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INTRODUCTION
"To hear is as natural and effortless an occurrence as it is invisible,
Man would as soon ask himself how breathing keeps himphysically alive as
how hearing keepshimpsychologically alive"
- Leving(1960, pg 17)

If one had to select a single audiologic procedure to measure "hearing”, it
would have to be a speech based test. The ability to perceive and understand
gpeech is, by far, the most important hearing function. Theoretically, speech
audiometry is an atempt a "communicometry" i.e. a measurement of
communication ability (Hall and Mueller, 1997). It can dso add a great dedl to the

estimation of how much assistance one needs and can expect from various types of

rehabilitation procedure (Berger, 1978).

Speech audiometry is concerned with answering at least three questions,
(@ What is the lowest unit a which a listener can just barely identify smple
gpeech materids? (b) How wel does the listener understand everyday speech
under everyday condition? (c) At what intendty does speech become

uncomfortable to the listener? (Berger, 1978).

Speech tests have the following advantages. They could be used to confirm
pure tone threshold; they are helpful in diagnosis of the type and degree of hearing
impairment; can help locate the ste of lesion; useful in selecting hearing aids and

determining progress in therapy (Martin, 1994).



Speech audiometry is important in the measurement of communication
ability and disorder. Hence, intensive investigation of speech audiometry materials

and procedures has continued essentially unabated for over 50 years.

A wide variety of speech materials has been employed in the construction of
gpeech recognition tests. They have included individua sounds, nonsense
gyllables, phonetic balance monosyllabic words, disyllabic words, sentences and
continuous discourse (Stach, 1998). The use of monosyllabic word list has been
widely accepted. This is mainly due to the fact that such tests must consist of
relatively non-redundant items, otherwise the multiplicity of clues available to the
listener can obscure some of the inabilities to differentiate Speech sounds and their

acoustical properties (Hirsh, 1964).

The mode of stimulus presentation adso plays an important role in speech
recognition test. It can be either live voice or recorded presentation (Olsen &
Matkin, 1979). There are consderable advantages of using recorded speech when
compared to live voice, for audiometric purposes. A few of them include: the
intensity consastency within lists; uniformity of stimuli would be maintained; the
tester is not a variable in the presentation (Rupp, 1980) and it offers test retest

rliability (Fuller, 1987).

Live voice presentation also has severd advantages such as it requires less

time for the test to be carried out, greater flexibility in presentation of stimuli



(ASHA, 1988, cited in Siman & Silverman, 1991) and a certain amount of rapport
Is maintained through the verba interplay between the patient and the audiologist

(Martin, 1975).

On the other hand, Stach (1998) noted that monitored live voice has certain
limitations like: word recognition scores obtained for different talkers are not
equivaent the acoustic characteristics of the signal are highly variable. In
addition, each speaker of word recognition materials congtitutes a different test
that may produce different psychometric articulation function (Hall and Mudller,

1997).

However, the American Speech Language and Hearing Association
guidelines (1988, cited in Slman & Silverman, 1991) suggest that recorded
presentation of test materid is the preferred procedure. Recorded speech material
can be presented through analog or digita tapes. Some of the disadvantages of
analog tapes include lack of flexibility, deterioration of phonographic and tape
recording resulting in sgnd distortion. In addition, it results in introduction of

noise and is sengitive to ambient conditions (Stach, 1998).

The above can be overcome by digitized recording where one need not
sacrifice qudity, rdiability and validity to obtain speed. Digitized recording can

be through Compact Disc (CD) or computer. It is essentia to know if the above



two means of digitized recording can bring about a change in speech recognition

SCOres.

The am of the present study is to compare two different ways of presenting
speech materia to adults i.e., though a computer and through a CD. In addition,
the following will aso be studied:

- Effect of presentation levels on Speech Identification Scores (S1S).
- Sex difference in SIS.

- The dffect of interstimulus interva on SIS.

Need for the study:

1. It is essentid to know if there are any differences in test results while using
computerized speech materid when compared to CD stimulli.

2. In the literature, there is scarce information regarding the comparison
between computerized speech materia and CD materid.

3. If there are no differences between CD materid and computerized recorded
materia, then ether of them can be utilized for clinical or research
purposes. If there is a difference, depending on which materid is better, it
would be recommended that audiologist's utilize that particular method.

4. Currently, there are no computerized speech materids available for any
Indian languages. Hence, it is essential to record a computerized test

materid in Indian languages.



REVIEW

Speech has evolved as a method of communication that not only provides a

way of information transfer but also the means, in its written form, for information

storage (Wright, 1987). Perception of speech is essentid for production. It
includes perception of the suprasegmental as well as segmenta aspects of speech.
In order to know that a person is perceiving speech effectively, it is essentia to

assesstheir perceptual abilities (Mendel & Danhauer, 1997).

Speech  audiometry, therefore, is a key component of audiologic
assessment.  As it uses the kinds of auditory sgna present in every day
communication, speech audiometry can indicate, in a more reglistic manner than
pure tones, how an auditory disorder might effect communication. Speech
measures can thus be used diagnostically to examine processing ability and the
manner in which it is affected by disorders of the middle ear, cochlea, auditory
nerve, brain sem pathways and auditory centers in the cortex. In addition, thereis
a predictable relation between a person's hearing for pure tones and hearing for
gpeech. Thus, speech audiometric testing can serve as a crosscheck on the validity

of the pure tone audiogram (Stach, 1998).



For clinical purposes, speech audiometric measures fdl into one of three

categories.

»  Speech recognition threshold
»  Speech awareness threshold
» Word recognition scores

A speech threshold is determined early as a crosscheck for the validity of
pure tone thresholds. However, word recognition scores are obtained as estimates

of suprathreshold speech understanding (Stach, 1998).

The following section reviews variables which effects speech tet,
especialy speech identification scores. This can be classfied under following
headings.

(A) Attributes of speech test materid
(@) Speech gimuli
(b) Cdibration of speech stimuli
(c) Word familiarity
(d) Number of items per list/half vs. full list
(e) Number of lists

(B) Attributes of test recordings and presentation methods
(@) Room acoustics
(b) Signd to noiseratio
(c) Quality of recordings
(d) Speaker sedlection



(e) Presentation mode
(f) Presentation rate
(g) Presentation level
(h) Carrier phrase

(C) Attributes of scoring
(@) Test administration time
(b) Response method
(c) Scoring

(A) ATTRIBUTES OF SPEECH TEST MATERIALS
(@) Speech stimuli
The types of speech stimuli, used during evaluation, range from

nonsense syllables to connected speech.

Nonsense syllables have advantages like it facilitates examination of
phonetic errors. Linguistic knowledge does not have an influence and
usage of closed st is possble. However, they have poor face vaidity and

evauation of context is not possible.

In contrast, usng words have a higher face vdidity and it is
relatively easy to adopt to closed-set testing, requiring picture pointing
responses. The test can be carried out in a relatively short time. Words
have the limitation that if the client is unfamiliar with the test items or

language, it may influence the test (Thibadeau, 2000).



