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THE EFFECTS O NOISE ON SPEECH AND WARNING SIGNALS

I. INTRODUCTION

The effective communication of speech and warning signals is vital to
the success of a military program. The consequences of communication failares
can range from a minor irritation to a major disaster, depending on the

Simportance of the incorrectly perceived message. These communication Uý,.urrs
can be costly in terms of mission objectives# equipment, and, in thlo extreme,
human life. Adequate technology exists to permit effective communic, ,on in
most situations, but it is not always implemented. In some conditione, a high
level of intelligibility is unnecessary because the communication task is very
simple. In others, however, highly intelligible communications are needed to
convey complex or unexpected messages in emergency situations. It in
important to assess each communication situation so that the right balance can
be made between economy and program effectiveness. Unnecessary sophistication
in communication systems should be avoided, but too much emphasis on economy
can lead to greater expense in the long run.

The purpose of this literature search and analysis is: (1) to elucidate
the present state of information on the effects of noise on the perception and
recognition of speech and warning signals) (2) to describe some of the
circumstances in which communication improvements or degradations may occur;
and (3) to identify additional information collection or research projects
that will improve speech and signal recognition in military environments.

To obtain an understanding of speech and warning signal communication in
the military context, it is first necessary to explore some theoretical and
practical aspects of communication, especially as it is affected by noise.
The report will cover speech variables, namely speech level, materials used
for testing communication systems, and distortions of speech by filtering and
masking. It will include a discussion of the transmission of speech from
talker to listener, various talker and listener variables, such as the effect
of non-native languages on both; and some of the more prominent methods for
predicting the effects of noise and other degrading factors on speech
intelligibility. The report will conclude with discussions of criteria for
acceptable communication and for warning signal detection, and a number of
recomendations for future research.

II. SPEECH VARIABLES

The intelligibility of speech depends on a large number of variables.
The framers of ANSI S3,14 (ASR, 1917) divide them into acoustic, non-acoustic,
and random or quasirandom factors. Acoustic factors include the level and
spectrum of the speech signal at the listener's ear; the level, apectral, and
temporal characteristics of the interfering noise; differences in the spatial
locations of the speech and noise sources; and reverberation effects. Non-
acoustic factors include the talker's speech habits, the size of the message
set, the probability of occurrence of each unit, the listener's motivation and
familiarity with the speech material, and visual cues. Random or quasirandom
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factors, which set an "upward bound" on the precision with which
intelligibility can be estimated, include individual differences between
talkers and listeners, day-to-day variations in their effectiveness, effects
of randomization in the choice of test material, random sampling errors, and
the listener's age and hearing sensitivity (ASA, 1977 p. 1).

A. Speech Level

Any predictions of speech intelligibility are likely to be influenced by
the procedure used to measure speech level. One of the difficulties is the
wide dynamic range of speech, which is as much as 30 dB between the most and
least intense phonemes (Webster, 1984; Pearsons, 1983; Hood and Poole, 1977).
Another is a satisfactory method of accounting for the pauses between
utterances. Various measurement methods have been proposed. One of the most
popular methods is the long-term rms level monitored with a sound level meter
or a VU me-ter. However, this method involves a certain amount of subjective
judgement, and, according to Pearsons (1983), the speech sample should be at
least 10 seconds long. Kryter (1984) maintains that the average A-weighted
peak level of each word measured with a sound level meter set on slow response
is approximately equal to the unweighted Leq. Pearsons (1983) believes that
the integrating sound level meter or computer shows promise (see also Suter,
1978), but points out that there are no standard techniques available.

Standardization is currently being considered by Working Group S3-59 for
ANSZ $3.38, "Measurement of Speech Levels" (ASA, 1986). A preliminary draft
of this standard favors a method called the Equivalent Peak Level (EPL)
developed by Brady (1968), with long-term rms measured in real-time as an
alternative. The EPL method consists of measuring the rms level above an
arbitrary threshold and calculating the peak of a log-uniformly distributed
speech sample that would have the same rms level. The advantages of EPL are
that it is (1) expressed by a single number, (2) uninfluenced by silent
intervals, (3) independent of the threshold setting of the speech detector,
and (4) follows known lovel changes on a dB for dB basis (Brady, 1968).

Although the varilous methods identify different speech levels, the
relationships between thKese levels are fairly uniform. Most investigations
show the unweighted rms level to be about 4 dB above A-weighted rms level, and
the EPL to be 8 to 10 d1i above unweighted rms (Pearsons, 1983; Steeneken and
Houtgast, 1978) . According to Kryter (1962a), speech peaks, defined as the
level exceeded by only 1% of the speech signal, are equal to the rms level +12
dB. The long-term rms level may be estimated by taking the average speech
peaks in quiet, measured with a sound level meter set on C-weighting and slow
response, and subtracting 3 dB (Kryter, 1962a).

Speech level will change according to the vocal effort expended.
Pickett (1956) found the range of vocal force varied from 36 dB, the level of
* forced whisper, to 90 dS for a heavy shout. Figure 1 shows speech level as
a function of vocal effort according to Pearsons et a.L (1977) and including
data from Beranek (1954). The entire range extends from about 48 dB to 92 dB.

People will increase their vocal effort automatically with increasing
distance between talker and listener and with elevation in background noise
level. Gardner (1966) found that people raise their voices approximately 2 dB
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with every doubling of distance between about 1 and 4 meters. Kryter (1946)

reports a 3-dB increase and Webster and Klumpp (1962) report a 5-da increase

for every 10-dB increase in background noise level. Webster and Klumpp (1962)

identified the same increase in vocal effort as a result of a doubling in the

number of talkers around a communicating pair (the "cocktail party" effect).

Pearsons and his colleagues (1977) measured speech levels in face-to-face

conversation at one meter, and found an increase of 6 dB for every 10 dB

increase in background noise level between 48 and 70 dB, above which talker

and listener moved closer together.

Changes in the speech spectrum and rate of utterance also occur as vocal

effort increases. Webster and Klumpp (1962) found that speech rate decreased
with inoreasing noise level, although it tended to increase with increasing
numbers of competing talkers. Figure 2, also from Pearsons at.&L (1977),
displays the definite shift toward higher frequency speech energy with

increasing vocal effort. People change their vocal effort according to their

activity, even without increases in background noise level. They tend to talk

louder when reading prepared text than they do in casual conversation, They

also raise their voices when talking before an audience, on the telephone, and

even in the presence of a microphone (Webster, 1984). On the basis of data

from van Heusden ait &I. (1979), Houtgast advocates distinguishing between
public and private communication, with the former being 9 dB louder than the

latter (Houtgast, 1980). The intelligibility of amplified speech remains good

up to sound pressure levels as high as 120 dB, but as soon as noise is
introduced, even with a speech-to-noise ratio as favorable as 15 dB,
intelligibility begins to drop off above a sound pressure level of 90 dB
(Pollack and Pickett, 1958), overloading the auditory system is presumably
responsible. Unamplified speech is another matter. Intelligibility falls off
abruptly above a speech level of 78 dB, However at speech levels below 55 dB,
intelligibility falls off gently at first and then abruptly (Pickatt, 1956).

B. Speech Materials

Spoken language contains numerous constraints, which add to its
redundancy and make it easier to understand. This is indeed fortunate for the
hearing-impaired individual and for any listener in a time of emergency.
These constraints result from any language's grammatical structure, the
context of the word or mentence, limitations in vocabulary size, the length of
words, and the listener's familiarity with the speech material. The greater
the constraints, the higher the speech Intelligibility scores for the same
speech-to-noise ratio. An example of this is the relative intelligibI.I.ty of

specialized vocabularies, such as the ones used Ly air traffic controllers,

Frick and Sumby (1952) describe four steps of constraints in pilots' receipt
of control tower messages: from an infinite set of possible messages one
moves to a set of alphabetical sequences, then to a set of English sentences,
to air language with its own particular grammar, arid finally to the tower

messages with their own procedural constraints. The estimated redundancy with
respect to what could have been conveyed is 96%. The authors note that this

degree of redundancy is very inefficient in terms of information transfer, but-

they point out that communication systems tend t.) be noisy, and the
communication link between pilot and control tower haa a low tolerance for
error, so redundancy provides an important form of insurance.
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Intelliqibility increases directly as the number of possible words in a
message set decreases. Similarly, for a given amount of intelligibility, the
speech-to-noise ratio can be reduced with proportional decreases in the size
of a message set. Miller at al. (1951) found that a dercrease in message size
from 256 to 4 monosyllables corresponded to a 12-dB decrease in speech-to-
noise ratio. For this reason, "closed-set" tests, such as the Modified Rhyme
Test (House a a., 1965), yield better intelligibility scores than "open set"
tests of monosyllabic words or nonsense syllables, for a given speech-to-noise
ratio. Other investigations have shown that long words are morA intelligible
than short ones (Rubenstein aeL., 1959), and two-syllable words are more
intelligible when the accent is on the second syllable (Black, 1952).

Figure 3 from ANSI 83.5 (1969) shows the relative intelligibility of
various speech materials as a function of speech-to-noise ratio (represented
by Articulation Index values) . The order of difficulty is from the least
intelligible, 1000 nonsense syllables; to 1000 phonetically balanced (PB)
words; to rhyme tests, 236 PBs, and unfamiliar sentences; to familiar
sentences; to the most intelligible, a vocabulary limited to 32 PB words. The
committee cautions the reader that these relations are approximate, as they
depend on the type of material and the skill of talkers and listeners.

Features within words can cause some words to be more intelligible
(resistant to masking or filtering) than others. For example, prosodic
features and vowels are more easily identified than consonants (Webster and
Allen, 1972). Medial position phonemes are more intelligible than consonants
in the initial and final position and final consonants are more easily
identified than initial consonants under adverse conditions (Clarke, 1965),

In an effort to improve the reliability of the Harvard list of PBs, Hood
and Poole (1977) noted that the intrinsic intelligibility of these words
covered a range of at least 30 dB. (The authors considered this large range a
necessary feature of a good intelligibility test.) By eliminating 5 "rogue
lists", Hood and Poole brought the performance-intensity functions of the
remaining 15 lists into close agreement. During this procebs, they cnalyzod
the difficulty of all wcords in the 20 lists, having tested each word 36 timen.
The result is a table, which lists the relative intelligibility of all of the
Harvard PBs, from most intelligible (jam, our, rope, wild, and will) to least
intelligible (rave, fin, pun, and sup) . This table could be useful in
assessing the difficulty of woods to be used in special phraseologies or for
testing the articulation of specific systems.

