis-
ville, Louisville, Kentucky.



CHAPTER III

EFFECT OF RATE OF COMPRESEION AND MODE OF TDRESENTATION

ON THE COMPREHENSION OF A RECORDED COMMUNICAT.ION

TO JUT JOR COLLEGE STUD.--2,NTS OF VARYING APTITUDES

Clement Ccrdell Parker*

A problem cc---amon to most educati :nal institutions is to find be-._ tech-
niques to sep:- informatior_ across iedia with speed and I eliabiliti The
problem is a gravated within junic_:- colleges because of the increL..sed
heterogenei: of its student populaton.

A number of studies have been made to determine the relationshi7 of
rate of presentation with degree of comprehension. Harwood (19;) dis-
covered an insignificant loss as word rate was increased. Fairba_aks,
Guttman, and Miron (1957c) found little difference in the comprehension
of messages presented at 141, 201, and 282 words per minute (wpm).
The results of these and other studies seem to indicate that while there
is a loss in comprehension with an increase in rate of presentation, the
loss is insignificant up to about 280 wpm.

Sticht (1968) trichotomized 135 Army inductees into three mental apti-
tude categories--low, medium, and high--according to their Air Force
Qualification Test scores. He found that increasing the speech rate had
a greater disrupting effect on test performance of the higher aptitude
subjects than those of low aptitude.

Travers (1964) reports that he and Jester presented reading passages
through hearing alone, vision alone, and both hearing and vision. They
found that at the slower speeds no advantage was found for the audio-
visual presentation, but at higher speeds the audiovisual channel proved
to be superior. Loper (1966) measured comprehension and retention
using two modes: aural and visually augmented aural where televised

*Mr. Parker is Chairman of the Department of Speech & Drama on the
Northeast Campus of the Tarrant County Junior College District in
Fort Worth, Texas. He is a candidate for the Doctor of Education degree
at North Texas State University in Denton, Texas.
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pictorials were used to supplement the aural messaEe. canch-ded
that visaal augmentation does not provi e much assiL- .ar:e to an aural
p: , sentation.

uuor college students score lowe-2 on aptitude tests _Lau those students
in four year colleges. The research (Cross, 1968) i ational in scope,
unanimous in findings, and is based on a staggering a -:ay of accepted
m3asures of academic aptitude.

This study was conducted with the hope that an efficie_ --aethod for pro-
cessing information for junior college tudents could b :liscovered,
th3reby increasing their learning and success potential

Statement of th3 Problem

The problem of this study was to find a _more efficier -vay to store and
transmit recorded information, thereby increasing 3±_ficiency of pro-
grammed learning centers and reducing the time requi Ed. for utilization.
More specifically, the problem was to determine the of compres-
sion ard mode of presentation having the most favorabl, impact on the
comprehension of a recorded communication to junior college students
of varying aptitudes.

Subproblems included the following: (1) determination to what degree
rate of compression could be increased without significant loss in com-
prehension, (2) determination to what degree rate of comprehension
could be increased with the simultaneous presentation of compressed
speech and the printed page, and (3) determina±ion of the effects of rate
of compression and mode of presentation to students representing all
levels of aptitude, low levels of aptitude, and high levels of aptitude.

Definition of Terms

1. Compressed speech--oral, tape-recorded communication in which
brief segments of the message have been deleted without significant
distortion in vocal pitch or quality. (la) Zero compression, normal
speaking rate; (lb) one-third compression, compressed speech re-
quiring two-thirds of the original time for presentation; (1c) one-half
compression, compressed speech requiring half of original time for
presentation.

2. Audio-ocularthe addition of the printed page to match an aural
message in order to add the factor of sight to a factual presentation.

3. Test of comprehension--the correct number of responses to the com-
prehension test within Form B of the 1960 edition of the Nelson-Deimy
Reading Test.
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4. Tes, f aptitudethe correct number of responses to the Verbal
Compre-_-nsion section of the Guilford-Zimmerman Aptitude Survey.
(4a) All-_evels group, included all students participating in experiment
minus t1- se ',aker, from the initial sample because of absence during
one , tsts or failure to hear all of the selections; (4b) high-level

se students who, within their treatment condition, scored at
or Ei:Do-e t e sixty-seventh percentile on test of aptitude; (4c) low-level
group, tl-,ose students who, within their treatment condition, scored at
or below the thirty-third percentile on test of aptitude.

Procedure

The eig _ selections within the test of comprehension were recorded by
a profe__-,:i'onal speaker, and compressed to one-third and one-half de-
grees, the Center for Rate-Controlled Recordings at the University
of Louisville. Compression was achieved through the use of a Fairbanks
type compressor. Instructions and a 2-minute practice selection were
programmed into the tapes.

Subjects were 429 students enrolled in the Freshman composition classes
during the fall semester of the 1969-70 academic year on the Northeast
Campus of the Tarrant County Junior College District in Fort Worth,
Texas. Eighteen of the 22 available day sections were selected at ran-
dom, and a table of random numbers utilized to populate the six experi-
mental groups with three sections in each group (about 75 students for
each of the six everimental groups).

The test of comprehension was administered during the first week of
classes in the Language Laboratory within the Programmed Learning
Center. Students were free to select any one of the 30 available car-
rels, and each carrel was equipped with padded earphones which could
be adjusted for comfortable listening. Each of the output units was
locked into the channel selected for the experiment. A copy of the test
of comprehension was available to all audio-ocular groups, and included
the printed copy of each of the recorded messages. The aural-only
groups received only the test questions. Each carrel was supplied with
pencil, answer sheet, and short questionnaire.

When all Ss were seated, they were asked to place their earphones on
their heads. Programmed instructions began immediately thereafter
with an admonition to adjust the earphones for comfortable listening and
to confirm ability to hear. Students then heard the 2-min.-Lite introdur'tor,-
message and the eight selections of the test of comprehension. Students
were allowed 15 seconds per question to answer each of the 36 multiple-
choice items. When -"le last test was finished, students were asked to
fill out a brief questionnaire and were thanked for their participation.
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_ubjects were also given the test of aptitude during the first week of
_lasses. All of the tests were administered by the same person in corn-
Darable classrooms. All tests were hand-scored and the results re-
rorded on keypunch worksheets.

Treatment of Data

Three 3 x 2 classifications of data were created. The 3 x 2 schema
represented two modes of presentation (aural-only and audio-ocular)
-and three degrees of compression (zero, one-third, and one-half). The
first 3 x 2 classification represented the all-levels group, the second
:he high-level group, and the third the low-level group. Two-way ana-
lysis of variance yielded the following results:

TABLE 3.1

TWO-WAY ANALYSIS OF VARIANCE FOR TEST OF
COMPREHENSION ALL-LEVELS GROUP

Source of Variation SS df MS
Mode of Presentation 1,428.35 1 1,428.35 54.73*
Rate of Compression 1,101.43 2 550.71 21.10*
Interaction 349.97 2 174.99 6.70*
Within 11,040.34 423 26.10

*p < 0.05

TABLE 3, 2

TWO-WAY ANALYSIS OF VARIANCE FOR TEST OF
COMPREHENSION H1GH-LEVEL GROUP

Source of Variation SS df MS
Mode of Presentation 671.79 1 671.79 35.16*
Rate of Compression 291.48 2 145.74 7.63*
Interaction 253.63 2 126.81 6.64*
Within 2,617.42 137 19.10

*p < 0. 05
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TABLE 3.3

TWO-WAY ANALYSIS OF VARIANCE FOR TEST OF
COMPREHENSION LOW-LEVEL GROUP

Source of Variation SS df MS F
Mode of Presentation 204,43 1 204.43 10.31*
Rate of Compression 424.72 2 212.36 10.71*
Interaction 43.67 2 21.83 1.10
Within 2,716.85 137 19.83

*p < 0.05

Since the results from the analysis of variance permitted rejection of all
null hypotheses of no difference due to rate of compression or mode of
presentation at different aptitude levels, t tests were run for comparison
of certain means with the following results:

TABLE 3.4

MEAN COMPREHENSION SCORES ALL-LEVELS

AURAL- ONLY_ AUDIO- OCULAR

Zero Compression 19.66 .4 11.-- 21,35

One-third Compre s s ion f 18.13 21.36

One-half Compre s sion 13.75 19.81 T

Key: No significant difference between means
/0.- Significant difference at .05 level or better.
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TABLE 3.5

MEAN COMPREHENSION SCORES HIGH-LEVEL

AURAL- ONLY AUDIO- OCULAR

Zero Compression

One-third Compression

One -half Compr es s ion

t
22.88 -4,- -1.-- 24.63

T

i

1

i 20 . 48 70-- 23.75
1

i i
1

1

1

16. 24 --41----kv- 24.26 t

TABLE 3. 6

MEAN COMPREHENSION SCORES LOW-LEVEL

AURAL-ONLY AUDIO-OCULAR

Zero Compression A 17.20 -4------ - -0-- 18.04 i
I I
1 1

One-third Compression ii 15.78-41"-°°-40'19.08 i

One-half Compression 1 12.33 -.4---s--15.39

Key:
No significant difference between means.
Significant difference at . 05 level or better.

TABLE 3.7

i

1

t TESTS FOR COMPREHENSION SCORES ALL-LEVELS GROUP

Run Mean N Mean N df
1 19.66 76 21.35 80 154 -2.07*
2 18.13 68 21.36 73 139 -3.74*
3 13.75 63 19.81 69 130 -6.81*
4 19.66 76 18.13 68 144 1.79
5 18.13 68 13.75 63 129 4.91*
6 21.35 80 21.36 73 151 - .01
7 21.36 73 19.81 69 140 1.80

*p < 0.05
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TABLE 3.8

t TESTS FOR COMPREHENSION SCORES HIGH-LEVEL GROUP

Run Mean N Mean N df t
1 22.88 25 24.63 27 50 -1.44
2 20.48 23 23.75 24 45 -2.56*
3 16.24 21 24.26 23 42 -6.08*
4 22.88 25 20.48 23 46 1.90
5 20.48 23 16.24 21 42 3.21%,
6 24.63 27 23.75 24 49 . 72
7 23.75 24 24.26 23 45 - . 40

*p < 0.05

TABLE 3.9

t TESTS FOR COMPREHENSION SCORES LOW-LEVEL GROUP

Run Mean N Mean N df t
1 17.20 25 18.04 27 50 - . 68
2 15.78 23 19.08 24. 45 -2.54*
3 12.33 21 15.39 23 42 -2.27*
4 17.20 25 15.78 23 46 1.10
5 15.78 23 12.33 21 42 2.57*
6 18.04 27 19.08 24 49 - . 83
7 19.08 24 15.39 23 45 2.84*

*p < 0.05

Discussion

The simultaneous presentation of the printed page to match an aural pre-
sentation resulted in significantly better comprehension for all aptitude
levels hearing conipressed speech. It was not, however, superior for
the high and low aptitude level groups hearing normal rate recordings.
Hence, it may be concluded that the printed page provides assistance in
comprehension when the speaking rate is increased above the normal
rate.

None of the aptitude levels experienced significant losses in comprehen-
sion when messages were. speeded to one-third compression. This illus-
trates the suitability and efficiency of compressed speech for a junior
college population. Furthermore, except in low-aptitude groups, the
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speed may be increased to one-half compression without significant loss
in comp;ehension, provided the printed page is supplied to match the
aural message. Comprehension was significantly decreased when the
aural-only messages were speeded to one-half compression. A speed
of one-half compression may be too great to result in acceptable com-
prehension for aural-only groups.



CHAPTER IV

PERTURBATIONS OF SEX JUDGMENTS WITH TIME-COMPRESSED

AND FREQUENCY-DIVIDED SPEECH SIGNALS

Daniel S. Beasley and Willard R. Zemlin*

If time-compressed and frequency-divided speech is to be used in educa-
tional and clinical settings, the equivocal results of several studies of
subjective perceptual interpretation of the processed speech signal should
be investigated.

Time-Compressed Speech

Daniloff, Shriner, and Zemlin (1968a) observed female speakers to be
rated as more intelligible than male speakers when they spoke eight vow-
els in an h-d context which were time-compressed using the Fairbanks
sampling method. However, Zemlin, Daniloff, and Shriner (1968) also
showed that listeners rated female time-compressed speech as more dif-
ficult to listen t,-) than male time-compressed speech. 1.a.-1. addition, the
same judges preferred 30% time-compressed speech over 40% and 50%,
although the Daniloff et al. (1968a) study showed that intelligibility was
high up to compression rates of 70%. It appears phonemic quality, as
reflected by vowel intelligibility, may remain more stable at higher com-
pression ratios than phonetic quality. Foulke (1966c) distributed record-
ings of time-compressed speech and questionnaires to blind Ss in several
geographical areas. Although the majority of the respondents found the
female easier to understand than the male (55% versus 45%), a larger
majority preferred to listen to the male (65% versus 32%). These results
suggest that speaker preference criteria of auditory Os may play an
equal if not greater role in the utilitarian consideration of such speech.
Evidence has been provided that phonemic quality is based on a relative
vowel hypothesis (Daniloff et al. , 1968a; Potter & Steinberg, 1950),

*Dr. Daniel S. Beasley is an Assistant Professor in the Department of
Audiology and Speech sciences at Mi:thigan State University, East Lansing,
Michigan 48823. Dr. Willard R. Zemlin is Director of the Speech and
Hearing Research Laboratory at the University of Illinois, Champaign,
Illinois 61820.
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whereas phonetic quality may be based on a modified fixed vowel hy-
pothesis as suggested by Slawson (1968). Phonemic quality of female
speech would be maintained longer than male speech due to the inherent
redundancy of female speech, but phonetic quality would decline earlier
for female speech because more of the characteristic pitch periods
(determining fundamental frequency) of the female, contra the male,
are discarded in the sampling technique. Listener preference may be
partially determined by this phonetic quality. Good phonemic quality
may not overcome listener's dislike of listening to the material in a pro-
longed listening task. It is then necessary to study preference values of
the listeners using time-compressed female speech in order to establish
possible reasons the male is preferred over the female. Such knowledge
would perhaps lead to methods of overcoming these attitudes, thereby
permitting, in the educational process, full advantage to be taken of the
high intelligibility of female time-compressed speech.

Frequency-Divided and Frequency-Divided

Time-Restored Speech

Daniloff et al. (1968a), in their vowel study, showed female frequency-
divided and frecuency-divided time-restored speech had better phonemic
quality than male speech, as did Klumpp and Webster (1961) using a slow
playbacIc frequency-divided method. However, neither looked at prefer-
ence %a.;.u.&ts for frequency-divided and frequency-divided time-restored
speech Bennett and Byers (1967) investiqated the use of frequency-divided
speech, using a slow playback method, on a geriatric population. Their
Ss preferred the male speech. Thus, sex of the speaker may yield dif-
ferential results for phonemic and phonetic quality in studies involving
frequency-divided speech. Based on the relative vowel hypothesis, pho-
nemic quality of female speech may remain higher than the male's, since
the female's lower formants, especially F2 (Thomas, 1968), unlike the
male's, are not shifted out of the norMal experiential bandpass under
frequency-divided and frequency-divided time-res.;ored conditions (Daniloff
et al. , 1968a; Tiffany & BE:nnett, 1961). But the formant shifting does
effect phonetic quality, which is based on fixed values. In a prolonged
listening task, phonetic quality must be considered. The reason for the
ab --ve conflicting results may be that the more intelligible frequency-
divided and frequency-divided time-restored female speech, when shifted
toward the frequency domain of the male, begins to sound effeminate, a
cultural taboo in our society, or at least it used to be, and members of
the society, as listeners, may not prefer to listen to it.

The purpose of this study is to investigate the ratings of masculine-
feminine continuum poles of a male and female speaker whose speech has
been time-compressed, frequency-divided, and frequency-divided time-
restored. The masculine-feminine data will be compared to values
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obtained on other scales in similar studies.

Method of Investigation

Experimental Materials

31

In order to adequately compare the phonemic analysis of Daniloff eJ al.
(1968a) to the phonetic 3nalysis of this study, the stimuli consisted of
11 h-d context embedded vowels, spoken by a male (fo = 104 Hz) and a
female (fo = 198 Hz) at conversational pitch and effort level. The vowels
were processed through five conditions (20% through 60% in 10% steps)
of time-compressed and frequency-divided and frequency-divided time-
restored speech. Thus, there were 32 experimental sets of vowels: 2

normal (male and female); 10 time-compressed (5 males, 5 females); 10
frequency-divided (5 males, 5 females); and 10 frequency-divided time-
restored (5 males, 5 females).

The 32 sets of vowels were randomized. All Os heard the same ran-
domized experimental tape. Approximately 2 seconds of silent interval
was provided between items in each set. Each set of words took about
25 seconds playback time.

Subjects

Listeners consisted of 14 male and female college students in a controlled
listening environment.

Experimental Procedures

Semantic differential type scales (Osgood, Suci, & Tannebaum, 1957)
were used to assess phonetic quality. These attempt to elicit behavior
to alternatives which are representative of the various meanings over
which a concept (in this case, speech sample) may vary on a 7-point
scale of polar opposites to indicate direction and intensity of response.
Seven such semantic differential scales, chosen according to the Osgood
et al. (1957) criteria of relevance (of the scales to the concepts being
judged) and linearity of polar opp,psiteg (e.g., rugged-delicate may both
be favorable under certain circumstances), were used to elicit qualita-
tive judgment of the 32 sets of speech signals from the listeners. These
seven scales were: Fast-Slow, High-Low, Masculine-Feminine, Like-
Dislike , Ha rmonious - Dis sonant, Loud- Soft, Pleasant- Unpleasant,

The O's task was to rate each of the 32 sets of each of the seven scales.
Observer heard a set, then was allotted 1 minute to respond to the 11
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items in the set. A 1 minute response interval was used to allow the 0
adequate response time on more difficult sets. Further, the long inter-
val aided in the forgetting of prior sets, thus minimizing the tendency of
0 to compare subsequent sets to prior sets. Prior to the beginning of a
set, three 1 kHz beeps were sounded as a warning to "get ready. " A
single beep sounded at the end of a set indicating the 1 minute rating per-
iod had begun.

The response sheet consisted of three scale-position randomizations
(R1, R2, and R3). These three randomized sheets were randomly dis-
tributed in booklets of 41 each for each 0. Finally, the poles on thc con-
tinua for R1, R2, and R3 were randomly positioned, so that one end (left
or right) of the continua was not always positive and/ or negative.

All Os received standardized instructions (see Appendix A).

Phase II of the study was similar to Phase I, except an Intelligiblc-
Unintelligible scale was added to the rating sheets. A different male and
female speaker was used, thus bringing the total number of speakers to
four: two males and two females. Also, Phase II eliminated ratings of
time-compressed speech. Finally, 15 different listeners were used in
Phase II.

Results--Phase I

Reliability of Ratings

An intraclass correlation coefficient (McNemar, 1962) for the masculine-
teminine continuum was computed for the total group. The rtt was found
to be 99.

M Values of Ratings by Conditions

Table 4.1 lists the M scale values by condition, by set, and by sex of
speaker. Figures 4.1, 4.2 and 4.3 illustrate the values of Table 4.1
graphically.

As can be seen from Figure 4.1, the male and female speakers are con-
sistently (rtt = .99) rated as per their respective sex under time-com-
pressed speech. The high rff suggests that the variations in the M ratings
by sets for time-compresseir speech are systematic. There appears to
be a trend toward middle scale values for both speakers, the male show-
ing the trend sooner, but the female showing the trend more consistently,
especially at higher time-compressed speech ratios.
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TABLE 4.1

M VALUES OF SCALED MASCULINITY-FEMININITY OF LISTENER'S
RESPONSES TO MALE AND FEMALE TIME-COMPRESSED (TC),

FREQUENCY-DIVIDED (FD), AND FREQUENCY-DIVIDED
TIME-RESTORED (FD- TR) VOWEL IN H-D CONTEXT

FOR PHASE I

TC FD FD- TR
Male Female Male Female Male Female

0% 1. 0 6. 4 1. 0 6. 4 1. 0 6. 4
20% 1. 7 6. 4 1. 7 4. 2 1. 5 3. 0
30% 1. 5 6. 5 1. 3 3. 0 1. 5 2. 9
40% 1. 9 6. 0 1. 4 2. 6 1. 1 1. 5
50% 1. 7 6. 1 1. 3 3.5 1. 2 1. 3
60% 2. 2 6. 2 1. 3 1. 5 1. 3 1. 7
70% 1. 5 5. 7 _a-
80% 2. 0 5. 8 --- --- --- -

The frequency-divided and frequency-divided time-restored conditions
(Figures 4. 2 and 4. 3 respectively) show more profound experimental ef-
fects. From 20% on, under both conditions, the female appears to sound
masculine. This initial effect is greater under the frequency-divided
time-restored than frequency-divided condition. The frequency-divided
time-restored curve is also steeper than the frequency-divided curve.
Further, the frequency-divided time-restored maximum masculine rating
for the female speaker is attained at 40%, whereas the frequency-divided
maximum for the female is not attained until 50%. Finally, the frequency-
divided condition maximum masculine rating for the female appears more
stable than the frequency-divided time-restored maximum masculine rat-
ing for the female speaker.

Results--Phas II

The tentative results of this study suggest that a female speaker may not
be preferred under conditions of frequency-divided and frequency-divided
time-restored speech because of an effiminate perceptual quality after
her speech has been processed.

Reliability of Results

Analyses of two scales were performed under Phase II: Masculine-
Feminine, Intelligible-Unintelligible. Reliability coefficients computed
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for these data revealed an rtt = .98 and rtt = .87 respectively. Using
the Silverman Estimation Method (Silverman, 1968), it was found that
an additional five listeners would be required to raise the rtt to .90 for
the Intelligible-Unintelligible scale.

M Values of Ratings by Conditions

As expected, similar findings were obtained on the Masculine-Feminine
scale in Phase II as were obtained in Phase I. One difference was that
the maximum masculine rating for the female for frequency-divided and
frequency-divided time-restored speech in Phase II was not reached until
60%. Table 4.2 and Figures 4.4 and 4.5 depict this information.

TABLE 4.2

M VALUES OF SCALED MASCULINITY-FEMININITY OF LISTENER'S
RESPONSES TO MALE AND FEMALE FREQUENCY-DIVIDED (FD),

AND FREQUENCY-DIVIDED TIME-RESTORED
(FD- TR) VOWEL IN AN H-D CONTEXT

FOR PHASE II

FD FD- TR
Male rprnnl P Male Female

0% 1. 40 6.5 1.4 6.5
20% 1.20 3.9 1.4 3.5
30% 1.20 3. 1 1. 2 3.3
40% 1.26 1. 8 1.1 2.6
50% 1. 26 1. 8 1. 1 1. 7
60% 1. 20 1. 5 1.3 1. 3

Regarding the Intelligible-Unintelligible scale values, the frequency-
divided and -frequency:divided time-restored conditions were both rated
highly intelligible through the 20% condition. For both conditions the first
major drop in intelligibility occurs at 30% for both sexes, the male speaker
showing a steeper slope than the female. The data reveals the male
speaker to be rated less intelligible than the female through the remain-
ing compression levels for both conditions. The frequency-divided time-
restored condition sh.ows a more rapid decline in rated intelligibility than
does the frequency-divided condition. For the frequency-divided time-
restored condition the most dramatic drop occurs at 40% for the male,
at 50% for the female. Although the frequency-divided condition reveals
a more systematic decline in intelligibility, the frequency-divided
time-restored condition appears to stabilize at higher compression
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Figure 4.4. Graphic representation of listeners M scaled values
of ratings of male and female FD vowels.
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condition (beyond 50% for both sexes This data is summarized in Table
4.3 and Figures 4.6 and 4.7.

TABLE 4.3

M VALUES OF SCALED INTELLIGIBLE- ATELLIGIBLE oF
LISTENER'S RESPONSES TO MALE AND FEMALE

FREQUENCY-DIVIDED (FD) AND FREQUENCY-
DIVIDED TIME-RESTORED (FD- TR) VOWELS

IN AN H-D CONTEXT FOR PHASE II

FD FD- TR
Male Female Male Female

0% 6.3 6.2 6.3 6.2
20% 6.7 6.2 6.1 6.4
30% 4.0 5.5 4.5 5.4
40% 3.1 4.4 2.7 4.8
50% 1.9 3.5 1.8 2.4
60% 1.3 2. 5 2. 3 2.4

Discussion

Time Compression

From the results it can be concluded that speaker sex identification under
even extreme conditions of time-compressed speech tends to remain stable.
The graphic depiction of the time-compressed ratings also tends to vary
about the same for both sexes. Zemlin et al. (1968) concluded that intel-
ligibility was not equivalent to preference, that is, what may be most
intelligible may not necessarily be what is preferred. It was felt that a
reason for this might be related to speaker sex identification under var-
ious conditions of time-compressed speech. The question is still to be
resolved as to the essential differences between the Foulke (1966c) find-
ings and those of Daniloff et al. (1968a). Further analysis of several
of the other semantic differential scales used in this study is currently
underway.

Frequency-Divided and Frequency-Divided Time-Restored

The results agree with Daniloff et al. (1968a) and Klumpp and Webster
(1961) in that the female frequency-divided and frequency-divided time-
restored speech is more intelligible than the male frequency-divided and
frequency-divided time-restored speech. Further agreement with the
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Daniloff et al. (1968a) study is seen in that both studies reveal the first
major decline in intelligibility to be about 30% distortion. Also, the
frequency-divided time-restored speech revealed a rapid initial decline
in both studies, especially for the male speaker. Finally, both studies
reveal the most dramatic drop for the male frequency-divideu time-
restored speech to be at 40%, for the female at 50%.

The agreement between these studies relative to the Intelligible-Unintel-
ligible scales suggests that a listener is able to judge adequately what is
intelligible to him, and that this judgment would be highly correlated to
what would be revealed by traditional intelligibility tests.

The conflicting results between the Daniloff et al. (1968a) study and
this study, that the female frequency-divided and frequr' tlivided time-
restored speech is more intelligible, and the Tiffany and 'nett (1961)
study, which showed a male preference, can be explained by the results
of this study. Apparently the female distorted speech begins to take on a
psychological male-like component, whereas the male speaker, as ex-
pected, tends to remain stable. There is no social decision to be nide
with respect to his distorted speech. These findings would support the
contention that phonetic quality and phonemic quality are not equivalent.
Further, phonetic quality may be based on a iixed vowel hypothesis,
whereas phonemic quality may be related to a relative vowel hypothesis.

Further analyses of this data are being carried out. Furth-:r, physical
measurements, such as those performed by Terango (1966), are being
performed on all four speakers in order to physically account for the
gradual shift of the female to male frequency-divided and frequency-
divided time-restored speech. It is suspected that the female frequency-
divided and frequency-divided time-restored speech will reveal that the
M rate of pitch change during inflection will decrease with increased dis-
tortion, as revealed by Terango (1966) when he studied rated effeminate
voices.

Finally, the results of the Like-Dislike sLale should sl:ed substantial
light upon the preference/intelligibility controversy.

There appears little doubt that if time-compressed, frequency-divided,
and frequency-divided time-restored processed speech is to be used edu-
cationally, consideration must be given to more than simply intelligibi7 Ity.
What an individual likes (prefers) to listen to may have signifirant bear-
ing on his progress.
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APPENDIX A

INSTRUCTIONS FOR SCALING STUDY ON THE

PERCEPTION OF DISTORTED SPEECH

The purpose of this study is to study the feelings of people to various
types of speech. We hope to do this by having the people judge the speech
they hear against a series of descriptive scales In taking this test,
please make the judgment on the basis of how you feel about the speech
signals you are to judge. On the dittoed sheet you will find seven differ-
ent scales. I will play a recorded tape. You will hear vowels in an h-d
context. There are 41 sets of 11 vowels per set. Between each set of
11 vowels there is a silence of about 1 minute. During this silence fol-
lowing each set, you are to rate the set on the seven scales, in order.

Here is how you are to use the scale:

If you feel that the set of words you heard is very cloJ.y related to one
end of the scale, you should place your checkmark as follows:

fair X :

fair

OR

: unfair

X : unfair

If you feel that the set of words in quite closely related to one or the other
end of the scale (but not extremely), you should place your checkmark as
follows:

fair : unfair

OR

fair : . X : unfair

If the set of vv irds seems only slightly related to one side or the other side
(but not really neutral), then you should check as follows:
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fair X : unfair

OR

fair X : : unfair

The direction toward which you check, of course, depends on which of the
two ends of the scale seem most characteristic of the set of words you
are judging.

If you consider the set to be neutral on the scale, both sides of the scale
equally associated with the set you are judging, then you should place your
checkmark in the middle space:

fair X : unfair

IMPORTANT:
(1) Place your checkmarks in the middle of the spaces,

not on the boundaries:

: X : X:
(this) (not this)

Be sure to check every scale for every set of words--
do not omit any.

(3) Never put more than one checkmark on a single scale.

(4) Remember, there's only about a minute between sets,
so work accurately but rapidly.

Sometimes you may feel as though you've had the same set of words before
on the test. This will not be the case, so do not look back at previous rat-
ing sheets. Do not try to remember how you checked previous items on
each scale: make each item a separate and inde endent "ud ment. Do not
worry or puzzle over individual items. It is your first irr )ression, the
irm-nediate feeling about the sets of words we want. On th,-: other hand,
do not be careless because we want your true impressions.

Are there any quc3tions?

Do not begin your ratings until the set ends.
Three beeps mean get ready, one beep means the end of the set.
This is not a test of intelligibility.



CHAPTER V

DICHOTIC SPEECH-TIME COMPRESSION

Sanford E. Gerber and Robert J, Scott*

In general, the Fairbanks procedure (Figure 5.1) or its German equiva-
lent has been the method of choice for various aipplications. The main
difficulty with time compressing speech in thi:, of is that it depends for
its compres,:i.on upon the discarding of information. If the intelligibility
is less than that achieved uncompressed, it is probably due to the loss of
information. Scott (1965, 1967b), making this observation, hypothesized
that restoring the information should restore the intelligibility. We have
now completed a series of studies to verify this hypothesis.

Dichotic Compression

Scott's (1965) procedure is called "dichotic" speech-time compression.
Recall that in the Fairbanks procedure the signal (and hence, the infor-
mation) in the discard interval is not recoverable, so could not be made
available to the listener. The differences between "diotic" speech-time
compression (i.e., Fairbanks' method) and "dichotic" speech-time
compression (i.e., Scott's method) are shown in Figure 5. 2. The di-
otically produced tape has one track which contains only the (imaginary)
odd-numbered segments, and these continuous segments are heard in
both ears. The dichotically produced tape has two tracks: one track is
identical to the diotic tape and is played to one ear only; the second
track contains only the (imaginary) even-numbered segments, and this
track is played only to the other ear. Notice that the first track is de-
layed a bit so that it is offset in tirae with respect to the second track.
The second time segment no longer follows the first, but overlaps it in
time. The significance of the amount of overlap remains to be investi-
gated, but for all these experiments it has bee 50% with respect to
either segmen_.

*Dr. Sanford E. Gerber is Assistant Professor of Speech and Disorder
of the Audiology Laboratory at the Speech and Hearing Center of the
University of California, Santa Barbara, California. Dr. Robert J.
Scott is a consultant with the U.S. Government, WaEhinr-ton, D.C.
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To create dichotic speech-time compression a hybrid computer system
has been used (Gerber, in press; Hogan & Scott, 1963). For the re-
search reported here, two different (but very similar) hybrid computers
have been employed. Figure 5.3 shows the hybrid system used for the
experiments up to the last one, and Figure 5.4 shows the system used in
the latest experiment. The input/ output apparatus is essentially the
same in both cases. The older systel., uses a PDP-1 digital computer,
while the newer one employs a PDP -7. The PDP-1 is a somewhat
larger but slower machine than the PDP-7; both are manufactured by
the Digital Equipment Corporation of Maynard, Massachusetts. The
analog portion of the hybrid is a Pace TR-10 analog computez associated
with the PDP-1 or an EAI 8800 in the case of the PDP-7. The analog
computers were made by Electronic Associates, Inc. of Long Branch,
New Jersey. The writers have been very fortunate to have had these hy-
brid computer systems ...vailable for this research.

Experiment I

Our first investigation of the intelligibility of dichotic speech-time com-
pression dealt with the differences between dichotic and diotic for each
of three compression ratios. The results of that study have been re-
ported (Gerber, 1968) and need only be summarized here.

The stimuli used in all the intelligibility experiments were Fairbanks'
recordings of the rhyme test words (cf. Fairbanks, 1958). The record-
irer,s of the rhyme tests were input from the tape playback via the analog
computer interface to the analog-to-digital converter which put the
digitized speech onto magnetic tape. Then, under operator control, the
computer time compressed the digitizeu speech and wrote this version
onto another magnetic tape. When the compression process had been
completed, the compressed digital tape was output via the digital-to-
analog converter onto audio tape. In this way all 250 items of the
Fairbanks recordings were compressed and dichotomized.

In. the first experiment, we used three di.fferent compression ratios
(R = 2:1, 3:2, and 4:3) and three different discard intervals = 30,
40, and 50 milliseconds [msec. ]). Twenty listeners were emPiloyed.
For all listeners, i.he dichotic signals were more intelligible than their
diotic cour rts. Combining across both compression ratio and
discard inL_. /al, it was found that dichotic listening led to higher intel-
ligibility scores than diotic listening. For this aggregate of dichotic
signals, the average intelligibility exceeded 97%; while, for the aggre-
gate of diotic signals, the average intelligibility was just over 93%.
This iifference was significant beyond the 0.01 level. This means that
the ,Ji.chotic version did, indeed, restore the intelligibility; and presum-
,lbly via tP.e restoration of the otherwise discarded information.
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There were some other interesting findings from this first experiment.
We found no significant differences among the three compression ratios
when discard interval was not csiibidered. Therefore, we could con-
clude that the dichotic restoration of information was good to at least
double normal speed. Moreover, virtually no intelligibility was to be
gained by minimizing the amount of compression, for example, to only
4:3 or 3-2.

We did find differences with respect to discard interval. The discard
interval.of 50 msec. was significantly (at the 0.10 level) less intelligible
than the others, which did not differ significantly from each other. It
seems, then, that a discard of 50 msec. is in some way "too long.
When the information was restored, that is when dichotic was compared
with diatic, it was seen that the restoration was significant for the 50
msec. discard interval. The difference between dichotic and diotic for
this discard interval was nearly 9%. Therefore, given a diotic signal,
50 rnsec. of information is too much to miss at one time.

I I

Although many early experiments support the use of a discard interval
of about 40 msec. for all compression ratios, we feel that for isolated

words intelligibility can be significantly increased by using a discard in-
terval as short as 15 to 20 msec. depending on the amount of compression
and the average fundamental frequency of the speaker. For continuous
speech, shorter discard intervals have been avoided primarily because
of the annoying effect of the interruption frequency. As those of us work-
ing with computer-compressed speech have experienced, the use of sam-
pling intervals which do not preserve at least one complete and continuous
voicing period injects an artificial monotone pitch, the frequency of
which is inversely proportional to the sampling period.

In general, we concluded from this first experiment that time-compressed
speech (up to double speed) is highly intelligible anyway, and restoration
of the information by Scott's dichotic technique is not only feasible but
desirable. His scheme of dichotic speech-time compression restores
the intelligibility of time-compressed speech essentially to its uncom-
pressed level.

Experiment II

The results of Experiment I were very encouraging, but left some ques-
tions unanswered. Speech compressed by means of discarding segments
leads to more listening possibilities than were investigated in Experiment
I. Reference to Figure 5.5 will show that there are four listening pos-
sibilities. WI-lat we had called "diotic" referred to the fact that the sig-
nal was heard with both ears when there was only one signal. To describe
this, in the second experiment we decided to label this condition "Unitary-
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Diotic, meaning one signal in two ears. The other possibilities using
this scheine are: Dichotic-Diotic, Dichotic-Monotic, and Dichotic-
Dichotic. In these terms, we had looked in the first experiment only
at Unitary-Diotic (one signal in both ears) and Dichotic-Dichotic (two
signals, one in each ear). We were, therefore, unable to tell whence
came the apparent improvement: from the dichotomizing of the signal,
or from the dichotomizing of the listener.

The purpose of Experiment II was to determine the necessity of listen-
ing dichotically to dichotic signals. Perhaps one ear could process
dichotic time-compressed speech as well as two since all the informa-
tion would have been restored in this case, too. The results of this
investigation are also in the literature (Gerber, 1969). It was found
that dichotic signals heard diotically were not more intelligible than
when heard monotically; there was no significant difference between
monotic and diotic listening conditions when the signal was dichotic.
Moreover, no preference for ear was observed in the monotiC condition.
Using a dichotic signal it seems sure (and not at all surprising) that
intelligibility would be superior if the listening condition were also di-
chotomized. That is to say, the highest intelligibility results when the
dichotic signal is presented one track to each ear. If both tracks are
presented to one or to both ears, intelligibility suffers. Furthermore,
if only one track is used (in one or both ears) intelligibility suffers.

Experiment II, like Experiment I, revealed a significant difference
between 40 and 50 msec. discard intervals. Again, intelligibility with
discards of 40 msec. was greater than with discards of 50 msec. with
the compression ratio fixed at 2:1. The data of Experiment I caused
us to decide that ratios less than 2:1 were no longer interesting.

These two experiments led us to raise a question which has been askec,
many times over the years that this process has been investigated.
Why is time-compressed speech less intelligible than uncompressed?
Is the loss of intelligibility due solely to the loss of information? Or
is it due to excessive rate demands upon the listener? Or both?

Experi ent III

It seemed reasonably clear aft- = the first two experiments that the loss
of intelligibility must be due to the loss of information and not due to
the speed being too demanding for processing. The dichotic signal,
wherein all the information is present, was always more intelligible
than the diotic signal at the same rate. However, what happens when
the speed is more than doubled? If the compression ratio is greater
than 2:1, it is not possible to recover all the 'discarded. information
(since we have only two ears), but it is possible to recover sonie of it.
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If the intelligibility of time-compressed speech at greater than double
the normal speed is enhanced by dichotomizing, then the loss of intel-
ligibility must be attributable to the loss of information. Furthermore,
it is possible to restore the time without restoring the information. If
this time-restored version is not more intelligible than the compressed
version, then one must conclude that the time demands are not excessive.
Anyway, since the dichotic speech-time compression at rates up to double
the original was shown to suffer no important loss of intelligibility, one
wants to know how,much compression will cause intelligibility to diminish
significantly.

This third experiment, then, was intended to answer these questions.
For this experiment we prepared tapes of the Fairbanks Rhyme Test
(in the same manner as previously but with the newer hybrid computer)
at a compression ratio of 3:1. Figure 5.6 shows the imaginary segment
numbers available when these high compressions are recorded dichoti-
cally. It is seen there that all of the information is not restored by
dichotomizing. By definition, a ratio of 3:1 diotic contains one-third
of the information in the original signal; dichotomizing restores another
third. Dichotic compression at 3 then, contains two-thirds of the
information of the uncompressed signal.

Experiment III presented three different modes of compression to the
listeners. All the modes were at 3:1 with a discard interval of 40 msec.
The three modes were: dichotic, diotic, and time-restored. Reference
again to Figure 5.6 reveals that in order to restore the time but r,ot the
information it is necessary to repeat the same segments used in the
diotic mode. If the compression ratio is 3:1, each segment is repeated
three times and only one-third of the segments are used.

The decision to restore the original time frame by repeating the diotic
(single file) compressed speech as in Figure 5.6 perhaps was not a
wise one. The results may have been more intelligible for the time-
restored words had the restoration been done dichotically. Preliminary
data from a current experiment suggest that 3:1 dichotically restored
words presented dichotically will prove to be more intelligible than
3:1 dichotically compressed words. We initially believed that diotically
time-restored isolated words would be more intelligible than diotically
time-compressed words because of earlier experiments in restoring
the time of continuous speech. We now feel that repeating already dis-
torted sampling intervals in order to time-restore isolated words tends
to increase listener confusion, whereas this distortion tends to be less
effective in continuous speech.

Figure 5.7 shows the results of this investigation compared with those
of Experiment I. Most of our hypotheses have been verified by Experi-
ment III. Again, dichotic processing made a significant ( < 0 .01)
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improvement over the intelligibility possible diotically; this improve-
ment was over 5%. Of even greater interest was the lack of improve-
ment resulting from time restoration. To restore the normal time by
repeating segments results in a very peculiar sounding signal; so pecu-
liar, in fact, that its intelligibility is significantly poorer than even
diotic (< 0.05) and much, much poorer than dichotic (< 0.001). So,
time restoration is not the answer; at least, not time restored in this
way because it introduces another kind of distortion.

We have not really resolved the issue of whether the loss of intelligi-
bility is due to the lack of information or to the press of time. It is
true that the dichotic signal even at 3:1 is really quite intelligible, which
continues to suggest that the problem rests in the information and not
the speed. The fact that 'the time-restored signal was so poor lends
some credence to this hypothesis, but the restored speech has peculiar-
ities of its own. We have resolved, however, that listeners can process
speech at a very high rate even when there is a lack of information. The
next study to be done may be the one which resolves this issue. A 4:1
dichotic signal contains as much information as a 2:1 diotic signal. If
the losses are due solely to losses of information, then these should
have equal intelligibility. If not, then 4:1 may be "too fast. Mean-
while, we find that we are well within human auditory processing time
capabilities even at triple normal speed. The premise that loss of
intelligibility in time-compressed speech is due primarily to the inability
of the listener to process the speech at the higher rate is certainly an
attractive one. For if it were true, it would suggest the possibility of
training subjects in high-speed listening.



CHAPTER VI

A COMPARISON OF "DICHOTIC" SPEECH AND SPEECH

COMPRESSED BY THE ELECTROMECHANICAL

SAMPLING METHOD*

Emerson Foulke and E. McLean Wi-

Recorded speech may be compressed in time by reproducing a succes-
sion of periodic, tline-abutted samples of the original recording. If
the durations of the samples eliminated from such a reproduction are
brief enough so that no critical feature of a speech signal can, by acci-
dent of sampling, fall entirely within a discarded sample, the result
is time-compressed, intelligible speech that is not altered with respect
to vocal pitch or quality.

Such sampling may be accomplished manually (Garvey, 1953b), by
cutting a recorded tape into segments, discarding some of the segmen
and splicing the remaining segments together again. It may be
accomplished more conveniently by a tape reproducer of the type
described by Fairbanks, Everitt, and Jaeger (1954). Devices of the
Fairbanks type reproduce periodic, time-abutted samples of a recorded

s,

*The research described in this report was also reported by the
junior author in her senior thesis, submitted to the Webster College,
St. Louis, Missouri, 1968. This report also appears as Chapter III
in The CopLiprehension of Rapid Speechb the Blind- Part III, Final
Progress Report, March 1, 1964 - June 30, 1968, Pro.ect No. 2430,
Grant No. 0E-4-10-127, U. S. De artment of Health, Education, and
Welfare, Office of Education, Bureau of Research, Non-Visual Per-
ceptual Systems Laboratory, Graduate School, University of Louisville,
Louisville, Kentucky, 1969.

'*Dr. Emerson Foulke is Director of the Perceptual Alternatives
Laboratory and E. McLean Wirth is a former research assistant at
the Center for Rate-Controlled Recordings, University of Louisville,
Louisville, Kentucky 40208.
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tape and, as before, the,result is time-compressed, intelligible speech,
without distortion in vocal pitch or quality (Foulke, 1969)

A computer may also be used for the time compression of speech
(Cramer, 1968; Scott, 1965). In this approach, the recorded speech
signal is temporally segmented, some of the time segments are dis-
carded according to a sampling rule for which the computer has been
programmed, and the remaining segments, abutted in time, are re-
produced as time-conipressed speech.

In a scheme proposed by Scott (1967a), the signal resulting from the
process just described is applied to one earphone of a headset. The
samples that would have been discarded in the kind of compressed
speech described heretofore, are retained, abutted in time, and sup-
plied to the other earphone. With this approach, for compressions in
time of 50 0 or less, all of the recorded signal is preserved in the
compressed reproduction. It is only rearranged temporally. For
compressions greater than 50%, some of the signal must be discarded,
but much more is preserved than when only one succession of samples
is reproduced. Scott calls the product of this process "dichotic
speech. "

When speech is compressed by an electro echanical compressor of the
Fairbanks or Springer type, a single file of time-abutted samples is
reproduced and this method will be referred to hereafter as the single
file sampling wethod. When a computer is used to produce dichotic
speech, two parallel files of time-abutted samples are reproduced,
and this mothod will be referred to hereafter as the double file sam-
pling method.

When speech is compressed in time by discarding samples of the ori-
inal signal, as the length of samples is reduced, the probability is
reduced that a critical feature of a speech signal will fall entirely
within a discarded sample (Garvey, 1953b). In designing a speech
compressor, the physical parz-Jneters of the system must be adjusted
to produce discard samples, the- durations of which are short enough
so that the probability of discarding a critical feature of a speech
signal can safely be ignored. Two types of speech compressors have
been developed for commercial distribution. One is based directly
upon the Fairbanks scheme. The other, based directly upon the

*The speech compressor now manufactured by Mr. Wayne Graham,
Discerned Sound, 4459 Kt7,ft Avenue, North Hollywood, California
91602, is based upon the Fairbanks design.
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Springer scheme, is the Information Rate Changer.* The Fairbanks
scheme permits adjustment of the duration of discarded samples. In
the Springer scheme, this capability is sacrificed in the interest of
convenience of operation.** In either case, however, samples are
discarded, and there is some probability that one or more of these
samples may contain a critical feature of a speech signal Since the
process resulting in dichotic speech discards none of the speech signal
in the range of compression bounded by zero and 50%, the probability
of discarding a critical feature of a speech signal should be reduced
to zero. Consequently, a -:easonable conjecture would be that, in the
long run, words compressed by the process resulting in dichotic speech
should be somewhat more intelligible than words compressed by dis-
carding samples of the speech signal. The superior intelligibility of
dichotic speech might not be manifested on any given comparison of
the two alternative reproductions of a single word. However, as the
length of the list of words used for such a comparison was increased,
there would be an increased opportunity for the sampling accidents
that can occur with the single file sampling method, and the relative
superiority of dichotic speech should begin to emerge. Accordingly,
an experiment was performed in which a list of words, compressed by
the two methods just described, were compared with respect to intel-
ligibility.

Method

Subjects

Sixty Ss, of both sexes, enrolled in introductory psychology classes
at the University of Louisville, served in the experiment. Subjects
had no obvious hearing defects, and little or no prior experience in
listening to time-compressed speech.

Apparatus and Materials

A list of 100, phonetically balanced words was read orally by a pro-
fessional reader in the Talking Book Studios of the American Printing

*The current version on the Springer device, known as the Inforiliation
Rate Changer, is distributed in this country by Infotronic Systems, Inc. ,

2 West 46th Street, New York, New York 10036.

14The duration of the discarded samples produced by the Information
Rate Changer, a. commercial device embodying the Springer scheme,
is 30 milliseconds..
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House for the Blind, and recorded on magnetic tape by means of an Am-
pex tape recorder, model 300. This "master tape" supplied the input to
a speech compressor of the Springer type, constructed at the University
of Louisvii.le, and to the computer used in preparing dichotic speech.*
Since the samples discarded by the electromechanical speech compressor
were 40 milliseconds (msec. ) in duration, the computer was adjusted so
that the sathples normally discarded, but retained by the computer for
dichotic presentation, were 40 msec. in duration, too. The master tape
was reproduced, by both methods, in 47%, 44%, 41%, 39%, and 37% of
the origin, production time. If a recording of connected speech, occur-
ring at the average oral reading rate of 175 words per minute (wTrn)
(Foulke, 1969), were subjected to these compressions, the resulting
word rates would be 375, 400, 425, 450, and 475 wpm. Compressions
in this range were chosen because earlier research (Garvey, 1953b;
Fairbanks & Kodman, 1957; Kurtzrock, 1957) indicated that words pre-
sented at more moderate compressions would have been completely
intelligible, with either kind of compression. The compressed repro-
ductions were copied on magnetic tape for presentation in the experiment.
In the case of dichotic presentation, the normally retained samples of
the compressed signal were recorded on one track of a two-track stereo
tape, while the normally discarded samples were recorded on the other
track. Of course, only one track was required for recording the output
of the electromechanical compressor. These ta2es were reproduced,
during the experiment, on a Revox tape recorder, model G36-111. The
tape recorder was connected through a Pilot stereo preamplifier model
216A, and a Pilot stereo amplifier model SA-260 to a pair of Western
Electric headphones, type ANB-H-1, equipped with ear cushions, and
wired for stereophonic listening. When the tape containing speech com-
pressed by the double file sampling method was reproduced, the file
of samples recorded on one track of the tape was presented to one ear,

and the file of samples recorded on the other track was presented to
the other ear. When the tape containing words compressed by the single
file sampling method was reproduced, the same signal was presented tJ
both ears. The E monitored the experiment by listening to another pair
of earphones, connected to an auxiliary output on the tape recorder.

Procedu e

The 60 Ss were divided into five groups, with 12 Ss in each group. Each
group was tested with words presented at only one of the five comp essions

*Dichotic speech was prepared for this experiment at the National Security
Agency, Fort George G. Meade, Maryland, by John Boehn, using methods
developed by Dr. Robert Scott. Dr. Scott's assistance in arranging for
the preparation of this material is sincerely appreciated.
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represented in the experiment. Six members of each group heard the

first 50 words in t le list, compressed by the double file sampling

method. The remaining 50 words were compressed by the single file

sampling method. For the other six members in each group, the

first 50 words in the list were compressed by the single file sampling

method, while the remaining words were compressed by the double
file sampling method and presented as dichotic speech. This precau-

tion was taken to control for the possibility that some words may have

been treated more favorably by one method or the other. To control

for the possibility of an effect due to order, three of the Ss in each sub-
group heard words compressed by the double file sampling method,

followed by words compressed by the single file sampling method. The
order of presentation was reversed for the remaining three Ss in each

sub-group.

Subjects were tested one at a time. Each S wrote the words he thought

he heard on an answer sheet in numbered answer spaces. Approxi-
mately five seconds elapsed between the onsets of consecutive words.

Subjects were instructed to guess if they were uncertain about a word.

Results

At each fraction of original production time represented in the exper
ment, two scores were determined for each S--the number of words
compressed by double file sampling that were missed, and the number
of words compressed by single file sampling that were missed. Means
and standard deviations of error scores are shown in Table 6.1. The
influence of the method of compression upon the relationship between
the amount of compression and error frequency is graphed in Figure
6.1. In this figure, the fraction of original production time required
for compressed reproduction, at each of the five compressions repre-
sented in the experiment, is scaled on the x-axis. Fractions are ex-
pressed as percents. The entry recorded below each scaled value on
the x-axis is the word rate that would result if a listening selection,
read at the average oral reading rate of 175 wpm, were reproduced in

the fraction of original production time indicated by that value. The

y-axis is scaled in terms of error scores. This figure indicates an
orderly growth in error scores as the fraction of original production

time required for compressed reproduction is reduced. On the other
hand, the differences associated with the methods of compression appear
to be small and unsystematic.

The apparent outcome of the experiment was checked by an analysis of
variance of error scores, with scores classified according to amount
of compression and method of Compression, and with repeated measures
on the methods variable. The results of this analysis are shown in
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Table 6. 2. The growth in er-ors accompanying the reduction of time
available for compressed reprodaction was significant at the .01 level,
but the variance associated with the method of compression did not
reach significance at the .05 level. The interaction between these
variables was significant at the .05 level.

TABLE 6. 1

IDENTIFICATION ERRORS FOR WORDS COMPRES-
BY SINGLE AND DOUBLE FILE SAMPLING

Percent
of Original Method o_f_c_c_.mpl_-ession

File Sag_.nProduction Single File San-Iple
SDTime Mean # of Errors SD Mean # of Errors

47% 7.92 2.80
44% 10.25 3.59
41% 12.33 2.53
35% 13.83 4.08
37% 13.25 4.17

10.25
10.92
11.25
11.75
15.17

2.81
3.97
3.63
3.00
3 34

TABLE 6. 2

ANALYSIS OF VARIANCE OF
IDENTIFICATION ERRORS

Source of Variation df MS
Level of Compression 4
Error tween) 55
Method of Compression 1

Level X Method of Compression 4
Error within) 5

93.51
17.76
3.68

21.70
8.00

5.2

O. 46
2.71*

*p < .05
**p < .01

A test of simple main effects was made in order to examine the influence
of method more closely. The results of this analysis are shown in Table
6. 3. The significant fact recorded in this table is that differences in
error scores as a consequence of the method of compression used were
not significant except for those words compressed to 47% of original
production time.

72
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TABLE 6. 3

ANA YSIS OF VARIANCE OF SIMPE
MAIN EFFECTS

of Variation

67

Method of Compression for 375 wpm 1 32. 67 4.08*
Method of Compression for 400 wpm 1 2.67 O. 33
Method of Compression for 425 wpm 1 7. 04 O. 88
Method of Compression for 450 wpm 1 26.04 3.25
Method of Compression for 475 wpm 1 22.04 2.75
Error 55 8.00

:1=13 < .05

- The Newman-Keuls Test for Ordered Pairs of Means was performed in
order to determine the effect of compression more precisely. Since
differences due to method were, with one exception, not significant, the
error scores obtained at each fraction of original production time were
pooled. The results of this analysis are shown in Table 6. 4. This
table is arranged in matrix form, with the fractions of original pro-
duction time in which words were reproduced displayed in decreasing
order along the top, and down the left hand margin of the table. Entered
in each row, under the appropriate column headings, are the fractions
of original production time for which error scores were not significantly
different from the error score associated with the fraction of original
production time, recorded in the left hand margin, which identifies that
row. If the table is examined as a whole, the effect of the compression
variable is depicted by the total array of entries in the table.

TABLE 6.4

NE AN-KEULS TEST FOR ORDERED PAIRS OF MEANS

Fraction of Original
Production Ti -e 470 44'7_ 41% 9 7

47% 47% 44% 41%
44% 44% 41% 39%
41% 41% 39% 37%
39% 39% 37%

7
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Discussion

A significant interaction between method and amount of com ression
would be an interesting finding. However, since the general effect of
varying the method of compression was not statistically significant, and
since the differences at the various fractions of original production time
were unsystematic and insignificant with one exception, the interaction
that was found in the present experiment is probably without experimen-
tal significance. Where it was observed, the difference in favor of
dichotic speech was probably the accidental result of uncontrolled
factors in the experiment, such as differences in the recording qualit
of the tape bearing the words used in this comparison, or a higher
frequency of sampling accidents in the 50 words processed by the elec o-
mechanical compressor.

The intelligibility of words compressed by double file sampling has been
compared with the intelligibility of -words compressed by single file
sampling in an experiment reported by Gerber (1968). His results can-
not be directly compared with the results of the present experiment,
since the words he used for testing were reproduced in 50% of original
production time or more, while the words used in the present experiment
were reproduced in less than 50% of original production time. In Gerber's
experiment, words were compressed to 75%, 67%, and 50% of original
production time and, at each compression, samples with durations of 30,
40, and 50 msec. were discarded. In all of the nine comparisons pro-
vided by his experiment, he found a difference in favor of dichotic pre-.
sentation. When the discal-ded samples were 50 msec. in duration, this
difference was significant at all three compressions. However, in the
six comparisons in which the discarded samples were 30 and 40 msec.
in duration, three of the differences were statistically insignificant, and
the remaining three, though significant, were relatively small.

The fact that Gerber found a consistent difference in favor of dichotic
presentation, when the discarded samples were 30 and 40 msec. in

duration, while the present experiment revealed no consistent advantage
for dichotic presentation, may be, in part, a consequence of differences
in the range of the compression variable explored by the two experiments.
Since, in Gerber's experiment, none of the words were reproduced in
less than 50% of original production time, dichotic presentation pre-
served all of the original speech signal. Since, in the present experi-
ment, all the words were reproduced in less than 50% of original
production time, dichotic presentation did not completely eliminate
the necessity of discarding some of the spr3ech signal. Even though
discarded samples are quite small when double file sampling and dichotic
presentation are used to reproduce words in less than 50% of -original
production time, sampling accidents are still ossible, and may have
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injured the intelligibility of some of the words that were presented
dichotically in the present experiment.

Though Gerber feels that his experiment has demons rated the superi-
ority of dichotic presentation, it seems to this writer that the differences
he found, even when statistically significant, were too small to be of
practical significance, except when the discarded samples were 50 insec.
in duration. Of course, when speech is compressed br single file sam-
pling, and when discarded samples are 50 msec. in duration, it is probable
that some of the critical features of speech signals will fall entirely within
discarded samples. If single file sampling is to be successful, the dis-
carded samples must be kept short enough so that every critical feature
of a speech signal has the opportunity to be sampled. As Garvey has
shown (1953b), this conCition is met fairly well when the discarded samples
are no longer than 40 msee. in duration. In general, it can be said that
the intelligibility of words is preserved better by double file sampling
than by single file sampling when the discarded samples are long enough
so that some of the critical features of speech signals can fall entirely
within discarded samples, but that as the duration of discarded samples
is shortened, the superiority of double file sampling is diminished. The
results of both Gerber's experiment and the present experiment suggest
that at 40 msec., this superiority has nearly vanished. Though the
experience of listeners, and the examination of spectrographic records
(Foulke, 1969), suggests that critical features of the speech signal may
occasionally be insufficiently sampled when the discarded samples are
40 msec. in duration, the effects of such sampling accidents are counter-
acted by other factors, such as the listener's knowledge of the sequential
dependencies inherent in sequences of phonemes and syllables.



