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28 November—1 December 1972

BurcunDY EAsTt, 9:00 A.M.

Session A. Physiological Acoustics I: Anatommy and Mechanics

RusseLL R. PFEIFFER, Chairman

Department of Electronics, Washington University, St. Louis, Missouri 63130

Contributed Papers (10 minutes)

Al. Relative Development of Inner, Middle, and External
Ear of The Rat. RutH G. RoBBiINs, Department of Otolaryn-
gology, University of Oregon Medical School, Poriland, Oregon
97201 —The maturation of the cochlea is often emphasized
when correlating physiological, behavioral, and anatomical
data with hearing inception, but the contribution of the con-
ductive mechanism must also be considered. This study com-
pares the development of all parts of the ear in the rat from
11 days postconception to 1 month postpartum. Although
the hair cells are distinguishable at birth, the remainder of
the organ of Corti is poorly differentiated. The external
auditory meatus is closed, the middle ear is filled with a
gelatinous mass, the ossicles are cartilagenous, and the stapes
is continuous with the otic capsule. Maturation of the cochlea
is seen first in the basal coil at eight days postpartum, evi-
denced by the appearance of the tunnel of Corti, the extra-
cellular spaces between the hair cells, and nerve fibers crossing
the tunnel. At this time, however, the external meatus is
still closed, some gelatinous material is still retained in the
middle ear. The stapedio—vestibular “ligament” is composed
of cells rather than fibers, limiting its flexibility. Structural
differentiation of the cochlea proceeds from base to apex,
being completed by the 17th day. The annular ligament does
not lose its cellular component until the 21st day.

A2. Auditory Sensitivity in the Tadpole (Rana catesbeiana).
B. A. WEiss aNp B. H. Stuarrt, Psychology Department,
Drexel University, Philadelphia, Pennsylvania 19104, AND
W. F. STROTHER, Psychology Depariment, Princeton Univer-
sity, Princelon, New Jersey 08540.—Auditory sensitivity in
six bullfrog tadpoles was investigated by electrophysiological
techniques. Tonal stimulus intensities that generated a stan-
dard potential of 0.1 4V in the inner ear showed a hearing
range from 100 to 4000 Hz with maximum sensitivity near
1 dyn/cm? (0.1 N/m?) in the lower portion of the range.
The data also indicated that tadpoles lack the place mech-
anism of adult frogs and thus place as a mechanism appeared
at the amphibian metamorphosis in the course of the evolution
of vertebrate hearing. ,

A3. Auditory Sensitivity in the Agouti (Dasyprocta punctata).
G. M. HarTig, W. M. BavraMm, A. PovnTon lII, AND E. A.
PETERSON, Division of Auditory Research Depariment of
Otolaryngology, Schoo! of Medicine, Miami, Florida 33152.—
A conditioned suppression technique has been applied to

five agoutis and behavioral thresholds measured. Each animal
was water deprived and allowed to drink only in the experi-
mental situation. Training was effected by pairing audible
tone pulses with shock until the subject learned to cease
drinking reliably in the presence of a signal. Auditory thresh-
olds were then assessed at octave intervals. Maximum sensi-
tivity occurred at 8 kHz (0 dB re 2X10~4 dyn/cm?), a
high frequency cutoff at 64 kHz, and a low-frequency cutoff
at 500 Hz. Low-frequency sensitivity may have been im-
paired by masking or TTS resulting from the loud licking
noises praduced by this species, although control studies have
not verified this hypathesis. It is the authors’ opinion that
hearing in the Agouti is oriented toward the higher frequencies
despite the presence of certain low-frequency structures such
as the large bulla. The observed high-frequency bias supports
previous findings regarding this animal’s basilar membrane.

A4. Sound Pressure Transformation from the Free Field to
the Eardrum. E. A. G. SHAw, Division of Physics, National
Council of Canada, Otiawa, K1A OSl1, Canade.—The sound
pressure transformation by the human head and external
ear has been the subject of many measurements over a long
period of time. The average acoustic properties of the external
ear are now established sufficiently well that diverse data
can be brought into a common set of reference frames. Data
from 10 studies in five countries are presented in terms of
eardrum response at eight azimuthal angles as functions of
frequency from 0.2 to 12 kHz. Data from the same pool are
also presented in terms of azimuthal variations and interaural
level differences at 18 frequencies. Where there is lack of
agreement between studies, the presentation often indicates
the probable causes. A critical examination of all the data
leads to self-consistent families of average response at the
eardrum position as a function of frequency and angle of
incidence in the azimuthal plane. An extension of the method
should provide useful estimates of average response at angles
of incidence not on the horizontal plane.

AS. Aural Noise as a Function of the Cardiac Cyecle. D. R.
SoDERQUIST, J. W. LINDSEY, AND M. R. HARTER, Department
of Psychology, University of North Carolina at Greemshoro,
Greensbora, North Carolina 27412.—Investigators have sug-
gested several internal noises that affect absolute thresholds
(e.g., heart sounds, circulatory pulsations, muscle tremors).
Furthermore, it has been suggested that blood flow may
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modulate aural noise in the external canal. Since meatal blood
vessels cannot expand outward due to bone encasing the canal,
an inward expansion is suggested which induces an increase
in aural noise by decreasing meatal volume under the ear-
phone. In short, the meatal pulsation hypothesis (MPH)
suggests a modulation of aural noise as a function of blood
flow through the ear canal. This study examines the MPH
under three conditions (tight and normal fitting supraaural
cushions and an insert earmold) as a function of the cardiac
cycle. Three dependent measures were obtained, viz., EKG,
blood flow at the earlobe, and pressure changes within the ear
canal (positive pressure indicating, according to the MPH,
an inward expansion of the blood vessels). The EKG R-wave
keyed a signal averaging computer which in turn averaged the
data over 32 separate heartbeats. Results indicate: (1) a
maximum positive pressure approximately 225-250 msec
after the R-wave with rapid decreases prior to and immediately
after the maximum (tight fitting earphones); (2) no syste-
matic pressure change with normally fitting earphones; (3)
an inverse relationship between blood flow at the earlobe and
pressure change within the meatus. The maximum negafive
pressure occurring near 225-250 msec after the R-wave.

A6. Morphological Correlates of Asymptotic Temporary
Threshold Shift in Chinchillas. Davip LiM AND WILLIAM
MELNICK, Department of Otolaryngology, The Ohio State Uni-
versity, Columbus, Ohio 43210.—Using the scanning and trans-
mission electron microscopes, an attempt was made to cor-
relate morphological and behavioral data from conditioned
chinchillas following their exposure to a presumably sub-
traumatic level of noise that produced asymptotic TTS.
Varying degrees of morphological change in the sensory
cells, which could be attributed to the noise exposures,
were observed in these animals. Changes included giant cilia
formation, sensory cell debris, cellular swelling, and scar
formation. Changes also appeared in the stria vascularis.
These morphological changes were most pronounced in the
apical turn of the cochlea. Our preliminary data appear to
support the idea that sensory cell degeneration occurs even
after exposure to a noise level considered subtraumatic and
which apparently does not produce permanent changes in
behavioral threshold hearing levels.

A7. Anatomical Correlates of a Temporary Shift in the
Threshold of Hearing. B. A. BoHNE, Depariment of Otolaryn-
gology, Washington University and Central Institute for the
Deaf, St. Louis, Missouri 63110.—When chinchillas are con-
tinuously exposed for more than 24 h to an octave band of
noise centered at 500 Hz, the behavioral TTS for 715-Hz tone
stabilizes at an asymptotic value proportional to band level
[Carder and Miller, Trans. Amer. Acad. Ophthal. Otolaryng.
75, 1346 (1971)]. Recovery to normal thresholds requires
from two to seven days. Chinchillas were exposed to this
same noise for two days at 65, 75, 85, or 95 dB SPL. The
organ of Corti was immediately fixed and prepared as a flat,
whole-mount specimen in plastic suitable for both phase con-
trast and electron microscopy. Other ears exposed at 95 dB
SPL were allowed to recover 7, 28, or 70 days before ixation.
The number of cisternae in the peripheral membrane system
of many outer hair cells was increased from three to six to as
many as 30. Similar membranes appeared as whorls within
the cells. The proportion of altered cells was greatest in upper
second and lower third turns and increased with exposure
Volume 53
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levels. Recovery toward normal membrane configuration was
evident at seven days and only minor variations remained
after 28 and 70 days.

A8. Guided Interfacial Waves with Applications to Cochlear
Mechanics. R. J. CLIFTON, Professor of Engineering, Broun
University, Providence, Rhode Island.—Waves are considered
which propagate along a membrane separating two com-
pressible, inviscid fluids. Capillary forces and membrane ten-
sion are assumed to provide the stiffness for the membrane.
Dispersion relations are derived for cases of (i) an unbounded
region, (i) a channel for which the particle velocity at the
sides is perpendicular to the interface, and (iii) a slit for which
the particle velocity at the sides is parallel to the interface.
The solution for the latter case is obtained by first solving the
problem of diffraction of interfacial waves by a rigid plate
in the plane of the interface. Results of case (iii} are used to
examine the importance of interfacial waves for wave propaga-
tion in the cochlea. Preliminary evidence indicates that such
waves may be of primary importance for frequencies in the
upper part of the audible range.

A9. Measurements of the Transient Response of the Basilar
Membrane Using the Mdssbauer Technique. L. RoBLEs,
W. S. RHODE, AND C. D. GEISLER, Laeboratory of Neurophys-
iology and Laboratory Compuler Facility, University of Wis-
consin 53706.—Measurements were performed on 25 squirrel
monkeys, using an experimental preparation identical to the
one used by Rhode to measure frequency response [J. Acoust.
Soc. Amer. 49, 1218-1231 (1971)]. The stimuli used were
acoustic clicks, about 150 gsec in duration, presented in
sequences of 100000 to 400 000. Clicks with different ampli-
tudes were used, and the responses of the basilar membrane
at a point in the basal turn and of the umbo were measured.
The results indicate that the click response of the basilar
membrane at the points measured is a ightly damped oscilla-
tion with a natural frequency between 6 and 8 kHz. There
is an initial part of the response that has a faster decay and a
later part that has an extremely slow rate of decay. This
later part of the response displays a nonlinear behavior for
changes in amplitude of the stimulus. Even when the general
features of the vibratory pattern were stable for a period of
hours, there was usually a marked decrease with time in the
number of cycles which could be observed. [Supported by
NIH Grants. 1

Al0. Eardum Displacement Following Stapedius Muscle
Contraction. A. YoNovitz AnD J. D. Harris, U. S. Neval
Submarine Medical Center, Submarine Base New London,
Groton, Connecticut 06340.—Simultaneous monitoring in
human subjects on the same ear of eardrum displacement by
tympanomanometry, and acoustical impedance by the Madsen
bridge, provided information concerning contraction of the
stapedius muscle and its effect on eardrum displacement.
Extensive control procedures were employed to elicit anly the
stapedius: lower-intensity auditory stimulation, electrocu-
taneous stimulation of the homolateral external ear canal,
and anesthetization of nerves leading to the tensor tympani.
(1) Extremely small biphasic and monophasic eardrum move-
ments were seen in the stapedious-only ear to auditory and
electrocutaneous stimulation; the form of the response was
much less predictable to auditory stimulation. (2) At higher
sound intensities, relatively large inward and biphasic move-
ments of the eardrum occurred in the normal ear, unques-
tionably resulting from contraction of the tensor tympani.
These results were further validated in a group of stapedet-
omized ears, without the stapedius but with normal tensor
tympani. (3) Biphasic responses did not occur in the tensor
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tympani-only ear only monophasic inward responses. (4)
Upon air-jet stimulation to the orbit of the eye, these subjects
had an acecentuated tensor response in that large inward
movements of the eardrum occurred as compared to those in
normal ears, suggesting that there is an alteration of the
tensor response by the presence of the stapedius muscle.
Estimates of the actual eardrum displacements were calculated
based on a maodel of the external ear canal and eardrum.

A1l1l. Abstract withdrawn.

A12. Tympanic Muscle Effects on Middle-Ear Transfer
Characteristic. ALFRED L. NUTTALL, Kresge Hearing Research
Institute, University of Michigan, Ann Avrbor, Michigan

48104.—The change in the magnitude and phase of sound

transmission through the guinea-pig open-bulla middle ear is
measured when two levels of independent, isotonic, tympanic
muscle contraction are effected by direct electric stimulation
of the muscle bodies. Both middle-ear muscles attenuate the
passage of low-frequency vibration giving the largest attenua-
tion for frequencies below 300 Hz, the tensor tympani pro-
ducing 28 dB maximum attenuation, the stapedius producing
10 dB. In the 1- to 3-kHz frequency range, both muscles are
capable of generating an apparent gain in transmission: the
tensor tympani giving a gain of § dB at 2.5 kHz for maximum
contraction, the stapedius 0.5 kHz at 2.5 kHz for maximum
contraction. The phase shifts for all contraction cases were
leading phase functions. Changes in the magnitude and phase
of the transmission are modeled by a second-order low-pass
system where the break-frequency increases and the damping
ratio and low-frequency magnitude decrease with muscle con-
traction. The transfer function with maximum tensor contrac-
tion had a break frequency of 2.5 kHz with a damping ratio of
0.31, while the stapedius maximum contraction gave a break-
frequency of 1.57 kHz and a damping ratio of 0.71. These
transmission changes are accounted for the most part, in the
model, by a decrease in compliance of the middle ear, but
there are also increases in resistance and inertance over the
flaccid muscle state.

Al3. Animal Exposure to Infrasound. DANIEL L. JouNnson,
6570tk Aerospace Medical Research Laboratory, Wright-Patter-
son Air Force Base, Ohio 45433.—The AMRL dynamic pres-
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sure chamber (a hydraulic device that produces intense
infrasound) recently became operational. Preliminary to
human whole body exposures, a variety of experiments with
animals are being performed in order to evaluate physiological
limits. A monkey, a young baboon, and six dogs of various
sizes anesthetized with pentobarbital were exposed from 1
to 4 h at the maximum levels the chamber is capable of
producing (172.5 dB from 1 to 8 Hz and falling off 7.6 dB/oct
to 158 dB at 30 Hz). EKG and respiration rate (via chest
impedance measurements) were recorded. The only observed
physiological effects were a decline in respiration rate and
some reddening of the tympanic membrane. Except for three
of the dogs, these animals were then given exposures in which
they were not anesthetized. Exposure levels were gradually
increased until all animals received the maximum chamber
SPL for 1-14 h. Their behaviors were subjectively obscrved
to be normally calm and occasionally restless. At no time did
the animals appear in discomfort or show signs of nystagmus
or dizziness. The lack of adverse results of these high exposure
levels will be discussed.

A14. Real-Time Observation of Submicroscopic Vibration by
Stroboscopic Holography. SHyaM M. KHANNA AND JUERGEN
ToNNDORF, Columbia University, New York 10032.—Time-
averaged holography has been successfully employed for
obtaining high-contrast vibratory patterns of the tympanic
membrane {Khanna and Tonndorf, J. Acoust. Soc. Amer. 41,
1904 (1972)]. Nevertheless, this technique has two restric-
tions: (1) the time delay due to the photographic processing
of the holographic plates and (2) its essential inability to give
phase information. Attempts to employ real-time holography
[Tonndorf et al., J. Acoust. Soc. Amer. 46, 106 (1969)] for the
same purpose failed because of (a) its inherent low fringe
contrast and (b) its sensitivity to slow, quasi-dc, membrane
motions. Real-time holography that includes strobing [Arch-
bold and Ennacs, Nature 217, 942 (1968)] markedly improves
the image contrast, as will be demonstrated on an earphone
diaphragm. It also gives both amplitude and phase informa-
tion. Additional phase modulation [Aleksoff, Appl. Phys.
Lett. 14, 23 (1969) ], as will also be shown, permits removal of
the 180° phase ambiguity. This latter combination holds
good promise for application to measurements on biological
membranes. [Supported by several NIH grants.]

SiLvER CHIMES EAsT, 9:00 A.M.

Session B. Speech Communication I: Vocal Tract Models and Physiology

SaANDRA HAMLET, Chairman

Speech Department, University of Maryland, Balltimore, Maryland

Contributed Papers (7 minutes)

B1. Direct Determination of Input Impedance Singularities
from Speech for Obtaining the Vocal Tract Area Function.
H. Waxkita, Speech Communications Research Laboratory
(SCRL), Santa Barbara, California 93101.—This method is
based on the acoustic tube model of the vocal tract in which
the tube is divided into a finite number of sections with equal
lengths. The volume velocity is defined in each section. Input

impedance at the front end of the tube (corresponding to the
lips) can be computed as the ratio of the pressure and the
volume velocity there, providing that the volume velocity
and the pressure are continuous at each boundary between
two adjacent sections. This input impedance is shown to
be of the form D(z)/G(z), where D(z) and G(z) are poly-
nomials in z7%. It is also shown that D(z) and G(z) are con-

293
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structed as a difference and a sum, respectively, of two poly-
nomials whose coefficients can be determined from the reflec-
tion coeffictents of the acoustic tube model. Since a method
for obtaining the reflection coefficients from the speech wave
is already established [H. Wakita, SCRL Monogr. No. 9
(July 1972)], D(3) and G(2) can thus be obtained from the
speech wave. Input impedance singularities obtained with
area functions for five Russian vowels by Fant were in very
good agreement with Mermelstein’s results [J. Acoust. Soc.
Amer. 41, 1283-1294 (1967)]. [The Office of Naval Research
supported this work.]

B2. Experimental Determination of the Area Function of a
Lossy, Dynamically Varying Vocal Tract. M. M. SonbpH1,
Bell Laboratories, Murray Hill, New Jersey 07974.—During
the last year we have made acoustic impulse-response mea-
surements at the lips while the vocal tract is moved as in
normal speech. The experiment will be described and moves
will be shown of the area functions reconstructed from the
measurements. A method will be presented for estimating the
mechanical impedance of the walls of the vocal tract. 1t will
be shown that the reconstructed areas are significantly im-
proved if the walls, instead of being assumed rigid, are assumed
to have this estimated impedance.

B3. Models of Articulatory Dynamics. C. H. Coxer anp C.
P. BrowMman, Bell Laboratories, Murray Hill, New Jersey
07974.—We present comparisons between the x-ray data of
R. A. Houde [PhD Thesis, Univ. of Michigan (1967)7 and
actions of a dynamic articulatory model. The data can be
fitted in two ways: (1) a model with minimum number of
degrees of freedom, but with time-varying “characteristic
filters”” (Coker and Fujimura, J. Acoust. Soc. Amer. 40,
11(A) (1966)]; or (2) one in which different speeds of an
articulator are produced by additional "‘characteristic vari-
ables” that would be redundant in the static case. The phe-
nomenon that the constriction tends to move forward during
/g/ was suggested by Houde to result from pressure buildup
in the enclosed cavity. We treat the effect as a peculiarity in
“programming”’ of /g/. Horizontal motions toward /g/ from
front vowels are commanded 50 msec early, from back vowels,
50 msec late, thus producing a circular Lissajous pattern of
motion. The dilemina of cause and effect (whether continued
voicing forces tongue-body movement, or whether movement
is explicitly commanded, to sustain voicing) leads to interest-
ing questions when we attempt to generalize to other pho-
nemes. Does circular motion occur in nasals and voiceless
stops as well as /g/? Does the tendency for /g/ to devoice in
some languages derive from differences in tongue controi?
These and other topics are discussed.

B4. Nonlinear Inverse Filtering. MARTIN ROTHENBERG,
Department of Electrical and Computer Engineering, Syracuse
University, Syracuse, New York 13210.—It has been shown by
Flanagan and Landgraf [1EEE Trans. Audio Electroacoust.
16, No. 1, 57-64 (1968)] that in the transformation between
glottal area and glottal volume velocity during voiced vowels,
the effect of the interaction between the acoustic impedance
of the glottis and that of the supraglottal vocal tract cannot
always be neglected. When there is such interaction, the
glottal-supraglottal acoustic system must be considered a
nonlinear system with time-varying parameters. Thus, any
inverse-filtering process designed to extract the glottal area
wavelorm from measurements ol supraglottal pressure or
air flow must also be nonlinear. This paper reports initial
efforts to determine the conditions under which a nonlinear
inverse-filtering process exists that will yield a function
directly related to glottal area [rom recordings of oral volume
velocity, and how such a nonlinear inverse filter could be
implemented.
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BS. Mathematical Considerations in Digital Simulations of
the Vocal Tract. M. R. PORTNOFF AND R. W. SCHAFER, Bell
Laboratories, Murray Hill, New Jersey 07974.—The (ormula-
tion of a digital simulation of speech production involves two
basic steps. The first step is a mathematical representation of
the physics of sound generation and propagation in the vocal
tract. These processes are of a continuous nature and are
generally represented mathematically by differential equa-
tions. The second step i1s the transformation of the mathe-
matical description of the physical processes into a discrete-
time model in the form of a set of difference equations suitable
for implementation on a digital computer. As a result of this
second step, a number of mathematical issues arise that are
unrelated to the physics of speech production. These issues
often receive insufficient consideration. In fact, it is easily
shown that intuitively reasonable discrete-time approxima-
tions often have undesirable characteristics. The theory of
digital signal processing provides a means for understanding
these issues and for formulating accurate digital simulations.
This approach is illustrated by a discussion of a simulation
involving a soft-walled nonuniform acoustic tube excited by
a two-mass model of the vocal cords.

B6. Further Theoretical and Experimental Bases for Quantal
Places of Articulation for Consonants. KENNETH N. STEVENS,
Research Laboratory of Electronics and Department of Electrical
Engineering, Massachusetls Institute of Technology, Cambridge,
Massachusetls 02139.—Previous theoretical studies of the
acoustic behavior of a vocal-tract model consisting of a tube
with a narrow constriction located at different points along
its length have suggested that there is a series of constriction
positions for which the sound output has well-defined quantal
attributes. It has been hypothesized that these positions cor-
respond to places of articulation that are used to produce
consonants in a variety of languages. Recent work has refined
the theoretical basis on which these places of articulation are
predicted, and has shown that the shape of the constriction
as well as its positions plays a role in determining the distinc-
tive acoustic attributes of the output, particularly for con-
sonants produced with the tongue blade. Furthermore, data
on the acoustic properties of stop and fricative consonants
from several different languages have been collected and have
been shown to be consistent with the theoretical framework.
The predicted places of articulation account for consonants
in the pharyngeal, uvular, and velar regions, and several con-
sonant classes in the dental-alveolar-palatal regions. [Work
supported in part by National Institutes of Health and in
part by the Office of Naval Research.]

B7. Physiological Aspects of Certain Laryngeal Features in
Stop Production. HayiMe Hirosg,* LEIGH LiskgR,t AND
ARTHUR S. ABRAMSON,} Haskins Laboratories, New Haven,
Connecticut 06510.—Multichannel EMG recordings were
made of the instrinsic and extrinsic laryngeal muscles during
praduction of intervocalic labial stops of five phonetic types:
explosive voiced inaspirate, implosive voiced inaspirate,
voiced aspirate, voiceless inaspirate, and voiceless aspirate.
The recorded data, computer processed to obtained average
EMG values, indicate that abductor and adductor muscle
groups follow coordinated patterns of activity corresponding
to opening and closing of the glottis. In particular, the inter-
arytenoid and posterior cricoarytenoid muscles showed re-
ciprocal patterns both in degree and timing of activity. In
addition, the sternohyoid showed marked activity for the
implosive stop, presumably correlated with an abrupt lowering
of the larynx. In a second experiment using the same speaker
and the same syllables, motion pictures of the glottis were
taken by means of a flexible fiberscope. The overall conclusion
suggested is that active adjustments of the glottis in terms
of coordinated muscle activity, and the timing of this activity
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relative to supraglottal events, are the decisive factors by
which the various stop consonant types are differentiated.
[ This research was supported by the National Institute of
Dental Research through an NIH grant]

* Also University of Tokyo, Tokyo, Japan.
t Also University of Pennsylvania, Philadelphia, Pa. 19104.
1 Also University of Connecticut, Storrs, Conn. 06268.

B8. Stop Consonant Voicing and Pharyngeal Cavity Size.
FrReEDERICKA B. BERTI* AND HAME Hirose,t Haskins
Laboratories, New Haven, Connecticut 06510.—Aerodynamic
forces require a vocal tract volume increase subsequent to
oral cavity occlusion if voicing is to proceed through stop
consonant closure. Electromyographic recordings of pharyn-
geal musculature were obtained for three subjects during
the production of the six stop consonants of English in con-
trolled phonetic environments. In addition, simultaneous
electromyographic recordings and fiberscopic motion pictures
were obtained for one subject producing a subset of the total
utterance set. Each subject shows differences in the pattern
of cavity enlargement for the voiced stops. One subject shows
increased levator palatini and sternohyoid activity, and
demonstrates greater velar elevation (determined from the
motion pictures) for voiced stops as compared with voiceless
stops. A second shows decreased activity of the pharyngeal
wall musculature along with increased activity of the ster-
nohyoid for the voiced stop cognates. The third subject
exhibits a composite of the activity patterns of the first two
subjects. The data support earlier suggestions that pharyngeal
expansion must be due, at least in part, to positive muscle
activity. They also indicate that there may be intersubject
variation of actuating mechanisms while the articulations
are perceived as equal. [This research was supported by the
National Institute of Dental Research, through an NIH
grant.’]