The helpful redundancy in speech is derived from a number of different
features, as explained above. In other words, it is as if we may the same
thing in a variety of ways. The question arises, then, as to whether simple
repetition of the same word will increase its intelligibility. I nvestigations
of this question have produced moderately ericouiaging results. Miller e&L-.Al
(1951) found that three successive presentations ot the same word Improved
intelligibility by 5 to 10%, depending on the speech.-to-noise ratio. Lazarus
(1983) quotes a German colleagum (Platte, 1978 and 19'79) as finding that large
variances can be avoided by triple repetition. Using the Harvard PBs, Thwing
(1956) tested the effects of one through four presentations of the same word
(e.g., "Item 26: dog, dog, dog") at three speech-to-noise ratios. The
results showed a slight improvement between the first and second presenta-
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tions, but nothing after that. The greatest inmprovement was at the most
favorable speech-to-noise ratio. Other investigators found no improvement for
repetition of numbers (Moser at al., 1954) or nonsense syllables (Black,
1955). Hood and Poole (1977) noticed that words duplicated (by chance) in
separate lists were missed on some occasions but not on others. They cite
Brandy (1966) as finding the same result, and suggest that the cause lies in
slight variations in the talker's voice production, not only among different
talkers but at different times with the same talker. So, at least for words,
there appears to be a moderately beneficial effect of at least one repetition.
In view of the increased opportunity for talker variations, it would seem
reasonable that these benefits would be somewhat greater for phrases and short
sentences.

As stated above, word familiarity is another important consideration in
the intelligibility of a spoken message. According to Rubenstein and Pollack
(1963), intelligibility is a simple power function of the probability of a
word's occurrence. In an effort to develop word lists with familiarity
greater than the Harvard PBs, Hirsh at al. (1952) developed the CID W-22 list
of 200 familiar PBs, Peterson and Lehiste (1962) developed a CNC (Consonant
Vowel Nucleus Consonant) list of 500 PBs, and Tillman and Carhart (1966)
compiled the 200 words that comprise the NU Auditory Test 6, which was
developed for and used extensively by the U.S. Air Force (Webster, 1972).

In a comprehensive compendium of speech testing materials, Webster
(1972) discusses and reprints various speech materials and standard
phraseologies used in testing communication systems. These include a selected
list of Navy Brevity Code words, along with ICAO phonetic spelling words and
digit pronunciation (Moser and Dreher, 1955), a transcription of radio
transmissions of U.S. Naval aircraft over Vietnam (Webster and Allen, 1972),
and a list of words frequently used in USAF aircraft compiled by Donald
Gasaway. Gasaway's list includes statistics on word familiarity according to
word-frequency counts from Thorndike and Lorge (1952), and a code showing
whether they are represented in various standard word lists and among Brevity
Code words. Webster's compendium also includes lists of tactical field
messages from the U.S. Army Test and Evaluation Command (1971), 150 phrases
from the flight deck of aircraft carriers developed by Klumpp and Webster
(1960), and lists of aviation maintenance/supply support messages developed by
Webster and Henry (NAVSHIPS, 1972).

One of the difficulties involved in speech testing using large sets of
monosyllables, such as 1000 Harvard PBs, is the fact that talker and listener
crews must be thoroughly trained. Webster (1972) states that such training
takes weeks to perform! In an effort to reduce or eliminate training time,
Fairbanks and his colleagues developk d the closed-set Rhyme Test (Fairbanks,
1958), which has gone through a series of modifications (House at al., 1965;
Kreul Pt al., 1968) . An interesting innovation is the Tri-Word MRT (Williams,
iat.....&L, 1976), where words are presented in triplets instead of individually.
The principal advantage of this test is its speed: the investigators found
that 51 words could be presented in only 2.3 minutes as opposed to 5 minutes
for the MRT. Another variation developed by Voiers (1967) is the Diagnostic
Rhyme Test (DRT), which can be used to identify the particular features of
speech (in initial consonants only) that are affected by a communication
system.
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The American National Standard Method for Measurement of Monosyllabic
Word Intelligibility (ANSI 3.2-1960 (R1982)), specifies the Harvard PBs as
test materials. A current draft revision (ASA, 1988) has added the MRT and
DRT. According to the new standard, the three tests have been shown to be
highly correlated with each other as well as with other intelligibility test
materials.. All three tests will provide the same rank orders and magnitude of
differences among systems when used with a large number of communication
systems. The new draft also specifies the method outlined in ANSI S3.38 for
measuring speech level (ASA, 1986) . The scope of the new draft standard
covers the testing of all kinds of communication systems (with the exception
of speech recognition devices), including speech transmitted through air in
rooms or out of doors; through telephonic systems including telephones, public
address systems, and radios; or through complex environments including
equipment, air, wire, fiber, radio, and water paths.

Sentence material can also be useful for testing communication systems,
In addition to the original Harvard sentences (Hudgins at Al., 1947), the CID
sentences (Silverman and Hirsh, 1955) were developed to resemble "everyday"
speech, and these sentences were modified to achieve homogeneity of sentence
length to form the RCID sentences (Harris aL..A., 1961). Speaks and Jerger
(1965) and Jerger at.Al- (1968) have developed synthetic sentences to reduce
predictability of the key words. More recently, Kalikow Lat l, (1977)
invented the SPIN test (Speech Intelligibility in Noise), which consists of
two types of English sentences in speech-babble noise: one for which the key
word is somewhat predictable from the context, and the other for which the key
word cannot be predicted from the context. Both types of sentences are
balanced for intelligibility, key-word familiarity and predictability,
phonetic content, and length. Although its major application is in testing
hearing-impaired persons, it has other uses, such as the evaluation of speech
processing devices (Kalikow a , 1977). The test has recently been revised
by Bilger (1984), to achieve greater equivalence among test forms.

The choice of speech materials depends on many factors, including the
availability of listeners and training time, the type of system, and the
conditions of use. Webster (1978) points out that the midrange of a steep
performance-intensity function is necessary for the best testing. Webster
suggests that in very noisy conditions (Al of about 0.2), a closed-set test of
rhyme words will yield about 50% intelligibility. At an AI of 0.35, an open
set of 1000 PB words would be more appropriate because rhyme tests would yield
about 85%, which would be at or above the "knee" of the function,* At Als as
high as 0.8, even 1000 nonsense syllables would produce intelligibility scores
greater than 90%, so Webster advocates uning other measures, such as reaction
times, competing messages, or quality judgements (Webster, 1978).

*In his discussion of matching intelligibility tests to Al levels, Webster
refers to an AI of 0.35 as corresponding to rhyme-test scores of 75%,
However, the graph reprinted from ANSI S3.5, 1965 as Fig. 3 indicates rhyme
scores of about 85% at this Al. This discrepancy may point up the caveat of
the standard formulators, that these relations are approximate, and that they
depend upon type of material and skill of talkers and listeners. It may also
indicate the need for reexamining the interrelationships of these materials,
especially in view of more recent additions to the available battery of test
materials.
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SC. Distortions

According to Harris (1965), "...not more than half .he time in everyday
life do we listen to clearly enunciated speech in quiet." (p. 825).
Distortions of speech, such as filtering and noise masking, are prevalent in
all kinds of occupational environments and are common to many military
situations, from offices and computer rooms to tracked vehicles and
helicopters.

Filtering of speech occurs when it is passed through almost any
transmission system, such as a telephone or a radio communication system.
High-frequency speech sounds are most readily affected, with a resulting loss
of consonant intelligibility. The effects of filtering are exacerbated by
other distortions, particularly by background noise and hearing impairment.

Noise is the most common culprit, and its effectiveness as a masker
depends on spectral, level, and temporal considerations. One of the most
efficient maskers of speech is speech itself. To quote George Miller, "...the
best place to hide a leaf is in the forest, and presumably the best place to
hide a voice is among other voices." (Miller, 1947, p. 118), For this reason,
a babble of many voices is often used in speech masking experiments.
Broadband noise can also be an effective masker. At low-to-moderate levels of
noise and speech, high-frequency noise masks more efficiently because it masks
the consonant sounds, which are generally higher in frequency and lower in
speech power than vowels. Figure 4, from Richards (1973), displays the
relative energy of speech sounds. Because of a phenomenon known as the
"spread of masking", low-frequency sounds become more efficient maskers as
their intensity increases. Above a sound pressure level of approximately 80
dB, low-frequency masking increases at a faster than normal rate (Kryter,
1962a) and becomes increasingly effective at masking mid- and high-frequency
sounds. Low frequency sounds, if intense enough, will mask the whole range of
speech frequencies (Miller, 1947).

Noise becomes less efficient at masking speech when its levels vary with
time. In its report on the effects of time-varying noise, CHABA (1981) points
out that varying noise produces less speech masking than continuous noise for
a given Al. The repott predicts 97% sentence intelligibility for a time-
varying Leq of 70 dB, and even 81% intelligibility at an Leq of 80 dB. The
report also suggests that a good "speech interference index should be some
running estimate that combines background noise and time-varying noise
episodes in which the noise level is within 10 dB of the peak level." (CHABA,
1981, p. 7),

More often than not, distortions occur in combinations rather than
singly. A talker may be smoking, chewing, or talking rapidly (Lacroix at al,,
1979). He may have his head turned away, he may be trying to communicate at a
distance, his vocal effort may be above or below the point of maximum
intelligibility, or his articulation may be unclear. A very common
combination of distortions is noise and low-pass filtering, which
characterizes inefficient communication systems. Lacroix a 1.• (1979)
investigated the effects of three types of distortion: increased rate of
talking, interruption, and speech-shaped noise, singly, and in combination
with low-pass filtering. The authors found that the reduction in speech
recognition resulting from multiple distortions was considerably greater than
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an additive effect. According to Lacroix and his colleagues, these results

corroborated similar findings of earlier investigations (Licklider and

Pollack, 1948; Martin, Murphy, and Meyer, 1956; Harris, 1960).