CHAPTER VII

THE INTELLIGIBILITY OF COMPRESSED WORDS

Robert Heise*

A consistent finding in the literature on compressed speech at the time -
of the first Louisville Conference on Time-Compressed Speech in 1966
was that speech comprehension had been shown by many authors to be
relatively accurate until the speech rate was more than doubled. Beyond
50% compression, comprehension suffered severely.

Another consistent finding at that time was that single word intelligibility
withstood the ravages of compression, by the sampling method, much
better than connected discourse. It was commonly found on intelligibility
tests involving word lists that single words could be recognized accur-
ately at speech rates well beyond the rate where the comprehension of
connected discourse declined.

Foulke and Sticht (1967b) advanced a tentative explanation for this incon-
sistency. Their two process hypothesis contended that the process of
speech cf-- nprehension entails the registration, encoding, and storage
of info- ation, and that these operations require time. The implication
was that the comprehension of connected discourse declined beyond a
critical speech rate because a listener's capacity to perform the neces-
sary analytical operations was surpassed. Since word intelligibility
had been shown to decline at a different speech rate than comprehension,
the authors suspected that single word intelligibility was not the critical
factor.

Foulke (1968b) went on to provide further evidence that variations in
single word intelligibility exerted little or no influence on the compre-
hension of connected discourse. He varied the vocal pitch of connected
discourse while holding speech rate constant. Although shifts in the vo-
cal pitch of speech had been shown by Garvey (1953b) to be very detri-
mental to word intelligibility, comprehension was unaffected.

Robert Heise is a graduate research assistant in the Perceptual
Alternatives Laboratory, University of Louisville, Louisville, Kentucky
40208.
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Another experiment by Foulke and Sticht (1966), in which they varied the
original speaking rate, then compressed the passages by three different
amounts, again holding the rate of presentation constant, showed that
speech comprehension was not measureably influenced. Even though the
duration of the individual words must have been different for the three
passages, comprehension was unaffected.

The two experiments just cited reflect a significant departure from past
inquiry into the relation of w--)rd intelligibility and speech comprehension.
The earliest evidence on this relation was obtained by testing for intel-
ligibility with phonetically balanced lists of monosyllables without con-
cern for the fact that the words in the lists bore an unknown likeness to
the words occurring in the listening tests for comprehension. Thus, the
innovation in the experiments by Foulke (1968b) and Foulke and Sticht
(1966) was that they varied the intelligibility of the actual words that
occurred during the passages used to test comprehension.

In the summer of 1968, Emerson Foulke and I confronted the issue of
the relation between intelligibility and comprehension with what must be
called a new slant to an old tactic (Foulke & Sticht, 1967a). We ineasured
intelligibility by means of a word list but included in this list only words
that oc.curred in the passages used to test comprehension. This was ac-
complished by sampling a representative amount of words from all of the
different words that occurred in the passages.

The test used to measure listening comprehension in this experiment was
the Nelson-Denny Reading Test which consists of eight selections of gen-
eral interest with questions after each. The selections were recorded
with a male speaker. Six versions were prepared for testing, one at
normal speed and five compressed versions. Compression was accom-
plished by the sampling method.

The intelligibility test consisted of 159 words of from one to five syllables
in length. The words were chosen to represent all the possible beginning
sounds of words in the language. These words were spoken within a sur-
rounding carrier phrase so that the reader could modulate his voice
evenly for all words, and so that the contour of the words would closely
approximate their pronunciation in the listening selections.

Twelve groups, of 10 college Ss each, were necessary. Six groups had
the intelligibility test before the comprehension test and the other six had
the comprehension test first.

The results of the testing of comprehension (Figure 7.1) showed that the
scores dropped only 6% in the range where 50% or more of the original
signal remained, but that comprehension declined severely thereafter

(50% compression represented about 325 words per minute [wpm] ).
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Intelligibility scores remained above comprehension scores at all mea-
sured points, showing the most severe drop beyond 60% compression.
These results were quite straightforward.

However, it was of special interest to find that when the comprehension
test preceded the intelligibility test, the effect was to enhance single
word intelligibility consistently by about 10% at all the five compressed
rates. Apparently, hearing the words (without listening for them) during
the comprehension test provided the Ss with some context for recogni-
tion during the intelligibility testing.

Prior to this finding, it was known that a number of authors studying the
intelligibility of compressed words familiarized their Ss with the words
in the lists used for testing, and, as a consequence, obtained higher in-
telligibility scores in a range of compressions comparable to those used
in this experiment. So, we decided to provide some familiarization
with the words in a second experiment.

In the second experiment, the same list of words used in the first exper-
iment was presented once at a normal rate prior to each of the five com-
pressed presentations. It was of further interest to compare the effect
of the carrier phrase in the first experiment. This was accomplished
by presenting the list of words with each word in isolation, that is,
without any surrounding linguistic context.

The results proved interesting for two reasons: (1) one prior presenta-
tion of the list before testing did enhance scores by 10% on the average,
and (2) when the intelligibility scores for the first experiment were
compared, recognition was 4% higher for the words heard in isolation.
This second result can be seen in Figure 7.2.

Concerning the first finding, it is not suggested that the effect of hearing
the words during the passages provided the same kind of familiari-
zation" that was provided when the complete list was heard. The Ss
were evidently able to use the meaningful context of the words when the
test followed the passages, but what was gained when the list of words
was presented, per se, was an explicit limiting of the alternatives to
which the listeners had to direct their attention.

The second finding, presented in Figure 7. 2, was unexpected. We sup-
posed that the Ss could derive temporal cues from the words preceding
the test words when they were.embedded in the carrier phrase, "You
will write (the test word) now. " These cues would be completely
lacking in the case of the words presented in isolation, and we expected
scores to be lower in this case. Very simply, since the words were the
same in both cases, we supposed that the carrier would facilitate recog-
nition.

7
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We discovered, however, when we listened to the words ourselves and
compared the duration of the words pronounced by our reader in the
carrier phrase to the same words pronounced by him in isolation, that
the isolated words were greater in duration. It came to our attention
after the experiment that this phenomenon had been commented on before
in the literature. When words are pronounced without any surrounding
linguistic context, they tend to be elongated. We felt that this was the
explanation for the consistently higher scores, notwithstanding the sup-
posed temporal value of the carrier phrase.

Since the results indicated that it was the duration of the individual w rds
that influenced their recognition, and also that familiarity with them was
in another sense a factor, we decided to explore the possibility that words
encountered more frequently in daily usage and words of more syllables
would be more intelligible. Rather than implement another experiment,
we analyzed the written responses of our Ss on the first experiment.

The 159 words were categorized ii, terms of the number of syllables in
each, and their Thorndike-Lorge frequency of occurrence in the Amer-
ican language. Since this analysis was not planned and every word has
the characteristics of length and familiarity, we had to be content with a
relatively small number of words where the effect of these two factors
could be observed independentl

Table 7.1 describt-s the 159 words in terms of length and fam liarity.
This table shows that the majority of the most familiar words in the top
row) were o__ one and two syllables in length, and that the least familiar
worus (the bottom row) tended to be of more syllables. Words of an in-
termediate frequency of usage also fit the pattern. In short, lengthy
words tended to be unfamiliar.

The combinations of the characteristics of length and familiarity prob-
ably account for the results shown in Figure 7.3. This figure shows
that word length had a different effect on intelligibility for lower speech
rates than for higher. With reference to the upper three curves, it can
be seen that where more than 40% of the original signal remained, word
length exerted little effect on word recognition. However, for the two
lower curves, there was a consistent and marked decline in the intelli-
gibility of longer words.

It was of considerable interest to IdentIfy the effects of these t o factors
independently. I will speak only of the most familiar and least familiar
one and two syllable words.

It can be seen in Figure 7.4 that more familiar words (these are the up-
per curves) were always more intelligible, and that this tendency was
magnified somewhat as more of the signal was discarded. (The mean
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differences between the upper and lower curves, from left to right, are
about 10%, 4%, 20%, 37%, and 20%. ) Also, as the speech rate was
increased, the effect of an additional syllable was to enhance word in-
telligibility where 40% or more of the original signal was present, but
to depress intelligibility thereafter. This tendency was most clear in
the case of the most familiar words, and 1"-ss so for the least familiar.

TABLE 7.1

A DESCRIPTION OF THE WORD LIST IN TERMS OF THE
NUMBER OF SYLLABLES IN EACH WORD

AND THORNDIKE-LORGE FREQUENCY

Thorndike-
Lorge

Fre uenc
500 most
ammon

100 or tore
er million

50 or more
illion

Less than 50
er million

Tota

Number of Syllables in Word

34 13

9 14

8 9

8 23

59 59

1

1

9 1

28 12 159

The finding that lengthier words were less intelligible at the highest speech
rates seems to contradict the finding that words of greater duration were
more intelligible in Experiment II. This finding calls for an additional
factor as a variable in the perception of single words under compressed
speech conditions. We suggest that this factor is the phonetic structure
of words of many syllables. Within this suggestion is the implication
that the recognition of a word requires a molecular level of analysis of
its content. We found consistent evidence to fulfill this requirement.

All 159 of the words were transcribed syllabically and phonetically, and
every written response was matched with its transcription. The results
of this endeavor showed that the average number of words rendered cor-
rectly was 61.38%, the average number of syllables correct was 65%,

and the average number of phonemes correct was 76.6%. Thus, although
a listener missed a word, it cannot be said that he missed it completely.
In fact about 15% more information in phonemic terms is perceived
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CHAPTER VIII

STUDIES ON THE EFFICIENCY OF LEARNING BY

LISTENING TO TIME-COMPRESSED SPEECH

Thomas G. Sticht*

One of the intriguing aspects of the use of time-compressed speech is
that more information can be presented in a given amount of time. For
instance, if a message is time-compressed by 50%, it is possible to
present the compressed version two times in the same amount of time
required to present the uncompressed version once. A second alterna-
tive is that extra information may be presented in the time saved by
the compression process.

Both of these possibilities were obvious to Fairbanks, Guttman, and
Miron (1957a, b) in their work which introduced the automated time com-
pression process to the experimental investigation of learning by listen-
ing. In one of their studies they compared the comprehension of material
compressed by 50% (282 words per minute [wpm]), but presented twice,
with the c:omprehension of the identical, uncompressed material requiring
the same amount of time for presentation. They found a slight increase
in comprehension with the repeated time-compressed message over that
obtained with the single presentation of the uncompressed message.
Their work also indicated that the double presentation appea,ed slightly
more successful with men of moderate than of high mental aptitude.

The work of Fairbanks and his associates suggested to me that the repeti-
tion procedure might prove even more successful with very low aptitude
men. I was also interested in finding out if the comprehension of repeated
time-compressed messages might be different for different combinations
of compression. For instance, a message compressed by 40% and re-
peated at a compression ratio of 60% might produce a higher level of co -
prehension than if the reverse sequence was used, i.e., if the 60% com-
pressed version was presented before the 40% compressed version. This

*Dr. Thomas G. Sticht is with the Human Resources Research Organi-
zation at the George Washington University, Presidio of Monterey,
California 93940.



might be so because more information could be stored from a less com-
pressed and, hence, more slowly presented message to facilitate the
comprehension-of a more rapidly presented message. To check these
ideas out, an experiment was per'-rned in which the comprehension of
repeated time-compressed messages, presented in several repetition
sequences, was compared with the comprehension of messages presented
one time in either compressed or uncompressed versions.

Co prehension of Repeated Time-Compressed Messages

For this study, a selec ion on the use of Carbon 14 for dating relics,
taken from Form lA of the Sequential Tests of Educational Progress,
was used. The tape-recorded listening selection was compressed by an
Eltro Information Rate Changer to produce compression ratios of 0, 36,
46, 53, and 59%. In wpm rates, these compression ratios correspond
to normal (175), 275, 325, 375, and 425 wpm. A 20-item "fill-in-the-
blank" test was prepared to evpluate listening comprehension.

These listening selections were grouped to form four pairs of repeated
messages. One tape presented the passage compressed by 36% and re-
peated at 59%. The remaining tapes were paired to produce compressed
message sequences of 59% followed by 36%, 46% followed by 53 and
53% followed by 46%. When paired in this way, the combinations of 36%
and 59% required 105% of the time required to listen once to the uncom-
pressed message, and the combination of 46% and 53- required 101% of
the normal listening time.

Subjects of high and low mental aptitude were selected from Army inductees
who scored high or low on the Armed Forces Qualification Test (AFQT).
In terms of intelligence, these groups represe,Aed men having IQs of
around 120 plus, and 90 or below (Hedlund, 1969). Individual Ss listened
to the tapes in a sound-deadened room. They listened to both levels of
compression of the repeated message before taking a 20-item "fill-in-
the-blank" comprehension test which was presented aurally.

The results of the experiment are summarized in Figure. 8.1. This fig-
ure compares the comprehension of the repeated messages with the com-
prehension of the same listening selection when presented one time at
compression ratios of 0%, 36%, and 59%. These data were obtained
from Ss tested in previous research (Sticht, 1968) who were matched
with t& present _Ss on AFQT.

As Figure 8.1 indicates -both high and low aptitude Ss showed improved
comprehension with the rtveated selections. However, in no caSe did
the double presentation improve comprehension over that obtained with
a single presentation of the uncompressed .Tel,-:;,ction. The only suggestion
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that performance may have improved over that for a single presentation
is with the lower mental aptitude group with the 59%-36% sequence. How-
ever, the difference was not statistically significant (Fischer exact prob-
ability test).

A feature of note in Figure 8.1 is that, in both double presentations at
53% and 46% compression, comprehension was better than with a single
E.,resentation at either of these compression ratios. Many studies (Foulke
& Sticht, 1969) have reported a notable decrease in comprehension with
single presentations of messages at word rate- of 325 or 375 wpm. The
present results indicate that, for both ability :coups, some savings oc-
curred from listening first at either 375 or 325 wpm before listening to
a repetition of the message at these word rates (in this regard see Jester
& Travers, 1967). But apparently the savings was not sufficient to raise
the performance le -el above that for the single presentation of the uncom-
pressed passage.

ti

As mentioned earlier, Fairbanks et al. (1957b) obtained results simi ar
to those of the present research. A double presentation of materials
compressed by 50% (282 wpm) resulted in a very slight improvement in
comprehension over that for a single presentation of the uncompressed
message. Their results, the work of Friedman, Graae, and Orr (1967),
Hopkins (1969), and the present results seem to indicate that using the
extra time resulting from the time compression of materials to simply
repeat information is not likely to improve learning over what could be
obtained by listening once to the uncompressed message presented within
the "normal" range of speech rate. Furthermore, the work of Fairbanks
et al. (1957b) suggests that listening twice to the uncompressed message

.is not likely to produce very drastic improvements 1.11 comprehension--
if any at all. Possibly the effectiveness of repeated time-compressed
messages may be increased for Ss who are trained in listening to time-
compressed speech, but there is no firm data to suggest this (cf. ,

Friedman et al. 1967).

On Lea ning More Per Unit of Time by Means of

Time-Compressed Speech

A second possibility which has been mentioned for improving the efficiency
of learning by listening is to use the time saved by the compression of
material to present additional information. Fairbanks et al. (1957a) used
the time saved resulting from 30% (201 wpm) compression of a message
to emphasize certain portions of the message. As they pointed out, this
amounts to trading temporal redundancy for verbal redundancy. Their
results indicated that the reinforcing of certain parts of the selection did,
indeed, increase the comprehension of the emphasized materials.



However, this increase appeared to occur at the expense of the remaining
unemphasized content, for the comprehension of this material showed a
highly significant decline. Thus, the overall comprehension score for
the reinforced compressed material was less than the overall score for
the uncompressed material.

Fairbanks and his associates suggested that emphasizing certain parts
of the message may have led the Ss to assume that verbal redundancy
meant "important to learn" and, hence, such erriphasis may have selec-
tively focused attention upon certain parts of the message, while dimin-
ishing attention to the remainder of the material. This suggested to me
that if the time saved by the compression process was used to present
additional new information, perhaps an overall increase in the amount
learned in a given unit of time might occur.

To evaluate this idea, research was performed in which independent
groups (N = 15 per group) of high (AFQT > 80) and low (AFQT 30)
aptitude men listened to a recorded message presented under five differ-
ent conditions. Under one condition, the men listened to the message pre-
sented at a normal uncompressed speech rate of 178 wpm. The time
required to listen to the uncompressed message was 6 minutes 4 seconds.
By means of the time sampling compression method, two additional ver-
sions of the message were presented. One was compressed by 36%,
which produced a speech rate of 278 wpm and reduced the listening time
from 6 minutes 4 seconds to 3 minutes 53 seconds. The third version of
the message was produced by compressing the message by 53%. This
resulted in a speech rate of 378 wpm and reduced the listening time from
6 minutes 4 seconds to 2 minutes 52 seconds. Thus, three versions of
a message were available having speech rates of 178, 278, and 378 wpm
and for which the time needed to listen to the message decreased from
6 minutes 4 seconds in the case of normal speech to 2 minutes 52 seconds
using speech of 378 wpm. These tapes were used to assess the effects
of increasing the speech rate upon the comprehension of a recorded mes-
sage.

Two additional groups of high and low aptitude men listened to the test
message at 278 (N = 14) or 378 wpm and then listened to additional infor-
mation until their total listening time was 6 minutes 4 seconds, i.e.,
the same amount of time as required to listen to the.normal uncompressed
message.. These groups thus listened to what the previous three groups
had heard, plus additional information. For all conditions, Ss were
assigned to the various treatment groups in an unsystematic manner, as
they became available, until all treatment cells were filled.

The message used in this study was the "Roland" selection from the stan-
dardized listening passages prepared by Clark and. Woodcock (1967). Sub-
jects listened to this selection in an open classrOom. They were .seated
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in a semicircle around a tape recorder adjusted to a "comfortable" lis-
tening level determined by the group. Subjects listened first to the re-
corded instructions on the standardized listening tapes (they were instructed
to ignore the references to earphones in the instructions ). Then they
listened to the "Roland" selection. Immediately after the presentation of
the listening selection, Form A of the comprehension tests was adminis-
tered both by reading and listening. This test contains 28 four-alternative
multiple-choice questions. In the present research, the 6 minutes 4 sec-
onds of listening time presented at a normal (178 wpm) speech rate pro-
vided answers relevant to only the first 14 of the 28 test items. This
was true also for the two compressed versions in which the listening time
were 3 minutes 53 seconds and 2 minutes 52 seconds. For the coxiapressed
versions in which the listening time was held constant at 6 minutes 4 sec-
onds, information relevant to both the first and second halves of the cow-
prehension test was presented. In this case, more relevant test information
was presented in 6 minutes 4 seconds with the speech rate at 378 wpm than
at 278 wpm. Of primary interest was whether or not holding the listening
time of the compressed message equal to that of the uncompressed mes-
sage would result in an overall increase in scores on the total 28-item
test.

The results of the study are summarized in Figure 8.2. In this figure,
the unfilled symbols designate the conditions for which the listening time
was constant at 6 minutes 4 seconds. The filled symbols indicate those
conditions for which listening time was reduced. The square symbols
are for the high aptitude Ss and the round symbols are for the low aptitude
Ss. The abscissa indicates the rate of speech at which the message was
presented, and the ordinate is the percent correct on the 28-item com-
prehension test.

The data indicate that, under those conditions in which the speech rate
was increased and the listening time was reduced, comprehension de-
creased for both high and low aptitude Ss. This is the typical finding
regarding the relationship between speech compression and comprehen-
sion (Foulke & Sticht, 1969).

The data of primary interest are given by the unfilled symbols. In this
case the listening time was constant at 6 minutes 4 seconds, while the
speech rate was increased from 178 to 278 to 378 wpm. Thus more in-
formation was presented with the faster rates of speech. The data of
Figure 8.2 indicate that, for higher aptitude men, there was no increase
in comprehension scores when more information relevant to the test was
presented at accelerated speech rates. For lower aptitude men, there
is a suggestion that listening to additional information at accelerated
speech rates may have improved comprehension over that obtained by
listening to less information at the same accelerated speech rates. How-
ever, the differences indicated in Figure 8.2 are not statistically signif-
icant (t tests; p = .05).
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These data indicate that listening to additional in ormation in the time
saved by the time compression of speech may not lead to increased
learning. In the .present study this was true even for material com-
pressed only 36% and presented at 278 wpm, and even though this com-
pression resulted in a higher "listening efficiency" score, i. e. , more
was learned per time spent listening, than obtained with the normal
(178 wpm ) rate of speech. This was so for both aptitude groups.

As mentioned earlier, Fairbanks et aL (1957a) attempted to increase
learning by using the extra time resulting from 30% compression to
emphasize certain content in a recorded message. They found that,
whereas the learning of the emphasized materials was, indeed, im-
proved, the learning of the unemphasized materials declined, and the
total comprehension score stayed about the same as that obtained by
listening to the message presented at a normal rate of speech and with-
out added emphasis. Fairbanks et al. (1957a) suggested that empha-
sizing certain content might have caused Ss to consider that content as
more important than the remaining content, and hence they may have
ignored the unemphasized materials. They also mentioned the possi-
bility that the response to the emphasized version of the message may
have actively inhibited the response to the unemphasized content.

The present results are essentially the same as those found by Fairbanks
and colleagues. But in the present case, the possibility of selectively
focusing attention through emphasis of materials was avoided and,
hence, does not explain the failure to find improved learning with ex-
tended listening. However, the notion of inhibition may be related to
the'present findings. An analysis of the responses of high aptitude _Ss
to the first and second halves of the 28-item test indicated that, with
the materials presented at 278 wpm, the scores on the first half of the
test decreased slightly when the message was 6 minutes 4 seconds in
duration as opposed to when the message length was only 3 minutes
53 seconds in duration. Thus, there is the possibility that retroactive
inhibition may have occurred such that listening to additional material
may have interfered with the retention of previously presented mate-
rial. However, the evidence for this is very slight. Also, this inter-
pretation is not confirmed by the data for the low aptitude men who,
in fact, showed a slight.increase in performance for both halves of
the test when listening tirne at 278 wpm was extended from 3 minutes
53 seconds to 6 minutes 4 seconds.

Com -ents on the Efficiency of Learning by Listening

t- Ti: e-Compressed Speech

To recapitulate briefly, several research studies have attempted to dem-
onstrate that the time saved by time compression might be used to
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increase 1earning over that which could be obtained by listening once to
the uncompressed materials. These studies have used the time saved
by the compression process to repeat or review messages (Fairbanks
et al., 1957b; Friedman et al. , 1967; Hopkins, 1969; the present work),
to selectively elaboraty parts of messages (Fairbanks et al. , 1957a),
or to present additional new, but related, information (the present re-
c,A rrh), To date, none of these techniques hsve been F,,,nd to signif-
icantly increase the amount of learning over that obtained from a single
presentation of the same, or unelaborated, or less extensive material
presented in an uncompressed format with speech rates between 140-178
wpm.

On the basis of these limited data it appears as though the technique of
trading time for information has not resulted in more information being
processed by the listener for short-term retention. Most significantly,
this has been true for materials compressed to speech rates of 275-300
wpm for which listening "efficiency, 'i. e. , the amount learned per
unit of listening time, has actually been higher than obtained with "nor-
mal" materials. Thus, the implication that, because of improved lis-
tening efficiency, more information can be learned in a unit of time
with moderate compression has yet to be substantiated.

would mention however, that there are several features of the var-
ious research efforts under consideration which serve to limit conclu-
sions to be drawn from them. For one thing, practically all of this
research has involved listeners untrained in listening to compressed
speech. This, of course, requires no further comment. Secondly,
all of the studies have used materials within a given subject matter
area. Possibly the probability of interference factors might be reduced
f a different type of content was presented in the time saved by the com-

pression process. Thirdly, these studies have presented the additional
information in a single sitting and immediately tested for learning.
Perhaps some spacing of the presentation of new compressed infor-
mation might increase learning over that obtained by continuously
listening for the same amount of time to uncompressed materials (but
see Friedman et al. [1967] for preliminary negative findings using
long-term intervals between repetitions of materials).

As a final comment upon the efficiency of learning from moderately
time-compressed speech, it should be pointed out that the studies re-
ported in this paper have all been concerned with using the time saved
by the time compression process for increasing the learning of a given
group of Ss. An alternative would be to use this timesavings for other
purposes, such as instructing additional students. Thus, the efficiency
of time-compressed listening does not rest solely on demonstrating an
increase in the amount of learning per group per unit of time, but also
by the demonstration that more groups per unit of time can be in-
structed with moderate compression. This is fait accompli in the many
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studies, including the present ones, which demonstrate that much
learning can occur with materials that have been compressed by 30-40%.
Clearly this timesavings can be used to instruct additional listeners.
It is also obvious, and I'm sure this fact has not escaped many of you
who have doggedly tested several groups of Ss in a single day, that the
time saved bv t _e compression process can also be used by researchers
to recover between treatment groups.

ACKNOWLEDGMENTS

The research reported in this paper was performed at HumRRO Divi-
sion No. 3, Monterey, California, under Department of the Army con-
tract with the Human Resources Research Organization; the contents
of this paper do not necessarily reflect official opinions of policies
of the Department of the Army.

Reproduction in whole or in part is permitted for any purpose of the
uepartment of the Army.



CHAPTER IX

THE APPLICATION OF FiATE-CONTROLLED RECORDINGS

IN THE CLASSROOM

Richard W. Woodcock*

Several interrelated studies pertaining to the application of rate-controlled
recordings in the classroom were conducted during the 2 year period from
1966 to 1968. This series of studies involved approximately 700 Ss in-
cluding normals, mental retardates, and the culturally disadvantaged.
The Ss were drawn from grades 3 through 6, and from classrooms for
adolescent mental retardates. The experimental instructional mate-
rials were biographical passages of 2,000 to 4,000 words in length.
Three of these passages comprised the set of materials known as the
Standardized Listening Passages (Clark & Woodcock, 1967). The other
studies utilized a set of 20 passages, each approximately 4,000 words in
length, comprising the Negro Heritage Series (Clark, 1968). The sev-
eral studies utilizing these materials were designed to approximate school
learning situations as closely as possible while retaining the necessary
research controls.

The results of these studies have provided information concerning sev-
eral aspects of utilizing rate-controlled recordings in the classroom.
The following questions were among those of concern:
1. Which type of media provides the most effective learning situation--
listening plus viewing correlated slides, listening alone, or reading?
2. What is the effect of rate of presentation upon comprehension test
scores and upon learning efficiency scores?
3. What is the relationship of intelligence to learning informatIon th ough
rate-controlled presentations?
4. How well do pupils retain the infor ation learned via -ate-controlled
recordings as a function of time?
5 What are the effects of review upon performance?
6. What are the effects of practice with rate-controlled recordings upon
performance?

*Dr. Richard W. Woodcock is Director of Research, American Guidance
Services Inc. , Circle Pines, Minnesota 55014.'
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For the purposes of this paper, the details of research design and sta-
tistical analysis for the individual studies will not be presented. If this
information is desired, it can be obtained from the reports listed in the
references. (Clark, 1968; Clark & Woodcock, 1967; Woodcock & Clark,
1968a, 1968b, 1968c, 1968d. )

Studies Using the Standardized Listening Passages

Figure 9.1 illustrates a typical design of several studies which utilized
the Standardized Listening Passages (Woodcock & Clark, 1968a). These
studies typically examined performance across several words per min-
ute (wpm) rates; compared immediate retention with retention after one
week; and, generally, considered some aspect of intelligence. The
Standardized Listening Passacr,es procedure requires _Ss to listen to a
series of three passages. The first two passages and related tests are
used for training and adaptation purposes; the third pasSage and its two
alternate-form tests are used to provide experimental data.

Which Type of Media Provides =he Most Effective Learnination?

The results of the studies reported in this paper were obtained through a
presentation procedure in which Ss viewed a set of correlated slides
while listening to a rate-controlled recording. During earlier studies,
a marked improvement in performance was observed when Ss viewed
correlated slides while listening to the presentation. One such study in-
volved adolescent mental retardates who, in certain cases, read the pas-
sages using a controlled reading device; in other cases, listened to the
passages; and, under the third condition, listened to the passages while
viewing the correlated slides (Woodcock & Clark, 1968d). The results
of this study demonstrated the superiority of the listening plus slide
presentation over listening alone which, in turn, was more efficient as
a learning medium than reading the passages.

What Is the Effect of Presentation Ra -e upon Co prehension Tes-
Scores_?

Figure 9. 2 illustrates performance across several rates for a group of
fifth-grade children with average intelligence. These data were derived
from multiple-choice tests over the passage contents and were obtained
immediately after the Ss listened to the passage and viewed the corre-
lated slides. Note that higher performance is at the lower wpm rates,
while performance at high wpm rates is relatively low. Performance at
378 and 428 wpm rates is at a level approximating that of Ss who took
the test only without listening to the passages and viewing the slides.
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ow EffIcient Is LearnIng as a Func ion of Time S.ent in Listenin

Figure 9. 2 illustrated the effect of rate upon test scores. Figure 9. 3
represents a second, and quite important, way to look at the effect of
listening rate upon performance. The performance curve in Figure 9. 3
portrays "learning efficiency" or the relative amount of learning per
unit of listening time. Figure 9. 3 illustrates that even though higher
scores were made at lower wprn rates, more efficient learning takes
place at higher wpm rates.

How Well Do
Recor_diag?

ils Retain the in o mation Learned via Rate-Controlled

A comparison of immediate retention scores with retention scores after
1 week are shown in Figure 9. 4. Note that the 1 week retention curve
is similar to the immediate retention curve except it is somewhat lower.
The results portrayed in Figure 9.4 illustrate that information learned
through the medium of controlled-rate recordings is retained and for-
gotten in much the same way as has been observed for learning obtained
through other modes.

What is the Relationshi Intelli ence o Learnin Ra Controlled
Recording?

Figure 9.5 illustrates performance curves for three levels of intelligence
within the fifth grade. The curve representing the highest level of per-
formance across listening rates was obtained by fifth-grade $s with high
mental ages. The middle curve is the same data shown in Figure 9. 2
for average fifth-grade Ss. The lowest curve portrays the performance
of fifth-grade Ss with low mental ages. Note the similarity of the three
curves, except for their general level of performance.

Another aspect of the relationship of intelligence to learning performance
is shown in Figure 9.6. In this case, the Ss comprising the three intel-
ligence levels have the same mental age but differ in IQ and chronological
age. The performance curve for the average fifth-grade Ss is again the
same data as was shown in Figure 9. 2. The low ability Ss are "below-
average IQ" students in grade 6. The bright Ss are "above-average IQ"
Ss in grade 3. The results of this study indicate that when Ss have the
same mental age, even though they have different chronological ages and
IQs, their performance will be similar.
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with average intelligence.
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hat Are the Effects of Review upon Performance?

Figure 9. 7 illustrates the des..gn of a study which compared: (1 ) the sin-
gle presentation of a passage with, (2) the double presentation of the pas-
sage with, (3) a variation of the double presentation strategy in which
1 week elapsed between the first and second exposures to the passage
(Woodcock & Clark, 1968b). A question of special interest is whether
SS who listen to the material twice, at double the rate, will demonstrate
more learning than those Ss who spend the same total listening time, but
only listen to the passage once.

Figure 9. 8 summarizes the results of the review study in respect to test
performance. The overall differences among the three presentation
strategies were not significant at the .05 level, though it appears that
at very fast rates there may be a slight advantage in listening to the ma _e-
rial twice.

Figure 9. 9 portrays the results of the review study in respect to learning
efficiency curves. Note that the results are similar for all three ap-
proaches. There is a trend in these curves suggesting that the single
presentation may be slightly more efficient at slower rates and that dou-
ble presentations may be more efficient at higher rates.

Studies Using the Neg o He itage Series

Figure 9.10 presents the design of the major study reported in this paper
involving the application of rate-controlled recordings in the classroom
(Woodcock & Clark, 1968c). The 20 Negro Heritage passages each re-
quired about 20 niinutes of listening-time at their original recorded rate.
The Ss listened to one of these passages each day, 4 days a week, for
5 weeks. After listening to each passage, the Ss were administered a
12-item test over the contents of the passage. One week after complet-
ing the twentieth passage in the series, the Ss were administered an 80-
item comprehensive test over the contents of all 20 passages.

Examination of Figures 9. 11 and 9. 12 indicate that the results of this
study are similar to the results obtained in the short-term studies using
the Standardized Listening Passages. Figure 9. 11 portrays the com-
prehensive test score data for the Negro Heritage study. Note that again,
the highest scores were obtained by Ss who listened at the slowest rate
used in the study, while the lowest scores were made by those Ss who
listened at the fastest rate. The only Ss who did poorer were those who
took the test without having had the benefit of listening to the passages.
Figure 9. 11 also compares the performance of Ss who listened to each
passage twice with those Ss who listened only once. As seen before, in
Figure 9. 7, there seems to be little advantage from listening to the pas-
sages twice. 102
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Figure 9.12 shows the data of Figure 9.11 transformed into learning
efficiency scores. The loss in learning efficiency by listening to the
same passage twice is clearly demonstrated. At no point did the ef-
ficiency of learning for those Ss who listened twice approach that of
Ss who listened only once.

What Effect Does F) ac ice with RateControlled Recordin Have
u on Perfo mance?

Figure 9.13 portrays the week-by-week results obtained in the Negro
Heritage study. It appears that very little change in performance took
place after the initial exposure to rate-controlled recordings. A limit-
ing factor in this study was the lack of feedback to _Ss regarding their
week-to-week performance; however, in respect to sheer exposure to
the medium there was no marked improvement in performance with
practice.

Conclusions and Summa

Six major conclusions regarding the application of rate-concrolled re-
cordings in the classrom are implied by the results of the studies pre-
sented in this paper:
I. Listening plus viewing sl des is a more effective and efficient medium
for learning than is listening alone, which, in turn, is more effective
than reading (at least for Ss who are not yet good readers).
2. A pupil will achieve the highest score on a test over a passage at ex-
panded rates of 75 to 125 wpm.
3. A pupil's most efficient learning will take place at compressed rates
of approximately 250 to 300 wpm. (It is of interest to note that the nor-
mal speaking rate of 150 to 175 wpm provides neither the most effective
rate nor the most efficient rate. )
4. In respect to the relationship of performance to intelligence, mental
age is a very significant S variable. IQ, when mental age is held con-
stant, does not seem to be an important variable.
5. In respect to the value of review, a single pass through the material
is a more efficient use of available learning time than repeated exposures
to the same material.
6. After the initial two or three exposures to rate-controlled recordings,
continued practice produces little improvement in performance.

In summary, if I were assigned the task today of setting up an extended
program of school instruction using controlled-rate recordings, I would
do the following: prepare lessons to be presented audio-visually, not
audio alone. The visual presentation would change .every one-half t
1 minute. If the instructional goal is for pupils to achieve the highest
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score possible after listening to the oral p -esentation, they would listen
once at a rate of 75 to 100 wpm. If the instructional goal is to achieve
the most learning in a limited time, the pupils would listen to the passage
once at a rate of 250 to 300 wpm, Following each presentation, the pupils
would be administered a short test or other evaluative device over the
contents and implications of the material to which they have just been ex-
posed.

These studies have provided further evidence that rate-controlled record-
ings can be an effective and efficient learning medium for children. The
self-contained nature of such materials and of "listening-viewing centers"
can provide teachers with an easily handled and effective instructional
situation.
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CHAPTER X

PROCESSING TIME AS A VARIABLE IN THE COMPREHENSION

OF TIME-COMPRESSED SPEECH

Ruth Ann Ove mann*

Time-compressed speech is speech reproduced in less than the original
production time. The compression process can be accomplished in a
number of different ways, but the method used in the work to be de-
scribed is one that pertaits an increase in word rate without altering
other characteristics of the message such as timbre or pitch. The de-
termination of the optimal rate of speech at which man can still ade-
qv.ately encode, store, and retrieve the information in a spoken message
is a problem of great interest for those engaged in research on the per-
ception of time-compressed speech and it is to this problem that the
following paper is directed.

Originally, interest in time-compressed speech grew out of a need to
increase the amount of information that could be communicated aurally
in the time available for such communication. Blind students, for ex-
ample, would be significantly assisted if they could read at a rate that
compares favorably with the silent visual reading rate of 251 words per
minute (wpm), the median reading rate for high school seniors (Harris,
1947). The reading rate of the individual who reads by listening is ordi-
narily determined, not by his own reading requirements, but by the rate
at which his oral reader speaks. Foulke (1969, Ch. 11) found a mean
oral reading rate of 177 wpm for a representative group of professional
oral readers employed in the Talking Book program. Typical braille
reading rates are even slower. Ethington (1956) found an average
braille reading rate of 90 wpm for high school students, and 120 wpm
for experienced adult braille readers. Thus, under the hest of condi-
tions, the blind reader receives two-thirds the amount of information
that the sighted reader receives in the same period of time.

*This experiment was performed by Ruth Ann Overmann while a graduate
research assistant in the Perceptual Alternatives Laboratory at the
University of Louisville, Louisville, Kentucky, and was reported in her
master's thesis.
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A method for the time compression of recorded speech without the dis-
tortion in vocal timbre and pitch associated with the accelerated play-
back of a tape or record was suggested by the results of an experiment
reported by Miller and Licklider (1950). They demonstrated the re-
dundancy of normal speech by testing the intelligibility of monosyllabic
words, the reproduction of which was interrupted periodically by means
of an electronic switch. They found that when the samples eliminated
from the reproduction by interruption of the signal did not exceed 50
milliseconds (msec. ) in length, word intelligibility did not fall below
90% until 50% of the signal had been eliminated. In this study, intelli-
gibility was operationally defined as the ability to repeat words accu-
rately, and this definition is followed in the work reported here.

The next step in the development of compressed speech was to close the
gaps between the remaining parts of the interrupted words. Garvey
(1953b) accomplished this operation by periodically cutting out segments
of a recorded tape, and by splicing the free ends together again. The
speech that resulted from the reproduction of this tape was accelerated
without distortion in vocal pitch. Obviously, this technique of speech
compression was far too time-consuming and cumbersome to be of any
practical use, but it did demonstrate the soundness of the approach.

In 1954, Fairbanks, Everitt, and Jaeger described an electromechanical
device for the time compression of speech. This device makes use of
a sampling wheel, with four tape playback heads equally spaced around
its curved surface. As the tape to be reproduced passes over the curved
surface of the sampling wheel, the wheel rotates in the direction of tape
motion and, as each playback head is periodically brought into contact
with the moving tape, it reproduces a sample of the signal recorded on
the tape. As a given head loses contact with the tape and, hence, ceases
to reproduce the signal recorded on it, the next head in line makes con-
tact and-commences reproducing. However, a segment of tape, equal
in length to the distance along the curved surface of the sampling wheel
separating these heads, is skipped, and is therefore eliminated from the
reproduction. The output, then, consists of.samples of the original re-
cording, abutted in time. The amount of compression depends upon the
frequency with which segments of the original recording are discarded.
Speech intelligibility will be preserved if the discarded samples are of
short enough duration so that every speech sound is sampled (Foulke,
1969, Ch. 2).

Using this method, it is possible to accelerate the word rate of connected
discourse by any desired amount. The basic limitation in amount of com-
pression is the listener's ability to comprehend what he hears.

The effect of compression on the intelligibility of single words and on
the comprehension of connected discourse has been studied by several
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investigators. Garvey (1953b), using his manual sampling method, found
a 10% loss of intelligibility for words compressed to 60% of original dura-
tion. Compressing fluent speech by this would result in a word rate of
292 wpm, assuming an initial word rate of 175 wpm. Kurtzrock (1957),
using the electromechanical sampling method, found 50% intelligibility
for words reproduced in only 15% of original production time. Fairbanks
and Kodman (1957) found 50% intelligibility when only 13% of the original
word was present. Connected discourse, subjected to a compression of
this magnitude, would be reproduced at a rate of 1 , 000 wpm, or more.
The low intelligibility of the individual words in messages presented at
these rates should be counteracted to a considerable degree by the re-
dundancy in connected discourse, and theoretically, it should therefore
be possible to demonstrate significant comprehension of messages pre-
sented at rates in the range of 1, 000 wpm. Yet, as the following research
will clearly indicate, this is not the case.

Comprehension, as measured by performance on a test of the facts and
implications of a listening selection, has also been shown to decrease
as a function of an increase in word rate. Both Nelson (1948) and
Harwood (1955) demonstrated an insignificant loss in comprehension
for word rates in the range of 125 to 225 wpm. For listening selections
of 141, 201, and 282 wpm, Fairbanks, Guttman, and Miron (1957c)
found little difference in comprehension scores. However, comprehen-
sion declined from 58% of test items correctly answered at 282 wpm to
26% at 470 wpm. Since the tests used were of the multiple-choice type,
a mean score of 26% would not be significantly different from chance
performance.

The nature of the material presented in a listening selection could be
one of the factors determining the rate at which comprehension is lost
as word rate is increased. Using both literary and technical listening
material, Foulke, Amster, Nolan, and Bixler (1962) demonstrated that
comprehension was only slightly affected by word rates of up to 275 wpm.
In the range from 275 wpm to 375 wpm, there was a sharp decline in
comprehension as the word rate was increased for both types of listening
material. Also, the comprehension scores of the blind Ss at the 275 wpm
rate were essentially the same as the scores of the sighted Ss who had
silently read the material and answered the test items.

in a single experiment, Foulke and Sticht (l967a) measured the influence
of compression on both word intelligibility and listening comprehension.
They found that both intelligibility and comprehension decreased as the
amount of compression was increased but that comprehension declined
more rapidly than intelligibility. The intelligibility of single words was
always superior to the comprehension of connected discourse, and de-
clined gradually as the compression was increased from the value re-
quired for a word rate of 225 wpm to the value required for a word rate
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of 425 wpm. Comprehension scores, on the other hand, declined mod-
erately from 225 to 325 wpm, but very rapidl,,- thereafte

The conclusion suggested by these and other studies is that listening com-
prehension begins its rapid decline at a compression rate that leaves
word intelligibility relatively intact. It is, of course, to be expected
that comprehension scores would be lower than intelligibility scores.
The listener's task, when he is required to demonstrate comprehension,
is more difficult than the task required when intelligibility is measured.
However, if the decline in listening comprehension is due solely to the
lose of word intelligibility, then an improvement in the intelligibility of
words presented at a given level of compression should be followed by
the improved comprehension of messages constructed from those words.
In an experiment by Foulke (1969, Ch. 12), listeners were taught a vocab-
ulary of words compressed by an amount sufficient to produce a rate of
approximately 500 wpm for connected discourse. They received practice
in the identification of these words until they had achieved near perfect
performance. Then, they were required to reproduce sentences com-
posed of these words and presented at approximately 500 wpm. Errors
in reproduction were numerous and did not yield to practice in spite of
the steps that had been taken to insure the intelligibility of component
words.

Another source of evidence for the rejection c door word intelligibility
as the only factor accounting for the decline in listening comprehension
at high levels of compression is prnvielod in an P.y-perirnerit by WoulkP
(1969, Ch. 12). A professional reader read the same listening selection
at three different word rates: 149, 164.6, and 195.7 wpm. These three
renditions were then compressed to the same 'final rate of 275 wpm. In
order to achieve this, it was necessary to compress the three renditions
to 71%, 60%, and 50% respectively of their original production times. In
spite of the fact that the intelligibility of the words in the three renditions
differed as a consequence of the different amounts of compression to
which they had been subjected, the distributions of comprehension test
scores fbr the three groups of Ss who heard these selections were not
significantly different.

In any case, the finding that intelligibility is lost at a different rate than
comprehension as the amount of compression is increased remains to be
explained. In one attempt to explain this fact, Foulke and Sticht (1967a)
have adopted the computer storage model of cognitive processing. This
model describes in terms of input, matching, storing, and retrieval op-
erations, the task of reading a verbal selection and remembering signif-
icant aspects of it. The conscious sensory acts involved in reading or
listening are equivalent to the input operations of feeding data into a com-
puter. The next operation, storing this material, involves two processes:
first, the matching of the words in, the message with an already stored
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vocabulary of words and phrases; and second, the as yet unspecified
mechanisms necessary for the synthesizing and coding of the material
for memory. Memory is of two types, long-term and short-term. Pre-
sumably, only the whole intact message is involved in short-term mem-
ory operations and it is in this brief time that the matching and coding of
the message takes place for the long-term storage. Retrieval is the
name given to the actual remembering process, in which the coded in-
formation is decoded.

Thus, as Foulke and Sticht (1967a) point out, wo dintelligibility could
be explained in the operation sequence of: input, matching short-term
memory storage, and retrieval. However, the task is not quite so sim-
ple in comprehension. There must be a continuous process of input,
matching, buffer storage, those encoding processes required for the
transduction of input material to a form suitable for long-term storage,
and a final decoding step required to retrieve information from the long-
term memory storage bank.

The significant difference between the two tasks is the added number of
processing operations. In normal speech of approximately 150 to 200
wpm, there is apparently more than enough time to perform all of these
processing operations on all of the incoming information to make what
is heard understandable. The individual can still retrieve the message
adequately as evidenced by the relatively high scores on tests of compre-
hension. However, as the word rate of listening material is increased,
the time available for these processing operations is decreased. A rate
is ultimately reached at which there is no surplus time in which to per-
form the needed operations. As word rate is increased beyond this
point, the rapid decline in comprehension begins. As seen in the previous
studies, the individual is still able to handle rates of up to 275 wpm; but
after this point is reached, comprehension scores begin to decline.

To explain the information processing capacity of the organism, Miller
(1953, 1956) has employed the concept of a communication channel which
has a finite capacity. If more information is presented to the individual
than he can handle, then some of this information will not be processed
and cannot subsequently be stored for later retrieval. Thus in higher
word rates, the channel capacity could be exceeded and information
would be lost. Compressed speech complicates this process all the
more. In the language of the computer storage model, there are fewer
cues present in the compressed word to aid in the recognition process
and consequently more items in the individual's store of vocabulary must
be rejected before the correct match is found. Essentially, the process
of compression reduces the redundancy of the individual words in the mes-
sage that is to be comprehended. Thus, as available processing time de-
creases with increasing word rate, the growth in word uncertainty
increases the demand for processing time. After channel capacity is
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reached at approximately 275 wpm, comprehension should begin to de-
cline, and the slope of this line should become gradually steeper as the
rate of compression is increased. Foulke (1968b) compared the results
of several investigations of comprehension and the evidence offers ten-
tative support for this hypothesis.

If the suggested explanation of the change in the rate at which compre-
hension is lost with increasing word rate is correct, one consequence
should be that efforts toward training listeners to comprehend very fast
speech will meet with only limited success. The nature of the neui'al
mechanisms involved in the processing of stimulation may set a fairly
inflexible upper limit on the rate at which units of information can be
obtained from stimulus displays, and efforts to exceed this limit may
only interfere with the listener's perceptual machinery. The results of
training efforts so far attempted seem to confirm this expectation.
Foulke (1964a) evaluated the efficiency of four different training methods
in improving the comprehension of compressed speech. One group re-
ceived prolonged practice in listening at a constant, high word rate. A
second group received practice in listening to material presented at a
word rate that was initially slow, but which was gradually increased to
a very fast word rate over the course of training. For two additional
groups, word rates were managed in the same way, but listening selec-
tions were interrupted frequently to question Ss about material just
heard. None of the four training methods yielded any significant im-
provement in the comprehension of compressed speech.

Other attempts at improving the comprehension of compressed speech
by training have been only moderately success:Eul (Orr, Friedman, &
Williams, 1965). There does appear to be an initial "warm-up" effect,
or adjustment to the task of listening to compressed speech, as shown
in the results of an experiment by Voor and Miller (1965), They pre-
sented five different listening selections to a group of Ss at a rate of
380 wpm. Each selection was followed by a multiple-choice test of
comprehension. There was an improvement in mean comprehension
scores from the first to the third selection, but from the third to the
fifth selection, there was no further improvement.

If the influence c).f time compression on the comprehension of connected
discourse is consonant with the model suggested in this paper, then the
reinsertion, at the -syntactic boundaries in a listening selection, of the
processing time removed by compression should restore the comprehen-
sibility of that selection. There already is some support for this hy-
pothesis in the literature. Aaronson and Markowitz (1967) studied the
effects of compression on the recall of sequences of spoken digits. In
one condition, Ss listened to the straight reproduction c3.f the recorded
oral reading of sequence's of numbers. In the other condition, these re-
corded sequences of numbers were compressed to 67% of original dura-
tion, and enough Unfilled time ,was inserted between each of the spoken
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numbers to restore the time required for the reproduc ion of the sequence
to the original production time. The results of this experiment showed
that immediate recall accuracy was significantly higher for compressed
than for noncompressed sequences, thus suggesting that the additional
information in the normal sequences was not necessary for encoding and
retrieval, and that processing time was the significant variable.

The question of the relative contribution of degradation in word intelligi-
bility and deprivation of processing time to the-decline in comprehension
of highly compressed speech is an important issue for both theoretical
and practical reasons. Theoretically, its resolution would contribute to
an increased understanding of the perception of verbal inputs. Practi-
cally, if the problem is primarily one of poor word intelligibility rather
than insufficient channel capacity, atteiition can be directed toward the
development of training methods to help the listener discriminate sounds
that are unfamiliar in their compressed form, and to the development of
improved equipment for the compression of,speech. If insufficient chan-
nel capacity is the principal difficulty, one might consider the investigation
of various strategies that could be employed in listening to compressed
speech.

The following research was an attempt to answer the question of why com-
prehension declines at high word rates of compression by suggesting that
the loss is due to a limited channel capacity for processing information
and not to a loss of word intelligibility. An experiment was performed
using tapes that were time-compressed at different word rates and tapes
in which the individual .ohrases aria sentences wP,ve compressed with. time
added to restore the tape to the original production time. This unfilled
time was to replace the processing time lost in the compression process.
If the adding of -,rocessing time is the answer to the loss of compreher,-
sion, the compre hension scores should parallel the intelligibility scores
at all word rates. In the following experiment, if this hypothesis is
the selections to which processing time has been added should result in:
(I) significantly higher comprehension scores than the time-compressed
selections that have not had any time added to them, and (2) a significant
interaction effect that would indicate the different rates or decline in com-
prehension as the compressed word rate increases for the two groups.

Method

Sub ects

One hundred and forty introductory psychology s udents at the University
f Louisville served as Ss in this experiment. None had prior experience

with compressed speech and all were free from any obvious hearing de-
fects.
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Experimental Materials

Listening comprehension was measured by the Nelson-Denny Test of
Reading Comprehension, Form B. Form B consists of eight short
listening selections with several questions covering the material in
each selecti,n. Selection 1 contains 600 words with eight questions,
and each of the remaining selections contains approximately 200 words,
with four questions per selection. A score of 36 is the highest possible
score.

The selections were recorded by a professional reader at the American
Printing House for the Blind. Two copies were made of this tape. One
tape was compressed using an electromechanical speech compressor of
the Fairbanks type (Fairbanks et al. , 1954) built at the University of
Louisville. The tape was reproduced by the speech compressor at those
compressions needed to achieve word rates of 250, 325, and 400 wpm.
Playback time was measured for each selection and the differences be-
tween the compressed form and the original playback time was figured
for each of the three compressed word rates. The number of pauses
between phrases and sentences was then determined for each reading
selection. The time difference between each of the compressed word
rates and the normal word rate was distributed between the phrases and
sentences with the pauses between the sentences receiving twice as much
time as the pauses between the phrases. The time was added to the tape
by splicing in the proper amount of leader tape between the phrases and
sentences and the resulting tape was copied for use in the experiment.
This tape contained reading selections with phrases and sentences com-

.pressed to the equivalent of 250, 325, and 400 wpm in connected dis-
course with enough unfilled time added to approximate the time of the
original master tape playback. Table 10.1 is a compilation of playback
times for the original compressed tapes and time-added tapes for each
selection and for each compression rate.

The output of the speech compressor was recorded on magnetic tape via
a Crown tape recorder, model 800. During the experiment, these tapes
were reproduced on a Wollensak tape recorder, model T-1500. The out-
put of this recorder was distributed to the Ss through cushioned headsets.
Each headset's volume could be adjusted by the .S for comfortable lis-
tening.

Procedure

The 140 Ss were divided into six experimental groups of 20 members each
and one control group of 20. Each of the experimental groups received
one of the compressed tapes--three heard the normally compressed tapes,
and thret; heard the time-added compressed tapes. The control
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group heard the uncompressed tape. The Ss were assigned to experi-
mental groups in the order in which they signed for service in the ex-
periment. All Ss were told that they would be listening to compressed
speech, a form of accelerated speech in which word rate is increased
without changing the "voice quality"; that they would be asked questions
on each of the selections they were about to hear; and that they might
have some difficulty understanding what was said but to try and do the
best they could.

At the end of each selection, they were given a test containing the ques-
tions covering that selection and were instructed to read the questions
and mark their answers on a -!umbered IBM answer sheet. After the Ss
had completed each test, they listened to the next selection on the tape.

Results

A score, the number of correctly answered test items, was determined
for each S. The means and standard deviations of these scores were
calculated for each experimental group, and for the control group (see
Table 10.2). The effect of time compression on listening comprehension,
for the "time compression" groups, and for the "time compression plus
time restoration" groups, is shown in Figure 10.1. The x-axis of this
figure is scaled in terms of amount of compression, and the y-axis in
terms of mean test scores. A dotted line has been drawn across the
graph, parallel to the x-axis, to indicate the level of chance perfor-
mance. The mean test scores of all experimental groups are clearly
above chance at all three compressions. Furthermore, mean test scores
for the "time compression plus time restoration" groups are higher than
the mean test scores for the "time compression" groups.

TABLE 10.2

MEANS AND STANDARD DEVIATIONS

Control Group
Time Compression'

Groups
"Time Compression Plus

Time Restoration"
Grou s

SD
250 24.00 4.32 250 26.15
325 22.50 3.85 325 23.55
400 18.55 5.29 400 21 30

4.12
5.92
6 90
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Figure 10.1. Comprehension test scores as a function of word rate.
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The data upon which Figure 10.1 is based -were examined by an analysis
of variance, using a 3 x 2 factorial design with a single control group
(Winer, 1962). The results of this analysis are presented in Table 10.
As suggested in Figure 10.1, effects due to simple time compression,
and to time compression plus time restoration, were significant (p < .01
and p < .05 respectively). The interaction between time compression and
time restoration was not significant.

TABLE 10.3

ANALYSIS OF VARIANCE

Source MS
Control vs all others 183.88 7.70 .01
A (Time Compression) 268.90 11 26 .01
B (Time Compression Plus

Time Restoration) 1 118.01 4.94 .05
AB 2 7.43
Within c ooled with control) 133 23.88

Further analyses on these data were performed to determine the sources
of significance. The Newman-Keuls Test for Ordered Pairs of Means
(Winer, 1962, pp. 80-85) indicated that, for the "time compression"
groups, performance at the compression required for a word rate of 250
wpm (assuming an uncompressed word rate of 175 wpm) was significantly
different from performance at the compression required for a word rate
of 325 wpm, and also significantly different from performance at the com-
pression required for a word rate of 400 wpm, while performance at the
compression required for a word rate of 325 wpm was significantly dif-
ferent from performance at the compression required for a word rate of
400 wpm (p < .05 in all cases). The same pattern of significance was
found for the "time compression plus time restoration" groups.

In addition, at each of the three levels of compression represented in the
experiment, the difference between the distributions of scores for the
"time compression" and the "time compression plus time restoration"
groups was examined for significance by the Newman-Keuls test. At
both the compression required for a word rate of 250 wpm and the com-
pression required for a word rate of 400 wpm, the scores of the "time
compression" groups were significantly different from the scores of the
"time compression plus time restoration" groups (p < .05 in both cases).
However, at the compression required for a word rate of 325 wpm, the
difference was not significant.



115

In a further analysis, the t test was used to compare each experimental
group with the control group. The results of this analysis are shown in
Table 10.4. At the compression required for a word rate of 250 wpm,
neither the "time compression" group, nor the "time compression plus
time restoration" group, show a significant loss in listening comprehen-
sion. Beyond this point, the loss in comprehension is significant for the
"time compression" group; whereas, for the "time compression plus
time restoration" group, the loss in comprehension does not reach sig-
nificance until the compression required for a word rate of 325 wpm is
exceeded.

TABLE 10.4

t RATIOS FOR COMPRESSED PLAYBACK TIME

WPM
"Time Compression"

and
"Time Compression Plus

Time Restoration" and
Control Grou s Control.Grou s

250 1. 67 . 18
325 2 61* 1.67
400 5 48* 2. 77*

p < 01

Discussion

As the results clearly indicate, both time compression and time resto-
ration are significant factors in the comprehension of compressed speech.
The demonstration of decreasing comprehension with increasing com-
pression in time, constitutes a replication of earlier findings (Fairbanks
et al. 1957c; Foulke, 1968a; Foulke et al., 1962; Foulke & Sticht, 1967a).