* Also Montclair State College, Upper Montclair, N. J.
07043, and The Graduate School, The City University of New
York, N. Y. 10036.

1 Also University of Tokyo, Tokyo, Japan.

B9. A Dynamic Analysis of Two-Dimensional Muscle Force
Contributions to Lower Lip Movement. J. H. Asns, Speeck
Research Laboratories, University of Washinglon, Sealtle,
Washington 98195, AND R. NETSELL, Departments of Com-
municative Disorders and Rehabilitation Medicine, University
of Wisconsin, Madison, Wisconsin 53706.—Movements of
the lower lip in the anterior—posterior and inferior-superior
dimensions were recorded along with EMG activity from the
orbicularis oris inferior (QOI), depressor labii inferior (DLI),
and mentalis (M). Observations of activity in these muscles
in relation to simultaneous displacement, velocity, and
acceleration of lower lip movement suggest that (1) DLI and
OOl act primarily to apply forces in the inferior and superior
dimensions, respectively; (2) mentalis is a primary force for
protrusion of the lower lip; and (3) the lower lip can be
characterized, in a preliminary way, as a simple second-order
mechanical system. The implications of the technique and the
specific findings will be discussed in relation to development
of an analog computer model of the labial-mandibular me-
chanical system. [Research was supported in part by grant
from NIDR.]

B10. Activity of Some Extrinsic and Intrinsic Tongue Muscles
in the Articulation of American English Vowels. KATHERINE S.
HARRIS* AND LAWRENCE J. RAPHAEL,} Haskins Laboratories,
New Haven, Connecticut 06510.—Most previous electromyo-
graphic studies of tongue muscles have been limited to those
extrinsic muscles which are easily accessible: the genioglossus
and palatoglossus. Recent experiments have provided access

ACOUSTICAL SOCIETY OF AMERICA

to the styloglossus, among the extrinsic muscles, and to the
intrinsic fibers of the tongue. Thus, a fuller picture of muscular
synergisms in the positioning and shaping of the tongue is
beginning to appear. This study reports findings from three
subjects who spoke [0 American English vowels in a labial
consonant frame preceded by schwa. All electromyographic
activity was recorded from hooked-wire electrodes inserted
into the various muscles by means of hypodermic needles.
The results reveal as many differences as similarities between
the articulatory strategies of the subjects. It appears that the
similar articulatory configurations that underlie the linguisti-
cally relevant acoustic structures of the vowels can be achieved
by a variety of muscular patterning. [ This research was sup-
ported by the National Institute of Dental Research.]

* Also at the Graduate Center of the City University of
New York.

t Also at Herbert H. Lehman College of the City University
of New York.

B1l. Tongue and Lip Activity During Australian Aboriginal
(Walbiri) Articulation. W. R. PROFFIT AND R. E. McGLONE,
University of Kentucky, Lexington, Kentucky 40506, AND M. J.
BARRETT, University of Adelaide, Australia.—Recording equip-
ment was transported to Yuendumu, N. T., Australia, to ob-
tain data on tongue and lip activity of aboriginals during
speech and swallowing. Strain gauge pressure transducers
were fitted into custom constructed plates to be placed in
the speaker’s mouth to record tongue and lip contact at several
locations. Eighteen speakers whose native language is Walbiri
acted as subjects. Eight prerecorded Walbiri words and four
nonsense words, five repetitions each, were presented to the
subjects. These tokens contained three of the Walbiri modifi-
cations of the phoneme /t/ situated intervocalically in each
word. Distinct articulation patterns of both tongue and lips
were found for the three phonemes regardless of whether they
were located in meaningful or nonsense words. Furthermore,
pressure patterns for the phoneme most like the American lan-
guage /t/ were very similar to patterns for American speakers.
This was true even though tongue and lip movements during
swallowing were quite different from Americans. [Kenneth
Hale assisted in preparing the speech stimulus. Support from
the Fulbright program, NIDR, and Southern Society of
Orthodontists is gratefully acknowledged.]

Bi12. A Two-Dimensional Strain Gauge Transducer System
for the Lips and Jaw. J. H. Asss anND B. N. GILBERT, Speeck
Research Laboratories, University of Washington, Seattle,
Washington 98195.—A strain gauge transduction system was
designed and constructed for simultaneous observation of
the movements of the upper lip, lower lip, and jaw in both
inferior—superior and anterior—posterior dimensions. Empirical
verification of the system's structural loading factor, fre-
quency response, linearity, and phase response suggests that
it provides a favorable alternative to earlier lip and jaw
monitoring devices. Some examples of the two-dimensional
multistructure movement patterns obtained with this device
will be provided and discussed. [Research supported in part
by NIDR /grant.]

B13. Intraoral Air Pressure Correlates of Lip Occlusion for
Bilabial Stop Consonants. THOMAS SHirp, Speech Research
Laboratory, Hospital, Sen Francisco, California 94121.—The
purpose of this procedural study was to determine if a one-
to-one correspondence existed between the intraoral pressure
curve and complete lip closing and opening for bilabial stop
consonants. The faces of two subjects were photographed at
high speed (250 fps) in simultaneous anteroposterior and
lateral views as they produced a series of words with /p/ and
/b/, the midvocalic consonants of interest. A timing signal
synchronized the film with the physiologic-acoustic record.
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Results showed that the onset of the intraoral air pressure
rise coincided with the moment of complete lip closure while
initial lip opening was coincident with the steep fall in in-
traoral air pressure. These relationships obtained regardless
of consonant voicing or stress position, or whether the intraoral
catheter was partially obstructed.

Bl4. Some Relationships between Vocal Effort and Intraoral
Air Pressure. R. H. CoLtoN, Experimental Phonetics Labora-
tory, Department of Otorkinolaryngology, Slale University of
New York, Upstate Medical Center, Syracuse, New York, AND
W. S. BrRowN, JR., Communicalion Sciences Laboratory, Uni-
versity of Florida, Gaineswille, Florida 32601 —Previously,
Wright and Colton [J. Acoust. Soc. Amer. 51, 141 (1972)]
described a power function between vocal effort and SPL
that was concave downward with the knee of the function
occurring apparently at the subject’s most comfortable effort
level. A similar function was noted for effort and fundamental
frequency. In this study, a similar paradigm was utilized to
explore the relationship between effort and intraoral air pres-
sure. Vocal effort for the CVs /da/ and /ta/ was measured
by magnitude estimation and production; intraoral air pres-
sure was sensed with a tube-transducer system. Minimum,
most comfortable, and maximum effort levels were also de-
termined. The results show that vocal effort is a power function
of intraoral air pressure. Furth_smore, the function shapes
were very similar to those reported by Wright and Colton;
the change of slope tended to occur at the most comfortable
effort level. Males tended to show the typical function; females
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tended to display a more straight function. These results
tend to suggest the possible existence of two mechanisms
involved in varied effort levels, since air pressure rises more
rapidly below comfort level than above.

B15. Palatoglossus Function in Normal Speech Production—
Electromyographic Implications. JaMeEs LUBKER, Dental
Research Center, Chapel Hill, North Carolina 27514, JuDITH
BEREZIN SALINARD, Toms Ruwer Schools, Toms River, New
Jersey 08753, AND KENNETH MAy, School of Dentistry, UNC,
Chapel Hill, North Carolina 27514.—Fine-wire-inscrted elec-
trodes were placed in the right and left palatoglossus muscles
of 14 subjects. Two to four simultaneous placements were
accomplished for each subject. Electromyographic signals
were recorded while each subject produced a speech sample
designed to consider palatal and lingual movements. The
data strongly suggest that, while palatoglossus function for
the nonspeech act of swallowing is highly consistent within
and between speakers, its specific function in speech produc-
tion is less consistent. In some subjects, the palatoglossus
appears to function to actively lower the palate for nasals
and at the end of utterances, while for other subjects it does
not. In some subjects activity appeared related either to
tongue movements or to stretch reflex. Finally, within any
one subject, function was often variable. The data are dis-
cussed primarily with regard to palatoglossus function, al-
though other aspects, i.e., its variability, which will be dis-
cussed in detail in subsequent papers, are also mentioned.
[Research supported by NIDR, PHS grants.]

EMPIRE RooM, 9:00 A.M.
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Session C. Engineering Acoustics I: Acoustic Holography

GERHARD M. SESSLER, Chairman
Bell Laboratories, Murray Hill, New Jersey 07974

Invited Papers (30 minutes)

C1. A Review of Progress and Applications in Acoustic Microscopy. L. W. KESSLER, Research De-
partment, Zenith Radio Corporation, 6001 West Dickens Avenue, Chicago, Illinois 60639.—Acoustic
microscopy is a relative newcomer to the field of acoustic imaging which will allow the discrimination
of micron-size structural detail and will render mechanical microstructure directly observable. Be-
cause of the unique characteristics of acoustic wave propagation in materials, potential wide areas of
application are anticipated in both the physical and biological sciences. This talk will present a dis-
cussion of recent developments in acoustic microscopy techniques and applications. The present
efforts to develop experimentally useful systems employ optical methods of sound amplitude detection
through various means of coupling. The desired acoustic pattern can be displayed as a hologram or as
a conventional image. Further, phase contrast and dark field techniques are also possible. Thus far,
resolution better than 10 um has been reported, and it is reasonable to expect that the resolution will
soon be improved to the point of equivalence to optical microscopy, viz., about 1 pm. Comprehensive
investigations into possible applications of acoustic microscopy are somewhat restricted at present
because of the unavailability of a suitable instrument; however, during the course of preliminary in-
vestigations, various interesting and meaningful contrasts have been demonstrated between acoustic
and optical micrographs of the same specimens. These will be discussed in the context of their being
the first such comparisons to be made rather than in the context of their being definite applications of
acoustic microscopy.

€2, Real-Time Ultrasonic Imaging by Bragg Diffraction. G. WADE, Department of Electrical Engineer-
ing, University of California, Santa Barbara, California 93106.—Bragg diffraction is one of several
principles presently being examined in research to produce optical images of objects irradiated by
ultrasound. In this method, laser light is diffracted from the scattered ultrasonic wavefronts as
originally predicted by Brillouin in 1921, Historically, some of the first experimental attempts to use
ultrasound for imaging were made by Sokolov in his Leningrad laboratory more than 40 years ago.
One of the approaches he employed was remarkably similar to the approach presently being pursued
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and suggested in 1966 by Korpel of Zenith. In our laboratory, we have carried out experiments in-
volving sound frequencies of 15, 18, and 25 MHz and more recently 3.6 MHz. The images obtained
at the higher frequencies are at least comparable to those of competing ultrasonic methods. At the
lower frequency, special care must be taken to avoid interference between the image beam and the
undiffracted light. This paper will discuss the practical problems encountered and will present theo-
rectical calculations to compare several competing approaches presently being pursued.

C3. Piezoelectric Arrays. R. K. MUELLER, Bendix Research Laboratories, Southfield, Michigan 48076.—
The first practical piezoelectric array was demonstrated by Langevin early this century. It was a com-
posite quartz transmit/receive unit for underwater search and surveillance. A wealth of new piezo-
electric materials have since been developed. Sophisticated array processing techniques evolved and
became practical with increasing speed and capacity of digital computers. These developments led to
the present wide range of piezoelectric arrays with widely differing design objectives. A general survey
of the state of the art will be given, and, as a specific example, some design features of a 96X96
holographic receive array presently under construction will be discussed.

C4. Condenser-Transducer Arrays for Recording Acoustic Holographic Data in Real Time. A. K.
NiGawm, Bell Laboratories, Murray Hill, New Jersey 07974.—Two-dimensional transducer arrays con-
sisting of a mosaic of condenser-microphone elements appear to be ideal acoustic analogs of the
photographic plate for recarding holographic data in real time. Such transducer arrays, employing
either external or electret biasing, are reviewed in the present paper. In particular, two relatively
simple and inexpensive designs [see [or example A. K. Nigam, K. J. Taylor, and G. M. Sessler,
Acoustical Holography, Volume 4, G. Wade, Ed. (Plenum, New York, 1972), pp. 173-194] are de-
scribed in detail. Simplicity of design 1s achieved by using a single solid-dielectric diaphragm, which
is shared by a large number of microphone elements of the array, and by employing sequential data
sampling, which eliminates expensive repetition of similar signal-processing equipment for each ele-
ment of the array. Electrical and acoustical characteristics, such as interelement cross talk, element
sensitivity, frequency range of operation, and the real-time capability for the two array designs are
reported. These are found to compare favorably with the characteristics for the more conventional
piezoelectric arrays. Acoustic images made with 16X 16 element prototype arrays of the present design
are also discussed.

C5. The History and Current Status of Liquid-Surface Acoustical Holography. ByroN B. BRENDEN,
Holosonics, Inc., Richland, Washington 99352.—The interaction of acoustic energy with a free liquid
surface provides a means for rapid formation and readout of an acoustical hologram. Although a two-
step holographic process is possible, involving recording the liquid—surface hologram on a photographic
transparency, the real-time imaging capabilities are of most interest and provide the basis for all of
the current use of equipment in industrial testing and biological imaging. The use of acoustic lenses to
focus the object field of interest into the hologram is particularly useful for achieving good resolu-
tion. Industrial test applications and imaging of biological systems in real time are best illustrated
using video tapes or motion pictures.

C6. Summary of Progress and Future Directions in Acoustical Holography. A. F. METHERELL,
McDonnell Douglas Corporation, Actron Industries, Inc., Monrovia, California 91016.—The author will
summarize the papers presented by the preceding invited speakers and review other developments in
the field. Current problems and directions for future progress will be discussed.

28 NOVEMBER 1972 DoMINION RooOM,

Session D. Shock and Vibration I: Structural Response and Failure Mechanisms
Under Stationary and Nonstationary Random Excitation—Part 1

Harry HiMELBLAU, Chairman

Space Division, North American Rockwell Corporation, Downey, California 90241
Invited Papers (25 minutes)

D1. Statistical Parameters under Stationary Random Excitation. A. G. PiersoL, Bolt Beranek and
New Inc., Canoga Park, California 91303 —Fundamental statistical parameters used to describe
stationary random vibrations are viewed with emphasis on those parameters of special concern in
structural response and failure prediction problems. Included in the review are correlation and
spectral density {unctions, instantaneous and peak value probability density functions, arbitrary
level crossing statistics, and elementary considerations in the first passage problem. The relevance
of the various statistical parameters to the prediction of structural fatigue and extreme value [ailures,
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assuming simple failure mechanism models, is introduced in qualitative terms. Both theoretical and
experimental results are displayed to illustrate important relationships. Special attention is given to
the importance of underlying assumptions inherent in classical applications, in particular, the ex-
citation normality and system linearity assumptions. Data are presented to demonstrate the impact
of common nonlinearities on such response parameters as the instantaneous and peak value prob-
ability density functions. Finally, the importance of the stationarity and associated constant parame-
ter system assumptions are discussed from a practical viewpoint. Illustrations are included to clarify
the types of errors that result when nonstationary random excitations and responses are analyzed as
if they were stationary.

D2. Fatigue and Crack Propagation Analyses under Stationary Random Excitation. H. A. LEYpoLD,
NASA Langley Research Center, Hampton, Virginia 23365.—An accurate analytical method for pre-
dicting the fatigue life of an aircraft structure under actual operating conditions is not a reality today.
Four major parameters (i.e., material behavior, environment, structural configuration, and opera-
tional loads) plus the three phases of the fatigue process (i.e., initiation, crack propagation, and
fracture) are involved in the prediction process and attest to the complexity of the problem. In addi-
tion, each parameter has its own statistical variability, which further complicates the problem. Even
when treating each of the variables as independent events, the prediction process is still a complex
one. This paper will deal with only one of the variables involved in the overall prediction process,
namely, operational or random loads. Many investigators have proposed techniques for predicting
life under random loading-——with varying degrees of success—based on experiments, empirical rules,
and/or past experience. The most noteworthy of those techniques are reviewed, and their cap-
abilities and limitations assessed. The prediction of crack growth in aircraft structures is also of
interest from a safety and reliability standpoint, as well as for setting up inspection and maintenance
schedules. Current crack-growth prediction techniques, which incorporate fracture mechanics
methods, are reviewed and assessed. A bibliography of pertinent references is included.

D3. First Passage Analyses under Stationary Random Excitation. J. T. P. Yao, School of Civil Engi-
neering, Purdue University, Lafayette, Indiona 47907.—A structure fails whenever its response to
excitation reaches one or more limiting values. Structural responses include deformations and internal
forces, of which the limiting values are based upon various failure criteria for the material. The failure
probability of a structure subjected to random excitation can be found as the first passage probability
of the response process across the most severe limiting strength values or deformation barriers. This
problem can be solved in principle when the structural response is represented by a Markov process.
However, exact solutions are available only for some first-order Markov process. Consequently, ap-
proximate methods have been suggested by various investigators. In this presentation, an attempt
will be made to summarize and review the Poisson approximation with several independence as-
sumptions, two-state Markov process assumption, clump-size estimation, use of an equivalent first-
order Markov process or a renewal process, simulation and numerical diffusion, upper and lower
bounds, nonapproaching excursions, and the principle of maximum entropy of the total number of
excursions.

D4. Reliability of Structures under Random Loading. RoBert A. HELLER Virginia Polytechnic
Institute and State University, Blacksburg, Virginia 24061.—Random loads acting on structures can be
placed into two broad categories. Into the first category belong loads with large numbers of repeti-
tions such as those produced by wind gusts, ocean waves, noise, boundary layer turbulence, fuel
sloshing, or rough roads. Such loads are usually characterized by low-amplitude stationary or quasi-
stationary random processes. Into the second category belong loads whose appearance is less frequent.
Loads produced by sonic booms, earthquakes, ballistic impact, severe maneuver loads, hurricanes,
tornadoes, and tsunamis are classic examples. These have short durations, often large amplitudes,
and are governed by nonstationary random processes. While the two groups cannot be completely
separated, the first types are usually responsible for the gradual deterioration of structural strength
and those in the second class may produce ultimate load failures. Structural response to these random
loads depends on basic material properties, as well as on the type of structure, connections, and sup-
port conditions. Because structural reliability implies a failure-free operating life, the definition of
[ailure becomes an important parameter. Depending on the structure and its usage, partial failures in
conjunction with alternate load paths require consideration. In order to achieve current structural
failure goals of the order of 1076 to 1079, all the above statistically variable conditions should be con-
sidered together. Because of the high complexity involved, however, only individual parts of the
problem have been successfully handled in the past. Both theoretical and experimental investigations
of the complete problem will hopefully be understood in the near future.

D5. Experimental Fatigue Results under Stationary and Nonstationary Random Vibration. S. R.
SwaNSON, MTS Systems Corporation, Minneapolis, Minnesota 55424.—There is a steadily increasing
supply of interesting fatigue test result for materials under the action of random processes, especially
in the area of stationary random loading. In the strictest sense, nonstationary random processes in
fatigue should be considered quasistationary processes since the fatigue loading is nominally station-
ary over the long run to failure. It is possible to imagine nonstationary loadings over a complete
fatigue life (such as the action of wear or steadily increasing damping in a fatigue test), but actual
tests of this nature are not yet available. This paper surveys the field of stationary and quasistationary
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random loading subsequent to the author’s 1968 state of the art paper on this topic. One of the most
significant findings from this survey is the widespread use of repeated random loading sequences by
research groups and working professional committees in interlaboratory test programs. The necessity
to analyze service loadings carefully, to separate random and nonrandom aspects, is also dealt with in
detail.

28 NoOVEMBER 1972
Session E. Underwater Acoustics I: Propagation I
Carey D. SmitH, Chairman
Sonar Technology Division, Naval Ship Systems Command, Washington, D. C. 20360

Invited Papers (25 minutes)

El. Coherence of Signals, Noise, and Reverberation in the Sea. R. J. Urick, Naval Ordnance Labor-
tory, Silver Spring, Maryland 20910.—Separated hydrophones in the sea show varying degrees of
coherence, or waveform similarity, depending on separation, frequency, and kind of sound observed.
Over the past 10 years, we have measured the phase coherence of different kinds of signals, noise, and
reverberation between vertically separated hydrophones. Such information is basic for the optimum
design of arrays. This paper summarizes these measurements. When plotted against normalized
separation the coherence as measured by the clipped correlation coefficient is found to lie, as it
should, between the value of unity for a plane wave and a curve for isotropic noise; it depends on the
vertical angle within which the sound arrives at the two hydrophones. The most coherent sounds ob-
served were signals in convergence zones; the least coherent, the reverberation received from great
depths in the deep sea.

E2. Project KIWI ONE: Very Low Frequency Acoustic Propagation Measurements in the South
Pacific Ocean. D. G. BrowiNGg, W. R. ScHUMACHER, AND W. H. THorP, New London Laboratory,
Naval Underwater Systems Center, New London, Connecticut 06320, AND R. W. BANNISTER AND R. N.
DENHAM, Defence Scientific Establishment, H. M. N. Z. Dockyard, Auckland 9, New Zealand—A very
low frequency acoustic propagation experiment was conducted along a 10 000-km great circle track be-
tween New Zealand and the Galapagos Islands. Sound signals set to detonate at the sound channel
axis were dropped at 30-km intervals along the entire route by a jet aircraft flying nonstop from
Panama to New Zealand. Values of propagation and attenuation loss for the frequency range 10-1000
Hz have been computed from data obtained from listening stations located at both ends of the track.

Contributed Papers (12 minutes)

EL Dorapo East, 9:00 A.M.

E3. Low-Frequency Sound Attenuation in the Indian Ocean.
D. G. BRowNING, E. N. JoNEs, AND W. H. TuoRP, New London
Labaratory, Naval Underwater Systems Center, New London,
Connecticut 06320.—With the support of the French Navy, a
low-frequency sound propagation experiment was conducted
to obtain attenuation coefficients in the Indian Ocean for the

frequency range 200-10000 Hz. The experiment was con- |,

ducted along a 500-km track, which was characterized by a
broad sound channel with an axis depth of 250 m. The results
are compared with previous measurements in the Red Sea and
Atlantic Ocean.

E4. A Study of Very Low-Frequency Attenuation in the
Deep Ocean Sound Channel. F. R. DiNApoL1, M. R. POwWERs,
AND D. G. BROWNING, New London Laboratory, Naval Under-
waler Systems Center, New London, Connecticut 06320.—The
fast field program (FFP) is used to study sound propagation
in a deep ocean sound channel for the frequency range 1-200
Hz. Typical sound velocity profiles from the Atlantic and
Pacific Oceans are used. Both the velocity profile and bottom
depth are assumed to be invariant with range. The channel
cutoff frequency is determined and the bottom loss contribu-

tion to the measured values of attenuation is estimated. Com-
parison is made with recent experiments.

ES. Long Range Acoustic Transmission Loss in the Northern
Denmark Strait. D). L. BRADLEY AND G. M. CoLvIN, Naval
Ordnance Laboratory, Silver Spring, Maryland 20910.—Long
range acoustic transmission loss measurements were made in
the northern Denmark Strait area utilizing two aircraft. One
aircraft flew prearranged tracks, dropping standard U. S. Navy
explosive charges, while the second aircraft remained in the
area of deployed calibrated sonobuoys, acting as a receiving
platlorm. Received signals were recorded broad band aboard
the monitoring aircraft. These broad-band recordings were
analyzed by filtering, squaring, and integrating to obtain
energy density in selected }-oct bands. The Weston values of
source level for the explosive charges were used in the calcula-
tion of transmission loss. Transmission loss data for several
octaves are shown as well as the results of calculations of a
loss per unit distance factor [J. D. MacPherson, J. Brit. IRE
26, 293 (1963)]. This factor is obtained by assuming spherical
spreading to 1 kyd and cylindrical spreading thereafter and
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calculating the difference between this assumed transmission
loss and the measured transmission loss.

E6. Comparison of Under-Ice and Open Water Transmission
Loss Measurements in Baffin Bay. T. J. TuLko, Naval Ord-
nance Laboratory, Stlver Spring, Maryland 20910.—An experi-
ment was conducted under early winter conditions to obtain
underwater acoustic transmission loss data in ice-free water
and water with a broken cover of sea ice under similar refrac-
tive conditions. Measurements of sound transmission and
ambient noise were obtained using modified calibrated sono-
buoys and standard U. S. Navy explosive sound sources. The
received acoustic signals were recorded broad band and later
analyzed in selected }-oct bands. Transmission loss data are
presented with the results for ice-covered water compared with
the results for ice-free water. Acoustic transmission loss in
Baffin Bay under refreezing conditions is higher in ice-covered
water than in open water.