III. TRANSMISSION CHARACTERISTICS

A. Distance Between Talker and Listener

Early criteria developed by Beranek (1950) gave estimated "speech
interference levels" (SILs) as a function of distance and vocal'effort. Based

on communication in the free field, they show the expected 6-dB decrease in
SIL for a given intelligibility with every doubling of distance. However,

speech intelligibility will not deteriorate with distance as quickly as might

be expected from the 6-dB per doubling rule because people will increase their

vocal effort with increasing distance. Also, the 6-dB rule is inappropriate

for indoor spaces because of room reverberation and other factors. Schultz

(1984) has developed a formula for predicting sound propagation indoors, based
on the frequency and sound power level of the source, room volume, and the
distance from the source. Modifications to the SIL for vocal effort,
reverberation, and other factors will be disnussed in greater detail in a
subsequent section.

Garinther and Hodge (1987) point out that individuals use a

"communicating" voice level, meaning that they raise their voices as they feel

necessary according to the distance at which they need to communicate. They

cite research by Gardner (1966) to support their estimate of a 2.4 dB increase

in vocal effort for each doubling of distance. An investigation of the

effects of wearing a gas mask and hood showed that individuals use slightly
higher voice levels in this condition, and raise their voices approximately
1.5 dB per doubling of distance (Garinther and Hodge, 1987).

B. Reverberation

Although reverberation is a necessary feature in concert halls and

auditoriums, the prevailing thinking on the subject nowadays is that its
effects on speech are virtually never beneficial. Early reverberations seem

to have little adverse effect if they arrive during the production of the same

sound (Nabelek, 1980), but Webster (1983) and other investigators he cites

(Mankovsky, 1971: Kuttruff, 1973) believe that all reflections are

detrimental. In a study of the influence of noise and reverberation on speech

recognition, Nabelek and Pickett (1974) found that a change in reverberation

time of 0.3 second produced a substantial decrease in speech recognition,

equivalent to a 2- to 6-dB increase in noise level. The investigators used

two types of noise: one consisting of 16 impulses/second and the other a

babble of 8 talkers. Nabelek has reported that a degradation of speech

perception in quiet .- curs at reverberation times longer than 0.8 second, and

that the amount of the deqradation depends on the size of the room (and

therefore the temporal distribution of reflections), the type of speech and

noise, and the listener's distance from the source (Nabelek, 1980).
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In an attempt to test the effects of small room reverberation and
binaural hearing on normal and hearing-impaired subjects, Nabelek and
Robinette (1978) found a significant decrease in speech recognition scores
between a reverberation time of 0.25 to 0.5 second, and concluded that the
adverse effects of reverberation are greater in small than they are in large
rooms. A table comparing their data to those of other researchers shows that
the effect of reverberation on speech recognition may vary anywhere from 0% to
34.8%, depending on reverberation time, presence or absence of noise, and
monaural or binaural listening (Nabelek and Robinette, 1978, p. 246). The
authors also discuss an experiment using computer simulated reverberation
consisting of a direct sound followed by 5 reflections, decreasing at a rate
of. 6 dB per reflection. Unexpectedly, the results failed to show a
statistically significant difference between speech recognition scores for
three simulated reverberation times. In a later simulation, Nabelek (1980)
did find .a difference between non-reverberant and computer simulated
reverberant conditions of 9% in the scores of hearing-impaired subjects. This
simulation had been developed by Allen and Berkley (1979), whose FORTRAN
program may be used to simulate a wide range of small-room acoustical
conditions.

C. Spatial Location

The location of the speech and noise sources may also have an effect on
speech intelligibility. The most difficult condition occurs when speech and
noise are coming from the same direction. Generally, as the angle of
separation becomes wider, intelligibility increases for a given speech-to-
noise ratio. Plomp (1976) reports that with the speech signal coming from 00
azimuth, people could tolerate a decrease of approximately 5 da in speech-to-
noise ratio for the same intelligibility when the noise was moved from 00 to
135 azimuth. This finding occurred in non-reverberant conditions. Effects
were less dramatic as reverberation time increased from 0 to 2.3 sec.

D. Monaural vs. Binaural Listening

Nature has provided us with two ears for reasons in addition to
redundancy. Binaural hearing enhances our sense of a sound's location, and it
increases our ability to recognize speech sounds in a reverberant space. We
are able to do this by discriminating small differences in signal phase and
time of arrival at the two ears. This ability is considerably better for
frequencies below rather than above 1500 Hz (Littler, 1965).

Different investigators report different amounts of improvement or
"binaural gain", defined as the difference in speech-to-noise ratio for a
given speech recognition score. The amount of improvement depends on such
aspects as reverberation, the type of masker, the spatial location of the
speech and noise, the listener's hearing sensitivity, and the presence or
absence of amplification. MacKeith and Coles (1971) report a 3- to 6-dB
improvement from binaural sufmation alone (at or slightly above threshold),
Nabelek and Pickett (1974) found improvements of 4 to 5 dB, unaided listening
in reverberant conditions, but the gain was only 3 dB when listening through
amplificatl*on. The binaural advantage appears to be greater for normal
hearing than for hearing-impaired people (Ndbelek and Robinette, 1978),
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although the hearing-impaired will experience a peculiar summation when the
hearing threshold levels for the two ears are dissimilar according to
frequency (MacKeith and Coles, 1971).

Levitt and Rabiner (1967) have developed a met'hod for predicting the
gain in intelligibility due to binaural listening. They estimate the maximum
benefit for single words in high-level white noise is about 13 dB, while at
high intelligibility levels the benefit will be only about 3 dB (from
summation). The authors suggest that binaural gain might be greater with
speech as a masker, since Pollack and Pickett (1958) found advantages up to 12
dB. With respect to directionality, Plomp (1976) found that there was a
binaural gain of about 2.5 dB ovqr the monaural condition when the noise was
on the side of the occluded ear , 'and a greater gain when the masking noise was
on the aide of the open ear. These advantages were fairly constant,
irrespective of reverberation and azimuth of the masker. However# the data of
Nabelek and Robinette (1978) and Nabelek and Pickett (1974) show sizeable
increases in binaural advantage with a doubling of reverberation time.

E. Telephone Listening

Telephone circuitry filters the speech signal on both the low and high
ends of the spectrum, such that the spectrum rises gradually from 200 Hi to a
peak of about 000 Hz, with a gradual decline to 3000 Hz and a precipitous drop
thereafter (Richards, 1973). Without the advantage of high-frequency speech
information or binaural hearing, noise, either in the system or in the
listener's environment, can be problematioal, Noise in the listener's
environment further disrupts telephone listening in that it is amplified
through the same mechanism that enables talkers to monitor their voice levels,
"side-tone feedback" (Holmes a.LjL., 1983).

In an effort to evaluate the influence of a noisy background on
telephone listening, Holmes Al.a (1983) tested the ability of normal hearing
subjects to hear ape, -ýh through a standard "500" handset. Speech was
presented at a sound prý saure level of 86 dB (the average level of telephone
speech according to tht authors) in backgrounds of multi-talker babble and
white noise at 65, 75, id 85 dB in five telephone conditions: transmitter
off, transmitter occludt,•A by the listener's palm, contralateral ear occluded,
control (normal listenini itnode), and transmitter off plus contralateral ear
occluded, The results showed no significant differences among conditions when
the noise was at the 65 dil level, but for the less favorable speech-to-noise
ratios, significantly poorer speech recognition scores were obtained during
the control and contralateral ear occluded positions than during the
transmitter off and transmitter occluded positiona, The authors conclude that
telephone listening can be improved by occluding the transmitter, but no help
is derived from the popular remedy of occluding the opposite ear, Holmes and
her colleagues also found that amplifid telephones irdprove speech recognition
because increases in thu level of side-tone feedback are non-linear with
respect to increases in signal level, They found that if the telephone's
output was increa:;ed by as much as 20 dB, the side-tone feedback increased by
only about 4 to 7 dB. Thus, the speech-to-noise ratio would be more
favorable, and indeed thi.y found that speech recognition scores using an
amplifier showed smaller differences between the tran.smitter occluded and
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unoccluded positions, causing the authors to recommend amplifier handsets as
another remedy for telephone listening in noise.

F. Communication Systems

Communication systems have been specially designed for military and
industrial use where high levels of background noise are common. Certain
features have been developed to enhance the communicatiozn process in noise
environments. Circumaural earcups house the receiver, providing attenuation
of up to 20 to 30 dB, depending on frequency and on the efeectiveness with
which they are worn. The process of electronic peak clipping aids
intelligibility by boosting consonant energy in relation to vowels, but the
benefits of this process are limited 'vhen noise accompanies the signal
(Kryter, 1984). The noise cancelling microphone is a useful innovation, as
are improvements in circuitry such as the "expander/compander" circuitry
described by Mayer and Lindburg (1981).

Despite recent improvements, Mayer and Lindburg (1981) contend that most
communication systems in use today are based on design concepts that are over
50 years old. The 300-3000 H& bandwidth allows inslifficient intelligibility
in noise, such that aviators sometimes need to take the time to use the
phonetic alphabet - time that they can ill afford to spend. Mayer and
Lindburg state further that peak clipping in typical noisy conditions can
produce a distortion of the signal of up to 50%, degrading speech
intelligibility to the extent that all the gains from this process are lost.
They cite a worst case condition where peak clipping can almost destroy the
intelligibility of a high amplitude "panic message", In addition, thoy
maintain that current test procedures are outmoded. The 6cc coupler is not
appropriate for circumaural earoups. ABA standard 1-1975 procedures are
inappropriate because real-world, high noise environments lead to a "pumping"
action on the earcup, causing the ear cushion to be lifted off the ear, with
resulting acoustical leaks. Finally, Mayer and Lindburg state that the
equipment used to test the noise cancelling microphone (the Kruff Box) is not
an adequate simulator of the aircraft noise environment.