The finding that the restoration, at phrase and sentence boundaries, o
the time lost by compression improved comprehension, supports the
hypothesis that the loss in comprehension resulting from compression
in time is a consequence of depriving the listener of the time he needs
to perform the processing operations upon which comprehension depends.
Although the effect of time restoration was, in all instances, to improve
comprehension, the improvement was, in one instance, not significant.
At the compression required for a word rate of approximately 325 wpm
without time restoration, it would have been necessary for the mean com-
prehension test score of the "time compression plus time restoration"
group to exceed the mean comprehension test score for the "time com-
pression" group by 1.17. The observed difference was only 1.06.
However, since the difference produced by time restoration was in the
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expected direction in all three cases, and significant in two of the three
cases, the failure to realize significance in the remaining case does not
seriously weaken the time restoration hypothesis.

As shown in Figure 10.1, the comprehension of compressed speech was
not significantly poorer than the comprehension of uncompressed speech
until a word rate of approximately 250 wpm was exceeded. This finding
is in general agreement with the findings of other studies of comprehen-
sion as a function of word rate, cited earlier. If the restoration of the
time loss by compression had been completely effective, there would
have been no loss in comprehension with increasing compression for the
"time compression plus time restoration" groups. However, as shown
in Figure 10.1, although the comprehension manifested by the 1r-time
compression plus time restoration" groups did not decline significantly
until the compression required for a word rate of approximately 325 wpm
without time restoration was exceeded, the loss in comprehension was
significant at the highest compression represented in the experiment.
One explanation may be that, at this compression, comprehension was
adversely affected, in part, by a degradation of signal quality. Of
course, the restoration of the time lost by compression would not com-
pensate for such degradation. Another possibility is that, at the highest
compression represented in the experiment, the syllables and words
within each compressed segment of the speech record were imperfectly
registered so that, when the processing time at phrase and sentence
boundaries was available, some of the material to be processed was
either missing or distorted.

In general, it appears that, when the time lost by compression is re-
stored, listeners can use it to their advantage. In the language of the
channel capacity model, they have more time in which to add informa-
tion to long-term storage. The results of Aaronson and Markowitz
(1967) also support this conclusion. Having shown this much, the next
appropriate step would be to determine the amount and distribution of
processing time needed to maximize comprehension at various com-
pressions. At the time the materials for this experiment were pre-
pared, inadequacy of equipment F;revented the insertion of time at other
than phrase and sentence boundaries. However, more adequate equip-
ment is now under construction, and the research implied by the re-
sults of this experiment will soon be technically feasible.

Ideally, the question of how much time to restore to compressed speech,
and at which syntactic locations, could be answered most directly by
enabling the listener to control, as he listens, the restoration of time
to compressed speech. The way in which he managed the restoration
of ame should perthit inferences regarding his processing requirements.
Unfortunately, with the available apparatus, it was necessary to make
a decision, in advance of the experiment, about the locations at which to
restore time, and about the amount of time to be restored.
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There is some theoretical justification for the restoration of processing
time at phrase and sentence boundaries. The units with which the lis-
tener deals may not be single words, but phrases and clauses. Foder
and Bever (1965) introduced clicks at various points in sentences pre-
sented orally, and then asked their Ss where they had heard these clicks.
Although the clicks were distributed throughout phrases, Ss tended to
perceive their occurrence at phrase boundaries. Foder and Bever in-
terpreted these results as providing support for the view that the seg-
ments revealed by formal constituent structure analysis function as
perceptual units, and that the displacement of cliTks toward phrase
boundaries was an effect which insured the integrity of these units.

The hypothesis tested by this experiment is that comprehension of fluent
speech depends upon processing operations which require time, and that
the elimination of too much time by compression interferes with the
performance of these operations. The results of this and other studies
indicate that when speech occurs at a faster rate 'ilan 250 or 300 wpm,
there is no longer enough time for complete processing. The silent
visual reading rate typically observed may seem to argue against this
conclusion. Many visual readers can read, with good comprehension,
at 400 or 500 wpm, or even faster. Apparently, they can perform the
needed processing operations on words put in at these rates. If they
can do so when words are perceived visually, why can not they do so
when these same words are perceived aurally? This dilemma is re-
solved by the chunking concept (Miller, 1956). As the visual reader
gains experience in processing the printed page display, he organizes
its units into chunks, and treats these chunks as units, thus reducing the
number of units with which he must deal. Taylor (1966), in an analysis
of visual reading rates, determined that the average college student
makes approximately 260 visual fixations per minute. If, during each
fixation, he perceived a single word, he would be reading at 260 wpm,
a rate that is fairly comparable to the maximum rate at which speech
can be processed aurally without loss in comprehension. However,
if, through chunking, he can perceive two or more words during each
fixation, he can double or even triple his visual reading rate. Because
the record processed by the listener is displayed temporally, rather
than visually, it is relatively inflexible, and will not yield to the kind
of reorganization that can be imposed on the printed page. The listener
may still try to increase the size of the units with which he deals by
chunking, but his task is much more complicated. Storage and re-
trieval from short-term memory are added to the task of reorganizing
the display. These operations must, themselves, require time, and
must increase the opportunity for error.

Evidence bearing upon the foregoing analysis might be obtained by de-
termining the maximum reading rate that could be realized by a visual
reader who was compelled, through appropriate instrumentation, to
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perceive his display one word at a time. Under tais condition, the
maximum visual reading rate should approximate the maximum aural
reading rate.

Summary

An experiment was performed to test the hypothesis that listening com-
prehension declines more rapidly than word intelligibility as a function
of compression in time, because comprehension depends upon processing
operations that require time. If too much time is eliminated by com-
pression, the remaining time will not be sufficiPnt to permit the re-
quired processing, and comprehension will sufi r. The hypothesis was
tested by comparing the comprehension of compressed listening selec-
tions with the comprehension of listening selections which were different
only in that the time eliminated by compression was restored at phrase
and sentence boundaries. The improvement in comprehension following
time re toration was statistically significant for two of the three Lom-
pressions at which comparisons were made. Although restoration of time
at the highest compression represented in the experiment improved com-
prehension, it was still significantly poorer than the comprehension
demonstrated by a control group that listened to uncompressed speech,
suggesting that the loss of processing time is not the only factor re-
sponsible for the poor comprehension of high'y compressed speech.



CHAPTER XI

SPEECH PAUSE DURATION AS A FUNCTION

OF SYNTACTIC JUNCTURES

Kenneth F. Ruder and Paul J. Jensen*

Introduction

The phenomenon of speech is often associated with images which suggest
continuity in sound production; i.e. , we speak of fluency in speech, the
flow of speech, etc. , yet evidence shows that at least 40-50% of speak-
ing time is spent in pausing (Goldman-Eisler, 1968). This fact, then,
shows that the act of speaking is anything but continuous. It is frag-
mented and interrupted throughout by intervals of silencethat is, by
pauses.

Despite the frequency of occurrence of speech pauses, most of the re-
search in the production and perception of speech has been concerned
with the filled elements of utterances, that is, vocal sounds that are
intended to carry linguistic information. In fact, it has only been within
the last decade that researchers (Boomer & Dittman, 1962; Goldman-
Eisler, 1968; Mac lay & Osgood, 1959) have become seriously interested
in the unfilled events of utterances--speech pauses.

As a result of this general disregard, actually very little is understood
about the nature and function of pauses in speech. A number of specu-
lations have been advanced in this regard, but for the liiost part these
speculations have not been subjected to systematic and rigorously con-
trolled research until very ref:ently.

One such speculation concerns the extent to which speech pauses may be
related to encoding and decoding decisions concerning sentence .structure.
In general speechliterature, pauses are often referred to as oral punc-
tuation. Implicit in such a report is the notion that somehow pauses in

*Dr. Kenneth F. Ruder is affiliated with the Bureau of Child Research,
University of Kansas, Lawrence, Kansas 66044. Dr. Paul J. Jensen
is with the Communication Science Laboratory, University of Florida,
Gainesville, Florida 32601.
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speech reflect and signal the syntactic structure of the sentence. How-
ever, such a relationship between speech pauses and constituent structure
is at present nothing more than a broad sweeping generalization which
has yet to be verified.

Lieberman (1967) does provide some data which shows that speech pauses
do serve as disjuncture cues which reflect the constituent structure of
speech. His data, in this regard, are Lased on an experiment in which
computerized tape splicing techniques were used to change the utterance
"lighthouse keeper" into "light housekeeper" and vice versa by simply
changing the interval between light and house. Lieberman (1967) does
state, however, that disjunctures would manifest the constituent struc-
ture only where it would not otherwise be clear from the total context
of the message.

The role of pauses in signaling the constituent structure of sentences in
normal speech is, thus, still not clarified since in the context of normal
speech the redundancies of language minimize the occurrences of ambig-
uous utterances such as "light house keeper. " Scho les (1968), in fact,

refutes Lieberman's (1967) claim. that the speech pause is a significant
cue for disjuncture on the basis of an acoustic analysis of disambiguating
disjunctures occurring in northal speech.

It should be pointed out that in both the Lieberman (1967 ) and Soho les
(1968) studies, the disjuncture cues were studied within the context of an
ambiguous utterancea not too frequent occurrence in everyday speech.
Wilkes and Kennedy (1969) studied the distribution of pause durations as
a function of constituent structure in normal, non-ambiguous utterances
and found that the subject-predicate break, relative clauses, and enu-
merated items ("cats goats pigs ducks make good pets H) were marked by
relatively longer pauses than the rest of the sentence constituents. This
data could thus be interpreted as indicating that the function of speech
pauses is, indeed, to signal the syntactic structure of the sentence.

Up to this point we have talked only about pauses occurring in a fluent
stretch of speechfluent pauses, if you will. There are, however,
pauses in speech which perceptually disrupt the smooth now of speech.
These pauses are referred to in the literature as hesitation pauses.
Goldman-Eisler (1968) reports on the distribution of hesitation pause
durations in reading and spontaneous speech and reports that the con-
stituent structure, no matter how complex, was not reflected in hesita-
tion pause duration.

These results would seem to be in direct opposition to the Wilkes and
Kennedy (1969) data. Itlowever, it may merely reflect the notion that the
function of the two pause types is different--a not too novel interpreta-
tion. Since the pause measures in the two studies were obtained in
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completely different contexts, the two studies cannot realistically be
compared. To resolve this dilemma to some extent, the question can
loz. posed as to whether fluent and hesitation pauses differ with respect
to reflecting constituent structure (as the two aforementioned studies
indicated) and to what extent does either type of pause adequately reflect
sentence structure.

In regard to these considerations, then, the following study was unde
taken to investigate the duration of fluent and hesitation pauses as a
function of syntactic complexity.

Procedure

Five stimulus sentences were chosen in which the words "lost" and
"contact" were manipulated so that they assumed different syntactic re-
lations to one another. These syntactic relations were specified by means
of tree diagrams which defined the constituent structure of each stimulus
sentence

Since the purpose of this study was to look at pause duration as a func-
tion of syntactic complexity, it was necessary to quantify the complexity
of the syntactic relations between "lost" and "contact" so that these re-
lations which constitute the syntactic environment could be rank ordered.
This quantification was accomplished through use of structural complex-
ity index (Miller & Chomsky, 1963).

To apply this metric, one locates the lowest node of the tree diagram
which encompasses both words of interest, "lost" and "contact, and
counts the total number of nodes contained in this branch of the tree
structure. This number is then divided by the number of terminal nodes
contained in that branch (see Figure 11.1). For instance, in the sen-
tence "Even though the battle was lost, contact had been established with
the rear guard. ", the lowest node which encompasses the words "lost"
and "contact" is the sentence node. The total number of nodes in this
branch is 27. The number of terminal nodes is 14. The node-to-
terminal-node ratio of 27/14 (1.93) is thus the structural complexity
index for that particular syntactic relation between the words "lost" and
"contact. " Since the constituent structure analysis used in arriving at
the tree diagram is an arbitrary procedure in many instances, an ex-
ternal test of the validity of the syntactic complexity rankings based on
the node-to-terminal-node ratio was made. Eighteen naive Ss were
asked to rank the stimulus sentences on the basis of the complexity of
the syntactic relations between the words "lost" and "contact. Subjects
were merely told to use their own judgment in regard to what was meant
by syntactic relations and complexity and were given no special instruc-
tions or training ir this regard.
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The Spearman Rank Order Correlation between the mean complexity
rankings of the Ss and the complexity rankings based on the node-to-
terminal-node ratio was .96. There is, therefore, a high degree of
relationship between naive Ss' concept of syntactic complexity and the
structural complexity index based on the node-to-terminal-node ratio.
Insofar as the naive Ss' complexity rankings are viewed as adequate
criteria, the structural complexity index as derived from an immediate
constituent analysis thus seems to be a valid measure of the complexity
of syntactic relations.

The stimulus ,sen ences used in the study were, in order of increasing
complexity of the syntactic relations between "lost" and contact":

1. He lost contact with reality.
2. The lost contact lens case was finally found.
3. The team that lost contacted the authorities.
4. If you are lost, contact the nearest policeman.
5. Even though the battle was lost, contact had been established

with the rear guard.

The psychophysical method of adjustment was employed to obtain the
perceptual judgments of pause duration between the words "lost" and
"contact" in each of the five stimulus sentences. Adjustment of pause
duration between these two words was accomplished in the following
manner. The five stimulus sentences were recorded by a single speaker
who had been selected from an original pool of four on the basis of his
high ranking on the six speaker attributes of quality, fluency, natural-
ness, rate, precision, and overall effectiveness.

These sentences were then dubbed onto a two-track tape such that the
portion of the sentence up to and including the word "lost" was recorded
on Track A, while the remainder of the sentence (beginning with the word
"contact") was recorded on Track B. Pause duration between the words
"lost" and "contact" could then be manipulated by mechanically delaying,
to a greater or lesser degree, the playback of the Track B signal with
respect to the Track A signal.

Experi _en:al Apparatus

To implement this procedure, a modified two-track playback head system
was constructed so that pause duration adjustment could be accomplished
through delaying, to a greater or lesser degree, the playback of the
Track B signal (that part of the sentence beginning with the word "con-
tact") relative to the signal on Track A (that part of the sentence ending
with the word "lost"). To provide for such a variable delay, a tape
guide attached to a worm gear assembly, as shown in Figure 11. 2, was
mounted between the fixed Track A and Track B playback heads. Since
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the tape guide was attached to the worm gear, its position, relative to
the horizontal plane of the playback heads, could be varied up and down
the worm gear, thereby increasing or decreasing the effective distance
between the playback heads. Pause duration between "lost" and "con-
tact" could be increasesl, then, by moving the tape guide away from the
playback heads, since this movable guide altered the time of onset of
the Track B signal relative to that on Track A by changing the distance
the tape must travel to reach the "B" playback head.

This playback head assembly was coupled to an Ampex PR-10 tape deck
and stereo amplifier assembly driving a pair of Sharpe HA-10 earphones
with a monaural Y-cord input so that the Track A and B signal was re-
ceived in both ears (see Figure 11.3).

The outputs from Channel A and Channel B of the playback recorder were
coupled respectively to Channel A and B inputs of a Tektronix 564 storage
oscilloscope. This oscilloscope is a special purpose instrument designed
to store cathode-ray tube displays for viewing or photographing. Each
stimulus sentence, as adjusted by the S, was viewed on the oscilloscope
screen. When that portion of the signal containing the end of Channel A
signal and beginning of Channel B signal was located visually, it was stored
on the oscilloscope display. A permanent record of this display was then
obtained by photographing it with a Polaroid trace-recording camera at-
tached to the face of the oscilloscope screen. Pause durations were ob-
tained from these photographs by measuring the time interval from the
cessation of the Track A signal to the beginning of the Track B signal
(see Figure 11.4)

Twelve young adult male college students were selected as Ss for the
study. Each 5, working individually, was asked to adjust the duration
of the pause between the words "lost" and "contact" so that (1) the pause
duration was considered optimal for the "fluent" presentation of the sen-
tence, and (2) the pause was just perceived as being a hesitation.

To provide some data concerning the range of fluent pauses (that range
durations extending from the pause detection threshold in speech to that
point where the pause was just perceived as a hesitation), each S's pause
detection threshold, at ea h level of syntactic complexity, was found.

In this detection task, the Ss were asked to adjust the duration of the silent
interval between the words "lost" and "contact" to that point at which they
just detected a pause. This adjustment began with the pause duration
between "lost" and "contact" set at 500 milliseconds (msec. )(arbitrary
starting point). The S was instructed to decrease the duration of this
pause until he perceived a definite overlap of the words "lost" and "con-
tact" and then increase the duration again until he just detected a pause.
The S was encouraged to make as many such "threshold crossings" as
necessary in order to locate that point at which the duration of the silent
interval was just sufficient to be perceived as a pause, that is, if the
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duration were any shorter, the interval would not be perceived as a
pause. When the S indicated he had located this point, the adjusted
sentence was displayed on the oscilloscope screen and photographed
for subsequent analysis.

For the task which required adjustment of the optimal duration of fluent
pauses, as well as for the adjustment of hesitation pauses, the S was
merely informed that there are two types of pauses: (1 ) pauses which
do interrupt the smooth flow of speech (hesitation pauses), and (2)
pauses which do not interrupt the smooth flow of speech (fluent pauses).
No more detailed description of these pauses was given -ich as: fluent
pauses are said to be used as oral punctuation, or, hesitation pauses
are silent intervals of unusual length), since such specific information
may have inadvertently influenced the Ss' performances.

For the fluent pause task, the Ss were p esented a sentence in which the
duration of the silent interval to be adjusted was arbitrarily set at 500
msec. They then were instructed to adjust the duration of this interval,
either increasing or decreasing it, to the point where it was perceived
as being an optimal duration, that is, the duration which was best suited
for conveying the meaning of the sentence in a fluent, intelligible man-
ner. Subjects were allowed as many trials as necessary in making this
adjustment; when they indicated that the duration of the pause was opti-
mal for the fluent presentation of the sentence, it was displayed on the
oscilloscope screen and photographed.

The hesitation pause task proceeded exactly as the fluent pause task ex-
cept that Ss were requested to adjust the pause duration to that point
where they just perceived it as being a hesitation. Each pause adjust-
ment for the five sentences within each task was repeated three times
to obtain an estimate of within S variability. Subjects were given as
much time and as many trials as necessary to make each adjustment.

Resu _s and Discussion

The overall mean pause duration for each level of syntactic complexity
is shown in Figure 1 1 . 5. A treatments by Ss (Winer, 1962) analysis
of variance indicated that the main effect of syntactic complexity was
statistically significant. However, there was also a significant inter-
action between tasks and levels of syntactic complexity; therefore, a
simple main effect test was performed for syntactic complexity at each
level of tasks.

The results of this analysis indicated that level, of syntactic complexity
was a significant factor only for the hesitation pause task. Figure 11. 6
clearly illustrates that as the level of syntactic complexity increases

34
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from levels two to five, the duration of the hesitation pause similarly
increases. The increase in hesitation pause duration from syntactic
complexi.ty level one to level two, however, is slight.

To determine which of these levels of complexity was contributing to
the overall simple main effect, a Newman-Keuls test of treatment dif-
ferences was applied to the data. The results of this analysis indicate
that mean hesitation pause durations at levels four and five differ sig-
nificantly from the mean hesitation pause durations at levels one, two,
and three. Hesitation pause durations at levels four and five, however,
do not differ significantly, nor are there any significant differences in
the durations among levels one, two, and three.

These results can be interpreted as suggesting that syntactic complexity
as measured by the two indices, structural complexity index and Ss"
rankings of syntactic complexity, does not have an effect on pause dur-
ations. While the syntactic complexity of the pause boundaries in
sentences four and five differed considerably on both complexity in-
dices, hesitation pause durtion did not differ significantly at these
boundaries. Sentences one, two, and three are similarly different
from each other in terms of the complexity indices and likewise show
no significant differences in hesitation pause duration among themselves.
In this respect, the pause boundaries in sentences four and five are alike
in that both are subordinate clause-main clause boundaries, while those
in sentences one, two, and three are other types of syntactic boundaries
(I. e. verb-object boundaries, adjective-noun boundaries, etc. ). For
convenience, the former will henceforth be referred to as subordinate
clause boundaries and the latter simply as other boundaries.

Fluent Pause Duration as a Function of S ntactic Comle

The finding that fluent pause duration did,not differ significantly across
the five levels of syntactic complexity has import in regard to the as-
sumption that fluent pauses are used to signal the syntactic structure in
speech (Carrell 84 Tiffany, 1960; Lieberman, 1967). On the basis of
these results, one would have to conclude that this is not one of the
primary functions of fluent pauses. This has par .cular relevance to
the notion advanced by Lieberman (1967) and Wilkes and Kennedy (1969)
that fluent pause duration is a primary cue marking syntactic junctures
in speech. If this notion were, in general, correct, one would expect
a difference in fluent pause durations at least for the between-phrase
and within-rhrase distinctions. Since such was not the case, the data
from the present study are seen as contradictory evidence for the claim
that fluent pause duration is a primary cue reflecting constituent struc-
tur2_. On the other hand, the data can be interpreted as direct support
for the interpretation advanced by Scholes (1968) that fluent pause
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duration is a relatively um po _ant physical cue for signaling syntactic
junctures (disjunctures).

This is not to say that fluent paus'e duration may not be used as a cue
for disjuncture. The data merely suggest that, as a general rule, dura-
tion of the silent interval is not utilized for this purpose. It may also
well be that given specific instructions to emphasize or de-emphasize
a particular part of the sentence, pause duration will be a primary
parameter employed. Such a function of fluent pauses is suggested by
Carrell and Tiffany (1960).

Then again, fluent pause duration may serve no other purpose in speech
than to mark perceptual units in speech and to provide perceptual pro-
cessing time as suggested by Aaronson and Markowitz (1967). These
are only speculations, however, and must be researched further. The
data from the present study offer little insight with regard to these pos-
sible functions of fluent pauses.

Hesitation Pause as a FunctIon o tss:Lcit-
A comparison among mean hesitation pause durations at the five levels
of syntactic complexity shows clearly that the most complex syntactic
relations (levels four and five) are associated with significantly longer
hesitation pause durations than are the less coraplex relations (levels
one, two, and three). As mentioned previously, the variable pause
boundaries in sentences four and five differ from those in sentences one
through three in that the former are subordinate clause boundaries while
the latter are other types of syntactic boundaries. Since subordinate
clause boundaries are frequently punctuated by a comma in orthography,
these results can be viewed as being particularly relevant to the notion
that fluent pauses in speech are often used as oral punctuation (Carrell
& Tiffany, 1960). Although the comparison of fluent pause durations
did not reveal a significant differential use of pause durations between
subordinate clause and other syntactic boundaries, the use of hesitation
pause durations in this regard has some interesting implications.

The major implication of this finding is that although the optimal fluent
pause duration between subordinate clause and other boundaries does not
differ significantly, the range of fluent pause durations (that range of
durations extending from the pause detection threshold to the minimum
hesitation pause duration) is greater at the subordinate clause boundaries
(917 rnsec. ) than at the other boundaries (496 msec. ). Although this
range may not be utilized extensively, ite potential is there as can be
evidenced by this difference.

An equally important finding is that the within-phrase, between-phrase
distinction frequently employed in the study of hesitation pauses
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(Goldman-Eisler, 1968; Maclay & Osgood, 1959) may not be as signif-
icant as commonly thought. Goldman-Eisler (1968), in particular,
frequently limits her study of hesitation pauses to within-phrase occur-
rences such as those corresponding to synta :tic complexity levels one
and two of this study. In this regard, it may be interesting to note
that the mean within-phrase pause durai ion in the present study of
265 msec compares favorably with the 250 msec. standard adopted
by Goldman-Eisler (1961a) and to a lesser degree, the 200 msec. "hesi-
tation pause threshold" reported by Boomer and Dittman (1962) at
within-phrase boundaries. However, the data in the present study also
indicate that the hesitation pause durations at the syntactic complexity
level three are not significantly different from those at levels one
and two, yet the former is a between-phrase boundary and the latter
are within-phrase pause boundaries. This suggests that any general-
ization about hesitation pauses based largely on within-phrase occur-
rences is of questionable validity. Furthermore, the differences between
hesitation pause durations at subordinate clause boundaries and other
boundaries argue rather forcibly against the notion that a hesitation
pause threshold can be established irrespective of environment and/ or
perceptual judgments as has been commonly assumed (Boomer & Dittman,
1962; Goldman-Eisler, 1961a, 1968).

The distinctions of within-phrase and between-phrase pauses and the
subordinate clause and non-subordinate clause pauses may, in this re-
gard, be further useful to demonstrate the behavioral relevance of these
units. That is, the differential distribution of hesitation pauses at the
subordinate clause and other types of syntactic boundaries can be
interpreted as evidence supporting the functional distinction between
such boundaries.
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CHAPTER XII

THE SIGNIFICANCE OF INTRA- AND INTER-SENTENCE

PAUSE TIMES IN PERCEPTUAL JUDGMENTS OF

ORAL READING RATE*

Norman J. Lass**

Normally when one attempts to alter his oral reading rate, he exhibits
changes in both speech and pause times (Lass, 1968; Minifie, 1963).
However, several investigators have emphasized the importance of
pauses and pause times in the determination of reading rate as well as
in the perceptual judgment of reading rate (Agnelli:), 1963; Franke, 1939;
Minifie, 1963). Since pause time is regarded so highly in perceptual
judgments of rate, an investigation was undertaken to determine if al-
terations in intra- and inter-sentence pause times in an individual's
recorded reading of a standard prose passage (with no changes made
in speech time) would result in alterations in perceptual judgments of
his oral reading rate.

Procedure

Reading Material
_ _

The "Rainbow Passage" (Fairbanks, 1960) was employed for pause alter-
ation purposes in the study. The passage was read by a 30-year-old
male with judged normal voice, articulation, and rate characteristics.
Recording of the reading was made in an IAC chamber using an Electro-
Voice model 664 dynamic cardiod microphone and an Ampex model 602
tape recorder.

4To be published in Journal of S eech and Hearing Research in 1970.

Dr. Norman J. Lass is with the Speech and Hearing Sciences Labor-
atory, Division of Otolaryngology, School of Medicine, West Virginia
University, Morgantown, West Virginia 26506.
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Location of Pauses

A group of 20 individuals determined the location of pauses in the reading
by listening to the recording and placing pencil marks on transcribed
copies of the reading where they thought pauses occurred. It was neces-
sary for 15 of the 20 listeners (75%) to agree on a pause point in order
for it to be considered and used as a pause in the study. In this manner,
a total of five intra-sentence and five inter-sentence pauses were located
in the reading.

Pause Alteration Procedui

Duration of intra- and inter-sentence pause times was determined by
means of an Ampex model 602 tape recorder and a Bruel and Kjaer model
2305 power level reccrder. It was found that the intra-sentence pause
time for the entire reading passage was 2. 2 seconds, while duration of
inter-sentence pause time totaled 3.5 seconds.

It was arbitrarily decided to manipulate intra- and inter-sentence pause
times in one of seven ways: (a) no change, (b) 25% increase, (c) 25%
decrease, (d) 50% increase, (e) 50% decrease, (f) 75% increase, and
(g) 75% decrease. Any changes of pause times involved either increasing
both pause types or decreasing both of them. Increases in one pause type
and decreases in the other were not used. A total of 31 pause alteration
conditions were employed (see Table 12.1). Thirty electronic reproduc-
tions of the original recording were made; the removal or addition of
pause time was accomplished in all cases by the removal or addition of
the appropriate percentages of actual tape at each pause point. All pause
alterations in a particular recording were distributed approximately
equally over the total number of pauses involved. Thus, for example,
if a total of 5.0 seconds were to be added to or subtracted from) the
intra-sentence pause time in a recording, each of the five intra-sentence
pauses would be increased (or decreased) by 1.0 second. To control for
background qpise i-a all recordings, in those recordings where tape was
to be added, tape added was erased on the same recorder used for the
original recording.

After all pause alterations were completed, the 30 altered recordings,
plus the original unaltered recording, were arranged in random order on
an experimental master tape. In addition, five of the 31 recordings (15%)
were randomly selected and included at the end of the master tape for
intra-judge reliabn ty estimation. Thus, a total of 36 readings were
included on the master tape.
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TABLE 12.1

MEAN RATINGS, PAUSE ALTERATION CONDITIONS AND
OVERALL READING TIME (IN SECONDS) FOR THE

31 READINGS OF THE RAINBOW PASSAGE

Mean
Ratin

2.6
2.6
2.8
2.6
2.8
2.8
3. 1
3. 1
3 2
3.1
3. 0
3. 2
3.3
3.5
3.5
3.4
3. 3
4. 0
3. 9
3. 9
4 0
4. 1
4.0
4.3
4.5
4.3
4.4
5. 1
4. 6
4. 9
5. 2

Pause Alterations
Intra-Sentence

+75
+50%
+75%
+25%
+50%

0

+75%
+25%
+50%
+75%

+25%
+50%

0
+25%

0
- 25%

0

- 75%
-25%

0

- 50%
-25%

0
- 75%
-50%
-25%
- 75%
- 50%

75

Rating Session_

Inter-Sentence Time

+75% 31. 4
+75% 30. 9
+50% 30. 8
+75% 30. 7
+50% 30.3
+75% 30. 2
+25% 30.2
+50% 29. 8
+25% 29.7

0 29.6
+50% 29.5
+25% 29_ 2

0 29.0
+25% 28. 9

0 28.8
0 28.2
0 27. 7

- 25% 27.3
0 27.2
0 26 9

-25% 26. 7
-50% 26. 6
-25% 26. 4
-50% 26. 1
- 75% 26. 0
-25% 25. 9
-50% 25. 6
-75% 25. 4
-50% 25, 3
- 75% 25. 0
- 75% 24. 7

Judges. A total of 78 individuals, 40 males and 38 females, served
as judges. All were volunteer Ss from a basic psychology course at the

142
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University of Kansas. The group ranged in age from 18 to 28 yea _,
a mean age of 19 years.

Rating scale. A 6-point equal-appearing interval scale was employed
for evaluation of reading rate (Agnello, 1963). On the scale, the nulubers
represented the following rates:

1 = very slow
2 = slow
3 = moderate
4 = moderate
5 = fast
6 = very fast

The judges were asked to listen carefully to the entire reading before
circling the number which they thought best represented the reading ra e
for that particular reading.

histru =ions to es. A set of prerecorded instructions was included
on the master tape. It included an explanation of the 6-point equal-
appearing interval scale, examples of slow, moderate, and fast reading
rates, and five readings to be evaluated by the judges for practice pur-
poses. All examples and practice readings involved the same reader and
reading passage as was used in the experimental recordings. Upon com-
pletion of the instructions, all questions of the judges were answered and
the experimental readings were played. Playback equipment included an
Ampex model 602 tape recorder and an Ampex model 622 speaker-amplifier
system,

The rating session, which lasted approximately 60 minutes, was held in
a quiet room in one of the buildings on the University of Kansas campus.

Results

Table 12.1 contains the ruean ratings of the judges for each of the 31
pause-alte ed readings as well as the total time, in seconds, for each
reading.

The results indicate that changes in intra- and inter-sentence pause times
appeared to influence changes in the perceptual judgments of oral reading
rate. In addition, the resulting perceptual changes were in the expected
directions. That is, with increases in pause times, there were corres-
ponding changes toward lower ratings on the scale (slower perceived
rates); decreases in pause times produced judgmental changes toward
higher ratings faster perceived rates). Thus, it appears that there is
a strong inverse relationship between p_ use times and perceptual judgments
of oral reading rate. However, as canbe seen from Figure 12.1, the
overall reading time (in seconds) also appears to be related to perceptual

f
t.11'
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6

Figure 12.1. A scattergram displaying the relationship of overall
reading time in seconds) to mean ratings of rate.
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judgments of rate (r = .99). Since it was impossible to alter pause times
without also altering overall reading times, it was necessary to determine
if the changes in mean ratings were due to chan3-es in overall reading time
alone or also to pause time alterations. An anaLysis of covariance, in-
volving adjustment for a linear dependence of ratings on time (Williams,
1959; Winer, 1962), was employed to answer this question. The obtained
F value, which was significant at the .01 level, indicated that pause tittle
alterations had a significant effect on changes in mean ratings .

a- versus Inter-sentence Pauses

Figure 12,2 shows a comparison of intra- and inter-sentence pause time
alterations and their effect on mean ratings of reading rate. It appears
that inter-sentence pause time alterations affected mean rate ratings
more than did alterations of intra-sentence pause time. The range of
mean ratings for inter-sentence pause time alterations was 2.8 (slow
rate) to 4.5 (moderate rate), while intra-sentence pause time alterations
showed a range of mean ratings of 3,1 (moderate rate) to 3.9 (moderate
rate).

In addition, in those pause alteration conditions where both intra- and
inter-sentence pause times are altered by equal percentages, inter-
sentence pause time alterations show greater changes in mean ratings
than those involving intra-sentence pause time. For example, in Table
12. 1 , a 75% increase in intra-sentence pause time and a 25% increase
in inter-sentence pause time produced a mean rating of 3.1 (moderate
rate); while a 25% increase in intra-sentence pause time and a 75% in-
crease in inter-sentence pause time produced a mean rating of 2.6 (slow
rate). However, since in the original unaltered recording, total inter-
sentence pause time is greater than total intra-sentence pause time, any
changes in inter-sentence pause:time will result in longer overall read-
ing time than identical percentage changes in intra-sentence pause time.
Therefore, front the results of this study, it is impossible to make any
definitive statement concerning the relative importance of these two types
of pauses in influencing perceptual judgments of reading rate.

To obtain an estimate of intra-judge reliability, mean discrepancy scores
were computed for each of the five repeated readings on the master tape.
A grand mean discrepancy score of 0.62 of a scale value was obtained,
indicating a batisfactorily small dispersion within each of the 78 judges
between his first and second ratings of the five repeated readings.
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6

-- INTRA-SENTENCE PAUSE
0------0 INTER-SENTENCE PAUSE

-75% -50% -25% 0 +25% +50% +75%

PAUSE ALTERATION CONDITIONS

Figure 12.2. Graph showing the effects of intra- and inter-sen ence
pause time alterations on mean ratings of reading rate.
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Inter-judge reliability was eL,timated by means ot an analysis of vari-
ance (Winer, 1962). An r of . 99 was obtained from this analysis. The
interpretation of this finding is as follows: if the experiment were to
be repeated with another sample of 78 judges, but with the same read-
ings, the correlation between the mean ratings obtained from the two
sets of data on the same readings would be approximately . 99.

Discus s ion

The results indicate that pause Lime appears to play a definite role in
affecting perceptual judgments of oral reading rate. It should be noted
that speech time was in no way altered; it remained the same for ail
of the 31 readings. Moreover, the alterations in pause time were rel-
atively small. A 75% change, the largest amount allowable in the study,
involved only a change of approximately 1.7 seconds for intra-sentence
pause time and 2.6 seconds for inter-sentence pause time. The largest
time change possible for combinations of infra- and inter-sentence pause
time alterations (75% change in both intra- and inter-sentence pause
times) totaled only approximately 4.2 seconds. Nevertheless, such
pause changes appear to have affected the listeners' perceptual judg-
ments of reading rate. It is assumed from these findings that larger
changes in pause times than the ones used in this study would produce
greater changes in perceptual judgments of rate.

The results of this investigation may provide some very useful clinical
information for speech pathologists. Since alterations in pause time,
with speech time unaltered, have produced changes in perceptual judg-
ments of rate, perhaps emphasis in speech therapy on pause time alter-
ations, rather than the traditional emphasis on speech time alterations
(Fairbanks, 1960; Weiss, 1964), would result in thF: desired changes in
perceptual judgments of rate. In addition, since it has been found that
when one attempts to change his reading rate in a given direction (in-
crease or decrease rate), he manifests changes in both speech and pause
times (Gilbert, 1965; Lass, 1968; Minifie, 1963), there is the possibility
that in his attempt to change the duration of his pauses, he will also
manifest similar changes in his speech time as well.

However, it should be noted that the results of this investigation pertain
to reading rate alone; caution must be exercised in generalizing results
from reading to speaking situations. I am currently involved in the
planning stages of a research project concerned with the effect of pause
time alterations in impromptu speaking on perceptual judgments of

speaking rate. Since there are some basic differences with regard to

LI
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pause time between reading and speaking (Lass, 1968, Snidecor, 1943),
such a study is necessary before statements concerning pause time
alterations in speaking tasks and perceptual judgments of speaking rate
can be made.
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CHAPTER XIII

EFFECTS OF TEMPORAL SPACING ON LISTENING COMPREHENSION:

A SOURCE OF INDIVIDUAL DIFFERENCES

Raymond L. Johnson and Herbert L. Friedman

Guilford's structure-of-intellect model posits the existence of 120 dis-
crete intellectual abilities (Guilford, 1967)_ One of these, the ability to
evaluate Remantic relations (EMR) we have found to be a significant cor-
relate of listening comprehension at high rates of compression (Friedman
& Johnson, 1968, 1969). In this paper, results are reported which indi-
cate that EMR is also related to a listener's ability to take advantage of
a particular kind of perceptual aid in hearing compressed speech--the
selective insertion of temporal spaces at major syntactic junctures within
a sentence.

EMR as a Ccrrelate of Listening Comprehension

According to Guilford's theory, the evaluative operation is a process of
comparing and matching stimuli or items of information according
some criterion: identity, sindlarity, consistency, or conformity to rules
for class men-ibership. What is compared in the case of EMR are the im-
plied relationships among two sets of words. One of the reference tests
for this ability, Verbal Analogies, presents to Ss an item in the following
form:

TRAFFIC: SIGNAL as RIVER: a. bank
b. dam
c. canal
d. sand bags

They are instructed to choose one of the iour alternatives which is related
to RIVER in the same way that SIGNAL is related to TRAFFIC. To answer
correctly, the S must discover an attribute of both SIGNAL and TRAFFIC

*Dr. Raymond L. Johnson is Research Scientist in the Communication
Skills Research Program at the American Institutes for Research, 8555
Sixteenth Street, Silver Spring, Maryland 20910. Dr. Herbert L.
Friedman is Director of the program.
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which is shared by RIVER and one of the four available choices. Spe-
cifically, the S must recognize that a signal stops the flow of traffic
in somewhat the same way that a dam stops the flow of water. The
EMR ability thus involves the recognition of implied relationships among
items of information.

Another characteristic which may def ne this evaluative ability is the
rate at which the recognition occurs. It is historically significant that
prior to Guilford's classification theory, the evaluative operation was
variously termed perceptual speed, speed of judgment, and speed of
association (Hoepfner, Nihira, & Guilford, 1966). A possible link be-
tween EMR and the comprehension of compressed speech suddenly
becomes more plausible (and less suspect of being merely a statistical
artifact) once we know that some type of perceptual or cognitive speed
may be an important aspect of this ability.

Our finding that the magnitude of the correlation between EMR and lis-
tening comprehension is determined by the rate of compression suggests
the hypothesis that understanding a highly compressed speech signal
depends upon certain skills which are less clearly implicated at normal
or near-normal rates. The possibility that some special competence is
needed to comprehend highly compressed speech is consistent with find-
ings from studies of individual differences in perceptual motor skills
which have demonstrated changes, as a task becomes more difficult, in
the relative contribution which specific skills make to the perfo.rmance
of the task (Fleishman, 1957).

The Effect of Te acin on Lis _enin Corn -ehension

Ln a series of experimen s we have demonstrated, as have others, that
the comprehension of compressed speech is markedly improved by the
selective insertion of temporal spaces at major phrase boundaries.
One experiment used, as stimulus materials, sentences and sentence-
like strings which were of three types:

Meaningful, grammatical (for example): "Color-
less cellophane packages crackle loudly.
Meaningless, grammatical: "Colorless yellow
ideas sleep furiously. "
Meaningless, ungrammatical: "Sleep roses dan-
gerously young colorless.

Subjects listened to these strings either spaced at positions which con-
formed to the phrase structure, defined by an immediate constituent
analysis:

The clock / was built / by a Swiss watch maker,
or spaced to violate that struCture:

Union / leaders call sudden / strikes
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or not spaced at all. The strings were presented at normal rate and at
three degrees of compression. The S's task was to repeat each sen-
tence immediately after hearing it. We found, in analyzing the data,
that while spacing did not improve recall of meaningless, ungrammatical
strings--the random word sequencesspacing at phrase boundaries did
improve recall of both _yieaningful grammatical and meaningless gram-
matical strings--especially when heard at the highest rate of compres-
sion, about 450 words per minute (wpm). For both of the grammatical
string types there were no differences in recall between spacing which
violated phrase structure and the absence of any spacing. Thus, temporal
spacing helped the listener at high rates of compressionprovided the
string was well-formed grammatically and provided the spaces were
inserted at phrase boundaries within the string. On the basis of these
and similar findings we concluded that the function of spacing was to
help the listener organize a sentence into easily remembered word groups
which reflected the underlying syntactic structure of the sentence (Johnson,
Friedman, & Stuart, 1970).

In subsequent studies we examined the effect of ternporal spacing on the
comprehension of connected prose passages, using cloze-type tests as
measures of listening comprehension (Friedman & Johnson, 1969). To
very briefly summarize the results of these studies, we found that lis-
teners more accurately understood passages which were temporally
spaced at phrase boundaries within'each sentence than passages which
were spaced between sentences ut not within), or passages not spaced
at all. Furthermore, comprehension was better for sentences spaced at
phrase boundaries than at clause boundaries. Phrase spacing produced
consistently higher comprehension test scores than did clause spacing
over various rates of compression. And clause spacing, in turn, pro-
duced higher scores than no spacing at all.

Purpo_se of the Study

Both lines of inquiry have led us into problems of interpretation. Evi-
dence for the effects of temporal spacing has been somewhat trouble-
some to handle since there are at least two alternative explanations:
the spaces may provide perceptual processing time for the,listener, or
may serve to mark syntactic boundaries for easier retoghition. Like-
wise, the emergence of EMR measures as predictors of listening com-
prehension at high rates of compression is a finding of unappraised
value in the absence of a usefully detailed general theory of listening
comprehension with which this fact could be integrated. Since both the
effects of temporal spacing and the predictiveness of EMR become
discernible only at high rates of compression, and because EMR itself
may involve a perceptual or cognitive speed component, we designed
a study which included both as independent variables. The purpose
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was to determine whether the ability to evaluate semantic relations in-
fluenced the ability to use temporal spacing in understanding compressed
speech. The joint manipulation of these variables was expected to help
clarify one or both of their roles in listening comprehension.

Method

Sub i ects

Fifty-one undergraduates were recruited f om local colleges and uni-
versities to servP as paid Ss: 25 were women, 26 were men. All were
native speakers of English and were free from hearing or language
deficits. Mean age was 22 1/ 2 years.

Passaus

A magazine article about guitarist Charlie Byrd was divided into three
approximately equal sections, designated passages A, B, and C. Three
different versions of each passage were then prepared:
1. Temporal spacing between phrases. An immediate constituent anal-
ysis identified major phrase boundaries in each sentence, and taped
versions of the three passages were recorded with temporal spaces in-
serted at every juncture. The narrator attempted to preserve natural
intonation patterns in reading the sentences.
2. Temporal spacing between clauses. Sentences were so divided that
clause units were kept intact. In recording this version of the three
passages, temporal spaces were inserted to mark off major clause con-
structions without distorting the rhythm and intonation of the sentences.
3. No spacing. The three passages were recorded by the narrator who
read at a "natural" pace without introducing prolonged pauses within
sentences.

Each passage was compressed on _h- Te:- o-Regulator to a ra e 2. 0
and 2.75 times normal.

Comprehension Measure

A cloze test was constructed for each passage by randomly dela ing
lexical words. The format of the test was a typed transcript of the
passage with blank spaces where deletions occurred.
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Ability_Measure

As a measure of EMR, the ability to evaluate semantic relations, every
S received the Verbal Analogies test from the Guilford batLery of experi-
mental measures. Previous multiple correlation studies had found that
the Verbal Analogies test emerged as a significant predictor of listening
comprehension at high rates of compression (Friedman 8.r Johnson, 1969).

Procedure

Subjects were randoully assigned to nine experimental groups of approx-
imately equal size. Groups I, II, and III heard the three passages with-
out any temporal spacing within sentences. Groups IV, V, and VI heard
the passages with spacing at phrase boundaries, while Groups VII, VIII,
and IX heard the passages with spacing at clause junctures. Every S.
heard one passage at each of the three rates, and the order of presenta-
tion was always the same: first normal, then 2.0 times normal, and
finally 2.75 times normal. For each spacing treatment, the passages
were counterbalanced so that every passage was heard at every rate. The
experiment thus employed 27 different tapes (three passages x thrce spac-
ing conditions x three rates of presentations ). The design is summarized
in Table 13.1. All .Ss in an experimental group participated at the same
time. A tape was played to the group and immediately at its conclusion
the comprehension test based on that passage was administered. Three
tapes and tests were given in a single session.

TABLE 13.1

DESIGN OF THE STUDY. PASSAGES ARE DESIGNATED
A, B, AND C

No Spacing

Normal
Rate
A

2.0 x
Normal

A

2.75 x
Normal

A

Phrase Spacing A

Clause Spacing

9

A-
B
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Results

Analyses of variance were performed to determine the effects of EMR
and presentation rate on the comprehension of passages (a) temporally
spaced at phrase boundaries, (b) temporally spaced at clause boundaries,
or (c) not spaced within sentences.

Statis ically significant findings are enumerated briefly below:
1. Both EMR and presentation rate were significant main effects under
all spacing conditions. Compressed passages were never understood as
well as passages presented at normal rate, and Ss above average in EMR
ability (i.e. , those whose scores fell above the group mean ) always did
better on comprehension tests than below average Ss.
2_ Temporal spaces inserted at phrase boundaries always resulted in
more accurate listening comprehension than did clause spacing (for both
normal and compressed rates of presentation and both levels of EMR
ability). Spaces introduced at clause boundaries always resulted in bette
cowprehension than not introducing any spaces within sentences.
3. The smallest difference between high and low ability listeners was
found when passages were phrase-spaced and presented at normal speed.
4. The greatest difference between high and low ability listeners was found
when passages were phrase-spaced and presented at a rate 2.75 times nor-
mal.
5. Whatever the nature of the help phrase spacing gave to listeners, those
below average in EMR were most benefited when the spaced passage was
presented at normal rate, while those listeners who were above average
were helped most in coping w=th highly compressed spaced passages.

These data are graphically presented, in a somewhat simplified form,
(i.e. , the twice normal rate has been omitted) in Figure 13.1.

Discussion

The insertion of temporal spaces at phrase boundaries enabled listeners
of below-average EMR ability to understand passages at normal speed
almost as well as above-average listeners. This finding implies that the
provision of spaces in some way compensated--at normal speed--for the
limitations in the ability to evaluate semantic relations. Comprehension
for listeners above average in EMR ability, on the other hand, was little
influenced by temporal spacing at normal speed, but was significantly
enhanced at high rates of compression. For these listeners, the inser-
tion of temporal spaces compensated, in part, for the loss of perceptual
processing time or the loss in intelligibility due to speech compression.
One conclusion to be drawn from these findings is that the level of EMR
ability enters into determining the amount of time a listener needs in
understanding a message. While high ability listeners need additional
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NORMAL 2.75
NON-SPACED

NORMAL 2 75
CLAUSE-SPACED

NORMAL 2.75
PHRASE SPACED

Figure 13.1. Graphical comparisons of cloze comprehension scores
for subjects scoring abbve and below the group Mean on the Guilford Verbal
Analogies test. Note that data for passages presented at twice normal rate
have .been omitted in order to condense the graph sizes.
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time at phrase boundaries only for highly compressed speech, liste- ers
of low ability can use the added time even at normal rate.

Measures of EMR ability, such as Verbal Analogies, may be sensitive
indicators of a listener's time needs because the solving of the test prob-
lems involves the same mental operation required for comprehension.
Since proficiency and speed usually go together, people who are adept
at evaluating semantic relations do so quickly. Those less adept find
solutions more slowly. Listening comprehension, as EMR, involves the
recognition of relationships: relating sounds with sounds, words with
words, phrases with phrases, sentences with sentences. As Lenneberg
(1969) has noted:

. virtually every aspect of language is the expression
of relations. This is true of phonology (as stressed by
Roman Jakobson and his school), semantics, and syntax.
For instance, in all languages of the world words label a
set of relational principles instead of being labels of specific
objects. . . Further, no language has ever been described
that does not have a second order of relational principles,
namely, principles in which relations are being related, that
is, syntax in which relations between words are being spec-
ified [pp, 640-641] "

There are relationships among sentences also, as attested by the fact that
readers can identify paragraph boundaries in unindented prose passages
(Koen, Becker, & Young, 1969). Comprehension as a process can be
understood, then, as the recogn' ion of relationships, within and between
sentences.

From our everyday experiences as listeners we can observe that the
difficulties we have in understanding what bk- Jaeone has said is not usually
in comprehending sentences taken separately, but rather in seeing how
one sentence relates to another. Comprehension falters when a listener
cannot recognize the way the speaker couples sentences to form a train
of thought. Some evidence in support of this view is provided by Brent
(1969) who tested an hypothesis that the integration of sentences into para-
graphs is a process which unfolds in time. His findings indicate that a
person may completely comprehend the meanings of each of the sentences
in a paragraph, as coherent functional units, without being able to "grasp"
or "utilize" the integrative structure of the paragraph as a whole. This
act of integration requires time between sentences (perhaps of the mag-
nitude of 1 to 3 seconds, Brent has roughly estimated), an experimental
finding which further strengthens our contention that the ability to eval-
uate semantic relations may determine the amount of time a listener
needs to understand a message. It is reasonable to agree further, on the
basis of evidence, that a more profound view of "readability" or "lis-
tenability, and the psycholinguistic factors which influence these, would
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involve the nature of the relationships among sentences in a text, at
least as much as variables such as word frequency and leng h, or sen-
tence length and complexity.

The recognition of r Lationshlps at the phrase and sentence level has
been incorporated as a central component in a theory of language com-
prehension developed by Quillian (1966, 1967, 1969). As Quillian de-
picts the process:

"It seems generally agreed that understanding text in-
cludes recognizing the structure of relations between
words of the text. . . The overall effect of these
processes is to encode the text's meaning into some
form more or less parallel to that in which the subjec
general knowledge is stored, so that its meaning may
be compared to that knowledge, and perhaps added to
it [Quinlan, 1966, p. 53]. "

Quillian's "path finding" theory of comprehension is too detailed for us
to attempt more than a cursory exposition here. In broad outline, how-
ever, the theory states that words are encoded in semantic memory as
attribute-bundles and these attributes are extensively cross-indexed.
The interlocking network of attributes which characterizes the organi-
zation of semantic memory permits two words to be compared for shared
meaning by searching through their respeLtive attribute fields to discover
any intersect or overlap in attributes. Sometimes two words will not
share any immediate attributes, but both will be relatedin different
ways--to some third word. Quillian suggests that the length of the search
required to find a path connecting two words is an index of their semantic
similarity. If the path is long and circuitous, a sentence in which these
words co-occur may be difficult to understand. If a path cannot be found
which links the words of a sentence, the sentence is meaningless, In
Quillian's view:

"The cognitive processing which a reader must carry out
in order to [understand a text] is based on his finding,
for certain pairs . . . of concepts which the text associates
some way in which those same concepts previously have
been, or intelligibly may be, associated, given his general
memory [Quillian, 1 966, p. 70]. "

Path finding makes use of the syntactic information in a sentence in sev-
eral ways:
1. To form units. Data from Quillian's simulation studies suggest that
readers or listeners "bite off' segments of text for intensive processing.
Left-to-right segmentation is achieved by applying unit-forming rules
which are purely syntactic in nature, and results in phrase groupings
which contain two or three lexical items. Our own finding that the inser-
tion of temporal spaces at phrase boundaries facilitates comprehension
is compatible with this aspect of Quillian's theory.
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2 To determine the order in which words in a unit are related. Once
a phrase has been isolated for processing, syntactic information is used
in deciding the order ia which the attribute fields of constituent words
are to be searched.
3. To relate one shraseor sentence to another. Following the proces-
sing of all words in a phrase or sentence, it is linked to the preceding
portion of the text, and this higher-order connection is guided by syn-
tactic cues.

On the basis of these considerations, we may formulate the following
hypothesis: that EMR, the ability to evaluate semantic relations, is in-
volved in the pathfinding process essential to the comprehension of con-
nected discourse, and that the Verbal Analogies test measures individual
speed and proficiency in finding connecting paths between concepts.
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CHAPTER XIV

THE COMPREHENSION OF RATE INCREMENTED AURAL CODING

Mu. ay Miron and Eric Brownv

An earlier publication (Miran & Brown, 1968) has reported the prepara-
tion of a battery of stimulus tapes in which three parameters potentially
critical in their control of comprehension were conjointly manipulated.
These parameters were: (1) talker rate, manipulated through the limits
attainable by a trained speaker; (2) selective pause compression in which
pause time was proportionally deleted; and (3) random message deletions.
The results of that earlier study had indicated that comprehension would
not necessarily be additively affected by these differing means of achiev-
ing an incre se in message rate. For the first time, message rates
approaching 1,000 words per minute (wpm) were achieved with only rela-
tively moderate sacrifice of total phonation time. The earlier article
had as its purpose the reporting of the methods by which these rates
could be achieved. The present report presents comprehension data and
psychophysical judgments on the extremely broad range of speech rates
represented by these stimulus materials.

Earlier research (Fairbanks, Guttman, & Miron, 1957c) confirned by
a number of other investigators (see Foulke & Sticht, 1969, for a com-
plete review of the literature) had indicated that beyond compressed rates
of approximately 275 wpm there is a precipitous decline in comprehension.
Rates of approximately 160 wpm have been found to be normal and pre-
ferred (Hutton, 1954). Thus, as yet no appreciable gain in listening effi-
ciency without sacrifice of comprehension has been achieved by the speech
compression technique. Even assuming that with cleaner signal-to-noise
characteristics and a moderate tolerance of loss of comprehension, dou-
bling the normal speech rate by means of random deletions still would
not produce an absolutely large increase in listening efficiency. What
is required is an entirely different approach to the problem; namely a
combination of selective and random speech deletions.

*Dr. Murray S. Miron is Associate Professor of Psycholinguistics,
Psychology Department, Syracuse University, Syracuse, New Yo_± 13210.
Eric Browm is research assistant to Dr. Miron.
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Much of the normal speech signal is redundantly specified. Some 30% of
the normal reading of an extended prose text can be identified as pause
time (Miron & Brown, 1968). Approximately 50% of total message time
can be discarded without appreciable loss in comprehension. And a
speaker can increase his normal rate of talking by at least 30% without
listener loss of comprehension. The problem is in identifying what pre-
cise parts of the speech signal may be discarded. At first thought, it
seems reasonable to suppose that since pause time merely adds to mes-
sage length, pause deletion should increase listening efficiency without
loss of comprehension. But the speech pause does contribute to mes-
sage comprehension. In spontaneous speech, the pause marks retrace
corrections, signals ideational boundaries, and high information points
(Goldman-Eisler, 1968; Mac lay & Osgood, 1959). In reading, its role
is less well specified, but it is reasonably obvious that pauses are at
least grossly correlated with sentential and ideational syntax. The good
reader does not pause because he is out of breath; the text dictates where
he must breathe. This report provides a preliminary exploration of the
roles of pause time, talker rate, and total message duration in compre-
hension, and their effects on the judgment of rate. Such data are prelim-
inary to a fuller understanding of the factors which contribute to the
comprehension of speech and to the practical problem of achieving sig-
nificant increases in listening efficiency.

Method

The 36 stimulus tapes as prepared by the methods already described in
an earlier publication (Miron & Brown, 1968) were each presented to 36
haphazardly assigned groups of five Ss (45 to 60 Ss per treatment). Sub-
jects were all native speakers of English drawn from the introductory
psychology course of Syracuse University. Subjects listened to the tapes
through Sharpe HA-8A earphones driven by a Magnecord 1022X tape
recorder with a received signal at approximately 60 db sensation level.
An instruction tape preceded each experimental session in which the his-
tory and purpose of speech compression were discussed and exan-iples of
actual compression were given. hnmediately following the message,
a 55-item comprehension test was administered. All stimulus tapes
represented various treatment manipulations of a technical message on
meterology for pilots. The overall rates of these 36 conditions varied
fror-1 129.1 to 854.8 wpm. These rates were achieved through the com-
bination of: (1) original talker rates (Tv) of 129.1, 164.2, and 224.0 wpm,
representing the slowest (TR/ 5), norma (TR/ N), and fastest (TR/ F)
rates the trained speaker could sustain without sacrifice of articulatory
accuracy or effective delivery.style; (2) excision (P) of 100%, 50%, or
0% of all pause lengths in excess Of 50 millisecondsc(msec. ); and (3) peri-
odic deletion (R.) of approximately 40 msec. invervals of the total mes-
sage duration ate-intervals appropriate for the reduction of the total tiles-
sage time by 0 30% 50%, or 70%.
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An additional group of 18 Ss was presented with a 150-word excerpt of
the message at each of the 36 condition speeds and asked to estimate
on a 7-point scale:

FAST SLOW
the relative speeds of these conditions. Anchor points representing the
slowest and fastest rate conditions were provided in the instructions as
examples.