E7. Abstract withdrawn.
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E8. Acoustic Flux Density for Ray Propagation in Discrete
Index Media and in Gradient Index Media. D. G. BURKHARD
AND D. L. Saeavy, Department of Physics and Astronomy,
University of Georgia, Athens, Georgia 30601.—General for-
mulas are derived far the energy per unit area per unit time
(flux density) over an arbitrary receiver surface for acoustic
ray propagation in discrete index media and in gradient index
media. The equation of the deflected ray coupled with the
equation for the deflecting surface and the equation for the
receiver surface provide a transformation which maps an ele-
ment of deflecting area onto the receiver surface, thereby
enabling one to calculate the flux density over the receiving
surface. A formula for the flux density along a ray path is ob-
tained as a special case. An equation for the caustic surface is
obtained from the latter. As an example, flux density contours
are calculated over a planar surface for plane-wave acoustic
radiation reflected from a sphere embedded in a gradient index
medium.

E9. Statistical Averages as Estimates for Acoustic Intensity.
L. Bruce PALMER, Naval Research Laboratory, Washington,
D. C. 20390.—Basic to the study ol undersea sound propaga-
tion is the prediction of acoustic intensity at some fAxed re-
ceiving point. In ray acoustics, the total intensity at a point
is taken to be the sum of the individual intensities of the single
ray, or ray-bundle, arrivals at that point. At the heart of the
ray acoustics approach is the estimation of the geometric
spreading loss suffered by a single arrival. The usual formula-
tions of spreading loss require the evaluation of a derivative of
either depth or range with respect to initial ray angle. The
calculation of this derivative has proven 1o be troublesome in
practice, especially for long ranges from the sound source. By
the representation of a single ray intensity at a point as a sta-
tistical average of the intensities of ‘‘neighboring” rays, the
estimation of the derivative Is avoided and smoothed intensity
estimates are obtained that are particularly applicable at long
ranges from the source. The statistical average can be formu-
lated to be performed over either depth or range. In addition,
these formulations can be applied in such a manner as to pro-
vide an adjustment to intensities near caustics.

EL Dorano WEsST, 9:00 A.M.

Session F. Architectural Acoustics I: Room Acoustics

HaroLD R. MuLL, Chatrman

80 Danbury Road, Wilton, Connecticut 06897

Contributed Papers (12 minutes)

Fl. Abstract withdrawn.

Yolume 53 1973

300 Number 1



84TH MEETING -

F2. The Design of a 360-Degree Symphonic Facility. CHrisTO-
PHER JAFFE, Christopher Jaffe, Inc., Norwalk, Connecticut
06852.—In 1971 the first 360° concert facility for a major
symphony orchestra was completed at Ontario Place, Canada,
as a summer home for the Toronto Symphony. This paper de-
scribes the physical and electroacoustic criteria developed to
meet the program requirements, discusses the degree to which
the criteria fulfills design objectives, and the response of artists
and audiences to this intimate, less formal performance
environment.

F3. Acoustics for Opera: Our Experience at Indiana Univer~
sity’s New Musical Arts Center. R. LAWRENCE KIRKEGAARD,
Bolt Beranek and Newman Inc., Downers Grove, Illinois 60515,
AND RoBERT B. NEWMAN AND THEODORE J. ScHuLtz, Bolf
Beranek and Newman Inc., Cambridge, Massachusells 02138.—
The new 1460-seat Opera Hall at Indiana University has been
widely acclaimed for its architecture, its advanced theater
technology, and its acoustics for opera and concert. This paper
describes the physical characteristics of the hall in general and
its acoustical characteristics in particular. Both objective data
and subjective evaluations ol its opera and concert uses are pre-
sented and compared with design criteria and functional
objectives.

F4. On the Loudness of Music Rooms. ReEIN PirN, Bolf
Berenek and Newman Inc., Downers Grove, Illinois 60515.—
Free-field measurements of instrumental music suggest close
correlation between the A-scale loudness of music and the
mid-frequency response of rooms in which it is played. Other
measurements, utilizing a steady-state random noise source,
establish a typically increasing order of loudness for spaces
ranging from concert halls to practice rooms. While loudness
consistently increases with decreasing absorption and cubage,
often the number of musicians using the room does not corre-
spondingly decrease. [t is shown that rehearsal and ensemble
rooms, in particular, are louder than preferred by most mu-
sicians and that reduced reverberance is accepted in preference
to excessive loudness. Alternative solutions, with room volume
and reverberation time as parameters, are discussed.

F5. Practical Determination of the Linear System Impulse
Response of a Room. NoOrRMAN C. MARTIN, Department of
Mechanical Engineering, University of Houston, Houston,
Texas 77004.—A review is made of the possible methods to
obtain the impulse response of a room. Included in this review
are shock stimulus, swept frequency analysis, and correlation
technique using a white noise input. The latter technique is
readily adaptable to computer processing (either hard wired
or soft wired). The difficulties associated with each method are
put forward as are the advantages. Emphasis is placed on the
correlation technique because of the advantages that can be
gained from further processing of the gathered data. It is
pointed out that, with the correlation technique used, although
the effects of the system up to the source input (say a speaker)
are totally removed, the speaker modification to the actual
room impulse response is a difficult quantity to deal with.
Because of the inherent rise time in any impulse response, the
speaker impulse response is not minimum delay (or minimum
phase) and hence an exact convolution inverse operator is not
stable. Methods to deal with this are discussed and practical
results from a Wiener filter approach are presented. [Sup-
ported in part by two grants from NASA.]

F6. Design Practice Relating to Acoustics in Schools. WiLL1AM
K. ConNoOR, TRACOR, Inc., Austin, Texas 78721, AND ROGER
BeNasuTTi, Conwed Corporation, St. Paul, Minnesota 55101.—
A questionnaire survey of 401 architectural firms, completed
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in 1968, was designed to elicit information regarding usage of
acoustical and other materials in schools, reasons for choice
of materials, general design practice, and acoustical problems
encountered. Of schools recently designed, 73%, were of closed
plan type and 279, of open plan type. Absorptive classroom
ceilings, primarily of the acoustical board or tile type, were
used in 949, of all schools. These were chosen for acoustical
reasons, but also for economy and as part of integral ceiling
systems. Carpeting was more prevalent in open-plan schools
and was chosen for both acoustical and aesthetic reasons. Over
half the schools were reported to have acoustical problems,
predominant among which was sound transmission between
class areas. This problem was associated with use of the open
plan and also with inadequate wall and ceiling constructions.
[Work supported by the Acoustical and Insulating Materials
Association.]

F7. Modeling Small Room Responses with a Real-Time
Digital Filter. T. H. Curtis, D. A. BErRKLEY, AxD T. B.
BATEMAN, Bell Telephone Laboratories, Incorporated, Holmdel,
New Jersey 07733.—A real-time digital filter system designed
for speech processing [D. A. Berkley and T. B. Batemen, Int.
Congr. Acoust., Budapest (1971)] has been used to model the
response of several small rooms. Finite impulse-response filters
corresponding to room transfer-function magnitude and phase
were synthesized using (1) frequency sampling [L. R. Rabiner
and R. W. Schafer, IEEE Trans. Audio Electroacoust. 19, 200
(1971)] realized with parallel second-order filter sections and
(2) time domain design implemented in direct form. Both allow
approximately 20 msec of the response in a 3-kHz bandwidth
to be modeled in real time. In principle, any response can be
modeled using this system by overlap processing (non-real
time). Using the real-time filter, we have studied the effects
of modifying the spectral and temporal properties of the room
impulse response (see Berkley et al., Paper F8). Both design
methods work but noise considerations rapidly become im-
portant when using frequency sampling. [Some aspects of this
paper were orally presented at the 1972 International Confer-
ence on Communications, Philadelphia.]

F8. Effects on Speech Perception of Modifying the Impulse
Response of a Small Room. D. A. BerkrLEY, T. H. CurTis,
anD J. B. ALLEN, Bell Telephone Laboratories, Incorporated,
Holmdel, New Jersey 07733.—A linear model of the ear as a
parallel bank of filters and the image solution for room re-
sponse are outlined. These models are used to predict the per-
ception of speech under certain controlled variations in the
impulse response of a small room. Using either a hardware
digital filter or a computer simulation, room impulse responses
have been measured, modified, and their effect on speech
examined. The investigations included linearizing the phase of
and truncating the impulse response, examining an all-pass
filter with a real room phase characteristic and observing the
effect of the time complement of a truncated impulse response.

F9. Miniature Anechoic Room Design. W. M VIEBROCK*
AND M. J. CROCKER, Ray W. Herrick Laboratories, School of
Mechanical Engineering, Purdue Universily, West Lafayelte,
Indiana 47907.—The design of a small portable anechoic room
is discussed. The room was constructed with double wall
vibration-isolated panels. The wall transmission loss was pre-
dicted using London’s theory. The room suspension system
was designed using a lumped-mass model for isolation from
floor vibrations. The design of the room utilized 8-in.-long
polyurethane foam wedges. Using an impedance tube, mea-
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surements predicted a lower cutoff frequency of 270 Hz for
the design of wedge chosen. Inverse square law measurements
and noise reduction measurements of the completed miniature
anechoic room are given. [ This work was supported by West-
clox Division, General Time Corporation, LaSalle, 11linois.]

* Present address: Lockheed Missile & Space Co., Sunny-
vale, Calif.

F10. Probability Density Function of the Time Average of
Sound Pressure Level Measurements in a Reverberant Room
Excited by Random Noise. DouGLAs J. INGALLS, Carlyle Com-
pressor Company, Syracuse, New York 13201.—The probability
density function of the time average of the sound pressure
levels (measured in decibels) of a reverberant room excited by
a finite bandwidth of random noise is (approximately) Gauss-
ian for a stationary source and stationary receiver. The mean
of the distribution for a finite integration time is less than the
mean for an infinite integration time. The difference (in deci-
bels) is given by 4.8/BT, where B is the bandwidth in hertz
and T the integration time in seconds. The normalized vari-
ance of the distribution is given by 19/BT. The results imply
that narrow-band measurements in a reverberant room need
to be carefully defined if errors in the measurement due to
finite integration times are to be minimized.

TuEspAY, 28 NOVEMBER 1972
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F1l1. New Reverberant Room Acoustic Test Facility. CurTis
I. HoLMER AND DoucrLas W. ANDERSEN, Bolt Beranek and
Newman Inc., 50 Moulton Street, Cambridge, Massachusells
02138.—A test facility recently constructed at BBN consisting
of a pair of reverberant rooms for transmission loss (TL) mea-
surements and sound power level measurements is described.
Because of space limitations, existing facilities, and the need
to measure models to high frequencies, the rooms were limited
to 3100 {3 volume. The principle instrumentation used for
measurements includes an electrically scanned multiple micro-
phone array and a real-time analyzer. A unique feature of the
facility for TL measurements is a modular demountable steel-
filler wall which permits easy alteration to accommodate sam-
ples from 3 ft X3 ft to 9 ft X 14 fc in size. A major concern dur-
ing the evaluation of the facility was the intention to make
sound power level measurements in accordance with ANSI
S1.21. It was found that by using an eight microphone array
and a rotating diffuser the rooms easily meet the require-
ments for measuring broad-band noise. For measuring tones,
however, a low-frequency absorber and two suitably chosen
source positions were also required in order to meet the per-
formance requirements of the standard. Criteria for the selec-
tion of source positions and rotating diffuser operating condi-
tions are discussed.

BAROQUE RooM, 9:00 a.m

Session G1. Community Noise—State of the Art

R. R. AupgeTTtE, Chairman
Burgess Industries, 8108 Carpenter Freeway, P.O. Box 47146, Dallas, Texas 75247

Invited Papers (times as indicated)

9:00

G1-1. Introduction by Chairman. R. R. AUDETTE, Burgess Industries, Dallas, Texas 75247.—A brief
introduction starting the purpose of this session, whom we are trying to reach, and how we plan to do

this.

9:05

G1-2. Noise Control by Regulation. ELizABETH CUADRA, Office of Noise Abatement and Control,
Enwvironmental Protection Agency, Washington, D. C. 20460.—An overview is presented of the current
and anticipated future roles of the Environmental Protection Agency in what is hoped will become a
cooperative, nationwide noise abatement program. As background, a brief review is given of (a) the
estimated current extent and severity of the ‘noise problem” outside the work place (based on work
performed as input to EPA’s '“Report to the President and Congress on Noise™”); (b) major existing
federal statutes or regulations relating to noise abatement; and (c) the current general status of state
and local government noise abatement programs. The EPA’s anticipated future role (based on legis-
lation pending before the Congress at the date of this abstract) is outlined, and the desirability of
continued and increased noise abatement activities, especially at state and local levels, and also
within other federal agencies, is emphasized. Clariflying examples are presented of the methods by
which state and local governments can (and should) control environmental noise, even when sources
of noise are involved for which preemptive federal noise emission regulations will have been promul-
gated under the (pending) Noise Control Act of 1972,

9:30

G1-3. Transportation Noise—Airplane Noise Reduction. HarvEy H. HUBBARD, NASA, Hampton,
Virginia 23365.—Current Federal noise regulations will be discussed along with their impact on com-
munity noise exposure. Brief references will be made to specific technical areas where significant
advances in noise reduction have been made and to noise reduction goals for the future.
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9:45

Gl-4. Community Noise—Surface Transportation. G. J. THigsSEN, National Research Council,
Ottawa, Ontario, K14 0S1, Canada.—Noise due to surface transportation is still rising, but there is
evidence that it is leveling off. The important change in the last five years has been the increase in
knowledge of the relative importance of the noises from exhaust, intake, engine radiation, tires, and
airflow and the extent to which they can be modified at reasonable cost. Trucks and motorcycles are
still the most intrusive noise sources, with the latter showing some signs of improvement with the
introduction of a water-cooled model by Suzuki. Radically new engines, such as the Wankel and gas
turbine engines, are still too close to the experimental stage to show what they can do to decrease noise
and abide by emission standards. Legislative control is the primary mechanism for overcoming the
competition problems, which make manufacturers reluctant to incur the cost of noise reduction in the
worst noise sources. More inclination to experiment has been shown by public bodies in road layout,
design, and construction of barriers, but not always with full knowledge of the pitfalls and limita-
tions of this approach.

10:00

G1-5. Noise of Homes. JOHN R. SCHREINER, Carrier Air Conditioning Company, Syracuse, New York
13201.—Our homes are filled with products that provide comfort, convenience, and entertainment
for the occupants and coincidentally produce noise. Most of these products operate only for short
periods of time when users turn them on, but some cycle on and off continuously in response to auto-
matic controls. Most are normally operated inside homes but some of the noisier ones are used outdoors
and thereby contribute to community noise. Sound outputs vary widely between different types of
products and to a lesser extent among different models of the same type, and many also vary with the
mode or cycle of operation. The effects they produce also vary with the relative locations of the people
exposed and their occupations at the time. While these factors add complications, considerable progress
has been made on sound rating standards for many of these products, notably in the air conditioner
industry, and quieter products will typically result from sound rating programs.

10:30

G1-6. Community Noise. C. R. BRAGDON, Department of City Planning, Georgia Institute of Teck-
nology, Atlanta, Georgia 30332.—The magnitude of the existing urban noise problem is presented in
terms of its acoustical characteristics and environmental impact. The current status of community
noise research, including acoustical as well as social analysis, is summarized. Implicated environ-
mental health effects involving potential hazardous and nuisance responses t0 community noise are
identified. Public as well as political recognition of community noise is compared to other environ-
mental problems. Existing and proposed noise management programs at all governmental levels are
assessed in terms of their relative effectiveness, including protecting the public’s interest. Presented
are examples of a few existing programs that sufficiently address the problem. The current inade-
quacies and requirements for more active and comprehensive noise management programs are
apparent. Effective coordination of environmental program at all governmental levels is also needed.
Present governmental policies and their ability to control community noise successfully are discussed,
including considerations in establishing standards.

11:00

G1-7. Industrial Noise in the Community—Current Views. LEwis S. GOODFRIEND, Morristoun,
New Jersey 07960.—Noise from industrial plants has continued to be a problem for both the plant
managements and their neighbors. Several recent studies have indicated that the majority of persons
in residential areas are exposed to ambients set by transportation noise sources. This is of little comfort
to the immediate neighbors of an industrial plant whose noise dominates a small region surrounding
the plant. Recent acceptance of the A-weighted sound level to rate noise, results of several Federal
studies, and an evaluation of the Normalized Community Noise Equivalent Level (NCNEL) have
changed the community—industry situation little, but prepare the way to develop workable methods
for rating noise situations in a manner similar to the earlier Composite Noise Rating, but without
measurement of the spectrum. Furthermore, the interrelationship of a community and its industrial
neighbors appears to play a major part in the acceptance of the noise levels surrounding the plant.
This leads to the conclusion that there is no universal method of rating community noise that will
satisfy any given percentage of neighbors in a community without first determining attitudinal factors
that can be applied in the noise evaluation as weighing factors. Further research is currently under
way. This effort is critical since current work to reduce transportation noise may lead to a situation
where industrial noise becomes dominant in the major portion of many more communities.

11:30

G1-8. The Citizen Response to Noise Since 1967. ROBERT ALEX BARON, Executive Vice President,
Citizens for a Quieter City, Inc., P. O. Box 7777, Ansonia Station, New York, New York 10023.—Since
1967, the citizen is on the offensive. He has learned how to intensify awareness of noise pollution.
His educational techniques have become more sophisticated. Pressure points have been discovered
and are being applied. Environmental noise is now being recognized by some acousticians and pol-
luters. However, significant moves toward abatement have yet to be taken. While the hearing loss

The Journal of the Acoustical Society of America

303



84TH MEETING -

ACOUSTICAL SOCIETY OF AMERICA

aspect of occupational noise is now being recognized in legislation, the nonauditory aspects are totally
neglected. The citizen is, therefore, now including a concern for occupational noise while intensifying
his battle against environmental noise exposure. The noise receiver is still asking the acoustician to
move from measurement for the protection of vested interests to abatement for the sake of human

interests.

Tuespay, 28 NOVEMBER 1972

EL Dorabpo East, 2:00 p.M.

Session G2. Community and Vehicle Noise

T. E. SibpoN, Chairman
Department of Mechanicol Engineering, University of British Columbia,
Vancouver 8, B.C., Canada

Contributed Papers (12 minutes)

G2-1. Hazardous Jet Noise Radiation at Schools near Los
Angeles International Airport. W. C. MEEcrHAM AnD S. R.
LANE, School of Engineering and Applied Science, University
of Caltfornie, Los Angeles, California 90024.—In the first part
of a two part study, indoor and outdoor measurements of jet
aircraft noise were obtained at seven schools beneath the
eastern approach paths to Los Angeles International Airport.
At five elementary schools, the jet noise in the schoolyards
ranged from 100 to 120 dBC and constituted a high risk of
hearing damage for the young children. The frequency of jet
aircraft overflights averages 1 per 2 min for a total of over
200 per school day (8:30 A.M.—2:30 p.M.). The corresponding
jet noise levels in the classrooms, 809, of which are not air
conditioned or acoustically treaied, ranged from 80 to 96 dBA,
and caused total disruption of the communication and learning
processes. An investigation of aircraft operation alternatives
indicated that the noise could be reduced by 10 dB or more if
engine power were reduced when the aircraft approached the
school areas, or if the aircraft approached at higher altitudes
and landed further to the west on the unused 6000-ft-long
portion of the 12 000-ft-long runways.

G2-2. Computer Generated Airport Noise Contours. J. A.
SPENCER AND T. H. MEYER, Bolt Beranek and Newman Inc.,
Cambridge, Massachusetts (02138 —Existing airport noise
prediction programs are incapable of dealing with complex
flight paths and normal dispersion of flight paths due to vari-
ations in aircraft gross weight or pilot technique. A computer
program that is capable of handling these problems has been
developed, using an air traffic control simulation program as its
base. The original air traffic control program is capable of
very accurate simulation of aircraft motion in an airspace,
including random deviations from assigned parameters and
automatic metering of traffic using holds, delaying turns, etc.
A grid of noise measuring points, of arbitrary extent, is super-
imposed on the airspace and constant recording of aircraft
noise at each location is simulated. At the end of a “run,” a
contour plot of noise levels in the grid area is produced.
Variations in traffic density, controller technique, traffic
patterns, and runway use can be simulated, and the resulis
of such variations conpared directly.

G2-3. Noise Intrusion from Police Helicopters over Los
Angeles Communities. W. C. MEEcHAM aND S. R. LANE,
School of Engineering and Applied Science, University of
California, Los Angeles, California 90024.—Measurements of
police helicopter noise were made during surveillance flights
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over communities in several cities in the Los Angeles area.
Small light observation-type helicopters (Hughes 269 and
300 and Bell 206) are used for emergency and surveillance
work by the police departments of most cities in the Los
Angeles area, and by the sheriff’s departments in the southern
California seven county area. These helicopters typically
fly over the various communities several times each day and
during the late evening hours. Operation of these helicopters
at 500- to 1000-t altitudes results in noise levels of 70-80 dB A
in the residential communities. Helicopter flights over schools
and colleges caused noise levels of 65-75 dB A inside the class-
rooms. This is 10~20 dB above-the maximumn allowable limit
of 55 dB4 for acceptable speech communication in offices and
classrcoms. In the Santa Monica area, late night flights and
search patterns caused noise levels of 100-115 EPNdB aver
hospitals and convalescent homes. These levels are in violation
of municipal noise codes and exceed the federal landing noise
limits for new jet aircraft.

G2-4. Exposure of Communities to Low-Frequency Noise
from Aircrafts and Rockets. D. Kiro, U. FEHR, M. BURNSTEIN,
B. IroN, AND ]J. GOLDMAN, Mamash Applied Science Labora-
tortes, Ness-Ziona, Israel.—Data collections, in the low-fre-
quency naise region (below 100 cps), in communities located
near airports were analyzed for the purpose of volumetric
coverage. The following factors, such as residential areas under
influence, volume of noise, time of noise, and range of influence,
have indicated the importance of these studies. Isosurfaces of
SPL of jet planes at altitudes of up to 7000 ft are shells in
the shape of pears, with the top directed towards the ground.
The top covers a minimum area of 12000 km? The pear-
shaped envelope is pulled in the direction of the flight, and
this produces a time delay and altitude dependence between
the community exposure to radiated noise, and the instan-
taneous location of the plane. Typical time exposures for
altitudes of 1000 to 7000 {t are 45-74 sec. This low frequency
does not raise complaints because of the human ear's limi-
tations; nevertheless they might be harmful. Furthermore,
infrasonic frequencies (4 cps and below), having energies of
100 dB and more, cover 10 000 km? and have durations of up
to 30 min. Studies of physiological effects on animals and
humans are of importance in this field. If these frequencies are
harmful or bothersome, the jet engines should be designed to
dissipate these energies at higher frequencies which attenuate
strongly and do not propagate long distances in the
atmosphere. -
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G2-5. Theoretical Interpretation of Recent Experiments of
Helicopter Noise Propagation in Urban Areas. ArLrLanN D.
PIERCE AND WAYNE A. KINNEY, Acoustics and Vibration
Laboratory, Massachusetts Institute of Technology, Cambridge,
Massachusetts 02139.—In a recent series of experiments jointly
conducted by the DOT/TSC, the Coast Guard, and MIT,
recordings were made while a helicopter flew over (1) an array
of microphones placed in an open field and (2) a similar array
placed in the center of a street flanked by tall buildings. The
differences between the two sets of data (initially lower, then
higher levels for the urban data) is similar to that predicted
previously from laboratory scale model experiments by Lyon,
Pande, and Kinney [Summary Rep. DOT-TSC-93]. In the
present paper, a somewhat detailed, theoretical explanation is
attempted based on a geometrical acoustical model modified
to include edge diffraction. A general expression is first derived
for the effective gain due to building presence when sound is
excited by a monochromatic point source. This is then used
to find the mean and variance of octave-band filtered broad-
band noise for random listener location near the buildings and
near the center of the street. The data is then discussed in
terms of these theoretical predictions.

G2-6. The Effect of Sample Size on Freeway Noise Measure-
ments. J. STEPHEN O’'NEALL AND C. E. WALLACE, Schoo! of
Engineering, Arizone State University, Tempe, Arizona
85281.—Traffic noise levels were recorded along two freeways
having significantly different traffic densities. These recordings
were analyzed to yield the 4-weighted noise levels Lsog, Liog,
and L,y for a range of sample sizes. Standard deviations of
these noise levels were computed and plotted against both the
duration of the sample and the number of vehicles passing
within the sample. The results show that the standard devi-
ations of the measurements vary with traffic density when
plotted versus sample duration but do not depend on traffic
density when plotted against the number of vehicles in the
sample. For the measurement of Lseg, L1eg, and Lig;, a 1-dBA
standard deviation requires 100, 160, and 300 vehicles,
respectively. Similarly a 3-dBA standard deviation requires
19, 25, and 90 vehicles, respectively.