Mayer and Lindburg (1981) proceed to describe their newly developed
test procedures and communication system. The test consists of "real head"
attenuation in pink noise with two microphones, one outside and one beneath
the earmuff. The system, C-10414 ARC Intercommunication Control has an
increased bandwidth (300-4500 Hz) with a relatively flat rumponse, and uses
"expander/compander" circuitry, fast-.acting automatic gain control, and a
noise cancelling microphone. This kind of research and development will be
continued under a program entitled The Voice Recognition and Response for
Army Aircraft (VRAA).

Such a program also exists in the Air Force, The Voice Communication
Research and Evaluation System (VOCRES) has been described by McKinley (1981)
as a laboratory system replicating cockpit communication and environmental
conditions, where the elements that can be varied include: microphones,
earphones, helmets, oxygen masks, aircraft radios, ambient noise, Jamming
signal type and modulation, jammer-to-signal power ratios, and receiver input
data.
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IV. TALKER AND LISTENER VARIABLES

A. Talker Variables

1. Vocal effort and fatigue

Although people readily raise their voices in a noisy background or when
separated by distance, there is a limit to the length of time they can and
will maintain an increased vocal effort. Pickett (1956) identified the
highest level, measured at one meter, that could be sustained without painful
voice fatigue as 90 dB, and, regardless of fatigue, the highest absolute level
was 100 to 105 d3. However, as Webster and Klumpp (1962) have indicated,
people will be reluctant to expend a vocal effort beyond 78 dB for more than a
brief period of time, even in higher noise levels. They call this the
"asymptotic speech level" (Webster and Klumpp, 1962).

Rupf (1977) assessed subjective estimates of the length of time people
could talk in noise before their voices would become unduly strained. He
found that on the basis of 5-minute conversations in noise, about half the
people believed they could talk for one hour in A-weighted levels of 75 dE, 30
minutes in 80 dB, 15 minutes in 85 dR, and 7 minutes in 90 dB, However, when
asked to rate the feasibility of conversing during these 5-minute segments,
the 50% level of acceptability fell at an A-weighted level of 83 d9.

Discomfort is not the only adverse effect of talking in high noise
levels. Reports of noise-exposed workers show an abnormally high incidence of
vocal cord dysfunction (vocal nodules, chronic hoarseness, etc.) among workers
who need to communicate as part of their work (Anon., 19791 Klingholz ata&L.,
1978: Schleier, 1977). Klingholz atl, (1978) found that 70% of laboratory
subjects produced "pathological phonation" in A-weighted noise levels of 90 dB
and above, and virtually all subjects did in levels above 95 dB. Clinical
evidence of vocal disorders in noise-exposed workers with speech-intensive
jobs showed that the disorders tended to occur between the third and seventh
year of work (Klingholz atAIl, 1978).

2. Talker articulation

The talker's speech patterns can have considerable influence on the
intelligibility of speech. Common sense tells us that people with a foreign
accent, strong regional dialect, or just generally sloppy articulation will be
more difficult to understand than people with standard dialect and careful
enunciation. Borchgrevink (1981) alludes to potential air traffic safety
hazards when controllers speak in foreign accents, "with errors in phoneme
pronunciation and prosodic features." (p. 15-3), Picheny ea.Al. (1985) gave
a short review of the benefits gained by training personnel to articulate
clearly, They cite Snidecor t l.al (1944) as finding that drilling subjects
to mimic the speech of a trained talker, as well as prompting them to talk
louder, more clearly, and to open their mouths more, improved communication
over military equipment. Similarly, Tolhurst (1955) was able to improve the
intelligibility of speech in a noisy background by 10% when the talkers wore
instructed to speak more intelligibly, In another experiment, Tolhurst (1957)
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found that by either decreasing speech rate or by increasing clarity, he was
able to improve intelligibility by as much as 9% (see Picheny of,.l., 1985).

Picheny and his colleagues (1985) studied the effects on hearing-
impaired listeners of conversational versus clear speech. Listeners were
presented via headphones with short nonsense sentences dt comfortable
listening levels. When using the clear speech mode, talkers were instructed
to enunciate consonants carefully, to avoid slurring words togethLr, and to
place stress on adjectives, nouns, and verbs. They were encouraged to talk as
if they were speaking to a hearing-impaired listener in a noisy environment.
Although listeners reported that the clear speech was tiring because it was
spoken more slowly (sentences were approximately twice as long in the clear
speech mode), the average improvement in intelligibility scores was 17%.

In a second article on the subject of clear speech, Picheny at al,
(1986) presented an acoustical analysis of clear speech and the differences
between the clear and conversational speech modes. They found that the
increase in clear speech duration is achieved by lengthening the individual
speech sounds as well as by inserting or lengthening pauses. They also found
that clear speech is characterized by the consistent articulation of stop-
burst consonants, and all consonant sounds at the end of words, both voiced
and unvoiced. Although changes in the long term speech spectrum were small,
the intensity for obstruent sounds (breath obstructed), appears to be up to 10
dB greater in clear than in conversational speech. The authors note that to
date there is no hard evidence that isolates the most important acoustical
factors in differentiating between clear and conversational speech.
Consequently, they suggest the development of a model that will permit the
synthetic manipulation of variables known to be important. In this way, "one
could gradually transform conversational speech into clear speech by varying
one parameter at a time .... " (Picheny a._al., 1986, p. 444).

Mosko (1981) studied the effect of clear speech on radio voice
communications with normal listeners. Listeners were trained to "over-
articulate" for a period of 3 to 4 days. For speech material, Mosko chose
digit sequences and words that commonly occur in aircraft communications,
presented in quiet and in noise. Again, the duration of the clear speech
segments was up to twice as long as the normal utterances, and intelligibility
showed a 16% to 18% improvement in quiet. Preliminary data from the noise
conditions showed an improvement of 6% to 8% at a speech-to-noise ratio of 0
dB. In the discussion following his paper, Mosko points out that the speech
of people using radio communication systems tends to deteriorate over time.

You can almost chart how long they have been on the
job by the deterioration in their speech and you notice
this time and time agnin. When you train people to use
radios.. .they should be professional talkers. (Mosko,
1981, p. 4-6)

3. Gender

There has been some controversy about the relative intelligibility of
male and female voices. While the female voice is probably no less
intelligible in most circumstances, it may be somewhat more difficult to
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understand in high noise levels when it is lower in sound energy. Pearsons .t
al. (1977) found the female voice to be 2 do lower than the male voice in the
"casual," "normal," and "raised" modes, 5 do lower in the "loud" mode, and 7
dD lower in "shout". They maintained that their data did not support
Beranek's (1954) recommendation that background noise be reduced consistently
by 5 dB to accommnodate female talkers. In a study of speech materials
processed through Air Force cormmunication systems, Moore at,.a.I. (1981) found
small but systematic differences in the intelligibility of male end female
voices in high levels of background noise. While there was little difference
at sound pressure levels of 79 and 95 do, male voice intelligibility was 6.8%
greater in 105 do and 9.5% greater at a noise level of 115 dB. The authors
were not sure whether the cause was that the high-frequency content of female
speech was more easily masked, or because of the differences of vocal output
with increasing levels of backguound noise.

B. Listener Variables

1. Preferred listening levels

Although quite high levels of speech can be tolerated with little or no
loss of intelligibility if the speech is amplified and if the speech-to-noise
ratios are sufficiently high, people prefer to listen to speech within a
certain range of levels. A study by van Heusden ah &1- (1979) explores the
relationships between selected listening levels in the sound field for speech
and background noise. Using a Bekesy "up-down" adjustment method, listeners
were instructed first to find the preferred speech level, as if listening to a
radio, and later to find the minimum required level for understanding speech,
(No details are given for the criteria for "understanding".) Speech and
speech-shaped noise were presented through separate loudspeakers. A-weighted
noise levels were 40, 50, 60, and 70 do and quiet. The results showed average
preferred speech levels of 49 dB(A) in quiet, and 61 dB(A) in noise, with a
slope of 3.1 do per 10 dB increase in background noise level -- above about 35
dB(A). "Minimum" speech levels were identified as 25 dBUA) in quiet, and
about 54 dB(A) in the 70-dB(A) noise condition, with a slope of 6.4 dB per 10
dB increase in noise level above 40 dB(A). The investigators concluded that
people prefer to keep about the same (subjective) loudness level of speech in
noise as they experienced in quiet, although this level w.ll not guarantee the
same level of intelligibility.

In a follow-up study by Pols tAl..a (1980), the same group of
experimenters studied preferred listening levels for speech as a function of
modulation frequency in fluctuating noise. Experimental conditions were
similar, except that the noise, which was typical of community noise, was
modulated at frequencies of 0.1, 0.3, 1 and 5 Hz. Also, subjects used a
slightly different psychophysical method, which gave them somewhat more time
in which to make their selections. The results 'showed that modulation
frequency had a negligible affect on the selection of preferred listening
level, so long as the equivalent sound level was constant among noise stimuli.
However, the identified preferred levels were about 10 d8 higher than in the
previous experiment, and the slope of the curve was 5 dB per 10 dH increase in
noise level above 35 dB(A), rather than 3.1 dB. Pols and his colleagues offer
no explanation for the difference in slope, but they believe that the
difference in level may be due to the difference in adjustment methods. In

20



this experiment, the method may have led to the identification of the moat
comfortable listening level, whereas in the previous experiment the levels
identified would have reflected the 4aLa comfortable level, Pols at. al.
hypothesize a similar explanation for other such discrepincies they noted in
the literature. This leads them to conclude that preferred listening levels
are better described by a range of levels than by single numbers.

Investigations of preferred listening levels under earphones have
produced somewhat higher levels, but there is considerable variation among
studies, Beattie atl, (1982) measured most comfortable listening levels
(MCL) in quiet, and in white noise levels of 55, 70, 85, and 100 dB SPL. The
slope of the MCL, 5.3 dB per 10-dB increase in noise level, was similar to
that of Pols at al, (1980), but the mean identified levels were much higher-
82.5 dB in quiet, and 90.9 dB and 100.3 dB in noise levels of 85 dB and 100 do
respectively. Beattie and his coworkers point out that there is a wide range
of MCLo reported in the literature, Varying from a low of 42 dB SPL in a study
by Schaenman (1965) to a high of 91 do found by Lofties (1964). The
discrepancies seem to be due mainly to differences in instructions and
psychophysical methods of threshold determination (Beattie at al., 1982). One
factor that would account for a portion (about 6 dB) of the difference between
the results of Beattie a•t.s and the work of van Heusden aL-aL (1979) and
Polo at-al, (1980), is the difference in thresholds of sensitivity between
listening in the sound field and under earphones. Another factor would be the
use of A weighting by van Heusden and Pole, which would account for an
additional 4 dB when compared with unweighted sound pressure levels, and still
another is the use of higher noise levels by Beattie at a.., which would be
likely to induce listeners to raise speech levels.