Results and Discussion

Trea ent Effects upon Comprehension

Table 14.1 details the va lance contributions of each of the experimental
variables to listening comprehension. On a dichotomous decision basis
(significant/nonsignificant), all three methods of increasing rate signif-
icantly (p < .01) decrease comprehension. The interaction of talker rate
and random compression also produces significant nonparallel changes
in comprehension (p < .01); otherwise the combination of the three vari-
ables only linearly displaces comprehension scores. On the other hand,
if one uses the estimates of variance contributions to the control of com-
prehension (omega-square), it is strikingly clear that random compres-
sion controls almost all of the reliable variance (64%). Obviously, the
particular choice of values of the independent variables will effect the
contribution of those variables. But the levels of the variables chosen
for talker rate, pause compression, and random compression were not
arbitrary in this study. Random deletion'of 70% of a message.has been
found to be about the practical limit to the speech compression process.
Beyond this point, speech fragmentation and inherent system noise be-
come damagingly obtrusive and comprehension scores drop to or below
chance levels (Fairbanks et al., 1957c). Sustained talker rates in excess
of the TR/ F condition of this experiment (224 wpm) are difficult to pro-
duce without sacrifice of articulatory precision. Short bursts of speech
in excess of this value can be produced, but they require considerable
editing and re-recording in longer messages. (With considerable prac-
tice, for example, Fairbanks was able to produce a rate. of 344 wpm
for a 55-word passage, see Hutton, 1954). But these higher talker
rates effect prosodic, intensity, and.fundarnental frequency attributes
of.the reading in-increasingly abnormal ways,. The pause excision pro-
cedures in the limiting case of the PC/ um% condition removed all
pauses of 50 msec. effective duration. Thus, all three variables have
been manipulated through their approximate effective range's. When the
combination of random and pause compression effects are held constant,
a talker rate increase of 181 wpm (. 21 log unit) is.possible. A 71 wpm
increase in overall rate (.08 log unit) can be achieved by pause com-
pression and a 445 wpm increase (.52 log unit) by randOrn compression
when the remaining combinations of effects are .held constant.



156

Simultaneous application of the limits of all three variables effects an
overall increase in rate of 734 wpni (.83 log unit). These effective
word rate increments should be corapared to the approximate range of
250 wpm employed by most other investigators see, for example,
Fairbanks et al. , 1957c; Foulke & Sticht, 1967a; Orr & Friedman,
1964). In sum, although the decrement in comprehension produced by
talker and pause compressions is significant, the loss is moderate when
compared to the obtained increment in listening rate.

TABLE 14.1

VARIANCE CONTRIBUTIONS OF TREATMENT EFFECTS
ANALYSIS OF VARIANCE TABLE

Source
I Effect
I Effect
K Effect
I x I
I x K
I x K
IxIxK
Within
Total

Key:

O. 2253 0.1126 8.4415 .0
2 0.1349 0.0674 5.0540 .02
3 5.0850 1.6950 127.0320 . 64
4 0.0277 0.0069 0.5190
6 0.3826 0.0638 4.7784 .05
6 0.0351 0.0058 0.4382 0

12 0.1148 0.0096 0.7170 . 01
144 1.9214 0.0133
179 7 9267

I = talker rate
= pause compression

K = random compression

Treatment effect means are displayed in Table 14.

Table 14.3 displays the least squares equations relating the log wc rd rate
and comprehension probability. The values superimposed on this table
represent, respectively: the mean value of the x-variate, (XB); the mean
of the y-variate (B); the standa7d deviations of x and y, (SX, SY); the
Pearson product-moment correlation between x and y, (R); and the best
linear least square fit of y as a function of x, (YP = aX+b).

It will be observed that log word rate represents an exceedingly good fit
to comprehension probability (r .90,1. It should also be observed that
the comprehension instrument has a mean value ovcr all conditions which
is quite close to the centered value of 60% between chance performance
(20%) and maximum (100%). As a consequence, ceiling or floor effects
in the dependent variable should not be affecting the obtained relationship.
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TABLE 14.2

SUMMARY OF EXPERIMENTAL VARIABLES FOR TREATMENTS

Condition
Rate

(wpm)
Rate
(wPrn)

Judged
Rate

Predic ed
Rate

Comp. omp.
(Z)

TR/ SLOW 287.52 2.46 4.63 4 41 0.55 0.15
TR/ NORM 352. 90 Z. 55 5.02 5.16 0.54 0.11
TR/ FAST 468.78 2.67 5 73 6.18 0.47 -0.27
PC/ 0 335.67 Z. 53 5.04 4.90 0.53 0.06
PC/ 50 366 98 2.56 5.01 5.23 0.55 0.15
PC/ 100 406.55 2.61 5.33 5.62 0.48 -0.21
RC/ 0 190.29 2.28 2.83 3.22 0.69 0.95
RC/ 30 272.49 2.44 4.69 4.51 0.61 0.47
RC/ 50 380.82 2.58 6.04 5.72 0.53 0.05
RC 70 635 3 2 80 6.94 7.56 0_ 25 -1.47

TABLE 14.3

LIN AR TRANSFORMS OF COMPREHENSION AS A
FUNCTION OF LOG WORD RATE

Log Rate Scaled

TR/ S 2.41 69 . 21 . 24 -1.02 3.16 89
TR/ N 2.50 68 . 21 . 25 -1.11 3.46 -. 93
TR/ F 2.63 59 . 21 23 -1.04 3 32 94
PC/ 0 2.47 . 67 . 23 24 - 94 2.99 -. 88
PC/ 50 2.51 69 . 22 . 24 -1.04 3.31 -. 94
PC/ 100 2.56 61 . 22 23 - 92 2.96 88
RC/ 0 2.27 . 88 . 10 . 09 58 2.19 -. 64
RC/ 30 2.42 . 77 . 10 . 07 . 04 68 05
RC/ 50 2.57 67 . 10 15 -1.37 4.19 91
RC/ 70 2.80 31 . 10 04 16 . 77 44

Overall 52 66 22 19 . 96 3.08 90
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(Detailed factor and item analyses of the comprehension instrument,
although performed, are not included in this report; the critical point
is that the instrument is both reasonably reliable and discriminating)
That comprehension should be found to be a lawful function of log word
rate is not surprising. But it is important to determine whether changes
prcAuced by the three methods are individually fitted by this general func-
tion. The overall relationship between comprehension and word rate is
closely approximated when pause and talker subconditions are held con-
stant. When talker and pause compression effects are allowed to vary
while random compression is held constant (by taking variable means
over those conditions sharing a specified R_ ), rate changes are not a
good linear fit to comprehension. A closer inspection of the data see
Table 14.2) reveals the reason for the discrepancies. The slowest
talker rate does not produce the highest comprehension. In fact, the
highest comprehension is obtained when the slow talker rate is treated
by pause reduction of 50%. Even a 100% pause reduction of the normal
rate message has a comprehension score which is within one-hundredth
of a percent of the score :obtained for the untreated normal rate message.
Pause compression actually improves a slow rate message and can be
used to increase rate without the to-be-expected loss in comprehension
predicted by the increment in:that rate. There are, of course, limits
to this process. The rate effects upon comprehension reemerge when
the compressionls held constant at 50%. But the worst fit of the over-
all relationship between comprehension and rate is obtained when RC
is held constant at the moderate value of 30%. At this level, rate increase
are achieved by talker and pause treatments without appreciable loss in
comprehension. .By.the time RGis increased to 70%, comprehension
begins to approach its chance aSymptote and the facilitative effects of
the talker and pause treatments are lost in the noise.

Rate Judgments

The disparate effects of talker and pause treatments can also be observed
in the judgment of message rate. Table 14.4 displays the relationships
between log word rate and judged message rate for all treatment combina-
tions. Again, it is not surprising to find that, overall, judged rate is a
lawful function of log rate in wpm. When the predicted rate as determined
from the least squares fit of judged rate to log measured rate (dropping
the truncated points) is related to comprehension, the prediction of com-
prehension is at least as accurate as that for log word rate. The lawful
relationship between judged rate and comprehension has the additional
advantage, however, of indicating that the stimulus measurement of
rate in wpm has psychological meaning through the mediation of its linear
relationship to judged rate.
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TABLE 14.4

LINEAR TRANSFORMS OF JUDGED RATE AS A
FUNCTION OF LOG WORD RATE

Log Rate Judged
(WPM ) Rate

s Y =
Y --P

TR S 2.41 4.63 . 21 09 9.51 18.34 95
TR N 2.50 5.02 . 21 1.68 7.70 14.27 94
TR/ F 2.63 5.73 21 1.25 5.50 8.73 . 91
PC/0 z. 47 5.04 . 23 1.81 7-37 13.18 .92
PC/ 50 2.51 5.01 .22 1.83 7.62 14.14 . 92
PC/100 2.56 5.33 .22 1 64 6_ 92 17_ -, . 92
RC/ 0 2.27 2.83 .10 . 92 8.26 15.91 . 89
RC/ 30 2.42 4.69 .10 1.09 10.39 20.50 . 96
RC/ 2.57 6.04 . 10 35 . 66 4.34 .19
RC/ 70 Z. 80 6.94 . 10 . 06 . 47 5.64 . 76

,rall 2.52 5_ 13 . 22 1.72 7-20 12 98 92

As was the case with the treatment effects on comprehension, judgments
of talker and pause treatment rates are not well estimated by the overall
function relating judged rate to measured rate when compression treat-
ments are held constant. In this instance, there is least change in the
estimations of rate, at a constant random compression of 50%, with talker
and pause-controlled increments in actual rate. Assuming a linear re-
lationship between log rate changes and judged rate changes (the obtained
relationship was .92), increments in actual rate by means of talker or
pause treatments simply are not detected by the observer when moderate
random compression treatments are employed.

Message Effectiveness and Efficienc

The best summary which can be given to the data so far presented is to
relate the treatment effects to the efficiency and effectiveness of the lis-
tening conditions. Message effectiveness is defined as the obtained com-
prehension score less chance perform.ance level, scaled to range from 0
to 100%. That is, the effect of the message on comprehension scores above
that which could be achieved at 100% compression. Message efficiency is
defined as the ratio of message effectiveness to message duration. For
the purposes of the following display, efficiency is scaled to represent per-
cent comprehension relative to the maximum efficiency for this message.
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Figure 14.1 displays the relationship between message effectiveness and
message efficiency graphically. It will be observed that the effectiveness
index has the expected ogival shape. Message content is sampled as a
random proportion of the content as yet unlearned. Thus, at slow rates,
complete comprehension of the message recapitulates Xeno's paradox.
The limiting value of 100% comprehension is reached hy proportions of
the as yet remaining content. The expected value of the distributions of
proportionate content samples varies as a function of the log message
rate; on the average, smaller proportions of the content are sampled as
the rate is increased, larger proportions as the rate is slowed. That is to
say, the distribution of comprehension is a log-normal function of rate.
The implication of this assertion is far-reaching. It implies that the ef-
fectiveness of a message is relatively fixed; only the efficiency with
which such an effectiveness is achieved can be increased. Fairbanks
et al (1957c) found this to be the case In an attempt to utilize the mes-
sage time savc,.: by a 50% compression, the investigators selectively
augmented the message content so that the total message time equalled
the uncompressed duration; the augmentation simply repeating certain
of the passages already contained in the message. They found no incre-
ment in comprehension over that for the unaugmented message. Random
proportions of the message content were still being sampled.

Turning to the analysis of iliessage efficiency, it will be observed from
Figure 14.1 that efficiency rises to a peak at approximately 2.6 log units
of rate (400 wpm)._ This peak of 400 wpm is to be compared with a peak
of 280 wpm as found by most other investigators (see particularly Fair-
banks et al., 1957c). The striking difference in the efficiency maxima
is due to the difference in the methods of achieving increased rates. The
message content is precisely the same as that used by Fairbanks et al.
(see Miron & Brown, 1968). This experiment, however, employed se-
lective compression in addition to the random compression which had
previously been used. Aural coding rates which begin to approximate
reading rates are, by these techniques, closer to achievement.
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CHAPTER XV

THE EFFECTS OF SOURCE LANGUAGE PRESENTATION

RATE ON THE PERFORMANCE OF SIMULTANEOUS

CONFERENCE INTERPRETERS

David Ge ver*

Introduction

In simultaneous interpretation, as in most naturally occurring tracking
tasks, the observer is often confronted with differential information
load. For the interpreter,, this may be due either to syntactic and/or
semantic variability of the source language input, and/or to variability
in source language presentation rate. In the present study, attention
will be paid to the effects of presentation rate of the source language on
the performance of simultaneous conference interpreters.

Goldman-Eisler (1968) and others have shown that most periods of speech
consist not only of speech but also of silent intervals of varying temporal

:duration. Goldman-Eisler has suggested that the more of his output that
the simultaneous interpreter can crowd into the source speaker's pauses,
the more time he has to listen to the input without interference from his
own output. Unfortunately for the in_erpreter, though, it is doubtful
whether he can reliably predict input pauses and cannot achieve the
"ideal" distribution of his own speech time and pause times, i.e., to
pause when there is input speech and to speak when there are input
pauses. Even if he could do this, it is 'doubtful ,whether the simultaneous
interpreter could cram much of his own output into input pauses, sinc
the majority of pauses in speech are less than 0.5 second in duration,
while only 20% to 40% lie behireen .5 and 1 second, 12% to 20% between
1 and 2 seconds, .and very few aboVe. 2 seconds (Goldman-Eisler, 1961c_

While it is feasible that the interpreter could utilise input pauses, in
view of the above mentioned limitations it seems more likely that he

:tDr. David Gerver is a Lecturer in Psychology in the Department o
Psychology at the University of Durham, Durham, England.
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would attempt to cope with increase in input rate in other ways. He
might, for instance, speak more and pause less, and increase his own
output rate as input rate increased. Alternatively, he could pause more
frequently and speak for shorter intervals at faster rates.

The purpose of this experiment, then, is to examine the effect of vari-
ation in input rate on the interpreter's performance by systematically
varying the rate of presentation of a source passage. In order to ascer-
tain the extent to which any variability in interpreter's performance may
be due to difficulty in simply transmitting speech at faster rates rather
than to difficulty in carrying out the complex decoding and r- ncoding
processes involved in interpretation as input rate increases, all relevant
measures of the interpreter's performance will be compared with those
for Ss shadowing (repeating as they hear it) the same experimental mes-
sage. Carey (1968) found that shadowers made more errors as input
-ite increased from 1 to 3 words per second (wps). Treisman (1965),

using statistical approximations to French and English and presentation
rates of 1. 7 and 2,, 5 wps found that information rate had a greater ef-
fect on the number of correct responses produced by simultaneous inter-
preters than by shadowers. Treisman also found that ear-voice span
(the number of words S follows behind the speaker) was greater for
interpreting than for shadowing. She attributed the differences in per-
formance between interpreters and shadowers to the H increased
decision load between input and output required in translation: two selec-
tions need to be made, the first to identify the word or phrase heard,
and the second to select an appropriate response. The shadowing task
is simpler if it is assured, as is plausible, that a single central identi-
fication of the verbal unit serves for both r ception and response, so
that only one decision is required. "

Treisman did not attempt to analyse her Ss' errors, but Carey employed
four error categories: word omissions, word substitutions, additions
of words, and distortions of words. Preliminary analysis of the proto-
cols of Ss in the present study suggested that the term "discontinuity"
rather than "error" was a more appropriate description of deviations
from the input message found in the output of both interpreters and
shadowers. Though omissions, repetitions, additions, and distortions
can be regarded as errors, other phenomena found both in shadowing and
interpretation, such as substitutions or corrections of words or phrases,
are not necessarily errors but do involve some discontinuity in the mes-
sage being transmitted. In the present study, the following categories
will be employed: omissions of words, omissions of phrases, omissions
of longer stretches of input of eight words or more substitutions of
words, substitutions of phrases, corrections of wo ds, and corrections
of phrases.

Substitutions involve approximate or less precise responses which,
though grammatical and meaningful, alter the meaning of a sentence in
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some way. Corrections are observed whenever S interrupts his output
to correct previous words or phrases and are of particular interest in
simultaneous interpretation for the light they shed on feedback mechan-
isms. Welford (1968) discusses the simultaneous interpreter's perfor-
mance within the context of a "single channel" hypothesis and the role
of feedback in human information processing during continuous tracking
tasks. He states that simultaneous interpreters can, after long practice,
acquire the ability to speak and listen concurrently because they learn
to ignore the feedback from their own voices. The very fact of frequent
corrections in the interpreter's output, however, shows that though
interpreters may learn to ignore the s_ound of their own voices, they
do not ignore the meaning of what they say.

Apart from these "discontinuities" in output, the dependant variables
in this study will be: the number of words correctly shadowed or trans-
lated, ear-voice span, utterance times, and unfilled pause times.
Fries (1952) defined an "utterance unit" as . . any stretch of speech
by one person before which there is a silence on his part, and after which
there is also silen e on his part. " For the purposes of this study, an ut-
terance will be defined as any period of speech bounded by unfilled pauses,
the criterion for an unfilled pause being a break in the speaker's utterance
of not less than 250 milliseconds (msec. ). Goldman-Eisler (1968) adopted
this criterion, arguing that pauses up to 250 msec. might occur as part
of ritardando effects or articulatory shifts between plosives.

Finally, the ratio of overall pause time to overall speech time will also
be calculated since it has been hypothesized that the interpreter might
try to redistribute his performance in time as input rate increases.
Apart from redistributing speech time and pause time, the interpreter
might become less variable in his output rates as information load in-
creases. One noticeable characteristic of the delivery of conference
interpreters is the frequency of ritardando and accelerando passages.
That is to say that the interpreter will appear to dawdle over some words,
rather like a person thinking of something else while he is speaking, and
then speak very quickly as if under pressure to unload material in store.
This, in turn, may be followed by a further ritardando passage, and so
on. Another way of describing this type of output is in terms of the
variability of the relationship between the number of words uttered and
the time taken to utter them. In ritardando passages the interpreter
may utter a few words in a given tithe, whilst in accelerando passages
he would utter more words in the same time. At slower input rates,
then, the interpreter may have time to vary his output rate, but not
at the faster rates, and this would be reflected in the correlations
between the number of words per utterance and the time per utterance
at different input rates.
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Method

A French text of 550 words an extract from a speech at a United Nations
Educational, Scientific, and Cultural Organization Conference on Human
Rights) was recorded on tape at a rate of approximately 120 words per
minute (wTm) by a male native French speaker. This master tape was
systematically expanded and compressed in time by Means of an Eltro
Tempophon, the rate being changed at intervals of approximately 110
words. The output of the Tempophon was then rerecorded on a Revox
G36 tape recorder, and the final experimental tape contained a continuous
text with the following rates and passage lengths:
Rate wpm 95 112 1 ZO 142 164
Number o words 108 106 108 111 1 18

Subjects

The _Ss were 10 professional simultaneous conference interpreters. Five
of the Ss were allotted to the shadowing condition, five to the interpreting
condition. The mother tongue of all Ss was English.

Procedure

All Ss heard the stimulus tape under language laboratory conditions. The
experimental tape was relayed to Ss' individual booths from the main
control booth and was recorded on the top track of each S's tape. Sub-
jects' responses were recorded on the bottom tracks of their tapes.

Interpreter Ss received the following prerecorded instructions: "You
are going to hear a speech in French. You will probably notice that the
speaker speaks more quickly as his speech continues. Please inter-
pret the passage from French to English as you hear it.

Subjects in the shadowing group received the same instructions except
that they were asked to repeat the words in French. as soon as they heard
them.

Treatment of Results

A 2 Groups x 5 Presentation Rate repeated measurements design iner,
1962) was employed in analysis of variance of the results.

In order to measure Ss' utterances and pause tImes, both tracks of each
b s tape were transcribed on a paper record of a pen tracing of each
channel. The pen recordings were obtained by replaying each S's tape
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on a Revox 036 stereo tape recorder, and feeding the output from each
channel to two speech trigger units attached to a modified Marconi Electro-
encephalograph (EEG) pen recorder. In order to minimise pen onset and
offset delays, which vary directly with signal level (Ramsay & Law, 1966)
the output from each channel of the trigger circuit was monitored on a
multichannel display oscilloscope, whilst the tape recorder output was
monitored on separate loudspeakers. The auditory signals could then be
matched with visual traces of the operation of the trigger units to produce
optimal onset sensitivity and minimal offset delay, by adjusting the sensi-
tivity of the trigger circuits. This circuit is illustrated in Figure 15.1.

After setting the appropriate level controls, the E followed the text from
a typewritten copy and activated a marker pen on the EEG recorder at ap-
proximately every fifth word of the input text. As can be seen from Figure
15.2, this practice provides a number of reference points against which to
match the tape recording with the pen recording of each channel. The
speed of the pen recorder transport was 3 centimeters per second. Both
tape-recorded tracks were transcribed onto the pen recordings, and the
measurements of ear-voice span, speech time, and pause time were then
made.

Counting the number of words correctly shadowed was a straightforward
task; but in assessing the correctness of interpretations, paraphrase was
taken into account since a word-for-word translation was not expected
and, indeed, would not have been a good translation from the interpreter's
point of view.

Ear-voice span was calculated for shadowers at every fifth word of the in-
put text in terms of the number of words not yet correctly repeated by the
S. Words omitted entirely in shadowing were counted as part of the ear-
voice span until the S had passed beyond the point at which they could have
been repeated in the correct order. For interpreters, ear-voice span
was calculated at every fifth word of the input text in terms of the number
of words not yet translated by the S. Words omitted in translation were
counted as part of ear-voice span until the interpreter had passed beyond
the point where they could have been translated in context. Provided that
some reasonable connection could be inferred between the interpreter's
output and the original message, an error in translation was counted as a
word translated and not as a part of ear-voice span. Here, too, para-
phrase was taken into account, and there were specific rules relating to
the number of words which could have been meaningfully translated into
English. For instance, ne . . pas was counted as one word from the ne,
and articles in the original were not counted when they would not normally
have been translated.
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Results

Analyses of variance showed the following main and interac ion e ects:
1. Words correctly shadowed or translated. Significantly more words
were correctly shadowed than translated (F = 6. 767; df = 1, 8; p < .05),
and the effect of presentation rate was also significant (F 24. 752; df
4, 32; p < .001). As can be seen from Figure 15.3, the significant inter-
action (F = 4.363; df = 4, 32; p < .05) indicated that presentation rate had
a greater effect on the performance of the interpreters than of the shad-
owers.
2. Ear-voice span. As can be seen from Figure 15.4, interpreters had
significantly greater ear-voice spans than shadowers (F = 56.304; df = 1,
8; p < .001), and there was a significant effect of presentation rate (F
11.408; df = 4, 32; p < .001). The significant interaction also indicated
that presentation rate had a greater effect on interpreters (F = 5.029;
df= 4, 32; p < .001).
3. Number of utterances. Figure 15.5 shows that interpreters tended to
produce more utterances (i.e. , pause more often) than shadowers (F
3. 742; df = 1, 8; p < .05), and that both groups produced significantly
fewer utterances (paused less often) as presentation rate increased (F
3. 377; df = 4, 32; p < . 05). The interaction term (F = O. 064) did not
approach significance.
4. Number of words per utterance. Figure 15. 6 appears to show that
shadowers produced more words per utterance than interpreters, and that
there is a significant interaction between presentation rate and words per
utterance, but these results do not approach significance on the analysis
of variance.
5. Time per utterance. As can be seen from Figure 15. 7, input rate had
differential effects on the mean utterance times of shadowers and inter-
preters (F = 3. 09; df = 4, 32; p < .05). The effect of presentation rate
was significant (F = 8.57; df = 4, 32; p < .001) but there was no signifi-
cant difference between groups.
6. Pause times. Though Figure 15. 8 appears to show definite main and
interaction effects, these results are not significant.
7. The ratio of total pause time to total speech time. On the average, in-
terpreters maintained higher pause-speech ratios than shadowers (F =
8.813; df = 1, 8; p < 001). Rate of presentation had a significant effect
on pause-speech ratios for both groups (F = 3. 303; df = 4, 32; p < .05),
but the interaction term was not significant. These results are illustrated
in Figure 15.9.
8. Output rate. As can be seen from Figure 15.10, shadowers main-
tained a consistently higher rate of output than interpreters (F = 9. 983;
df = 1, 8; p < .05). Presentation rate had a significant effect on the per-
formance of both groups (F = 4.697; df = 4, 32; p < .05), and the inter-
action term was also significant (F = 4.363; df = 4, 32; p
9. Output variability. The correlations between words per utterance and
time per utterance were calculated for Ss in each group at each presenta-
tion rate, and the weighted average correlations were then calculated
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(McNemar, 1962). The plot of these relationships in Figure 15.11 shows
that both groups became less variable in terms of their output rate per
utterance as presentation rate increased.

Discontinuities in itpt_

The frequencies within each category are shown in Table 15.1. Since these
categories are not independant (i.e., the number of omissions affects the
number of substitutions and corrections a S can make), the data are not
suitable for an overall statistical analysis, but some tentative conclusions
may still be drawn from the results.
1. From the totals for groups and rates, it can be seen that interpreters
tended to produce more discontinuities than shadowers, and that these in-
creased with increase in presentation rate.
2. Both groups omitted a similar number of single words, but interprete s
omitted more phrases and longer passages. Here, too, there was an ef-
fect of presentation rate. The average number of words in phrases omitted
by interpreters and shadowers was 3.7 and 4.3 respectively. The average
length of longer omissions by interpreters was 15.2 words.
3. While shadowers substituted more single words than interpreters, the
latter substituted more phrases. The average length of phrase substitu-
tions was 4 and 3.3 words for interpreters and shadowers respectively.
4. Interpreters corrected more single words and markedly more phrases
than shadowers. The average length of phrase corrections was 2.8 words

both groups It was interesting Lti note that no worus weie omitted
after corrections by shadowers, and that there were only four omissions
after corrections (of phrases) by interpreters.

Discussion

The fact that significantly more words were correctly shadowed than
were correctly interpreted suggests that any decrement in interpreters'
performance was due to the effects of presentation rate on the processes
involved in interpretation rather than to an inability to perceive and re-
peat the input message correctly. The results confirm Carey's (1968)
finding that fewer words are correctly shadowed at the faster presenta-
tion rate. Carey's fastest rate was 180 wpm, while the fastest rate in
the present study was 164 wpm. It is only at this last rate, however,
that shadowers' performance deteriorates, whereas interpreter& per-
formance falls off with each increase in rate. Both shadowers and
interpreters had less time in which to perceive and speak at faster
rates, but interpreters also had less time in which to decode from
French and encode into English. Unlike the interpreter, the shadower
only has to repeat, not to undel-stand, what he hears. In a sense, shad-
ower scores (words correct) are similar to intelligibility test scores,
while interpreters' scores demonstrate both intelligibility and
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comprehension. As Foulke and Sticht (1967a) have demonstrated, pre-
sentation rate has a greater effect on comprehension than on Lntelligibili
and it is to be expected, therefore, that interpreters should make more
errors than shadowers at faster input rates.

yj

As would be expected from Treisman's (1965) experiment, the ear-voice
span was greater for interpreters than for shadowers. Though shad-
owers' ear-voice spans rose only slightly from slowest to fastest pre-
sentation rate, the interpreters ear-voice spans almost doubled over the
same range. When these results are considerd together with Ss' output
rates at each presentation rate, it can be seen that shadowers were able
to increase their output rates as input rate increased at the cost of only a
slight increase in ear-voice span. Interpreters, however, seemed only
able to maintain fairly steady output at the expense of lagging further and
further behind as input rate increased. There would seem then to be an
optimal output rate for interpreters, and in order to maintain it in the face
of faster input rates, they were forced to lag further and further behind.

Ear-voice span, whether for shadowing or interpreting, is attributable to
the accumulation of items in some form of short-term buffer store, while
previously received information is processed by a central mechanism.
When shadowing, this process probably involves analysis of the auditory
input at the level of the phoneme, s7-11able, or word, and direct recoding
in terms of the articulatory movements required to produce the sounds
just heard. Ln interpretation, however, more complex analysis of the in-
put message must be-car-ried outand larger grammatical units must be
involved in order to derive the deep structure of the source-language mes.r..._.
sage and translate to the surface structure and phonetic output of the target
language. Since translation must involve larger "units" than shadowing, it
seems reasonable to suppose that the major constituent or phrase might be
the minimal unit of analysis in interpretation. One would, therefore, ex-
pect ear-voice span to be greater not only because processing takes longer,
but because the constituent may also be ttie unit of storage.

It was hypothesized that interpreters would either reduce pause length
and increase utterance length as input rate increased, or that they would
pause more frequently and speak for shorter periods. A further predic-
tion was that their output rate wOuld become less variable as presenta-
tion rate increased. While only the last prediction has been supported by
the results, it is worth noting that though shadowers were able to redis
tribute their performance in time in the manner predicted for interpreters,
the latter were able to optimize their use of speech and pause times by
speaking more and pausing less up to a presentation rate of 120 wpm, but
then began to pause more and speak less. At input rates of 120 wpm and
over, the interpreters were lagging further and further behind and making
more and more errors. They spoke at a steady rate but only after longer
pauses.
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If, as was suggested above, shadowing involves a comparatively low
level of processing, then it is not surprising that processing rate can
keep track with input rate, at least within the range of input rates em-
ployed in this study. So long as the shadower can keep fairly close
to the input he will need neither to utilise input pauses (where possible)
nor to make extra pauses himself in order to process a backlog of mate-
rial. The interpreter, having to cope with larger units before being
able to translate, finds that as the intervals between items (words,
rhrases) become shorter than the time taken to process them, he must
effectively slow down the rate at which he works. Finding that he can-
not increase his own overall rates of processing and output, he appears
to opt for a st itegy of working in bursts and must lengthen pause times
in order to do so. The extra time thus made available should enable
him to cope with the increasing backlog of material in short-term store,
but items in store accumulate and deteriorate faster than the interpreter
can cope and, in fact, his performance falls off.

The principal effect of increasing presentation rate was to increase the
number of discontinuities in all categories. Carey (1968), in order to
account for his Ss increases in errors in shadowing at faster presenta-
tion rates concluded: " . when a speakimg error is made, and moni-
toring indicates that what was spoken does not agree with the input, the
mismatch may demand additional time that could have been devoted to
perceiving the next section of input. Once speaking errors begin the
result is a snowballing effect that results in a long stretch of omitted
words. " Contrary to this suggestion, however, the shadowers in the
present study did not omit long stretches of words at faster input rates.
Shadowers omitted mainly smaller units, whereas interpreters omitted
more, and longer, passages at faster presentation rates.

At faster presentation rates the responses of both groups became less
precise, as indicated by the larger numbers of word and "phrase" sub-
stitutions. It is worth noting that shadowers tended to substitute more
single word units, whereas interpreters substituted more "phrases.
These results, together with the fact that shadowers tended to correct
words rather than "phrases whereas interpreters omitted, substituted,
and corrected "phrases" rather than words, suggests that interpreters
do indeed work with larger units than shadowers. Though no attempt
has been made here to analyze the structure of the "phrases" omitted,
substituted, or corrected, that is to say whether they involve major
or minor constituents, or whether between constituent discontinuities
also occur, further research on these lines might help to answer the
question as to the "unit" of storage, analysis, and monitoring in this
complex information processing task.

The very fact that interpreters did correct their own output demonstrates
that they do monitor what they say. These corrections are usually
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corrections of previous substi utions but may also be improvements or
changes of already acceptable translltions. In spite of the complexity
of the operations involved, it appears to be possible for Ss to store
input whilst both translating and monitoring their own output, without
losing input either through interference or trace decay. Out of a total
of 25 phrase corrections made by interpreters, only four were followed
by omissions. It seems extremely unlikely tha active rehearsal of
Message 2 can take place while Message 1 is being translated, monitored,
and corrected; and unless one postulated that attention can be switched
rapidly between these operations, one is led to conclude that attention
can be shared between input, translation, and monitoring. The diffi-
culty with an attention switching model lies in the specification of the
rate at which switching can occur and also of the duration of each switch.
As Moray (1969) points out, the rate at which switching can occur depends
upon the unit of analysis, and the larger the unit, the longer the duration.
If, as seems likely, the unit of analysis in interpretation is the cor,stit-
uent, then the duration of the switch will be comparatively long. Even if
this is between one-half and 1 second one must still ask what will hap-
pen to input arriving while S is either interpreting or monitoring. The
present evidence suggests that such information need not be lost, and
an attention sharing model seems most likely. At any rate, simulta-
neous interpretation appears to be a practical situation in which the
processes associated with short-term storage need not involve covert
repetition.

Conclusions

The aim of this study was not only to examine the effects of message
presentation rate upon the simultaneous interpreter's performance over
time, but also to study his output for cues as to the processes involved
in so complex a skill.

If Ss have only to shadow a continuous message they are able to keep up
with faster presentation rates by speaking more quickly, lengthening
their utterances, and shortening pauses between utterances. When re-
quired to simultaneously interpret a message into a target language,
faster input rates cause Ss to lag further and further behind and to
make more errors than shadowers. In order to maintain a steady
output rate, these Ss pause more and speak in shorter bursts. Though
both shadowers and interpreters correct their errors, interpreters
tend to work in units of 2-3 words or more. This together with evi-
dence from omissions and substitutions, suggests that the unit of
analysis is the "phrase" for interpreters (where understanding is re-
quired) and the word for shadowers (where S is required to demon-
strate perception rather than comprehension
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The picture emerges of an info =al:ion handling system which is subject
to overload if required to carry out more complex processes at too
fast a rate and copes with overload by reaching a steady state of through-
put at the expense of an increase in errors and omissions. There is
evidence that attention is shared within this system between the input
message, processes involved in translating a previous message, and
the monitoring of feedback from current output. Undez. normal condi-
tions, attention can be shared between these processes, but when the
total capacity of the system is exceeded, less attention can be paid to
either input or output if interpretation is to proceed at all. Hence,
less material is available for recall for translation, and more omiss ons
and uncorrected errors in output will occur.



CHAPTER XVI

THE A. F. B. HARMONIC COMP ESSOR

John W. Breuel and Leo M. Levens-

Background Infor ation

We have seen an ever increasing volume of publication of infor -nation of
all sorts. Much of this material is being converted to various recorded
forms. There is a great need for compacting the bulk of this material
and reducing the time required for reading it.

A previous paper presented at the October 1968 Audio Engineering So-
ciety Convention outlined methods of bulk reduction. This paper pre-
sents a method of time compression called Harmonic Speech Compression.
The general definition c_ E speech compression refers to any method of
reducing the time required to transmit a spoken message.

Many of the readers of the Talking Books for the Blind found the normal
pace of reading too slow. Some people were not accomplishing all the
reading they required. Others lost interest due to the slow speed of
many of the recordings. The 45 rpm turntables, when they became
available in the late l94 s, provided a partial answer. The 33 1/ 3
rpm disc could be played .at 45 rpm. More reading was accomplished,
interest was heightened, and comprehension did not suffer.

The Books for the Blind program has grown to the point where it is im-
possible for any person to read more than a small fraction of the daily
output. Many blindpeople derive their greatest satisfaction from aural
reading. Listening to talking books, magazines, newspapers, radio,
and television provides their chief source of information. Blind studen s
use tape and disc recordings instead of or in addition to braille reading.
This pointed fro the need for accelerating aural reading.

The Foundation undertook the development of variable frequency power
supplies to increase the speed of the induction or synchronous motors

ohn W. Breuel and Leo M. Levens are with the American Foundation
for the Blind, 15 West 16th Street, New York, New York 10011. The
paper was presented by Mr. Levens.
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in tape and disc reproducers. This was a pa tial solution. Comprehen-
sion did not suffer in most cas(2s until 65% to 75% overspeed. At that
point the extreme distortion made the recording unintelligible to most
people.

Dr. Grant Fairbanks of the University of Illinois developed another
method of speech compression in the early 1950's. This method did
not result in pitch distortion. Speech on tape was sampled in small
segments, some segments were discarded, and the consequent gaps
were closed. This method provided some additLonal speech compres-
sion capability but presented some limitations. Among these were: an
annoying tone due to the discard rate, a limited input and output format,
and a constant maintenance problem in the rotating magnetic pickup
head and brushes.

Many of the people working in the field thought that an electronic means
of accomplishing speech compression would present significant techno-
logical advantages.

These advantages would be: the ability to process at a high speed (such
as in multiple speed duplication), multichannel processing (for multi-
track tapes), greatly improved speech quality by eliminating the discard
rate ncise, and simpler and more flexible operation and maintenance.

Initially the Foundation's Engineering Division considered dividing the
accelerated voice spectrum into a number of frequency bands and con-
verting these frequencies to lower frequencies by modulation. It was
found that this method destroyed the harmonic relationship of the voice
frequency components and produced severe distortion. We became aware
of Bell Telephone Laboratories' work on bandwidth reduction by means
of harmonic compression. This method reduced frequencies by division
in contrast to the subtraction involved in modulation.

No harmonic speech compressor had ever been built. The system had
been simulated on a digital computer. Short samples of speech were of
excellent quality. Drs. M. R. Schroeder and R. M. Golden of Bell Lab-
oratories provided the Foundation with a block diagram of a system suit-
able for our use. Bell Laboratories provided specifications for the fil-
ters.

The Foundation undertook development and construction of the circuits
and system in 1965. We provided the production engineering for the fil.
ters and the development and construction of the electronic circuitry.
The experimental prototype system was completed in 1968. The results
of the experiment bore out the promises of the computer simulation.
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Harmonic Compressor System a d Circuits

Figure 16.1 is a block diagram of the co plete har onir compressor
system.

The 36 channel filter band separates the voiced speech into its individual
harmonically related frequency components. The individual output fre-
quencies may be considered carriers with narrow band amplitude and
phase modulations. Their bandwidths ale proportional to the syllabic
rate rather than to the fundamental pitch frequency. The filters are Bessel
bandpass filters with bandwidths of less than 100 Hz at normal speed).
The filter skirts have steep slopes. The frequency response of the filter
bank is flat within 1 db and has linear phase response.

Each filter output feeds its corresponding frequency divider. The di-
vider preserves the original amplitude 1 phase relationships over a
range of 70 db. A block diagram of one of the frequency divider circuits
is shown in Fig re 16.2.

Each frequency divider circuit receives an input consisting of one of the
harmonically related frequencies from one of the bandpass filters. This
signal is applied to an amplifier and simultaneously to a zero crossing
detector. Waveforms of the input and outputs of the audio amplifier and
the zero crossing detector are shown in Figure 16.3. Zero crossings
are detected by "infinite clipping. " The clipped wave is shaped into a
trigger pulse. This pulse controls a bistable multivibrator.

The outputs from both multivibrator transistor collectors are used to
drive the gates of two Metal Oxide Semiconductor Field Effect Transistor
(MOSFET) chopper modulators in opposite phases. The two opposing
phase outputs of the audio amplifier phase inverter are fed to the drains
of the MOSFET chopper modulators. The two modulator outputs are
combined by a summing amplifier and passed through a low pass filter
to remove any distortion.

Modulator and output waveforms are shown in Figure 16.4.

The output from the summing amplifier is a wave of the original fre-
quency with every other period inverted. This is a waveform of half the
original frequency with an amplitude and phase proportional to the origi-
nal frequency. The original frequency appears as a second harmonic of
the new divided freauency and is removed by subsequent output filtering.

The outputs from all the channels now appear as undistorted sine waves
of one-half their respective input frequencies.
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Figure 16.1. Harmonic compressor system block diagram.
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Figure 16.3. Harmonic compressor waveform diagrams. (See
Figure 16.2 for waveform locations.)
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These outputs are combined in a sum ing a -plifier and fed to a tape or
disc recorder.

When an input voice signal is applied at double its normal speed, the out-
put signal is reproduced at double its norinal ra e with its normal fre-
quency or pitch.

Conclusions

As a result of initial system tests we have reached the3e conclusions:
1. The system, initially only simulated on a digital computer, operates
satisfactorily as an electronic system.
2. There is little significant loss of comprehension at speech rates up
to 350 words per minute. Trained individuals may be able to comprehend
higher word rates.
3. The fixed output ratio of two times'input rate may be varied up to plus
or minus 20% without annoying pitch change. This may be accomplished
by varying the speed of the tape or disc reproducer.
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CHAPTER XVII

THE GRAHAM COMPRESSOR A TECHNICAL DEVELOPMENT

OF THE FAIRBANKS METHOD*

Wayne W. G aha

As an equipment manufacturer, we have assumed our audience for this
paper, with some exceptions, will not have an engineering interest in
machine design but rather will expect their equipment to deliver the de-

red product when required, without their being intimately acquainted
with all of the mechanical and electronic details.

However, just as our automobile, commonplace as it has become, still
requires that we have some knowledge of what makes it responsive to
our demands, with guide lines to be followed if we intend to keep it that
way, so must magnetic tape recordings applied to compressed speech
be given a certain amount of "tender loving care" through the planning
and operational stages.

While Grant Fairbanks et al. (1954) did not hit upon the only method for
producing compressed speech, the basic start they gave us has proved
out well over the testing period. It reiliains a flexible, dependable tool
whether viewed as a device to be used in the clinic or the speech depart-
ment of a school system.

The basic design has always made possible individual control over the
discard sample size. By taking advantage of miniaturization of magnetic
heads and improved magnetic tape, Discerned Sound has extended the
range of this control so that discard samples as small as 10 milliseconds
(msec. ) can be established. It should not be inferred that 10 msec. will

*Disclosure of technical changes and additions made in the Fairbanks, G. ,

Everitt, W. L, and Jaeger, R. P. (1954) device for time or frequency
compression-expansion of speech, made by and incorporated in the ma-
chine currently manufactured by Discerned Sound.

**Wayne W. Graham is with Discerned Sound, 4459 Kraft Avenue, North
Hollywood, California 91602.
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always be the desired interval, but the range of the machine probably in-
cludes the precise interval needed for the specific job, based on the
character of the voice used for the master recording and the percentage
of change to.be Introduced in the altered copy.

A stock reproduce head in a miniaturized size is available at low cost,
fortunately. The machine design has made it routine to use these heads
without preselection. Special reproduce heads are not important to our
device.

Four reproduce heads are used as a set, and it is important that their
individual output or volume be matched to the associated heads. Controls
are provided wh.ch make it possible to match these heads at any specific
frequency.

When they function, these multiple reproduce heads are traveling through
a 90 degree arc; and, as each head finishes its pass, it depends on the
upcoming head to continue the process. Thus, a transfer from head-to-
head is set up under conditions which, when viewed as an audio function,
is occurring at the most critical point in the operational chain.

First, we desire to maintain a precise 90 degree arc. _More than this
will give us a corresponding audio overlap less will result in a corre-
sponding hole in continuity. It would appear that we need only to plan
for the magnetic tape to contact these heads for 90 degrees and secure
a mechanical control over the transfer operation. Unfortunately, this
is not true. Certain portions of the audio spectrum contained in the re-
cordings (the low frequencies of approximately 200 cycles and below) are
much stronger on the tape energy-wise than are higher frequencies, and
they will excite the head preparing for its 90 degree pass prior to its
establishing intimate contact with the tape. Also, when swinging out of
its operating area, it will continue to be responsive to these frequencies
even though the head has left the tape. This means, then, that each trans-
fer point presents a moment of time during which two heads are feeding
certain frequencies 4nd, since these become combined in the audio chain,
they represent a short interval of undesired increased volume.

Discerned Sound design does not accept the limitations of mechanical
switching. However, in spite of our efforts, we have not eliminated all
of the head transfer disturbance. We have done the following and are
continuing to research the problem. We even hope to someday find the
magic answer which presently appears unknown to the art. In the mean-
time, electronics are used to mute each of the multiple reproduce heads
except during the time they are in the 90 degree arc. By using what is
known as a flip-flop circuit, we have one head or the other, but never two
adjacent heads, operating at full level at the same time.
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Finally, the reproduce hea .s are the source of our aidio signal, also the
source of most of the undesirable noise. The amount of energy picked
up from the tape by the head can be read on instruments but is certainly
too weak to be usable until amplified many times. Also, since these are
rotating heads, a set of slip rings are used to provide a path for the audio
signal to leave the moving part and ultimately reach its destination.
Without bolstering the strength of the so-called head level signal, any
source of noise, such as slip rings, nearby fields of radiation, etc. ,

becomes very difficult to control and can be a constant maintenance prob-
lem. Discerned Sound has provided four preamplifiers utilizing hybrid
integrated circuits mounted on the rotating fixture which amplifies the
signal well above the problem area before it reaches the slip rings.

Another feature of the Fairbanks design, which certainly has been re-
tained intact by Discerned Sound, is the machine's facility for accepting
a signal from any usual audio source. This means, for example, tLat
no prerequisite applies to the tape speed which was used at the time of
recording the original library. If you have 500 master tapes recorded
at 3 3/ 4 i. p. s. and they are what you wish to use, all you have to do is
place them on a tape playback operating at the proper speed and make the
altered copy.

A storage bin for the tape, controlled by a pressurized air supply, has
made possible an increase in the quantity of tape operating within the
machine. This, of course, adds to the convenience and quality of ma-
chine performance.

As an equipment manufacturer, we hope we are not visionary in viewing
ourselves teamed with you in your efforts to advance compressed speech
and its advantages. Our machinz represents our entire business interest.
We are available, whenever you need us, to discuss what can be done
with our unit or consider changes you wish to propose.



CHAPTER XVIII

TIME CO PRESSION OF SPEECH ON A SMALL COMPUTER

S. U. H. Qureshi and Y. J Kingma*

Introduction

An attempt has been made to find an economical way of compressing
speech on a computer and to develop a selective method of compression
utilizing the great flexibility offered by a programmed data processor.

The high cost of computer time on large computers is the prohibitive
factor in the use of computers for speech compression. The possibility
of compressing speech on a small computer, the PDP-8, was therefore
investigated, the object being to develop a satisfactory method with a
minimum of processing time on the computer.

Early speech research indicated that much of the natural speech signal
is redundant (Schroeder, 1966). This redundancy WaS later demon-
strated by Garvey (1953b) who showed that the duration of certain pho-
nemes in normal speech is longer than required for reliable recognition.
Th ,,. object of speech compression is to remove this temporal redundancy
and thus convey more information in less time. According to Allen
(1967), the ear cannot perceive sounds shorter than 35 millisecoilds
(msec. ) as distinctly separate sounds. Each sound in compressed speech
should therefore be at least 35 msec. in duration to be recognizable. We
can thus arbitrarily define redundant segments as those parts of speech
sounds which exceed 40 msec. in duration and which possess certain
features of the speech waveform which do not change appreciably over
the whole sound (Endres, 1968). The first step in selective speech com-
pression is to distinguish between various speech sounds. A number of
methods of speech segmentation have been developed for the automatic
recognition of speech (Gilmour, 1968; Reddy, 1966; Scholtz & Bakis,
1962). The purpose of the segmentation process in this case, however,

,.'"At the tirne this paper was presented, S. U. H. Qureshi was a graduate
student in the Department of Electrical Engineering, University of
Alberta, Edmonton, Alberta, Canada, where Dr. Y. J. Kingma is a
professor. Mr. Qureshi is now with the Department of Electrical Eng
neering, University of Toronto, Toronto, Ontario, Canada.

196



197

is to locate redundant parts rather than find sharp boundaries between
phonemes. A time-domain method similar to Reddy (1966) is used in
preference to others (involving comparison of spectral properties) to
avoid costly hardware or excessive computer time in finding the spec-
trum.

The whole process of compre sion can be divided into three steps: 1)
Input and Feature Extraction, (2) Decision Making, and (3) Removal of
Transients and Output.

input and Feature Ext action

The setup is shown in Figure 18.1. Recorded speech, band limited to
4 kHz, is sampled at 8 kHz, digitized to 12-bit (one sign bit) samples
by an A/D converter, and fed into the computer under program control.
While the speech samples are temporarily being stored in core and then
swapped on to the disc, the program extracts the following three features
of the speech waveform for every 12.5 rnsec. segment:
1. The sound intensity '1 defined as the absolute maximum of 100 sam-
ples where the samples are the ordinates of the speech wave at constant
intervals of 125 rnsec. If the 100 samples are represented by a vector
y then sound intensity

1 = max y. 100

Y. being the elements -f Y.
2. The waveform asymmetry (Corner, 1966) 'A' defined as the difference
between the positive maximum and the negative maximum of 100 samples.

A = max Y - max Yn
Where Y includes all the positive elements of Y

Yn includes all the negative elements of Y
3. The number of zero crossings 'Z' in 100 samples. A zero crossing

this said to occur whenever the sign of the i element of Y is different
from the sign of (i + 1) th element i.

Yi Yi + 1 lYil lYi + 11
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In addition to chese three features, the 'location of the positive peak in
each 12.5 ms.c. segment is stored in the computer core. The loca-
tions of the positive peaks are later used to help remove transients that
occur due to the deletion of redundant segments.

The speech input continues until the disc memory is full (approximately
3.7 seconds of speech). Control is then transferred to a subroutine which
reads the decision making and output programs from the disc into core.

Decision Making

In this program, each of the t ree features for one segment is compared
with those of the contiguous st_ grnents in an attempt to find similar seg-
ments which can be grouped together to represent a su5tained speech
sound. The thresholds for decision making (Table 18.1) are set every
125 rnsec. and depend upon the intensity level of the utterance in the next
500 msec.

TABLE 18.1

THRESHOLDS FOR DECISION MAKING PROGRAM

1.

max intensity in 500 msec. of speechmax
V/ UV threshold
(voiced/ unvoiced)

6 db. below

W (threshold for 18 db. below
waveform Asymmetry

SILENCE _h eshold 29 db. below

max

max

max

A flow-chart for the program is shown in Figure 18.2_ The similarit
measures for the three features are listed below:
1. The (n ± 1)th segment is said to be simil r in inten ity to the nth seg-
ment if

< I < I + t
n+1 n
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FIX THRESHOLDS
EVERY 10 SEGS

Yes

No

RECORD THAT
SEGMENT IS SILENCE

NEW GROUP IF PREVIOUS

SEGMENT SILENCE
dimom

Yes

No

INEW GROUP IF PREVIOUS
SEGMENT NOT SILENCE

SIMILAR
IN

INTENSITY?

SIMILAR
IN

ASYMMETRY?

Yes
FLAGA=0

Figure 18. 2. Flow- cha
on next page- )

of decision-making progra_ (Continued
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VOICED? _ FRICATIVE?

SUii LAia

IN NO.

or ZERO
_OSSINGS?

FLAGZ

nth

SEGMENT

SIMILAR TO (n+1)th
(FLAGI+FLAGA+

FLAGZ>1?)

USE AVERAGE OF
FEATURES IN THIS
GRO UP WHEN COM-

PAR ING WITH NEXT
SE GME NT

Figure 18.2. (Continued from preceding page. ) Flow-chart of
decision-making program.
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or I - t In+2 I In

where

and

/ 8 if I

Imax
I / 8 Imax
n

2 32

being the max intensity in 500 msec.Imax
th

2. The (n + 1) segment is said to be similar in waveform asy
the nth segment if

or

or

A P and A eP;ihereP,{AIA > W }n+1

S and A E S where
n+1 ={ A

N and A N where N =
n+1

or if A P and A S and A
n+1 n+2 E P

or if A E N and eS and A Nn+2

etry to

3. The (n + 1 )th segment is said to be similar in number of zero crossings
to the nth segment if

Z nZn 4
< Z Zn + 1 n

or

Z < Zn+2 n 4

Z n

where Zn / 4 is replaced by 1 if Zn / 4 < 1

Two seg ents are grouped as silence or pause
if In 1 SILENCE (Table 18.1) and In+1 1 SILENCE and Zn < 10 and

10.
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intensity I > V UV thi eshold (Table 18. 1)n

asymmetry A P U N

203

T o 12.5 msec. segments are considered fricative if they are unvoiced,
and if the nu ber of zero crossings in one Zn 45 while in the other
Z > 30.

n

After the initial decision-making process, the various groups are searched
for redundant segments and the final decisions, as to which segments are
actually to be deleted, are made. Silence intervals are treated differently.
from the rest and the provision of treating unvoiced sounds separately
from the voiced sounds could also be incorporated. The rate of compres-
sion can be changed by varying the parameters of the program.

Removal of Transienis and Output

Once the redundant segments to be deleted are known, the problem is how
to join the remaining segments together so that there are no undesirable
transients. In the case of voiced sounds, the transients can occur in the
form of two glottal pulses lying too close or too far apart compared with
the regular pitch period resulting in a noticeable irregularity in the speech
sound. The locations of the positive maxima, stored during sampling, are
in most cases a fairly good approximation to the locations of the glottal
pulses. The rule used for transient removal is that if segments n to m
(n<n-i) inclusive are to be deleted, the first zero or negative sample after
the positive maximum in segment n-1 is joined with its counterpart in
segment m+1,

Three processes proceed simultaneously during this last phase of speech
compression. They are: (1) reading the stored spech sainples from disc
into core, (2) removal of transients, and (3) D/ A conversion of the sam-
ples of compressed speech at 4 kHz. The output of the D/A converter is
zero order held and a low pass filter with a cut-off frequency of 2 kHz is
used to smooth the speech waveform. This speech is recorded on an
ordinary tape recorder and played back at twice the speed to restore the
frequency spectrum.

The lower rate of 4 kHz of D/ A conversion has been necessitated by the
limit of data transfer rate from disc to core and is strictly a hardwa e
limitation.
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ORIGINAL WORD

Ill 11

SOUND INTENSITY

WAVEFORM ASYMMETRY

ZERO CROSSINGS

COMPRESSED WORD
Figure 18.3. Original word, ex .,acted features, and compressed

word.
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Conclusions

A selective method of compressing speech has been developed in which
the total computer time is the time taken for A/D and D/ A conversion
plus only one-fourth the original duration of the speech for decision
making, etc. With the large capacity (500,000 words) high speed discs
now available, and remote switch for the tape recorder, the method
becomes attractive for compression of continuous spoken passages. IL,

can also be used as a research tool for evaluating the effect of various
factors on the intelligibility of compressed speech, and for arriving at
a selective rule for compression with:optimum intelligibility for a par-
ticular word per minute rate of speech.

Fairbanks' sampling method of compression was simulated on the com-
puter and compared with the method reported here. Informal listening
tests showed that selectively compressed speech was clearer and free of
the low frequency rumble present in Fairbanks' method.

An interesting observation is that the method appears to be independent
of the language spoken.

It is also contended that with.little modi_ cation the same approach can
be used for time expansion of speech.



CHAPTER XIX

THE BRAIDED-SPEECH METHOD OF

TIME COMPRESSING SPEECH

H. Leslie Cramer and Robert P. Talambiras*

The braided-speech method described here is a refine lent of the pe-
riodic sampling method for time compressing speech which has been
covered elsewhere (Cramer, 1970). Two of the problems inherent in
the periodic sampling and discard process which interfere with intel-
ligibility are greatly reduced by the braided-speech approach. This
method, however, 'does not apply to other speech time conipression
methods not involving time sampling, such as the playback of a re-
cording at a speed greater than that at which it was recorded, and the
frequency sampling and division Inethod of the harmonic compressor.

I will quickly review the strategy used for time compressing spee,h by
computer.** A segment of speech may be visualized as a series
time segments of speech records on a piece of tape, as shown in Figure
19. la. Ordinary computer time compression wolald simply take the
speech record shown in Figure 19. la and sample it to produce the rec-
ord shown in Figure 19. lb. This would represent 50% time compres-
sion.

The first of the two problems ameliorated by the braided-speech method
deals with the desirability of decreasing the sampling length to that of
a pitch period of the voice. * When this is done with the Fairbanks
compressor, which is not pitch synchronous, we may find that half of

*H. Leslie Cramer, Ed. D. , is currently acting director of research
with the Peace Corps, 806 Connecticut Avenue, N. W. , Washington, D. C.
20525. Mr. Robert P. Talambiras is Vice President, Adage, Inc.,
1079 Commonwealth Avenue, Boston, Massachusetts 02215.

**Scott (1965) and Gerber (1968) have both described this in greater
detail.

*This is covered in greater detail in Cra er 1968).
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Figure 19.1. la shows a schematic diagram of a series of time
segments of a speech record on tape. lb represents samples taken
from speech record shown in la and abutted. This represents 50%
time compression.
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the end of one pitch period is abutted to the beginning halt of the next
period within one sample block. Thus there are two half pitch periods
to perceive, a quite different thing from that intended. The effect is
to raise the apparent pitch of the speaker, just as we would do in play-
ing a record at a fast speed. Fairbanks and Kodman (1957) observed
this phenomenon and recommended that in order to prevent a pitch rise
and the possibility of the sampling frequency obtruding on the first for-
mant of the speech being processed, a sampling interval of 20 to 40 mil-
liseconds msec. ) be generally used. With a compression ratio above
50%, or twice normal, we are then discarding more than we sample.
In a discard over 40 msec. long, we lose over four pitch periods of the
speaker's voice. If the speaker happened to be in the middle of a tran-
sition between diphthongs or in a glide, a serious and very noticeable
distortion would be introduced by leaving out such a long portion. It
is this process that sometimes leads to startling transformations of
one phoneme into another. In a moment we will return to this problem,
but first I want to deal with the second problem, that of bringing two
samples, such as A and C in Figure 19.1-, together without causing a
lot of noise. Scott (1965) hlendeda small portion of one sample with
the beginning of the next sample to minimize discontinuities. Cramer
(1968) reports that at short discard intervals, however, a background
tone caused by the frequency of interruption is clearly discernable.

It occurred to us sometime ago when we began computer time compres-
sion of speech that, rather than blending just the edges of the sample,
that is, the last nine digit:zed samples of one block with the first nine
of the beginning of the next block, as Scott (1965) did, why not blend one
complete time block sample into another? This approach led-to what we
call "braided-speech.