G2-7. Iavestigation of the Aerodynamic Noise Generating
Region of a General Electric T-58 Jet Engine by Means of the
Simple Source/Fluid Dilatation Model. PaTrick M. HURDLE
AND W. C. MEEcCHAM, University of California, Los Angeles,
California 90024, AND BRENT HODDER, NA.SA Ames Research
Center, Moffeit Field, Californic 94035.—Experimental tests
were carried out at NASA Ames Research Center. Cross-
correlation measurements were made between the static
pressure fluctuations, as measured with a B & K 1-in. micro-
phone fitted with a nose cone, and the far-field radiated
sound. These measurements were made for two different probe
positions and a large number of far-field positions at various
angles. In addition, each test geometry was run for jet exit
velocities at four different Mach numbers. The measured,
normalized cross-correlation functions varied between 0.155
and 0.004. These values depended upon the angular position
of the far-field microphone, the jet exit velocity Mach number,
and the position of the probe. In addition, the cross-correlation
technique was employed to study the symmetry of the far-
field radiated sound. Third-octave analysis of both the probe
signal and the far-field radiated sound were made. The results
of these measurements will be reported.

G2-8. Consulting Experience with the New Federal Highway
Noise Standards. LAWRENCE G. CoPLEY, Cavanaugh Copley
Associates, Newton, Massachusetts 02158 —In April 1972, the
Federal Highway Administration issued its interim noise
standards [Policy and Procedure Memorandum 90-2:
Interim Noise Standards and Procedures for Implementing
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Section 109(¢) of Tutle 23 U.S.C.]. These standards will apply
on an interim basis to all Federal Aid highway projects sub-
mitted for location approval after 1 July 1972. This paper
addresses procedural aspects of the Standards rather than
policy questions. The paper draws on experience in perform-
ing noise evaluation studies in accordance with the Standards
for several typical highways projects. Three key features of the
Standards are discussed. First, L10 as a measure of community
noise level at different times of the day is reviewed in com-
parison with L50, which is easier to forecast accurately and
less expensive to measure in the field. Second, the use of
maximum traffic volume noise levels is reviewed, given that
highway noise may be more annoying in off-peak hours such
as evening or nighttime, when traffic volumes are less and the
highway noise generally has a much different character.
Finally, the highway noise [orecast procedures prescribed in
the Standards are discussed.

G2-9. Vehicle Noise Measurements and Community Noise
Standards. ANiTA LAWRENCE, School of Architecture, Uni-
versity of New South Wales, Kensington, 2033, Australia.—
Although measurements of road vehicle noise emission made
according to ISO or SAE or similar methods have the asset of
consistency, their uselulness in predicting the noise annoyance
caused by such vehicles is limited, particularly in the case of
large commercial vehicles. For nonmotorway traftic in built-up
areas, the stop-start condition is most common. Field meas-
urements indicate that acceleration from a stationary start
in the lowest forward road gear gives useful results. In ad-
dition, body noise may be measured by driving the vehicle at
constant speed over a rubber “bump” strip. Vehicle noise
limits should be related to community noise standards;
however, the subjective equivalence between the annoyance
caused by a continuous stationary noise source and that
caused by a traffic stream is not easy to establish.

G2-10. A Comparison of the Predicted and Actual *“Noise
Pollution Level” for Vehicular Traffic on Limited Access
Highways. M. J. OsLac, The Noise Control Laboratory, The
Pennsylvania State University, University Park, Pennsyl-
vania 16802.—A superhighway near a suburban community
formerly connoted convenience and instant accessibility to
job, recreation, shopping, etc. Today, land values are more
often relating to environmental serenity. This awareness ol
highway noise has prompted Environmental Impact Studies
prior to the final design of new highways. The surrounding
environment must be protected at least to the extent of the
recently adopted FHWA Policy and Procedure Memorandum
90-2, which for a 24-hour period sets the noise limits which
may not be exceeded more than 109 of the time. While this
may be a good starting point, the Policy lacks the requirement
that a measure of the background be made. Robinson’s Noise
Pollution Level (NPL) provides a more realistic value of an-
noyance {rom vehicular traffic in that it provides for inclusion
of the background. It thus offers a possibly better guideline.
The recent study described in this paper utilized the Ly and
Lqs values calculated from the NCHRP Report No. 117 to
predict the NPL for four eastern United States communities
adjacent to limited access highways. Measurements were
made at the four sites and an exact NPL was calculated using
the energy mean value and the standard deviation. An attempt
was then made to correlate these values with community
response questionnaires. These values were also compared to
the Lip levels in PPM 90-2. The implications of using NPL
in Environmental Impact Studies is discussed.

G2-11. Noise Generation Mechanisms for Passenger Car
Tires. T. E. S1pDON, Department of Mechanical Engineering,
University of British Columbia, Vancouver, B. C., Canada.—
Starting with the premise that intense aerodynamic mech-
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nisms are responsible for a significant fraction of the noise
radiated by a “relatively smooth” tire rollling on a “relatively
smooth” surface, experiments have been conducted to identify
and quantify such mechanisms. The experiments, conducted
on a passenger car vehicle equipped with rib-type tires, in-
clude flow visualization studies and fluctuating pressure
measurements both in the vicinity of the tire-road interface
and in the acoustic far field (i.e., with the microphone mounted
at the end of a 5-ft boom). A unique technique, involving
cross correlation between the near-field pressure and the
far-field sound measured by the boom mounted microphone,
yielded significant information on the distribution of acoustic
sources in the vicinity of the tire. These measurements indi-
cate that a strong unsteady flow field does indeed exist in the
region immediately behind the tire—road interface, and that
this unsteadiness makes a dominant contribution to the noise.
Alternative models for the aerodynamic mechanism, based on
Hayden’s "‘air-pumping’’ hypothesis, and a newly advanced
‘‘vortex interaction’ process, are described and compared.

G2-12. A Low Cost Approach to Area-Wide Community
Noise Monitoring. T. E. Sippon aAND K. D. HARFORD, Acoust:-
cal Engineering, Suile 3, 690 Number Three Road, Richmond,
British Columbia, Canada.—A new approach to noise survey
work emphasizes the importance of spatial and temporal
noise level variations with less stress on frequency content.
It is shown that a low cost sound monitoring package, A-
weighted at the input stage, and with a dynamic range of

TurspAay, 28 NOVEMBER 1972

45 dB, yields adequate information on which to base a concise,
statistical model of the acoustic landscape. Because of the
low cost of individual terminal units, a large number of units
may be operated over an extended land use area. This en-
sures that important spatial information is not lost. Such a
detailed picture is not possible with the more conventional
sequential {point to point) techniques that are normally
employed. The format for a typical area-wide noise level
survey is presented, and the usefulness of the data obtained
to urban planners and legislators is briefly described.

G2-13. In-Service Tire Vibration Investigation. WiLLiaMm F.
ReITER, LeEoN J. HARPER, AND ALLEN C. EBERHARDT,
Center for Acoustical Studies, P. O. Box 5801, North Carolina
State University, Raleigh, North Caroline 27607.—An ex-
perimental research program has been initiated to measure
and correlate the sound and vibration spectra of in-service
truck tires. The objective of this work is to obtain a detailed
bank of tire sound and vibration data that will aid in a better
understanding of tire noise generating mechanisms and how
they are influenced by important parameters such as load,
tread type, tread wear, and speed. This work extends the
recent work completed by the National Bureau of Standards
entitled “Peak 4-weighted Sound Levels Due to Truck Noise."”
Initial results of the telemetered vibration data for typical
truck tires will be presented. [The Office of Noise Abatement,
U. S. Department of Transportation, is acknowledged for
support of this project. ]

EL Dorabpo WEsST, 2:00 p.M.
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Session H. Physical Acoustics I: Ultrasonics and Liquid Crystals

Bi.L D. Coox, Chairman

Cullen College of Engineering, University of Houston, Houston, Texas 77004
Invited Papers (30 minutes)

H1. Properties of Liquid Crystals. GLENN H. BrROWN, Liguid Crystal Institute, Kent State University,
Kent, Ohio 44242 —Molecular geometry is important in interpreting the properties of liquid crystals.
In addition, the molecular packing in different liquid crystalline structures will be presented and cor-
related with the properties of the liquid crystalline state of matter. This information on molecular
packing will be focused essentially on thermotropic liquid crystals, but some information will be
presented on lyotropic ones. A briel synopsis of some of the most interesting applications of liquid
crystals will be presented.

H2. Visualization of Ultrasonic Waves Using Liquid Crystals. P. GrReGusS, Depariment of Ophthal-
mology, New York Medical College, New York, New York 10029.—The search for a device that transfers
acoustic wave information into equivalent light information began its rebirth after the first ultrasonic
holograms were recorded on sonosensitive plates in 1964/1965. About the same time, the heat sen-
sitivity of liquid crystals which shows up in color was introduced to NDT to find flaws. Since when
an ultrasonic image is projected onto a suitable absorbing material it is converted into a corresponding
spatial temperature variation over the absorber, it is clear that by coating the absorber with a layer of
liquid crystals the intensity distribution of the ultrasonic field will be visualized. Examples of this
technique will be presented. In nematic liquid crystals, five electrooptic effects—dynamic scattering,
voltage-controlled optical activity, fast turnoff mode, deformation of vertically aligned phases, and
guest—host interactions—can be observed, all of which may be affected by ultrasonic waves. Therefore,
they can be used to transfer acoustical wave information into light information. The birefringent pro-
perties of a new specially prepared liquid crystal cell (AOCC) offer a new real time acoustical-to-
optical display, which can also be used to record ultrasonic holograms. The pluses and minuses of the
AOCC will be discussed in connection with a short movie.

H3. Liquid Crystals and Broken Symmetry Hydrodynamics. ToM C. LUBENSKY, Department of

Physics, University of Pennsylvenia, Philadelphia, Pennsylvania 19104.—A general approach to the
determination of the equations governing linearized hydrodynamics in systems with broken con-
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tinuous symmetries is introduced and applied in detail to nematic liquid crystals. The hydrodynamical
mode structure of nematics is obtained from these equations. Application of the above techniques to
the determination of the hydrodynamical equations for cholesterics and smectic liquid crystals is
briefly discussed. The complete mode structure for these systems is then reviewed. [Supported in part
by grants from the National Science Foundation and the U. S. Office of Naval Research.]

H4. Ultrasonic Measurements in Liquid Crystals. S. V. LETCHER, Department of Physics, University of
Rhode Island, Kingston, Rhode Island 0288 1.—Although ultrasonic measurements in liquid crystals
were first made more than 15 years ago, only in the last [ew years has there been a dramatic increase
in interest and in the rate of progress. Both longitudinal transmission and shear reflectance measure-
ments have now been performed in smectic, cholesteric, and nematic liquid crystals. The following
topics will be among those discussed: temperature and frequency dependence of absorption and
velacity, absorption at nematic—isotropic phase transitions, and anisotropic propagation in oriented
nematics.

Contributed Papers (15 minutes)

HS. Use of Encapsulated Liquid Crystals to Demonstrate
Temperature Increases due to Large Stress Amplitudes in
Piezoceramic Bodies. PauL M. KENDIG, Ordrance Research
Laboratory, The Pennsylvania State Universily, Untversity
Park, Pennslyvania 16802.—When unloaded piezoceramic
bodies are driven at high stress amplitudes at their resonant
frequencies, considerable heat is produced, with the maximum
heating occurring at the nodes (regions of maximum stress).
The resulting temperature increase is easily demonstrated by
placing on or cementing to the vibrating bodies, films of
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encapsulated liquid crystals (ELC). The ELC is protected on
the viewing side with a sheet of Mylar and covered with black
ink on the other. Most suitable Alms are those with a relatively
small temperature range for the visible spectrum. When the
vibrating body is driven with large stess amplitudes, a bright
colored spot (red end of spectrum) appears in the region of the
node. The color rapidly moves through the spectrum to blue
and the area of the colored region expands. Implications of
this technique are discussed.

EMPIRE RooM, 2:00 p.M.

Session I. Engineering Acoustics II : Nonholographic Sonie Imaging

DoNnaLD S. MosgLEY, Chatrman

Vitro Laboratories, Stlver Spring, Maryland 20910
Invited Papers (30 minutes)

I1. Ultrasonic Imaging for Underwater Viewing. H. L. WARNER, Naval Coastal Systems Laboratory,
Paname City, Florida 32401.—An ideal ultrasonic imaging system for undersea applications is de-
scribed that would provide diffraction-limited performance at high resolutions (500 < D/x>2000)
over a field of view of at least +10°. The image surface of the ideal system would be an array of
closely spaced sensors with the size of each sensor being determined by the image spot size. Each
sensor would be connected via a discrete processing channel to an element in an electro-optical dis-
play. Each processing channel would provide either linear or exponential amplification in specified
temporal frequency bands and signal integration with controllable or automatic selection of the
integration time. The merits of dividing the passband into three averlapping bands to provide a color
display will be explored. The need for broad spatial and temporal frequency bandwidths will be shown.
Since an ideal system cannot be built at this time, an examination of the parameters and performance
which must be compromised to obtain practical ultrasonic imaging systems will be made. A number
of systems that have been developed for undersea applications will be reviewed.

12. Twenty Years of Medical Ultrasonic Imaging. Joun M. REID, Providence Hospital Seatile,
Waskington 98122.—Ultrasonic imaging systems are becoming important in medicine. Our growing
understanding of fundamental acoustical-tissue interactions may contribute important new abilities.
Absorption and velocity of the sound vary with the structure of tissue and together determine the
resolution and penetration of any diagnostic system. The reflecting and scattering properties of
tissues are little known although much can inferred from clinical studies. Quantitative work in scatter-
ing is only beginning. Imaging systems can be classified on the basis of their range-versus-depth
resolution and scanning time-versus-complexity tradeoffs. Early pulse-echo scanners had such “new’”
features as real-time imaging and gray scale response. Many medical centers now use contact and
waterbath scanners. Newer pulse-echo and CW systems require complex electronics that were not
feasible belore integrated circuits were available. A promising new area is use of special target pro-
perties to identify reflecting objects. For example, working systems identify the Doppler-shifted
backscatter from moving blood to map areas of flow. Present systems are adaptable to such imaging
techniques.
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13. The Design of Lenses for Ultrasonic Imaging. P. S. GREEN AND G. ]. EILERS, Stanford Research
Institute, Menlo Park, California 94025.—The materials available for the construction of acoustic
lenses provide a far wider choice of physical constants than one has in optics. As yet, little effort has
been made to design lenses that effectively combine these materials to provide improved image-
forming capability. The use of a digital computer for lens design can greatly facilitate such investiga-
tions. In this paper we present the results of a study of both simple and compound acoustic lenses,
demonstrating the aberrational characteristics and overall merit of lens configurations optimized for
a variety of materials and combinations. Also discussed are the effects on image resolution of lens
apodization, and the results of experiments with coated acoustic lenses that exhibited considerably
reduced surface reflections. [This work has been supported in part by a grant from the National
Institutes of Health.]

14. Experiments in Ultrasonic Imaging for Weld Inspection. W. R. TuRNER, Aulomation Industries,
Inc., Vitro Laboratories Diviston, Silver Spring, Maryland 20910.—As part of a program for investiga-
tion of ultrasonic visualization techniques, a laboratory imaging system was used to determine some
practical factors in weld inspection applications. The system used the Vitro-designed ultrasonic image
tube, and experiments were performed both with and without imaging lenses. The test material was
-in. steel plate containing a butt weld with flaws that had previously been radiographed for reference.
Ultrasonic energy was introduced into the plate as a shear wave through a coupling block. Scatter
from defects was detected on a monitor as a two-dimensional image against a dark background. Image
distortion and phantom images were investigated in detail. System performance criteria for a high
data rate inspection system were established, and system modifications were specified for meeting these
criteria.

I5. High Resolution Ultrasonic Scanning System. M. J. Hurwitz, Westinghouse Research Laboralories,
Pittsburgh, Pennsylvania 15235.—We have built and tested several focused-arc ultrasonic trans-
ducers for use in nondestructive characterization of flaws in thick metal sections. These transducers
transmit and receive ultrasonic pulses at frequencies 2.25 or 4 MHz and produce diffraction limited
beams at all ranges including the classical nearfield region since the beams are essentially in focus at
all ranges. We have used both contact and immersion transducers in conjunction with a mechanical
scanner and display package and have produced B-scan images of holes and flaws from 1- to 20-in.
depths into metal specimens. Images of patterns of drilled holes have been made demonstrating the
resolving of #- in.-diam holes about % in. apart through 24 in. of aluminum. Several other ultrasonic
images and comparisons of these with other NDT techniques will be shown. [This work has been sup-
ported by the U. S. Navy under contract. ]

Contributed Paper (12 minutes)

16. Experimental Ultrasonic Image Converter to Permit a
Diver to See in Turbid Water. A. L. RoLLE, Engineering De-
partment, Naval Coastal Systems Laboratory, Panama Cily,
Floride 32401.—An experimental ultrasonic image converter
was developed to generate a television-like image inside a
swimmer’s facemask of a 60° viewing sector from 14 in. (arms
length) to a maximum range of 10 ft. The converter consists
of an array of transducers and a similar array of light emitting
diodes affixed to opposite ends of a rotating cylinder containing
the processing electronics. The transducer array both generates
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and receives high-frequency ultrasound which is focused by
a miniature liquid lens to form multiple narrow beams. The
processed transducer outputs are applied to the diode array
to form the visual image, which is conducted to the facemask
by fiber optics. Rotating the arrays effects both the scanning
of the narrow beams over the object plane and the required
synchronous display scan to form the visual image. Tests using
hand tools, metal plates, and cylinders demonstrated the feasi-
bility of generating useful images of even specularly reflecting
objects with techniques applicable to free-swimmer equipment.

DowminioN RooM, 2:00 p.M.
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Session J. Shock and Vibration II : Structural Response and Failure Mechanisms
Under Stationary and Nonstationary Random Excitation—Part 2

CHARLES T. Morrow, Chairman
Advanced Technology Center, Dallas, Texas 75222

Invited Papers (25 minutes)

J1. Time Dependent Root-Mean-Square Response to Nonstationary Random Excitations. GAry C.
Hart, Mechanics and Structures Department, University of California, Los Angeles, Celifornia 90024.—
The nonstationary rms response of single-degree-of-freedom linearly elastic structural systems to
several classes of nonstationary random excitations are summarized and compared. Particular
emphasis is placed on shot noise, time-modulated white and correlated noise, and evolutionary and
segmented nonstationary excitations. The influence of both structural system and nonstationary ex-
citation parameters upon rms response is evaluated. Approximate response approaches are discussed.

J2. Spectral Representations under Nonstationary Random Excitation. W. D. MARK, Bold Beranek
and Newman Inc., Cambridge, Massachusetts 02138 —The essential concepts and equations associated
with the spectral analysis of stationary random processes are the power spectral density, the auto-
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correlation function, their mutual relationship known as the Wiener—Khintchine theorem, and the
power spectrum input—response relationship for linear systems. These concepts and equations can be
extended in a natural and unified way to nonstationary random processes. To provide these extensions,
it is shown that two time-dependent power spectrum definitions are required—both of which reduce
to the same definition in the case of stationary processes. One of these spectrum definitions is es-
sentially equivalent to the class of time-dependent spectra obtained by narrow-band filtering; hence,
this definition possesses a clear physical interpretation. However, it does not possess a simple input—
response relationship for linear systems. The second spectrum definition is the Fourier transform of a
time-dependent autocorrelation function. Realizations of this second spectrum exhibit spurious be-
havior—e.g., they may be partially negative ; however, this second definition possesses a simple, exact
input-response relationship for linear systems. The exact mathematical relationship between the two
spectrum definitions is explained and interpreted in terms of the uncertainty principle for Fourier
transforms.

J3. Fatigue and Crack Propagation under Nonstationary Random Excitation. M. SHINOZUKA, De-
partment of Civil Engineering and Engineering Mechanics, Columbia University, New York, New York
10027—The prediction of fatigue life of a structure subject to a dynamic stress history is one of the
most difficult engineering problems because of the complexity of the fatigue phenomenon, which is ex-
tremely sensitive to material property, structural configuration, stress history, environmentat condi-
tions, etc. Recently, engineers have come to a realization that for a more reliable prediction of fatigue
life, it is of utmost importance to carry out fatigue tests and perform fatigue analyses under the stress
history as close as possible to the reality. This has made it necessary to apply the notion of the random
process theory to identify the stress history and to establish the relationship between the fatigue life
and the stress history thus identified. So far, most work along this line has been concerned with the
stress history that is identified as stationary random process. In this presentation, attention will be
focused on those studies in which the nonstationarity of the stress history is considered in the fatigue
life prediction.

J4. First Passage Problem in Nonstationary Random Vibration. J. N. YANG, Jet Propulsion Labora-
tory, Pasadena, California 91103 —In nonstationary random vibration, a problem of considerable
practical importance is to determine the probability, called first passage probability, that the absolute
value of the structural response passes out of a threshold for the first time, within a specified time
interval. A variety of analytical approximations to the first passage probability are described and
compared with results of simulation. Emphasis is placed on nonstationary excitations with short dura-
tion, such as earthquake, atmospheric turbulence, spacecraflt excitation, etc. First passage probabilities
for nonstationary envelopes of the structural response are also discussed.

Contributed Papers (10 minutes)

J5. On Fatigue Life Under Stationary Gaussian Random
Loads. R. TALRE]JA, Department of Soltd Mechanics, Technical
University of Denmark, Lyngby, Denmark.—Power spectra
are taken to represent stationary Gaussian random loads.
Location, scale, and shape parameters are defined for power
spectra and proposed as a convenient set of load parameters
for random loads. The center frequency of a power spectrum,
defined as its weighted average [requency, is proposed as a
measure of fatigue life. A servohydraulic closed loop testing
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machine is used to load specimens of carbon steel under six
different power spectral shapes. Test results are utilized to
evaluate a fatigue life function formulated in terms of the
load parameters. The concept of a shape operator introduced
by Weibull for probability distributions, is employed to
correlate fatigue lives under different power spectral shapes.
Good correlations in the test results are obtained.

J6. Panel Session. H. HIMELBLAU, Chatrman.

SiLver CHIMES East, 2:00 .M.

Session K1. Speech Communication IIa : Communication by Primates

PHiLip LIERERMAN, Chatrman

Department of Linguistics, University of Connecticut, Storrs, Connecticut 06268
Invited Papers (25 minutes)

KI-1. Speech Producing Abilities of Primates and Human Evolution. DENNIS H. KLATT, Massachusetts
Institute of Technology, Cambridge 02139, Pty LisBeERMAN, The University of Connecticut, Stovrs,
Connecticut 06268, and Haskins Laboratories, New Haven, Connecticut 36510, AND EDMUND S. CRELIN,
Yale University School of Medicine, New Haven, Connecticut (06510.—Comparative anatomic and
acoustic studies of the supralaryngeal vocal tracts of living and extinct primates indicate that speech
production has been an important factor in human evolution. The sounds of human speech make
human language a rapid medium of communication through a process of speech “encoding.” The pres-
ence of the human vowels /a/, /i/, and /u/ facilitates this process. The supralaryngeal vocal tracts of
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newborn Homo sapiens and the living nonhuman primates are similar and resemble the reconstructed
vocal tracts of fossil Australopithecine and Neanderthaloid hominids. Vocal tract area functions that
were directed towards making the best possible approximations to the human vowels /a/, /i/, and /u/,
as well as certain consonantal configurations, were modeled by means of a computer program. The lack
of these vowels in the phonetic repertoires of these creatures, who lack a pharyngeal region like that of
adult Homo sapiens, may be concomitant with the absence of speech encoding and a consequent lin-
guistic ability inferior to modern man.

K1-2. Coding of Species-Specific Vocalizations by the Squirrel Monkey Auditory Cortex. Jonn D.
NEWMAN, National Institute of Child Health and Human Development, Bethesda, Maryland 20014.—
Single neurons in the auditory cortex of squirrel monkeys (Saimiri sciureus) were tested with tape-
recorded vocalizations representing this species’ six major call groups. A small minority of these cells
were highly selective, responding only to one or two call types. For these cells, a role in categorizing
discrete call types appears likely. Some selective cells behaved as “tuned filters,” by virtue of the cor-
relation between the best frequency of steady tone bursts for a cell and the major acoustic energy in
the effective call type. Most of the neurons responded to several vocalizations. A simple scheme of
“feature extraction” does not appear to explain readily the responses of these cells: (a) calls effective
for a given cell usually represented structurally different call groups and did not share the same simple
acoustic features; (b) many cells responding across call group boundaries did not respond to all the
calls of an eflective call group; (c) while most of the neurons responded to steady tone bursts, their
responses to tones were generally not satisfactory indicators of their responsiveness to vocalizations;
(d) in some cases, the nature of a cell's response was shown to depend upon interactions of nonadjacent
parts of a vocalization.

K1-3. Physiological Control of Vocalizations in the Japanese Monkey : Inferences from a Field Study.
STEVEN GREEN, The Rockefeller University, New York, New York 10021 —A held study of vocal com-
munication in the Japanese monkey reveals their repertoire to be composed of patterns that intergrade
acoustic features., If the repertoire is divided into classes on the basis of a few distinctive features, a
regular pattern of association is evident between these classes and the social situation in which they
are uttered. The association is not arbitrary. It can be largely accounted for by the internal state of the
animals. Uniformly tonal sounds, for example, are given only by unaroused monkeys and are used in
situations of affinitive contact. On the other hand, uniformly atonal sounds are given by very agitated
animals and accompany aggressive threats. Within the broad framework of covariation of classes of
sound with internal state, there are opportunities for small differences between closely related vocal
patterns to be utilized socially. Evidence is presented that these opportunities are exploited in a num-
ber of ways ; for example, minor variations of vocalizations within a single class mirror fine nuances in
social usage. The acoustic nature of these minor signal variations can also be interpreted as graded
reflections of the physiological-emotional substrate of the vocalizing animal.