Sentences/phrases have also been used as speech stimuli.  These
simuli are known to have a high face vaidity. Co-articulation affects are
included in the test. Further, evaluation of tempora effects of pauses
between words is possble. The disadvantage of these stimuli is that they
are influenced by linguistic sophistication and memory (Tyler, 1994, cited

in Thibadeau, 2000).

Two mgor factors influencing selection of materia are the patient's
age and the purpose of the evaluation. Once the vocabulary leve is
determined, the purpose of assessment will dictate the materials to be used.
If the goa is to determine perception of specific acoustic features, a
representative sample of speech sounds that is not influenced by phonemic

or syntactic constraints are necessary (Levitt and Resnick, 1978).

When evauating a patient's ability to use context, speech stimuli
that differ in semantic relationships will be needed. To predict rea-word
performance, ideally the stimuli must have a subset of what the patient will
encounter in the real world. Much effort has been spent on developing
word lists that are phonetically balanced representative lists of words
encountered in English. Recently, the question of whether a sample of
sngle words will be predictive of performance with sentences has been

rased. Boothroyd and Nittrouer (1988) and Olsen, Tasdl and Spesks



(1997) have shown that the scores on tests of single word recognition are
predictive of performance on sentence recognition. Their results support
the notion that speech recognition is a generalized skill and that scores on
al speech recognition tests are related. Therefore, audiologists may choose
from a variety of available speech stimuli to assess speech recognition, but
such decisons will be influenced by a trade off between time and
reliability.

In general, selection of speech stimuli depends on the purpose of

evaluation and age of the patient.

(b) Calibration of speech stimuli
Implementation of a comprehensive calibration procedure for use in
gpeech auditory requires that the clinicians (1) understands the need for
specification of the speech sgnal and related instrumentation in the test
environment, (2) adhere to the current standards and (3) develop uniform
and functiond clinicad calibration procedure to ensure the accuracy of

gpeech test results and transfer of clinica information between facilities.

As speech fluctuates in intensity and is difficult to measure in actua
sound pressure level (SPL), the cdibration levd for speech is specified

relative to a 1000 Hz pure tone. Hence, "the SPL of a speech signd at the




earphone is defined as the rms sound pressure level of a 1000 Hz signal
adjusted, so that the vu meter deflection produced by a 1 kHz signal is
equal to the average peak vu meter deflection produced by the speech

signal" (Rupp, 1980).

The standard reference level for speech as measured with 1 kHz tone
IS 20 dB SPL for the earphones that are provided with audiometers. Thus,
the reference level for speech at 0 dB HL is 20 dB SPL. Less intensity is
required to establish speech recognition threshold in sound field listening
condition when compared to earphones. However, the calibration values
are such that the sound field and earphone testing are equated. In other
words, when the audiometer is calibrated properly for the sound field and
earphone testing, the average speech recognition thresholds obtained
monaurally under phones and in the sound field should be essentially equal,
given normal test-retest variability (ANSI, 1989, cited in Wilber, 1994).
Dirks, Stream and Wilson (1972) recommended use of speech spectrum

noise for calibration of speech levels in the sound field.
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In order to ensure the accuracy of measurement being carried out, it
IS essential the speech materia be calibrated as per specified standards.
Mog recorded materid incorporate a 1 kHz calibration signd, prior to each
test.

(c) Word familiarity

One factor, based on which there is agreement in selecting test based
items, is familiarity. The familiarity of words to the target subjects will
have severd effects on the difficulty of the speech tests. First, if a test
contains a high proportion of relatively unfamiliar words, then the totd
score will be lower than, if more familiar words had been used. Second, if
word familiarity is, on the average, higher in one list than in another, then
the equivalence of lists for difficulty will be adversdly affected. Third,
within a list, the range of familiarity of words will affect the range of

difficulty of the items within that lists (Plant and Spens, 1995).

According to Owens (1961), lists characterized by greater
familiarity, even to a dight degree, were sgnificantly more intelligible.
The less familiar the stimulus, more likdy it is to be misdentified (Schultz,
1964). Devarg's (1983) study on the effect of word familiarity on speech
identification scores, carried out on Indian English speakers, is dso in

consonance with the above studies.
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taped stimuli exhibited very similar variability. There was a variability of

6% among half-list and full list scores.

Runge and Hansford-Dunn (1985) recommended using lists that are
rank ordered by difficulty and termination of the test after ten words, if no
errors occur. The same can be done after 25 words, if there are no more

than four errors.

If there is an artifact due to deficiency in the talk back system or the
materials are inappropriate for the patient, then it is not likely that 25 more
items will solve the problem. In addition, from the standpoint of reliability,
scores at the very highest and lowest ends are least vulnerable when

administering a half-list (Olsen & Matkin, 1979).

It can be concluded that the choice whether to use half-list or full list

depends on availability of time and purpose of the test.

(e) Number of lists used
In clinical practice, one rarely uses several numbers of lists. The
need of severa lists arises when one has to determine the articulation
function of an individual. It is important not to use one list more than once
as it will affect the result, due to memory and practice effects (Tillman and

Carhart, 1963).
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In generd, it is recommended that, while constructing tests, the test
items should be familiar to the target population. Unfamiliarity with the

test stimuli can adversdly affect the responses obtained from the subjects.

(d) Half list vs. full list

In an effort to reduce clinicd testing time and to avoid patient's
fatigue, it has become a common practice for many audiologists to use only
a haf ligt, while obtaining speech identification scores.  Some authors have
advocated its use, others have advised against it and some have
recommended its use but with certain conditions. Considerable savings of
time can be realized with the haf-list procedure, but not without risks. The
concern with the use of hdf-lists is the rdiability and vaidity of the test
results. If twenty-five items are given and speech identification scores is
high, there is a reasonable expectation that there is no significant artificial
adversdy affecting performance. In addition, from the stand point of
reliability there is relatively little concern that scores will become poor on

last twenty-five items (Slman & Silverman, 1991).

Haf-lig and full list speech identification scores were analyzed for
both taped and Monitored Live Voice (MLV) presentation modes. It was

found by Beattie, Shivhonec & Edgerton, 1978 that both the MLV and



In order to over come the effects of memory and practice, it is
recommended that equivaent list be used. In such a case, no item will be
presented more than once. The greater the number of equivalent list

available, the more flexible the test will have (Dillon and Ching, 1995).

It is dso important that each list should be comparable with the
other. That is, the items in each list should be identical with respect to
difficulty (Hood and Poole, 1977). If two lists do not meet these criteria,

then the scores obtained by each of them will not be comparable.

Maani (1981) studied the inter-list differences using form A of NU
6 on Indians. There was no sgnificant difference between the lists a

higher sensation levels.