It may be realized that by smoother or more complete blending of one
sample into another, short samples, only one pitch period long, may
be taken from speech glides. This will allow the time-compressed
glide to still glide, as every other pitch period is there at 50% ratios
rather than having a large block with several pitch periods missing. A
further benefit is that plosives and stops, which are often of both short
duration and low energy level, have a higher probability of being sam-
pled sufficiently for good perception.

Almost everyone concerned with producing high quality time-compressed
speech has mentioned in one way or another the problem of abutting
successive speech samples. Gabor (1947) used graded filters to smooth
the edges of samples of motion picture film track recordings being
scanned by microscope lenses in a very early speech coi ipressor.
Fairbanks, Everitt, and Jaege, (1954, 1959) lifted the tape from one
head as the tape was being brought in contact with the next successive
head to achieve blending. Springer (1961a) proposed having diagonal
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gaps scan a tape, rather than vertical gaps perpendicular to the tape, to
facilitate blending each sample into the next. This is supposeki to ren-
der a blending on pickup similar to that which takes place in the portions
of speech on each side of a break in a tape when a diagonal splice in a
tape goes over a playback head. Scott (1965) blended the last nine digi-
tized samples of one block of speech with the first nine samples of the
next block by taking 90% of the ninth record from the end of the first
block of samples and blending it with 10% of the first sample of the next
block of samples. Likewise, 80% of the eighth to last sample was com-
bined with 20% of the second sample in the next record, etc. Graham
(1970) reported on a sophisticated photocell and flip-flop arrangement
to gradually blend one record into the next, which works very well.

The problem cTearly has been one of getting the edges together smoothly
without introducing noise by either cutting the speech waveform at a
peak level, or introducing the frequency of interruption. This seems
to be one of the most critical problems in terms of making the speech
easily understood. Those of you who have heard relatively unblended
speech know that it has a roughness or abruptness to it. As it hits the
ear, it drives the hearing threshold to a higher level so that the ear is
not as responsive. Then by the time the threshold is lowered a little
so that the ear can hear the next sound, the ear gets "wboiliped" again
by another sharp discontinuity. Voor (1962) assumed that some of the
sharp discontinuities were accidents, unfortunate but impossible to elim-
inate, inherent in the sampling process. He dealt at some length in his
master's thesis with the need for low impedance headphones to eliminate
the "ringing" caused by the steep wave fronts occasionally produced when
sampling cut the speech waveform at a peak value.

In order to impa t the speech processing subtleties possible with the
braided-speech method, it will be necessary to give a brief explanation
of the computer processing that takes place. There are several steps
:that occur. First is the conversion of the analog output of a tape recorder
to a digitized record. Then follows a series of operations on the digitized
speech record within a computer, followed by reconversion of the desired
digital record to analog output and rerecarding the new braided-speech
record.

We will return now to the first step, getting the speech record, which is
to be compressed, into the computer. The original speech passages re-
corded at 15 ips were played on a Tandberg stereo tape deck at half
speed (7 1/ 2 ips) into a Krohn-hite filter. This was a low pass filter
with 24 db per octave attenuation and was set to 4,500 Hz. This effec-
tively filtered the speech at 9,000 Hz to prevent beating with the 12 kHz
sampling rate of the computer. The computer sampling rate of 12 kHz
real time, applied to the speech played in at half speed, gave us an ef-
fective 24 kHz sampling rate of the speech. Each sample was encoded
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into 12 bits plus sign giving +2,048 levels and thefefore a 66 db dynamic
range. In order to take full advantage of the 66 db dynamic range and
the low signal-to-noise ratio, a small amount of peak clipping was per-
formed by setting the input level high enough to occasionally overdrive
the +40 volt input range of the computer to as high as +70 volts on peaks
which were then encoded at the maximum value allowable of 40 volts.
This treatment gave the effect of preemphasis on consonants, particu-
larly the fricatives, by giving them a sharpness and clarity otherwise
lacking.

From the filter, the signal went directly into the analog-to-digital con-
verter within the Arabi log 200 computer.* The speech input v.as then
digitized at 12 kHz with each sample accurate to 12 bits. The entire
speech record is digitized and written in gapped IBM-compatible mag-
netic tape format at a writing density of 556 bits per inch before any
subsequent processing takes place.

In processing the digitized speech samples in the computer to produce
braided-speech, we start with the digitized speech record as represented
in Figure 19. 2. The speech is blocked or grouped in 10 msec. long
temporal blocks. Each of these 10 msec. sample blocks is composed
of 240 digitized samples encoded at 12 bits. This roughly is the tem-
poral length of one speech pitch period of the reader of our passages.
We therefore can conceive of a series of pitch periods, one in each
block. The first thing that is done in the computer is to successively
multiply each of the 240 digitized samples in block sample A by a series
of fractions decreasing in size. The first sample is multiplied by
240/ 240, the second by 239/ 240, the third by 238/ 240--to the 240th
sample by 1/ 240. Essentially what we're doing is changing whatever
speech is in sample A from a full scale level to zero volume or ampli-
tude level. We have sample A coming in and sweeping from maximum
value to zero in a linear fashion. In block sample B, the reverse is
done: each of the 240 digitized samples is multiplied by the factors in
reverse. That is, the first sample in B is multiplied by 1/ 240, the second
by 2/ 240, the third by 3/ 240, etc., right on up to the 240th sample by
240 !40 constituting 100% amplitude level. Each successive pair of
bloc_zs (C-D, E-F, etc. ) are similarly treated. This processing does
what one could do, if he were fast enough, with a linear volume con-
trol, turning it down smoothly during block A, then turning the volume
smoothly back up to maximum through block B, then down again during
block C, etc., alternating through each successive block of 240 samples.

*The Ambilog 200 is a hybrid computer produced by Adage, hic 1079
Commonwealth Avenue, Boston Massachusetts. It is described in
Grandine and Hagan (1965).
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Figure 19.2. Schematic representation of a speech record
digitized and blocked into 10 msec. intervals for processing in digital
form. Each block represents 240 samples digitized into 12 bit
quantities ± sign.



212

Figure 19.3 shows this first step in the braiding process in a sche -atic
diagram.

The next process is to algebraically add sample A and B together so
that sample A is going from full level down to zero while sample B is
going from zero up to maximum. We bring sample C over next to B
and blend sample D onto it. Sample C is going from maximum down to
zero while sample D is going from zero up to maximum. This scheme,
shown in Figure 19.4, would represent 50% compression. We actually
have 100% of the speech present in a 50% compression.

Similar processing can also be done in the dichotic doain where in
channel B, sample D is blended onto A, and onto E, while in channel
A we likewise have, samples F blended onto C and 3 onto G. See Figure
19.5

At four times normal or 75% compression ratio, with a dichotic braiding
of the speech, we have 100% of the speech present except for the fact
that some of it is at zero level. Overlaying the pitch periods or time
interval blocks on top of one another, especially in a dichotic presentation
as showm in Figure 19.5, and following the pitch periods through a period
of time, creates a pattern resembling a four-strand braid, hence the
name 'braided-speech. "

It may be noted in Figure 19.5 that channel B is offset by 120 samples
from channel A. This is done to insure that the junction between digi-
tized blocks D and E, which abut each other, are temporally spaced
between the junction of blocks B-C and F-G in the adjacent channel. This
amount of offset repres nts 5 msec. of -Wile. Both zero offset and 10
msec. offset were tried in addition to the 5 msec. offset with no discern-
ible difference in effect, and so the 5 msec. offset was used for proces-
sing final tapes presented to listeners as it seemed to be the most log-
ical approach.

One other factor should be noted at this point. Gabor (1947) experimented
with linear, sinusoidal, and various other blending approaches. He main-
tained that a normal probability curve superimposed on each sample to
be combined was the smoothest. The first computer compressions which
we tried used this schedule but we noticed a very pronounced modulation
effect. On examining the logic of this approach, it was evident that the
summation of each of the two fractional parts representing each sample
level under the curve did not add up to 1. At this point a linear ap-
proach was tried and the modulation effect was no longer noticeable.

The last step in the computer processing was to write one of the dichotic
channels in every other gap on a magnetic tape, then rewind the tape
and write the second channel in the gaps skipped when recording the first
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Figure 19.3. Schematic diagram of first step in process of braiding
speech. Each lettered segment represents a pitch period of speech
multiplied 'by a series of decreasing and increasing fractions changing
in direction of magnitude with each 240 digitized samples or 10 msec.
of speech. This represents procedure for 50% compression.

Figure 19.4. Schematic diagram of second s _ep in process of
braiding speech. Every other block of speech in Figure 19.3 is brought
over onto the previous block; B onto A, D onto C, etc. , and "braided"
by algebraidally adding the two analog signals in each of the two blocks
so combined. The straight top line represents the sum of each of the
pairs of blocks added.
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5 10 15 20 25
ti e in milliseconds

Figure 19.5. Schematic diagram of process of dichotic braiding of
speech. The first step is the same as shown in Figure 19.3. The
second step shown here represents 80% compression or four times
normal rate. The 5 msec. offset between channels is explained in the
text.
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channel. Following this the magnetic tape was played out through the
Ambilog unit which controlled the reading of two separate records from
the tape and provided the specified amount of offset between the chan-
nels. The two channels were fed from the Ambilog unit into separate
digital-to-analog (D to A) converters, and from these through two Krohn-
hite interpolation filters: On output, since two channels were being
played at once, the frequencies which were fed into the computer at half
speed were further divided by a factor of two so that the speech output
was in one-quarter real time. It was therefore filtered at 2, 250 low pass
and 75 Hz high pass to smooth or interpolate between steps in the output
from the D to A converters and to eliminate beating with the fundamental
frequency of the voice being processed. From the filters the analog sig-
nal was fed directly to the Tandberg stereo tape recorder and recorded
at 1 7/ 8 ips. For normal playback, it was then played at 7 1/ 2 ips
to restore the voice to normal frequency in real time. See Figure 19.6
for a schematic diagram of the input, processing, and output equipment
configuration.

In testing braided-speech by comparing it with speech compressed on
Fairbanks' compressor, three different types of presentation were tried.
One of these was monotic, that is, a single channel of the dichotic speech
was presented to both the left and right ears of a group of listeners.
The second was dichotic presentation, that is, one channel to the left
ear and the other to the right ear. The third method was accomplished
by mixing the left and right channels algebraically to derive a single
center channel output which was then fed to ',loth the left and right ears
(see Figure 19. 7).

The maximum intelligibility was discovered to be about the same for all
four presentation treatments at 50% compression ratio, but as the com-
pression ratio was increased above 50%, the dichotic version was more
intelligible than feeding separate dichotic channels to each ear. This
is contrary to an earlier report, namely that of Gerber and Scott (1970)
We cannc;: explain why; at this point we can only report our findings.*
The differences in findings in the two studies may represent differences
in the particular length of sample or the amount of the offset of samples
from one channel to the other, or possibly are due to differences caused
by braiding rather than blending.

*Full details of the experimental design, subjects, procedures, and
data analysis are expected to be forthcoming in the Journal of Commtini-
cation.
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Figure 19.6. Block diagram of input, throughput, and output
equipment used in producing time-compressed speech with the Ambilog
200 Computer by the braided-speech method.
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CHAPTER XX

THE MEASUREMENT OF LISTENING COMPREHENSION

David B.

Int oduction to the Sessions of the Day

It occurs to me that some of the material that we heard yeste day had
somewhat conflicting results in it. I know, for example, that the work
Herb Friedman and I did at the American Institutes for Research showed
a very clear practice effect on the comprehension of high speeded speech,
whereas Dr. Woodcock reported that be had found no such effect. There
were also some other negative results reported, and I am all in favor
of presenting such negative results because I feel that these will help us
to define this field and find out where we are.

It occurs to me, however, that much of the problem of conflicting resul s
may revolve around the problem of measurement, and I want to enter a
plea with those of you who are working in this area to do some creative
thinking about the problem of how you measure comprehension in these
various experiments. I have the feeling that some of our.contradictory
results are arising from this particular problem.. In a sense we are mea-
suring with something like "rubber yardsticks. "

I would like to offer several observations along these lines, and I don t
intend to suggest that I have thought of things that nobody else has thought
of here, but I think perhaps taking the opportunity to review briefly the
shortcomings of some of our measurement approaches is appropriate.

Most typically, the multiple-choice listening analog to the standard read-
ing comprehension test is the thing that gets used to determine compre-
hension. There are several particular problems with this approach. In
the first place, it's very difficult to produce a research inst-:ument which

*Dr. David B. Orr is President and Treasurer of Scientific Educational
Systems, Inc. , 910 17th Street, N. W. Washington, D. C. 20006.

*The eremarks were deliVe ed extemporanemisly by Dr. Orr as the
introd ction to the sessions of .the day.-
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is a psychometrically adequate test. We need really to go through the
same kind of procedure that the test publisher goes through in order to
come up with an instrument which has demonstrated reliability, valid-
ity, practicality, good-item forms, and a high-average intra-item
correlation, and all those other sorts of things with which a psycho-
metrician is concerned. It doesn't suffice to pooh-pooh and say: "Well
this is just a research instrument, and we don't have to do all those
things. " We're just as concerned with reliability and validity of mea-
surement as anyone lse So there are these kinds of problems with
multiple-choice tests--and, of course, with almost all measurement
approaches.

There is also a problem which can be called the "domain' problem.
Ideally, the test ought to be an unbiased and representative sample from
the domain of material which was presented to the listener for compre-
hension. If it isn't an unbiased sample of that domain, then whatever way
we cumulate the examinee's responses gives us a biased representation
of his comprehension. And, it can prove exceedingly difficult as those
of you who have tried will testify, to write a set of questions which is
really an unbiased and representative sample of the information contained
in a passage of material. But nonetheless, we L.) try; if we are going
to use the multiple-choice approach, this is important.

A third point with respect to multiple-choice tests has to do with prior
knowledge. Questions which the individual can answer on the basis of
knowledge that he got elsewhere than listening to the passage are irrele-
vant with respect to measuring comprehension, at least of that particular
presentation. It's extremely difficult to rule out the effects of prior
knowledge. I have the feeling, however, that in many cases we 6on't try
as hard as we might. Herb Friedman and 1, in our work, used a little
known high school text in precolonial English lIstory
of Precolonial Times, 1500-1600 or something like that). I have to
admit that the material in there was novel to me anyway. It's worth
trying.

Another method of measuring comprehension which has recently come
into prominence is the cloze test. The doze testmost of you are prob-
ably familiar with this by now--is a domain test; there's not much argu-
ment that it's a domain test because the passage is taken and every fifth
word (or every nth word) is deleted, and the subject is asked to fill in
the blanks. Clearly it is a domain test because here's the passage being
presented with these deletions, but it bothers me a little bit somehow.
I don't think it obviates the problem of prior knowledgebut the prior
knowledge is of a different sort here. The prior knowledge is associated
with not only the prior knowledge of the content of the passage, but it also
is dependent to some degree on the structure of language which the indi-
vidual has built up over a period of time. I'll be perfectly frank with you,
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I'm no linguist. I don't know very much about the probabilities of a
given word following four other words, except that there seems to be
a lot of predetermination in this--if you say ham, most people will say
eggs--and I simply don't know how this sort of thing interacts with the
measurement problem. All right

(From floor: I hate to interrupt in the middle of this but
something I think a lot of people have been overlooking is
that old technique of just finding empirical levels for our
tests. I notice the Nelson-Denny Test has been reported
at statistical chance levels, but people are forgetting--
why not just take control groups and get your empirical
level from the samples before you run these tests, because
I have found in using .the Nelson-Denny that the empirical
level is above the chance level, due to prior knowledge.
This is an exaMple and it might be well for some of the
others to try to do this. )

I agree with this suggestion although there are obvi-Dus difficulties in
implementing it. As a matter of fact, I think I have mentioned what I
think L,re the key problems. Now, I want to offer a few suggestions--
lay them on the table, quivering sort of like, for you to dissect if you
wish on your own time, and that was going to be one of the suggestions
that I was going to make. I think that there is probably little excuse for
using any of these techniques without some kind of correction for chance
and without some kind of an estimate of what prior knowledge is on an
empirical basis (such as a prior administration of a test). I want also
to suggest a couple of approaches to measurement that might prove fruit
ful although they don't necessarily eliminate all of the problems. It
seems to me that part of our problem is in defining comprehension, and
if you are willing to take a limited definition of comprehension you can
talk about some things like the follo-ving: let's suppose you develop a
response device--let's suppose that this response device looks some-
thing like Figure ZO. I.

We draw on the blackboard a box, if you will, with four switches on it.
Let's suppose you also develop a set of cards which depict pictorially
various situations and which simply slips down on top of the box with
holes for the switches. Let's suppose that you offer then, as your com-
prehension material, a set of instructions, a set of relationships in which
the individual is required to integrate the information that is beiag sup-
plied to him in the passage with the picture on the box and indicite a re-
sponse by throwing a switch or a combination of switches. There are
enough combinations and enough possibilities in this kind of approach to
provide all the difficulty which you would possible want. At the same
time, the answers to this, besides giving you electromechanical record-
ing of the response time which I think is also interesting, tan give you a
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Figure 20.1- Response devi- e_
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response which doesn't depend upon prior knowledge as much asyou
can never eliminate it entirely, of coursethe usual passage compre-
hension approach. O.K. That' something to think about.

The other thing that I'd like to suggest for you to think about is what we
might call the "match paraphrases" approach to comprehension. This
can be done in either of two fashions. You can either talk about a model,
which the individual learns and which consists of maybe a couple of sen-
tences (it's not a very complicated model), and you then present audito-
rially paraphrases of that rnodel and ask the individual to indicate which
paraphrase best matches the infc _nation in the model. Now, you've got
to give him a minute or two of sdy time on the model. This approach
is similar to the psychometric technique of testing memory for sentences,
for example, where you give the individual a few seconds of study time
for some material and ask him to reproduce it. In this case, what we're
saying is that "prior knowledge" is supplied by the model. The compre-
henoion test is "do you understand the paraphrase well enough to match
it to the model. " The second approach to this, of course, is to present
a short series of paragraphs and ask the individual to pick the two para-
graphs which said essentially the same thing.

Now, these approaches are perhaps loaded with memory to some extent.
Nonetheless, I think approaches of this kind, or other creative approaches,
to the measurement problem represent responses to a crying need in our
efforts to try to measure the impact of rate-controlled speech and of lis-
tening to auditory presentations in general. With that, I'll stop taking up
your time, and get on to introducing the first speaker of this session.



CHAPTER XXI

EFFECTS OF MOTIVATION AND WORD RATE

ON AURAL COMPREHENSION

Carson Y. Nolan and June E. Morris*

The purpose of this study was to test the effects of varying motivation
on comprehension of material presented at three different word rates.
A secondary finding of earlier'research (Nolan, 1968), was that, when
heard under:motivated conditions, material of three different types was
comprehended significantly better when heard at a normal rate than
when heard at a rate slightly faster than normal.

Numerous studies (Foulke, 1968a; Foulke & Sticht, 1967a; Henry, 1966;
Jester, 1966; Loper, 1966; Wood, 1965) have shown-that the relation-
ship between comprehension of aUral material and word rate is a nega-
tive one. However, the point at whkh the 'decrease in Comprehension
becomes signifidant has never been clearly identified and has been
reported at various rates. Generally,- it has been thought that compre-
hension was.not significantly affected 'at rates below 250-275 words per
minute (wpm). Because of this, Nolan (1968) did not anticipate finding
significant rate differences in his study in which only moderately com-
pressed material, 225 wpm, and normal material, approximately 175
wpm, were used. When significant rate differences favoring the normal
rate did occur, the role of motivation immediately became suspect; all
Ss in this study having worked under motivating conditions. Nolan sug-
gested that real differences may exist even at low levels of compression
which only become apparent when Ss perform optimally as they might
be expected to do when working under motivated conditions. The current
study was designed to follow through on the earlier study by testing the
role of wotivation on the learning of aural material heard at normal and
compressed rates.

r. Carson Y. Nolan is the Director of the Department of Educational
Research and June E. Morris is a Research Associate at the American
Printing House for the Blind, Louisville, Kentucky 40206.
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Schools providing both high school and elementary Ss were the Nebraska
School for the Visually Handicapped, the West Virginia Schools for the
Deaf and the Blind, and the Wisconsin School for the Visually Handi-
capped. Additional elementary Ss were required and these were obtained
at the Texas School for the Blind. With the exception of the Wisconsin
school, all regular students enrolled in these schools at the appropriate
grade levels who were present at the time the data were collected par-
ticipated in the study. It was not necessary to use all of the students
available at the high school level in Wisconsin so those studegs used
were selected randomly from the total high school population.

Braille and print readers were used as they occurred naturally in the
schools; however, initially a stratified-random sampling technique
(Guilford, 1956, pp. 158-159) was used in assigning Ss within a grade
level (4-5, 6-7, 8-12) to treatment groups. For each school this was
accomplished by first randomly assigning all braille reading students
within a level to the treatment groups and then randomly assigning the
print reading students within the same level to the treatment groups.
Where not all groups within a level contained an equal number of students
of the same reading medium from a site, assignment of Ss of the other
reading medium was made in Each a way that Ss within a school were
equally or nearly equally distributed among the six treatment groups.
By assigning Ss to groups in this manner, the groups initially contained
proportions of braille and print Ss representative of the school popula-
tions from which they were drawn.

Absenteeism and Ss lost due to their inability to perform the-required
task in the allotted time resulted in some attrition within the initial
groups. Having anticipated some losses, more Ss were assigned to most
of the groups than were required by the experimental design. After all
data were collected, surplus Ss were randomly omitted within grade levels.

Material

Two literary selections were used that had been part of previous re-
search examining the parameters of learning by listening. "A Battle
Over the Teacups" (Derleth, 1957) was heard by Ss at the high school
level. The story contained 1, 970 words and had a reading difficulty
appropriate for eighth- and ninth-grade students, as determined by
Flesch's readability formula (Flesch, 1951). This difficulty level is
typical of material appearing in high school-literature texts. "Notch-
tail" (Stauffer, Burrows, & Jones, 1962) was used by Ss at the elemen-
tary level. The version used contained 2, 114 words, the original
version having been edited to shorten it slightly. Reading difficulty
for this story, as computed by the Flesch formula, indicated it was
appropriate for use by sixth-grade students.
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Method

Design

Similar studies were designed for students in grades 4-7 and for student-
in grades 8-12. In each, Ss listened to literary material presented at
one of three rates under either motivated or unmotivated conditions.
Factorial designs involving random groups were used.

For the high school group, a 3 x 2 design was used with rate of listening
and mode of listening being the treatments. The three rates if listening
were 175 wpm (actual), 225 wpm, and 275 wpm. The two modes of lis-
tening were either under motivated or unmotivated conditions.

The 3 x 2 x 2 design used in the elementary grades was similar to the
high school design but with a grade level factor included. The latter was
included because previous research (Nolan, 1966) using the same mate-
rials, revealed grade level differences in the amount learned by,elemen-
tary students. The two levels used in the current study were grades 4-5
and grades 6-7.

Subjects

All Ss were legally blind students enrolled in residential schools for the
blind who were assigned to regular classes. One hundred twenty Ss were
used at the high school level; 20 being in.each of the six treatment groups.
One hundred eight Ss were used at the elementary level; 18 being in each
of the six treatment groups. Subjects in each of the elementary groups
were divided equally so that half were from grades 4-5 and half from
grades 6-7. Table 21.1 describes the composition of the groups.

TABLE 21.1

SUBJECTS AT EACH LEVEL IN EACH
TREATMENT GROUP

Unmotivated Motivated
175 225 275 175 225 275

wpm wpm wpm wpm wpm wpm
Grade
Levels
4-5 9 9 9 9 9 9
6-7 9 9 9 9 9 9
8-1- 20 20 20 20 20 20
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Both selections were recorded on magnetic tape by a professional reader
in the recording studios at the American Printing House for the Blind
(APH). These were then compressed to three different rates by a time
sampling technique at the Center for Rate-Controlled Recordings at the
University of Louisville. The specifications for the resulting tapes
were that they contain speaking rates of 175 wpm (actual), 225 wpm, and
275 wpm. Preceding each was a short sample taken from "History of
Milling" (Buehr, 1959) recorded similarly and compressed to the same
rates as the selections which followed.

Tests of comprehension for both selections were reproduced in braille
and large type (18-point by APH standards). The tests for the high school
and elementary selections were five choice multiple-choice tests con-
taining 70 and 65 questions, respectively. Reliability for the braille and
large type editions of the tests ranged fro .91 to .95 (Nolan, 1966).

Procedure

Subjects in motivated groups were told they had a chance to win two prizes.
First, Lhat each student earning the highest score on the test in his local
group would receive a prize and, second, that all students in a local group
would receive a prize if that group had the highest average score among
similar groups from all the participating schools. In the interschool
competition, groups competed only with similar treatment groups. Stu-
dents were informed that the prizes would be candy.

All students at a school assigned to the same treatment group worked
together. Unmotivated groups were scheduled prior to motivated groups.
One examiner could work with three groups during a school day. After
determining the day for a given series, i. e., unmotivated high school
groups, the order in which the three groups within that series were seen
was determined by random means.

With each group, Ss were assembled, instructions read, the sample
played, the selection played, test instructions read, and the tests admin-
istered. Playing the sample offered an opportunity for Ss, to become
acclimated to the listening environment, the reader, and the rate of
presentation. Tests were given without time limits; however, in a few
cases the demands of the schedule and/ or school day required dismis-
sing-a 5 before he had completed his test. In such cases, where the
student had completed 85% or more of his test the score was prorated
and used.

The tests were :shipped back to the APH where they were scored and/or
checked and the prizes shipped. To avoid feelings of unfair treatment,
similar prizes to those for the winners in the motiyated groups were
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sent to participants in the unmotiva ed groups. This procedure was ex-
plained to the administrators of the schools involved so that they could
pass the word on to their students as they distributed the prizes.

Results

Results of this study fail to substantiate Nolan's earlier finding (1968)
that aural material is comprehended better when heard at normal rates
than when heard at 225 wpm. Also, the findings do not support the hy-
pothesis that motivation is related to this occurrence.

Reference to Table 21.2 shows that rate of presentation was the only fac-
tor significant (. 01 level) to learning aural literary material for high
school students. A glance at Table 21,3 verifies that as rate of presen-
tation increased, comprehension decreased. Differences in learning

between motivated and unmotivated groups were not significant nor was
there any significant interaction between motivation and rate,

TABLE 21.2

HIGH S HOOL ANALYSIS OF VARIANCE SUMMARY

df Sums of S uares Mean Squares
Rate R 2 2,926.67
Mode (M) 1 76.80
R x M Z 77.40
Within Cells 114 14 023.10

Total 19 17 103.97
Significant at the.. 01 level

1,463.3-4 11.90**
76.80 . 62
38.70 . 31

123.01

TABLE 21.3

MEANS, STANDARD DEVIATIONS, RANGES, AND NUMB R
OF SUBJECTS AT THE HIGH SCHOOL LEVEL

Un otiva ed Mo ivated

Grades
8-12

175
wpm

225
wpm

275
wpm

175
wpm

225
wpm

275
wpm

Mean 39. 4 38.8 29.1 39.9 35.4 27.2
S. D. 13.0 11. 6 11.5 10.5 10. 9 8.5
Range 16-56 15-57 9-55 21-60 18-64 11-46

20 20 20 20 20 20
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Differences significant at the .05 level were fount for rate and, -s ex-
pected, grade level for the elementary group. Table 21.4 shows that
these were the only significant differences occurring within this group.
As with the high school students, the relationship between comprehension
and word rate was a negative one. Table 21.5 shows this to be true for
all elementary subgroups.

TABLE 21.4

ELEMENTARY ANALYSIS OF VARIATION SUMMARY

Source of Variation
Rate (R)
Grade Level (GL)
Mode (M)
R x GL
R x M
GL x M
R x GL x M
Within Cells

Total
Signi_icant a

2
1

1

2

1

2
96

107
the .05 level

Sums of S uares
1,335.36

966.02
60.76
6.24

48.16
420.08

70.39
13,741.33
16 648 4

Mea_n_qS uares
667.68 4.66*

6.75*966.02
60.76
3.12

24.08
420.08

35.20
143.14

. 42

. 02

. 17
2 93

. 24

TABLE 21.5

MEANS, STANDARD DEVIATIONS, RANGES, AND NUMBER
OF SUBJECTS AT THE ELEMENTARY LEVELS

Unmotivated
175 225 275 175

wpm mg:3m wpm wpm
Grades 4-5
Mean 38.0 35.8 31.4 34 8
S. D. 13.5 11.1 12.1 12.6
Range 16-53 12746 15-52 15-49
N 9 9 9 9

Grades 6-7
Mean 41.2 39.4 30.7 43.3
S. D. 11.4 17.4 7.4 9.7
Range 21-59 15-59 20-43 23-56
N 9 9 9 9

otivated
225 275

wpm wpm

29.4
13.9
9-48

9

39.0
11.6
19-52

24_ 7
7.2

16-36
9

36.3
12.0
16-54
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Several t tests were run to analyze further the differences in the means
for the different rate groups. These revealed that high school students
learned significantly more at both 175 wpm and 225 wprn than they did at
275 wpm while elementary students learned significantly more at 175
wpm than at 275 wpm. All of these differences were significant at the
.01 level of confidence.

Conclusions

With the exception of the expected significant grade level difference
found for elementary students, comprehension of literary material ap-
peared to be affected only by rate of presentation; comprehension and
word rate being negatively related. Blind students at both the high school
and elementary levels learned more from material heard at the slower
rates. Learning appeared to be unrelated to motivation.

In reviewing Nolan's earlier study (1968) in light of the current study,
it appears that the rate differences reported were unrelated to moti-
vation. In addition to the differences in learning found for material
presented at different ratet,, there is a possibility that the length of
the segments heard, the presence and/ or length of the pauses involved,
or the total study time involved may have had a bearing on learning.
Recent research has identified these factors as possil-ly influencing
aural learning. Further research will be necessary to follow this up.



CHAPTER XXII

COMPREHENSION OF NARRATIVE PASSAGES BY FOURTH-GRADE

CHILDREN AS A FUNCTION OF LISTENING RATE

AND ELEVEN PREDICTOR VARIABLES

Robert L. Gropper-,

Intr duction

Since spoken langu--.4e is the major mode of communication, an in ividual's
ability to listen and to comprehend is of crucial importance. This skill,
however, is not distributed equally among the population.

During the past 10 years great improvement.in the technology associated
with the recording and reproduction of speech has been made. One of
the variables dealt with is the rate of presentation of speech.

Garvey (1953b) made the first attempt to alter the word rate of recorded
speech. Although he employed a rather primitive manual method, his ef-
fort laid the groundwork for future progress. Fairbanks, Everitt, and
Jaeger (1954) improved upon Garvey's work by electromagnetically dis-
carding brief segments of recorded messages. Since that time, improved
devices have been made available commercially. Two machines, the
Tempo Regulator and Eltro Information Rate Changer, are presently in
use. These devices permit the compression or expansion of speech with-
out significant alteration of pitch or intelligibility.

Although progress has been made concerning the equipment and presen-
tation variables of compressed speech, little has been done to examine
the interaction of subject characteristics with performance at different
levels of speech compression. The two factors which determine the effi-
ciency of compressed speech are intelligibility and comprehension. The
relationship of intelligibility to compressed -speech is basic to the under-
standing of factors affecting comprehension.

*Dr. Robert L. Gropper is Assistant Professor of Education at the Uni-
versity of Miami, Coral Gables, Flcrida 331241.
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Much research in the past has dealt with intelligibility. The usual index
used to measure the intelligibility of time-compressed speech has been
the ability of a subject to repeat brief messages with accuracy. The in-
telligibility score is the percentage of total words identified correctly.
A summary of past research shows that, in general, increasing the amount
of time compression appears to have a smaller influence on intelligibility
than on comprehension.

Factors that affect comprehension include difficulty of the passage, vocal
quality and style of the reader, and several unidentified listener vari-
ables. The usual procedure used for measuring comprehension is presen-
tation of a tape-recorded message followed by a multiple-choice t _st over
the contents. The results have 7:e een contradictory as to the influence of
sex, IQ, chronological age, and passage difficulty. Research in the past
has been done mainly with small samples using between-subjects designs.
Past research has not lent itself to making predictions about the perfor-
mance of individual subjects.

Purpose

The purpose of this study was to investigate the comprehension of nar-
rative passages by fourth-grade children as a function of listening rate
and performance on 11 predictor variables. These measures were rwal-
uated with respect to their effectiveness in predicting levels of perfor-
mance and learning efficiency indexes (learning per unit of tinie) across
rates of speed. The narrative passages were presented at rates of 126,
190, 252, 312, and 380 words per minute (wpm). The criterion data were
obtained from the Ss responses to multiple-choice questions based on
the content of the passages. The intercorrelations were used to develop
multiple regression equations. These equations were used to predict
two aspects of performance at each rate: absolute level of performance
(Performance) and the learning efficiency (Efficiency).

The results of this study may provide the basis for a useful technique of
predetermining for individual pupils the most effective rate of orally-
presented materials. The most efficient combination of predictors can
be used to establish a standard for predicting performance across listen-
ing rates for individual Ss.

Method

This section contains a description of the S: instr: -ents, apparatus
and materials, and procedures used in the study.
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Sub'ects

Three fourth-grade classes were used in this study. These classes were
taken from schools in neighborhoods characterized by mixed socio-
economic levels. All children attending the classes were selected to
participate. The total S. pool consisted of 72 children. According to
school records and teacher reports, all Ss possessed adequate auditory
and visual acuity. The Ss in each classroom were randomly'assigned
to one of five experimental groups until a total of eight Ss per group was
obtained. The remaining 32 _Ss served as controls. None of the :Ss had
previous experience with compressed speech.

-en s Used as Predicto s

h S was given a battery of nine tests designated as predictors. Tests
were selected which appeared to measure components essential to per-
formance with compressed speech materials. In addition to the tests ad-
ministered by the E, a group IQ score, obtained from the Ss' cumulative
records, and chronological age were used as predictors. The tests were
administered to each S in the same order as they are listed below.

Intelligence. The Otis Quick-Scoring Mental Ability Test (Otis, 1954)
is a group intelligence test. Scores for 37 of the 40 _Ss were available in
their cumulative folder s

Readin:comorehenslon. The reading subtest of the Metropolitan
Achievement Tes (MAT) was used to test reading comprehension (Durost
Bixler, Hildreth, Lund, & Wrightstone, 1959).

Listenin corn rehension Form B of the MAT Reading Subtest
(Oral MAT) was presented to the .Ss in a group at each of the three schools
Durost et al., 1959). This test sampled the areas mentioned above; how-
ever, listening rather than reading comprehension was emphasized.

The passages and corresponding questions were recorded by the _E. The
Ss received an answer sheet containing 44 multiple-choice answer blanks.
They were required to listen to each story and the questions and then to
fill in the appropriate blanks. There was no visual contact with the pas-
sages. The -assages and questions were recorded in about 22 minutes.

Perceptual speed. Perceptual speed is one of the five subtests from
the Primary Mental Abilities Test, Grades 2-4 (Thurstone & Thurstone,
1963). This measures the ability to recognize quickly and accurately the
likenesses and differences between objects or symbols.
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Digit span. Digit span is a subtest taken from the Wechsler Intel-
ligence Scale for Children (W1SC) devised by Wechsler (1949). It is an
auditory measure of short-term memory of digits presented sequen-
tially.

Coding. Coding is a subtest of the WISC (Wechsler, 1949). The
S must associate paired symbols and write the correct response element
for a random series of stimulus elements.

Oralvocabulary. The Peabody Picture Vocabulary Test (PPVT) is
an individually-administered test yielding an oral vocabulary score
(Dunn, 1959).

Auditory_attention s an. The Auditory Attention Span for Related
Syllables is a subtest of the Detroit Tests of Learning Aptitude (Baker &
Leland, 1967). The test is a measure of short-term memory for sen-
tences.

Clerical s eed. Clerical speed and Accuracy is a subtest of the
Differential Aptitude Tests (Bennett, Seashore, & Wesman, 1961). This
test measures how quickly and accurately the S can compare letter and
number combinations.

Auditory-vocal sequencing. The Auditory-Vocal Sequencing Test
is a subtest of the Illinois Test of Psycholinguistic Abilities (ITPA) de-
vised by McCarthy and Kirk (1961). The purpose of this test is to as-
sess the S's ability to reproduce a sequence of auditory stimuli from
memory. Approximately 5 minutes per S were necessary for comple-
tion.

Criterion tests. Each of the five criterion tests consisted of 22 to
27 multiple-choice items which sampled the retention of information from
within the compressed speech material.

Apparatus and Materials

The apparatus used for this study included the following. (a) 5 sets of
Calrad foam rubber, padded earphones, model HP4, of high impedence
(15,000 ohms), stereo quality--1 set was used by the E and 4 sets were
used by the experimental Ss; (b) 1 Wollensak magnetic tape recorder,
model T-1500; (c) 1 junction box; (d) 1 "beep" box; (e) 1 slide projector,
Kodak Carousel model 650; (f) 1 projection screen.

The Wollensak recorder was used with these settings: tone control on
volume control on "7, I and tape speed on 7 1/2 ips. The junc-

tion boxes contained independently adjustable 50,000 ohm signal controls
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for each ear. A removable connecting co -d was plugged into the tape
recorder and into the junction box. Four sets of earphones were oper-
ated from the Wollensak by means of the junction box. The "beep" box
was connected between the tape recorder and slide projector. It ad-
vanced the slides automatically by means of a recorded signal.

Materials used in this study included five N_:fszLo_tlita_g_..--e passages and
associated tests. These passages were originally prepared for use in
a study by Woodcock and Clark (1968c). The contents of these passages
concerned the lives of Estevenico, Jesse Owens, J. B. Olinger, Harriet
Tubman, and William C. Handy.

The times of the five passa'ges at the original recorded rate of about 190
wpm were: "Harriet Tubman, 21 minutes; "J. B. Olinger, " 14 minutes
20 seconds; "Estevanico, TI 19 minutes 10 seconds; "Jesse Owens, II 19
minutes 25 seconds; and "W. C. Handy, " 16 minutes 20 seconds. Upon
rerecording at compressed or expanded rates, the listening times were
changed proportionately.

Each tape consisted of the following: (a) instructions to the S regarding
the earphones and adjustment of volume to each ear; (b) instructions re-
garding the listening task to be presented; (c) the passage, at the appro-
priate wpm rate; (d) instructions for taking the test; (e) the multiple-
choice test covering the contents of the passage.

The tapes used with the control groups, who did not listen to the passage
did not include sections (b) and (c) above. All instructions and tests wer,
presented at the normal speech rate on the tapes; the passage section wa
the only portion which was compressed or expanded.

Procedure

The sequence of steps in developing and s andardizing criterion tests,
selecting Ss, administering the predictor tests, and conducting the ex-
perimental sessions is outlined below.

Develo in criterion tes s. The 20 existing questions for each of
20 NegyoHeritae_ passages were examined. The five passages contain-
ing the items which best discriminated the _Ss who made scores in the
upper half of the class from those in the bottom half were selected. These
passages were read carefully and about 30 new multiple-choice questions
written. Pupils from three fourth-grade classes listened to the passages
at normal speeds and took the multiple-choice tests. These items were
analyzed by means of a tetrachoric coefficient to find the item discrim-
ination indexes. The passages and tests were presented by tape recorder
to an entire class. Approximately 30 minutes were needed to listen to
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and be tested over one passage. Five sessions were needed with each
class to complete the procedure for all five stories.

Standardizingriterion tests. The 30 new items for each passage
were combined with the 20 previous items. These pooled questions were
examined and those with a discrimination index of .5 or better were se-
lected. Each of four new classes as a group listened to the five passages
and associated slides at normal speeds and took the tests. The passages
and the questions were presented by means of tape recorder. After all
tests were scored, a normalized T score transformation was applied and
the scores were used for the experiment.

Selecting_ subjects. Three fourth-grade classes from a mixed socio-
economic school district were selected to participate. The Ss were ran-
domly assigned to groups. All students not selected from the three classes
served as controls.

Administering the predictor tests. All predictors with the exception
of the Otis Intelligence Test were administered by the E. The MAT Read-
ing subtest and the Oral MAT were administered to the entire class at
each school on the first day of testing. During the second session, Per-
ceptual Speed and Clerical Speed were given to the experimental Ss in
groups of four. All testing from this point was done where the experi-
mental apparatus was arranged.

During the third session each S individually took the Digit Span and Coding
subtests of the WISC, followed by the PPVT. At the last sessions, the Ss
were given the Auditory Attention Span suLtcst and the Auditory Vocal Se-
quencing test. The tests were arranged in this manner so that no S would
spend more than 20 minutes in the testing situation. A fifth and sixth ses-
sion were necessary to make up for Ss who were absent during the second,
third, or fourth sessions.

onductin he ex erimental sessions. The day after all Ss had been
given the predic or tests, experimental groups were brought to the room
of their school where the experimental apparatus had been arranged. Each
group heard one story per session. Figure 22.1 shows the order of stories
and speeds for each group. The Ss were told that they would listen to a
story through the earphones and watch slides on a felt board about 4 feet
in front of them. They were shown their volume controls and instructed
to put on the earphones.

A familiarization tape was played for 3 minutes at the same speed as the
experimental tape. Immediately following the removal of the training
tape, the experimental tape was used. From this time to the end of each
session, all instructions were contained on the tape.
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1st
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:-
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Olinger
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Handy
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Estevanico

3rd

Owens
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Olinger

4th

Ow ns

1st

Tubman

3rd

Handy

2nd

E- evanico

126 1 90 252

Rate in wpm

312 380

Figure 22.1. Presenta_ion sequence by rate and passage for each
group.
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The listening time spent with each passage ranged from 7.27 to 31.02
minutes depending upon the rate of compression. Table 22.1 shows the
amount of time spent with the passages at each speed.

TABLE 22.1

THE TIME IN MINUTES BY SPEED FOR EACH PA SAGE

Estevanico 28.80 19.20 14.40 11.52

Olinger 21.80 14.53 10.90 8.72

Tubman 31.02 20.68 15.51 12.41

Owens 29.00 19.33 14.50 11.60

Hand 24. 5 16 25 12.3.9 9 75

9.60

7.27

10.34

9.67

8.13

Following the passage and during the presentation of instructions for the
tests, the E distributed a copy of the questions and a pencil to each S.
The test items were presented at normal speeds simultaneously on the
tape as the Ss followed on their printed test form and selected answers.
At the completion of the test the Ss were ixistructed to remove their ear-
phones. The entire listening time, from putting on earphones to taking
off earphones, was approximately 8 minutes more than the listening time
for the passage. Thus, the total time varie,:l from 15.3 minutes to 39
minutes.

The control groups followed the same procedure except that their taped
instructions went directly from adjustment of earphones into the test in-
structions and-the test. Any reference to the listening passage and the
passage itself was bypassed.

The same procedure was followed for five sessions. The criterion tests
were then scored by the E. Raw scores were conver ed into normalized
T scores using the norms provided in the pilot study.

Statistical analyses. The R01: Regression Analysis* for Raw Data
Program at the Peabody Computer Center was used to compare the pre-
dictor and criterion tests. The program computes means, standard de-
viations, Pearson product-moment correlations, and regression equations.
The printed output consists of means, standard deviations, and a cor-
relation matrix. B weights, a regression constant, and an iteration
sequence are also provided for each regression equation.
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Appropriate F ratios (Walker & Lev, 1953) were used to test the rela-
tions between speeds for absolute level of performance and learning
efficiency. A Newman-Keuls procedure (Winer, 1962) was used for
inultiple t comparisons following significant main effects. The .01 level
of significance was employed to evalu,Ae the statistical significance of
all comparisons.

Results

The results of the analyses of the test data are reported herein. All re-
sults presented in connection with this investigation are reported on the
basis of the scores of the 40 Ss receiving the 10 predictor and 10 crite-
rion tests.

Descriptive Data

Table 22.2 contains means and standard deviations for scores on each of
the variables under consideration. The PPVT score is reported in months
representing "receptive languagc age. The MAT Reading test is re-
ported as a standard score using the tables provided. The remaining pre-
dictor tests with the exception, of course, of IQ are Dresented as raw
scores.

The criterion scores are reported as normalized T scores. The
ing Efficiency scores were computed using the following formula:

Treatment Mean-- "Test _Only" Mean.Learning Efficiency Index Listening Time in Minutes
"Test Only" refers to the control group who took the multiple-choice c_
terion tests in the same manner as the experimental group, but did not
have the benefit of listening to the stories.

Correla ion Anal ses

The main concern of this investigation was to obtain multiple regression
equations based on the correlations of the predictor tests with each of the
criterion scores.

A sequence of iterations were computed in which the predictor variables
were listed in the order of the amount of variance they explained. Tables
22.3 and 22.4 list the iteration sequence for each criterion for absolute
level of performance and learning efficiency. The sequence was termina-
ted when the additional predictors accounted for less than of the vari-
ance.
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TABLE 22.2

MEANS AND STANDARD DEVIATIONS FOR PREDICTORS
AND CRITERION TESTS

Variable
Unit of
-easure SD

Chronological .'_ge Months 114.80 3.74

PPVT (Receptive Language
Age) Months 115.80 17.51

Digit Span Raw Score 8.95 1.58

Coding Raw Score 39.50 7.88

Auditory Vocal Sequencing Raw Score 28.30 6.42

Auditory Attention Span Raw Score 50_ 47 12.62

Perceptual Speed Raw Score 21.82 11.74

Clerical Speed Raw Score 66.95 18.28

MAT Reading Standard Score 56.07 6.65

Listening Comprehension Raw Score 17.55 7.67

IQ 104.47 11.08

Criterion Tests: Pe rformance
126 WPM T Score 54.33 6.81
190 WPM T Score 52.73 7.86
252 WPM T Score 51.24 7.61
312 WPM T Score 44.27 9.18
380 WPM T Score 39,49 8.6

Criterion Tests: E ficiency
126 WPM Efficiency Index .85 .31
190 WPM' Efficiency index 1.19 .51
252 WPM Efficiency Index 1.43 .67
312 WPM Efficiency Index 1.12 90
380 WPM Efficiency Index .87 .98
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TABLE 22.3

THE ITERATION SEQUENCE FOR ABSOLUTE LEVEL
OF PERFORMANCE

Criterion
126 WP__

Predictors
Cumulative

r2

190 WPM

252 WFM

326 WPM

380 WPM

MAT
Digit Span
CA
Perceptual Speed
Auditory Attention Span

. 22

. 29
. 35
. 40
. 42

MAT .37
Digit Span .48
Auditory Vocal Sequencing .55

PPVT .18
Auditory Vocal Sequencing .20
CA .22
Clerical Speed .26
MAT
Digit Span
CA

. 28

. 37

. 44

Listening Comprehension .24
PPVT .36
Clerical Speed .38
Di--it S an 40

111,/ t iple Regress n Analyses

Using the predictors listed in Tables 22.3 and 22.4, the data was re-
analyzed in order to obtain the B weights and the constant for multiple
regression equations. These equations, listed in Tables 22.5 and 22.6,
give the formulas for using the best set of predictors at each speed for
absolute level of performance and learning efficiency.

The major purpose of this study was to identify a reliable set of predictors
that could be used with all speeds. Four predictors were selected for this
purpose. A point system was devised to select the tests to be used in the
final battery. Table 22.7 graphically indicates the iteration sequence for
all speeds and points assigned to each test.
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TABLE 22. 4

THE ITERATION SEQUENCE FOR LEARNING EFFICIEN Y

-iterion
126 WP

P edictor
Cumulative

r2

190 WPM

252 WPM

312 WPM

PPVT
Perceptual Speed
MAT
PPVT
CA
Auditory Attention Span

8

. 23

. 28

. 32
37

. 41

MAT .22
Digit Span .30
Auditory Vocal Sequencing .38

PPVT .15
IQ .18
Clerical Speed . 23
Auditory Vocal Sequencing .30
Coding .34
MAT
PPVT
CA

J. C.I. op an

380 WPM Listening Comprehension
PPVT

. 29
35

. 38
IL 1

. 33

. 40

On the basis of the results in Table 22. 7, the MAT Reading, the PPVT,
Digit Span, and Listening Comprehension test were selected as the bat-
tery of tests for use as a predictor of performance at all speeds. This
battery takes approximately 55 minutes to administer. Table 22.8 shows
the multiple regression equations at each speed for absolute level of per-
formance. The amount of variance accounted for is also indicated.
Table 22.9 gives the same information for the learning efficiency speeds.

sis of the C iterion Scores

Figure s 22. 2 and 22.3 show the curves generated by plotting the T scores
for Performance and Efficiency. A comparison of the two graphs shows
that, though Performance becomes progressively poorer with an increase
in speed, Efficiency peaks at the middle speed.
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Figure 22. 2. T score means for performance.
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Figure 22. 3. Mean efficiency index for each rate.
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TABLE ZZ. 5

MULTIPLE REGRESSION EQUATIONS FOR ABSOLUTE
LEVEL OF PERFORMANCE

C iterion Constant B Weights (Predictor
+.66(MAT) +1.62(Digit Span.

126 WPM

190 WPM

252 WPM

312 WPM

380 WPM

-44.31

.91

25.7

-84.8

20.42

+.50(CA) -.19(Perceptual Speed)
13(Auditory Attention Span)

+. 72 (MAT) +2.70 (Digit Span)
-.36(Auditory Vocal Sequencing)
+. 13 (PPVT) -. 25 (Auditory Vocal
Sequencing) +. 22 (IQ) -. 09 (Cie rical
Speed)

+ 59 (MAT) +2.18(Digit Span)
+. 66(CA)

+. 52(Listening Comprehension)
+.18(PPVT) -.08(Clerical Speed)

.74

52

. 66

.55

. 27

. 44

.40
7. 77 (1.?igit Span)

TABLE 22.6

MULTIPLE REGRESSION EQUATIONS FOR LEARNING EFFICIENCY

Criterion Constant B Weights (P edictor)

.65

. 64

.59

.63

.42

. 41

35

.40

126 WPM

190 WPM

PM

312 WPM

380 WPM

- 2.87

- 1.34

- 1 43.

-1023.

- .2 06

+. 01 (PPVT) . 01 (Perceptual Speed)
+.03(MAT) +.01(CA) +.01(Auditory
Attention Span)

+.04(MAT) +.17(Digit Span
-. 03 (Auditory Vocal Sequencing)
-F. 01 (Coding)

+ . 005 (PPVT) + . 02 (ILI ) . 01 (Cler-
ical Speed) -.04(Auditory Vocal
Sequencing) +.15(Digit Span)
+.01(.Auditory Attention Span)

+.05(MAT) +.01(PPVT) +.05(CA)
+.12(Coding)

+.0 6 (Listening Comprehension
+. 02(PPVT
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TABLE 22.7

THE POINT VALUES ASSIGN! D TO THE PREDICTORS ON THE
BASIS OF POSITION IN THE ITERATION SEQUENCES

1st 2nd 3rd 4 h or Lower
Variables (4 Pt Pts Pt. Total
MAT Reading 5 22
PPVT 21
Digit Span 4 14
Listening

Comprehension 1 10
Auditory Vocal

Sequencing 2 8
IQ 1 1 6
Clerical Speed 2 5

Perceptual Speed 1 1 4
Auditory Attention

Span 3

CA 3

Codin 2

TAT- .._4E 22.8

MULTIPLE REGRF.WnN EnUATIONS FOR PERFORMANCE
USING FOUR SELECTED PREDICTORS

Criterion Constant B Weight (Predictor
+.06(MAT) +.99(PPVT)

126 WPM 17.80 +. 40 (Digit Span) - . 15 (Listening .57
Comprehension)

+.07(MP" -) +1.53(PPVT)
190 WPM 5 09 +. 41 (Digit Span) -I-. 15 (Listening . 71

Comprehension)

-1-.14(MAT) +.40(PPVT)
252 WPM 24.98 +.09(Digit Span) +.03(Listening .44

Comprehension)

+ 10 (MAT) + 1.60 (PPVT )
312 WPM 5.00 +. 36 (Digit Span) +. 16 (Listening 64

Comprehension)

+.21(MAT) -.81(PPVT)
380 P 17.42 -.06 (Digit Span) +.47(Listening .61

Com rehension)

.33

.51

.20

41

.38
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TABLE 22.9

MULTIPLE REGRESSION EQUATIONS FOR EFFICIENCY
USING FOUR SELECTED PREDICTORS

Cri erion Constant B Weights (Predictor
+0 004(MAT) +.004(PPVT

126 WPM .52 +.017(Digit Span) -.011(Listen-
ing Comprehension)

+.004(MAT) +.08(PPVT)
190 WPM - 1.05 + 01(Digit Span) +.02(Listening .61 .37

Comprehension)

+ 01(MAT) +.07(PPVT)
252 WPM - 55 -.005(Digit Span) +.004(Listen- .43 .18

ing Comprehension)

+. 01 (MAT) +. 08 (PPVT)
312 WPM - 3.82 +.05(Digit Span) -.001(Li n- .61 37

ing Comprehension)

+.02(MAT) -.06(PPVT)
-.007(Digit Span) +.07(Listen- 64 .41
illz_c_omprehension

.52 .27

380 WPM - 1.55

A one-way analysis of variance was performed to compare speeds. Table
22.10 presents the results of the analysis for absolute level of perfor-
mance. The difference between speeds was significant at the , 01 level
of confidence.

Speeds
Error (G)
Total

TABLE 22.10

ANALYSIS OF VARIANCE: PERFORMANCE

4
195
199

1589.968
66.076

24.062 .0001

The Newman-Keuls test was used to determine the significance of difference
among means. Table 22.11 summarizes the rtesults. All comparisons
which included the two fastest speeds were significant.
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Ordered Means

TABLE 22.11

NEWMAN-KEULS TEST: PERFORMANCE

A4
252 WPM 190 WP

A A2
126 WPM

A

380 AWPM
5

312 WPM A
4

252 WPM A

190 WPM A
2

Critical Values 43 = . 01)

4.78**

r = 2
.0

11 5**

6. 97**

r = 3
6_ 79

13. 12**

8.4

1.37

r = 4
7 26

14.97**

9
,t,
0,, ei,10.1

3.22

1.85

r = 5
7 59

Table 22.12 presents the summary statistics for the one-way analysis of
variance performed to compare speeds for Efficiency. The differences
between speeds was significant to the .01 level of confidence.

TABLE 22.12

ANALYSIS OF VARIANCE: EFFICIENCY

Source
Group s
Error
Total

195
199

Z. 44
53

4.59 .001

The Newman-Keuls test was also performed to determine the significance
of differences among means for Efficiency scores. The results, which

'appear in Table 22.13, shOw that the 126 wpm versus 252 wpm and 380
wpm versus 252 wpm comparisons were significant to the .01 level of
confidence.

Discussion

The data derived from this study were analyzed in the following ways:
(a) the predictor tests were correlated with the criterion tests over the
contents of the passages; -) multiple regression equations using the
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coefficients were obtained; (c) analysis of variance was performed on
the criterion scores; (d) individual means were compared by the Newman-
Keuls procedure. Each of the above analyses yielded information which
may influence future studies of aural comprehension. The discussion
which follows describes the population from which the data were derived,
discusses each of the analyses described above, and introduces implica-
tions for fumre consideration.

NEW

TABLE 22.13

AN-KEULS TEST: EFFICIENCY

Orde ed Means
80 WP 12 WP

A A
190 WPM

A
252 WPM

Al

126 WPM A
5

380 WPM A4

312 WPM A
3

190 WPM A,

.27

. 25

.35

.08

.58**

56**

.31

. 23

The Sample

The experimental Ss in this study were 40 fourth-grade chiIen from
several socioeconomic backgrounds. Examination of these Ss' perfor-
mance yielded descriptive information. Scores on the PPVT, MAT
Reading, Coding, Digit Span, Otis IQ, and Perceptual Speed tests indi-
cated that as a group the Ss were performing at about an average level
in terms oA: grade expectancy. Four additional measures were included.
These were Listening Comprehension, Clerical Speed, Auditory Vocal
Sequencing, and Auditory Attention Span. No age norms or grade equiv-
alents were available for these measures. Raw scores from these tests
were used in developing the predictive indexes described later. On the
basis of performance on the predictor tests mentioned above, the Ss
can be described as average with individual variation ranging from edu-
cable mentally retarded to superior levels.
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Co re a ional Analyses

Correlational analyses were performed in an effort to identify a rela-
tively short battery of tests which could predict comprehension for an

S exposed to compressed and expanded speech. The analysis
utilized the multiple correlation coefficient derived from scores on 11
predictor measures and criterion tests. The criterion tests were 10
multiple-choice tests administered to Ss after they had listened to pas-=
sages presented at different rates of speed.

The simple correlations of predictor tests with criterion scores ranged
from -.17 to ±. 61. These correlations included both Performance and
Efficiency criterion tests. Most of the predictors were correlated fairly
evenly across speeds. A notable exception was the coefficient obtained
for the Listening Comprehension test. Listening Comprehension was a
poor predictor at three speeds and a moderately poor predictor at a
fourth speed. However, at the fastest speed, 380 wpm, Listening Com-
prehension was clearly the best predictor. This may be explained by
the fact that both performance on the Listening Comprehension test and
performance on the criterion tests for 380 wpm require a great deal of
aural concentration. The Listening Comprehension test served as a
comparatively strong predictor of success with compressed speech at
speeds near 380 wipm, being associated with 25 and 35% of the variance
in Performance and Efficiency respectively.