In the above experiments, subjects were presented with a fixed level of
noise and were permitted to adjust the preferred listening level separately,
In a subsequent experiment (Beattie and Himes, 1984), subjects were presented
with a fixed speech-to-noise ratio (under earphones) and asked to identify
MCLs, adjusting the speech and noise together, as they would when listening
through a hearing aid or a communication system. The investigators found MCLs
that ranged from 78 dB SPL in a speech-to-noise ratio of -10 to 83 do SPL in a
speech-to-noise ratio of +10, Upper ranges of comfort, defined as the point
at which listening would be uncomfortable if the level were any louder, were
93 d8 SPL for a speech-to-noise ratio of -10, and 98 dB SPL in quiet.
Although there was a great deal of individual variability, it is interesting
to note that people will include higher levels of speech within the comfort
zone, so long as they do not have to contend with too much noise.

2. Non-native listeners

Degraded communication can occur when listeners, as well as taikers, unea language which is not their native tongue, Using shqrt, high-predictability

and low-predictability sentences (the SPIN test), Florentine (1985) tested 11
native and 14 non-native but fluent-in-English listeners. She found that the
native listeners were able to obtain 50% performance levels at significantly
lower speech-to-noise ratios (about 3 dB) than the non-native listeners,
Likewise, Nabelek (1983) found differences between native and non-native
listeners as a function of reverberation. In a reverberation time of 0.4
second, non-natives scored 6% lower, and with reverberation times of 0.8 to
1.2 second, they scored 10% lower than native listeners.
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In an interesting study of the effects of listening in a second
language, Borchgrevink (1981) selected 13 Norwegian men who were fluent in
English and 13 Englishmen fluent in Norwegian, and tested them with "everyday"
Norwegian and English sentences, balanced and matched for syntax and phoneme
frequency. The subjects listened to these sentences at 65 dB SPL in the sound
field, in a noise background that was decreased between sentence sets in 2-dB
steps from 76 to 56 dB SPL. The results showed that both the Norwegian and
English subjects needed significantly more favorable speech-to-noise ratios
when listening in their second language (see Table 1).

Table I

Speech-to-Noise Ratios Needed for Correct Repetition of Sentences
(From Borchgrevink, 1981)

S/N Needed by S/N Needad by
Narwegian Subjnetm English AuhýaQts

Mean SD Mean SD

Norwegian Sentences 0.1 1.28 3.9 2.66

English Sentences 2.1 1.66 0.4 1.36

The author notes that individuals need fewer acoustical cues to
understand sentences presented in their first language, even when they are
fluent in the second language. He concludes that subjects are better equipped
to synthesize a degraded message in their native language because of a more
firmly established "concept-reference coherence" (Borchgrevink, 1981).

3. Speech recognition during a secondary task

Although the literature on the subject is not extensive, it appears that
noise has an added disruptive effect when the listener must comprehend speech
and perform another task simultaneously, Lazarus (1983) presents data from
Hormann and Ortscheid (1981) showing that speech recognition scores decrease
as a function of speech-to-noise ratio more rapidly when a visual memory task
is added. Jones and Broadbent (1979) cite other investigations indicating
that subjects trying to understand speech in noise have difficult-, remembering
material learned in quiet (Rabbitt, 1966, 1968) . They describe an earlier
experiment by Broadbent (1958) in which subjects were presented with speech in
noise, and with speech filtered as if it were masked by noise. While there
was no significant difference in speech recognition scores, there was a
deficit in a secondary tracking task in the noise condition which did not
occur in the filtered speech condition. The authors conclude that the
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extended effort required to cope with the noise produces a penalty in other
activities (Jones and Broadbent, 1979).

4. Auditory fatigue

In this context, auditory fatigue may mean temporary threshold shift
(TTS) or a more central effect "analogous to perstimulatory fRtigue or
loudness adaptation" (Pollack, 1958). Regardless of the etiology, high noise
or speech levels may produce a deterioration in speech recognition with
continued exposure.

Pollack (1958) investlgated the effects of broadband noise and speech
levels (S/N w 0 dB) of 110 dB to 130 dB for successive 100-second exposures.
Speech recognition scores deteriorated significantly over successive tests at
noise and speech levels above 115 dB, and the deterioration in time was
roughly logarithmic over the period of the eight tests. Not unexpectedly,
post-mtimulatory tests showed large decrements in speech recognition for soft
(45 dB) and very loud (125 do) speech, but no significant effects on speech in
quiet between these levels (Pollack, 1958).

In another study of the effects of auditory fatigue, Parker at.
(1980) exposed subjects to a 1500- to 3000-Hz band of noise at 115 dB for 5
minutes. After noise exposure, recognition scores for PBs in a 2825- to 3185-
Hz band of noise were poorer in quiet, slightly poorer in the 90-dB noise
condition, about the same in 40 dB, and somewhat better in the 65 dB noise
condition. The authors conclude that the subjects responded as predicted from
a "recruitment model" (referring to the improvement in the 65 dB noise
condition, and suggest that a small TTS would not affect speech embedded in
moderately intense masking noise.

Sorin and Thouin-Daniel (1983) studied the effects of mild TTS on the
recognition of low-level speech in noiae (speech at 34 dB(A), noise at 40
dB(A)). They added a "lexical decision" task in the form of a word/non-word
judgement, in an attempt to test central as well as peripheral dysfunction.
The results showed that the presence of a 15-dB TTS produced an increase from
5.3% to 10.8% incorrect rhyme words and 5% to 13.5% incorrect lexical.
responses (which includes decisions exceeding a 2-second limit) . They also
noticed that the presence of TTS increased a subject's tendency to respond
"word" more often than "non-word", a type of response that has been identified
in studies of the effects of noise on task performance. Although speech at 34
dB(A) Is not typical of everyday conversation, it could characterize certain
combat conditions, where understanding softly spoken messages is of vital
strategic importance.

V. PREDICTION METHODS

A. Articulation Index

The Articulation Index (Al) is a method for predicting the efficacy of
speech communication in noise, based on the research and method of French and
Steinberg (1947). The classic "20 band" method uses measurements or estimates
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of the spectrum level of speech and noise in 20 contiguous bands, each of
which contribute equally to speech intelligibility. This method has been
improved and modified by Kryter and his colleagues for numerous conditions of
noise and distortion (see Kryter, 1962a and ANSI, 1969). These modifications
include:

1. Corrections for reverberation times up to 9 sec.

2. Corrections to the noise spectrum for spread of masking effects
(upward, downward and nonlinear growth).

3. Methods using octave And 1/3 octave bands instead of the original 20
bands.

4. Calculation of AI for non-steady-state noise with a known duty-oycle
and levels that fall at least 20 dB during the "off period".

5. Calculation of Al for non-steady noise when the rate of interruption

is known.

6. Adjustments for the effects of sharp, symmetrical peak clipping.

7. Corrections for vocal effort, including speech levels of 40 to 100
dB (long-term rms).

8. Corrections for the added benefits of lipreading.

Applications of the Al to hearing-impaired listeners have been
suggested by Kryter (1970), Braida a&.a. (1979), Dugal nL.AL., (1980), Skinner
and Miller (1983), Kamm at al. (1985), and Humes ALA2..., (1986).

Although the Al can be somewhat complicated in terms of measurement and
instrumentation, it has been found to be a valid predictor of speech
intelligibility in a variety of conditions (Kryter, 1962b), and it has been a
popular and a respected measurement tool over recent decades.

B. Speech Interference Level

Originally developed by Beranek (1954), the Speech Interference Level
(SIL) provides a quick method of estimating the distance with which
communication can occur for various levels of vocal effort. The current
method involves taking the arithmetic average of sound levels in the octave
bands 500, 1000, 2000, and 4000 Hz. According to ANSI S3.14 (ASA, 1977), the
primary purpose of the SIL is to rank-order noises with respect to speech
interference. Figure 5, from ASA (1977), shows talker-to-listener distances
for "Just reliable" communication (defined as 70% monosyllables), with the
approximate A-weighted level on the abcissa for comparison, "Expected voice
level" reflects the natural increase in vocal effort with increasing SIL.

Figure 6 shows Webster's most recent version of the SIL criteria
(Webster, 1983), with numerous modifications and embellishments. Webster
(1983), describes them as: (1) a broader range of voice levels to reflect
differences between public and private voice levels (see Houtgast, 1980; van
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Figure 5. Talker-to-listener distances for Just reliable communication.

Note. Excerpted from ANSI S3.14-1977 (Revised 1986) American National
Standard for Rating Noise With Respect to Speech Interference, Acoustical
Society of America, 335 East 45th Street, New York, NY 10017. Reprinted by
permission of the Acoustical Society of America, New York, New York.
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Neusden &Lal,, 1979)1 (2) a different rate of fall-off of speech level with
distance based on typical room reverberation; (3) "equivalent noise floors"
based on room reverberation (see Houtgast, 1980); and (4) a downward shift of
3 dB in the voice level reference lines at one meter to account for the
differences between A-weighted and rms speech levels (according to Steeneken
and Houtgast 1978). Despite all of these modifications, the SIL still has
certain disadvantages in that it assumes normal hearing on the part of the
listener, and face-to-face communication with unexpected word material
(Webster, 1984), and it uses only one level of intelligibility (70%
monosyllables). Someone who desired 90% word intelligibility, for example,
would not be able to use the chart.