It is aso not uncommon to see tests having just one ligt (e.g.,
(Auditory Rhyme Test, Fairbanks, 1958, cited in Dillon and Ching, 1995),
4 ligs (CIDW-22 ligts, Hirsh, Davis, Slverman, Reynolds, Eldert and
Benson, 1952, cited in Dillon and Ching, 1995). However, there exists as
many as 10 lists (Lehiste, Peterson CNC lists cited in Malini, 1981), 20 lists

(e.g., PAL listsof PB 50, Egan, 1948, cited in Dillon & Ching, 1995).
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(B) ATTRIBUTES OF TEST RECORDINGS AND PRESENTATION
METHODS

(a) Room acoustic and reverberation
According to Nabelek and Nabelek (1994), reverberation is the
persistence of sound in an enclosed space resulting from sound reflection
within that space. Reverberation time is the time which is required for the
mean sguare sound pressure level, originally in steady state, to decrease to

60 dB after the source stops (Nabelek and Robinette, 1978).

In a room with a reverberant time of 1-2 msec on even 0.4 msec, the
reflected energy may change some of the important aspects of a speech
signals and interfere with speech intelligibility by producing a distortion of
the origina signa (Houlgast and Steemeken, 1972, cited in Ross and

Gjjolas, 1971).

Roller and Crum (1974) examined the combination effects of
reverberation, noise and distance from the speaker on monosyllabic word
intelligibility, of normal hearing adult listeners. In the quiet environment
condition only the prolonged reverberation time of 1-2 sec reduced
intelligibility and the combination of noise, reverberation and distance
interacted to reduce performance more than could be predicted by summing
the effects of each variable in isolation (cited in Flinitzo-Hieber and

Tillman, 1978).
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There is a complete integration of the reverbrance or reflected sound
with the direct signal upto about 30 msec and at least partial integration
between 30 and 80 msec (Lochner and Berger, cited in Finitzo-Hieber and

Tillman, 1978).

People with normal hearing require an SN ratio of +6 dB for
reception of intelligible speech. It iswell established that in the presence of
noise with normal hearing and hearing impaired individuals have difficulty
in understanding speech (Ross, Huntington, Newby and Dixon, 1965; Olsen

and Tillman, 1968).

Therefore, in general speech testing should be carried out at

appropriate room situations and noise level.

(b) Signal-to-noise (S/N) ratio
In general, the intelligibility of speech materials fals along a
continuum of difficulty based on the meaningful information in the
utterance. The more information there is, the steeper the performance
intensity (PI1) function. Four syllable words are more intelligible than two
syllable words and so on. The Pl function varies depending on signal to

noise ratio (Hirsh, Reynolds and Joseph, 1954).
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The variations occurring due to the presence of noise are also
influenced by the type of hearing loss. As the S/N ratio becomes less
favourable, the effects on speech discrimination scores are more
pronounced for sensory neural hearing loss subjects than for normally

hearing subjects (Olsen and Tillman, 1968).

Not only will the SN ratio be a factor but the type of masking noise
used has been shown to affect performance (Lovrinic, Burgi and Curry,

1968, Williams and Hecker,1968) and Garstecki and Mulac/1974).

Lovrinic, Burgi and Curry (1968) observed marked poorer
performance in the presence of ipsilateral noise. Findlay (1976) compared
speech identification in the presence of speech spectrum noise and ‘cocktail
party'. Speech identification scores were more depressed for the hearing

impaired subject under both condition.

The rationale for mixing some background competition is twofold.
First, it makes the test more difficult. Second and more important, speech
communication in everyday life situations most commonly takes place
against background competition of some sort.  Therefore, the tests
administered for assessing an individual's ability to hear and understand

speech should include background noise or speech competition as well.

17



The presentation of other test materids againg a background of noise or
other gpeech, enhances the sengtivity of the test in detecting and
demonstrating communication difficulties experienced by hearing-impaired

individua (SURR and Schucartz, 1980).

In generd, it can be concluded that the test should be performed at
high SN ratio. However, depending on the purpose of the test, some

competition noise may be given.

(©) Quality of recordings

For tests that depost adequate standardization information, these
data are typicaly provided for a particular recording of the test. Many tests
are now produced and commercidly distributed by companies. In some
cases, these companies may rerecord the test items for any particular test.
Unless additional standardization data are provided with these re-
recordings, the tests may again be dtered enough to make these rerecorded
versons different from the origind unless comparison data are provided to

prove otherwise (Mendel and Danheaver, 1997).

However, for the rerecording of test stimuli, caution aso should be
exerted regarding the quality of commercidly produced tapes. Initidly,

many tapes have exhibited cross tak, echoing of the stimuli, and

18



unacceptable levels of tgpe noise between simulus presentations.
Obvioudy high qudity tape recordings are preferred. Today, many of the
word lists are being rerecorded onto CDs to improve the quality of test
tapes, and some audiometers and computer programs actualy produce
digitized versions of various speech signals that are stored in the system or
generated on line. These forms of stimuli are state-of-the-art and offer
condderable variety and the flexibility over traditional disc and tape
recordings. The fact that they can be digitized from dmost any anaog
source, however, means that a different talker or type of background noise
could be used for different presentations, and again, comparison data
should be provided to show that no significant differences in test scores
exig between these new recordings and the origind analog tapes.
Otherwise, smilar comments made about monitored live voice testing aso
would be true for these stimuli produced using advanced technology
(Mendel and Danhauer, 1997).

Hence, it is evident from the above literature, that digitized
recordings have substantia advantage over analog recordings and are used

extensvely now.



(d) Speaker selection
Speaker sdlection is one of the important variables which may affect
gpeech identification testing. The linguistic background, familiarity,
hearing acuity, attention, fatigue of the speaker are sgnificant variables

(Merell and Aktinson, 1965, Markides, 1978).

Poor performance in speech intdligibility task was seen, when lists
were sooken by more than one speaker (Creelman, 1957). It is reported
that latencies to be faster for words in single speaker than words in multiple

talker condition.

Brandy (1966) showed that even a single talker's repetition of a
monosyllabic word list (C10-2 W22s) under monitored live voice condition

introduced variability in suprathreshold speech recognition scores.

The identification scores were dways better for words that are
produced by a single taker than for words produced by multiple talkers.
Trid-to-trial  variability in the speaker's voice affected recognition
peformance. The perceptual sysem engages in some sort of adjustment
each time anew voice is encountered during the set of trials using multiple

voice (Credman, 1957; Peters, 1955, cited in Pisoni, 1992).
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Kreul, Bdl and Nixon (1969) reported that the scores for repeated
testing for either of the two takers on different occasons are not
sggnificantly different. Hence, it can be concluded that, speech tests should

be performed with minimum talker variability.

(e) Presentation mode

A lot of controversy exists as to whether recorded or monitored live
voice test (MLV) materids should be used for speech audiometry.
According to Carhart (1965), Kreul, Bell and Nixon (1969) and Northern
and Hatter (1974) recorded materids are preferable to maintain
consstency in presentation especiadly for research testing.  Creston,
Gillcspic and Krohn (1966) and Resnick (1962), on the other hand, argue
that results obtained from different talkers cannot be compared unless the
talkers have been demonstrated to be equivdent. They favour MLV
presentation and point out that, it provides the examiner greater flexibility
over the environment. In addition, it requires shorter time for test
adminigration because the tester can control the rate of stimulus
presentation. Also, with pre-recorded test materials, each talker's unique
characterigtics are permanently built into the test that is recorded. Thus,
there may be as much difference between one recording and another, as

between two live voice takers (Carhart, 1965).
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This issue of each talker's characteristics being built into the
recordings can be addressed from another perspective. That is, the level of
difficulty of the test is determined partly by the talker's characteristics (e.g.
gender and dialect). It is believed that women's voices are generally softer,
higher pitched and thus harder for some patients to hear than men's voices
(Mendel and Danhauer, 1997). A study done in India by Joseph (1983)
found that female talkers were more understandable than male. However,
the level of test difficulty remained consistant with a recorded version,
assuming that the recording is used with similar type of equipment

calibrated to same standards.