MAT Reading and the PPITT were correlated with criterion tests at . 45
and .44 respectively, using data for all listening rates These results
can be compared with those of Condon (1965), Duker (1965), and Fawcett
(1965) who found mean correlations ranging from .47 to .74 between per-
for riance on reading and listening at normal rates.

A correlation of . 60 was obtained between MAT Reading and the PPVT.
This amount of overlap reduced the individual contributions of these
tests when included in a predictor battery.

Digit Span correlated in.oderately with the criterion tests at every speed,
with the exception of the fastest presentation rates (380 wpm). The
mean correlation of Digit Span with scores obtained at all slower rates
was . 36. The fact that Digit Span correlated relatively poorly with MAT
Reading (.27) and the PPVT (.38) made it an efficient addition to the
predictor battery. These results are in agreement with the fact that
historically Digit Span has had a poor correlation with overall perfor-
mance of the WISC. While not being highly correlated with intellective
factors, Digit Span seems to be a good test of short-term memory and
listening comprehension.
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The remaining measures were associated with very little of the variance
at each speed when added to the predictor battery. Therefore, the group
of tests discussed above was selected as the final predictor battery. The
variance associated with the Performance criterion accounted for by these
tests ranged from a low of 20% at 252 wpm to a high of 51% at 190 wpm.
The variance associated with the Efficiency criterion ranged from 18% at
252 wpm to 41% at 380 wp

At the 25'4 wpm rates, the amount of variance associated with predictors
can be improved by substituting Auditory Vocal Sequencing, Coding, and
Clerical Speed for MAT Reading, Listening Comprehension, and Digit
Span. This substitution can raise the common variance by 7 and 18% for
Perfori,±ance and Efficiency respectively. At the remaining speeds, the
original battery is generally the most effective.

An examination of the inte correlations of the five criterion tests for Per-
formance indicates that in some cases results at one speed may be a good
predictor of performance at a second speed. Results for the 126 wpm
rate correlated above .50 with all but the 380 wpm rate. In addition, 190
wpm and 312 wpm correlated .50 or above as did 252 wpm and 380 wpm.

The mean correlation among Pei 7ormance criterion tests was .497. The
126 wpm rate had a .54 mean correlation with the remaining speeds.
ThiS was the highest mean correlation. These results may seem unusual
in that one would expect the rates closest together to have the highest
correlations witl,:each other. However, this is not the case, since the
126 wpm rate and the 252 wpm rate were highest correlated. These rates
were two steps removed from each other on the continuum defined in this
study. Also, the 312 wpm rate correlated highest with the 252 wpm rate,
which siwilarly is two steps away. The only adjacent speeds which show
high correlations relative to other speeds are 190 wpm and 252 wpm.
More within-Ss data ar-1 needed before definitive statements can be made
as to the predictive strength of performance at one speed when predicting
performance at another speed.

The intercorrelations of the five speeds for Efficiency were much lower.
This was expected because of the formula used to obtain Efficiency scores.
The mean intercorrelation was .35. An unexpectedly high correlation of
. 68 occurred between the 126 and 312 vrpm rates. The difference was
. 24 between this and the second highest correlation. If this coefficient
is reliable, then these rates are better predictors of each other than is
the battery of tests identified above. Past research has not investigated
intercorrelation between speeds using a within-Ss design. This design
needs to be replicated and the results compared to see if intercorrelations
among speeds are high enough to permit reliable predirtions to be made
across speeds.

7
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Anas of Variance

A secondary purpose of this study was to examine the criterion scores to
find the best presentation rates in terms of Performance and Efficiency.
As speed increased, Performance on the criterion tests decreased. An
analysis of variance showed that the difference among presentation rates
was significant. A Newman-Keuls procedure indicated that significance
was obtained only when comparing speeds above 252 wpm. In other words,
a sic-nificant drop in performance did not occur until the S listened to
speeds faster than 252 wpm. This is in basic agreement with past re-
search (Bixler, Foulke, Amster, & Nolan, 1961; Foulke, 1966a; Woodcock
& Clark, 1968a, 268b).

An examination of the Efficiency curve (see Figure 22.3) revealed that
the 252 wpm rate fared best in terms of learning per unit of time. This
rate is about 25% faster than normal. This was in agreement with the
findings of Woodcock and Clark (1968b). An analysis of variance showed
that the difference between speeds was significant. Individual compari-
sons, however, revealed that only the 252 wpm rate versus the 126 wpm
rate and 380 wpm rate comparisons were significant. Large individual
differences were obtained, indicating that there is not one most efficient
speed for everyone. In most cases, however, a speed much slower than
normal will not add much to comprehension, while speeds about twice as
fast as normal will take too much away from comprehension to warrant
their use.

Im lications for Future Research

This study represented an initial attempt to use a within-Ss design to iden-
tify an efficient set of predictors of performance with compressed speech
materials. Cross validation procedures are necessary. Populations of
high-, average-, and low-1Q Ss should be used to get supplementary data
on the present battery of predictors. Perhaps new tests can be added or
substituted to refine the initial predictor group. A more reliable predic-
tor is needed for speeds around 252 wpm, especially since this is the
most efficient speed for Listening Comprehension.

More niaterials have to be adapted and standardized so that future research
may use a within-Ss design. In this way, more speeds may be used while
not limiting the number of Ss per cell per speed.

Finally, past research has yielded little knowledge regarding the nature o
listening tasks and of training methods for promoting listening skills.
Studies attempting to correlate existing measures with comprehension of
accelerated speech may have the overriding impact of identifying factors
both cognitively and perceptually involved in the operation of listening.



CHAPTER XXIII

A COMPARISON OF TWO TECHNIQUES FOR INCR' SING THE RATE

OF READING OF SIXTH-GRADE GIFTED PUPILS:

THE COMPRESSED SPEECH IvIACHINE AND

THE SELF-IMPROVEMENT METHODS

Charles R. Walker;

Design of th

Selection of Subjects

The 71 accelerated sixth-grade students in the Centennial Schools were
chosen as the Ss of the experiment. These students will most likely
continue their formal education after high school and will probably have
the greatest need to increase their rate of reading because of the demands
placed upon them. Children in Centennial are identified for the gifted
program either in the beginning of fourth grade or sixth grade. All of
these children have been administered an individual intelligence test,
usually a Stanford-Binet or a Wechsler Intelligence Scale for Children
(WISC), and must have obtained a score of 130 or more to qualify for the
program. In addition to ability, consideration is given to such factors as
achievement, maturity, teacher recommendation, etc. Prior to the be-
ginning of school, the Director of Elementary Education &rouped these
students into four classes on the basis of past achievement, intelligence,
and other available objective data.

Establishment xaerirnental G ou s

At the beginning of the experiment the entire 71 pupils were adminis-
tered a rate pretest. The pretest consisted of having the pupils read
silently for 15 minutes from a Landmark book randomly selected from
a total of 105 books. The Landmark Books are a series of high interest

*Charles R. Walke- is Assistant Superintendent for Ele. _entary Education,
Centennial Schools, Wa rminster Pennsylvania 18974.
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nonfiction stories adapted for young reade s. The books are basically
sixth-grade readability level and these were the books which were read
in the project by both experimental groups. The books read in the pro-
ject again were randomly selected. At the end of 15 minutes, reading
was stopped and the pupils drew a line after the last word they had read.
The examiner established a distribution of scores and determined the
words per minute (wpm) rate for each child. On the basis of sex and
pretest rate--fast and slow as determined by the common median of each
sex pretest .,:.ate score distribution-- stratified randomization was used.
Taking one stratum at a time, the pupils were randomly assigned to one
of the three groups (compressed speech group, self-improvement group,
or control group). Because of randomization, one can assume that all
three groups were initially equal in all important respects.

Desc ion of the Tests Us d

Prior to the beginning of the study itself and again at the conclusion of
the study, the three groups were given Gates Reading Surveygrades 3
to 10 (1960 reprint of 1958 edition). This is a nationally recognized,
standardized test that provides evaluation in three fundamental processes
of reading: a 65-item Vocabulary subtest, a 21-item Comprehension sub-
test, and a 36-item Speed and Accuracy subtest. The Vocabulary subtest
is not a speed test. Pupils were allowed as much time as they needed to
complete the questions. The Comprehension subtest consisted of 21 pas-
sages arranged in order of difficulty. The influence of speed in reading
was eliminated by allowing the pupils as much time as they required.
The Speed subtest consisted of 36 paragraphs of basically equal difficulty.
Each one contained a comprehension exercise to determine whether it
was understood. The time given was limited, with the result that the
scorenumber of exercises correctrepresented the speed in reading.
The Gates test was used because it provides a range of ability and norms
extending from 1.5 to grade 13 which was necessary with sixth-grade
gifted pupils. Three equivalent forms exist: Form 1, Form 2, and
Form 3.

Spache (1965) claims: "The reliability coefficients for each of the sub-
tests . . are in the .80's and are certainly adequate for most testing
purposes [p. 1066]. To overcome order effects of the pretest-posttest
administered, Forms 1 and 2 were randomly assigned to pupils for the
pretest and then automatically each pupil received the alternate form as
the posttest. This allowed for an unbiased analysis of gain scores.

The Landmark immediate rate posttest was given to all three groups at
the conclusion of the 6 week experimental period. All pupils read silen ly
for 15 minutes from one of the Landmark books randomly selected for
that day. Again this randomization process ensured representative
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sampling of reading materials. At the end of 15 minutes, the pupils
marked where they were and the examiner scored the tests for each
group and established a rate (wpm) for each pupil.

A Landmark delayed rate posttest was given 6 weeks after the imme-
diate rate posttest. The test procedure used was the same as the imme-
diate rate posttest except for a different selection from the Landmark
Books.

D ily Schedule for the Three Grou s

Each morning all three groups received their regular reading instruc-
tion, which consisted of a basal program involving phonics, word attack
skills, comprehension, vocabulary, etc. During the period of the exper-
iment, which was 6 weeks, this regular reading program was continued
under the direction of the 2 two-teacher teams. The regular reading in-
struction occurred during the morning. The experimental period, of 15
minutes each day, was also in the morning and scheduled the same time
for all three groups. The experimental period was utilized as follows.

The Preston-Botel rous. This group spent this period reading
selections from the Landn-ark Books. These selections were mimeo-
graphed and sufficient in lcrigth so that no pupil could finish a selection
within the 15 minute period. The technique which was used to attempt
to increase the rate of reading was a commonly accepted one which is
currently used in many schools. The technique has been described by
Preston and Botel (1967, pp. 37-39). Basically, it is a structured self-
improvement program in which the reader attempts to do the following:
(1) select easy materials, ,2) preview, (3) time himself and force
himself to read more rapidly, and (4) keep a graphic record of his per-
formance. Before the actual experiment began, the teachers explained
this technique carefully to the pupils. Daily, at the conclusion of each
experimental period, pupils in the Preston-Botel group were given an
informal comprehension check. These checks consisted of a 10 question
multiple-choice objective test covering the basic passage they had just
completed. The purpose of the daily comprehension check was to make
the pupils aware of the importance of reading with understanding. It is
important to note that both the Preston-Botel group and the compressed
speech group were reading the same Landmark Books selections and
were given the same daily comprehension checks. This, besides the
randomization procedures, ensured comparability of the two methods.

The corn. ressed s.eechgrop. This group consisted of four sub-
groups as were determined by the results of the rate pretest (using the
Landmark Books Se rie s ). The se subgroup s , during the 15 minute ex-

rimental period of each day, listened to tapes which had been
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prerecorded and compressed according to the reading rates established
by the rate pretest (using the Landmark Books Series). As they lis-
tened to the tapes, they read silently the same passages from the Land-
mark Books.

The purpose for having the subgroups were twofold. The Investigator
wanted to tailor the program as much as possible to each individual.
This is why he was listening to a tape recorded very close to his actual
reading rate at that time, This enabled each pupil to begin at a point
which was comfortable to him and to experience success. Having sub-
groups also aided in the management of the experin_ent. The investi-
gator had available four tape recorders, each with six to eight sets of
headphones. The compressed speech group had the four recorders as-
signed to it. The initial tape, listened to by each of the subgroups, was
played at a speed so that the members of each respective subgroup would
have no difficulty in comprehending the material. This enabled all groups
to acclimate to the recorders, use of headsets, and general procedures.
There were 30 master tapes--each recorded at a uniform number of wpm
and each containing different selections from the Landmark Books with
sufficient length so that the fastest reader would have a minimum of 15
minutes of material. These master tapes were compressed or decom-
pressed to satisfy the requirements of each of the subgroups. The mas-
ter tapes were made by an outside person who is an excellent reader
and who had no connection or familiarity with the project. The Eltro
Information Rate Changer was used to compress or decompress the
tapes. All pupils in the compressed speech group were listening to a id
reading silently the same story but at va:ied rates.

When to compress the tape further and to what degree was determined by
the daily in-process comprehension checks and the informal daily feed-
back from the pupils and teachers. The purpose of these checks was to
make the pupils aware of the fact that they should always be reading for
understanding and, that if understanding does not occur, then there is
no value in increasing ones! rate. The check also served as a motiva-
tional tool.

Another purpose for their use was to serve as a check with the compressed
speech group to determine the limits of compressionor, in other words,
to what degree a pupil could have the passages speeded and still maintain
a certain level of comprehension.

The daily check consisted of a 10 question multiple-choice objective test
covering the basic passage they had just completed. The test questions
were developed by an impartial outside person who had no connection
with the project but who is, a reading teacher and knows the kinds of ques-
tions relevant to comprehension.



257

However, it should be noted that these tests were simply an in-process
check and were not used for statistical analysis but rather only as a pro-
cedural adjunct.

After the subgroups within the compressed speech group had listened to
a series of tapes recorded at the same speed and had become acclimated
to the technique, the instructor shut off the headsets and had the pupils
continue reading without the auditory support. This motivational tech-
nique was done during the fifth week of the study. After 1 to 5 minutes.
the pupils marked where they were, and the headsets were turned on.
If, in fact, pupils were increasing their rate, they would be at about the
same place in the selection as was the tape. This technique began to
show evidence whether or not a pupil's rate really was increasing. The
auditory support was turned oZi for periods of time ranging from 1 min-
ute up to 5 minutes over a period of 5 days to see if the increased rate
remained constant.

The control ,troup_. During the experii iental period, the control
group was doing independent reading. These would be normal reading
activities involving the various disciplines or library books. The reading
for this group was completely unstructured except for the 15 minute time
limit which applied to all groups. Pupils were permitted to choose their
own reading materials.

eachers' Rotation Schedule

During the experiment, there was a rotating random schedule for the four
teachers involved with the compressed speech group, the self-improvement
group, and the control group. This prevented contamination which might
have arisen as a result of differences in personalities and techniques
among the teachers. This rotational scheme spread the effects of pos-
sible teacher difference in equal degrees throughout the three methods
groups. For the first 4 days, for the four teachers, a 4 x 4 random-
ized rotation schedule was devised. This schedule was repeated system-
atically every 4 days throughout the experiment. Because there were
only three groups, each teacher had a completely free period every
f5-irth day.

Analysis

Because of the randomization method used, initial differences among
groups can be considered negligible. Thus, regular analyses of variance
were used. The three factors in each analysis of variance were methods,
sex, and preexperimental reading rate. Eight separate analyses were
performed: (a) Landmark immediate rate posttest, (b) Gates Survey
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immediate posttest--Vocabulary, (c) Gates Survey immediate posttest--
Speed, (d) Gates Survey immediate posttestComprehension, (e) Land-
mark delayed rate posttest, (f) reading rate gain scores (Gates Survey
posttest minus Gates Survey pretest)--Vocabulary, (g) reading rate gain
scores (Gates Survey posttest minus Gates Survey pretest)--Speed, and
(h) reading rate gain scores (Gates Survey posttest minus Gates Survey
pretest)--Comprehension. Also, these eight analyses of variance pro-
vided information on any difference that existed between sexes and between
preexperimental reading rates. If in any of the analyses, overall signif-
icance of methods is found, the question of which particular method or
methods caused the significant difference was answered by using Scheffe's
technique of multiple comparisons.

Results

In reporting results the investigator chose the .05 level of significance
Dn the Landmark immediate posttest, significance was found in methods
(.01 <p < .025). Using Scheff6's technique, it was found that the average
of the two experimental groups was significantly better than the control
group at the .05 level (p < . 05); also, the Preston-Botel method was sig-
nificantly better (p < .05) than the compressed speech method. The factor
of rate operated effectively as a control variable (p < .01) to isolate a
large part of the error variance. Thore were no significant interactions.

In the Gates Reading Survey immediate posttest in the subtest of Vocab-
ulary, significance was found for the main effect of sex (p < .05) with
girls performing better than boys. Marginal significance was found in
rate (.05 <p < .10).

In the subtest for Speed, significance was found in the factor of rate
< .01) which again operated effectively as a control variable. The

other main effects and interactions were insignificant.

In the subtest for Comprehension, significance was found for the main
effect of rate (p < . 0 1 ) ; no other main effects or interactions were signif-
icant.

In the Landmark detailed posttest given 6 weeks later, the only signif-
icance found was in the control variable of rate (p < .01).

Gain scores for the Landmark test and the Gates test are under analyses
and incomplete at this time. It is hoped that significance in methods will
be found.
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Implications

Although the results of this study are incomplete at this time, it appears
that the medium of compressed speech may have some value in helping
children increase their rate of reading; however, some cautions need to
be made. To compress speech on tapes requires having a speech com-
pressor or access to one. For individual districts to purchase a com-
pressor is extremely costly--$3,900. Tape recorders are necessary and
listening units are needed if material is going to be individualized. A
tape recorder such as the Wollensak model T1520, which was used in
this study, sells for $159.60, and the accompanying listening unit, model
HB-4, for $59.95. There is a national enter for rate-controlled re-
cordings located at the University of Louisville, Louisville, Kentucky.
The Center does provide assistance at a minimal cost in the preparation
of time-compressed or expanded recorded tapes of speech for use in
experiments and demonstrations. In the future it is anticipated that other
centers will be developed where recordings can be made, perhaps at the
university level. It appears that in the future districts will have access
to a center and having recordings made should not be a difficult problem.
An important consideration before sending a tape to a center is the quality
of recording on the original tape. This can be extremely critical.

Compressed speech is only one medium to evaluate in considering ways
to help children increase their rate of reading. Many approaches are
needed. No one mechanical method appears to be superior to others.
Even the Precton-Botel method, which is very inexpensive and requires
no mechanical gadgetry, proved to be effective and was significantl better
than the other two groups.

This was the first study, to the investigator's knowledge, where an attempt
was made to individualize the tapes in accordance with the reading rates
of the pupils. It is important that more studies be conducted with this in
mind if realistic results are to be obtained. The study was limited to
sixth-grade gifted children. The results may b-,..ve been quite different
if the Ss had been regular children or retarded children. There is a need
for basic research with other kinds of children.

The implications for the use of compressed speech in a public school set-
ting are many. This medium offers great potential not only in the area of
developmental reading, but in the areas of remedial reading, speech im-
provement, listening, and others. It is a matter of availability of the me-
dium, and familiarity and acceptance by the district. Schools today should
be exploring and seeking innovative approaches to solving educational
problems. Programs per se should not be bought. There are no panaceas.
Persons ir -7esponsible, decision-making positions should be objectively
evaluating and assessing the many kinds of hardware and software now
available on the educational market.



CHAPTER XXIV

USING COMPRESSED SPEECH TO TEACH INSTRUCTIONAL

TECHNIQUES TO AIR FORCE OFFICERS

Meredith W. Watts, J

With the dissemination of information concerning the efficacy of accel-
erated speech as a teaching innovation, more educational institutions
may well consider whether the compressed speech format is appropri-
ate for their student clientele. To date, studies have shown that various
studei -c populations can adjust to and learn from audio tapes that have
been altered to increase the temporal rate of information transfer wial-
out substantial loss of comprehension. A general figure of 275 words
per minute (wpm) seems to constitute a threshold below which compre-
hension is not seriously impaired. If these basic studies have been
correct, it should be possible to take a relatively standardized curricu-
lum and compress portions of it without suffering a reduction in student
achievement. Although various experimental studies suggest that this
is the case, few attempts have appeared in the literature to document
operational success of compressed speech used in this m,anner.

The current study reports an attempt undertaken at a military teachers'
college to transfer standardized instructional materials from the tra-
ditional lecture format to compressed audio tapes and evaluate their
comparative efficacy. Several features distinguish these research
efforts from many previous efforts. In the first place, the student
population is military (United States Air Force ) and composed entirely
of adults. Secondly, the clientele are virtually all college educated.
Thirdly, the materials used in the study were not adapted from textbooks
or novels, but rather, were taken from "live" lectures that are integral
to an on-going curriculum. As a result, students interacted with the
instructional materials in a more realistic fashion than in an isolated
experiment. Furthermore, although the students were informed that
they were being subjected to a novel method of instruction, it was made

*Captain Meredith W. Watts, Jr., USAF, is with the Department of
Instructional Technology, Academic Instructor and Allied Officer School,
Maxwell Air Force Base, Alabama 36112.
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clear that the subject matter was real" and was an integral part of
course completion. The general hypothesis tested was that compressed
materials would be at least as effective as the traditional format for
transmitting information.

Method

Sub'ec__s

Subjects in both experiments were students at a teacher training course
conducted at Maxwell Air Force Base in Montgomery, Alabama. All
were officers ranging in rank from captain to coionel and all were
designated for assignments as instructors or instructor supervisors
in the Air Force. There was no significant variation in years of for-
mal education among groups in the experimentvirtually all were
college educated. Subjects were randomized as to rank so that there
was an equal spread across all 2xperhnental groups. Pretestii,,g in-
dicated that entry-level knowledge was statistically equivalent (there
were no significant group differences in precourse examination scores
as indicated b t tests).

Although two separate sets of experiments were conducted, Ss were of
virtually identical description. All were in the summer classes of the
Academic Instructor Course (AIC) and were designated for duty as
AFROTC instructors. Precautions taken to ensure preexperiment
randomization seemed to be effective.

_ARpths a d Materials

In Experiment I the effectiveness of compressed tapes and traditional
lectures was evaluated; in Experiment II slides and handouts were
added to the compressed tapes to determine whether the increased vi-
sualization enhanced learning. The description immediately following
is generally valid for both sets of experiments. Variations are treated
in more detail in the discussion of findings for each experiment.

The raw materials -ubmitted to rate acceleration were lectures nor-
mally performed by instructors at AIC. Lectures were taped and tran-
scribed into working scripts. A skilled speaker with a background in
English education performed minor editing on the scripts and recorded
them in a studio facility at AIC. The tapes were virtual replicas of
the lectures although some modifications were necessary where speaker
behavior or use of visuals could not be directly reproduced.
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Each of the tapes was then compressed on the Eltro Information Rate
Changer to 1.5 times the normal presentation rate.* Although esti-
inates of this sort are approximate, it was judged that the finished tapes
contained verbal messages at roughly 240 to 260 wIpm. Final tapes
were dubbed to 7 I/ 2 ips for playback on Wollensak reel-to-reel re-
corders. Students heard the tapes in seminar groupings of eight men
each. Earphones for each S were not available, but audio quality was
nrt sufficiently denigrated to impair comprehension. It is suspected,
though, that student attentiveness may not have been as great as would
have been the case if the experience had been more "privatized" using
earphones and study carrels to reduce distractions.

Experiment I

F.rccedu e

Subjects were divided into eight-man groupings and subjected to com.-
pressed lectures during that period of the school day when the remainder
of the students were receiving the identical instruction in the auditorium
from a lecturer. Two groups received compressed lectures while two
similar groups in the auditorium were identified as control groups. One
seminar in the experimental and one in the control group were given a
pretest on the material; all four groups were administered posttests on
the subject matter. To insure that test results were comparable, exams
were constructed from the script and tapes and an 0 attended the regular
lecture to check test items against the "live" performance. Lecturers
in all cases adhered to their lesson plans and the accomplishment of
course objectives in both lectures and tapes were judged to be comparable.

Subject matter included in Experiment I included three lectures dealing
with teacher training. They dealt with three teaching methods ordi-
narily presented to officer classes at AIC--the Teaching Interview, the
Guided Discussion, and the Lecture.

Re ults and Discussion

In each case the research hypothesis stated that compressed speech would
result in greater student achievement than the traditional lecture. The

*The author would like to acknowledge the assistance of Dr. Herbert
Friedman of American Institutes tor Research (AIR) who provided much
valuable advice during the production of tapes and facilitated access to
AIR's speech compressor on which all tapes were processed. As is
usual in these circumstances, the author ab olves him from any blame
for infelicities in our research.
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null hypothesis was that there would be no difference in the efficacy of
the two modes of presentation. In pragmatic terms, acceptance of either
the research or the null hypotheses would be considered a validation of
compressed speech, since a demonstration of equal effectiveness woui .

allow the selection of compressed speech on the grounds of efficiency
without jeopardizing curriculum achievement. In other words, a vali-
dation of rate-accelerated curriculum materials would be accomplished
if the tapes proved to be as good or better in producing student achieve-
ment of cognitive objectives as measured by objective tests.

Table 24.1 exhibits the illeans and standard deviations of the four groups
subjected to analysis.

TABLE 24. I

MEANS AND STANDARD DEVIATIONS FOR TREATMENT GROUPS,
THE TEACHING INTERVIEW METHOD

Grou eans S.
Standard Lecture 10. 88 6

(Pretest and Po_ _test)
Standard Lecture 10.88 I. 69

(Posttest only)
Compressed Lecture 13. 00 2. 06

(Pretest and Posttest)
Compressed Lecture 12.38 1.58

(Posttest only)

Table 24. 2 presents the results of the analysis of variance for the Teach-
ing Interview. In this, as in the two tests to follow, a 2 .X 2 design was
used to test for treatment effects and for pretest effects. As the F tests
indicate, there is a significant treatment effect but no significant effect
due either to testing procedure or interaction. Within the limits of this
analy s is compressed speech proves to be more effective than the tra-
ditional lecture.

The next two te-ts of the hypothesis are essentially replications of the
Teaching Interview analysis. The one conducted for the Guided Discussion
teaching method used identical groups for all treatments and was analyzed
in a like manner. Examination of Table 24.3, however, will show that
the results were somewhat different. (For brevity, only the summary
tables will be shown. )
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TABLE 24. Z

TWO-WAY ANALYSIS OF VARLANCE, THE TEACHING
INTERVIEW METHOD

Source SS di MS F*
Treatment 26. 38 26. 38 8. 03
Test Procedure . 78 1 .78 . 24
Interaction .84 .84 .27
Error 91. 63 28 3.27

Totals 119.63 31 3 86
* F. 05 = 4. 20

F. 01 = 7. 64

TABLE 24.

TWO-WAY ANALYSIS OF VARIANCE, THE GUIDED
DISCUSSION METHOD

Source SS
Treatment 2.53 1 2.53 1. 27
Test Procedure 5.28 1 5.28 2.65
Interaction 1.53 1 1.53 .77
Error 55. 88 28 2.00

Totals
65.

32 2. 04
* F.05 = 4.20

F. 01 7. 64

The analysis using the Guided Discussion method did not yield significant
differences like those for the Teaching Interview. There were no signif-
icant differences in the results from either treatments, test procedures,
or interaction. The null hypothesis of no difference must be accepted.
It is interesting to note, though, that acceptance of the null hypothesis
is in a sense a "moral victory" for compressed speech since it indicates
that the compressed format was no worse than the traditional lecture;
while objectives were accomplished in much less time.

The third teaching method for which comparisons were made was the Lec-
ture. The only difference in the administration of this analysis is that
experimental and control groups were switched; that is, those seminars
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that had received compressed in the fir. st two analyses were returned to
the auditorium, the other two were sent to the seminar for compressed
materials.

The switch was made to help check against the limitations of the 2 x 2

design. If the results were in some sense a product of one group's
enthusiasm for the experiment or lack thereof, although there was no
such indication, the alteration in procedure should provide addlitional

insurance against such artifacts. Despite the reversal of treatments

among groups, the results are much like those in the Teaching Interview
analysis. Significance is shown for the treatment effect, but not for test
procedure or interaction (Table 24.4). The difference, again, is in the
direction of compressed speech (the table of means is omitted for brevity).

TABLE 24.4

ANALYSIS OF VARIANCE, THE LECTURE METHOD

Treatment 9. 03 9.03 6. 26
Test Procedure 3.78 3.78 2.62
Interaction 1.53 1 1.53 1.06
Error 40.38 28 1.44

Totals 54.72 31 1.77
* F. 05 - 4. 20

F. 01 = 7.64

The level of significance for the treatment effect is lower than in the first
analysis--it reaches only the .05 level of significance. But it is never-
theless meaningful that compressed speech materials fare well against
the traditional lecture and show student achievement gains equal to or
somewhat greater than the traditional presentation. The three analyses
presented in Experiment I demonstrate that, if transfer of cognitive-
style information is the goal of the presentation, nothing is lost and time
and convenience may be gained by adopting the compressed speech tape
mode.

The next question to be asked is whether the bare audio tape format of
the compressed speech material can be augmented or improved in some
way that can improve comprehension and make it clearly superior to the
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"live" lecture method for teaching of instructional objectives,* A sec-
ond series of analyses was conducted to determine whether the addition
of visual material could enhance learning. These analyses are re-
ported in Experiment II.

ent II

Experiments I and II differed in the time at which they were conducted
and in the individual students who took part. Otherwise, materials,
apparatus, and general characteristics of the Ss remain the same. The
variation in procedure was in the addition of yisual stimuli in the form
of slides and printed worksheets.

Proced

Experiment II was conducted in two phases, each phase making use of
lectures whose subject matter was different from those in Experiment I.
The first analysis used a lecture called Introduction to Evaluation. Stu-
dents were randomly assigned to six treatment groups of eight each.
Two groups served as controls, the remaining four received either a
compressed lecture or a compressed lecture supplemented by a set of
slides. The slides were not particularly rich in subject matter, but
were designed to maintain visual interest and help guard against other
visual distractions that might divert student attention from the lesson.
Essentially, the visuals were adapted from the live lecture and in no way
detracted from the comparability of results. As in previous analyses,
tests were constructed using the tapes, then validated against the live
lecture to ensure uniformity.

In the second phase of the analysis, a lecture in Lesson Planning was
presented to two groups (of 16 each) in compressed format. One group
received the tape only, while the other group was allowed to use a printed
handout which stressed lesson objectives and encouraged them to take
brief notes if they wished. Another group of 16 students was used. for
control purposes. In this analysis, simple t tests between means were
used to test for significant differences due to variations in treatment.

*It should be remembered throughout that certain aspects of the live pre-
sentation are desirable and are lost through the medium of audio tape.
There is much "choreography" and interpersonal contact in the lecture
that cannot be duplicated. If the purpose of the lecture is to develop fa-
vorable attitudes toward the, course, or to demonstrate good platform
techniques (as a latent and unstated objective), then the live lecture cannot
be supplanted. The comments in this report are confined to the achieve-
ment of objectives as tested by objective tests taken by the Ss in both ex-
perimental and control groups.

272
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ults and Di cuss on

Table 24.5 presents the one-way analysis of variance for posttest scol_
in the first phase of the experiment. As can easily be seen, the minis-
cule F ratio indicates that there were no significant effects du,.2 to the ex-
pevimental treatments. As a cross check, a t_ test was run on the means
of the highest and lowest groups in the experiment and the results were
again negative. The addition of visual materials in the form of slides
did not increase learning in any measurable way. It is possible that stu-
dents felt more comfortable with something to look at and many expressed
this feeling informally to the E_); however, no such difference showed up
in cognitive achievement of students. While it still seems reasonable
that visuals can heighten interest and promote learning, the visuals used
here did not result in any measurable increase.

TABLE 24.5

ONE-WAY ANALYSIS OF VARIANCE,
INTRODUCTION TO EVAT_-UATION

Between Groups
Residual

Total

8.98
104.13

113 11

41

4_ 6*

2.54

*A student was absent from one of the groups at the time of tes ing
but this slight variation in group size was not considered to be impor-
tant in the light of the small F value. Under ideal conditions, of
course, the groups should be of identical size.

The second phase of the analysis made use of handout materials and al-
lowed students to take notes. Students did not seem to attempt extensive
notes, but it appeared that they were somewhat more comfortable in being
able to engage in the standard culturally-prescribed activity of note-taking
(regardless of its value). Again, informal observations and unsystematic
probing of student reactions does not directly test the research hypothesis,
but it does give some insight into the impact visuals can have on such a
student population. (An analysis of student attitudes is currently in prep-
aration.)

The means and standard deviations of the three trea --_ent groups are given
in Table 24.6.
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TABLE 24. 6

MEANS AND STANDARD DEVIATIONS FOR THREE TREATMENT
GROUPS, LESSON PLANNING LECTURE

Trearmen Means S.D.
Standard Lecture 8.06 2.30 16
Compressed Lecture 8.47 2. 19 15
Compressed Lecture

with handout
10.06 1. 82 16

T tests conducted between groups one standard lecture and two (corn-
pressed lecture) showed no significant differences. This finding is in
accord with the findings in Experiment I in which we found either no dif-
ference between treatments, or a slight difference in favor of compressed
speech. T tests run between group three (compressed speech plus hand-
out) and the other groups were significant in both cases. A summary of
these tests appears in Table 24.7,

TABLE 24 7

SUMMARY OF T TESTS BETWEEN TREATMENT GROUPS,
"LESSON PLANNING" LECTURE

oul 5
1- 29
2-3 30
1- 9

value
.48

2.14
a.64

Si nificance Level

.05
01

The results of the second analysis diverge from those in the first analy-
sis. Both tested the influence of visuals but in different ways. The first
included slides while the second used printed handouts which encouraged

the student to interact with the lecture materials at least in a minimal
way. Our findings suggest that the latter technique was the more success-
ful. However, it was known prior to the experiment that the slides chosen
for the Introduction to Evaluation did not carry any specific content that
would necessarily strengthen the original stimulus. For this reason it
would be incorrect to conclude that slides themselves do not add to a com-
pressed speech presentation. As Jester and Travers (1966) found, verbal
information can significantly increase the achievement of cognitive objec-
tives. Our more "picturesque" visuals did not measurably enhance
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learning, tilough there are indications tbs. t they had a beneficial effect on
student attitudes toward compressed speech presen a-=ions.

In the second analysis it was found that handouts could produce increased
learning when combined with compressed speech. Naturally this is not
to say that any handout would have such an effect. But it does point to
the possibility that learning from compressed speech can be augmented
and made more attractive to students by integrating printed materials
with compressed tapes.

General Conclusions

The first hypothesis to be tested stated that students would learn as well
or better with compressed speech format than with the standard lecture
presentation. As it turned out, either no difference between methods was
discovered or a measurable difference in favor of compressed speech
was found. The original concern of this research is therefore satisfied:
compressed speech can be substituted for standard lecture presentations
-w-hen the criterion for student achievement is attainment of a series of
cognitive objectives. That is, transfer of information can be effected as
well with compressed speech as with traditional lectures, at least where
moderate compression rates are employed and the materials are of no
more than medium difficulty.

For the educational decision-maker these findings are of particular inter-
est because they were reached in a relatively "natural" surrounding using
a iults who were well educated, but had no prior experience with rate-
controlled recordings. With such an audience, compressed materials
were substituted for instructional materials without degradation of the
on-going curriculum for those students. Therefore, compressed speech
can be seen as an alternative teaching strategy. If the instructor wished
to provide variety in the curriculum, or if he wishes to make materials
available for makeup or review, compressed tapes seem not only realis-
tic but potentially very productive. Educators concerned with adult and
"continuing" education might find numerous practical uses for compressed
lectures, particularly if they could be inade part of correspondence
courses or simply issued to students for playback in a l(tarning center or
on a home recorder.

The second set of experiments attempted to assess the increase in edu-
cational attainment of students using compressed speech plus some sort
of visual stimulus. There was reason to suspect that students would feel
more secure, or less distracted by having something to watch while they
listened. There was a strong feeling that the multidirectional attention
of students should be controlled with appropriate and productive stimuli.
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Findings were mixed. The slides did not improve studen comprehension
of materials; however, this may have been an artifact of the visuals em-
ployed rather than in the concept of visualization itself. It is still held
that appropriate visualization will produce gains in student learning and
motivation that will be highly desirable when dealing with mature, adult
populations.

The use of compressed speech with handout materials did result in in-
creased student achievement on the multiple-choice tests administered
The handouts were not designed to "teach the test, " but rather to provide
an outline of major objectives and also provide a format within which the
student could make simple notes to aid his recall. Previous experience
with compressed speech tapes had indicated that students tended to react
to visual distractions and lament the lack of note-taking time when listen-
ing to compressed speech. Even though the subject matter was of only
moderate difficulty, there appears to be a great dedication on the part of
educated adults to the practice of taking lecture notes. It is possible that
this tendency is not general in all student populations of comparable level,
but it was clear from students' comments after the experiment that they
felt that they had achieved more and had a retainable record for future
study. Within the bounds of the data reported above, it can be said that
printed handouts did aid comprehension and that their integration into
"operational" instructional materials is a matter well worth considering
for those who would like to use compressed speech in a "real" setting
where student achievement of objectives is important for academic as
well as experimental reasons. The findings of this set of experiments
jeem to point strongly to the increased use and development of compressed
speech in on-going curricula. Furthermore, the observed achievement
of Ss as well as their attitudes toward ,experimental materials seem to
offer strong encouragement for the .increased use of compressed speech
materials for adult student populations.



CHAPTER XXV

ECONOMIC ANALYSIS OF TIME-COMPRESSED SPEECH FOR

INSTRUCTIONAL BROADCAST SATELLITES:

A PROPOSAL FOR BRAZIL

D. T. JamIson **

Introduction

My purpose in this paper is rather different from the purposes of most
of the papers you have heard at this conference. Most of those were
concerned with reports of research or developments on techniaues of
time-compressed speech. I shall instead try to look at the factors thaL
influence a decision-maker's choice concerning whether or not to use
time-compressed speech in a large-scale educational system. That is
I shall be taking the viewpoint of my professioneconomicsin order to
try to assess the costs and the benefits of intoducing such a technique
in a large-scale way. In particular, I wish to look at the potential use of
time-compressed speech -r.or the Brazilian instructional broadcast satel-
lite program known as Project Sat 'Lite Avangado de ComunicaOes Inter-
disciplinares (SACI). The government of Brazil is at present spending
rather large amounts of money on design of what an operational system
would look like; if there is a go-ahead decision within the Brazilian
government, the SACI system should become operational in the middle
to late 1970's.

While there has been a little work done on the use of time-compressed
speech as an alternative to lectures--rather than in the more usual re-
search which used time-compressed speech as an alternative to reading--
the level of effort on this has been insufficient thus far to justify a

*The author is indebted to Dr. Emerson Foulke for a helpful conversation
concerning aspects of the experimental design for the experiment pro-
posed here.

**Dr. D. T. Jamison is Assisiant Professor, Department of Economics,
and Member. Institute for Mathematical Studies in the Social Scc.ences,
Stanford University, Stanford, California 94305.
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decision for wide-scale implementation in Brazil. There are a number
of reasons for this. First, the technique has rarely been used over
protracted periods of time. Second, while it appears probable that
there will be no problem in using time-compressed speech in Portu-
guese, this does remain to be tested. Third, the satellite system is a
broadcast system, and it would be important to test time-compressed
soeech in broadcast context rather than in a tape-recorded context if
for no other reason than to ensure that it will indeed work well in such
circumstances. Finally, as mentioned before, previous research has
been primarily oriented toward viewing time-compressed speech as an
alternative to reading, and we must test how well this technique holds
up in a lecture. context.

For the reasons sketched in the preceding paragraph, then I do not
feel that there is at present sufficient evidence upon which to base a
decision; therefore, it seems to me that the appropriate thing to do is
to gather more evidence in an actual Brazilian setting. It is fortunate
that the Brazilians plan in the early 1970's to have a trial run of their
broadcast satellite concept, probably utilizing the National Aeronautics
and Space Administration's (NASA) Applications Technology Satellite
(ATS), series F or G. The ATS-F or ATS-G would be launched around
1972 or 1973 and, if the Brazilians do have access to time on this satel-
lite, would provide a test-bed in a region of northeastern Brazil for
large-scale broadcast experiments in television, radio and I shall pro-
pose, radio using time-compressed techniques. Thus my purpose in
this paper is, first, to sketch the considerations involved in deciding
whether or not the Brazilians should proceed to seriously analyze the
possibility of using time-compressed speech in an operational system;
and, second, to suggest that the opportunity for experiment posed by
the ATS-F or ATS-G be utilized to experiment with time-compressed
speech. To provide background I will, in the next two sections of this
paper, provide an overview of the Brazilian Project SACI, then describe
some of the results that have been obtained so far in the use of time-
compressed speech. In the section entitled "Potential Benefits from
Using Compressed Speech, " I will sketch some of the possible benefits
to be expected from utilization of time-compressed speech; in the sec-
tion entitled "Costs of Introducing Compressed Speech on Project SACI, H

I Will look at some of the costs. Finally, in the section entitled "A
Proposed Experiment for the Applications Technology Satellite, " I pro-
pose an experiment, in a very preliminary way, that could be used to
help decide whether this would be applicable for Project SACI.

An averview of the Brazilian Broadcast Satellite Project SAC1

Let me begin by briefly describing a communication satellite syste -. The
communication satellite acts, essentially, as a broadcast repeater.
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Instead of having the repeater or transmitter be situated at the top of a
tower, the transmitter is located within the satellite. The satellite re-
ceives a radio or television signal beamed up from an earth station on
the ground and then beams it back to the earth after amplifying it and
focusing it. The advantage gained by using a satellite is simply that a
region of continental or hemispheric size can be reached with a single
communications relay.

In order to have this large-scale coverage be continually available, it
is necessary that the satellite be placed into what is called a stationary
orbit. A stationary orbit is such that the satellite is in the plane of the
earth's equator and revolves in a circle around the center of the earth
in exactly the same period of time that it takes the earth to rotate on
its axis. A satellite in such an orbit will appear to be fixed in the sky
from any point on the earth's surface from which it is visible; hence, the
term "stationary. The height of such an orbit is at about 6 earth radii
or slightly over 20,000 miles from the surface of the earth.

We might distinguish among a number of different types of communication
satellites of this stationary sort. The first and, at present, only exist-
ing satellites of this type are point-to-point relay satellites. These
satellites have two general characteristics. First, they have relatively
low electrical power and hence cannot broadcast a powerful signal. Sec
ond, their antennas are quite unfocused so that the beam is spread over
the oceans and space as well as over the usage areas for which it is in-
tended. Thus it requires very complex and costly ground equipment to
transmit and receive from such satellites, and their use is limited to
relatively high-density trunk lines such as over the North Atlantic or
from the west coast of the United States to Asia! On such lines relay
satellites are, however, extremely profitable. A second class of sat-
ellite may be called a distribution satellite. These satellites would be
somewhat more powerful than relay satellites and have somewhat more
focused beams!. This would enable their signals to be received by rather
less expensive ground stations than required for those of relay satellites.
The television networks in the United States are continually pressing to
have such a distribution system established here in the United States;
the networks would send up their programs to the satellite from a single
relatively expensive ground station and have it received by each of the
individual affiliate TV stations across the country on the down link. The
third class of communication satellites might be called the broadcast
satellites. These are satellites sufficiently powerful and focused in their
beam so that ordinary television or radio sets, perhaps upgraded with
several hundred dollars worth of additional receiving equipment, can
receive their signals. (The term "broadcast" is occasionally used to
designate a type of satellite that would transmit directly to an unmoelified
home receiver. I am in favor of the alternative usage defined here be-
cause broadcast satellites of that sort are technologically and economically
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unfe.sible for probably at least 15 years. ) In May 1968 the Brazilian
National Space Commission, under the leadership of Dr. Fernando de
Mendonga, published a three-volume analysis of how broadcast-type
communication satellites could be used to rapidly and draInatically up-
grade the level of educational opportunity throughout all Brazil. The
reason the authors of this report considered it so essential that this
be done was the very high illiteracy rate existing throughout all of Bra-
zil and, in particular, in its vast and relatively undensely populated in-
terior. The unique capabilities of a communication satellite to reach
an area as huge as Brazil made the satellite concept appear extremely
attractive for the instructional purposes they had in mind. In addition
this report proposed that the communications satellite be used to up-
grade the conventional telecommunications network by providing both
telephone and telegraph services throughout much of the interior of
Brazil. At present the government of Brazil is spending, through its
National Space Commission, on the order of a million dollars a year for
further analysis and design studies of this concept. They have ear-
marked large sums of money for an experiment in the northeast of Bra-
zil utilizing NASA's ATS-F or ATS-G experimental communication
satellite mentioned in the Introduction. They have submitted for this
purpose to NASA a formal proposal for time on one of those satellites.
It should be noted that not only is Brazil studying carefully and investing
in this concept, but the government of India, faced with very similar prob-
lems though on an even larger scale, is also working with this idea.
Sometime previously to the government of Brazil, they had submitted
to NASA an application for an experiment on the ATS-F, and late in the
summer of 1969 an agreement was signed between the governments of
the United States and India for cooperation on such an experiment Most
of the comments that I have to say in the rest of this paper concerning
Brazil apply equally well to India.

In. the May 1968 report of the Brazilian gove nment, the medium sug-
gested for instructional use was television. In previous work for the
Brazilian National Space Commission and in collaboration with a number
of their employees, I have coauthored several papers suggesting an al-
ternative to this approachJamison, Ferraz, and Torquato (1969) and
Jamison, Jamison, and Hewlett (1969). In these papers evidence was
reviewed concerning the relative instructional effectiveness of television
and radio and suggesting that radio is almost as good or equally as good
as television for most instructional purposes. In addition the cost of
radio in both dollar and other terms is much less than that of television.
The conclusion seemed clear that in addition to television, or perhaps
instead of it, a large number of radio channels should be used as the
primary means of instructional communication. The thrust of the two
papers cited was to describe a number of alternative uses for such a
relatively large number of radio channels. It may well be that the most
cost-effective way to use these radio channels for instructional

280
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communication is to utilize them with time-compressed speech. It is
my purpose in this paper to analyze that possibility.

Experiments with T e-Compre- ed Speech

There have been a large nurnber of ingenious experiments concerning
how to best produce and utilize 4,ime-compressed speech. These exper-
iments have involved a rather detailed consideration of a number of the
factors that are conducive to afective utilization of time-compressed
speech and those factors that are not. I cannot in a few paragraphs hope
to do any justice to this literature and, fortunately, there is no need to
do so. A recent paper in the Psychological Bulletin by Foulke and Sticht
(1969) provides an excellent survey of this literature. I shall just state
briefly some of the results they report.

First, there is the question of what ways may be used to increase the
rate at which speech is produced. That is, how do you take an ordinary
tape of a human lecture or reading session and produce a tape that can
be played back at much higher speeds and still be clearly understood.
The first and most obvious way is simply to speed the tape up. Unfor-
tunately, this causes the same sort of frequency distortion that occurs
when you play a 33 rpm record at 45 rpm. The most common way to
speed up the rate of delivery of speech that is now in common use in-
volves, essentially, the removal of 10 millisecond (msec. ) chunks of
the tape every so often and then jamming the rest together. The fre-
quency of the "every so often" determines the degree of compression.
A good deal of research has been expended on how this might be done with
particular reference to the problem of how the ends of the remaining sec-
tions of speech may be abutted in a way that sounds proper. A third and
more expensive approach to compression of speech involves computer
transformation of the tape. This appears quite promising for high qual-
ity compressions in the future though it is very expensive if the tape is
to be heard by only a few people.

A second class of investigations on time-compressed speech has cente ed
around the question of how comprehension is affected by increasing the
effective rate of delivery of speech. Normal human speech may be con-
sidered to have a rate of delivery of approximately 175 words per minute
(wpm) though there is considerable variation among speakers. Two
sorts of experiments have been run to see how the intelligibility of com-
pressing speech to a rate of delivery considerably higher than 175 wpm
is affected. In the first, single words were compressed and the subject
is asked, after listening to the compressed word, to repeat it. 1m the
second type of experiment, large blocks of connected discourse are pre-
sented to the subject by way of tape and he is asked, at the end of an ex-
perimental session that might last many hours spread over a number of
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days, to answer questions on a test that is to measure his mastery of
the subject matter. It turns out that large fractions of a word may be
discarded in the single word mode and have the subject still be very
capable of understanding what that word was. However, this is of little
interest to our present application. For connected discourse when the
word rate reaches 275 wpm or more, it does appear that there is a sig-
nificant degradation in comprehension. It appears from this research
that around 250 wpm might be best for a lecture usage. Further research
may be required on this point, however, depending on the exact context
of usage.

A third sort of investigation on time-compressed speech concerns how
training in listening to time-compressed speech affects a subject's
capability to comprehend at relatively high rates of delivery. Most of
the results reported thus far in this area are disappointing. Training
does not appear to be capable of significantly improving students' com-
prehension of compressed speech.

Finally, it is worth making a few comments on the general observation
that students have a positive attitude toward utilization of time-compressed
speech. This has been the general observation of the experimenters in
this area; see, in particular, the comments of Friedman and Orr (1967).
They assert, for example, that: "An overwhelming number of experi-
mental subjects have had a favorable attitude toward time-compressed
speech [p. 69].

Potential Benefits from Using Compressed Speech

There are two broad classes of benefits that may be expected from uti-
lizing compressed speech in a large-scale operational system. The first
class of benefits is concerned with more efficient utilization of the time
of the students within the system, and the second class of benefits stems
from a more efficient utilization of the expensive system hardware.

One of the largest costs to an economy of having students in school is
that of the students' time. If the student were not in school, he could be
constructively employed in the economy; and, therefore, an opportunity
cost to the society of having him in school is the benefit of the labor he
could have performed on the outside. The magnitude of this cost has
been the subject of a number of recent economic investigations that are
surveyed by T. Schultz (1963, pp. 27-32). The following result seems
to hold from approximately the junior high school level to the university
leve, independently of the status of the economic development of the
country: approximately one-half the cost of education is that of the stu-
dents' time. Another way of putting this is that the value of the earnings
foregone by students while they are in school is approximately equal to
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the total cost of providing classrooms and teachers to the economy.
If we assume that the student can understand the material just as well
if it is presented to him at a rate of delivery of 250 wpm as he can at
a normal rate of delivery, then it will only take him approximately
seven-tenths as much time to go through the same amount of aurally
presented material. This timesaving is a direct economic benefit,
and it is possible that specific work can estimate both the magnitude of
the timesaving and its actual value as a function of the subject matter
and educational level of the student. This is one area of work that de-
serves a good deal of further attention.

The second broad class of benefits from using time-compressed speech
is associated with that of saving time on the expensive hardware that
would have to be constructed for a system such as SACI. The level of
the investment that we are 4- alking about here is on the order of several
hundred million dollars--on the order of fifty to a hundred million dol-
lars for the satellite system and probably a thousand dollars each for
several hundred thousand or more ground stations. The exact numbers
here depend very much on the actual system design chosen, but these
numbers give a ballpark estimate of the really quite large quantities of
money that are involved. It is thus a matter of some interest if it is pos-
sible to save 10% on the utilization of the system. If the same bulk of
instructional material can be presented in 90% of the time that it would
otherwise have taken, then either one of two things could be done. First,
the entire system could be designed in such a way that this timesaving
could be used to reduce the overall costs of the system. Or, second,
the time free from instructional utilization could be used to increase the
volume of !-elecommunications services made available by the satellite
and hence the revenue generated from such services.

Costs of Introducing Compressed Speech on Project SACI

In the preceding section we outlined a number of potential benefits from
introducing compressed speech on SACI. In this section I would like to
look at the other side of the picture. There seems to me to be a num-
ber of potential cost areas that should be considered and these will be
taken up in the paragraphs that follow.

The first cost area introduced by compressed speech would be that of
actually preparing the tapes with compressed speech from those given at
an ordinary level of delivery. This cost is, I feel, one that we can safely
neglect in the computations. The reason is simply that the cost of prep-
aration of a tape is quite small on a per capita base when the number of
users of the tape is in the hundreds of thousands or perhaps even millionE.
That this cost may be considered unimportant implies that it is probably
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reasonable to obtain the highest quality compression possible, including
consideration of utilization of computer compression.

A second cost area may be in the cost of obtainiug additional bandwidth
per radio channel. It may well be, and this I do not know, that even
with a quite high signal-to-noise ratio (s/ n), time-compressed speech
cannot be reproduced with relatively high fidelity in the three kHz that
is normally allotted to a telephone channel. Thus it may be necessary
to increase this bandwidth allocation somewhat and thus use up additional
chunks of the valuable radio spectrum. It is not my present feeling that
this cost would be a very large one though it is certainly a point that
should be examined further.

A third potential cost area for use of compressed speech involves the
high probability that in order to maintain a constant level of compre-
hension with time compression, a higher level of output sin may be re-
quired. The reason for this is simply that given a relatively high rate
of delivery, people are much more likely to lose the thread of what is
being discussed with a relatively small disturbance. For this reason
signal quality is quite important. Unfortunately, the overall cost of a
broadcast satellite system is quite sensitive to the output sin. For a
fixed number of channels and fixed ground receiver sensitivity, the only
way to obtain a 3 dB improvement in sin would be to double the effective
radiated power output of the satellite. If the satellite is constrained to
broadcast into a fixed geographical region, this means doubling the raw
power output at a vast increase in the cost of the satellite not only in
terms of its dollar cost but also in terms of its expected reliability.
Fortunately, we can obtain a reasonably good estimate of these costs
from the type of computer model that is reported, for example, in
Haviland (1968). The other input required for analysis of this cost as-
pect of compressed speech is that of precise specification of how reduc-
ing the sin degrades the performance of the student when listening to
compressed speech. Results on this point in the literature need to be
cast into a framework amenable for this type of analysis and, perhaps,
additional work needs to be done of an experimental nature on this point.
My present feeling is that the cost of required improvements in the out-
put sin will be the most important addition to system costs that including
time-compressed speech will generate.

A fourth potential cost area is that with time-compressed speech the
students may be required to listen through earphones rather than simply
having a loudspeaker broadcast to the class. For example, in the sum-
mary concluding the Proceedin:s of the 1966_ Louisville Conference on
Tiuie-Cornpre_s_sed_ Speech (1967), the following is asserted: " . . many
signal distortions which are not critical in the reproduction of speech at
normal rates may become critical at accelerated rates. Knowledge of
the contributions of various kinds of distortion should be used in stating
the design criteria for playback equipment. The choice of earphones or
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loudspeaker constitutes a simple illustration. It has been found that

highly compressed words are significantly more intelligible when heard
by means of earphones, instead of a loudspeaker. This is undoubtedly
due to damping problems, inherent in loudspeakers that are avoided in
earphones [p. 152]. " While earphones are certainly desirable to be

included in the system at any rate, so that different students in the same
classroom may be listening to different programs at the same time,
some part of this cost should be attributed to compressed speech if,
indeed, it is a requirement for that utilization.

The above cost discussion is meant, clearly, to merely delineate what
the sources of additional costs are likely to be, not to specify in detail
what those cost.... are. Only a good deal of more detailed information
that will bccome available later, hopefully, will enable us to specify
very clearly what the total cost increments will be. However, it does
appear at present that these costs will not be unduly high unless the com-
prehension of time-compressed speech is terribly sensitive to the s n.

A Proposed Experiment for the Applications Technology Satellite

I would like to conclude this paper by sugges ing that a simple experiment
be included among the radio experiments that have already been proposed
by the Brazilian government to NASA for inclusion in the ATS-G package
of experiments. There would be six different treatments for the subjects
in this experime t and these treatments are illustrated in Table 25.1.

TABLE 25. I

TREATMENTS IN PROPOSED ATS-G BRAZIL EXPERIMENT

Signal-to-Noise Ratio

High Low

None I IV

Amount 250 wpm
of (Compression used II

Compression to save time
V

250 wpm
(Compression used
to present more III
material in same
time)

VI



280

There are two different levels of s/n included in the experiment to pro-
vide a fairly clear test of how important this variable is in an opera-
tional context. There are three different alternatives presented under
rates of delivery. The first would be at a normal rate of delivery and
this would serve as a control group. The second would utilize time-
compressed speech in order to save time; that is, the students in this
group would have exactly the same lecture as that of the control group
but would receive it in something like 70% of the time if, say, +he rate
of compressed delivery were 250 wpm. The third group would not use
the compression in order to save time but rather in order to obtain more
material. That is, for this group a different set of lectures based on
exactly the same reading material would be prepared and the length of
those lectures would be such that students listen to lectures for the same
period of time as the control group but, clearly, would be receiving a
good deal more information. In this case if the rate of delivery were
250 wpm they would be receiving something over 1.4 times as much
lecture material.

It is certainly a matter for later decision, and a decision to be made in
Brazil, as to what grade level and what subject matter should be chosen
for the experiment. I feel that probably most appropriate for an initial
selection would be at the university level in a social science or Irimanities
subject matter. It is certainly possible to think of a number of simulta-
neous experiments being conducted at a number of different grade levels
or in a number of different subject matters. The material presented
over the air in the experiment would be a complete replacement for the
ordinary classroom presentations for the entire duration of, hopefully,
a year-long course. If this were to be done, we would obtain a clear idea
of the long-term effects of utilizing compressed speech in an ordinary
educational environment.