K1-4. Reflections on Recent Efforts to Teach Chimpanzee Language. DAviD MCNEILL, Uriversity
of Chicago, Chicago, Illinois 60637 —A review of two recent experiments in which chimpanzees have
been taught forms of human language supports the conclusion that chimpanzee shares with man a
number of basic linguistic and conceptual characteristics. In spite of these similarities, however, chim-
panzee has difficulty with those aspects of linguistic structure that encode conceptual relationships
(such as agent and action), and instead spontaneously adopts a novel form of syntax based on social
relationships (such as addressee and nonaddressee). [t is argued that this difference between man and
chimpanzee reflects a difference in species endowment, the two species having a syntax that encodes
distinctly different kinds of information, which can be traced to differences in life conditions. It is con-
ceivable that free ranging chimpanzees are already using a linguistic system organized along the lines
revealed in the experimental studies of language acquisition by chimpanzee.

28 NovEMBER 1972 SiLVER CHIMES EAsT,
Session K2. Speech Communication IIb : Communication in Cetacea

HarrY HOLLIEN, Chatrman

Communication Sciences Laboratory, Unzversity of Florida, Gainesville, Florida 32601

Invited Papers (times as indicated)
4:00

K2-1. Dolphin Communication. DAviD K. CALDWELL, Communicalion Sciences Laboratory, University
of Florida, Gainesville, Florida 32601.—A history of research and writing (the two not necessarily
synonymous) regarding dolphin communication will be presented along with a summary of the present

310  Volume 53 Number 1 1973

4:00 p.M.



TuEsDAY, 28 NOVEMBER 1972

84TH MEETING « ACOUSTICAL SOCIETY OF AMERICA

trends in thinking regarding this somewhat controversial topic. The primary emphasis will be placed
on the “vocal’ aspects of dolphin communication, but other methods of communication in this mam-
malian group will be outlined; i.e., such things to be discussed are non-"*vocal’’ sounds such as the jaw
clap and tail slap, body postures and positions, tactile contact, and pigmentation patterns. Signal de-
tection systems in the dolphin will be considered as they relate to the apparent signal emission systems.
Behavioral correlates will be outlined for many of these communication modes, and various experi-
ments described that bear on the matter of whether or not presumed communication modes are indeed
used for this purpose. Special attention in this regard will be given to the whistle component of the
communication process.

4:45

K2-2, Auditory Processing by Dolphins of Signals Related to Signature Whistles. HArry HoLLIEN
AND MELBA C. CALDWELL, Communication Sciences Laboratory, Universily of Florida, Gainesville,
Florida 32601.—1t is now well established (Caldwell and Caldwell, 1970) that one of the major forms—
if not the major form—of dolphin communication is the signature whistle. In an effort to obtain in-
formation concerning the types and levels of auditory discriminations dolphins must be able to make
if they are to pracess these calls, an extended series of related studies is being conducted. In the first
investigation, the research focus was on auditory pattern recognition within three domains: those of
frequency, time, and acoustic configuration. Specifically, a *‘master’ dolphin whistle was patterned
and synthesized—as were three other whistles varying only with respect to their frequency, temporal,
or spatial characteristics, respectively. Additionally, sets of synthesized whistles were obtained for
several equally spaced intermediate points along each of the three experimental continua; all signals
were generated through the courtesy of the Speech Transmission Laboratory, Royal Institute of
Technology, Stockholm, Sweden. For the three substudies, an experimental animal (an Atlantic
Bottlenose dolphin) was administered 50 trials (25 stimuli each) of the ‘‘master"” whistle and one of the
experimental stimuli. Following completion of this procedure, a second set of 50 trials would compare
the master whistle with another set of experimental signals; these sets were always ordered from the
most different comparisons to the least different within a substudy. Once all data were obtained from
one substudy (frequency, say), the whole procedure was replicated for the next. With one exception,
the experimental animal was able to discriminate between all stimuli—even those that were almost
identical. A discussion of these results and a review of the direction of subsequent research will be
provided. '

5:05

K2-3. A Comparison of Mysticete and Odontocete Cetacean Acoustic Signals and Their Behavioral
Consequences. Howarp E. WINN, Graduate School of Oceanography, University of Rhode Island,
Kingston, Rhode Island.—Qdontocete cetaceans produce echolocation elicks, whistles, cries, chirps,
and similar sounds. Mysticete cetaceans produce low-frequency moans, grunts, and thumps, and at
least one species produces cries and chirps. The production of clicks by mysticetes has been con-
troversial to date, but recent evidence suggests they emit pure frequency clicks up to 25 kHz. Mys-
ticetes do not produce whistles. The organization of sounds implies that odontocetes use the high-
frequency clicks for capture of individual prey (fish and squid). Mysticetes may or may not use their
clicks for feeding, but if so they may be used only to locate masses of plankton and fish—not in
locating single individuals. Again, the variety of signals produced by odontocetes in all seasons sug-
gests a more intricate soctal organization. The complicated song of the humpback whale, produced
only three months of the year, may have a wide variety of functions, but suggests a less complicated
social organization outside of this season. Some of the low-frequency sounds of this mysticete may be
needed for long-range communication, perhaps related to their extended migration.

Session L : Psychological Acoustics I: Masking and Loudness

CHARLES S. WATSON, Chairman
Central Institute for the Deaf, St. Louis, Missouri 63110

Contributed Papers (10 minutes)

BurcunDY East, 2:00 pP.M.

L1. Perception of Temporal Order for Tones. R. W. PETERs
anDp T. J. Woob, Institute of Speech and Hearing Sciences,
Undversity of North Carolina, Chapel Hill, North Carolina
27514.—Judgments of temporal order were obtained for
three successive pulses, 500-, 1000-, and 2000-Hz tones, for

various durations and intervals between pulses. The durations
were 20, 40, 80, and 160 msec and the intervals were 0, 40,
and 80 msec. Signal presentations were monaural with both
signals and the collection of responses under computer control.
The results indicated a bimodel distribution in that some
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individuals were often able to detect correct order even for the
shorter durations and intervals. More typical, however, were
responses that approached, but did not reach, complete
accuracy for the longer durations and intervals. In fact, at the
longest duration of 160 msec, most listeners only achieved
about 709, accuracy. The results will be discussed relative to
the interaction of pulse duration and interval as it relates to
judgments of order [This research was supported, in part, by
the University Research Council of the University of North
Carolina.]

L2, Models of Attention for Vibrotactile Stimuli. James C.
CRra1G, RICHARD M. SHIFFRIN, AND ELI COHEN, Department
of Psychology, Indiana University, Bloomington, Indiana
47401 —The study of summation for vibrotactile stimuli
between two loci on the skin has produced conflicting results.
Craig [Perception Psychophys. 4, 351-354 (1968)] found
evidence for such summation while Franzen, Markowitz,
and Swets [Perception Psychophys. 7, 193-196 (1970)] did
not. To account for their data, Franzen et al. proposed a single-
channel model of attention for weak vibrotactile stimuli.
The present experiment was designed to test models of
attention for the skin. Two conditions were used to evaluate
observer’s ability to detect near threshold vibrotactile stimuli.
In both conditions, a signal was presented at one of three
skin loci, the observer stating which locus received the stimu-
lus. In the simultaneous condition, there was a single observa-
tion interval during which a signal occurred at one of the
three loci. In the sequential condition, there were three
observation intervals presented successively with a signal
presented at one of the three loci during one of the three
observation intervals. Each observation interval was asso-
ciated with a particular locus. Theories postulating attentional
control predict performance to be inferior in the simultaneous
condition since that condition requires sharing of attention
among the three possible sources of tactile stimulation. The
data showed performance to be identical in the two conditions.
The results indicate that a single-channel model is not appro-
priate and, in addition, argue for an unlimited-capacity non-
attention model of tactile perceptual processing. [Research
supported by NIMH and NIH.]

L3. Temporal Modulation Transfer Functions for Audition.
NeaL F. VIEMEISTER, University of Minnesota, Minneapolis,
Minnesota 55455.—Systems analysis has been extensively
used to study the spatial and temporal processing of visual
inputs and recently has been applied to auditory filtering.
Two techniques are discussed in the present paper, which
extend this approach to auditory temporal processing. In
the “modulation-threshold” procedure, the threshold modu-
lation amplitude of a sinusoidally modulated waveform
(either sinusoids or noise) is determined. The function relat-
ing this threshold to modulation frequency is a temporal
modulation transfer function (TMTF) and ideally is the
attenuation characteristic of the temporal processing system.
TMTFs obtained with this procedure show only low-pass
filtering and are 3 dB down at approximately 10 Hz. In the
“‘temporal probe technique,” the threshold amplitude of a
brief probe (either a bandpass filtered or a wide-band pulse)
is determined at several temporal locations in a noise masker
whose amplitude is sinusoidally modulated. The function
relating probe amplitude to its time of occurrence (the masking
curve) can be well-fitted by a sinusoid with a dc component.
The amplitude spectrum (TMTF) and phase spectrum are
determined from masking curves obtained at several modula-
tion frequencies. The empirical TMTF indicates a shorter
time constant and steeper attenuation rates than those ob-
tained with the modulation-threshold procedure. [This re-
search was supported by the National Institutes of Health
and by a Special Traineeship from NINDS.]
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L4. Reaction Time as a Measure of Suprathreshold Masking.
R. N. LansoN, T. GARRETT, aND V. MaTsuo, Department of
Psychology, Queens College, Flushing, New Vork 11367 —
Reaction time (RT) to pure tones masked by white noise was
determined with two observers. At least five noise intensities,
covering a 0-80 dB SL range, were selected; the tone in-
tensity range was similarly divided. Seven tone frequencies
from 250 Hz to 8 kHz were investigated. Finger-withdrawal
RTs to tone onset were taken on 30 successive light-cued
trials at a given combination of frequency and tone and noise
intensities, presented monaurally. Noise was present con-
tinuously ; tone duration was 1 sec, and foreperiod was vari-
able. Data were obtained for intensity pairs yielding less than
1 sec RTs. Noise intensities were run in increasing order;
tone intensities varied randomly within a given noise level.
At equal signal-to-noise ratios for a given frequency, func-
tions relating RT to tone and noise intensity appeared similar.
Equal RT contours showed threshold shifts as a function of
noise intensity. Comparison of these results with threshold
masking data illustrated the use of RT as a measure of
suprathreshold masking.

LS. Predicting the Detectibility of Complex Signals. W. ]
Tanskr AND F. A. ANDREWS, Acoustics Group, The Catholic
University of America, Washington, D. C. 20017.—A series of
investigations have been conducted to determine to what
extent one may predict the aural detectibility of a complex
signal in a background of masking noise. Observers were tested
binaurally using the two-alternative forced-choice procedure
to obtain psychometric functions for simple signals. Modeling
the auditory system as an energy detector preceded by a set of
bandpass filters, and knowing the statistics of the masking
noise and signal plus noise distributions, one may determine
the difference distribution statistic upon which the auditory
system bases its decisions. The psychometric functions allow
one to determine the inefficiency factor for the auditory system
and, combining this knowledge with the difference distribution
statistics, it is possible to develop a procedure for predicting
the detectibility of various complex signals. The results of
tests with signals consisting of various combinations of tones
and noise will be compared with predictions. Limitations will
be discussed.

L6. Implications of Peripheral Frequency Selectivity for Non-
simultaneous Masking. H. Duirnuis, Institute for Perception
Research, Eindhoven the Netherlands.*—Frequency analysis
at the level of the VIIIth nerve is so sharp that onset and
offset effects in responses to short signals produce a non-
negligible extension of the signal duration. Therefore, excita-
tion patterns produced by signals that were separated in time,
can overlap. The overlap of excitation patterns can produce
masking, in simultaneous as well as in nonsimultaneous con-
ditions. It is suggested that this peripheral part of the masking
process can be held responsible for the major part of backward
masking and for a part of forward masking. We refer to the
above masking as fransient masking. The finding that back-
ward masking decreases with increasing probe frequency
favors this interpretation.

* Present address: Research Laboratory of Electronics,
MIT, Cambridge, Mass. 02139

L7. Aural Harmonics: Nonlinearity and Loudness. J.
Erpreicu anp T. D, Crack, Department of Otorhinolaryngo-
logy, Kresge Hearing Research Institute, Universuy of Mickigan
Medical School, Ann Arbor, Michigan 48104.—An inverse
relation between the loudness of a 1000-Hz pure tone and the
amplitude of the second aural harmonic it generates was
reported last year. To investigate more rigorously, normal
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listeners (N=12) produced individual absolute loudness
scales from ratio (doubling and halving) and equisection (five
points over each of three ranges) judgments. These scales have
been interrelated using Garner's [J. Acoust. Soc. Amer. 26,
73-88 (1954)] method of corrected ratios. Estimates of the
second and third aural harmonics of a 500-Hz pure tone were
made from tone-on-tone masking measurements. A compari-
son of the doubling and halving ratios will be discussed to-
gether with the shunting hypothesis: i.e., energy shunted
into harmonic production is subtracted from that available
for conversion into the magnitude of the loudness sensation.

L8. Differential Reinforcement of High Responding Rate
with Changes in Sound Intensity as the Reinforcer. ]J. A.
MoviNo, Institute for Basic Standards, National Bureau of
Standards, Washington, D. C. 20234 —Subjects (19 high school
students) worked on a modified DRH schedule by tapping
on a telegraph key to reduce the intensity of a continuous
acoustic stimulus. The stimuli were three pure tones (125,
1000, 8000 Hz) and a white noise presented diotically through
earphones. Every 20 responses falling within 200 msec of
each other produced a 1-dB decrement in stimulus intensity.
Failure to respond produced an intensity increase of 1 dB
every 4 sec. One of the stimuli was chosen at random for
each 10-min session until four sessions had been completed
with each stimulus. The starting intensity level was always
70-74 dB(A4). The average intensity curve as a function of
time stabilized after about 4 min. The asymptotic levels
achieved after 7 min were taken as a measure of equal averse-
ness for the stimuli. Equal averseness levels were compared
with other subjective weighting contours: equal loudness
level, dB(A4), and perceived noise level. The equal aversive-
ness levels fell between dB(A4) and the other contours.

L9. Loudness Evaluations of the Sound from an Electric
Clock. W. M. Viesrock* anp M. J. CrRocker, Rey W.
Herrick Laboratories, School of Mechanical Engineering,
Purdue University, West Lafayette, Indiana 47907.—The noise
from a consumer electric clock was studied to evaluate
loudness estimating procedures. Eight different clock noises
were tape recorded for presentation to a panel of peaple
for loudness judgments. An electronic switch enabled the
recorded clock noise and a 1000-Hz tone to be presented
alternately via earphones for %-sec durations with }-sec
silences in between signals. The person adjusted the 1000-Hz
tone to match the loudness of the clock noise providing a
correlation to the phon loudness scale. It was determined
that Steven's method generally underestimates the loudness
but is usually less than 10 dB in error. If ranking on a relative
loudness scale is all that is desired, dB(A) measurements will
suffice. [This work was supported by Westclox Division,
General Time Corporation, LaSalle, Illinois.]

* Present address: Lockheed Missile & Space Co., Sunny-
vale, Calif.

L10. Temporal Summation for Tones at Threshold. H. N.
WRIGHT, Depertment of Otolaryngology, State University of
New York, Upstate Medical Center, Syracuse, New York
13210.—The threshold for tones as a [unction of their dura-
tion (500, 200, 100, 30, 20, and 10 msec) was investigated
with the tracking method in a population of 50 normal-hearing
listeners (25 male, 25 female; 25 right ears, 25 left ears) at
nine frequencies from 125 through 8000 Hz under test-retest
conditions. The results indicate that temporal auditory sum-
mation, at least as measured with the tracking method,
conforms with theoretical expectations. There was no varia-
tion in the [unction with frequency, sex, or ear. When the
thresholds for individual listeners are normalized to the
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threshold for 20-msec tones, the variability both among and
within subjects is about the same at all frequencies for all
duration tones (standard deviation of 2 dB). These results
permit further investigation on the effect of other variables
(e.g., hearing impairment) on the threshold for tones as a func-
tion of their duration. [Supported by a PHS Research Grant
from NINDS.]

L11. Equal Loudness Pressures and the Normal Ear. Joun
A. VICTOREEN, Vicloreen Laboratory, Maitland, Florida
32751.—Measurements are presented to show equal-loudness
sound-pressure values for a number of ears. Observations are
given as average values for a number of ears that are useful
in defining how a “perfect average’ ear would be expected to
perform. Equal-loudness sound-pressure observations are
also given for several individual ears showing how supposedly
“normal" ears deviate from a “‘perfect average” normal ear.
Measurements were made by means of damped wavetrain
signals having a decrement of 0.90. Signals were applied to
the ear by means of a Sointrex HA10 circumaural earphone,
which was calibrated on a flat-plate coupler. A number of
conclusions are suggested which relate this type ol measure-
ment to the behavior of the average normal ear as a standard
of general comparison without attempting to define specific
numerical values.

L12, Measurement of Loudness Adaptation with a Monaural
Procedure. T. L. WiLEY, Department of Communicative Dis-
orders, The University of Wisconsin, Madison, Wisconsin
33706, AnD A. M. SMALL AND D. J. LILLY, Department of Speech
Pathology and Audiology, The University of Iowe, Iowa City,
Towa 52240 —Monaural loudness-adaptation measurements
were made at several suprathreshold levels for 500 and 4000
Hz with normal-hearing subjects. A unique procedure used
the subject as a null device and adaptively varied the signal
level over time until no change in loudness was indicated.
Constant-loudness functions (SPL with time) were derived
for each condition over a 30-sec interval. The results indicated
no monaural loudness adaptation. This generalization held
for all experimental conditions. These findings support similar
data obtained by other investigators using delayed-balance
procedures. It was concluded that the adaptation effects ob-
served in experiments using some type of simultaneous bi-
naural stimulation apparently are due to binaural interaction
and may reflect central as well as peripheral influences.

L13. A Timing Model for the Intensity and Frequency
Discrimination Functions. R. DuNcan Lucg, School of Social
Sciences, University of California, Irvine, Celifornia 92664,
AND Davip M. GREEN, Unsversity of California, San Diego,
La Jolla, California 92037 —For a pure-tone signal of in-
tensity I and frequency f<1000 Hz, we attempt to arrive
at the dependence of AT and Af on I and f. Single fiber neural
data for low frequency tones suggest that the pulse trains are
approximately renewal process with interarrival times of the
form IAT = I/f+X, where I is a geometrically distributed
random variable with parameter p and X is a bounded ran-
dom variable with E(X)=0 and V(X) proportional to 1/f.
Because the distribution of IA4Ts is almost perfectly multi-
madal, if the sample is reasonably large, it is usually possible
to determine the value of I for each TAT. Since E(IAT) =1/pf
and E(IAT/I)=1/f, p and f can be estimated from the sample
in the obvious way. Using a 4’ argument, we derive AP and Af
as functions of p and f. Assumptions are made relating p and
the sample size to I and f, and [rom these assumptions are
derived formulas relating AT and Af to I and f. These pre-
dictions are compared with the existing data. Various theo-
retical problems are pointed out. [This research was sup-
ported by a grant from National Science Foundation.]
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Session M. Psychological Acoustics I : Pitch, Protectors,
Perception, and Instruments

ArRNOLD M. SmaLL, JR., Chatrman

Department of Speech Pathology and Audiology, University of ITowa,
Towa City, Towa 52240

Contributed Papers (10 minutes)

MI1. Examples of Spectral Analysis Techniques for Analyzing
Speech and Hearing. CHarLES E. ScaMip, Honeywell Inc.,
Marine Systems Center, 5303 Shilshole Avenue N. W., Sealile,
Washington 98107.—VNarious stationary and nonstationary
spectral analysis methods are utilized to analyze two-channel
data obtained from the ear of an anesthetized guinea pig.
One channel was recorded from a microphone placed in front
of the ear, while the second was simultaneously taken from
an electrode on the round window of the cochlea. A stationary
white Gaussian acoustic source was used to obtain an estimate
to the transfer function of the ear. This was accomplished
through digital computer calculations of the auto and cross-
power spectral density functions, along with the coherency
function. Linear phase changes and resonances were observed
in the frequency regions exhibiting high coherency. A spoken
sentence was utilized as a nonstationary source. The balance
between {requency resolution and time definition is illustrated
on various displays of time-varying spectra. They include
two-dimensional, three-dimensional, and ordinary spectro-
gram types of displays.

M2. Can Amplitude Compression Secure a Distortionless
Amplification in Hearing Aids? IGor V. NABELEK, University
of Maryland, Speech and Hearing Science, College Park,
Maryland 20742——11 is generally believed that compression
can limit the power output of a hearing aid without adding
distortion to the signal. The occurrence of distortion is the
main objective against limitation of output by clipping.
However, similar distortion can occur also with amplifiers
with compression. If the compression reacts to the increase of
the input signal with a delay, during such a delay the gain
is not reduced, and two possibilities arise : either even a strong
signal is fully amplified and no protection occurs, or the
amplifier is overloaded and the signal distorted. In the later
case, compression reduces the time interval of distortion of
strong signals as compared to distortion durations without
compression. The duration of distortion can be reduced below
perceptable level by the use of a very short attack time.
Short release time also needed for short-term dynamic range
reduction can have some negative consequencies. Require-
ments on different parameters of compression for various con-
ditions of use will be discussed, and several examples of
responses of hearing aids with compression shown.

M3. A Modest Computer Psychoacoustic System. RICHARD A.
CameBeLL, Audiology and Speech Pathology, Veterans Ad-
minisiration Hospital, Miami, Florida 33125.—A psycho-
acoustic system, based on a minicomputer (Data General,
Nova 1200) is described in which the computer not only
controls attenuators and gates but also generates the sinu-
soidal stimuli by waveform reconstruction. Representative
harmonic distortion values for the octave frequencies 125-
8000 Hz (with a digital output rate of 32 000/sec, and eight-
bit conversion, and a 16 000-Hz low-pass filter) range from
0.08%, to 0.49%,, respectively. The psychophysical procedure
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used involves the random selection of stimulus frequency,
undefined random cbservation intervals, a yes—no response,
which is classified into one of eight categories (Hit, Miss, six
kinds of False Alarms) with six passible results of each on the
up—down adaptive method, on each trial. Despite the rather
complex procedure being utilized, use of the direct memory
access and interrupt capabilities of the computer result in the
processor being idle about 95%, of the time. The approach to
auditory stimulus generation taken in this system, which
minimizes the interfacing and programming attention re-
quired for basic stimulus generation, is seen as a powerful aid
to many kinds of psychoacoustic research.

M4. Beats of a Sinusoidally Amplitude-Modulated Signal
with a Tone near the Modulation Frequency. T. P. KERR,
Kresge Hearing Research Institute, University of Michigan,
Ann Arbor, Mickigan 483104, anp H. H. MikaELIAN, De-
partment of Psychology, University of Georgia, Athens, Georgia
30601.—The “residue pitch” produced by a train of dc¢ pulses
will not beat with a search tone of similar frequency (Schouten,
1938). These results have been interpreted to mean that
combination tones do not augment the residue pitch gener-
ated by low-amplitude periodic waveforms. This assumption
was reexamined for the case of a sinusoidally amplitude-
modulated (AM) signal synthesized from three inharmonic
components—2050, 2400, and 2750 Hz. Acoustic energy at
the modulation frequency (350 Hz) was 60 dB lower than
the 2400-Hz component. The modulated signal was presented
at 35, 45, 55, or 65 dB SPL, together with a 352-Hz search
tone. Subjects adjusted the search tone amplitude for “best
beats.” Two of the five subjects could detect beating at 350
Hz when the AM signal was less than 35 dB above threshold.
When the search tone was set to 35 dB SL and above, all
subjects heard a periodic sweeping piéch, located in the same
approximate spectral region as the AM primary tones. This
phenomenon, not previously described, will be discussed in
relation to residue and place theories of pitch. [Experiments
performed at Submarine Medical Research Laboratories,
Groton, Connecticut, under ONR Contract with Connecticut
College.]

MS. Effects of Partial Hamming Funection Modulation of
Tone Bursts. ROBERT B. MAHAFFEY, Insiitute of Speeck and
Hearing Sciences, University of North Carolina, Chapel Hill,
Nortk Carolina 27514.—Some perceptual effects of Hamming
function modulation of pure-tone bursts of short duration
were presented at an earlier ASA meeting [Spring 1967].
In the present studies, subjects’ pitch percepts were measured
and thresholds were obtained for tone bursts having contours
of the following descriptions: (1) full Hamming function
modulation; (2) full rectangular function modulation; (3)
first haf—Hamming function modulation, last half—rectangu-
lar function modulation; and (4) first half—rectangular func-
tion modulation, last half—Hamming function modulation.
The full-cycle Hamming function bursts provided the least
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variance in pitch perception measurements and the highest
thresholds. The rectangularly modulated tone bursts afforded
the greatest variances in pitch measurements and the lowest
thresholds. The effect to tone bursts having contours beginning
as Hamming functions and ending as rectangular functions
approached those of the full Hamming function modulations,
whereas the effects to the tone bursts having contours begin-
ning as rectangular functions and ending as Hamming func-
tions approached those of the rectangular bursts. On the basis
of preliminary data from hearing-impaired patients, clinical
implications are cited relative to the threshold shifts obtained
with Hamming function bursts as a function of burst dura-
tion and of tone frequency.