C. Speech Transmission Index

Developed by a group of researchers at the TNO Institute for Perception
in the Netherlands, the Speech Transmission Index (STI) is derived from a
speech transmission channel's "Modulation Transfer Function" (MTF). The MTF
may be measured with special equipment or calculated from the volume and
reverberation time of the room, distance between talker and listener, and
noise level (Houtgast, 1980). Figure 7, from Houtgast (1980) shows a model of
the derivation of the STI. Houtgast gives data indicating an excellent
correlation between STI and speech intelligibility for a wide variety of large
rooms. The author also explains that in a highly reverberant room, noise
below a certain level can have no degrading effect on speech because the
adverse effects of reverberation dominate. This is the "noise floor", which
Webster has incorporated in his latest SIL chart (see Figure 6).

in a later paper, Houtgast and Steeneken (1983) discuss the verification
of the original model, which had used only speech-shaped noise, reverberation,
and Dutch monosyllables. Subsequent research showed the STI to be a good
predictor of speech intelligibility (1) in five types of noise spectra; (2)
with other distortions besides reverberation, such as filtering, peak-
clipping, and automatic gain control; (3) with untrained subjects outside the
laboratory: (4) for sentences in addition to monosyllables; and (5) for seven
other languages besides Dutch (Houtgast and Steeneken, 1983).

Humes at l- (1986) modified the STI by analyzing spectral information
from the speech and noise signals in one-third octave rather than octave
bands, and by weighting the bands according to the method originally developed
by French and Steinberg (1947) for the Al. Humes and his colleagues found
that these adjustments improved the STI's ability to predict speech
recognition scores in both normal-hearing and hearing-impaired listeners.

In a subsequent effort, Humes aLtal, (1987) tested their modified STI
(mSTI) on a large set of existing speech recognition data obtained under a
variety of conditions, including low-pass and high-pass filtering, and various
speech levels and speech-to-noise ratios. They found that the mSTI was a good
predictor of speech recognition in all conditions, with the exception of low-
pass filtering. The investigators speculate that increasing the frequency
resolution of the mSTI (and Al) from 15 to 20 bands might solve this problem.

27



*choes
INPUT reverberation OUTPUT

1/F noise VIC

time D timeI 1 6 ~2 ilt ) F t I I m C a 2 n F I'*

0
modulation transfer function mIF)

10,
m0.

0.4 2 4 S I

modulation frequency F(Iz)

0

Speech Tronsmission Indle
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i. From "Indoor Speech Intelligibility and Indoor Noise Level Criteria" by
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Reports 10), 1980, Rockville, MD: American Speech-Language-Hearing
Association. Reprinted by permission.
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D. Sound Level Meter Weighting Networks

Aside from the fact that the sound level meter with its A-weighting
network is inexpensive, readily available, and easy to use, it is a good
predictor of speech interference, especially in noise spectra that are not
unduly complex. Klumpp and Webster (1963) found A-weighting far superior to
the other weighting networks, and Webster has effectively substituted A-
weighting for SIL in his latest "SIL" chart (see Figure 6). Measuring the
noise, however, gives only part of the information of interest. The A-
weighting network can also be used effectively to predict AI and STI by
measuring both speech and noise levels to obtain a speech-to-noise ratio. In
addition, Webster (1984) also points out that A-weighting is amenable (as are
all weighting networks) to time integration. Second to the Al, CHABA Working
Group 83 recommends the A-weighted Leq for predicting the effects on speech
intelligibility of time-varying noise (CHABA, 1981).

Based on an analysis of 16 equally speech-interfering Navy noises
(Klumpp and Webster, 1963), Webster (1964) developed a set of speech-
interference (S1) contours which could serve as sound level meter weighting
networks. In this process, Webster found that as the Al (and consequently
speech intelligibility) increased, the frequencies that most effectively mask
speech increase from about 800 Hz to around 3000 Hz (Webster, 1964). Figure 8
shows Webster's SI curves, including two curves originally developed by
Beranek (1957). The 8-I 50 curve is appropriate for an Al of 0.8, the S-I 60
for an Al of 0.5, S-1 70 for an Al of 0.2, and the S-I 80 for an Al of up to
0.05. Although these curves have never been incorporated into standard sound
level meters, they would seem to offer some interesting possibilities.

E. Relationship of Methods to One Another

These predictive methods can be viewed together with respect to their
physical interrelationships, and to their relative merit as predictors. ANSI
S3.14 (ASA, 1977) states that for many common noises, the SIL (yielding 70%
intelligibility) will be about 8 dB below the A-weighted sound level.
According to ANSI 83.5 (ANSI, 1969), 70% monosyllable intelligibility (for
1000 PBs) is achieved at an Al of 0.45, which translates to an approximate
speech-to-noise ratio of 1.5 dB. For speech-shaped noise, the STI and Al have
a uniform and predictable relationship. A speech-to-noise ratio (S/N) of 1.5
dB corresponding to an Al of 0.45 will yield an STI of 0.55 (see Houtgast,
1980). This relationship can be seen as:

AT - (S/N)/30 + 0.4

STI - (S/N)/30 + 0.5

To assess the effectiveness of various rating schemes, Klumpp and Webster
(1963) compared AI, dB(A), two versions of the SIL, and various other measures
in 16 equally-interfering Navy noises. They found that the AI showed the
least variability, followed by the SIL 355 Hz to 2800 Hz, dB(A), and SIL 600
Hz to 4800 Hz. Kryter and Williams (1965) found that the SIL 600 Hz to 4800
Hz outperformed the SIL 355 Hz to 2800 Hz in aircraft noises, which generally
contain a greater proportion of high frequencies than the Navy noises.
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In a recentd L;tudy, Bradley (1986) compared four methods for predicting
speech intelligibil.ty in medium-uized to large rooms: Al, A-weighted speech-
to-noise ratio, AI&, "nd Lochner and •'.,,tr's (1964) "useful/detrimental"
sound ratios. In -.tter method, usee'.;. energy is defined as the weighted
sum of energy arriving ir the first 0.095 se,,ond. after the arrival of direct
sound. Detrimental energy is any later-arriving energj from the speech source
plus background noise in the room (Bradley, 1986. The results showed that
all methods did reasonably well, but the Lochner/Burger method produced the
highestocorrelation with speech intelligibility and the 1.swest error. The Ar

* and A-weighted speech-to-noise ratio performed nearly as well, and the STI
ranked fourth in effectiveness. The author concludes that a satisfactory and

* simple approach would be to measure the A-weighted speech-to-noise ratio and
* the reverberation time at 1000 Ha, and use the regression coefficients he

developed to form prediction equations (see Table I and Figure 9 in Bradley,
1986),

VI. ACCEPTABILITY CRITERIA

A, Minimal or "Just Reliable" Communication

There is a paucity of information on the subject of communication
requirements for specific activities. Quite a few investigators refer to
minimum requirements for "Just reliable" communication, but, few elaborate on
the uses of this level of communication, or on the amount of communication
needed for various purposes, Most agree that the minimum conditions to barely
communicate range from an Al of 0.3 to 0.45, Table 2 gives recommendations
for "Just reliable" communication conditions from five sources. Data actually
mentioned by the sources are underlined, and the remaining data have been
filled in with the help of ANSI S3.5 (1969) (see Figure 3).

Although ANSI 83.5 gives no specificationu for "just reliable"
communication, the standard states:

What level of performance is to be required over a given
system is, of course, dependent upon factors whose importance
can be evaluated only by the users of the communication system.
Present-day commercial communication systems are usually
designed for operation under conditions that provide AX's in
excess of 0,5. For communication systems to be used under a
variety of stress conditions and by a large number of different
talkers and listeners having varying degrees of skill, an Al of
0,7 or higher appears appropriate,
(ANSI, 1969)

B. Recommendations for Various Environments and Operations

Although the literature is virtually silent on the specific amount and
type of communication needed for various operations, there exist numerous
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recommendations for background sound levels that are appropriate for certain
activities and spaces. For example, the German government recommends the
following "rating level" (A-weighted Leq with corrections for impulses and
tones): maximum of 55 dB for jobs that involve mental activity; maximum of 70
dB for simple and mechanized office activities; maximum of 85 dB for all other
activities (Lazarus, 1983). According to the U.S. Environmental Protection
Agency (EPA, 1974), A-weighted background noise levels of 45 dB will allow
100% intelliqibility of relaxed conversation indoors, and 95% sentence
intelligibility is achieved at a level of about 64 dB.

Table 3 shows recommendations from Beranek aLtLl. (1971) for "preferred
noise criterion" (PNC) curves and A-weighted background noise levels to
achieve various levels of communication in various types of spaces. Levels of
66 to 80 dB are recommended for work spaces where communication is not
required. For the others, the recommendations range from 56 to 66 dB for
"Just acceptable" speech and telephone communication in shops, garages, power-
plant control rooms, etc., to 21 to 30 dB for excellent listening conditions
in large auditoriums and concert halls.

The National Aeronautics and Space Administration (NASA) asked the
National Academy of Sciences/National Research Council's Committee on Hearing,
Bioacoustics, and Biomechanics (CHABA) to draft criteria for speech
communication aboard the future NASA Space Station (CHABA, 1987). In their
report, the authors direct A-weighted speech levels of 62 dB in the direct
field, and 60 dB in the indirect field (greater than one meter), where most of
the communication would take place. To obtain a minimum speech-to-noise ratio
of 5 dB, the maximum noise level should be 55 dB(A). Assuming a one-second
reverberation time, this translates to an STI of 0.45, an Al of 0.35, and
sentence intelligibility of 88% (se* Table 2) . The authors mention a
recommended range of SThe from 0.45 to 0.6, which would yield sentence
intelligibility of up to 95% (CHABA, 1987). Presumably, however, for an STI
of 0.6, either the reverberation time would have to be reduced or the speech-
to-noise ratio should be considerably higher.