A survey of clinical practices by Martin and Pennington (1971)
indicated that MLV procedures were being used in the maority of busy

clinical settings (cited in Kruger and Mazor, 1987). Similar findings were

found in 1994 during the updated survey by Martin, Armstrong and

Chemplin.

The American Speech-Language Hearing Association (1988)
recommended that either MLV or recorded procedures could be used but
recorded materials are preferred (as cited in Silman and Silverman, 1991).

The use of MLV testing raises questions about the sensitivity of a speech

22



recognition test, when the standardized information collected on the test has

been obtained using recorded versions of the stimuli.

The recording on tape recorder can be available on andog or digital
tapes. Often when testing speech intelligibility, playback of the test stimuli
from analog tapes causes troublesome measurement, since analog tapes are
quiet sendgtive to ambient conditions. Therefore, complete control of the
set up, including calibration of the signa levels would be necessary before
each test peformance. Otherwise, it would lead to unrdiable results.
Furthermore, if experiments have to be repeated for different orders of
presentation, it has to be done by recording the test stimuli on tape in
different orders. It is dso difficult to arrange adaptive presentation of a test

inasmpleway (Mendd and Danhauer, 2000).

The limitations of analog recording can be overcome by digitized

recording which can be through compact discs (CD) or computers.

The advantages of usng compact discs as mentioned by Kamm,
Carterette, Morgan and Dirks (1980) are:
1. High fiddity recording with enhanced sgnd to noiseratio
2. Virtudly infinite channd separation and no point through

3. ldentica recording from one disc to another
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4. Recording medium that rarely deteriorates as a function of use and
time, and therefore, seldom needs replacing

5. Almogt instantaneous access to any one of 100 tracks (i.e., no
winding or rewinding to access a particular word list)

6. 144 minutes of recorded materias per disc

7. Offers an extremely favourable quality ratio (Wilson, 1997, cited in

Mendel and Danhauer, 1997)

Apart from these, there are also some useful features of CD players
used in auditory evauation. These include, (a) random tract selection, (b)
display of track and time remaining while playing, (c) channd segment

define and play, (d) remote control facility and (e) variable output level.

However, there are aso some disadvantages of using audio CDs,
such as, occasonaly a good CD may go bad. This can be manifested as
either a decrease in the signa-to-noise ratio. Another disadvantage is that

the CD player may not access the requested track.

In the future, the audio CD may be a focd point of audiological
evaluations and rehabilitation, as wel as a rich source of information and

demondgtration material for educational purposes. All signals used in
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audiological evauation can be sored on the disc including pure tones,

narrow band noise and speech materials at the required levels.

The more sophisticated auditory facility with the future will generate
and ddiver online dgnals needed in the course of an audiologica
evaluation. Regardless of this digital technology should amplify greatly
the instruments used by audiologists in the future (Wilson, 1997, cited in

Mendedl and Danhauer, 1997).

Moog and Geers (1990) recommended the use of computerized
gpeech tests, which take into account, the advantages of both live and

recorded voice testing.

The great advantage of a computer over atape recorder based system
Is its flexibility. Campbel (1974) has listed the advantages of using
computer based speech audiometry as follows:
1. Digita representation of speech signals do not deteriorate over time
2. Sophigticated alterations such as time compression can be made
relatively easly
3. Inter-laboratory consistency will improve substantialy

4. Control over stimulus presentation can be enhanced

25



5. Test-retest rdiability comparisons within the computer threshold

revedls high correlations

6. Stimulus presentation can be easly randomized by the computer
(Stach, 1988).

The speed a which a conventional test is peformed is largdy
determined by the timing of words as they are recorded on the tape. This
has to be chosen in such away that it is suitable for the average patients. It
should not be too fast for those who find the test difficult or too dow, for
those who could cope with a faster pace. It is very smple to arrange for a
computer to repeat words on demand, to present the test words only when a
response has been made for previous item and to adapt to preferred pace of
the patient (Martin, 1994). With only one copy of the test materid on a
disc, software can arrange for the test stimuli to be played back in a

different order in every new test sesson (Keidser, 1991).

Stach (1988) reported, two mgor disadvantages of microcomputer
based systems. These include: (@) personad or professona choice may be
limited, (b) they often require substantiad initid capitd outlay. An
integrated system is necessarily expressve and the cost/benefit ratio

requires careful considerations.
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(f)

There are also studies, which compare live voice testing with
recorded testing. Moog and Geers (1990) have reported poorer test-retest
reliability scores for live voice stimuli (0.5 to 0.62) than for the recorded
stimuli (0.84 to 0.93). However, Geers (1994) reported that an important
consideration in selecting a speech perception test is the availability of

stimuli for recorded presentation.

Thus, it can be concluded that the presentation mode depends on the
availability of instruments. |f computers are available in the clinical set up,
t is the best choice for testing as it incorporates the advantages of both live
voice and recorded presentation. No study has reported a comparison of

responses when the signals are presented through CD or computer.

Rate of presentation

Presentation rate is another important variable which affects test
administration time and in turn speech identification scores. According to
Miller (1981) changes in speaking rate ater the perception and

categorization of signals.

Sommers, Nygaerd and Pisoni (1994) reported that speech
recognition scores were better for constant rate of speech than for varying
rate of speech. This was attributed to increased acoustic-phonetic

variability which resulted in poorer scores. Similar findings were reported
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earlier by Mullenix, Pisoni and Martin (1990). Johnson and Strange (1982)
have dso suggested that correct information about articulation rate is
necessary to compensate for the incomplete acoustic specification, which

may occur at faster rates.

In generd, it can be concluded that speech recognition scores were

better for constant speaking rate when compared to variable rates.

(g) Presentation leve

Depending on the purpose of a speech recognition assessment, the
gimuli may be presented a a levd equd to the levd that of average
conversation, the most comfortable listening level for the patient or a a
level necessary to achieve maximum performance. For the purpose of
differentid diagnosis, severad presentation levels may be necessary to
determine, which one affords the patient the maximum opportunity for
clear recognition and to determine whether performance declines with

increased intengty.

Evaluation of speech recognition a severd intendty levels is
referred to as a performance intensity (PI) function. The shape of the Pl
function is unique not only for a given patient but dso for the type of
materia used. The function for sentences is the steepest where each dB of

intengity results in approximately 10% increases in recognition. However,
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for words each dB results in about a 4% increase. By obtaining a Pl
function, audiologists can determine the maximum performance for each
patient, referred to as the PB max, when phonetically balanced

monosyllabic word lists are used (Thibadeau, 2000).