The experiment that has just been sketched differs in a number of impor-
tant ways from most of the experiments that have already been done in
time-compressed speech. First, the experiment involves replacement
of a lecture rather than replacement of reading by the compressed speech
techniques. Meredith Watts, in a paper in this volume, has reported
one instance of utilization of compressed speech for lecture purposes.*
It is very encouraging to note that the subjects in his experiment responded
quite favorably to this use of compressed speech. A second difference
between this and previous research is a small one, but one that should
be looked into, and that is that the compressed speech would be broadcast
rather than simply recorded. It is important, I think, to gain experience
with this way of distributing compressed speech. Third, the language

*See Chapter XXIV, "Using Compressed Speech to Teach InstructIonal
Techniques to Air Force Officers. "
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for research on compressed speech has heretofore been almost entirely
English. In this experiment the language would be Portuguese and it will
be, I think, of some interest to see if the same compression techniques
that work for English are also suitable for Portuguese or if some other
compression techniques might be required. It might also be that lan-
guages differ in the ease with which they may be compressed without loss
of comprehension; this will be iniportant to look into. Fourth, as pre-
viously mentioned, this would be a year-long experiment in an essentially
operational env :onment for the student--that is, he would be motivated
for this course in exactly the same way that he would be motivated for
any of the rest of his courses. We will thus provide a means for study-
ing in a very real-life rather thar contrived situation what the long-term
effects of time-compressed speech might be.

In closing I would like to note my own belief that time-compressed speech
appears at present to be worthy of very serious consideration for Project
SACI. The costs do not appear to be high and the additional motivating
factor of compressed speech plus its capability for more rapid delivery
of inf-irmation give promise that it will be a useful technique cor an oper-
ational system. An experiment such as the one that I have proposed here
could test the validity of these assumptions and provide generally rele-
vant background information to other researchers in this area.



CHAPTER XXVI

AN INVESTIGATION INTO EXTENDED USE OF TIME-COMPRESSED

SPEECH WITH 1NTERMEDIATE-GRADE SUBJECTS*

Grace D. Napier**

Pro'blem

Is time-compressed speech, within the limits of 160 through 367 words
per minute (wpm) rates employed in this study, feasible as an adequate
avenue for learning certain types of material when intermediate-grade
Ss have -been provided with extended, systematic training in its use
through gradual acceleration of word rate and frequent tests on compre-
hension?

Method

_E_Ezerimental Design

Nine compression levels beyond the base rate of 160 wpm (183, 206, 229,
252, 275, 298, 321, 344, and 367 wpm), five types of test items (factual,
"because, '' vocabulary, true-false, and heard-not heard), and placement
of three quizzes in each 2-day lesson (immediately after presentation of
passage on first day, at beginning of second day to test delayed recall,
and immediately after presentation of passage on second day) produced
comprehension scores during training.

Two criterion tests measured differences for experiinentals before and
after training and for controls who had no training in the interim.

*The research described in this report was submitted by the author as
an abstract of a dissertation submitted to the Temple University Graduate
Board in partial fulfillment of the requirements for the degree, Doctor
of Education.

**Dr. Grace D. Napier is Assistant Professor of Special Educa_ion at the
University of Northern Colorado, Greeley, Colorado 80631.
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Crite 'on Instru ents

The Cooperative Sequential Tests of Educational Progress: Listening,
Form 4b and the Durrell- lillivan Reading Capacity Test, Intermediate
Test A served as pretraining criteria, while Form 4a of the former and
the identical form of the latter were posttraining criteria.

Subjects

Sixty-six intermediate-grade pupils oys and girls) enrolled in Logan
Public School, Philadelphia, Pennsylvania, served as experimentals.
Fourth- and fifth-grade visually handicapped (blind or partially seeing)
Ss and fifth-grade normally seeing Ss constituted experimentals. Con-
trols were drawm from the population of the same school. Chronological
age, sex, visual reading score, intelligence quotient, vision classifi-
cation (blind, partially seeing, or normally seeing), and grade placement
were considered as contributing factorE.

erimen al Materials

Meet the Presidents by Frances Cavanah and Elizabeth L. Crandall (1962)
had been commercially sound-recorded and later time-compressed on a
Tempo Regulator. The 34 chapters, the entire book, were divided into
nine groups in order to be tim-compressed at specific wpm rates pro-
gressing from the base rate of 160 to 183 through 367 wpm as indicated
above. Experimentals heard each chapter twice; the second playback was
23 wpm faster than the initial presentation of that chapter. Thus, the
two presentations of the same chapter became the 2-day lesson plan de-
scribed earlier.

According to the Dale-Chall Readability Formula, this book--biograph-
ical sketches of the United States presidents--has fifth-grade readabil--
ity.

Five hundred and ten teacher-made questions tested comprehension during
training. Each Z-day lesson employed 15 questions from the battery.
These 15 were administered in three quizzes of five items each. Each
quiz included one each of the five different types of items: factual, "be-
cause, " vocabulary, true-false, and heard-not heard. The battery
served 68 school-day training. sessions.

The Sequential Tests of Educational Progress (STEP): Listening, Form
4b was administered unmodified, with the E reading the test aloud to the
Ss according to instructions in the accompanying publisher's manual.
Form 4a was modified (with the publisher's permission) so that the pas-
sages usually read live to the Ss were sound-recorded and then
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time-compressed to playback at 300 wpm. The presentation of 4a was
the first and only time that control Ss experienced time-compressed
speech.

The Durrell-Sullivan (with only one form available) was presented as
pretraining criterion and repeated unmodified as posttraining criterion.
Although this is a picture-type test, partially seeing Ss had no difficulty
working with these pictures, though blind Ss, of course, did not partici-
pate in this testing phase.

Response cards were used during the training period. Mechanics in-
volved in using response cards were kept to a minimum in order not
to contaminate results; i.e. , since the experiment was investigating
listening comprehension, results must not be contaminated by problems
of spelling, penmanship, etc. All that Ss had to do was write their names
on the cards and check the appropriate box for each answer to multiple-
choice questions (see illustration, Appendix A).

P o edu e

Two criterion instruments were administered to experimentals and con-
trols before the training period. Only experimentals were, during train-
ing, exposed to regulated increments of time-compressed speech and
tested on comprehension. After training, two criterion tests were ad-
ministered to both experimentals and controls.

otheses

Eight null hypotheses:were tested for statistical significance. All hypoth-
eses except Hypothesis 5 were rejected at the .01 level of confidence;
Hypothesis 5 was rejected at the .05 level of confidence .

there is no significant difference for quiz scores from one
compression level to another among the nine employed
(160-183 wpm, 183-206 wipm, 206-229 wpm, 229-252 wpm,
252-275 wpm, 275-298 wpm, 298-321 wpm, 21-344 wpm,
344-367 wpm).

there is no significant difference for scores between fourth-
and fifth-grade Ss being trained.
there is no significant difference in quiz scores between
and among the five test items (factual, "bc,cause, " vocabu-
lary, true-false, heard-not heard).
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H4: there is no significant difference for quiz scores among the
three quizzes administered during each 2-day lesson.
there is no significant difference in test scores attributable
to difference in intelligence quotients.
there is no significant difference in test scores attributable
to difference in chronological age.
there is no cutoff point on the pretraining tests that could
serve as a predictive measure for success in training with
time-compressed speech.

H8 : control Ss do not demonstrate difference between pretraining
and posttraining tests conwarable with the difference between
tests for experimental Ss.

Limitations

The study was characterized by the folio ing lImItatIons observed in the
experiment:

1 . The experimental design was pretests, training with measure ent
of performance, and posttests.

2. The experiment was based on listening and evaluation of listening
comprehension.

3. The experiment was scheduled as but one part of the school day for
more than 4 months with the routine problems of interrupted schedules,
extraneous noise, absenteeism, discipline, and differences in readiness
or receptivity, ability to learn, degree of motivation, etc.
4. Material listened to was of only one type, namely, biographical

sketches of the American presidents.
5. Each biographical sketch was limited to a 2-day lesson plan regard-

less of the length of the sketch or its historical significance.
6. Test items during the training period were of only five types and

therefore, do not account for all types possible.
7. Experimental Ss were limited to fourth- and fifth-grade placement

in the elementary school.
8. The mechanics of the quizzes during the training period were easy

for the Ss to execute on response cards and required no specific skill
except the ability to check the appropriate square and writing one's own
name.

9. The experiment was limited to the playing of tape-recorded material
and involved little active teaching on the part of the examiner.
10. The criterion instruments were limited to two listening or hearing
comprehension standardized tests.
11. This experiment was limited in its use of time-compressed speech
to the pattern whereby the experience began with normal word rate and
introduced a predetermined increment at regular intervals throughout
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the training period.
12. This experiment, in its quiz items used from two to five answer
responses depending on the type of quiz item employed. Therefore, re-
sults must be interpreted with this fact in mind.

Results

Fourth grade--though having significantly lower means during training
than either fifth grade and in spite of lower grade placement, youngest
mean chronological age, lowest mean intelligence quotient, and highest
mean absentee rate--showed a more steady upward climb for the nine
compression levels, indicating that fourth grade learned:more in rela-
tion to its base rate than either fifth grade in relation to fifth-grade base
rates. Fourth grade, like bOth fifth-grade groups, earned its lowest
mean on Quiz 2 (delayed recall) but was the only group manifesting rise
on Quiz 3, indicating that the second presentation of the chapter was
beneficial to fourth grade but seemingly not to both fifth grades. Fourth
grade, earning its lowest mean on vocabulary (also true for both fifth
grades), exhibited greater ability to discriminate between heard and not-
heard than between true and false, whereas both fifth-grade groups
showed little difference between these two types of test items, perhaps
little more than chance guessing in both cases. A word must be inserted
here regarding performance on vocabulary. Though all Ss did poorly
here during training, performance on the Word Meaning section
Durrell-Sullivan was considerably better see Limitation 12)

Criterion Instruments

On the STEP, employing time-compressed speech after training, fourth
grade did as well as both fifth grades combined, with normally seeing
fifth grade being better and visually handicapped fifth grade poorer. Ex-
perimentals excelled controls. Experimental girls and boys did equally
well, whereas control boys surpassed control girls.

On the Durrell-Sullivan, Word Meaning, fourth grade achieved greater
point gains thar either fifth grade. Visually handicapped Ss surpassed
the normally seeing. Experimentals excelled controls. In Paragraph
Meaning, fourth grade excelled both fifth grades. Visually handicapped
did only slightly less well than normally seeing Ss. Controls excelled
experimentals in this area.

On the entire Durrell-Sullivan, fourth grade exceeded both fifth grades;
visually handicapped surpassed normally seeing Ss. Controls exceeded
some expe7imeritals, but controls surpassed none of the fourth-grade ex-
perimentals. Experimental boys surpassed experimental girls, while
the contrary was true for controls.
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Discussion

Eight null hypotheses were tested and rejected. Fourth grade excelled
both fifth grades, and often visually handicapped excelled normally
seeing Ss. When time-compressed speech was used in testing after
training, experimentals surpassed controls. In spite of seeming dis-
advantages, fourth grade proved that training alone accounted for suc-
cess. Wh - the two fifth-grade experimental groups did not also prove
this so strikingly is not altogether clear. Evidence suggests that in
this study Ss of lower intelligence, lower grade placement, youngest
chronological age, and highest absentee rate might have been more
teachable when time-compressed speech is employed. This prompts
the recommendation that time-compressed speech should be investigated
with younger children and those who might be of lower intelligence. One
can be extremely optimistic about the educational value of time-compressed
speech as a communication medium.
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CHAPTER XXVII

PROGRAM OF TRAINING IN LISTENING-READING FOR

VISUALLY IMPAIRED STUDENTS USING

COMPRESSED SPEECH RECORDINGS

Rachel Rawls*

This study examined the assumption that reading by listening is a lan-
guage skill involving certain cognitive processes. These processes are
related both to listening in any other type of listening situation and to
reading. Also, improvement should result from instruction and prac-
tice.

A second as umption was that coLapressed speech recordings could be
employed in the training program effectively, and that reading efficiency
using listening would increase both uncompressed and compressed speeds
after a program of listening instruction and practice.

Experimental programs of listening-training were administered to high
school students at the Governor Morehead School, Raleigh, North Caro-
lina. A fourth group of students served as controlled _Ss. All of the stu-
dents in the tenth, eleventh, and twelfth grades participated in one of the
groups; each was assigned either to a treatment or controlled group on a
random basis. The distribution of Ss appears in Table 27.1.

Before starting the training programs, a battery of tests was administered
to all of the participants. These included: Verbal Scale, Wechsler Adult
Lntelligence Scale (WAIS); Gilmore Oral Reading Test, Form A; Slosson
Oral Reading Test (SORT); and Brown-Carlsen Test of Listening Com-
prehension. A silent reading rate was established by having a 5 minute
timed period using Everyweek, a weekly news magazine for high school
students, and counting the number of words each student read.

rs. Rachel Rawls is in the Department of Psychology, School of Edu-
cation, North Carolina State University at Raleigh, and is Psychological
Consultant for the North Carolina State Commission for the Blind,
Raleigh, North Carolina.
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TABLE 27.1

DISTRIBUTION OF STUDENTS PARTICIPATING BY GRADE
LEVEL AND MODE OF READING

Primary Reading
Preference

ode rade Level
0 11 12 al

Braille
Print
Total

14
5

19

2
10

7

17

31
14

45

The mean IQ for the entire group was 106.008 (S.D. = 13.181). For
braille readers the mean was 106.452 (3.D. = 13.363), and for print
readers 105. 286 (S.D. = 14.346). The difference between braille and
print readers was not significant. Differences among the groups were
not significant.

On all of the other tests administered, the only significant differences
were found on oral and silent reading rates between braille and print
readers. Among braille readers and print readers compared by groups,
however, there were no significant differences in words read per minute.
Table 27.2 shows the means for braille and print readers in each group
on the Gilmore Oral Reading Test and for the silent reading rate.

None of the other tests revealed differences among the groups nor between
braille and print readers in these groups. The differences on reading
rate would normally be anticipated when comparing low vision print
readers with braille readers.

Table 27.3 shows the means for each of the other pre nests, the scores on
the WAIS Verbal Scale, SORT, Gilmore Oral Reading Test, and Brown-
Carlsen Test of Listening Comprehension.

The distribution of braille and print readers in each of the groups ap-
pears in Table 27.4.

At the conclusion of the listening practice training program which will
be described, ,participants were asked to take several of the tests again
to document whether changes did occur as a result of the training. The
three scores of the Gilmore Oral Reading Test (accuracy, comprehension,
and oral reading rate) were obtained using Form B; three subtests of the
Brown7Carlsen Test of Listening Comprehension were repeated: recog-
nizing transition's, word meaning, and lecture comprehension. The SORT
was readministered. A silent reading rate using the same method was
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established at the conclusion of the training programs. In addition
Listening Comprehension tests were given Rix times during the series
of listening practice sessions. At the end of the practice sessions,
two forifis of the Sequr,ntial Tests of Educational Progress (STEP)
Listening Test, Lev& Z, were given. One of these was at 30% com-
pression and the other at regular recorded speed.

Two approaches to listening-training were adopted. Previous studies
both visually impaired and normally sighted groups had yielded some-
what equivocal evidence about the probable benefit of practice, when
using compressed speech recorded materials, in increasing capacity
to comprehend while listening. One group, therefore, had 16 listening
practice sessions, each followed by a short list of comprehension ques-
tions. The sessions began with a story heard at the regular recorded
speed. Subsequent practice sessions were heard at 10%, 20%, 30%, and
50% compression.

A high school textbook, Perspec Ayes, was recorded for the practice ses-
sions. This book is available in a volunteer produced braille edition.
None of the students had had previous experience with the material in
the text.

The second group heard the same materials at the same rates of com-
pression followed by the comprehension questions, but these participants
had copies of the text in braille or print before them as they listened.
They were requested to try to read this copy while they heard the record-
ing.

The third group engaged in the same practice sessions with the other
students. Prior to beginning these, this group had a series of five les-
sons on listening-reading techniques. These lessons were adapted from
Listen and Read, M-P, published by Educational Developmental Labora-
tories. Modifications were made in the material to make it applicable
for the purpose of the study.

Five specific hypotheses concerned with the expected effectiveness of
each approach to improvement to improving listening-reading- and three
hypotheses concerned with possible subsidiary benefits on tactual or vi-
sual leading were examined. These hypotheses are shown on later pages.
To summarize briefly, the predictions were:
1. A program of lessons in listening-reading techniques, followed by
practice sessions using graduated rate-s of compression, would improve
student's ability to listen to and comprehend recorded reading materials
more than would the other two approaches.

97
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TABLE 27.4

NUMBER OF BRAILLE AND PRINT READERS BY GROUPS

Reading Number of participants
Mode Group 1 Group 2 Group 3 Group 4
Braille 6 8 8 9
Print 5 4 3 2

Total 11 1 11 11

2. Using two modalities to read would be more effec ave in improving
listening-reading than practice alone.
3. Practice sessions would result in some improvement in listening-
reading comprehension when participants were compared to students in
the controlled group.
4. All approaches to increasing listening-reading ability would have sub-
sidiary benefits on visual and tactual reading, but the greatest benefits
would accrue to those students who were exposed to braille or print copies
of the listening material as they listened.

Results

During the practice sessions, six Reading Comprehension tests were
given at intervals. Three of these were furnished by Dr. Emerson Foulke
from materials he had used in previous studies.* These materials varied
in level of difficulty from seventh-grade to college-level reading. As
can be seen in Table 27.5, Group 3, the group that had listening-reading
technique lessons prior to practice, consistently had a higher mean per-
centage of correct responses on the tests.

Primary Hypothes e s **

initial instruction in effective listening techniques, followed
by exposure to oral methods compressed up to 50% of orig-
inal recording time, will result in increased auditory reading

*Dr. Emerson Foulke is Director of the Perceptual Alternatives Labo-
ratory, University of Louisville, Louisville, Kentucky 40208.

!See footnote, page 296.
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efficiency when this is measured in terms of co ehen-
sion and retention.
initial instruction in effective listening techniques, fol-
lowed by listening to recordings compressed at increasing
percentages of time, will constitute a more effective
method of training in aural reading than will practice
alone in listening to such passages, followed by compre-
hension questions no prior instruction).
initial instruction in effective listening techniques, fol-
lowed by listening to recordings compressed at creasing
percentages of time, will constitute a more effective
method of training in aural reading than will practice
in listening to such passages while reading the passages
simultaneously in print of braille modes, followed by
questions no prior instruction).
practice alone in listening to passages recorded at in-
creasing percentages of compression, followed by com-
prehension questions, will increase comprehension in
listening to materials at regularly recorded speeds and
to those which have been time-compressed.
systematic practice with auditory reading at increasing
rates of compression, when simultaneously accompanied
by Ss' reading the same materials in inkprint and braille,
will result in more effective comprehension and retention
of materials at regularly recorded speeds and those
which have been time-compressed than will practice
followed by quegtions alone.

Secondar**
all training procedures in listening reading will result in
gains in silent and oral reading speed of braille or visual
materials.
subjects having prior training in efficient listening will
experience greater gains in tactual or visual reading than
will Ss having practice in listening only.

subjects reading simultaneously in two modalities cvisual
and auditory or tactual and auditory) will experience
greater gains in braille or print reading than will Ss having
listening practice only and Ss having prior training in ef-
ficient listening.

**See footnote, page 296.

301
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TABLE 27.5

MEAN PERCENTAGE OF CORRECT RESPONSES ON LISTENING
COMPREHENSION TESTS ADMINISTERED DURING

LISTENING PRACTICE SESSIONS

Test Percent
Com ression 1

_ean percent of correct responses by groups
2 3 4

2

3

57 57 81
71 76 81
43 43 57

4 20 67 67
5 50 38 33
6 50 43 43

76
33
5

52

38

In order to compare the results of the several tests, standard scores
were computed. Analysis of variance of the uncompressed tests (see
Appendix Table 27.1), the first three, indicated significant effects for
group differences and interaction between tests and reading mode as
well as group by reading mode by tests interaction. Only the experi-
mental groups had these tests.

No significant effects were noted for tests' differences so participants
were compared across tests. There were also no differences between
braille and print readiers in performance. Comparing the mean scores
among the groups, differences between Group 3 and each of the other two
groups were significant, but the differences between Group 1 and Group
2 were not. Means are shown in Table 27.6.

**Subsequent references in the text will appear as:
I-A Instruction + Practice Increases Auditory Reading Efficiency
I-B Instruction + Practice > Practice Alone
1-C histruction - Practice > Practice + Print/Braille Reading
I-D Practice Alone Increases Auditory Reading Efficiency
I-E Practice + Print/ Braille Reading > Practice Alone

II-A Auditory Instruction/ Practice Increases Print/ Braille
Reading Speed

II-B Auditory Instruction + Practice > Practice Alone (Print/
Braille Reading)

C Auditory Practice + Print/ Braille Reading > Auditory
Instruction and/ or Practice Alone (Print/Braille Reading).
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TABLE 27.6

MEANS, GILMORE ORAL READING TEST,
ACCURACY SCORE

Group Reading
ode

No. Means
Pre es Fosttest

Braille 6 85.5 87
Print 5 88.0 95.0
Combined 11 86.6 88.9

Braille 8 88.5 91.0
Print 4 90.5 96.0
Combined 12 89.2 90.0
Braille 8 84.5 88.8
Print 3 85.3 87.3
Combined 11 84.7 88.4

4 Braille 9 83.2 87.4
Print 2 91.5 99.0
Combined 11 85.3 89.5

The last three Listening Comprehension tests were taken from material
that had been recorded and compressed from the reading text used for
the practice sessions. All of these passages had been read by a member
of the faculty of the Division of Radio, Television, and Motion Pictures
of the University of North Carolina at Chapel, Hill, recorded in their
studios and compressed by the Center for Rate-Controlled Recordings
at the University of Louisville.

The controlled group took two of these tests: one compressed at 20%
and one compressed at 50%. The results of these two tests will be dis-
cussed, therefore. Analysis of variance (see Appendix Table 27.3)
indicated significant effects for groups, reading mode, and interaction
between groups and reading mode, as well as interaction among Ss by
group by reading mode by tests.

Group 3 was again superior to each of the other groups. Group 2, how-
ever, did not perform significantly better than Group 1 as had been
anticipated. Both Group I and Group 2 did attain scores higher than the
controlled group, and these differences were significant. The means
can be seen in Table 27.7.
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TABLE 27.7

MEANS, LISTENING COMPREHENSION TESTS 4 AND 6

Test
Reading Mode

Braille readers
No. 6 8 8 9

Test 4 (20%) 57.2 3.4 50.1 7.5 56.0 7.6 46. 3 9. 9
Test 6 (50%) 49.5 7.6 47.2 9. 3 55.8 11.0 48.1 8.2
Combined 53.3 7.0 48.7 8.5 55.9 9 47.2 9. 1

Print readers
No. 5 4 3 2

Test 4 (20%) 37.6 7.9 53.0 7.1 51.7 8.2 41.5 12.5
Test 6 (50%) 49.2 9.5 53.0 8.7 44.3 16.6 46.0 3.0
Combined 43.4 10.5 53.0 8.0 48.0 7.8 43.8 9.4

Combined
No. 11 12 11 11

Test 4 (20%) 48.3 11.4 51.1 7.6 54.9 8.0 45.4 15.9
Test 6 (W) 49.4 8.1 59.2 9. 5 53.6 11.1 47.7 7.7
Combined 48 8 1 0 : 8 50-1 8 6 53.7 9. 7 46.6 9. 5

lkiThe standa`.-td error of L is esti a ed as follows:
4

with degrees of freedom obtained from the

2
( X

Except in ,Grpup 1, braille readers performed better than print readers.
The differepce between braille and print readers was significant on the
compressededition bu, not on the uncompressed edition (t = 3.631,
p < 0 1 , 37idf). The means can be seen in Table 27.8.

In studying the results 'of the' short comprehension test administered after
each practice ieission (see Appendix Table 27.4), it was noted that after
each incremea s-peed at 10% and 20% compression, there was a slight
comprehension depease on first exposure, followed by a subsequent
recovery. At 30-(i'iand 50%, there was some indication that more ex-
posure was needed it,this recovery .was to occur. On only two of these
sessions were significant group differences found.

On the .Gilmore Oral Reading Test, both on measures of accuracy and
comprehension, no differences were seen that could be attributed to the
training prograrns. The ANOVA of the accuracy measure can be seen in
Appendix Table 27 .5. The ANOVA and means for comprehension are
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shown in Appendix Tables 27.6 and 27.7. Other educational experiences
apparently effected the gains that were noted since they are seen in the
controlled group as well as the experimental groups.

TABLE 27.8

MEAN SCORES STEP LISTENING TEST, FORM 2A AND 23

Test & -Troup
Reading Mode M S.D

oup 2 Group 3 Group 4
S D S. D. M S.D

Braille readers
No. 6 8 8 9

2A 277.2 9 5 289.9 16.7 295.9 13.8 289.1 11.1
2B 282.7 5.1 285.9 15.2 296.8 16.3 281.0 13.9
Combined 280.7 7.9 287.9 16.1 296.3 15.1 285.0 13,4

Print readers
No. 5 4 3 2

EA 279.4 5.0 282.2 6.8 289.3 17.9 287.0 13.0
ZB 283.4 10.3 279.8 9.1 285.7 7.6 283.5 1.5
Combined 281.6 8.4 281_ 0 8.2 287.5 13.9 285.2 9.4

Combined
No. 11 12 11 11

2A 279.1 11.5 287.3 15.9 294.1 7 8 288.7 15.5
23 283.2 10.9 283.8 13.8 293.7 7.4 281.4 15.3
Combined 2 8 1 285 6 14.4 293 9 15 3 285.1 12.6

For oral reading rate, a drop was seen among braille readers. Among
print readers in Group 2, there was a considerable increase in reading
speed, but this was not found for the print readers in the other groups.
These print readers in Group 2 attained significantly better scores.

Since there were also significant differences found for reading mode, dif-
ferences between braille and print readers were examined. In Group 2
it can be noted that print readers are superior to braille readers, whereas
the reverse is true for each of the other groups. Using two modalities for
reading simultaneously (tactual or visual and listening) proved more ef-
fective among the print readers than braille readers. The same difference
between braille and print readers in Group 2 is seen in some of the other
tests.

On the STEP Listening Test, Level 2, two forms were used: one of these
was compressed at 30% and the other was played at the regular record,td
speed.
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On these tests the ANOVA (see Table 27. 9) indicated no significant ef-
fects for tests. Group and reading mode effects were found. Interactions
between group and reading mode and among group by reading mode by
tests were also seen.

TABLE 27_ 9

ANOVA, STEP LISTENING TEST, FORM 2A AND 2B

Total
Group
Reading Mode
Group x Reading Mode
Subjects (Group x

Reading Mode)

Tests
Group x Test
Reading Mode x Test
Group x Reading Mode

x Test
Subjects (Group x

Readin ode x Tes

89
3

1

3

37

1

3

1

3

7

16,955.172
1,919.189

413.388
175.350

599_ 663

72.900
376.378

35.037

11 047.045

2, 316.222

639.729
413.388

58_ 450

17.207

72.900
125.459
35.037

3,682 347

262 600

37.178**
24_ 025**

3.397*

58.823*

-rp < 05-I'

-i-p < .01

On these tests Ss in Group 3 performed better than those in any of the
other groups, thus support for primary hypothesis 1-A, instruction
practice increases auditory reading efficiency, was found.

Comparison of mean differences made throughout are based on the pro-
cedure outlined by Snedecor and Cochran (1967, pp. 268-279). Accord-
ing to this formula, t = the differences between the means under consideratio
divided by the standard error of 1, where L is any linear combination so that

+ X X2 4- X3X3 +... kXi

On the SORT, which consists of lists of wards at graded difficulty levels,
the tests differences between pre- and postperformance were net signif-
icant. The means did show improvement but these gains were found in the
controlled group as well as the experimental group and, again, it was as-
sumed that even had the differences proved significant it could not have
been attributed to the experimental training program.
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On the other measure of tactual or visual reading speed, the establish-
ment of silent reading rate effects, the reading mode differences were
significant and interaction among g oups by reading by tests was seen
(see Table 27.10),

TABLE 27.10

ANOVA SILENT READING RATE, PRE- AND POSTTRIALS

Source of Variance d,_ SS MS
Group 7, 227.567 409.186
Reading Mode 30, 784.189 10,784.189 870*
Group x Reading Mode 3 1,027.896 342.632
Subjects (Group x

Reading Mode) 37 165,798.160 4 481.031

Test 1 199.362 199.362
Group x Test 3 618.774 206.258
Reading Mode x Test 1 21. 228 21.228
Group x Reading Mode

x Test 24- 825. 902 8,275.292 27. 095**
Subjects (Group x

ReadingMode xTest 7 11,300.356 305.415
< .05

p < .01

When the differences between braille and print readers were examined in
the three experimental groups, these were significant. Print readers in
Group 2 did show significant gains in silent reading rate just as they did
in oral reading rate. This suggests that benefits froni the listening-
reading training resulted for print readers using two modalities. The
gains for these readers averaged 32. 2 words per minute t = 2.164,
p < .01, 37 df).

Except for the print readers 3.n. Group 2 here is little evidence of reading
gains in visual or tactual reading in the other groups. When two modal-
ities are used simultaneously, print readers will receive benefits in cer-
tain respects apparently, but no other group of Ss seem to experience any
subsidiary gains.

On the Brown-Carlsen Test of Listening Comprehension, no significant
main effects were revealed by the analysis of variance by any of the sub-
tests. Both the subtests on recognizing transition and recognizing words
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in conte_t would seem, to be measures of visual or tactual reading skill
just as much as listening skill. The training program appeared to con-
tribute little to these tasks.

The Lecture Comprehension subtests measure a listening situation where
the material heard was prepared for oral delivery rather than a listening-
reading task. It may have been inappropriate in this particular study
but it was employed since it is one of the few tests available at a listening
ability. How efficient an instrument this was inprediciting performance
on ale other comprehension measures has not been examined. It was
not, apparently, efficient in measuring the effects of listening-reading
training.

Summary

Out of the 45 tests of the primary hypotheses, 27--or 60%--give positive
support to the first three hypotheses. There is evidence that listening
technique training followed by practice using compressed speech as an
aid is an efficient method of effecting gains in listening-reading. These
gains are apparent both with uncompressed and moderately compressed
materials.

Six of the 45 tests supported the hypothesis that use of two modalities
simultaneously in reading would cause improvement in listening-reading.
Only three tests gave evidence of improvement that occurred from lis-
tening practice only.

Only for print readers in Group 2, who listened while they read the pas-
sages, was there any evidence that the training had positive effects on
visual or tactual reading. Since it was noted that as speeds became
greater, braille readers found it increasingly difficult to keep up with
what they heard, and that these readers abandoned the attempt to do so
after a time, it would be reasonable to assume that braille readers
would need more exposure at expanded speeds nearer their reading rate,
with gradual increases in these, if they are to experience gains in braille
reading speed. The results would indicate that it would be worthwhile
exploring this. As far as improving listening-reading, using two modal-
ities at the same time was not as effective as giving listening training.

Practice with listening-reading, using compressed speech at graduated
increments and followed by short comprehension tests, was the most in-
efficient method. Visually impaired students, by the high school age
level, have had considerable experience with reading by listening at
normal recorded speed. Practice has been available to them over a pe-
riod of time. More practice, even when using compressed speech rates,
does not seem to be as efficient as training them in better techniques of
listening.

308
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One interesting finding that had r.ot previously been anticipated was that
difference existed between braille and print readers in performance

on almost every test administered at the conclusion of the training pro-
gram. Braille readers tended to perform better on the tests than did
print readers except insofar as reading rate was concerned. When it
is taken into account that these groups were not significantly different
except in reading rate, this finding becomes quite interesting.

Whether this diffe ence in performance, which shows braille readers to
be able to utilize training for improvement of listening more effectively,
stems from greater motivation or from greater development of cognitive
capacities in utilizing materials learned from auditory reading, or a
combination of these factors, is not clear. The print readers were all
severely visually impaired and will necessarily depend on auditory input
in many situations where individuals with normal vision use visually
acq-ired information. Their need for learning to utilize auditory skills
is great, but recognition of this may not be present and there may be a
rejection of this as signifying "blindness" among some individuals. The
student without useful vision for reading, no matter how much he may
react to being visually impaired, is forced to accept the fact that he must
depend on listening for many reading experiences. In working with par-
tially impaired individuals, who retain useful vision, functioning in a
public school setting who have had more experience with the need for
listening-reading, there might conceivably be a difference in recognition
of need for auditory reading improvement.

In a residential school the student is more likely to find texts in braille
than he would be in a program in a public school. The student who reads
visually is more likely to have available to him the large print edition
of the text than would be true in public school settings many times where
the particularly needed text is not available.

On the other hand, the student who is so severely visually impaired that
vision cannot be a channel for acquiring more than minimum information
about light or shape has also necessarily been put in a position where he
must use the auditory channel more extensively at the conscious level.
He has thus exercised and developed these capacities in his previous
experiences. For this reason he may be in a better position to utilize
training and practice designed to increase these abilities both from the
standpoint of educational and psychological readiness.

It might be noted that participants enjoyed the book that was read. Some
selections were naturally received more favorably than others, but in-
terest remained high throughout the sessions. After each increase in
speed, students would complain mildly that they could not understand
it, but by the second exposure they usually indicated that it was a desir-
able rate up through 30% compression. Fifty percent compression
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continued to be difficult to unders and. A few students in considering
their reaction to it suggested that after a little further use it was clear
what was being said, but they felt so rushed they had difficulty reacting
to it and therefore could not retain it. A few students, who normally
read braille or print more rapidly than others, did attain scores on the
comprehension test and questions after practice sessions that suggest
they were able to understand and retain 75% or more of what was heard.
Since, of course, more material was covered, there was more to be
mastered at these faster speeds. The very increase in material to be
learned put the student with less academic aptitude at a disadvantage.
The students indicated a choice of speeds for future reading if they were
able to specify compression in the future. This seemed to be almost
equally divided between 20% and 30 as a desirable choice under these
conditions.

Utilization of auditory reading can be improved by inst uc_ ion. This
type of instruction should probably be incorporated systematically into
teaching programs for the sensorially and perceptually impaired among
the visually handicapped, but it should not be necessarily limited to usage
with this group. The: a are implications for general education programs:
and programs for the educationally disadvantaged in using compressed
speech. These have been largely untapped in any systematic manner
although the volume of available materials has increased and is increas ng.
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APPENDIX TABLE 27.1

ANOVA, LISTENING COMPREHENSION TESTS 1, 2, AND 3

Source of Variance df Ss_
Total 102 9, 759. 180
Group 2 1,613.984 806.992 18.002**
Reading Mode 1 11.672 11.672
Group x Reading Mode 251.330 125.665
Subjects (Group x

Reading Mode) 28 1,288.197 44.828

Test 2 8.015 4.008
Group x Test 4 289.135 72.284
Reading Mode x Test 2 615.496 307.748 4.390
Group x Reading Mode

x Test 4 1,788 964 447.241 6. 380**
Subjects (Group x

Readin_g_Mode x Test ) 56 3,925.386 70.096_
**p < .01
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APPENDIX TABLE 27.2

MEAN SCORES, LISTENING COMPREHENSION
TESTS 1, 2, AND 3

Test
oup 1

Mean & D.
Grou-
eau S.D.

Group
Mean S. D.

Braille readers
No. 8 8

1 44. 2 11. 3 48. 2 7. 1 53. 6 5. 8
2 42. 7 8.6 43. 1 11.5 58. 0 5. 6
3 51. 7 6.9 49.5 5.4 57. 8 8. 1
Cowbined 46.2 6.5 46.9 8. 8 56.4 6 9

Print readers
No. 5 4 3

46.8 12.5 56.5 4.4 49.3 11.5
2 51. 4 5. 0 52.5 7. 9 54.3 5. 9
3 38. 8 8. 5 46.0 13. 1 55. 0 3. 0
Combined 45. 7 15. 5 51. 7 9.3 52. 9 6.8

Combined
No. 11 12 11

1 45. 4 11. 9 51.0 7.5 52. 4 7.2
2 46.6 8. 4 46.3 11. 1 57 0 5.6
3 45. 8 10 1 48.3 8. 4 57. 0 7. 5
Combined 45.9 10 48 5 14. 4 55. 5 11 8
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APPENDIX TABLE 27.3

ANOVA, LISTENING COMPREHENSION TESTS 4 AND 6

Total 89 8,609.379
Group 3 590.044 196.681 11 007**
Reading Mode 1 190.250 190.250 10.647**
Group x Reading Mode 757.017 252.339 14.122**
Subjects (Group x

Reading Mode) 37 661.151 17.869

Test 1 1.111 1.111
Group x Test 3 81.815 27.272
Reading Mode x Test 1 214.241 214.241
Group x Reading Mode

x Test 3 3,362.901 1,120.967 15.078**
Subjects (Group x Reading

Mode x Test) 37 2 750.849 74.347
**p < .01

313
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APPENDIX TABLE 27.4

MEAN PERCENTAGE OF CORRECT RESPONSES, PRACTICE
SESSION QUESTIONS FOR EXPERIMENTAL GROUPS

Session
Percent
Compression

Mean Percen age Correct Responses
Grou 1 on 2 Grou--

Test
1 0 77.8 77.8 74.4
2 10 45.4 54.2 63.6
3 10 77.3 75.0 77.3

Test
5 20 63.6 63 9 81.8
6 20 61.2 67.4 70.9

Test
8 20 61.4 56.1 60.0
9 20 47.5 62 9 70.9

Test
11 30 39.8 54.5 45.4
12 30 55.0 57.6 63.4
13 30 53 0 53.5 50.0

Tes
14 50 42.5 50.0 41.7
15 50 44 37.1 45.4
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APPENDIX TABLE 27.5

ANOVA, PRE- AND POSTTEST RESULTS, ACCURACY
SCORE, GILMORE ORAL READING TEST

Source of Variance SS MS
Group 253. 640 84.550 7.155**
Reading Mode 1 351.101 351.101 29.712**
Group x Reading Mode 3 240.400 80.133 6.781**
Subjects (Group x

Reading Mode) 37 437.234 11.817

Test 1 352.044 352.044 2.235
Test x Group 3 481.346 160.448
Test x Reading Mode 1 R79.cqq 829.533 5.26
Test x Group x Reading

Mode 3 83.149 27.716
Subjects (Test x Group

x Reading Modp)_. 7_ 5,828.738 157,_533
< .01
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APPENDIX TABLE 27. 6

MEANS, GIL ORE ORAL READING TEST, ACCURACY SCORE

Grou
Group 1

Group 2

Group 3

Group 4

Reading
Mode
Braille
Print
Combined 11

o. Pretest

5

Braille 8
Print 4
Combined 12

Braille 8
Print 3

Combined 11

Braille 9
Print 2
Combined 11

Posttest
85_ 5 87.8
88.0 95.0
86.6 88.9

88.5 91. 0
90.5 96.0
89.2 90.0

84.5 88 8
85.3 87.3
84,7 88.4
83.2 87 4
91.5 99. 0
85 3 89 5

APPENDIX TABLE 27.7

MEANS, GILMORE ORAL READING TEST, COMPREHENSION S ORE

Group
Reading
Mode No.

eans
Pretes Po stte

Group 1 Braille 6 44. 8 44.3
Print 5 46. 4 46. 6
Combined 11 45. 6 45.4

Group 2 Braille 8 45.6 46.4
Print 4 45.2 46 5
Combined 12 45.5 46.4

Group 3 Braille 8 45.6 47.5
Print 3 43.3 45.3
Combined 11 45.0 46 9

Group 4 Braille 9 45.4 45.0
Print 2 45.5 45 5

ou blued 11 45.4 45.1
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APPENDIX TABLE 27.8

ANOVA, GILMORE ORAL READING TEST, COMPREHENSION SCORE

Source of Variance
Group 3.623 1.208
Reading Mode 1 .269 .269
Group x Reading Mode 19.501 6.500
Subjects (Group x

Reading Mode) 37 509.562 13.772

Test 1 6.013 6.013
Group x Test 3 5.319 1.440
Reading Mode x Test 1 I. 085 1.085
Group x Reading Mode

x Test 3 .572 .191
Subjects (Group x

Reading Mode x Test 37 138 71 3. 749

APPENDIX TABLE 27.9

ANOVA., GIL ORE ORAL READING TEST, ORAL READING RATE

Source of Variance
Group
Reading Mode
Group x Reading Mode
Subjects (Group x

Reading Mode)

1,512.041 504.013
1 3,873.515 3,873.515

470.380 156.793

37 34,525.604 933.124

Test 1 421.764 421.764
Group x Test 3 398.311 132.770
Reading Mode x Test 1 162.587 162.587
Group x Reading Mode

x Test 3 446.351 148.784
Subjects (Group x

Reading Mode x Te t ) 37 97 638 151.288
*p < .05

4.151*

2.78
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APPENDIX TABLE 27.10

MEAN WPM, GILMORE ORAL READING TEST

Group
Group 1

Reading
Mode
Braille
Print

Group 2 Braille
Print

Group 3 Braille
Print

Group 4 Braille
Print

Total Braille
Print

eans Postcest Mean
Pretes Posttest - Pretest Mean

80.2 61.9 -18.2
5 99.6 92.9 6.7
8 89.5 78.1 -11.4
4 101.1 120.1 +19.0
8 71.8 66.2 5.6
3 97.5 86.9 -10.6

82.9 73.8 9.1
93.9 79.8 -14.1

31 81.2 70.6 -10.6
14 98. 97 5



CHAPTER XXVIII

COMPREHENoION FOR IMMEDIATE RECALL OF

TIME- COMPRESSED SPEECH AS A FUNCTION

OF SEX AND LEVEL OF ACTIVATION

OF THE LISTENER

Sally R. McCracken*

Clive Lewis once wrote: " . . the future is something which everyone
reaches at the rate of sixty minutes an hour, whatever he does, whoever
he is. " The purpose of,this study was to determine the sex-related sim-
ilarities or differences of comprehension scores and Galvanic Skin Re-
sponse (GSR) measurements for a normal rate of recorded speech (160
words per minute [wpra]) and a time-compressed recorded speech (320
wpm).

Definition of Terms

Recorded normal rate speech was defined for this study as that reading
rate deemed necessary, by a professional radio announcer, ** to achieve
the greatest degree of clarity and understanding for the listener. With
these instructions, the reader averaged approximately 160 wpm. Time-
compressed speech was defined as a method of shortening the playback
time of recorded materials without change of pitch or loss of the original
information (Foulke, 1967b). The word rate was approximately 320 wpm.
Rapid recall in terms of listening comprehension was defined as the abil-
ity to recall information presented in selections immediately following
presentation as measured by means of a multiple-choice test. Level of
activation was defined as H . the extent of release of potential energy

*Dr. Sally R. McCracken is an Assistant Professor of Speech and D a._ a lc
Arts, Eastern Michigan University, Ypsilanti, Michigan 48197.

**J Daniel Logan, announcer for WCAR and WDET, Detroit, Michigan.
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stored in the tissues of the organism, as this is shown in activity or
response [Duffy, 1962, p. 64]. u (GER)

Procedu e

Ninety sighted males and 90 sighted females, between the ages of 19
and 22, were matched according to grade point ratio, screened by an
auditory acuity test, equipped with headsets, and exposed to eight dif-
ferent readings selected from the Diagnostic Reading Tests, Section II,
Comprehension Silent and Auditory. Four of the readings were pre-
sented at a normal rate and four at a compressed rate. The experi-
mental design was based on the Wason Model (Wason, 1962) which
enabled each 5 to act as his own control. The original Wason design
appeared as Ab, bA, aB, and Ba indicating that each "A" or full-length
selection has an "a" or shorter version. The design was interpreted
for this study to mean that for the first four selections on e,.c.h tape every
normal version or "A" had a compressed version or "a. The last four
selections (five through eight) were designated as "B" for the normal
rate axle,
appeared

Story

"b" for the
visually as:

Main Order

compressed rate.

Tape 2

The design

Story

for the main study

0 der Cont _ol
Tape 1 Tape 3 Tape 4

1 A a 5
2 A 2

3 A a 7
4 A a 8
5 b B 1 A a
6 b B 2 A a
7 b B 3 A a
8 b B 4 A a

During the testing period, each S was measured by means of the GSR.
Care was taken to avoid excessive movement during the actual selection
listening periods. Following each of the eight readings, the _S was tested
for comprehension of the recorded material. The session lasted ap-
proximately 30 minutes. Before leaving the testing area, each S com-
pleted a written reaction sheet concerning time-compressed speech.

Testing Objectives

The testing procedure was structured to answer the following questions.
1. When listening to a normal rate of recorded speech is there a rela-
tionship between the listening comprehension scores and the level of
activation or physiological arousal of the listener? (GSR)
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2. When listening to a normal rate of recorded speech is there a rela-
tionship between the listening comprehension scores and the sex of the
listener?
3. When listening to recorded time-compressed speech is there a re-
lationship between the listening comprehension scores and the level of
activation or physiological arousal of the listener? (GSR)
4. When listening to recorded time-compressed speech is there a re-
lationship between the listening comprehension scores and the sex of
the listener?
5. Are there differences and/ or similarities between the experiences
of listening to a normal rate of recorded speech or recorded time-
compressed speech in terms of listening comprehension scores, level of
activation or physiological arousal (GSR) and the sex of the listener?

Data Preparation

The comprehension scores were compiled and a computer zed formula
for conversion of the GSR scores was prepared to provide a basis for cor-
relation and analysis of variance (Lacy & Siegel, 1949). The conversion
formula (Lacy & Siegel, 1949) accounted for basal and amplitude variance
since some Ss entered the testing session at a higher level of activation
than other Ss. Resistance ohm measurements were converted to conduc-
tance micromhos in the formula 6_C = (1/ B. x 106 (1/ R x 10 ).

These

data were programmed and submitted for compu-er analysis to determine
the interrelationships among the measurements.

Resul -s

1. Listening comprehension scores and GSR scores appeared to repre-
sent two distinctly different phenomena and did not correlate for either
the compressed rate or the norwal rate selections (Table 28.1).
2. There were no sex-related differences in comprehension scores for
the normal rate of speech.
3. Listening comprehension scores and -SR scores did not correlate
when the stimulus factor was time-compressed speech.
4. No sex-related differences were found concerning the listening com-
prehension scores when the stimulus factor was time-compressed speech
(Table 28.2).
5. When the level of compression was held to 50% the listening compre-
hension scores were identical to the normal rate scores for both sexes.
An interesting effect did occur-when males tended to register higher GSR
scores when exposed to time-compressed speech than did the females.
There was also a tendency for the males to react at a higher level to the
normal rate presentations. Figure 28 .1 illustrates male and female
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Figure 28.1. Males and females normal rate followed by compressed
rate.
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reactive tendencies when exposed to four normal. rate selections and four
compressed rate selections.

TABLE 28.1

CORRELATIONS FOR MALES AND FEMALES FOR LISTENING
COMPREHENSION, RESISTANCE GSR (ROHM),

CONDUCTANCE GSR (MHO), REACTION
TO NORMAL RATE (REAN), AND

REACTION TO COMPRESSED
RATE (REAC)

ROH 0 REAN REAC
180 .0219 .0103 .0758 .1629

Comph. M 90 .0098 -.0116 .0172 .1895
90. 0438_ .0300 .1444_ .1405

TABLE 28.2.

LISTENING COMPREHENSION SCORES FOR MALES AND
FEMALES, NORMAL RATE AND COMPRESSED RATE

S.D. Xdf SIG.
Males 90

Normal 90 19.0888 7.9918 . 5000 N. S.
1.0222

Compressed 90 18.0666 8.6075

Females 90
Normal 90 18.6888 9.8680 .3636 N S.

.4888
Compressed 90 18.2000 8.1470

Figure 28.2 illustrates males and .females reactive tendencies when ex-
posed to four compressed rate selections followed by four normal rate
selections.
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Discussion o the Results

The finding that the listening comprehension scores were equal for the
normal and the compressed rates supported the results of Fairbanks,
Guttman, and Miron (1957c); Foulke, Amster, Nolan and Bixler (1962);
and Orr, Friedman, and Williams (1965). These studies predicted a
slight loss of listening comprehension for the 50% level but the re-
searchers tended to suggest that this was justifiable when the consid-
eration of saved time was realized. The present study did not find any
loss in comprehension due to the 50% level of compression.

Sex-related differences for comprehension ability did not appear to be
a major concern. Males and females comprehended the Material equally
well and the stimulus recordings were not intentionally sex biased. The
groups were matched with great care which could account for a lack of
sex difference in comprehension scores.

According to the present study, the males tended to effect higher levels
of activation when listening to time-compressed speech at a 50% level.
The literature provided no information as to the possible physiological
reaction levels for males or females when listening to time-compressed
speech. It is interesting to note that the written reactions of the - in-
dicated a "stress" experience when listening to time-compressed mate-
rials, but this was not substantiated by the GSR measurement. The
females, more often than the males, tended to indicate they experienced
a "stress" increase but did not physiologically register this feeling ac-
cording to the GSR scores. The males expressed less "stress" in the
written reactions yet effected higher GSR scores. It appears that the
reactions of the females tended to be the result of a mental set rather
than an actual physiological strain. They could have reasoned that

. because the rate is faster it is more difficult . "* and there-
fore experienced a pdychological increase in tension. The cause for
males effecting higher GSR scores is left to speculation since the con-
version formula accounts for differences in basal activation levels.

At the present time it is the opinion of this researcher that the felt
stress experienced by the Ss was probably due to the mental factors
and not to the actual experience of listening to time-compressed speech
at a 50% level.

*Female, I. D. No. 323708. Written com ent folio ing the testing
session.



CHAPTER XXIX

THE COMPREHENSION OF RATE-CONTROLLED SPEECH

BY SECOND-GRADE CHILDREN WITH

FUNCTIONAL MISART7.CULATIONS

R. Vernon Stroud*

The purpose of this study was to ascertain if rate of speaking affected
the comprehension of speech by second-grade children with functional
misarticulations. It was also the purpose of the study to ascertain the
effects of sex, severity of misarticulations, therapy, socioeconomic
status, size of family, and race on the ability to comprehend speech
altered by various degrees of speaking rates.

However, in the paper presented here, concern was placed upon those
children with functional misarticulations.

Ninety-eight second-grade children from the Dayton, Ohio, Public School
System served as Ss. Fifty-two of these children were normal speakers
and 46 were diagnosed by the speech clinician as having functional mis-
articulations. All of the Ss who possessed normal hearing were average
or above in intelligence.

Each S was individually exposed to stimuli which consisted of rate-
controlled speech which was in the form of imperative and interrogative
sentences. One hundred and seventy sentences were used as stimuli.
The various rates of speech used in the study were accomplished through
the use of a Tempo Regulator which compressed (speeded) and expanded
(slowed) the speech electronically.

The sentences used as stimuli were divided into units of 10, and each
unit was processed by the Tempo Regulator. The first unit which was
the reference point was presented at 225 words per minute wpm) and
280 syllables per minute spm). The second unit received a 10% incremer
and was presented at 248 wiam and 308 spm. This procedure continued

*Dr. R. Vernon Stroud is affiliated with the Barney Children's Medical
Center, Dayton, Ohio 45404.
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until 383 wpm and 476 spm were reached. The procedure for the ex-
panded (slow) stii-nuli was similar to the one used in the compressed
condition except the stimuli received a 10% decrement in relation to
the reference point which was 225 wpm and 280 spm.

In that the results of the expanded study were Insignificant, they will
not be reported here.

Casual obse v tion has led this investigator to feel that some children
may miss part of the oral message or phonem_c differences of spoken
language as a function of the rate of talking. Unfortunately, search for
littature in which this observation is quantified has been unrevealing.
Some investigators have substantiated that children with functional mis-
articulations have difficulty hearing phonetic elements in words and the
same has been reported with reference to the child's ability to hear pho-
nemic differences and similarities in words. However, to this investi-
gator's knowledge, no study in which the objective was to observe the
perceptual abilities of children with misarticulations in relationship to
rapid speech has been reported.

A relevant and interesting point of v ew is the one presented by Libe man
(1961). According to Liberman, the perception of speech does not de-
pend solely on the acoustical characteristics of the stimulus; instead it
is perceived in reference to articulation, He postulated that the articu-
lator's movements and their sensory effects mediate between the acoustic
stimulus and perception. In essence, the listener mimics the incoming
message and responds to proprioceptive and tactile stimuli that are pro-
duced by his own articulatory movements. This permits one to infer
that if a listener is unable to perform these processes as a function of
the rate of utterance, he will have significant difficulty comprehending
the message.

With this in mind, this investigator postulates that children with functional
misarticulations would become so bogged down in attempting to associate
sound with place of articulation that they would fail to comprehend the
spoken message. In order to do this, two groups of children had to be
studied. One group consisted of 52 normal speaking second-grade chil-
dren; the other consisted of 46 second-grade children who were reported
as having functional misarticulations. Both groups were described as
having normal heP.ring and being of normal intelligence on the basis of
stanine scores obtained on The California Mental Maturity Test.

The next task was to subject these children to speech Which had been c m-
pressed. Speech was compressed at the following 1-ates:

WPM: 225, 248, 270, 293,
and

315, 338, 360, 383

SPM: 280, 308, 336, 364, 392, 420, 448, 476
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This was presented to the Ss via the Wollensak model 1500 tape recorder.
The stimuli consisted of imperative and interrogative sentences which
had been compressed on a Tempo Regulator at The Center for Rate-
Controlled Recordings, University of Loui3ville, Louisville, Kentucky.
Ten sentences were presented at each rate and the child was required
to respond. For example, the voice on the tape would ask, "Is your
teacher tall or short?" and the child would respond, "Tall. H Another
example, "Is it cold outside when Christmas comes ?" and the child
would respond, "Yes. At this point, the examiner would reply, "Yes,
what?" and the child would say, "It is cold when Christmas comes.
Five seconds 1, re allowed as response time. If no response occurred
after this period of time, the examiner would say, "Listen. and go to
the next sentence. The errors made by both groups were recorded and
treated statistically.

The results imply that children with functional misarticulations have
greater difficulty in comprehending rapid speech than children with nor-
mal speech. The responses of the two groups were equal through 270
wpm or 336 spin. At 293 wpm or 364 spin, the defective speakers made
their first significant errors. From this point on through 383 wpm or
476 spin, the defective speakers made significantly more errors than
the normal speakers.

The findings of this study have many implications relative to the proces-
sing of information by children with functional misarticulations. Some-
where in these data or in future studies, one may find a clue to causality
of articulati.on disorders.



CHAPTER XXX

RATE-CONTROLLED SPEECH AND

SECOND LANGUAGE LEARNING

Herbert L. Friedman and Raymond L. Jo_ son*

I'd like to begin by indicating the ways in which rate-controlled speech
is a technique which is relevant to second language learning, i.e. , the
acquisition of proficiency in a foreign tongue. Its relevance is primarily,
I believe, to a phenomenon central to language learning which seems to
me to be somewhat neglected at this conference, the phenomenon of lis-
tening behavior. I know we're deeply involved in discussions of speech
rate and other major parameters of the speech stimulus, but what are
we measuring? The nature of the work the listener may perform on a
stream of speech includes such diverse activities as identification, dis-
crimination, matching, storing for short, long, or intermediate dura-
tions, reiterating, paraphrasing, translating, comprehending the core
meaning, associating to, anticipating, and so on. I don't say that all of
these activities necessarily occur, only that they may occur, and that
they may occur dui_ --11 the flow of speech. We know that, because we
can evoke the nature of the information resulting from those activities
in the listener. What we measure, and equally important what we ask
the listener to do, are inescapable determinants of the conclusions we
draw about effective or efficient listening.

Well, we don't know much about the nature and relationships of those
delicately timed activities which constitute listening behavior. We have
ail correctly guessed, however, that when the time available to do work
concurrent with speech is reduced, successful listening will not occur.
By systematically reducing the time available to process speech without
damaging intelligibility, i.e., by using time-compressed speech, we
can learn what priorities the listener (consciously or otherwise) assigns
to what he hears. By manipulating the restoration of time to coincide or
jar against linguistic rules, we can further determine what the missing

*Dr. Herbert L. Friedman is Director of the Communication Skills Re-
search Program at the American Institutes for Research, 8555 Sixteenth
Street, Silver Spring, Maryland 20910. Dr. Raymond L. Johnson is
Research Scientist in the program.
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time is used for. Those are two now standard ways to manipulate the
temporal characteristics of speech--but we ought also to look then at
the later-y with whica a listener responds where that is feasible since
that is time too, and possibly at the duration of his response or the
overall response time. In other words we ought to look at the temporal
aspects of response alone, and, of course, one can add to that, the de-
gree of accuracy of the response and the degree of confidence with which
the listener makes it.

What I've just said hasn't really been a digression from our efforts in
the second language learning area. It is, rather, an outline of the ap-
proach and some of the components we have used in attacking the prob-
lems of second language learning, as well as the selective perception
of native speech, which my colleague Raymond Johnson reported on
yesterday.*

The student of a second language is in a situation which resembles in a
major way that of the listener to compressed native speech. In a situa-
tion in which all the speech is intelligible and the vocabulary and syntax
within his grasp, the speech may yet be too fast for him to process ade-
quately. (It may be worth giving some attention to the possibilit that
this is also true of the disadvantaged native listener).