C. Consequences of Degraded Speech

Although the consequences of degraded speotch uan be extremely serious,
most of the references in the literature are anecdotal or subjective. While
these kinds of findings lack the power of objuctive, quantified research
results, they are nevertheless compelling. For example, Williams and his
coauthors state: "Field reports have indicated situations wherein troops
emplaning from rotary-wing aircraft sometimes experience hearing threshold
shifts of such severity that; they are unable to make use of aural cues in
detecting enemy movements." (Williams aLtAlJ, 1970, p. I)

At a recent conference entitled Aural communication in Aviation,
sponsored by the Advisory Group for Aerospace Research and Development
(AGARD), some of the contributora alluded to the consequences of degraded
speech. Mayer and Lindburg (1981) pointed out that future battles will be
fought on or near the ground in a "nap of the ear:th" environment. This will
increase the aviator's already heavy workload. The fatiguing effects of high
noise and poor commnunication will have adveae etffects on aviators' combat
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Table 3

Recommended preferred noise ',riteria (PNC) and A-weighted levels

for steady background noise in various indoor areas,

Typo of space (and Acoustical Approximate
requirements) PNC curve L.A, dBA

concert halls, 0ors.a houses. and If) to 20 21 to 30
recital halls (for listeningt
faint musical sounds)

tlroadcast and reording; sty. l1to 20 21 IoJO
dIe (distant microphone pick.

auIolmlarge drama Not to exceed Not to exceed
theaters, and churches (for ex. 20 30
cellent listening conditions)

Broadcast tisevision, and reoid. Not to eceted Not to exceed
irg studios (close milcrophone 25 34
pickup only)

Small auditoriums small the&- Not to exceed Not to exceed
ters, small churcfts, music re. 35 42hearsal rooms, large meetingand conference rooms (for ~o

litnn) rexecutive a cta
oadChMr~ne rooms forf SO

people (no Amplilieatioi)
edwrooms, slee0ping quarters, hoe. 23 to 40 34 to 47

liis esiecs, apartments,
otl.motels, et (for aslep.In#, resting, relaxing)

Private or semiprivate offies, 30 to 40 38 to 4?small conference rooms, class.
rooms, libraries etc, (for good
listening conditions)'

Living rooms and similar spaces 30 to 40 38 to 47
In dweilling (for converting or
listening to radio and TV)

Larg offces, reception ariea, re. 33to 45 42 to 52
tall shops and stores, cafeterias,
restaurantsl etc. (br moder.
ately good I stening conditions)

Lobbies, laboratory work spaces, 40 to SO 47 to 56
draft Ing and engineering
rooms, general secretarial areafs
(for fair listening conditions)
Lhtmaintenane shops, of- 45 toS 53 2 to 61
itand computer equilment

rooms, kitchens, and laundries
(for moderately fair listening
conditions)

Shops, garages, power-plant con: 301to60 56 to 16
tro1 roomns, e c (for just ac-
ceptable troeth and telephonecommunication), Levels ahove
PNC-60 Are hot recommended
for anromcesor communication

tPor work spaces where speech or 60 to 75 66080to
telephone Communication Is
not required, but where there
must lIe no risk of hearing
dlamage

Nzta From "Preferred Noise Criterion (PNC) Curves and Their Application to
Rooms" by L. L. Beranek, W. M. Blazier, and. J. J. Figwer, 1971, joiirnA.l (if
Mon ca oit-fAeia q, pp. 1223-1228. Reprinted by permission.
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effectiveness (Mayer and Lindburg, 1981). Conference Chairman Money referred
to the "significance of failure or inadequacy of speech communication or audio
warning systems in military operations..." and the consequent "cost in
training and reduction of operational effectiveness." (Money, 1981, p. ix).
In a discussion of clear speech later in the meeting, McKinley remarked:

Your references to standard language has prompted me to
make these remarks about something I have found in examining
tapes of last messages from pilots during accidents. It is
that usually, the message is a short unfamiliar language and
in many cases, unintelligible. I think they could have been
intelligible if the system had been designed correctly.

One study that simulates the consequences of communication failures in
terms of error rates is the study of speech recognition using the M25 gas mask
by Garinther and Hodge (1987). The authors cite the Defense Department's MIL-
STD-1472C (DoD, 1981) defining "minimally acceptable" communication as a PB
score of 43%f and "normally acceptable" communication as a PB score of 75%.
Gas mask wearers were unable to achieve the 75% level at a distance of only
one moter, and the 43%, minimal, level wai achieved at a distance of 12.5
meters. Unmasked listeners could achieve this level at approximately 48
meters. Garinther and Hodge note that 12.5 meters is about one-half the
distance at which platoon leaders would like to be able to communicate in
field conditions, On the basis of their data, they estimate that using
maximum vocal effort at a distance of 12.5 meters, individuals wearing gas
masks would have an error rate of 3% with a small set of standard words, 7%
with standard, previously known sentences, and 20% with non-standard
sentences. One could expect an even higher error rate for non-standard words
out of context. Garinther and Hodge also point out that maximum vocal effort
can be sustained for only a short period of time.

Any system that allows less than 100% intelligibility assumes that some
words will be lost or misunderstood. Systems that are designed for "just
reliable" or "fair" communication depend for an extra margin of safety upon
the normal redundancy of sentences, and especially upon the added redundancy
provided by standard phraseologies, such as air traffic control language.
These systems will function relatively effectively under normal conditions.
However, normal conditions may be disrupted by any number of causes: an
emergency requiring a non-standard word; a sudden decrease in opeech-to-noise
ratio; a momentary equipment failure: or a "panic" situation in which
intelligibility is drastically reduced. The consequences of inadequate or
misunderstood instructions in these situations can be dire indeed: in the
extreme, loss of life and destruction of expensive equipment.

VII. DETECTION OF WARNING SIGNALS IN NOISE

Noise can mask warning sounds in the same way it masks speech.
Theoretically, a warning sound will be audible if any frequency in the sound
exceeds the critical ratio with respect to the surrounding band of noise. But
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because the signal is detectable doeo not necessarily mean it will be
effective. In the dovelopment of criteria for audible warning signals,
Wilkins and Martin (1982) differentiate between detectability, demand on
attention, and recognizability of signals. They point out that inattention
may elevate the masked thresholds of warning signals (over the threshold of
detectability), and that an even greater signal-to-noise ratio could be
necessary when the signal is embedded among other meaningful, but irrelevant
stimuli. These investigators cite a level of at least 15 dB above masked
threshold us a widely accepted safety margin, and advocate a signal-to-noise
ratio of at least 10 dB for 100% detectability especially if hearing
protection is used (Wilkins and Martin, 1982).

Coleman Li...aL (1984) concur with the need for a 15-da difference
between signal level and masked threshold to produce "clear audibility" (p.
21). They maintain that as the signal approaches this level the listener will
regain perceptual abilities and the ability to localize the direction of the
signal source. But the 15-dB difference does not guarantee the signal's
ability to claim the subject's attention.

The National Fire Prevention Association asked CHABA to develop a
national fire alarm signal (Suets at.AL- , 1975), The criteria were that the
signal must be easily detected above background noise, different from other
alarm signals, and adaptable to existing systems. The CHABA working group
recommended a standard temporal profile, consisting of two short bursts and a
long burst, Nominal on-segments should be between 0.4 and 0.6 second and off-
segments between 0.3 and 0.6 second, with a rise and decay of 10 dB within
0.1 second. The on state should exceed the listener's 24-hour Leq by 15 dB,
and should exceed by 5 dB any maximum level for which the duration is greater
than 30 seconds,

The working group cautioned users not to exceed a level of 30 dB without
"consultation with local health authorities".

In a very thorough and well researched effort, Patterson (1982) offers a
set of guidelines for auditory warning systems for civil aircraft. He has
identified numerous problems with existing civil aviation warning systems:

1. The warning levels are too loud, "They flood the flight-deck with
very loud, strident sounds," disrupting thought patterns and communication,
and making the systems unpopular with the crews (p. 1).

2. Temporal chtiracteristics are unsatisfactory. The onsets and offsets
are sufficiently abrupt to evoke startle reactions, the temporal patterns are
not sufficiently distinctive, and the total on-times are too long, interfering
with speech communication.

3. Low priority warnings sometimes appear more urgent than high
priority warnings,

4. The ergonomics of these warning systems are "deplorable". They are
lacking in a sense of perspective, meaning that many are false and others have
confused priorities. The aversive character of the sound is likely to
convince the crew to cancel it as quickly as possible, thereby canceling the
protection it provides.
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5. Voice warnings are not frequently used, and the speech quality 9f
existing systems is nct good.

To correct these defects, Patterson developed a prototype warning system
based on a comprehensive research effort. The following guidelines resulted:

1. Overall level should be at least 15 dB and not more than 25 dB above
masked threshold.

" 2. The temporal pattern should consist of pulses with 20 to 30 msec
rise and decay times, and gating functions that are rounded and concave
downward. Pulse duration should be 100 to 150 msec, and intervals between

* pulses should be less than 150 msec for urgent and greater than 300 msec for
non-urgent warnings. Each warning "ILArst" should consist of a set of 5 or
more pulses in a distinctive temporal pattern.

3. The spectrum should consist of 4 harmonically related components
between the frequencies of 500 to 5000 Hz, with a fundamental, frequency
between 150 and 1000 Hz. Signals demanding immediate action should contain a
few quasi-harmonic components and/or a brief frequency glide.

4. For ergonomic reasons, manual volume control should be avoided, and
AVC should be restricted to a 10 to 15 dB range. The total repertoire of
signals should consist of not more than 6 immediate-action signals and up to 3
"attensons" (less urgent but attention demanding sounds like musical chords).

5. Voice warnings for immediate action should be brief, without
repetition, and in a key-word format. Less urgent warnings can be full phrase
and can be repeated. The system should accommudate a frequency range of 500
to 5000 Hz, and there should be progressive amplification of 3 dB/octave
between those frequencies.

Figure 9 gives the component patterns for an "advanced" warning signal
developed by Patterson (1982), showing four regularly spaced pulses followed
by two irregularly spaced pulses. Sound level is reflected by the ordinate,
and time is on the abcissd. Rows 3 and. 4 show increasing levels of urgency.
Figure 10, also from Patterson (1982), shows the time course of a complete
warning. Each little trapezoid represents a series of pulses as in Figure 9,
and the relative intensities are reflected by trapezoid height. This warning
includes the voice message "undercarriage unsafe".