However, it is often not clinically feasible to evaluate speech
processing at severa intensity levels. Therefore in an attempt to achieve
PB max and determine whether rollover is present, testing may begin at a
high level such as 80 dB HL or at 30 dB SL with reference to SRT. If the
80 dB HL levd is adequate, and the measured score is 84%, or higher when
a haf-list is used, further testing to determine PB max is not necessary.
The reason is that even if the maximum possible score of 100% was
obtained at a lower intensity, the difference score of 16% is less than the
20% criterion difference to be considered rollover (Jerger and Jerger,

1971).

When a score of less than 84% is achieved, it could mean either that
a higher presentation level is needed to achieve PB max because of reduced
audibility of the signal, or a lower presentation level is needed because the

score reflects rollover.
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The decison to present a second ligt a intensty level above or
below 80 dB HL will be determined by the pure tone average (PTA). If the
PTA is aove 40 dB HL, it is likely that a higher presentation levd is
necessary to achieve PB max because the Articulation Index (Al) predicts
that the entire spectrum may not have been audible at 80 dB HL. However,
if the PTA is less than 40 dB HL, the Al predicts that the speech
information should have been audible and a lower presentation level which

would determine if the score was suggestive of rollover (Thibadeau, 2000).

Clinically the most commonly used sensation levels are 25 to 40 dB
SL (Martin and Sides, 1985). 25 dB SL corresponds to the beginning of the
plateau at which normd hearing subjects attain scores of 90% or better, and
40 dB SL represents a reasonably comfortable listening level for normal

hearing persons.

Abral (1971., Ghosh (1988) and Mathew (1996) and Vandana
(1998) observed maximum speech identification scores at 30 dB SL for
Hindi, Bengdi, Mdaydam and Kannada respectively. Kapur (1971)
observed the smilar results with Tamil a 35 dB SL. Speech identification
test in English for Indian population was conducted by Swarnaatha (1972),
Mayadevi (1974) and Rout (1996). They obtained best scoresat 30 dB SL,

33dB SL and 30 dB SL respectively.
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From the above review, it can be construed that it is aways
preferable to do testing at 30-40 dB SL to obtain better speech

identification scores.

(h) Carrier phrase
Another variable that may affect speech identification scores is the
use or omission of a carrier phrase. Typically during speech identification

testing, carrier phrase precedes the stimulus words.

Egan (1948, cited in Silman and Silverman, 1994) felt that the
carrier phrase was necessary to alert the patient to the fact that the test word
was to follow. The carrier phrase also assists the talker in monitoring the
speech intensity to the appropriate level on the vu-meter. Generally, the
carrier phrase is spoken with sufficient effort to cause the desired deflection
on the vu-meter. The test words are then spoken with the same effort as the
carrier phrase, but, without concern as to whether the test items cause the

same deflection or not (Olsen and Matkin, 1979).

According to Egan (1948, cited in Silman and Silverman, 1994) if
the test item is presented with constant interstimulus interval, it is sufficient
to alert the patient that the test item is forthcoming. However, Martin and
Fobis (1978, cited in Rupp, 1980) said that the use of carrier phrase in

clinical practice may be on the wane. Martin, Hawkins and Bailey (1962)
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found no significant difference in the identification of words recorded in

isolation and words recorded with carrier phrase.

Studies done by others have not obtained identical results. Gelfand
(1975) and Gladstone and Siegenthaler (1972) have reported slightly poorer
score for word recognition test administered without a carrier phrase than

with the carrier phrase.

It has been suggested by Lynnand Brotman (1981) that a carrier
phrase may actually contribute to intelligibility of test words when the

acoustic cues important for identification of certain phonemes are studied.

The issue of whether to use the carrier phrase or not is presently
unresolved. One factor in determining when to use a carrier phrase may be
determined by whether the test is presented by recording or monitored live

voice (Mendel and Danhauer, 2000).

From the above studies, it may be inferred that it is not essential to
use a carrier phrase if the signals are being presented at constant intervals.
However, if the intervals between signals is not constant, it would be better
to use a carrier phrase. The constant interval would usually be seen in
recorded material and not in MLV. Hence, it may be advisable to use a

carrier phrase while using monitored live voice testing.
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(C) ATTRIBUTES AFFECTING SCORING
(@) Test administration time
Another consideration in the development and administration of
gpeech perception materids is the amount of time needed to administer and
score them. Many tests, especialy test batteries, require a considerable
amount of time for the presentation of stimuli. The length of time needed
for test administration generdly is a function of,

(i)  number of stimuli presented

(i) length of the stimuli

(iii)  interstimulus interva

(iv)  subject response time

(v) difficulty of the stimuli

(vi) fatigue and frudration

(vii) large number of patients seen in a short period of time.

Generdly, the more unsure the individua is of the stimulus, the
longer will be the response time.  The more smilar the stimulus is to its
foils, the greater the hearing loss on the competing background noise, the
more difficult the decision process is for the subject. Measuring response
time, as in choicereaction time judgements, can offer considerable
information regarding the confidence of a subject's response. Test
adminigtration time is dso an important factor in clinical Stuation where a
large number of patients are seen in a relatlively short period of time

(Mendd and Danhauer, 1997).
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The examiner's experience is an important factor in order to
recognize when tradeoffs between test time and patient's fatigue are
appropriate. He must be aware of how factors that influence subject's test
result in research paradigms can afect a particular patient's clinica

performance under smilar situations (Mendel and Danhauver, 1997).

Thus, the test administration time will depend on a patient's State of
mind and the purpose of the test. The number of items in the test will dso

determine the totd administration time.

(b) Response st

The variety of test materials used in assessing speech can be divided
into two generd types of response formats: open set and closed set. In an
open st or free response formant, the stimulus is given without any
gpecified aternatives. This formant alows the listener to choose among an
unlimited numbers of possble responses. For this, response options exist
such as repeat the simuli ordly, write the stimuli on paper or type the
gimuli on keyboard. Closed set tests, on the other hand, restricts the
listener to one of a fixed number of possble responses (Mendd and

Danhauver, 2000).



The advantages of open set tests are that they include more
flexibility. A lack of a written answer form provide an unlimited number of
alterations, so that, individuals can use linguistic and auditory factors to
help them perceive the test item. Additionally no guessing floor is present
in open set tests, that can boost scores (Black, 1957). Other proponents of
the open set format are Corso (1967) and Miller, Heise and Luchlen (1958,
cited in Penrod, 1994). Another advantage of open set tests is that the test

items can be easily randomized (Mendel and Danhauer, 2000).

There is a chance factor inherent in the closed set testing paradigm
and thus, it limits the range of useful scores. In open set testing, however,

the usual range is 0-100%.

The selection of which response formant is to be used is important
with respect to the known advantages and limitations of the method. Users
of the test should be made aware of the kinds of information the test can
supply accurately, as well as those it cannot provide. If the users of the
tests are unaware of the inherent limitations, inaccurate conclusions may be
drawn from the test results. Consequently, the sensitivity of the measure
may be in question. In addition, changing the format of a test from its
original mode may also change the test and affect its sensitivity (Thibadeau,

1997).