MS6. The Pattern-Transformation Model of Pitch. FREDERIC
L. WIGHTMAN, Institute for Perception—TNO, Soesterberg,
Netherlands.—This report describes a new approach to pitch
perception, based on a kind of auditory pattern recognition.
The general approach is formalized in a mathematical model,
the "'pattern-transformation model.” In the first stage of this
model, an acoustic stimulus is assumed to be “‘transformed"’
by the sense organ into what is called a neural activity pattern.
This pattern is thought to represent roughly the power spec-
trum of the waveform. Thus, the model is phase insensitive;
the temporal fine structure of the stimulus waveform is
ignored. The first-stage pattern (power spectrum) is then
assumed to be Fourier transformed (neurally) into another
pattern of neural activity. This second pattern roughly repre-
sents the autocorrelation function of the stimulus. Pitch is
derived from the positions of maximal activity in this pattern.
From preliminary tests, it appears that the model can accu-
rately predict the pitches of many types of acoustic stimuli.
In addition, the model provides numerical estimates of pitch
"strength" and “ambiguity.” While experimental confirma-
tion of these predictions is lacking, the strength estimates
agree at least qualitatively with available data. [Research
supported by a National Science Foundation Postdoctoral
Fellowship awarded to the author and the Institute for
Perception—TNO, Netherlands.]

M7. Prediction of Cubic Difference Tones from a Model of
Pitch Perception. A. RAVINDRAN AND IAN B. TuoMAs, Elec-
trical Engineering Department, University of Massachuselts,
Ambherst, Massachuselts 01002—Using a model of pitch per-
ception already shown to give accurate predictions of residue
pitches and difference tones [83rd Meeting, J. Acoust. Soc.
Amer. 52, 141(A) (1972)], we have been able to predict
cubic difference tones for frequency ratios of the primary
tones from 1.167 to 1.500. The model involves the determina-
tion of axis crossing intervals of the stimulus at an appro-
priate basilar membrane (BM) location through Flanagan's
BM transfer function, taking into account both amplitude
and phase changes. The model notes and marks the time of
significant differences in adjacent axis crossing intervals of
the signal at the appropriate BM location. Time intervals
corresponding to cubic difference tones are found between
these time marks. In almost all cases investigated, the axis
crossing intervals must be determined at a BM location cor-
responding to the lower primary frequency. Contrary to our
earlier statement, the prediction of cubic difference tones from
this model is achieved without any assumption of nonlinear
distortion mechanisms. [Work supported by NIH.]

MB8. The Reliability and Validity of In-Ear Microphone
Measurements of Ear Protective Devices. TaoMAS L.. NICcHOLS
AND J. BRADLEY SWANSON, Pioneering Research Laboratery,
U. S. Army Nalick Laboratories, Natick, Massachuseits
01760.—A miniature microphone was placed in a subject's
ear after the method described by Brammer and Piercy [J.
Acoust. Soc. Amer. 52, 1972 180], and its output fed to a
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spectrum analyzer set to a bandwidth of 100 Hz. The subjects
were seated in a semireverberant room into which a white
noise held at 95 dB SPL was introduced. The attenuation of
three ear covering devices was measured by subtracting the
spectrum obtained with the ear cover in place from the spec-
trum obtained with the subject’s ears bare. The repeatability
of measurements was examined with both small changes in
microphone and ear cover placement. Microphone placement
proved to be more critical, although correlation coefficients
between measures across days averaged 0.88. Differences
between runs measured at selected frequencies between 250
Hz and 7 kHz, generally fell within a range of +3 dB. Validity
was estimated by comparing the microphone data with
psychophysical data gathered earlier. The former tended to
indicate more attenuation than the latter, though the cor-
respondence between the two was encouraging.

M9. Evaluation of Two Nonlinear Ear Protectors Using a
Constant Temporary Threshold Shift Technique. W. D.
WARD AND A. LUPBERGER, Hearing Research Laboratory,
University of Minnesota, Minneapolis, Minnesota 55455.—
Ordinary approved methods for assessing the performance of
ear protectors are not appropriate for testing nonlinear devices
whose reduction of impulse noise is achieved by peak clipping.
Instead, the effective protection can be estimated by determin-
ing how much more intense a series of pulses must be with the
protector in place in order to produce a given temporary
threshold shift (TTS). Such tests were made on two commer-
cially available nonlinear devices, using five test subjects. The
median effective protection against a_155-dB impulse was
about 13 dB for both devices; however, one of these (a com-
plicated mechanism incorporating a valve that is allegedly
closed by the force of the impulse) is five times as expensive
as the other (an ordinary V51-R-type plug with a metal in-
sert through which a 1/40-in. hole has been drilled). The
results are shown to agree with measurements of peak re-
duction using cadaver ears.

M10. High Noise Reduction Ear Enclosures. C. H. ALLEN
AND C. 1. MAaLME, Bolt Beranek and Newman Inc., Cambridge,
Massachusetts 02138.—Personnel associated with operation
and maintenance of combat vehicles and military aircraft
are subject to noise environments so severe that the available
ear protective devices do not provide adequate noise reduction.
A study and development program has been conducted to
improve available noise reduction by (1) design of an ear
enclosure cushion to provide a better seal at low frequencies;
(2) provision of a secondary seal inside the earcup between the
communications earphone and the ear canal, and (3) utiliza-
tion of electronic noise cancellation to improve further the
noise reduction at low frequencies. The design evolved from
this study features a low-profile ear enclosure in which the
earcup and cushion form a smooth continuous shell that is
curved inward to rest behind the pinna. The cushion is fab-
ricated from material which has frequency-dependent visco-
elastic properties. It is compliant at low frequencies to pro-
vide a good seal, but stiff at autio frequencies to act as an
extension of the earcup wall. The design requirements that
have been met provide for better than 20 dB noise reduction
at low frequencies and better than 45 dB at high frequencies.
[Supported by the U. S. Army, under contract.]

M11. Noise and Pure-Tone Attenuation of Hearing Pro-
tectors. D. F. BoLka AND P. L. MICHAEL, Environmental
Acoustics Labavatory, The Pemnsylvania State Universily,
University Park, Pennsylvania 16802.—The acoustic attenua-
tion characteristics of iive ear muffs and four ear plugs were
measured. Ten experienced listeners performed threshold
shift determinations using pulsed pure tones and }-oct bands
of noise at 0° and 90° incidence in anechoic conditions and
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the same bands of noise in semireverberant conditions. Sound
field diffuseness was determined by a directional microphone
technique and subjectively. Ear muff attenuation at 1 and
4 kHz was significantly lower (p <0.05) for the noise bands in
diffuse field than for frontal incidence pure tones in free field.
This difference was not observed for ear plugs. The subjects
agreed that threshold determinations were no more difficult
with noise bands in diffuse field than with pure tones in free
field; variability was somewhat lower for the noise band
stimuli. Physical measurements of ear-muff attenuation on an
“artificial head” test fixture exhibited statistically significant
rank correlation with diffuse field subjective measurements
at test frequencies of 2 kHz and below, although absolute
attenuation values showed only fair agreement. The diffuse
field subjective 'method and the “artificial head”’ method are
being recommended for ANSI standardization. [This re-
search was sponsored by DHEW, Public Health Service.]

M12. Temporal Order Discrimination: Recognition without
Identification by Untrained Subjects. RicHARD M. WARREN,
Department of Psychology, University of Wisconsin— Milwaukee,
Milwaukee, Wisconsin 53201 —FEarlier work with unpracticed
subjects has indicated that identification (naming) of tem-
poral order for repeated sequences consisting of three or four
successive sounds such as hisses, tones, and buzzes could not
be accomplished at item durations of 200 msec and below
[see Warren et al., Science 164, 586-587 (1969)]. In the present
experiment, eight separate groups of 30 subjects were required
to tell whether alternating sequences, each consisting of a
reiterated presentation of the same three or four successive
items, had these items in the same or different order. Identifi-
cation of these orders was not required. Accuracy of same/
different judgments depended upon details of the experimental
procedure employed, but in general was significantly better
than chance when all items lasted 200 msec. Extending the
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duration of each item in one of the two sequences beyond
200 msec made the task more difficult. When one sequence
had items at 200 msec and the other at 670 msec, same/
different judgments were at chance level. It appears that if
identification of orders cannot be accomplished, then recogni-
tion of the identity of or difference between patterns requires
a prior “temporal template” for comparison of both duration
and order. [Research supported by NSF.]

M13. Temporal Order Discrimination: Identification and
Recognition by Trained Listeners. RicHARD M. WARREN,
Department of Psychology, University of Wisconsin— Milwaukee,
Milwaukee, Wisconsin 53201 —Four trained subjects listened
to successive sequence bursts, each burst consisting of three
component items (filtered 1000-Hz square wave; noise band,
2500-Hz tone) repeated several times without pauses between
items, until they decided whether alternate bursts had these
items in the same or different order. Prior training consisted
of listening to known same or different sample sets as requested
by the subject until he indicated readiness to receive these
sets as unknowns. Same/different recognition was signifi-
cantly above chance for at least hall of the subjects at each
of three interburst intervals (50 msec, 1.5 sec, 3 sec) for item
durations from 5 through 400 msec. With items shorter than
100 msec, the order could not be identified, and judgments
were based on pattern ‘‘quality.” In separate experiments
with single stimulus bursts, four listeners were trained by
receiving immediate feedback concerning their accuracy in
identifying (naming) order. For two item sequences (square
wave and noise), correct identification was obtained for item
durations from 5 through 400 msec. When these stimulus
pairs were preceded and followed by a tone of the same dura-
tion as the test items, accurate identification was obtained
for item durations from 10 through 400 msec. [Research sup-
ported by NSF.]

EmpPIRE RooM, 9:00 A.M.

Session N. Motor Vehicle Noise

DoucrLAas MUSTER, Chatrman
University of Houston, Houston, Texas 77004

Invited Papers (30 minutes)

N1. Motor Vehicle Noise Spectra, Their Characteristics and Dependence upon Operating Parameters.
RavpH K. HiLLQuist, General Motors Proving Ground, Milford, Michigan 48024, AND WiLLIAM N.
Scotr, Chrysler Corporation, Detroit, Michigan 48231.—Present highway moter vehicle noise levels
are presented as a function of operating condition (idle, steady speed, normal acceleration, and
coast). The variables that affect vehicle noise level, such as speed, throttle, road, location, and
weather are considered. The spectral composition of motor vehicle noise is indicated, .and, where
possible, the prevalence and distribution of these levels is stated. The data represent both interior and
exterior noise of such highway vehicles as trucks, buses, automaobiles, and motorcycles. Some noise
abatement approaches are discussed, including an order of priority for vehicle noise limitation, a ra-
tionale for light-vehicle maximum noise level, highway considerations, and operator responsibility.

N2. Internal-Combustion Engine Induction and Exhaust System Noise. EricH K. BENDER, Bolt
Beranek and Newman Inc., Cambridge, Massachusetts 02138, AND ANTHONY J. BRAMMER, National
Research Council of Canada, Ottawa, K14, 0S1 Canada.—The importance of induction and exhaust
systems on community and passenger noise exposure and engine performance are introduced. Dis-
cussion is given of the types of engines and induction/exhaust systems they use. They include natur-
ally aspirated two- and four-stroke engines, supercharging, turbocharging, and a special discussion
on the similarities and differences between the Wankel engine, rotary engine, and others. The effects of
mufflers on engine performance and their noise reduction capabilities are discussed.
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N3. Noise Radiation from Engine and Drive Train. A. J. BRAMMER, National Research Council of
Canada, Ottiawa, K14 0S1, Canada, AND DoucLas MUSTER, University of Houston, Department
of Mechanical Engineering, Houston, Texas 77004.—The rapid pressure rise within the cylinder ac-
companymg spontaneous ignition of the fuel generates the characteristic “‘knock’ produced by diesel
engines. Noise is radiated primarily by nonstructural parts of engines such as the oil pan and valve
covers, or by the crankcase. In contrast, the rate of change of pressure within the cylinders of spark-
tgnition engines is relatively slow, owing to combustion being nucleated at a point, and results in less
radiation, especially at high frequencies. In air-cooled engines, the absence of a water jacket often
results in additional radiation from the cylinder cooling fins. Other sources of importance in some
engines are those with a mechanical origin such as piston slap or gear meshing. The significance of the
contribution of these and other sources to the overall noise produced by vehicles will be indicated.

N4. Aerodynamic Noise from Vehicles. RoOBERT C. CHANAUD, University of Colorado, Department of
Civil and Environmental Engineering, Boulder, Colorado 80303, AND DoucLAs MUSTER, University of
Houston, Department of Mechanical Engineering, Houston, Texas 77004.—The sources of vehicle noise
and their importance relative to aerodynamic noise is given. Using the theory of Lighthill, a summary
is given of aerodynamic noise theory and experiment. Following a review of the literature on axial and
propeller fan noise and on vehicle cooling fan noise, the present state of the art is described, including
present noise reduction approaches. The role of aerodynamic noise in internal and external noise
spectra is described. An assessment is made of the present state of knowledge and trends in vehicle
design. Recommendations are made for future areas of research.

N5. Tire-Road Interaction Noise. WiLLIAM A. LEASURE, JR., National Bureau of Standards, Washing-
ton, D. C. 20234, EricH K. BENDER, Bolt Beranek and Newman Inc., Cambridge, Massachuselts 02138,
AND ROBERT H. BOLLINGER, Ford Motor Company, Dearborn, Michigan 48128.—The relative impor-
tance of tire noise to overall vehicle noise is established. A general discussion is given of the consider-
ations of the tire engineering process and design procedure followed in the manufacture of a tire. The
important parameters influencing tire noise are discussed based on the physical data base as it exists
today and unknown and contradictory areas are identified. The basic mechanisms of tire-noise gener-
ation, although not well defined, are investigated from a theoretical viewpoint. Areas for future
research and development are identified based on gaps in the existing physical data base.

N6. Motor Vehicle Noise Bibliography. DoucLAs MUSTER, University of Houston, Department of
Mechanwal Engineering, Houston, Texes 77004.—The manner in which the bibliography can be used
is described. Commentaries are made on some of the most important recent publications.

WEDNESDAY, 29 NOVEMBER 1972 EL Dorapo WEst, 9:00 A.M.
Session O. Physical Acoustics II: Ultrasonic Energy and Power Measurements I

Joun E. May, Chairman
Bell Laboratories, North Andover, Massachusetts 01845

9:00

Introduction

Ol. Overview of the Two Special Sessions on Ultrasonic Energy and Power Measurements. W. D.
O’BRIEN, JR., Division of Biological Effects, Bureau of Radiological Health, Food and Drug Administra-
tion, Rockyille, Marylend 20852.—The applications and uses of ultrasonic energy in the clinical practice
of medicine, in industry, and in consumer products are increasing at an accelerated rate. Thus, it is
essential, in many cases, that both the manufacturer and user have the knowledge and capability to
measure accurately, reproducibly, and easily, both spatially and temporally the intensity (W/cm?),
power (W) and/or energy (J) of the ultrasonic field. The purpose of the two special sessions on energy
and power measurements of ultrasound is to present and discuss the radiation force, optical, calori-
metric, and piezoelectric methods for measuring ultrasonic field parameters in an agueous medium.
Each method will be introduced with a tutorial talk describing the particular physical phenomenon
which is being used to examine the ultrasonic field. This will be followed by a panel discussion of
specific problem areas, during which time audience interaction will be encouraged. The principal ultra-
sonic frequency range to be discussed is 100 kHz to 30 MHz (c=21500 m/sec). Both continuous and
pulsed wave modalities will be considered. As guide-lines, the typical continuous wave intensity range
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is several hundred uW/cm? to tens of W/cm?2 For pulsed ultrasonic waves, duty cycles as low as
0.05%, pulsewidths as narrow as a couple of cycles and with peak intensity range a few mW/cm? to
hundreds of W/cm? are considered.

9:10
Calorimetric Method Tutorial Paper

02. On The Calorimetric Determination of Ultrasonic Intensities. ADNAN SokoLLu, Case Western
Reserve University, Cleveland, Ohio 44106 —The rate of energy flux in an ultrasonic beam, propaga-
ting in a Auid medium, may be expressed for a single frequency and longitudinal oscillation by

1 (T
Ey= 7[0 Apudt,

where T is the period of oscillations, A the cross section of the beam, p the instantaneous value of
pressure oscillations, and « represents particle velocities causing the pressure oscillations. This is the
basic equation with which, at the turn of the century, Lord Rayleigh calculated acoustic intensities in
gases. Almost half a century later, Langevin was first to measure ultrasonic intensities in liquids by
evaluating radiation pressures created by these intensities. A simple theoretical basis to these evalua-
tions was already established two decades prior to his experiments. Further theories were later de-
veloped to express more closely the relationship between the radiation pressure and sonic intensities.
The complexity of wave propagation phenomena in real media, however, has been preventive in
establishing an exact theory, especially in cases of intense or pulsed radiations. Therefore, there is a
serious need for alternative methods to determine sonic intensities without resorting to debatable
postulations. Only after compilation of reliable data will it be possible, through these methods, to
validate or modify the existing theories. The only reliable method, which can avoid debatable as-
sumptions, appears to be the conversion of sonic energy into heat. The heat-conversion method is one
of the oldest known to physics in terms of determining a multitude of radional energies. The so-called
bolometers or radiometers were the standard instruments used in evaluating heat or light radiation
more than a century ago. The purpose of this paper is to review various kinds of calorimetric methods
and explore their feasibility to ultrasonic power measurements. Thus we hope to revive and perfect
at least one of these classical methods as a primary standard toward the evaluation of newly estab-
lished methods and theories.

9:40
Calorimetric Method Panel Discussion

K. L. CHURNEY  National Bureau of Standards, Washington, D. C. 20234

F. DunN Bioacoustics Research Laboratory, University of Illinois, Urbana, Iilinois 61801
J. B. Ponp Physics Department, Kingston Polytechnic, Kingston upon Thames, United Kingdom
10:40

Piezoelectric Method Tutorial Paper

043. Piezoelectric Transducers for Measurement of Ultrasonic Pressure. D. BERLINCOURT, Channel
Products, Inc., Newbury, Ohio 44065 —The fundamental physical concepts of piezoelectricity are
reviewed in some detail with emphasis on application to measurement of ultrasonic pressure. The
physical constants of a variety of piezoelectric materials are given and discussed. These data are
related to mechanical and electrical matching requirements and some recommendations are given.
Various configurations for piezoelectric microphones are discussed with reference to frequency and
the properties of the acoustical medium. Linearity of the ferroelectric (piezoelectric) ceramic materials
is discussed briefly. Limitations with respect 1o static pressure and temperature are also considered.

11:20
Piezoelectric Method Panel Discussion

R. J. BoBBER Underwater Sound Reference Division, Naval Research Laboratory, Orlando, Florida
328006

R. C. EGGLETON Indiana University School of Medicine and Interscience Research, Institute of the
Indianapolis Center for Advanced Research, Indianapolis, Indiana 46202

F. J. Fry Indiana University School of Medicine and Interscience Research, Institute of the
Indianapolis Center for Advanced Research, Indianapolis, Indiana 46202
J. R. REmp Providence Hospital, Seattle, Washington 98122
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Session P. Architectural Acoustics IT: Application of Correlation Techniques
to Measurement in Building Acoustics

Lupwic W. SEPMEYER, Chairman
1862 Comstock Avenue, Los Angeles, California 90025

All questions will be held until the end of the normal presentations. A freewheeling
discussion is then anticipated among the panelists (authors), other experts, and novices
in the audience.

Invited Papers (30 minutes)

P1. Application of Correlation and Fourier Transform Techniques in Architectural and Building
Acoustics. J. TicHY, Pennsylvania State University, University Park, Pennsylvania 16802 —This paper
presents a historical review, summary, and discussion of existing problems of application of auto-
correlation techniques and Fourier transform to measurements in architectural and building acoustics.
Existing problems of sound field enclosures will also be discussed.

P2. TM Spectra: A Measure of Diffuseness of Reverberant Sound? Davip LuBmaN, D. Lubman &
Associates, 23727 Crosson Drive, Woodland Hills, California 91364.—Diffuseness of reverberant sound
is a sine qua mon for accurate reverberation room measurement of sound absorption, power, and
transmission loss. Most authorities regard it as important for the concert hall as well. And yet,
technique for the measurement of diffuseness is not well developed. In this connection, the recently
proposed technique of TM (traversing microphone) spectroscopy shows promise. The technique ex-
ploits information on diffuseness contained in the spatial correlation function of instantaneous sound
pressure. Mathematically, the TM spectrum is the Fourier transform of the spatial correlation function.
Physically, it can be interpreted as the power spectrum obtained at the terminals of a small micro-
phone traversing the room at constant speed. For an ideally diffuse field of narrow bandwidth, the
TM spectrum is, conveniently, a perfect rectangle. For a less diffuse field, deviations from the rec-
tangular shape will occur. Supporting experimental and analytical results are shown. The limitations
and promise of this new technique are discussed. [ This work supported by the Office of Naval Re-
search, Code 468.]

P3. A Linear System Approach to Room Acoustics. NorMaN C. MarTIN AND BiLL D. Cook, Cullen
College of Engineering, University of Houston, Houston, Texas 77004.— Taking the variables that effect
the propagation of sound in a room, such as properties of the room confines, objects in the room, air
absorption, etc., and assuming they are linear operators, we can formulate a linear system approach
to room acoustics. Given the impulse response of a linear system, it is possible to find by analysis all
the properties of the system, whether in the time domain or frequency domain. In relation to any
two fixed points in a room, one for source input and the other for received signal pickup, by use of the
principles of correlation, a method is available to derive the impulse response of the room. (This is one
of several methods, but it is straightforward and successful in practical applications.) It follows that
by experimentally determining the impulse response function of the system considered one can obtain
in situ values of transmission and reflection coefficients, energy decay rates, and parameters required
for prediction of sound levels from multiple coherent sound sources. Use is made of the correlation
function a second time to generate standard acoustic quantities from the available impulse re-
sponse function. [Supported in part by two grants from NASA.]

P4. Combining Fourier and Correlation Techniques to Measure Acoustical Parameters. P. D.
SCHOMER, Environmental Engineering Branch, Construction Engineering Research Laboratory of the
Corps of Engineers, Champaign, Illinois 61820.—The basic means of measuring an impulse response
by employing correfation techniques and of extending this response into the frequency domain by
utilizing Fourier techniques is reviewed. Particular attention is given to the problems inherent in this
form of measurement. These problems include proper utilization and interpretation of the discrete
Fourier transform, proper attention to Aanking paths, and proper attention to what may be termed
the acoustic version of the uncertainty principal. The ramifications of this uncertainty principal to
other measurement methods are also considered. Sample results of recent laboratory and ¢n situ trans-
mission loss measurements are presented.

P5. Time Delay Spectrometry. R. C. HEVSER, Bioscience and Planetology Section, Jet Propulsion
Laboratory, Pasadena, California 91103.—Human experience in the interpretation of sound strongly
supports the concept of a time-dependent frequency spectrum. Acoustical testing of architectural
structures must therefore be brought into alignment with joint time-frequency considerations to
bridge the gap between subjective and objective performance assessment. Time delay spectrometry
(TDS) is a method of measurement which directly yields the time-dependent frequency spectrum.
This is done by transforming normal acoustic variables to a joint time-frequency coordinate system.
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By this means, acoustical properties that overlap in a pure-time or frequency domain measurement,
as for example frequency-dependent multiple reflections, may be separated for analysis. Following
separation of the signal of interest, the result is then transformed back to either the time or frequency
representation for conventional evaluation, but with the difference that unwanted signals have been
suppressed. Time delay spectrometry is a continuous coherent process that operates on a real-time
basis allowing evaluation of system parameters in situ. The data obtained includes the complete
response, both amplitude and phase, for either time or frequency. Measurements possible with TDS
include direct and early sound anechoic spectra in a normally reverberant environment, reverberant
energy as a continuous function of frequency and time, and joint time and frequency-dependent

sound propagation through partitions.
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Session Q. Speech Communication III: Speech Processing and Transmission

DoucrLas L. HocanN, Chairman

National Security Agency, Fort George G. Meade, Maryland 20755

Contributed Papers (7 minutes)

Ql. Techniques for Processing EMG Signals. D. K. Porr,
Haskins Laboratories, 270 Crown Street, New Haven, Connecticut
06510.—Analysis of electromygraphic activity is potentially
a fruitful technique for investigating speech production.
However, the EMG signal picked up by bipolar wire elec-
trodes is weak and inherently variable and must be carefully
handled. At Haskins Laboratories a computer processing
system was developed to analyze simultaneously up to eight
EMG channels of data. This system allows for identifying,
sampling, and digitally averaging EMG signals for a set of
utterances of the same type. Integration of the EMG signals,
both in the hardware and software, has been recently revised
and its importance to the interpretation of EMG signals will
be discussed. The relationship between an averaged EMG
signal and the individual utterances in the sample will be
discussed in the context of editing and display capabilities.
Further, an experiment involving multiple placement of
electrodes in both muscles of a bilateral pair has been con-
ducted. Computation of correlation coefhicients for utterances
across the multiple electrode placements shows that one
electrode can provide EMG activity representative of activity
in the entire muscle. This is true for both individual utterances
and for the average of a set of utterances. [ This research was
partially supported by the National Institute of Dental
Research.]