The work the student must perform on foreign speech is greater than
the necessary minimum with his native tongue because, I believe, some
degree of translation wcrk is still necessary for him, and that means,
of course, not only the possibility of some word-by-word translation,
but a restructuring of the language. The student is not taught to trans-
late but, at the early stages, 1 think it still occurs. In any case soine-
thing does, since it takes him longer to perform.

We looked at three questions during the course of this project.
1. How does the selective perception of ianguage differ when speech is
compressed in time and when time is restored in preselected places ?
2. How does the nature of the task assigned to the student affect the la-
tency of his performance under compressed and noncompressed condi-
tions?
3. Would exposure to gradually increasing rates of speech in the second
language enable a student to listen better at normal rates?

The basic research studies devoted to the first two questions were per-
formed on a population of Russian language students at three levels en-
rolled at Georgetown and American Universities in Washington, D.C.

*See Chapter XIII, "Temporal Spacing and the Comprehension of Time-
Compressed Speedh. "
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An earlier training study was performed on Russian and Vietnamese
(Hanoi dialect) students participating in the 37-week aural comprehen-
sion courses at the Defense Language Institute in Monterey, California.
The training study reported below was done on a group of Russian
language students at Georgetown University.

Spech Mani u ation

Two of the most r ecent stimulus manipula ion studies performed, whose
findings only I'll mention here because of the time constraint, were de-
signed to help us identify priorities in the recall of sentences. In one
case two 'string types' were employed after Miller and Isard (1963):
grammatical meaningful and grammatical meaningless Rugsian sentences.
In the second study all sentences were meaningful grammatical but some
were segmented structurally by inserting temporal space between kernel
and adjunct, some were nonstructurally segmented, and some were unseg-
mented. The sentences were so constructed by our Russian :onsultants
that kernel and adjunct did not overlap. The overall findings from these
studies (and some performed earlier) parallel our findings wzth native
speech.

In the first study, nct surprisingly, difficulty in recall is increased both
by anomalousness anci compression. The kernel portions of sentences
are recalled with greater accuracy than the adjunct, indicating the im-
portance of syntactic recognition. It may suggest Lhat anomalousness
makes syntactic recognition more difficult while compression deprives
the listener of time to do it.

The greater the profiriency of the student (i.e. , year of enrollment), the
shorter is his latency of response. There is also a position effect, in
that earlier portions of the sentence are better remembered than later
ones. The insertion of temporal spaces in the second study produced
highly significant results when the space was at structural locations.
Nonstructural segmentation seemed to interfere with recall although
performance wasn t significantly different from nonsegmented speech.
Adjectives were lost more frequently than nouns. A common finding--
but one reaffirmed here for all conditions which made a sentence more
difficult.

In general then, second language listeners in our Li;udies employed
meaning p-reserving techniques and did so more frequently the more ex-
perience they had with the language.



326

Task Manipulation

In another study four taks were assigned to students at two levels of
profir-iency in Russian. The tasks (performed on the last word of single
conventional sentences) were: (1) simple repetition of Russian word,
(2) translation of Russian word to English, (3) substitution of different
but appropriate word in Russian, and (4) substitution of different but
appropriate English word.

The complexity of the task, the level of proficiency of the student, and
the rate of presentation were examined for the effects on response ac-
curacy and response latency. It was hypothesized that for a simple
task, or proficient student, (or both), the duration of the speech sti
ulus may be reduced by speech compression without affecting either
latency or accuracy of response. Below a certain level of duration,
however, the listener will have to restore some of the time removed to
meet his minimal processing needs for accurate response. He can do
that by increasing his latency without altering accuracy. A third stage
(it was hypothesized) is reached when the initial sentence is presented
so quickly that work which must be performed during the speech stim-
ulus cannot be either accomplished or delayed until afterwards. At that
point latency may be decreased or not affected, but accuracy will decrease.

The relationships hypothesized are highly complex and were certainly
not all established in this study. However, the results do point to the
likely validity of the overall paradigm. The findings indicated:
1. The tasks employed differ significantly from each other on either
latency or accuracy measures.
2. Level of proficiency is most clearly indicated by latency rather
than accuracy measures. An interesting exception to this occurs in a re-
versal of the effect, i.e. , longer latency for more trained students, on
a task which they have been trained not to do (English translation
3. On the more complex tasks, increase in rate results in no major in-
crease in latency, but it does lessen accuracy of performance.

Overall in both the task manipulation and stimulus manipulation studies,
and indeed throughout all the basic research studies performed on this
project, the fi:ndings repeatedly indicate that temporal variables are
critical to the understanding of second language listening behavior both
as they vary in the language and in the listener's deployment of work
and priorities.

Training Teclmi ue

As well as its use as a basic research tool, rate-controlled speech may
have considerable potential as a training device. In a short study
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recently completed, speech co pr-ssion was joined with the added-
parts technique of presenting material for efficient learning. In this
technique a passage is incrementally expanded such that the first por-
tion heard is heard on each subsequent presentation again, and with each
repetition, a later portion of the passage is added. In this version Rus-
sian material presented initially at normal speed was presented at 1.3 x
normal speed during its second playing, and 1. 6 x norrnal speed at its
third presentation; each new part being initially presented at normal
speed.

Compared with a control condition in which speech compression was not
used, there is no significant decrement in performance, suggesting that
considerable time may be saved by using speech compression while
achieving equivalent efficiency of training.

This paper, necessarily brief,* will I hope give you some sense of the
diversity of rate-controlled speech as a basic and applied tool in second
language learning as well as with native speech and, thereby, provoke
further research in both areas.
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CHAPTER XXXI

COMPRESSED SPEECH IN MEDICAL EDUCATION

Gloria J. Boyle*

At the University of Missouri's SL )ol of Medicine, comp essed speech
has become useful in both the basic science and clinical areas of medi-
cal education (Figure 31.1) for several reasons:
1. Using compressed speech, research shows that learning is increased
by forcing the student to listen conceptually and attentively.
2. Since the medical student is tightly scheduled, time is an espe,ially
valuable commodity. Through the use of compressed speech, material
can be presented or reviewed at a faster rate, thus freeing the student
for other learning activities.
3. In concentrated lecture presentations note-taking hinders the learn-
ing process. If the student is freed from this task with the reassurance

of a compressed copy for later review purposes, more can be gleaned
from the initial lecture.

In this context coinpressed speech is used for the first- and second-year
students in their basic science education. Scheduled lectures are taped
at regular speed and currently at 70% compression. Using the fast-
forward lever on the tape recorder with the compressed tape, the medi-
cal student can skim the lecture much as he would skim a chapter in a
book, thus enabling the student to become a participant rather than a
spectator.

Another means of independent study that involves compressed speech
deals with five 35-minute synchronized slide-tape presentations of mate-
rial that are highly correlated with course objectives. While regular
tapes are available, the compressed version is a boon to the student for
not only does he save time but, also, he is forced to attend very care-
fully.

A third use for compressed speech is in our Automated Message System
accessed through dial telephones locai:ed in the student laboratories. By
dialing a particular number, students have a choice in listening to

*Gloria J. Boyle Is a research assistant at the School of Medicine,
University of MisSouri-Columbia, Columbia, Missouri 65201.
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lectures, lecture summaries, or other special instructional me -ages
at a slowly paced or compressed rate.

As an extension of the medical school, compressed speech is used to
provide further medical education to the personnel of the hospitals
(physicians, nurses, medical technologists, and those involved in phys-
ical medicine) throughout the state of Missouri. For instance, last
year the need for information on the Hong Kong flu was most immediate.
By means of a telephone network, 19 hospitals throughout the state had
a direct line to the medical school. A physician knowledgeable in the
area conducted a lecture followed by questions and answers from the
participating hospital faculties. Visual aids were sent out to the hos-
pitals prior to the presentation. A compressed speech copy of the
lecture and question-and-answer period was sent to each hospital for
review purposes or for absentee staff members. Thus, the visual aids
plus the compressed speech copy, at 80% compression, became per-
manerly filed at each hospital providing a constant updating of current
clinical material and a quick review for busy hospital personnel.

Production of the compressed copies is accomplished by the Mark II
Information Rate Changer (Figure 31.2), various tape recorders, and
a Curtin Infonics Tape Duplicator which duplicatec three copies simul-
taneously. With these various applications of compressed speech, we
have a built-in opportunity for researching the attitudes and achieve-
ment of a well-defined audience using varying compression rates. Through
this type of practical research, we may be able to provide a higher degree
of individual instruction
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CHAPTER XXXII

THE RELATIONSHIP OF LISTENING SKILLS TO THE

UTILIZATION OF COMPRESSED SPEECH

Rolland Callaway, Gerald Gleason, and Barbara Klaeser*

The Problem

Essentially, this pilot study was an attempt to assess the relationship
of listening skills to experiences in listening to audio-taped material
at varied compressed speeds (rate-controlled recordings). A second
purpose of the study was to attempt to assess differences in compre-
hension of taped material when the sequence of presentation progressed
from original taped time (100%) to 55% of original time as compared to
a sequence which progressed from 55% of the original taped time to the
original time (100%).

This study followed several informal investigations utilizing compressed
materials in a graduate class in curriculum planning. The investigator
typically uses a number of taped speeches or presentations as a part of
the instructional program to supplement the reading requirements and
to provide a "common experience" for discussion. The question in the
first studies was whether there would be a significant difference in com-
prehension and understanding if these materials were presented to the
students at a compressed rate. Of course, this question was prompted
by the reports of investigations which indicated that a loss of comprehen-
sion would not take place--in fact, that it might be improved (up to ap-
proximately 275-300 words per minute [wpm]). The several informal
investigations which were carried out led to somewhat more sophisti-
cated questions such as: (1) what is meant by "comprehension" and
"understanding, (2) what effect does level of listening skill have upon -

the comprehension of compressed materials, and (3) does the utilizá-
tion of compressed materials affect listening skills--development or
deterioration?

Drs. Rolland Callaway and Gerald Gleason are at the University( of
Wisconsin-Milwaukee. Dr. Callaway is a Professor in the Department
of Curriculum and Instruction and Dr. Gleason is Director of Research
in the Department of Educational Psychology. Barbara Klaeser is at the
Milwaukee School of Engineering, Milwaukee, Wisconsin.

332



333

The investigators would like to stress the fact that in the study reported
here, compressed materials were utilized and the study conducted in a
practical setting as a part of the regular class experiences. There was
great interest and discussion concerning the compressed technique on
the part of the participants which must be considered in viewing the re-
sults and any conclusions drawn. Also, it is important to note that the
taped presentations were not specially prepared for the study; thus,
there were some problems of fidelity. (The compression was done at
the University of Louisville through the cooperation of Dr. Emerson
Foulke. The University of Wisconsin-Milwaukee has since acquired an
Eltro Automation Rate Changer. )

Research Design and Procedures

The Ss in the study were 40 teachers and school administrators enrolled
in a graduate course in curriculum planning during the 1968 summer
session at the University of Wisconsin-Milwaukee. The group was di-
vided into three equal groups according to sex and on the basis of pre-
test scores on the Sequential Tests of Educational Progress (STEP)
Listening Test (Form 1A). In a language laboratory setting, the Ss
listened to six audio-taped presentations related to the purposes and
content of the course during six regular class period (see Table 32.1).

Immediately following the listening session, the Ss took a comprehension
test which included 10 simple recall items plus an excerpt of approxi-
mately 250 words utilizing the CLOZE (1967) procedure (every fifth word
left blank).* The tests were scored, returned to the Ss at the next class
session, and the content of the taped presentat on served as the topic for
clas s discussion.

During the last week of the class, the STEP Listening Test (Fo 1B)
was administered as a posttest measure of listening skills.

*Ln a previous study the investigators a tempted to devise tests which
included items involving more than "simple recall, that is, involving
all levels of the cognitive domain of the taxonomy of educational ob-
jectives as classified by Bloom (1964) and others. This proved to be
most difficult. Continuing with this approach required more time and
effort than possible in this study. Thus, the resort to the simple re-
call and CLOZE (1967) procedure.
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TABLE 32.1

PRESENTATION SCHEDULE

Se s s ion Presentation
Compressed Rate

% of original taped time
55% to 100% 100% to 55% 100%

Gr OVID A Grou- B Crou.
1 "Needed: A Unifying

Theory of Education" by
Harr- Broud
"Educational Wastelands
or Fertile Fields" by
Arthur Bestor and Alan
Griffith
"The Central Purpose of
American Education" by
Theodore Brameld

55% 1 100%

65 0 85 0 100%

75% 85%

4 "Direction and Redirection
for Curriculum Change" by 85%
John Goodlad
"Sociological Knowledge and
Needed Curriculum Research" 85%
by .Louls_rRaths

6 "Teaching as Curriculum
Decision Making" by Virgil 100%
Herrick

;

100%

75% 100%

65% 100%

55% 100%

Analysis of Data

The first hypothesis was stated as follows:

H there will be no indication of significant changes in listening1 skills of students after listening to a series of materials at
compressed rates as compared to students who have listened
to the same materials at the original taped rate.

The analysis using analysis of covariance indicates that the null hypoth-
esis can be accepted (see Table 32 2). There were no statistically sig-
n3ficant changes in the mean scores of the three groups on the STEP Lis-
tening Test. However, it is interesting to note that the greatest difference
was in the control group which listened to all of the presentations at the
original taped rate. The mean score for the group which listened to the
material progressing from the original time to 55% changed sl:ghtly in a
negative direction. There was no change in Group A (55% to 100%).



TABLE 32. 2

MEAN SCORES ON STEP LISTENING TEST

Pre est ean Posttest Mean
Group A
55- 7o 1007'

75 8 75.8

Group B
100 to 5 76.5 74.1 (-2.4)
-roup C

100 76.3 73.4 (-2.9)

While a more detailed analysis of the individual scores is probably in
order, we have not done so--primarily because of the time and effort
involved and the feeling that further analysis of the data of this study
would not lead to further insights. (The individual changes in pre- and
posttest STEP Listening Test scores are presented in Table 32.3. )

TABLE

HANGES IN INDIVIDUAL PRE- AND POSTTEST SCORES
ON STEP LISTENING TEST

No. Group A
55 -o 100%

Group B
100 o 55%

Group
100%

1 + 2.8 + 8.4 -10.5
2 - 6 9 + 6.9 +12.5
3 - 5.5 - 9.8 +12.5
4 - 6.6 +26.4 -13.9
5 - 2.8 + 4.3 -13.4
6 - 4.1 -12.5 + 7.0
7 -13_ 8 - 1.3
8 12.6 - 4.2 + 8.4
9 - 2.8 - 2,8 - 8.2

10 - 8.3 -19.4 - 3.9
11 + 4.5 X* + 1.4
12 -11.2 - 1.4 - 5.7
13 + 3.0 X -13.9
14 +18 1

4+, 0- 4 7- +,
*Did not ake both pre- and posttes
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The second and third hypotheses were stated:

H : there will be no significant difference in the comprehension2 of taped materials when presented at a compressed rate as
compared to comprehension of the same materials presented
at the original taped time.
there will be no significant difference in the c mprehension of
a series of taped materials presented at rates which progress
from 55% of original rate to the original rate as compared to
the comprehension of the same series of materials presented
at rates which progress from the original rate to 55% of the
original rate.

There were no significant differences ln comprehension for either the
simple recalll or the CLOZE (1967) part of the comprehension quiz so
Hypothesis and Hypothesis

3
can both be accepted. The mean scores for

the three groups on the simple recall quiz (10 items on each quiz ) are
presented in Table 32.4.

TABLE 32.4

GROUP MEAN SCORESSIMPLE RECALL QUIZ

Presentation Group A
5 io 100-0

Group B
100% to 55

Group C
100%

5.1 4 9 5.1
4. 9 4.8 4.4

3 5.8 6. 1. 5.6
4 4. 9 5.3 5.3

6. 9 6.0 6. 9
6 1 5 6 3

The scores on the CLOZE (1967) procedure part of the quiz are presented
in Table 32.5 These percentage figures represent the proportion of the
blanks correctly filled in.

Comme

As has been indicated, this is a report of an attempt to study the relation-
ship of listening skills in the practical utilization of rate-controlled re-
cordings. An attempt was also made to assess the effect of progressing
from presentations which went from 55% to 100% as contrasted with pre-
sentations which progressed from 100% to 55% of original taped time.
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While no significant differences either in respect to listening skills or
comprehension were identified, the fact that there were no significant
differences may be "significant. " First, the results seem to indicate
that the limited exposure to rate-controlled recordings had little effect
on listening skills. Second, the rate of compression seemed to have
little effect on comprehension (at least as measured by the instruments
used in this study).

TABLE 32.5

GROUP SCORES FOR THE CLOZE PROCEDURE QUIZ

Presentation Group A
to_ 100

31

Gr oup B Gr oup
00 'o 55% 100

2 64% 62%
3 72% 68%
4 55% 49%
5 68% 64%
6 59% 47

34%
62%
66%
45%
68%
61%

It is clear (to us, at least) that much research on the listening process
and the development of listening skills is essential--especially if "listen-
ing" continues to be absolutely necessary for most school learning,
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CHAPTER XXXIII

DEAF CHILDREN'S AUDITION OF DISTINCTIVE FEATURES

WITHIN FREQUENCY-SHIFTED SPEECH

Daniel Lin

Problem

Several types of real-time coding amplifiers have been used in attempts
to improve the auditory discrimination of Ss with severe high frequency
hearing loss. Guttman and van Bergeijk (1958) used the vobanc (Bogart,
1956) to compress the speech spectrum by a factor of two. Johansson
(1961) developed a coding amplifier (transposer) in which high frequency
speech sounds are heterodyned against a 4,800 Hz reference tone to gen-
erate low frequency analog signals. Pimonow (1965), Ling and Druz
(1967), Lafon (1967), and Ling and Doehring (1969) each report the use
of different types of vocoder (Dudley, 1939). Guttman and Nelson (1968)
also describe an instrument for generating a low frequency pulse for
every n zero crossings of high frequency fricative sounds in natural
speech.

Most recentl , Biondi and Biondi (1968) describe a single channel trans-
poser which used a sample and hold process to accomplish multiple
transpositions of the input spectrum. The sampling frequency is variable
from 1,000-4,000 Hz and the instrument can provide, within the residual
hearing range of the 5, various degrees of transposition and overlap of
the sidebands generated in the sample and hold process. At a high fre-
quency sampling rate, the product of the process is similar to that of
Johansson's device.

Without exception, studies employing these various coding amplifiers
have shown that deaf Ss are able to learn to discriminate frequency trans-
posed speech. However, results are generally inferior to those obtained
with conventional (linear ) amplification.

*Dr. Daniel Ling is Assistant Professor, School of Human Communi-
cation Disorders, McGill University, 3465 Cote des Neiges, Montreal,
Quebec, Canada.
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Since it is impossible to find completely naive listeners, the problem of
comparing coded speect, with linearly amplified speech is complicated.
Deaf Ss old enough to respond reliably on auditory tests usually have
some familiarity with speech in its natural (linearly amplified) form.
In contrast, they have no prior experience with transposition which re-
quires the learning of a partly or completely new auditory code.

Bias favoring linear amplification is, therefore, inherent in experiments
comparing speech discrimination under the two processes. Two strat-
egies can be adopted to minimize the source of bias. The first is to
train Ss under each condition to crude limits of learning (Ferguson, 1956)
so that discrimination scores show no significant improvement with fur-
ther training. This procedure was used by Ling and Doehring (1969) in
a programmed learning experin-ient. The second is to compare Ss perfor-
mance on a task which requires no 1árnIng or experience at lexical or
semantic levels. Such a task was proposed by Travis and Rasmus (1931),
who designed a test employing like and unlike pairs of syllables such as
/pa-pa/ and /pa-ta/ which demand only a same-different judgment and
response.

The purpose of the present experiment was to explore the use of a same-
differcnt test paradigm in the evaluation of a frequency transposing de-
vice. To determine whether this test strategy yielded similar trends to
one involving training to as:rrnptotic performance, the vocoder and Ss
previously used by Ling and Doehring (1969) were employed.

Method

Subjec s

Ten boys, aged 7-11 years, attending the Montreal Institut des Sourds
-were selected. All were of average or above average ability. Half of
the group had been trained to crude limits of learning with conventional
amplification and half with frequency transposition immediately prior to
this experiment. All Ss had poorer hearing for high frequency sound than
for low. Hearing levels at 1,000 Hz ranged from 70-110 db (mean
87.5 db).

Materials

Stimuli were five sets of three consonants c mbined with the vowel / / .

The sets were as follows: /s, 1, v/ ; /d, 3, z/ ; /t, d, b/ ; /f, p, k/ ;
and /n, 1, z/ . Syllables in each set were combined in all possible ways
to yield nine pairs, three of which were the same (e g. sa-sa) and the
remainder different (e.g., sa-.ca.). Each set was then used to construct
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five corresponding series each containing 36 same pairs and 36 different
pairs. The 72 items in each series were listed in random order and
then recorded on tape by a female speaker. The interval between syl-
lables in each pair approximated O. 25 seconds,

Apparatus

A Uher 5000 tape recorder was used to record and play back the sti_ uli.
The transposing instrument was a vocoder. Described by Ling and
Doehring (1969), it analyzed sounds from 1,000 to 4,000 Hz in 10 loga-
rithmically spaced bandwidths. The 10 corresponding analog channels
were spaced at intervals of 100 Hz from 100 to 1,000 Hz. The instru-
ment included one linear channel with a frequency range 70-7,000 Hz and
switching to permit linear amplification to both ears, transposition to
both ears, or linear amplification to one ear and transposition to the
other. In the present experimen. the first two of these three conditions
were employed. Output of both linear and analog channels to TDH 39
earphones was controlled to approximately 120 db by means of a VU
meter.

Subjects responded by pressing one or other of two buttons on a response
device. The device, controlled by a logic circuit constructed with Digi-
Bits solid stare programming modules, incorporated two same- and two
different-colored light bulbs. Inaudible pulses recorded on the tape,
closed or opened circuits in such a way that when a correct response was
made, the appropriate pair of bulbs would light. Thus, automatic feed-
back to the Ss and examiner was provided on correctness of response.

Procedure

Subjects were first trained to make same and different judgments about
pairs of shapes or colors. As soon as satisfactory performance had been
obtained, similar pretraining was provided with auditory stimuli under
each amplification condition (conventional amplification to both ears and
transposition to both ears ) The five test series were then administered
in a counterbalanced order to each S under each condition of amplification.

Testing took place in a quiet, distraction free room. The S and examiner
sat side by side facing the table on which the equipment was arranged.
The examiner stopped the tape recorder after each trial, recorded the
S's response and restarted the recorder for the next trial. About 10
minutes work was required to complete each series. Two series (one
under each amplification condition) were administered on each of 5 con-
secutive days.

6
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On completion of the testing schedule, Ss were given a series of 100
iter s in the absence of auditory stimuli and asked to guess whether each
item, if heard, would have been the same or different. The purpose of
this control procedure was to determine whether Ss tended to respond
more frequently to one button than to the other. Bias toward the right
was predicted on the basis of work carried out by Bindra, Donderi, and
Nishisato (1968).

Results

Data obtained from the control procedure were examined and a signif-
icant preference for responses to the right (same) button was found
( = 3.42; p <0.01). In all, 53.8% of responses in the absence of sound
were made to the riaht and 46.2% to the left. Results for same yi.d

different r_ ponses were, therefore, analyzed separately.

The nurnbe-- of pairs correctly identified as being the same and diffe
increased over the testing period. Oti.t of a possible 36, mean same
scores increased from 26.3 to 3j. 4 and mean different score's from
23.0 to 26.1. Nonparametric trend analysis (Ferguson, 1965) showed
that both gains were significant beyond the 0.05 level. These increases
refle-t the extent to which on e form of learning occurred.

en_

Subjects' scores under each amplification condition for same and different
items correct, pooled across the first five series, are shown in Table
33.1. Differences between Sd, which were significant beyo-ild the 0.01
level (for sames, F = 13.174; for differents, F = 7.893; both with 9/ 3E df),
were not correlated with pure-tone hearing loss. Conventional amplifi-
cation was superior to transposition both for pairs which were correctly
judged same (F = 13.182, df = 1/ 36, p <0.01) and those correctly
judged different (F = 4.455, df = 1/ 36, p <0.05). The series, as ex-
pected, were found to be of unequal difficulty (for sames, F = 4.864;
for differents, F = 11.316; both with 4/ 36 df, p <0.01). In general,
series 1 and 4, constructed exclusively with unvoiced consonants, yielded
the poorest scores, but there was a significant Subjects x Series inter-
action for different pairs (F = 32.833, df = 4/ 36, p < 0.01). The vari-
ance due to Subjects x Conditions interactions was negligible (F < 0.6,
df = 9/36 for both same and diSferent items correct). Thus, Ss' perfor-

lance did not reflect previous training under one or other of the two
amplification conditions.

Subjects' scores for each same and each different pair were then pooled
and the proportion of correct responses obtained under each amplification
condition was calculated. Results of this analysis are presented in
Table 33.2. Examined within the framework of the distinctive feature
system proposed by Chomsky and Halle (1968), these results suggest



342

that pairs differing by more than one distinctive feature are more readily
recognized as unlike than those differing by only one. Thus, a smaller
proportion of correct responses is associated with /sa-fa/ , / 3a-za/,
/ da-ba/ , and / pa- ka / than with / da- 3a/ , / fa-ka/ , and / na- za/ How-
ever, /fa-va/ and /ta-da/ , which are differentiated by only one feature,
were more frequently judged as unlike than /na-la/ which differs by
three. Surprisingly, these comparisons hold good for both conditions
of amplification. While transposition changed the frequency character-
istics of these sounds, it did not appear to make any of them easier to
hear relative to conventional amplification.

TABLE 33.1

THE NUMBER OF PAIRS CORRECTLY JUDGED TO BE
SAME OR DIFFERENT BY EACH SUBJECT UNDER

EACH CONDITION OF AMPLIFICATION.
EACH CELL REPRESENTS RESULTS

FOR 350 PRESENTATIONS

Sub e t a
onventional
e Different

Transposition
Same Different

1

3

4
5

6

7
8

9
1 0

Sum

151
166
145
153
155
134
120
143
164
156

1,530

126
115
106
123
142,
117
121
107
143
127

1,227

136
150
128
136
148
127
101
141
157
155

1,379 1

109
103
105
106
129
127
132
105
129
128

173
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TABLE 33. 2

THE PROPORTION OF CORRECT RESPONSES ASSOCIATED WITH
EACH PAIR OF SYLLABLES IN RELATION TO THE TWO

AMPLIFICATION CONDITIONS EMPLOYED.
CONVENTIONAL (CONV. ) AND

TRANSPOSITION (TRANS. )

Series:
1. Item s-s f- f v-v s-f s-v f-v

Cony. 0. 78 ) 82 O. 79 O. 33 0 66 O. 88
Trans. 0. 84 0.80 0. 69 O. 40 O. 63 O. 84

Item d-d 3-3 z- z d-3 d-z 3-z
Cony. 0. 88 0 90 O. 77 O. 95 0. 86 O. 42
Trans. O. 89 0. 90 O. 82 O. 88 O. 86 O. 45

Item t-t d -d b-b t-d t-b d-b
Conv. O. 78 0. 81 O. 82 O. 73 0. 70 O. 62
Trans. O. 73 0. 70 O. 74 0. 71 O. 62 O. 53

Item f-f p-p k-k f-p f-k p-k
Cony. 0. 82 O. 78 O. 87 O. 78 0.82 O. 45
Trans. O. 73 O. 64 O. 72 O. 59 O. 70 O. 45

5. Item
Cony.
Trans.

n-n 1-1 z-z n-1 n-z 1-z
O. 90 0 86 O. 77 O. 41 0. 94 0. 82
O. 75 O. 84 O. 69 0.46 O. 82 0. 80

Discussion

In a previous experiment by Ling and Doehring (1969) using the same Ss
and the same transposition process, no significant differences were found
between the two amplification conditions. In the present study, results
significantly favored conventional amplification over transposition. in
the former, Ss were trained to asymptotic performance in the discrimi-
nation of words through programmed instruction; in the latter, Ss were
not trained to crude limits of learning, and syllables rather than words
were employed. Furthermore, scores increased significantly over test ng
sessions. Had training to crude limits of learning been provided on the
task prior to testing, results may not have favored conventional amplifiT
cation. The findings relating to differences in amplification conditions
must therefore, be regarded as tentative.
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Fail,ire to find a significant Subjects x Conditions interaction strongly
indic,Aes that Ss previously trained to asymptotic performance on
transposition had no particular advantage on this test, which may tap
a more fundamental type of discrimination skill than the one involving
words. Certainly, the Ss were unable to generalize from their previous
experience with transposition.

The use of a test constructed with syllables does not necessarily have
the predictive value of a test structured with words. Discrimination of
words and ward sequences, rather than discrimination of syllables,
underlies our every day communication. The successful differentiation
of the cognate pairs / t-d/ under conventional amplification, for example,
may not have been due to better-than-chance perception of spectral dif-
ferences. Responses might simply have reflected the extent to which the
sound /d/ was audible and the other sound, /t/ , inaudible. In a same-
different test, audibility versus inaudibility of the releasing phoneme is
sufficient to yield a high proportion of correct scores, yet in the discriii -
ination of words, such a contrast might well be meaningless. This is
not to say that an adequate test of hearing for speech for deaf Ss cannot
be constructed using syllables in a same-different test paradigm But
this example suggests that extremely careful study of stimulus dimen-
sions is required over and beyond the classification of consonants within
a distinctive feature system.

The very similar results for transposition and conventional amplification
in relation to unvoiced sounds are surprising since the frequency of the
speech patterns presented by each are enormously different. That the
transposed spectrum falls well within the range audible to each S has
been clearly demonstrated with spectrograms of the frequency shifted
stimuli (Ling, 1968). Failure to differentiate certain transposed stimuli
is, therefore, more likely to be due to discrimination deficits of the type
described by Pickett and Martin (1968). These writers have demon-
strated that low frequency discrimination of speech-like sounds tends
to be poorer among Ss with profound hearing loss than among those with
less severe auditory impairment.

The Subjects x Series interaction probably reflects two phenomena: that
.Ss tended to be consistent though idiosyncratic in responding to stimuli
within series and that learning occurred across test sessions.

Differences between series may have been related to the relative audi-
bility of phonemes. On items judged to be different, Scheff4's test
showed that results for series 1 and 4 were significantly poorer than
those for series 2 and 5. The former were constructed with unvoiced,
the latter with voiced consonants. Additionally, series 1 and 4 contained
less distinctive feature contrasts than series 2 and 5. Neither possi-
bility, however, satisfactorily accounts for the significant differences
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between series. For example, the / s-f/ item in series 1 and the /d-b
item of series 3 arc both differentiated on one distinctive feature dimen-
sion, namely acute/grave, yet the proportion of correct responses for
the voiced pair is significantly greater than for the unvoiced pair. How-
ever, consonants within the pairs /3-z/ and /p-k/ are also differen-
tiated by only one feature, namely diffuse/ compact, but significantly
more correct responses are not associated with / 3-z/ .

Information theory (Abramson, 1963) would predict a trend for series of
items differentiated by several distinctive features to be more frequently
judged unlike, than a series differentiated by fewer features. Items
which are exceptions to this trend have already been mentioned, and
exceptions might simply be due to one or more of the several feature
differences being inaudible or to some form of interaction between fea-
tures. Since a consonant sound may sometimes be identified by modi-
fication of the adjacent vowel (Delattre, Liberman, & Cooper, 1955)
and the extent of vowel modification depends on the transitions intrinsic
to each syllable (Wang 8.r Fillmore, 1961), different results for features
in each series might also be expected if different vowels were used.

In brief, conside -ably more needs to be known about the speech wave
correlates of the various features, the simultaneous and successive con-
text effects assoeated with them, their relative audibility, and the mech-
anisms by which deaf Ss encode speech, before explanation of differences
found between series in this study rises above a conjectural level.

Conclusions

The use of pairs of like and unlike syllables which Ss judge to be the same
or different was shovrn to have some disadvantages. Subjects could use
related cues (such as audibility versus inaudibility) rather than spectral
differences in making discriminations.

Improvement in scores over sessions showed that training to crude limits
of learning with same-different test material would be necessary if valid
comparisons of amplification conditions are to be made on the basis of
data yielded by such a test.

Results suggested that discrimination of distinctive features was depen-
dent upon context.

Results differed from those obtained wi.h words in a previous study in
that present findings tentatively suggest the superiority of conventional
amplification over this form of transposition.
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The hypothesis that .Ss previously trained to asymptotic performance
with words under one or other amplification condition would achieve
better results under that condition when tested with like and unlike
pairs of syllables was not supported.

The development of an adequate test of discrimination for deaf Ss
which uses a same-different paradigm requires further research.
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CHAPTER XXXIV

THE EFFECTS OF TRAINING ON THE INTELLIGIBILITY

AND COMPREHENSION OF FREQUENCY-SHIFTED

TIME-COMPRESSED SPEECH BY THE BLIND*

Paul E. Rest- **

Introduction

Recently, attempts have been made to compress speech in time through
the use of mechanical and electronic t--chniques. The speech which is
speeded in this manner is called time-coinpressed speech. The tech-
niques vary widely, however, in their complexity, sophistication, expense,
and current availability. One of the more sophisticated techniques is the
samplinK method of Compressing speech. Words which are speeded using
the sampling teclmique are easily understood and free of pitch distortion,
but the necessary equipment is expensive and not readily available. It
is anticipated that a time lag of several years will exist before the sam-
pling technique equipment and materials will become widely available to
blind learners.

In contrast to the sampling method, the simplest least expensive, and
most widely available technique for compressing speech has received
little attention by researchers. This technique, known as the A.p,s1-,_
changing method, involves playing back a recording at a faster speed
than that at which it was recorded. The rapid playback conveniently ac-
celerates the speech rate but also results in a frequency shifting of the
original speech sounds. Nevertheless, a number of blind listeners who

*A complete report of this research project is contained in the author's
"The Effects of Training on the Intelligibility and Comprehension of
Frequency-Shifted Time-Compressed Speech by the Blind, AEEM-298,
Goodyear Aerospace Corporation, Litchfield Park, Arizona, Ma 15, 1968.

**Dr. Paul E. Resta is Group Head, Lnstructional Management Systems,
Southwest Regional Laboratory for Educational Research & Development,
11300 La Cienega Boulevard, Inglewood, California 90304.
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are unable to accomplish their nv-quired reading in the time available
have trained themselves to listen to their tapes and records played back
at double speed with little loss of comprehension (Taylor, 1967).

Dependent Variables

frnproving the intelligibility and comprehension of frequency-shifted (FS)
time-compressed speech by training the listener is an obvious possiblity
but one which has, as yet, remained unexplored. The objectives of the
present study were to determine whether training could significantly in-
crease the intelligibility and comprehension of FS time-compressed
speech by blind students and to investigate the effects of selected per-
mutations of four potentially relevant variables in a training situation.
The four variables selected for the study included practice listening;
speech rate presentation mode; type of training material; and feedback.

Prac ice Lis enin to FS S eeded S eech

Since differences were found between groups provided with practice listen-
ing to nonfrequency-shifted (NFS) speeded speech and those which had not,
it was similarly hypothesized that Ss provided with practice listening to
FS compressed speech would show higher performance than those who had
not.

S eech Rate P ation Mode

Based on the findings of NFS compressed speech research, it was hypoth-
esized that a gradually increasing speech rate would result in greater in-
telligibility and comprehension of FS compressed speech than would a
constant speeded rate. The gradual increasing of speech rate may be
considered to be a means of successively approximating a difficult task.
Successive approximation has long been established as an effective tech-
nique for learning many complex tasks and its superiority over direct
practice of the terminal task has been demonstrated in many instances.

Type of Trainin,g Material

In listening to FS speeded speech the listener is not only confronted w th
the problem of receiving information rapidly, but also with accepting
this increased information flow in terms of FS sound components. Dis-
criminating the FS speech may be similar in some respects to translating
a foreign language. The learner has to associate new sounds (different
both in terms of frequency and syllable durations) with
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their unspeeded counterparts. A potentially effective traIning program
would appear to be one which combines two strategies: (1) the organi-
zation of verbal stimuli (according to their phonemic similarities and
contrasts) to facilitate the discrimination of Phonemes at the speeded
level of presentation; and (2) the separation of the problem of the dis-
c ia-ination of the individual FS 122.9s_..gunits from that of the problem
of increased information flow (at least in the initial stages of training).

The materials developed in the linguistic approach to teaching reading
(e. g., Bloomfield & Barnhart, 1961) are consistent with both of the two
strategies for they are based on: (1) a careful organization and sequen-
cing of verbal stimuli; and (2) the similarity and contrast of the speech
sound compore.nts. Typically, the linguistic materials first present
short lists of individual words followed by the presentation of these same
words in reading passages. This arrangement allows the Ss to discrim-
inate selected individual FS message units before they are imbedded into
passages of continuous discourse.

Another desfrable feature of the linguistic approach is that it uses a
logIcal "buil6ing-b1ock" approach in the development of sequences of
verbal stimuli. This approach provides greater opportunity for pract ie
of previously learned discriminations throughout the training program.
Based on the above considerations, it was decided that the research pro-
ject should include a comparison of the linguistically structured verbal
materials and the narrative, explanatory continuous discourse materials
used in previous time-compressed speech, research.

Feedback

The use of feedback has not been explored in previous time-compressed
speech training research. The results of a vast array of laboratory and
classroom ex-periments, however, clearly indicate that feedback is an
important condition for effective learning (Travers, 1966). It was thus
decided to investigate the effects of feedback on the learning performance
of Ss exposed to FS time-compressed speech.

Hypotheses

A directional hypothesis was presented based on the following four e-
search hypotheses:

Hi: practice listening to speeded speech would result in higher
performance than no practice listening to the speeded stimuli..

H : training with linguistic materials would result in more ef-
2 fective discrimination of FS time-compressed speech than

conventional continuous discourse materials.
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a gradually increasing speech rate would result in higher
performance than a constant speeded rate which, in turn,
would be more effective than a constant unspeeded rate.
feedback would result in higher performance than a no-
feedback treatment condition.

Description of T eatments

In the present study seven distinct treatment conditions were developed
to assess the training effectiveness of specific interactions of the fol-
lowing variables: practice listening to FS time-compressed speech; type
of training material; speech rate presentation mode; and feedback.

Practice Listening to FS Ti e- Comessed Speech

The two treatment conditions related to this variable consisted of (a)
providing Ss in Treatment Groups 1-6 with practice listening (or exposure)
to FS time-compressed speech; (b) providing Ss in Treatment Group 7
with practice listening to only unspeed3d listening materials. The amount
of listening practice to FS compressed speech provided the treatment
groups is shown in Table 34.1. Groups 1, 3, and 5 (gradually increasing
rate groups) had 2.31 hours of listening practice; Groups 2, 4, and 6 (con-
stant speeded groups) had 2 hours of listening practice; and Group 7 had
no practice listening to the speeded verbal stimuli. Table 34.2 indicates
the training session times for all treatment groups. The session time
differentials between Tables 34.1 and 34.2 represent the unspeeded mate-
rials presentation time. The unspeeded material consisted of instructions,
test questions and alternative choices, and feedback (for Groups 1 and 2).

TABLE 34.1

COMPRESSED SPEECH LISTENING PRACTICE TIME
(IN MINUTES) FOR ALL TREATMENT GROUPS

Treatment
Grou

Training_ session To:al
4 5

30 26 ZZ 21 20 20 139
20 20 20 20 20 20 120

3 30 26 22 21 20 20 139
4 20 20 20 20 20 20 120
5 30 26 22 21 20 20 139
6 20 20 20 20 20 20 120
7 0
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TABLE 34. 2

TRAINING SESSION TIME (IN MINUTES) FOR ALL
TREATMENT GROUPS

Treatment
Grou

rainin session Total

1 50 45 42 4 40
2 50 40 40 40 40
3 40 28 26 26 25
4 35 25 25 25 25
5 45 35 30 30 30
6 40 30 30 30 30
7 60 50 50 50 50

Type of Training Material

0
40
25
25
30
30
50

258
250
170
155
200
190

10

The two treatment conditions related to this variable consisted e linguis-
tic training and continuous discourse training. In the linguistic training
treatment condition, the verbal stimuli were organized and sequenced
according to their linguistic components. Individual words were presented
singly, followed by presentation of words in short passages of continuous
discourse, the le,ngth of which was progressively increased throughout
training sessions.

In the continuous discourse training treatment condition, the reading se-
lections varied from 4 to 15 paragraphs in length and were similar to the
type of material used in previous NFS compressed speech research (Voor,
1962).

Speech Ra e Presentation Mode

Three speech rate presentation modes were utilized in this experiment
including: (a) a constant normal speech rate; (b) a gradually increasing
speech rate; and (c) a constant speeded speech rate. In the constant
normal speech rate treatment condition, all of the stimulus materials
were presented at the criterion oral reading rate of 244 syllables per
minute (spm). As shown in Figure 34. 1 , the terminal speech rates for
the gradually increasing speech rate mode training sessions wire 380,
430, 460, 475, and 488 spm, respectively. I n the constant speeded speech
rate presentation mode, all of the verbal stimulus materials were pre-
sented at the criterion speeded speech rate of 488 spm.
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CONSTANT SPEEDED RATE

GRADUALLY INCREASING SPEEDED RATE

CONSTANT ONSPEEDED RATE

TREAWENT SESSION

5 6

Figure 34.1. Treatment session speech rates for the constant
peeded, gradually increasing, and constant unspeeded speech rate

presentation modes.



Feedback

Two treatment conditions were related to this variable. In both treat-
ment conditions the Ss 11--Ird single words afld short sentences which
were presented at a speeded rate. They were tlien asked to identify the
message by saying it aloud softly. In the feedback condition, following
a short pause, the Ss were presented with the verbal stimuli repeated
at an unspeeded rate. In the no-feedback treatment condition repetition
of the speeded verbal stimun (either in speeded or unspeeded form) was
not provided the Ss.

Subjects

The Ss consisted of 70 blind, institutionalized students of both sexes
(grades 7-12) from the Ohio State School for the Blind. The Ss were
native speak trs of English. None had any previous exposure to speeded
speech or listening instruction programs, and all were without hearing
impairment. The Ss were blocked by grade and randomly assigned to
treatment groups using the table of random numbers. No attempt was
made to classify by sex or visual status, as the research literature does
not support the notion of differential compressed speech listening abil-
ities related to these categories.

Ex: a-imental Design

A posttest-only control group design was used in which the independent
variables were listening practice to FS time-compressed speech, type
of training, speech rate presentation mode, and feedback. Intelligibility
(as measured by the Black Multiple-Choice Intelligibility Test, Form C)
and listening comprehension (as measured by the Sequential Tests of
Educational Progress Listening Subtest, Form 2A) were the dependent
variables. A single classification analysis of variance was used in which
comparisons were made between permutations of the independent vari-
ables. Tbe seven distinct permutations of variables selected for the
study included, can be seen in Table 34.3.

It is obvious from an inspection of Table 34.3 that only a limited number
of the possible permutations were included in the present study. Other
permutations of interest (e. g., ACEF, AGEF, BG) had to be excluded
because of the limited number of Ss. The ABCE-ABC and ABDE-ABD
permutations were selected to provide a comparison of the effects of
feedback with type of training material (linguistic), speech rate presen-
tation mode, and listening practice to FS time-compressed speech held
constant. The ABC-ACF and ABD-ADF permutations were selected to
provide a comparison of the effects of tr,e of training material with
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listening practice to FS compressed speed and speech rate presentation
Inode held constant. The ACF and ADF-FG permutations were selected
to provide a comparison of the effects of listening practice to FS time-
compressed speech with type of material held constant. The ABCE-
ABDE, ABC-ABD, ACF-ADF permutations were selected to provide a
comparison on the effects of speech rate presentation mode holding type
of training material and feedback constant.

TABLE 34. 3

SCHEMATIC REPRESENTATION OF EXPERIMENTAL DESIGN

Treatment
roup

1

2
3

4
5
6
7

A
= Linguistic training material

Treatment
description*

ABCE
ABDE
AB
ABD
ACF
ADF
FG

- Listening practice to FS time-compressed speech

- Gradually increasing speech rate
= Constant speeded speech rate
= Feedback

Continuous discourse material
= Listening practice only to unspeeded speech

(constant unspeeded speech rate)

Procedures

The experiment proper was conducted during 9 consecutive school days
(excluding weekends). Each treatment group received six training ses-
sions and two testing sessions.

Training Phase

At the beginning of the first training session, the Ss were directed to the
listening stations. The Ss were then instructed on the location and oper-
ation of the station headsets.
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Following a presentation of a brief "warm-up" listening selection, the
Ss were queried about their ability to hear the recording and the comfort
of the headsets. Adjustments were made as required followed by a pre-
sentation of the initial instructions at an unspeeded rate.

After the instructions were given, any questions regarding the nature of
the task to be performed by the Ss were answered by the E. Following this
the training stimuli were presented.

Treatment Group 1 was presented with stimulus materials arranged ac-
cording to their linguistic components. The verbal stimuli were pre-
sented according to the following scheme:

.p..eeded Stiiiiuli Uns eeded Feedback
_-second pause------ 'can--can

"Dan" "Dan"
"Dan ran a van. " "Dan ran a van.
"Dan ran a tan van. " "Dan ran a tan van.

I I

I I

The students received the following instructions: "You are going to hear
some words that are presented at a fast speed. Listen carefully and say
aloud softly what you think each fast word is. After a short pause, you
will hear the same word at a normal speed. If you are not sure what the
fast word is, try to guess. Ready -the first word is--------can
(speeded)-------- (2 seconds) -can (unspeeded) man
(speeded)--------(2 seconds)------ man (unspeeded) etc.

Similar instructions were used for the short sentences that followed the
individual words. Students were not requested tc say aloud any verbal
stimuli longer than a sentence of 10 words. In the first session the stim-
ulus materials were presented initially at a rate of 244 spm and gradually
increased to a rate of 380 spm. Figure 34.1 shows the initial and termi-
nal speech rates for each session.

Treatment Group Z was subjected to the same treatment conditions as
Treatment Group 1 with the exception that the speech rate was held con-
stant at the criterion speeded rate (488 spm) during all six sessions.

Treatment Group 3 received the same training conditions as Treat-ient
Group 1 with the exception that no feedback was provided.

Treatment Group 4 received the same training as Treatment Group 2 ex-
cept that no feedback was provided.

Treatment Group 5 was presented with continuous discourse textual ma =-
rials at a rate which was gradually increased to the criterion speeded
rate during the first five sessions.
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Stimulus ma erials consisted of reading passages of varying length
(ranging from approximately 4 to 15 paragraphs). The following in-
structions were provided the Ss: "You are going to hear a reading se-
lection presented at a fast speed. Listen carefully and see how much
of it you can understand. "

Treatment Group 6 was presented with the same materials as Treatmen
Group 5, but the speech rate was gradually increased to the criterion
speeded rate over the first five sessions.

Treatment Group 7 was presented with the same stimulus materials as
Treatment Groups 5 and 6, but they were presented at a constant un-
speeded rate (244 spm).

TestIng Phase

Separate test sessions were required for the intelligibility and the com-
prehension tests.

InteUigibility test. The intelligibility test consisted of three word
lists from the Black Multiple-Choice Intelligibility Test. The test item
number was presented at a normal rate followed by presentation of the
speeded word after a 1-second pause. The S was then provided with four
word choices (including the stimulus word) at the unspeeded rate. Sub-
jects indicated their choice of alternatives by marking the appropriate
box on their braille cell answer sheets.

Comprehension test. The reading selections were presented to the
Ss at the rate of 488 spm. Each listening selection was then followed by
its multiple-choice questions presented at a normal rate. The Ss indi-
cated their choices of alternatives by marking on braille cell answer
sheets.

Expe rimental Equipmen

All stimulus materials were presented to the Ss via the Dukane Triumph
60 solid state Level II Audio Learning Lab. This lab consisted of a cen-
tral console and 10 listening station booths, aligned in two rows on op-
posite sides of the room. The console tape deck consisted of an Ampex
dual capstan drive tape recorder.
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The mean scores of treatment groups, as shown in Table 34.4, ranged
from a high of 58.7 (Group 1) to a low of 44.0 (Group 7) on the 81-item
test. The standard deviation of the scores varied from 7.13 (Treatment
Group 4) to 13.81 (Treatment Group 7). A comparison of the treatment
group means ordered according to the hypotheses, reveals that the rela-
tive magnitude of the means occurred in the predicted order with the ex-
ception of the Treatment Groups 5 and 6 reversal.

TABLE 34.4

INTELLIGIBILITY TEST SCORES FOR ALL
TREATMENT GROUPS

Treatment
OU ean S.D.

1 58. 7 7.87
2 55.8 7.13
3 52.6 7.96
4 49.2 9-61
5 49.2 9.61
6 50.6 9.25
7 44.0 13. 81

As shown by the histogram in Figure 34.2:
1. All groups which were provided with practice listening to FS time-
compressed speech (Treatment Groups 1-6) had higher mean scores
than did the group which had no practice with the speeded stimuli (Treat-
ment Group 7).
2. All groups which used the linguistic training materials (Treatment
Groups 1-4) had higher means than those obtained by the groups using
the continuous discourse training materials (Treatment Groups 5-7).
3. The linguistic training groups receiving feedback (Treatment Groups
1 and 2) obtained higher mean values than did the no-feedback groups
(Treatment Groups 3 and 4).
4. The linguistic training, graaually increasing speech rate groups
(Treatment Groups 1 and 3) obtained higher mean values than did the
linguistic training, constant speeded speech rate groups (Treatment
Groups 2 and 4). However, a reverse relationship was observed in the
continuous discourse training condition. The constart speeded speech
rate group (Treatment Group 6) obtained a higher mean intelligibility
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TREATMENT GROUPS

Figure 34. 2.- Mean intelligibility test sco es of ordered treatment
groups.
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score than did the gradually increasing and the constant unspeeded groups
(Treatment Groups 5 and 7).

Table 34.5 shows the ANOVA table for a single classification analysis
of variance of the intelligibility criterion test scores. The obtained
F value of 2.34 is significant beyond the 0.05 level of confidence. Using
the Newman-Keuls method for testing the difference between all pairs of
means, the only mean difference found to be statistically significant is
the one between Treatment Group 1 (practice listening with FS speeded
speech, linguistic training materials, gradually increasing speech rate,
and feedback) and Treatment Group 7 (practice listening to unspeeded
speech, continuous discourse training materials, constant unspeeded
speech rate, and no feedback).

TABLE 34.5

ANALYSIS OF VARIANCE OF INTELLIGIBILITY TEST
SCORES FOR ALL GROUPS

Source variance
Treatment
Within groups

Total

63

69

1,334. 9
5,966.20
7,391.09

22.48
94.70

2.34*

*p < O. 05

New _an-Keuls

Treatment
1234567

Comprehension

The mean percentage scores of treatment groups, as shown in Table
34. 6, ranged from a high of 44.0 to a low of 34.0 on the 80-item test.
The magnitude of the standard deviations varied from 7.13 to 11.86.

A comparison of the treatment group means, ordered according to the
directional hypotheses, indicates that the means of Treatment Groups 3,
4, and 5 are not consistent with the predicted sequence. The table also
shows that:
1. All groups provided with practice listening to the FS time-Compressed
speech (Treatment Groups 1-6) obtained higher means than the group
which had no practice with speeded speech (Treatment Group 7)
2. No gross differences can be observed between the linguistic training
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and continuous discourse groups.
3. The linguistic training groups receiving feedback (Treatment Groups
1 and 2) obtained higher means than did the no-feedback linguistic train-
ing groups (Treatment Groups 3 and 4).
4. Two of the three gradually increasing speech rate groups (Treatment
Groups 1 and 5) had higher mean scores than did the comparable groups
having a constant speeded speech rate presentation mode (Treatment
Groups 2 and 6). A reverse relationship was found in Treatment Groups
3 and 4. In this instance the linguistic no-feedback constant speeded
treatment group obtained a slightly higher mean (0.3 difference between
means) than the comparable gradually increasing speech rate group.

TABLE 34. 6

COMPREHENSION TEST SCORES FOR ALL
TREATMENT GROUPS

Treatmen_
group Mean S.D.

1 44.0 7.13
42.7 11.12

3 38. 9 10.43
4 39.2 7.29
5 42. 9 8.14
6 38.0 8.47

34.0 11.86

A single classification analysis of variance of the STEP Listening Com-
prehension Test scores was performed. As shown in Table 34.7, the
overall difference among the means tested by analysis is not significant.

TABLE 34.7

ANALYSIS OF VARIANCE OF STEP LISTENING SUBTEST
SCORES FOR ALL TREATMENT GROUPS

Source o
Treatment 6
Within groups 63

Total 69

735.38
5,561.50
6_ 296.88

122.56
88.28

1.38



Discussion

The major finding of the present study was that a discrimina ion train-
ing procedure incorpor- '-'ng practice listening to FS time-compressed
speech; linguistic training materials; gradually increasing speech rate;
and feedback can significantly increase the intelligibility of FS time-
compressed speech. This finding is consistent with the findings of
Staats, Staats, and Schutz (1962) and other investigators that stithulus
discrimination pretraining results in positive transfer to a later task
when the same or similar stimuli are presented in that task. Although
a statistically significant difference in intelligibility performance wa
only found between Treatment Group 1 (group receiving all hypothesized
optimal training conditions) and Treatment Group 7 .(control group), the
trend of the mean values of the other treatment groups is provocative.
With one exception, the magnitude of the intelligibility test means from
Treatment Groups 1-7 is generally consistent with the predicted order.

The intelligibility fin,lings have important implications for future com-
pressed speech research. The major limitation of the widely available
speed-changing method has been its reported initial low intelligibility
as compared to speech compressed by the sampling method. This lim-
itation has been the primary rationale for not exploring the application
of the speed-changing method to the information acquisition problems of
the blind student. It is hoped that the finding that a niodest amount of
training can significantly increase the intelligibility of FS compressed
speech will result in the speed-changing method receiving greater re-
search attention in the future.

In contrast to intelligibility performance, no statistically significant
differences were found between groups on the comprehension measure.
The 10-point differential between GrJups 1 and 7, however, is provoc-
ative. Two possible explanations for these findings are as follows:
1. It is well established that perception of the individual message units
is a necessary but not sufficient condition for comprehension of contin-
uous discourse. Although intelligibility was improved through training,
it is possible that a higher percentage of word intelligibility is required
for significant improvement in comprehension than was obtained in the
present study. It is also possible that, with more extensive training
than the brief amount provided in the present study, greater gains would
be made in both intelligibility and comprehension performance.
2. The lack of a concomitant statistically significant increase in com-
prehension performance may at least partially be a function of the rate
at which the information was presented. The findings of a recent study
using NFS time-compressed speech by Foulke and Bixler (1967) indicate
that a marked loss in comprehension, without appreciable loss of intel-
ligibility, occurs at speech rates exceeding 325 words per minute (wpm).
It can be hypothesized, therefore, that the 350 wpm speech rate used in
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this study assuming similar syllable/word ratios in the Foulke and
Bixler materials and those used in this investigation) may have exceeded
the information processing capabilities of many of the Ss. To investigate
this possibility it is suggested that the effects of training on the intel-
ligibility and comprehension be studied at speech rates at or below the
325 wpm rate.

Because of the restricted N, there were a number of permutations of
variables that were not included but would be worthy of investigation
in future studies. For example, the use of feedback with continuous
discourse training materials may also merit exploration, not only in
FS time-compressed speech research) but in NFS time-cowpreissed
speech as well. In addition other dimensions of the four indepeindent
variables identified in the present study should be investigated lin future
compressed speech research, e. g. , greater amounts of listening prac-
tice to FS time-compressed speech, shorter or longer acceleration in-
tervals in gradually increasing the speech rate, and varied amounts of
feedback. Greater research attention should also be directed to the
nature of the training materials themselves. Little has been done, thus
far, in identifying and analyzing the variables associated with the stim-
ulus materials other than the mechanical aspects of accelerating the
speech rate. Little is known, for example, about the effects of such
variables as passage length, word difficulty, and type of subject matter
on the intelligibility and comprehension of time-compressed speech.
Typically these variables have either been ignored or assumed to be
controlled through the use of formulas designed for measuring the dif-
ficulty level of reading materials. Whether the formulas widely used
in compressed speech research (e.g. , the Dale-Chall formula) are
valid measures of the difficulty of listening materials has not as yet
been established.

Another recommendation, based on the results of the present study, is
that greater attention should be focused on the dependent variables used
in compressed speech research. Intelligibility and comprehension have
been the only dependent variables included in previous studies of speeded
speech. The intelligibility tests have typically consisted of the recog-
nition of single words, while comprehension has been measured by asking
questions regarding the content of continuous discourse passages ranging
in length from a few paragraphs to several pages. Between these two
types of measures there is obviously a large "no-man's-land" about
which we know very little. It is suggested that in future compressed
speech research, measures such as the recognition/ recall of short sen-
tences, long sentences, and short paragraphs also be used to provide
more definitive information on this uncharted territory. Measures such
as the above may help provide the badly needed data on the inter-
relationships between the quantity of information and the rate at which it
is transmitted.
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