The distinction between open and closed response sets becomes
blurred when the 'closed' response set actudly includes dl the items that

would be possible in an open response set (Dillon and Ching, 1995).

The review, suggest that closed set response provide high scores in

case of children. For adults, open set response is preferable.

(c) Scoring methods
The method of scoring subjects responses on any test of speech
perception is an important consderation in the administration of the test
and in the interpretation of its results. Severa types of scoring methods are
avallable, and the amount of information obtained from each depends on
the type of test used. For example, in open set testing paradigms, listeners

aretypicaly required to repeat the stimulus heard.

The subjects scores, then, are a function of their responses as well
as the examiner's auditory perception and interpretation of them. This can
be particularly difficult if a subject has impaired speech quality, impaired
articulation or both, such as in the case of deaf speech (Mendd and
Danhauer, 2000).

Research investigating the accuracy of examiners perceptions of

subjects responses has generally shown that an average of 16% to 20% of
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the responses were scored in error. The errors were most commonly in the
direction of accepting responses as correct that were in fact incorrect
(Merrell and Atkinson, 1965; Nelson and Chaiklin, 1970). When
examiners have a list of the stimuli before them and use it to check off the
subject's responses as correct or incorrect, the examiners frequently
anticipate the subject's responses and may award credit when in fact an
error was made. In this case, the lack of diligence in recording subject's
responses can lead to inaccurate and inappropriate estimates of the subject's
speech perception abilities. Problems are also noted when the examiner

and the subject do not share the same language or dialect.

There are ways to keep such errors from occurring. These methods
often require a bit more attention and diligence on the part of the examiner
and the monitoring equipment, but the trade off is worth the effort to be
sure that accurate data is being collected. The accuracy of an examiner's
recording of a subject's response in an open set paradigm can be improved
by having the examiner use visual and auditory cues while recording
responses from the subject (Lovrinic, Burge and Curry, 1968). The subject
can use written, oral, or manual communication as different response forms

to increase the accuracy of the examiner's recording.
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The reliability of the examiner's recording of the subject's responses
Is also a critica variable. Since subject's scores are a function of the
examiner's ability to record the responses correctly, additional examiners
should record the responses as well. Other judges may transcribe and score
the subject's responses onling, that is, a the same time the primary
examiner is recording responses; or offline, usng an audio or videotape
recording of the subject's responses.  This process is known as interjudge
scoring reliability.  Also, intrgudge scoring rdiability may be completed
where the primary examiner records and re-scores the subject's responses
from audio or video tape offline.  Both inter- and intrajudge scoring

reliability should be high and are important in any scoring method.

The god of the examiner should be to acquire an accurate picture of
the subject's speech perception abilities (Boothroyd, 1968; Edgerton and

Danhavuer, 1979, cited in Dillon and Ching,1990).

Although it should go without saying that both intra and interjudge
scoring reliability are desirable, it soon becomes obvious to the clinician
working aone in private practice, or in most other clinical situations, that
these procedures require additiona time, technology and personnd that
usudly are not avallable. In such cases, reliability in scoring is no less

important than in the controlled research setting.
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In speech recognition testing where listeners repeat the stimulus
heard, the stimulus can be scored by using synthetic (all or none) scoring
procedures by analytic-type procedures, such as phoneme scoring (Mendel

and Danhauer, 1997).

In phoneme scoring procedures the awards credit for each phoneme,
if the stimulus is perceived correctly. In al or none scoring procedure, the
experimenter may choose not to transcribe the subject's response, but rather
may simply check off right or wrong on a printed list of the response items

(Thibadeau, 2000).

Analytic scoring methods may increase the sensitivity of tests by
providing a more informative profile of listener's speech perception

abilities than is available through dl or none procedures.

Thus, it is evident from the literature that it is important to consider
which scoring method is to be used when determining the speech
perception testing. The interpretation of the test may vary depending on the

scoring procedure used.
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The review of literature brings to light that there are several
variables that affect speech identification. These variables would differ

depending on whether the test is administered on adults or on children.

The first part of review discussed the attributes of speech test, which
should be considered by the examiner before opting for the test. The
second attribute is recording method and presentation. Among these, their
variables are discussed which would affect recording and presentation of
test material. The last attribute i.e.,, scoring should be seen after the
outcome of the results. All these variables should be kept in mind while

constructing or administering a speech identification test.



METHOD

The am of the present study is to compare the two different ways of
presenting speech material to adults through a computer and through a compact

disc.

Subjects. Fifty adults comprising of twenty-five females and twenty-five males
were taken. The subject met the following criteria:

1) Were fluent in Kannada

2) Were in the age range of 18-30 years

3) Had normal speech and hearing

4) No history of neurological or otological problem

Test material:

Bisyllabic phonemically balanced word list in Kannada, developed by
Vandana (1998) was used. The test contains two lists with fifty words each. Each
list has two equal half-lists (twenty-five words). In the present study, each

variable was tested using a half list.

I nstrumentation:
A computer with AudioLab software (16 Bit Mono 32000 Hz 63 KB/S)

was used to record the speech material. The material was then transferred to a
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digital tape recorder (Sony portable Mini Disc Recorder MZ-R70) from which the

material was transferred to a compact disc (CD) using a CD writer.

The audiological testing was carried out using a two channel clinica
audiometer (Madsen OB822), coupled to acoustically matched earphones (TDH-
39) with MX-41R ear cushions and a bone vibrator (Radio ear B-71). The
audiometer was calibrated to confirm to ANSlI (1992) standards. The speech
material from the computer or CD player (Philips) was routed through the

audiometer to earphones.

Test Environment:
Testing was carried out in a sound treated double suit. The ambient noise

was within permissible limits, as recommended by ANSI (1991).

Recording of test material:

The test materiad was recorded into a computer using a AKG D-75
microphone. The recording was done in a sound treated room by a female native
Kannada speaker. The computerized material was scaled using the AudiolLab
software so that dl the words were of similar intensity. Before each list, a 1 kHz
calibration tone was recorded. A batch file was created with an inter-stimulus
interval of four seconds. The material was then transferred to a digital tape

recorder from which it was again transferred to a CD using a CD writer.
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Procedure:

a) Pure Tone Testing:

To ensure that the subject had normal hearing, pure tone testing was done.
Pure tone thresholds for air conduction and bone conduction were obtained for the
frequencies from 250-8 kHz and 250-4 kHz respectively. The better ear was

considered as the test ear for evaluation of each subject.

b) Speech Recognition Threshold Test:

Speech Recognition Threshold (SRT) was established using the Kannada
paired words developed by Rajashekar (1976, cited in ISHA Battery 1990). Testing
was done using the procedure suggested by Carhart (1971). The minimum level at
which the subjects could respond to 50% of the items presented was considered as

the SRT.

c) Speech ldentification Scorer:
Instruction: Subjects were instructed in Kannada to repeat the words that they

heard.