Q2. Computer-Assisted Measurement System for X-ray
Films of the Vocal Tract. P. MERMELSTEIN AND D. ].
MACLEAN, Bell Laboratories, Murray Hill, New Jersey 07974.—
Measurements on sagittal x rays of the vocal tract may be
made directly in terms of the variables of an articulatory
model by superimposing a computer-generated vocal-tract
outline onto the x-ray image. Previous methods require an
operator to trace a pen or pointer coupled to a recording device
along the outlines of the projected image. The new system
uses two video signals, one derived from a television camera
scanning the projected x-ray image, the second from data in
a computer display buffer. The computer display is modified
through adjustment of control potentiometers assigned to
the model variables. Convergence to a match between the two
images is found to be substantially quicker and easier task
than manually tracing the image outline.
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Q3. Intermodulation Distortion Produced by Center Clipping.
O. M. M. MiTcHELL AND G. H. YATES, Bell Telephone Labora-
tories, Incorporated, Holmdel, New Jersey 07733.—Recently,
center clipping has been used in a number of speech processing
systems [O. M. M. Mitchell and D. A. Berkley, ]J. Acoust.
Soc. Amer. 47, 84 (1970); O. M. M. Mitchell and D. A.
Berkley, Bell System Tech. J. 50, 1619-1630 (1971)]. In
this paper, we apply Bennett’s double Fourier series technique
[H. E. Rowe, Signals and Noise in Communication Systems
(Van Nostrand, Princeton, N. J., 1965)] to obtain integral ex-
pressions for the distortion products of two center clipping
transfer functions for the case of two simultaneous sinusoidal
inputs at arbitrary frequencies. Results of numerical solutions
are presented for six clipping levels and six values of relative
amplitude of the two sinusoidal inputs.

Q4. Low Bit-Rate Coding from the Autocorrelation Method
of Linear Prediction. J]. D. Marker anp A. H. Gray, Jr,,
Speech Communications Research Laboratory, Inc. (SCRL),
Santa Barbara, California 93101.—The term “autocorrelation
method’’ encompasses the inverse filter, maximum likelihood,
and PARCOR method. This method has a significant compu-
tational advantage over Atal's covariance method since the
analysis does not require polynominal root testing programs
and associated modifications, and is thus much easier to
implement. Informal listening tests indicate that for low bit-
rate coding, the resulting synthetic speech is very similar
for both methods with fixed frame analysis. Directly from the
autocorrelation equation solution, the filter parameters,
k parameters (also referred to as reflection coefficients and
PARCOR parameters) are obtained, along with the synthe-
sizer gain parameter. Low bit-rate coding based upon the %
parameters has been obtained by performing the following
steps: (1) prefilter sharply at the half-sampling frequency;
(2) prewhiten and Hamm before analysis; (3) transform the
parameter values to [ —0.7, 0.7]; (4) quantize with rounding;
and (5) interpolate synthesis parameters pitch synchronously.
These operations are all very fast and easily implemented.
Good quality synthesis over a 3200-Hz input bandwidth is
obtainable with {k BITS, ¢=0.1,---7}=1{6,6,3,--,3}.
Examples coded at 2100 and 1400 bits/sec (50-and 33-H:z
frame rates, respectively) are presented.
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Q5. The Application of Dither to the Quantization of Speech
Signals. L. R. RABINER, N. S. JAYANT, AND J. A. JOHNSON,
Bell Telephone Laboratories, Murray Hill, New Jersey 07974.—
By adding a pseudorandom ‘“‘dither’ noise to a signal X that
is to be quantized, and by subtracting an identical noise
sequence from the quantizer output, it is possible to break
up undesirable signal-dependent patterns in the quantization
error sequence, without increasing the variance of the error E.
The idea has been widely discussed in the context of picture
coding, and it is the purpose of this talk to demonstrate appli-
cation of the technique to the quantization of speech signals.
Computer simulations have shown how the use of dither
whitens the quantization error sequence in PCM encoding,
and renders it more acceptable than signal-correlated errors
of equal variance. We demonstrate, for conditions of dither
and no dither, typical speech recordings, illustrative error
waveforms, and data on signal-to-error correlation C; and
indicate how the advantage of dithering increases monotoni-
cally with crudeness of signal quantization and becomes
significant when the number of bits per sample is less than
about six. An experimental evaluation of the perceptual
effects of dither on speech has shown (a) strong preferences
for dithered speech over straight PCM encoding at identical
bit rates; (b) an increase in word intelligibility for dithered
speech over PCM speech when 4-6 bits/sample were used;
and (c) a decrease in word intelligibility for dithered speech
over PCM speech when 2-3 bits/sample were used. The
above results imply that dithering is most advantageous for
speech quantized in the 4-6 bits/sample range.

Q6. Adaptive Quantization in Differential PCM Coders.
P. CuMmMISKEY AND ]. L. FLANAGAN, Bell Laboratories, Murray
Hill, New Jersey 07974—A differential PCM coder is de-
scribed in which the quantizer is automatically adapted to
the error variance. The transmitted bit stream is examined by
digital logic which in turn adjusts the quantizer step size to
reduce slope overload and granular distortion. For a given
bit rate, increased quality over PCM and DPCM coding
results. The receiver incorporates adaptation logic identical
to that of the transmitter, and reconstructs a signal estimate
similar to that made by the transmitter. Digital hardware
implementation of the coder is described, and transmission
performance at rates of 18, 24, and 32 kilobits/sec is
demonstrated.

Q7. Some Baseband Speech Processing Experiments. D. C.
COULTER, Communications Sciences Division, Naval Research
Laboratory, Washington, D. C. 20390.—Work with a voice-
excited formant vocoder has led to experiments on several
other methods of processing speech. These methods make
use of the baseband and some of the same types of information
which are normally derived by a formant vocoder, such as
front-back vowel detection and voice—voiceless discrimination,
but applied in a manner different from a normal formant
vocoder. The systems so far tested are characterized by trans-
mission of the baseband in unprocessed form and the regenera-
tion of higher frequency information by deriving it from the
baseband or simple parameters. While these systems do not
yield high quality speech, the intelligibility may be high
enough for certain limited applications. Tape recordings of
these systems will be presented.

Q8. Signal Processing Techniques Based upon a Wave
Packet Representation. D. L. RET2, Computer Systems Labora-
tory, University of California, Santa Barbara, California.—The
method of performing a time-domain approximation of the
speech wave in terms of a linear combination of Gaussian
wave packets is evaluated as a signal processing tool. This
set of functions is used because of their ease of extraction from
the original signal and their versatility. The parameters
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defining the set of functions are determined from the times
and magnitudes of extrema in the band-limited signal. Because
the wave packets used to represent the signal are analytically
transformable to the frequency domain, various character-
istics, such as the Fourier spectrum and the autocorrelation
function, may be evaluated directly from the parameters
describing the wave packets. The economics and accuracy of
this technique are discussed.

Q9. Helium Speech Unscramblers: A Critical Review. H.B.
RotumaN, H. HoLLiEN, AND P. HoLLIEN, Communication
Sciences Laboratory, University of Florida, Gainsville, Florida
32601.—Man’s attempt to probe and utilize “inner space”
have, to a large degree, been hampered by inadequate voice
communication. One of the specific sources of speech degrada-
tion is the use of helium as an inert breathing gas in the deep
and/or saturation, diving situation. In turn, electronic devices
have been developed which are designed to improve speech
intelligibility distorted by the effects of high ambient pressures
and HeQ, breathing mixtures. In order to evaluate the
effectiveness of these HeO; '‘unscramblers,” the Communi-
cation Sciences Laboratory at the University of Florida has
undertaken a four-part project: (1) to evaluate available
unscramblers on line; (2) to test them off line; (3) to develop
a standardized test for evaluating all types of unscramblers;
and (4) to establish guidelines for the development of optimum
equipment of this type. The present paper will discuss the
following: (1) techniques for helium speech unscrambling;
(2) protocols necessary to conduct system evaluation properly ;
(3) development of the standardized off-line test for the evalua-
tion of all types of unscramblers; and (4) results of several
on-line and off-line evaluations. Finally, a discussion of the
strengths and weaknesses of current approaches to HeQO.
speech processing, and recommendations for the improve-
ment of these devices will be presented.

Q10. Evaluation of Speech Processing Innovations to Improve
Voice Quality and Intelligibility in Narrow-Band Voice Com-
munication. CALDWELL P. SmitH, Ckicopee Row, Groton,
Massachusetts 01450.—Using an experimental hardware
channel vocoder as a test bed, a systematic series of tests
including formal and informal listener evaluations were con-
ducted to evaluate the merits of several speech processing
innovations towards maximizing speech quality and intelligi-
bility. A superior combination was found in a technique that
enhances spectral peaks prior to digitization [a rehinement of
an old concept: C. P. Smith, J. Acoust. Soc. Amer. 23, 446451
(1951) ] together with a synthesis excitation arrangement
using oscillators synchronously phase reset with each pitch
excitation pulse [C. P. Smith, J. Acoust. Soc. Amer. 37,
170-171 (1965)], with added refinements for enhancing phase
coherence in onsets of pitch epochs in voiced sounds. Although
pitch extraction and coding were relatively crude (300 bits/
sec pitch data rate, and occasional pitch errors), this combina-
tion yielded superior results such that quality and intelligi-
bility at 2400 bits/sec, depending on the speaker, either
exceeded or was fully comparable to that of a good 9600
bits/sec voice-excited vocoder. These findings suggest a po-
tential for refining 2400 bits/sec hardware channel vocoders
to derive superior performance/cost tradeoffs relative to any
other existing technology. [This work was performed in the
now-terminated Digital Speech Processing Branch of Air
Force Cambridge Research Laboratories.]

Q11. Zero Quefrency in Speech Analysis. JoHN MAKHOUL,
Bolt Beranek and Newman Inc., Cambridge, Massachusetts
02138 —The zero component of the cepstrum (transform of
the log spectrum) is also known as the zero quefrency ¢o. cg
contains information about Ro (the total energy in the
signal), as well as the shape of the signal power spectrum.
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The energy information can be removed by subtracting log Ry
from ¢qo. If that difference is exponentiated, one obtains a
normalized parameter V=e%/Ry. V can be interpreted as
the ratio of the geometric mean to the arithmetic mean of
the spectrum. For any spectrum, it can be shown that 0< V' <1.
The value of V depends only on the spectral shape. By taking
advantage of the fact that most voiced sounds have the energy
concentrated at low frequencies, while most unvoiced sounds
have the energy relatively spread out across the spectrum,
the parameter V can be used as a voicing detector. A detailed
analysis of the behavior of V as a [unction of different spectral
shapes can be found in Makhoul and Wolf ([BBN Rep. No.
2304 (1972)]. Conditions under which V can be used as a
voicing detector will be discussed.

Q12. Speech Quality of Computer-Simulated Voice-Switched
Amplifiers. HErMAN R. SiLBIGER, RICHARD E. CULLINGFORD,
AND LiNDA PiERCE, Bell Laboratories, Holmdel, New Jersey
07733.—\Voice-switched amplification can be used in telephone
circuits to provide additional amplification in the direction of
transmission only when speech is present and thus increase
the apparent S/N ratio. The effect on speech quality is a
function of operating characteristics such as attack time,
release time, switching thresholds, and amount of switched
amplification. To evaluate the detectability and speech
quality with such amplifiers, subjective tests were conducted
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in which computer simulation was used to provide convenient
and accurate control of the operating characteristics. In the
detection tests, the subjects determined whether they could
hear the operation of the voice-switched amplifier, using a
modified double staircase method with variable step size.
The results were used to map out a region in which the opera-
tion of the switched-gain device was not detectable. A category
judgment procedure using a S5-point scale was used for the
transmission quality listening tests in the previously deter-
mined detectability region. Decay times of 25, 100, and
300 msec were presented with switched gains of 0, 10, 15, and
20 dB, over circuits with S/N ratios of 10 and 30 dB. Results
indicated that for a 10-dB S/N ratio, the effects of amount
of gain switched and decay times were both significant and
had a strong interaction. For a 30-dB S/N ratio, only the
effect of decay times was significant. The 10-, 15-, or 20-dB
switched gain conditions were always preferred over the
0-dB condition.

Q13. Speech Dereverberation. J. B. ALLEN, Bell Telephone
Laboratories, Holmdel, New Jersey 07733.—A method for
dereverberating speech based on linear prediction is developed
in detail. By properly analyzing and resynthesizing speech
that has been reverberated by a real room, it is possible to
remove most of the reverberation. The algorithm will be
described and tapes will be played.

EL Dorapo East, 9:00. A.M.

Session R. Underwater Acoustics II: Propagation II

PETER TATRO, Chairman
U. S. Naval Research Laboratory, Washington, D. C.

Contributed Papers (12 minutes)

R1, Observation of Frequency-Dispersive High-Order Modes
in Deep Sound Channels. RoBert P. PorTER, Woods Hole
Oceanographic Institution, Woods Hole, Massachusetts 02543 —
Large time spread of signal arrivals is characteristic of deep,
sound-channel propagation of wide-band signals and is
normally explained by ray acoustics; high-order mode theory
predicts time spreading of the arrival and, in addition, predicts
dispersion of the spectrum. For a given sound-velocity profile
and transmitter-receiver geometry, only a few high-order
modes are transmitted and received; it is possible to detect
individual dispersion curves if certain time bandwidth re-
quirements on the receiver are satisfied. Dispersed high-order
modes have been observed at frequencies as high as 300 Hz
and at ranges of 600 km for shots detonated and received on
the axis of a SOFAR channe! located in the western Mediter-
ranean Sea. Spectrum analysis of shot records has revealed
up to five identifiable group-velocity profiles that are accu-
rately predicted by applying WKB high-order mode theory
to sound velocity data. Group-velocity profiles for North
Atlantic sound-velocity data typical of Bermuda water, Mid-
Atlantic Ridge water, and Mediterranean overflow water are
presented. These dispersion curves show the effects of multiple
sound-velocity minima and near parabolic sound-velocity
profiles on pulse structure. [This work was supported by the
U. S. Navy Office of Naval Research.]
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R2. Behavior of Modified Ray Theory. ]J. A. Davis, Woods
Hole Oceanographic Institution, Woods Hole, Massachuseits
02543.—Both modified ray theory [E. L. Murphy, J. Acoust.
Soc. Amer. 47, 899-908 (1970) and J. A. Davis, J. Acoust.
Soc. Amer. 52, 137 (1972)] and ordinary ray theory can be
obtained from the method of stationary phase. Use of a WKB
approximation leads to two points of stationary phase and the
result is ray theory. Use of a generalized WKB approximation
leads to an infinite number of stationary phase points and the
result of using the first two is modified ray theory. The degree
to which modified ray theory accurately includes frequency
dependent diffraction effects depends on the contribution to
the field by the remaining points of stationary phase. In
sound propagation problems where there is a shadow region,
the ray theory field may or may not contain a caustic, whereas
the modified ray theory field always contains a caustic and in
some cases a cusped or higher-order caustic. For ranges much
less than the shadow boundary range the modified ray theory
field approaches the ray theory field. For ranges much greater
than the shadow range, the maodified ray theory field (suitably
extended to take the caustic into account) approaches either
(1) the ray theory field (also extended), or (2) the field due to
the first mode, depending on whether or not the problem
parameters are such that a ray theory caustic is present. For
ranges in the vicinity of the shadow range, the behavior can
be very complicated.
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R3. Calculating the Wave Field Diffracted at the Boundary
of a Shadow Zone. A. A. Hubimac, SRA, Inc., Rockville,
Maryland 20854.—The conventional ray theory often gene-
rates shadow zones. Previously the author has given the den-
sity of simple sources and dipoles whose radiation accounts
for the diffraction at shadow boundary. For a stratified fluid,
the boundary is a contiguum of parallel rings starting with
one tangent to the shielding plane. Three classes of rings are
treated. Those nearly the same distance from the obstructing
plane as is the field point are treated by an approximate
wave theory. Their contribution is insignificant except for
points near the boundary. Those beyond contribute insignifi-
cantly. Those nearer are treated by an approximate ray
theory. Most of this diffraction comes from the rings near the
tangent ring. For a field point inside the boundary, ray rings
all the way to the tangent ring contribute, and the diffraction
drops off slowly with distance from the boundary. As the point
moves into the shadow zone, more rings near the tangent
plane fail to contribute and the field drops off rapidly. The
degree of accuracy of other types of calculations (e.g., Rytov,
phase integral) shall be discussed.

R4. Ray and Wave Solutions for Bottom Reflection for Linear
Sediment Layers. HarLcyon E. Morris, Naval Undersea
Center, San Diego, California 92132 —Agreement between
experimental and calculated values of bottom loss have been
shown in earlier work [H. E. Morris, J. Acoust. Soc. Amer.
48, 11981202 (1970)]. The mathematical treatment involves
solution of the wave equation for a plane wave incident on a
set of absorbing sediment layers with velocity gradients.
In order to clarify the physical mechanisms that produce
the total reflected sound beam, a ray theory solution is pre-
sented in which the sound that reflects for the water-sediment
interface can be separated from sound that is refracted in the
sediment layers. Curves showing the contributions of reflected
arrival and various orders of refracted arrivals are presented
for several cases of interest.

RS5. Generating Parameterless Examples of Ray Acoustics.
D. H. Woobp, New London Laboratory, Naval Underwater
Systems Center, New London, Connecticut 06320.—It is well
known that in an unbounded medium having uniform speed,
travel time is equal to the distance from a sound source and
intensity is equal to its reciprocal. No ray parameters appear
in the statement of these results. In general, ray parameters
are a necessary but undesirable by-product of the standard
technique for finding intensities. A new technique generates
many parameterless examples by applying three principles
to known parameterless examples such as uniform media. In
one principle, limited to two-dimensional media, conformal
mapping generates a new example having different wave-
fronts. For example, ¢ = sinx is generated [rom c=x by the
conformal mapping defined by f(x+iy)= tan(x/2+4:y/2).
A second principle generates new examples having the
same wavelronts. For example, c¢=x and c¢=1+4x?+y*
have the same wavefronts when a point source is located at
(1,0). A third principle relates symmetric examples in two
dimensions to cylindrically symmetric examples in three
dimensions.

R6. Examples of Parameterless Intensity Contours. D. H.
Woop aNp ANDREW A. LEesick, New London Laboratory,
Naval Underwater Systems Center, New London, Connecticut
06320.—Intensity contours for several unbounded inhomo-
geneous media are found and graphed. Both layered and non-
layered examples are included. Intensity contours are taken
from parameterless examples ol ray acoustics. That is, they
are found without using rays, ray equations, or ray parameters.
These examples are natural lest cases for numerical procedures
that also produce intensity contours. Examples of intensity
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contours generated by parameterless and numerical methods
are compared.

R7. Sound Propagation along a Sloping Bottom in Shallow
Water. Louis A. KING anD D. G. BROWNING, New London
Laboratory, Naval Underwater Systems Center, New London,
Connecticut 06320.—One of a series of sound propagation
experiments recently conducted by the Naval Underwater
Systems Center in the Gulf of Aaen took place across a basin
with a sloping bottom. Three receiving hydrophones were
located near one edge in 60 m of water. Results of this experi-
ment in which bomb shots were used were compared with both
a propagation model based on ray theory by J. P. Jones and
P. W. Smith, Jr. (Bolt Beranek and Newman TM 84 of
7 July 1971) and a model based on normal mode theory.
Since the received signal appeared as an impulse followed by
a reverberant portion, each with different spatial properties,
the two segments were treated separately.

R8. Sound Pressure in Water from Source in Air and Vice
Versa. Rosert W. YOUNG, Naval Undersea Center, San Diego,
California 92132—Sound pressure level L, at a depth d,
in water, due to a point source in air at a distance 4 above the
water surface, may be calculated from L,=[L,—74201log
(cos8)]1—20 log(r/r.), where L,, the source level, is the SPL
in air at distance 7, from the source; r is the straight-line
distance to the receiving hydrophone from a virtual sound
source situated under the actual source at height &' = (c1/c3)
Xh above the surface; 1 and ¢a are the respective speeds of
sound in air and water; 8 is the angle between the vertical
and the line of length r. Comparisons with various published
results obtained by more sophisticated ray-theory show
agreement within 1 dB, except at shallow depths and far
sidewise from the sound source; agreement within 2 dB is
found for new experimental data here presented for sound
bursts of frequency 500, 1000, and 2000 Hz, and 2=3.5 m.
For sound originating in water at depth d below the surface,
the SPL received in air is to be calculated from L,=L,—52
440 log(cosd) —20 log(r/r.), where L, is the source level,
at 7, in the water. Experimental data obtained with a
sound source in the water at depth d=15.6 m, and {requency
500, 1000, or 2000 Hz, are in agreement with this equation,
mostly within 2 dB, for receiving positions in air 1 or 2 m
above the water and offsets as great as 3 m.

R9. Utilization of a Transmitting Array Matched to Individual
Modes. W. G. Kanasis, New London Laboratory, Naval
Underwater Systems Centers, New London, Connecticut 060320.—
A vertical transmitting array was implanted in Block Island
Sound in November 1970. A theoretical study was undertaken
to determine the optimum utilization of such an array to excite
individual normal modes. The results of this study are de-
scribed. Amplitude and phase matching, the two basic methods
to emphasize individual modes, are outlined. In matching to
amplitude, either a course or more exact it to the mode
amplitude may be utilized. These three approaches to empha-
size individual modes were considered. Simple cases of these
approaches were evaluated for the physical characteristics
of the implanted array using a computer program. BIFI
velocity profiles typical for summer and winter were used.
Propagation loss was calculated for individual modes when
the array was matched in turn to modes 1-4 for each profile
and mode. In this manner, the relative signal levels corre-
sponding to each approach were obtained and their effective-
ness evaluated.

R10. Estimates for the Reflection of Acoustic Waves Propa-
gating through a Layered Thermocline. Roy C. ELswick
New London Laboratory, Naval Underwater Systems Center
New London, Connecticut 060320.—The oceanic thermocline
contains a weak small-scale steplike structure (relative to
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scales of the aoverall thermocline) capable of producing at any
given layer a weak reflection of an acoustic wave. By meansof a
two-variable asymptotic expansion technique, the cumulative
effect of a series of such weak reflections is accounted for,
indicating (similar to the Bremmer series for electromagnetic
waves in a slowly varying and thus single-scaled stratified
medium) that each higher-order contribution corresponds
to a specific number of internal reflections. Simple first-order
estimates can be derived for the loss due to an acoustic wave
propagating through a stepped thermocline structure. Such
order of magnitude estimates indicate that the cumulative
effect of the weak reflections is indeed a plausible explanation
for the apparent loss of acoustic energy across the thermocline
region.

R11. The Nature of Sound Fluctuation in the Upper Ocean. 1.
J. A. NEuBERT, Naval Undersea Center, Pasadena Laboratory,
Pasadena, Californic 91107.—In this critique of sound propa-
gation studies in turbulent fluids, the interpretations and
limitations of some well known scattering theories and experi-
ments are brought into question. First, some earlier theories
of sound propagation in the turbulent ocean are reviewed.
Second, some of the more recent developments in the analysis
of sound propagation in turbulent fluids are presented.
Finally, the earlier results and the contemporary accomplish-
ments are compared in the single-scattering and one-dimen-
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sional cases. The more important revelations and confirma-
tions, based on Part I, are reserved for Part II where it is
shown, on the basis of turbulent scaling, that the scattering
theories of Bergmann, of Mintzer, and of Potter and Murphy
deserve closer scrutiny and that the Stone and Mintzer ex-
periments were misinterpreted.

R12. The Nature of Sound Fluctuation in the Upper Ocean.
1. J. A. NEUBERT, Naval Undersea Center, Pasadena Labore-
tory, Pasadena, Celifornia 91107.—Having reviewed and cri-
tiqued the nature of sound fluctuation in turbulent media and
the upper ocean in Part 1, it is now shown, on the basis of
turbulent scaling, that the scattering theories of Bergmann,
of Mintzer, and of Potter and Murphy are discrete-scattering,
and not continuous-scattering, theories when Gaussian re-
fractive-fluctuation correlations are imposed. Furthermore,
turbulent scaling and the experimentally observed turbulent
microstructure strongly suggest that the scattering mech-
anism in the Stone and Mintzer experiments is not the turbu-
lence, but is more likely impurities (such as the ubiquitous,
minute air bubbles which arise due to thermal degassing)
that are shuffled about in a random manner by the turbulent
Auid. It is strongly suggested that this is often the nature of
sound fluctuation in the upper ocean. Finally, more effective
methods of analyzing sound fluctuation in the real oceen are
presented.