Subsequent to their development, Patterson's guidelines have been used
with both conventional and rotary-wing aircraft, as well as in hospitals
(Patterson, 1985). Rood at al. (1985) have adapted Patterson's guidelines to
the conditions found in military helicopters. The authors point out certain
differences between helicopters and civil aircraft. The pace of life on a
helicopter "fliqht deck" is much faster than in a civil airliner, and the
noise spectrum i different.. Rood and his colleagues recommend a double burst
of an attenson followed by a voice warning, with repeats as appropriate. Each
primary warning has its own "attenson", made distinctive by pulse and burst
parameters, with urgency controlled both by spectral and temporal
characteristics. Spectral characteristics are matched to the particular
aircraft, helmet, and the response characteristics of transducer in use (Rood
et al.~, 1985).
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Figure 9. Component patterns for an advanced auditory warning signal.

Note. From Guidelines for Audit~ry Warning Systes on Civil Arcraft (CAA
Paper 82017) by R. D. Patterson, 1982, London: Civil Aviation Authority.
Reprinted by permission.
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N1., From Guidelines for Auditory Warning Systgma on civil -AirrafL. (CAAPaper 82017) by R. D. Patterson, 1982, London: Civil Aviation Authority,
Reprinted by permission.
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To assist in tailoring warning signal parameters to specific aircraft,
Lower and Wheeler (1985) have developed a desk-top computer program to predict
masked thresholds for warning signals in a given noise environment. The
program has been validated by comparing measured and predicted thresholds in
recorded noise from Chinook, Sea King, and Lynx helicopters. The
investigators found a high correlation between measured and predicted masked
thresholds (Lower and Wheeler, 1985).

Coleman and his colleagues at the U.K.'s National Coal Board drew'
heavily on Patterson's work in developing guidelines for warning signals in
industrial operations in general and coal production in particular (Coleman at
LL., 1984). They noted that Patterson's guidelines were designqd for, aircraft
cockpits, but they could be effectively used in certain other environments
such as control rooms. They also pointed out that Patterson's signals
differed mainly in the temporal domain, whereas frequency and level
characteristics could also be varied. In addition to Patterson's technique,
Coleman at.aL, relied on ideas from Deatherage (1972) and Licklider (1961) in
formulating the following reoommendations:

Mtta4lnnax fn rha Prmduntion mf nlangiminahla Ratn mr signalm (from Coleman
aLjU., 1984, pp. 60-61)

1. Limit the number of signals to six at any one workplace.

2. Use no more than two signals when only one signal characteristic,
such as pitch, is altered.

3. Ensure at least three harmonically, or pseudo-harmonically related
spectral components occur in the range 1-2 kHz for each signal.

4. Ensure that signals differ both in terms of their temporal patterns
and their constituent perceptual units.

5. To manipulate temporal pattern use modulation (AM or FM) at rates
of I to 4 Hz, employing rest periods between bursts of sound as part of the
temporal pattern.

6. Ensure that the modulation rate does not correspond with fluctuation
rates in the environmental noise.

7. To manipulate within perceptual units, use different pitch, and
higher frequency modulation (AM or FM) at rates above 20 Hz. To manipulate
pitch it is best to use complex signals comprising several harmonically
related components. Such signals have a fixed perceived pitch regardless of
the particular order of the harmonics (see Plomp, 1967). Masking some of the
componenis will not alter the perceived pitch and signals made up of many
harmonically related components can, therefore, be more resistant to the
effects of short term noises, both in terms of maintaining their audibility
and perceived identity. In following this recommendation it should be
remembered that the frequency of the fundamental present in the signal or
implied by the harmonics should be below 1 kHz.
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VIII, SUMMARY

U•aach Variahla.

The proper assessment, of speech communication conditions requires
knowledge of the speech level. A number of different methods of measuring
speech level are in use now, yielding differing results, although the
relationships among these methods are fairly stable. People do not always
talk at the same level. In live-voice situations, it should be kept in mind
that people raise their voices about 5-6 dB for every 10-dB increase in
background-noise, and that vocal effort increases with distance and even with
different forms of activity.

Normal speech is highly redundant, especially the special phraseologies
that are often used in military situations, Because of conditions of noise
and filtering, however, redundancy is significantly reduced. There are a
variety of useful speech materials availa :.., and it is important to select
appropriate materials to evaluate the particular noise conditions,
communication system, and communication needs at hand.

We seldom listen to speech in ideal circumstances. Filtering
characterizes communication systems, and noise masking is the most common
uaurce of speech interference. The upward spread of masking makes high levels
of noise disproportionately disruptive. Combined distortions act
synergistically to degrade communication,

Transmiaaieon charateriatliea

Intelligibility of the speech signal is modified by distance,
reverberation, and spatial location with respect to the noise source. Speech
level is reduced by 6 dB per doubling of distance outdoors, but the reduction
Is less indoors because of reverberant build-up. Reverberation begins to
degrade speech intelligibility at about 0.8 second in quiet, and at less than
0.5 second in noisy backgrounds. The effect is greater in small than it is in
large rooms. Separation in space of the speech and noise aignals can result
in improvements equivalent to a speech-to-noise ratio of 5 dB.

Binaural listening provides improvements of anywhere from 2.5 to 13 dB,
depending mainly on noise and reverberation conditions. Telephone listening
is difficult in noise because the filtering involved reduces speech
redundancy, and background noise reduces it further. Intelligibility can be
improved by reducing side-tone feedback, through occluding or modifying the
transmitter or by amplifying the signal. Current communication systems are
frequently outmoded, causing strain and delays on the part of the listener,
but there are many possibilities for improvement.
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Tikar ane L aianar VarlabIaa

Although individuals are capable of producing voice levels as high as

100-105 dB, they cannot sustain speaking levels above an asymptotic level of

about 78 dB without considerable discomfort. Individuals who must habitually

communicate in noise over a period of years are subject to voice disorders,

such as hoarseness and vocal nodules. Talker articulation can greatly affect

speech intelligibility. Studies have shown improvements of up to 18% from

speaking clearly in quiet. Improvements also occur in noisy conditions, but

appear to be somewhat less dramatic. Female voices are as intelligible as

male voices in low and moderate noise levels, but may be slightly less

intelligible in high noise levels.

preferree¢ listening levels under earphones are identified as sound

pressure levels of 80-85 dB in quiet. With the introduction of noise,
preferred levels are somewhat lower. Tolerable listening levels are lower for

negative than they are for positive speech-to-noise ratios. Comfortable
listening levels should be at a speech-to-noise ratio of at least 5 dB, and

preferably above 10 dB. Non-native listeners have significantly more

difficulty understanding degraded speech in their second language, even though

they may be fluent speakeru of that language. High levels of speech and noise

can cause auditory fatigue (both central and peripheral, it appears), which

reduces speech discrimination both simultaneously and subsequent to the high-

level stimulation.

PrselBitiAn Msthndn

The Articulation Index (AX) is a popular and highly respected method of

predicting speech intelligibility in noise. It has been modified and improved

by the inclusion of corrections for such conditions as reverberation, spread

of masking, peak clipping, changes in vocal effort, lipreading, and hearing

impairment.

Speech Interference Level (SIL) is useful for predicting distances at

which "just reliable" communication can occur. It has recently been modified

to apply to indoor situations and numerous levels of vocal effort. But its

utility is limited because it cannot be used for hearing-impaired people or

for other than face-to-face communication situations, and it uses only one

level of intelligibility.

The Speech Transmission Index (STI) takes into account volume and

reverberation time of the room, noise level, and distance between talker and

listener, yielding a value similar to the AI. Research by the Netherlands
group that developed the STI shows this method to be a good predictor of

speech communication in a wide variety of conditions.

The sound level meter's A-weighting network can be a good predictor of

speech interference, and has the advantage of being inexpensive and easy to

use. Other interesting weighting networks have been proposed, but have not

been incorporated into the standard sound level meter.
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Although the above schemes use different measurement methods, the
products can be related in a fairly predictable way. For example, 70%
monosyllable intelligibility can be achieved at an AI of 0.45 or an STI of
0.55, which corresponds to a speech-to-noise ratio of about 1.5 dB.

Acceptability Criteria

There is general agreement that minimal or "just reliable" communication
can take place at an Al of 0.3 to 0.45, but those who recommend these values
give little information about the use of this level of communication.
Although the literature is virtually silent on the specific types and amounts
of communication needed for various operations, there are numerous
recommendations for the range of background noise levels appropriate for
certain activities and spaces. Examples include lcvels of 56-66 dB(A) for
shops, garages, and power plant control rooms, down to 21-30 dB(A) for large
auditoriums and concert halls.

The only references in the literature to the consequences of degraded
speech tend to be anecdotal or subjective. In the military, however, it
should be obvious that normal patterns of communication can break down in
omergencies, and the consequences of misunderstood instructions can be as
serious as destruction of expensive property, or even loss of life.

Detection of Warning Signals

Because a warning signal is detectable does not necessarily mean it will
be effective. Ideally, a signal should be at least 15 dB but no more than 25
dB above its masked threshold. Temporal, spectral, and ergonomic aspects
should emphasize attentiorn demand, relevance, and appropriate level of
priority, without being unduly aversive.

IX. RESEARCH RECOMMENDATIONS

1. Probably the most important information about the effects of noise
on military speech communication would be an assessment of the consequences of
communication failures. Because servicemen, and especially aircrews, have
"admirable tendencies to refrain from complaining" (see Money, 1981), this
information is not easily gained. Perhaps the best approach would be a
carefully worded survey of personnel working in high-noise environments, such
as tanks and helicopters, which would promise anonymity.

2. Another difficult but important project is to assess the type,

amount, spectrum, dynamic range, actual content, and intelligibility of speech
communication needed for the most efficient conduct of specific tasks. Once
these factors are known, communication systems can be successfully matched to
the various tasks.

43



3. A worthwhile research area that has received very little attention
in this country is the effect of high levels of vocal effort on the larynx and
the incidence of vocal abnormalities and pathologies among personnel who
communicate in high noise levels. A related topic would be the influence of
vocal strain and intense vibration (as in helicopters and tanks) on speech
intelligibility.

4. A final area would be an assessment of the adequacy of auditory
warning signals in view of the research and guidelines of Patterson and his
colleagues.
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