Test administration:

The recorded material was presented either through the CD player or the
computer. Half the subjects listened to the CD player material first and the other

half the computerized speech material.
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Initidly three practice items were presented at a comfortable levd i.e., 40
dB SL. Each subject wastested at two intengity levelsi.e,, 30 dB SL and 40 dB SL

with reference to the speech recognition threshold.

It was ensured that no list was repeated per subject. All subjects listened to
both the intendities as well as both presentation modes (computer and CD). The

variables were randomly presented.

The inter-stimulus intervad was four second for CD materid. For the
computerized material, it varied depending on the pace a which the subject

responded and this time was noted.

The testing was done after a month on twenty subjects consisting of ten
males and 10 femaes. These subjects were part of the initial testing. During this
testing, computerized materia was presented using an inter-stimulus interval of
four seconds. This was done to compare the effect of manua vs. automatic

presentation and rule out the variability due to the use of different instruments.

Scoring:

Responses were recorded in a score sheet.  Each correct response was given
a score of one and incorrect response a score of zero. In addition, the time taken
for the subjects to carry out the test, when the material was presented through the
computer with variable inter-stimulus interval, was noted. The data collected was

subjected to statistical analyss.
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RESULTS AND DISCUSSION
The study was carried out to obtain the effect of two-presentation mode of
speech identification scores on adults. The comparison was done using the 't' test

for the following.

(a) at two intensity levels
(i) between two modes (CD and computer)
(it) within two modes

(b) Male vs. female

(c) Across fixed vs. variable interstimulus interval

(a) Comparison across two intensity levels
The test material was presented using a CD and computer on 50 adults.
The test was administered at two intensity levelsi.e.,, 30 dB SL and 40 dB SL

relative to speech recognition threshold.

(i) Effect of intendty levels between two modes of presentation

Mean and standard deviation for the speech identification scores
were computed at the two intensity levels i.e,, 30 dB SL and 40 dB SL.
This was done for two presentation modes (computer and CD). The paired
't" values were aso calculated for the above variables and is tabulated in

table 1.



Table 1. Mean, standard deviation and t values a two intensity
levels between two modes of presentation

Variable Mean Standard deviation t values
30CD 24.18 0.9409
30C 24.7 0.5803 3.53**
40CD 24.18 0.262
40C 24.86 0.3505 145 NS

** ggnificant a 0.01 levd.
NS - not significant at both 0.01 and 0.05 levels.

The results show that there is a dgnificant difference when the
materia was presented through computer and CD when the sgnd was
presented at 30 dB SL. Though the mean values between the two modes
hardly varied, the standard deviation was more for the signals presented
through the CD. This probably occurred to on account of the lesser clarity
of the sgnad presented through the CD, at the lower intensty (i.e., 30 dB
SL). However, a the higher intendity level (40 dB SL), no such difference
was observed. So, it can be concluded that instrumentation plays a role at

lower intensity leve but not at ahigher intensity levels.

(i) The effect of presentation level on speech identification scores within
two modes.

The test materiads that were administered at two intensity levels
(i.,e, 30 dB SL and 40 dB SL) relative to SRT through both CD and
computer were compared within each mode of presentation. The mean,

standard deviation and paired 't' values were obtained (Table 2).



Table 2. Mean, standard deviation and t-values at two intensity
levels within each presentation mode

Variable Mean Standard deviation t values
30CD 24.18 0.9409
30C 24.18 3.262 ONS
40 CD 24.7 0.5803
40C 24.86 0.3505 145 NS

The results show that there is no significant difference when the
material was presented at two levels, within each mode. This was true

when the signals were presented either through the CD or computer.

The findings in the present study are in good agreement with studies
done in western countries (Tillman (1963) and Carhart (1965) and also in
India (Abrol (1971), Mathew (1996), Swarnalatha (1972) and Vandana
(1998). These investigators have obtained maximum scores at 30 dB SL.
With further increase in intensity, they too did not find an improvement in

SCores.

As there is no difference at the two sensation levels, speech
identification testing can be done at 30 dB SL or 40 dB SL. For individuals
with severe hearing loss, where maximum audiometric limit will not permit
the test to be carried out at 40 dB SL and for subject with reduced

uncomfortable loudness level, the test can be carried at 30 dB SL.
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(b) The effect of sex difference on speech identification score

The mean and standard deviation were caculated for the 25 males and

25 females who were part of the study. The speech identification scores were

compared between them for the two presentation modes i.e, CD and

computer. The analysis was also done at two intensity levels i.e.,, 30 dB SL

and 40 dB SL. The paired t-values were calculated to check for significance

of difference between means (table 3 and table 4).

Table 3. Mean and standard deviation across presentation mode and
Intensity levels in males and females

CD Computer
Variables | 30CD | 40CD | 30CD [ 40CD | 30C | 40C | 30C | 40C
Mean Standard Mean Standard
deviation deviation

Males 2416 | 23.72 | 09434 | 456

2472 | 24.84 | 0542 | 0.3742

Females | 24.16 | 2464 | 1.0279| 0.7

2468 | 24.88 | 0.6272 | 0.3317

Table 4. t-values across presentation mode and intensity levels in males

and females
Variables t-vaues for maes t-values for femaes
30dB 9L & 40dB SL 0.458 1853
CD
30dB S &40dB SL 0.827 13
C
30dBSLC& 30dBSL 2.682* 2.397*
CD
40dB SL C& 40dB SL 0.827 2.009
CD

* ggnificant at 0.05 level




The results show that in both males and females, there was a
significant difference at lower sensation level i.e, 30 dB SL when
presented through CD and computer (table 4). At this intensity level, both
males and females obtained dightly lower mean scores and the SD was
higher (table 3). This can be because of the lesser clarity of signals when

presented through CD.

The speech identification scores were also compared between males
and females for two presentation modes and two intensity levels using

independent t-test (table 5).

Table 5. t-values comparing sex differences for two modes and intensity

levels
Variables T values
maes vs. femdes
30CD 0.149*
40 CD 0.419*
30C 0.241*
40C 0.4*

* not significant at both 0.05 and 0.01 levels

The above results show that there is no difference between males
and femaes for the above variables. This shows that both males and

females process speech signals in a similar way.
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(c) The effect of interstimulus interval on speech identification scores

(i) The speech identification scores presented to the 20 subjects at a constant

and variable interstimulus interval, through the computer were compared
using the 't' test. The constant interstimulus interval of 4 seconds was
used. The variable interstimulus interval, varied depending on pace at
which the individual responded. The mean, standard deviation and paired
t-values are given in table 6.

Table 6. Mean, standard deviation and t-values of speech identification

scores having constant (Auto) and varying (Manual) inter-
stimulus presentation

Variables Number Mean SD. t vaues
30C Manud 20 24.85 0.3663 0.698
Automatic 20 24.75 0.5501
40C Manual 20 24.95 0.2236 0
Automatic 20 24.95 0.2236

The results show that there is no significant difference in the scores

for the above two presentation.

Contrary to the findings in the present study, Mullenix and Pisoni
(1990, cited in Sommers, Nygaord and Pisoni, 1994), Sommers, Nygaord
and Pisoni (1994) reported that when test items are presented at a single
speaking rate, better identification scores are obtained at higher SN ratios.
In the present the subjects obtained almost equal scores when the,

interstimulus interval was varied or kept constant.
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Hence, with adults the signals can be presented at a constant or
variable interstimulus interval without there being any detrimental effect

on the speech identification scores.

(if) The test administration time for manual presentation at 30 dB SL and 40

dB SL was also computed using the mean, standard deviation and paired

't test (table 7).

Table 7. Mean, standard deviation and t-values for administration
time at varying and constant interstimulus interval

Variables Mean SD. t values
30C Manud 44.96 sec 5.8 5.735**
Automatic 108 0
40C Manua 44.6 seC 6.6 6.8**
Automatic 108 0

From the above results, it is evidence that there is a statistically
significant difference in time taken for the test carried out at a constant
and variable interstimulus interval. The subject took less time for the
manua presentation of stimuli. So, for adults manual presentation can be

used as it takes less administration time.

In conclusion, the findings of present study can be summarized as
follows:
1) The computer is better compared to CD for obtaining speech

identification scores at lower intensity level i.e,, 30 dB SL. However,
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2)

3)

4)

5)

at higher level no difference is seen between the two presentation
modes. Hence, the signals can be presented through either mode at 40

dBSL.

The speech identification scores can be obtained at 30 or 40 dB SL, as
there was no difference in scores at these intensity levels, when the

same mode of presentation is used.

No difference in scores was obtained between males and females for
both presentation mode (CD and computer) and intensity levels (30 dB

SL or40dB SL).

In adults, there is no difference in the score of manua (variable
interstimulus interval) and automatic presentation  (constant

interstimulus interval). Hence, either can be used.

Test administration time is significantly different for 30 dB SL and 40
dB SL for manual presentation and automatic presentation mode. So,
it is recommended to use manual presentation in case of adults if the

test is to be administered faster.
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From the above findings, it is recommended that —

(@) The stimulus is to be presented through the computer if
the signal is to be presented at lower sensation levels (
i.e. 30dBSL).

(b) At higher levels of presentation (i.e. 40 dB SL) the signal
can be prescribed either through the computer on the
CD.

(c) If the test is to be administered faster, the stimuli may be
presented through the manual mode of the computer,

where the interstimulus interval can be varied.
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SUMMARY AND CONCLUSION

Research carried out by several investigations have shown that there are
considerable advantages of using recorded speech when compared to live voice,
for audiometric purposes (Rupp, 1980; Fuller, 1987). Also, the digitized recording

Is preferable over analog recording because of its several advantages (Wilson,

1997).

The present study was carried out to compare speech identification scores
using two presentation modes i.e.,, computer and compact disc presentation in
adults. This was done to see if either a computer or a CD could be used for

estimation of speech identification scores.

Fifty subjects (twenty-five males and twenty-five females) were taken who
were fluent in Kannada. They were in the age range of eighteen to thirty years.
None of the subjects had a history of any otological and neurological involvement

and they had normal speech and hearing.

Speech identification scores (SIS) were obtained using the bisyllabic
phonemically balanced word list in Kannada, developed by Vandana (1998). The

scores were obtained through computer as well as CD. This was done at two
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intensities - 30 dB SL and 40 dB SL, with reference to SRT. The following
comparison was made with the data collected:
1. SIS between two presentation modes at two intensity levels.
2. SIS within two presentation mode at two intensity levels.
3. SIS of males and females.
4. SIS for fixed and variable interstimulus interval.
5. Comparison of test administration time at fixed and variable interstimulus

interval.

The data obtained was analyzed using mean, standard deviation and t-test.

The results revealed the following.

1. There was no difference in speech identification scores for two recorded
presentation modes (CD and computer) at 40 dB SL. However, at 30 dB
SL, scores through the computer were better than that obtained through
CD.

2. There was no difference in scores obtained at 30 dB SL and 40 dB SL
when same mode of presentation was used. Hence, 30 dB SL can also be
used to obtain speech identification scores in adults, if required.

3. When a fixed interstimulus interval or a variable interstimulus interval
was used, there was no difference in the speech identification scores.

However, subjects responded significantly faster when a variable
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interstimulus interval was used. The test could be done at almost less
than half the time when the variable interstimulus interval was used.
4. For males and females, there was no significant difference across both

presentation mode and presentation level.

From the above findings, it is recommended that,
(@  The stimulus be presented through the computer if the signal is to
be presented at lower sensation levels (i.e., 30 dB SL).
(b) At higher levels of presentation (i.e., 40 dB SL), the signal can be
presented either through a computer or the CD.
(c) If the test is to be administered faster the stimuli may be presented
through the computer using the manual mode where the

interstimulus interval can be varied.
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APPENDIX -1
TEST LISTS (Given by Vandana 1998)

Familarization items:-

o3 /mancha/
3, /bekku/

23 /tuti/
Test items:-

List-A List -3
el /lota/ sy /kannu/
nw  /eni/ @R /huvu/
@ /chaiku/ st /ka:ge/
2Ry, /bassu/ 8%, /kappe/
el /gube/ =p® /mola/
&)  /kaftu/ e /eni/
® /lari/ Y /male/
I /mane/ el /lo:ta/
8% /nalli/ 8 /daira/
Deg  /meke/ Wi /chaku/
xKpe /mola/ S /mane/
R /ka:ge/ S%,  /nalli/
B /sebu/ el Joile/
Dern  [/bliga/ WA, /bassu/
deew /koli/ 3 /kca’g['u/
@R7 /huivu/ el /gu:be/
R /muigu/ 8 /chatri/
®2 /hasu/ es /meike/
¥ /male/ acen /serbu/
8%,  /kappe/ et /bi:ga/
sey  /kannu/ 0 /lari/
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390 /c_:l1c:1:rc|/
=8, /chatri/
deo /chila/
aeD /minu/
ewy /me:ju/

@®  [ili/
2 [suiji/
3d  /fale/
3o /kivi/

By /pennu/
3 /mara/
wd  /bale/
ey /kaiiu/
no&d /gante/

2 /sara/
JBom@ /chendu/
den  /railu/
50 /ka.ru/
we  Joile/

&3 /ane/
8y /laite/
Aed  /gini/
oy [haivu/
o /nasyi/
mew  /hallu/
R /kaisu/
ApodE/suirya/
e /niiru/
28 Jele/

NOTE: (Lists 'A' and 'B' are reverse orders of lists A & B)
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Swerd /male/

oy /kaige/
Aed  /gini/
3y [iatte/
28 [sara/
»d  /kairu/
B, /pennu/
e /niru/
wd  /bale/
@3 [ane/
Bord /chendu/
B /hallu/
3 /mara/
e /miznu/
AL /nauyi/
e /ko:li/
& /Kivi/
2  [ili/

soen  /ka:lu/
2 Jele/
Bdew /chi:la/
=0ee) /me:ju/
A% [suiji/
noed  /gante/
deo  /railu/
363 /_’[ole/
) /haivu/