Burcunpy EAst, 2:00 P.M.

Session S. Physiological Acoustics II: Models and Cochlear Electrophysiology

E. A. PETERSON, Chairman

Daiyvision of Auditory Research, University of Miami School of Medicine,
Miami, Florida 33152

Contributed Papers (12 minutes)

Sl. A Nonlinear Model for Basilar Membrane Motion.
Duck OnN KiM, CuarrLes E. MoLNAR, AND RusseLL R.
PFEIFFER, Washington University, St. Louss, Missourt 63130.—
A phenomenological model for basilar membrane motion is
presented. The model consists of 10 cascaded elements de-
fined by the nonlinear differential equations

£:() +2D:[1 4052 (2) J2: (8) +wodxi () = Cxi1 ()

for =1, 2, ---, 10, where x,(¢) is the input (stapes displace-
ment) and x,0(¢) is the output (displacement of a point on the
basilar membrane). The model demonstrates a close relation-
ship among seemingly disjoint nonlinear phenomena of the
peripheral auditory system by showing the following response
characteristics: (1) saturation of the output amplitude, de-
crease of (, and decrease of the maximally responsive fre-
quency with increase of input amplitude; (2) "‘amplitude”
and “temporal” nonlinearities in response to combination
clicks; (3) generation of combination tone 2 f; — f in response

to inputs of two equal-amplitude tones (f1< f2); (4) two-tone |

suppression for frequencies of the suppressing tone above the
characteristic frequency; (5) change of the phase angle of the
output with increasing amplitude of sinusoidal input; and
(6) change of click response pattern with increasing click
amplitude. The characteristic (1) has already been observed
directly in basilar membrane motion. We suggest that the
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characteristics (2)-(6), which are similar to nonlinear phe-
nomena observed in spike-discharge patterns of single coch-
lear nerve fibers, may actually be properties of basilar mem-
brane motion.

S2. Simulation of a Nonlinear Model of the Basilar Membrane
on a Digital Computer. J. L. HaLL, Bell Laboratories, Murrey
Hill, New Jersey 07974.—The generation and propagation of
distortion products in a nonlinear model of the basilar mem-
brane was studied. The basilar membrane was modeled as a
17S-section transmission line, with hydromechanical coupling
between sections. A version of this transmission line developed
by Schroeder provides good agreement with Méssbauer effect
and capacitive probe measurements of motion of the basilar
membrane. The model was simulated on a Honeywell DDP-
516 computer as a sampled-data system represented in terms
of the bilinear z transform. Nonlinearities were introduced by
making the compliance of the basilar membrane depend on its
displacement. Both odd- and even-order distortion products
have been investigated. Distortion products f.—fi and
2fi—f2 (f2>f) are generated predominantly at the f»
place and propagate to their own characteristic place, and so
can be equated to tones of frequency fa—fi and 2fi—fa
applied at the input. This is not the case for distortion product

Zfl-fl-
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S3. On a Dynamical Mechanical Model of a Bat’'s Middle
Ear. GERALD FLEISCHER, Department of Otolaryngology,
University of Miami, School of Medicine; Miams, Florida
33152.—An enlarged model of a bat’s middle ear (diameter
of the ear drum is 20 cm) was made out of steel, lead, and
aluminum. The model allows the variation of the tension of the
tympanic membrane, the fixation of the malleus, the stiffness
of both articulations of the ossicular chain, and the rigidity
of annular ligament. Furthermore insertion and force of both
middle-ear muscles can be altered, as well as size and location
of the orbicular apophyse. (The latter is an additional bulky
mass of bone at the malleus, present in bats, in some insecti-
vores, and in some rodents.) Frequency characteristic and
the mode of vibration of the ossicular chain will be shown after
stimulation with sound as well as with a punctually applied
mechanical movement. Measuring transducers are piezo-
electric elements. The influence of some of the above mentioned
parameters on the transmission of vibration will be demon-
strated. Finally the model will be stimulated with music and
speech by means of an acoustical and a punctually applied
mechanical analog signal. The recording fromn the base of the
stirrup will be presented to the auditorium as playback of a
tape recording.

S4. The Temporal Relationship Between Motion of the
Basilar Membrane and Initiation of Nerve Impulses in the
Auditory Nerve Fibers. T. KonisHI* anp D. W. NIELSEN,
Communication Sciences Laboratory, Department of Speech,
University of Florida, Gainesville, Florida 32601.—1It has been
suggested that the initiation of nerve impulses in the auditory
nerve fibers is associated with the deformation of the basilar
membrane toward the scala vestibuli. In order to verify this
possibility, the temporal patterns of nerve impulses of the
auditory nerve fibers were examined in the guinea pig, when
the basilar membrane was statistically displaced. This dis-
placement was produced by driving the round window mem-
brane with an electromechanical transducer, after the heli-
cotrema had been plugged with bone wax. The electrical
signal to the transducer was a trapezoid wave. The hair-cell
responses to this trapezoid motion, recorded from the scala
media, demonstrated a unidirectional displacement of the
basilar membrane. Qur results indicate that the displacement
of the basilar membrane toward the scala tympani causes the
tonic excitation in about 45%, of the primary neurons and the
tonic inhibition in 3%. Displacement in opposite direction
shows the reverse effects. About 209, of our total data showed
responses during rising and/or falling period of the trapezoid
stimuli. These responses were observed in about 509, of the
fibers with middie or low best frequencies. [Supported by
NINDS Grant.]

* Also Division of Otolaryngology and Department of
Physiology, University of Florida.

S5. Local Potentials Recorded from the Tunnel of Corti.
MERLE LAWRENCE, ALFRED L. NurraLL, AND MAXINE
CLAPPER, Kresge Hearing Research Institute, University of
Michigan Medical School, Ann Arbor, Michigan 48104—Mi-
croelectrodes are inserted into the cells and fluid spaces of the
organ of Corti under direct visual control monitored by
closed-circuit television. Local de resting potentials, tissue-
electrode impedance, and ac potentials resulting from fAuid
vibrations applied by two methods are simultaneously re-
corded. Vibrations are applied either directly to the stapes
or to the basilar membrane in the area of electrode insertion.
The ac response recorded from the polarized cells and spaces
of the organ of Corti are different depending upon whether
the ac is locally or remotely generated. The magnitude and
distribution of dc resting potentials are greatly dependent
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upon the local physiological condition of the exposed organ of
Corti. Of most importance are an intact capillary system in
the local area and good general physiological condition of the
animal. Location of electrode tip is determined visually
followed by microscopic examination of surface preparations.

S6. The Origin of N, of the Cochlear Whole-Nerve Action
Potential. J. E. PucH, Jr., D. J. ANDERSON, P. A, Bur:io,
aND M. R. Horwitz, Kresge Hearing Research Institute,
University of Mickigan Medical School, Ann Arbor, Michigan
48104.—Several studies exist concerning the nature of the
cochlear whole-nerve responses to acoustic transients. All
focus on the properties of the first negative deflection N), but
none offers a satisfactory explanation for N.. A number of
lines of evidence are here presented to support the concept of
separate loci of generation of N; and N,: (1) Changes in
relative position of recording electrodes produce differential
changes in amplitude of N, and N,; (2) paired-click studies
permit electrical summation of an N, response with a suc-
ceeding N, response; (3) high-frequency noise masking at-
tenuates NV, to a greater degree than it does N,; (4) certain
intensities of fow-frequency masking attenuate NV; to a greater
degree than they do N;; (5) a narrow-band noise-induced
temporary threshold shift between 6 and 14 kHz, in behavior-
ally trained monkeys with chronic electrical implants, causes
a marked reduction in N, amplitude but no significant change
in Na; (6) selective cooling of the apex of the guinea pig
cochlea results in a relatively greater reduction in N than
in Ny;. These and other lines of evidence suggest that the N,
potential may be arising from a more apical region of the
cochlea than N,. [This work was supported by the John A.
Hartford Foundation and by NIH.]

S7. Comparison of Effects of Biasing the Cochlear Partition
with Electrical Current and Sound Stimulation on the DIF
SP Responses. JoHN D. DurraNt AND PeETER DaLLOs,
Auditory Research Laboralory, Northwestern University,
Evanston, Illinots 60201.—Summating potential responses
were measured utilizing the differential recording technique.
Two experimental designs were incorporated, one in which the
cochlear partition was electrically biased with direct current
and the other in which the movement of the partition was
"biased” with a low-frequency sound stimulus. The DIF~
and DIF¥ components were of prime interest. It was found
that dc polarization and the mechanical bias have strikingly
similar effects on the SP under certain conditions. The SP
can be reversibly augmented or depressed according to the
direction of current flow or direction of the biasing displace-
ment, and, furthermore, the two DIF components exhibit
change in the same absolute divection. A decrease in the DIF~
and an increase in the DIF+, and vice versa, is produced by a
given biasing stimulus. It is surmised that the net biasing
effect is such that when the scala media potential is caused to
increase (directly by current or indirectly by deformation of
the cochlear partition), the DIF SP responses are made more
negative, and more positive when the scala media potential
decreases. The similarity of the changes in these SP responses
observed under the two forms of biasing suggests that they
act on essentially the same distortion process, which appears
to be primarily of electromechanical origin. [Supported by
grants from the National Institute of Neurological Diseases

and Stroke. ]

S8. Ethacrynic Acid Ototoxicity, Potentiation by Kanamycin.
Jirt PraZMA, J. P. BROWDER, AND N. D. Fi1scHER, Department
of Surgery, University of North Carolina School of Medicine,
Chapel Hill, North Carolina 27514.—Endocohlear potentials
(EP), cochlear microphonics (CM), and action potentials
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(AP) have been recorded from guinea pig cochleas in animals
anesthetized by Nembutal. The experimental animals were
divided into four groups for two acute experiments and two
chronic experiments. In the acute experiments, groups 1 and
2 received 50 or 100 mg/kg of Kanamycin and 10 mg/kg
Ethacrynic acid, both drugs twice at 1 h intervals. In the
chronic experiments, groups 3 and 4 received 50 or 100 mg/kg/
day of Kanamycin for 14 days, and on the last day, after
evaluation of base line potentials, received 10 mg/kg of
Ethacrynic acid only. Each drug administered alone was not
ototoxic or was only mildly ototoxic; however, combination
treatment by both drugs potentiate the ototoxic effect.
Detailed findings on cochlear potentials will be described.
[This research was supported by NIH grants.]

S9. Nature of the Cochlear Changes Induced by Ethacrynic
Acid. S. K. BosHER, C. SMiTH, AND R. L. WARREN, Ferens
Institute, Middlesex Hospital Medical School, London WIP
5FD.—A comprehensive study of the effects of ethacrynic
acid upon the cochlea in a single species is being undertaken
to determine more exactly the nature of its toxic action. In the
rat, the drug produces rapid replacement of the endocochlear
potential by a negative potential and, while recovery is
initially rapid, its rate decreases considerably at 30 min. The
endolymphatic chemical composition remains unchanged,
however, until 35 min, when increase in the sodium and de-
crease in the potassium concentrations occurs. The drug is
consequently considered to cause transient inhibition of the
strial enzymes, followed by alterations in membrane per-
meability. The ultrastructural strial anomalies are associated
with and thought to arise from the permeability changes. The
microphonic responses and morphological examination provide
evidence of independent hair cell involvement, but its nature
and relationship to the endolymphatic changes is uncertain.
In addition, the findings strongly support the concept that
the endocochlear potential has two components, a positive
secretion potential and a negative potassium diffusion
potential.

S510. Whole-Nerve Action Potentials as an Index of Severity of
Cochlear Injury in Chinchilla. D. H. EvLDREDGE, Central
Institute for the Deaf, St. Louts, Missour: 63110.—The N,
peak voltage of the AP response to a wide-band click is
proving to be a sensitive index to injuries following exposures
to noise. Over a wide range of injury, changes in magnitude
and sensitivity of N, responses correctly rank ears with respect
to amount of loss of hair cells. With loss of 100-300 hair cells,
the voltages are one to two standard deviations below normal
means at all levels of the input—-output function. The voltages
are down two to three standard deviations with 300-800
missing cells. With greater losses the input—output functions
are also shifted to a lower sensitivity. A small response can
still be elicited 70 dB above normal visual detection levels
when an estimated 6800 out of 9100 (759%,) hair cells are
missing. Differential masking of the N\ responses with selected
bands of noise provides additional information concerning
the locations of the injuries.

S11. A Thin-Film Intracochlear Multimicroelectrode. MARTIN
SonN, Raytheon Company, Portsmouth, Rhode Island 02871,
and Department of Otolaryngology, Boston University Medical
Cenler, Boston, Massachuselts 02118 —A Hexible, intracochlear
multimicroelectrode array is being developed for differential
electrical stimulation of the cochlear nerve in human sensory
deaflness [ M. Sonn, Proc. 25th Annual Conf. Eng. Med. Biol.
14, 159 (1972)]. The conductor elements, 0.3 pm thick, are
Yolume 53 1973
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formed on both sides of a thin-film plastic substrate using
vacuum deposition and photolithographic etching techniques.
In the present configuration, the array consists of 33 platinum
conductors, 12.7 ym wide, each terminating at an electrode
surface, 250 yum wide. The electrodes are spaced on 700 gm
centers. Substrates investigated include Mylar, Parylene-C,
and FEP and TFE Teflon films, 50 to 130 pm thick. Of these,
Mylar was found best for electrode fabrication. Insulation of
the array is accomplished by dip coating in Silastic. The
electrode tips are exposed by mechanical scribing techniques.
Short-term body tolerance studies in guinea pigs show good
compatibility with the electrode materials. Bipolar sinusoidal
stimulation of the electrodes in normal saline shows a decrease
in complex impedance proportional to the —0.99 power of the
frequency: 23.8 M@ at 100 Hz to 250 k2 at 10 kHz. Stimula-
tion studies in vitro and in vivo (scalae tympani of cats) are
planned to determine behavioral responses to electrical stimuli
and long-term tissue reaction and electrolytic dissolution
effects. [This work was supported in part by Raytheon
Company. ]

S12. Placement of Electrodes for Activation of VIIIth Nerve.
DAviD COwDEN AND RicHARD WALLOCH, Department of
Otorhinolaryngology, Universily of Oklahoma Heaith Sciences
Centey, Oklahoma City, Oklahoma 73190.—The goal of this
study is to supplement recent attempts to use electrical
stimulation as a hearing prosthesis in cases of sensarineural
hearing loss by examining various placements for the stimu-
lating electrodes. In the basal turn of an anesthetized guinea
pig, two electrodes were placed in scala tympani and two were
placed in scala vestibuli. A fifth electrode was placed in a
neck muscle. These electrodes were used five times in each
possible pairing to deliver bipolar pulses with a 0.5-msec
duration. The order of use was random. The threshold in
microamperes for an evoked potential recorded from the con-
tralateral auditory cortex and the threshold for a twitch in
the facial muscles were obtained in a double blind manner.
When two stimulating electrodes in the cochlea were employed,
the threshold for an evoked potential was 156 A and 3610 A
were needed before a muscle twitch could be detected. Dif-
ferent placements of the two electrodes within the cochlea
did not significantly affect their performance. When a single
intracochlear electrode and a muscle electrode were used for
stimulation, 92 uA were needed to evoke a cortical potential
and 557 uA caused a muscle of the face to contract. Because
of the larger range, bipolar is preferable to monopolar stimu-
lation of the auditory system. [Supported in part by the
Deafness Research Foundation and the National Institute of
Neurological Diseases and Stroke.]

S13. Changes in the Auditory Nerve Evoked Potential after
Intense Sound Stimulation. Curt MITCHELL, ROBERT
BRUMMETT, AND JACK VERNON, Department of Otolaryngology,
Kresge Hearing Research Laboratory, University of Oregon
Medical School, Portland, Oregon 97201.—Intense sounds were
found to produce a decrement in the nerve evoked potential
(NEP) at a lower sound pressure level than that which pro-
duced a decrement in the ac cochlear potential. Both types of
potentials were recorded from the round window of guinea
pigs. Guinea pigs were exposed to pure tones of 3, 4, 6, and 12
kHz, at 95-115 dB SPL (5 dB below the maximum cochlear
potential output), for 15-30 min. These intensities produced
no noticeable effect on the cochlear potential but produced a
marked decrement (up to 30 dB) in the NEP. The greatest
loss in the NEP wa at } oct above the stimulating frequency.
These findings correspond to the reported shifts in hearing
thresholds.
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Session T. Speech Communication IV : Speech Intelligibility and Perception

DANIEL BEASLEY, Chatrman

Michigan State University, Lansing, Michigan

Contributed Papers (7 minutes)

T1. The Channel Capacity of the Ear as a Funetion of Fre-
quency. E. L. R. Coruiss, Institute for Basic Standards,
National Bureau of Standards, Washington, D. C. 20234.—The
channel capacity of the ear as a function of frequency can be
computed by a technique similar to that in an earlier paper
[E. L. R. Corliss, J. Acoust. Soc. Amer. 50, 671-677 (1971)].
The legitimacy of this computation rests upon the justification
that sufficient variables are involved to permit replacement
of actual statistical distributions by normal distributions. This
legitimacy is tested by comparing the predicted growth of
intelligibility of individual phonemes as a function of level
above threshold with experimental results. The channel
capacity of the ear shows a broad maximum in the frequency
range of 3-6 kHz. Taking into account the duration of speech
sounds as a function of frequency, one finds that each phoneme
tends to convey the same number of bits over the range
from 300 Hz to 4 kHz. However, many more phonemes are
uttered per unit time at the higher {requencies, so that the
rate of information transfer is higher. This explains to some
extent the empirical observation that the high-frequency limit
necessary for accurate communication depends upon re-
dundancy of the material. One ought to reconsider the con-
vention that the spectrum above 3 kHz is relatively irrelevant
for speech communication when unfamiliar speech material
must be recognized.

T2. Further Investigations of Reaction Time to Clicks in
Sentences: Linguistic Structures Emerge with Extended
Processing. K. H. ABraMs, Program in Psycholinguistics,
University of Michigan, Ann Arbor, Michigan 48104.—This
study reports an experimental and theoretical resolution to
two seemingly contradictory findings in the literature of atten-
tional strategies of sentence processing. Abrams and Bever
(1969) reported that reaction time (RT) to brief tones
located at the linguistic boundary between major sentence
constituents was slower than reaction time to tones near
the major break within major constituents. Holmes and
Forster (1970), using different sentences and different tone
locations within constituents found that RT to tones be-
tween constituents was relatively fast. The present study
used practiced subjects and a frequency balancing tech-
nique that equalized the conditional probability of a tone
occurring in each of four locations given that a tone had not
occurred previously in the sentence. In Condition I, the in-
structions emphasized fast reaction time and the results looked
like the findings of Abrams and Bever. In Condition 11, the
instructions stressed written recall accuracy and the results
replicated the Holmes and Forster findings.

T3. Discrimination of Spectrally Weighted Speech by Hearing-
Impaired Subjects. IaN B. THomas AND G. BArRrRY PraNNE-
BECKER, FElectrical Engineering Department, University of
Massachusetts, Ambherst, Massachuseils 01002 —Recent work
by Martin, Osberger, and Pickett [J. Acoust. Soc. Amer. 52,
184(A) (1972)] shows that for both normal and hearing-
impaired subjects, F1 causes considerable masking of F2
transitions at the higher intensity levels typically necessary

for the hearing impaired. Accordingly, we have processed
normal speech to alter the relative intensities of F1 and F2
over a considerable range and presented this processed speech
to hearing-impaired listeners. We have also presented normal
(unweighted) speech to the same listeners at the same true
rms level as a comparison. Spectral weighting was achieved
by altering the attenuation slope of a high-pass filter having
a cutoff frequency of 1600 Hz. Slopes of 6, 12, 18, and 24
dB/oct were considered. Intensities of weighted and un-
weighted speech were 20, 30, 40 dB above the speech reception
threshold for unweighted speech. Results show that weighting
usually increases discrimination for a given intensity level,
but the most desirable attenuation slope changes as a func-
tion of intensity level. Discrimination gains are typically
small (<209%) and best in the marginal hearing conditions
(20 and 30 dB SL). [Work supported by NIH.]

T4. Amplitude Compression. I. Speech Intelligibility in Quiet
with Normal and Pathological Hearing Groups. S. VARGO
AND R. CarHART, Northwestern Universily, Evanston, Ilinois
60201.—The theoretical contribution of amplitude compres-
sion to the enhancement of speech intelligibility for patho-
logical hearing groups remains unresolved. Previous investi-
gations by Caraway and Carhart [J. Acoust. Soc. Amer. 41,
1424 (1967)] and Burchfield et al. (1971) have shown con-
tradictory findings on this topic. Although this study essenti-
ally replicates the two previous investigations, it employs a
more advanced compressor system with an instantaneous
attack time (100 nsec); moreover, word triplets are delivered
to listeners at three sensation levels (SLs), 10, 20, and 30 dB.
The findings are discussed in terms of previous studies as
well as in the usability .of amplitude-compressed phonemic
information at low SLs. [Supported by Special Research
Fellowship Grant of NINDS.]

TS. Efficient Determination of Articulation Fuactions. D. L.
BODE, Speech and Heartng Research Laboralory, Universily
of Illinois, Champaign, Illinois 61820.—Previous experiments
using adaptive methodology to measure monosyllabic articu-
Jlation functions were described at the 80th and 81st Meetings
of the Society [Bode and Carhart, J. Acoust. Soc. Amer. 49,
95(A) (1971); Bode, J. Acoust. Soc. Amer. 50, 146(A)
(1971)]. These data indicated that (1) the use of a large test
vocabulary (100 CNC words) results in highly stable and
accurate measurement of a specific point on a function, and
(2) adaptive tests theoretically can be used to calculate a
standard error for an individual listener based on a single test
administration. Subsequent experiments reveal that the use
ol a small test vocabulary (50 words) also allows highly re-
liable and valid point estimation. Administration of two tests
aiming for 29.3%, and 70.7%, points identifies both the shape
and location of the rising portion of articulation functions.
Tests were administered to 24 normal-hearing subjects in
quiet and in 60 and 80 dB SPL white noise. Practice effects
were minimal, in most conditions averaging less than 1 dB.
Further, constant-level tests employed as validating criteria
revealed that the adaptive measures were highly accurate
(within a few percentage points) in identifying the preselected
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measurement objectives on normal functions. [Research sup-
ported by National Institute of Neurological Diseases and
Stroke. ]

T6. Evaluating Communication Systems with Respect to
Both Speech Intelligibility and Speaker Identification. C. E.
WiLLIAMS, Pensacola, Floride 32512, anp . D. Mosko,
U. S. Army Medical Research Laboratory, Ft. Knox, Kentucky
40121.—Communication systems which involve extensive
speech processing may yield high intelligibility and yet fail
to transmit characteristics associated with the talker (identity,
vacal effort, expressive state, etc.). Some exploratory studies
have been conducted to determine if the modified rhyme test
(MRT) can be utilized to evaluate both the capability of
communication systems to transmit intelligible speech and
the features of talkers’ voices that enable listeners to identify
them. Tape recordings were made of each of five selected
speakers reading different randomizations of MRT word lists.
Single-speaker lists (50 words by a given speaker) and multiple-
speaker lists (10 words by each of the five speakers, in ran-
dom order) were constructed for presentation to listeners.
Training tapes were also constructed to familiarize listeners
with the speakers’ voices. The training tapes and test tapes
were processed through two vocoders and the output tapes,
along with the unprocessed tapes, were presented to groups
of listeners. Intelligibility scores obtained for the single-
speaker and multiple-speaker lists and speaker identification
scores will be presented and discussed.

T7. Optimal and Preferred Listening Levels for Speech in
Aircraft Acoustical Environments. R. M. ROBERTSON AND
C. E. WiLL1AMS, Naval A erospace Medical Research Laboratory,
Pensacola, Floride 32512.—There is some question as to
whether pilots and aircrew personnel routinely adjust the
audio level of their radio receivers for maximum speech in-
telligibility and minimal damage risk to hearing. In an effort
to answer this question, data have been obtained on the
preferred listening levels (PPLs) of student naval flight
officers in aircraft acoustical environments. Thirty subjects
were given the task of tracking continuous speech in quiet
and in the presence of three levels of background naise (70,
85, and 100 dB SPL). They were asked to adjust the level of
the speech for maximum intelligiblilty. Two different tracking
procedures were employed: one utilizing a Békésy-type
switch and the other an adjustable hold-type switch, similar
to a normal radio gain control. PLLs obtained for the three
noise conditions revealed that as the noise level decreased,
the subjects preferred a more favorable signal-to-noise ratio.
Normative PLL data and intelligibility test data for selected
signal-to-noise ratios will be presented and discussed.

T8. Acoustic Alterations of Speech When Processed through
Air Force Aircraft Communication Systems. D. C. GAsawAy,
U. S. Air Force School of Aerospace Medicine, Brooks Air
Force Base, Texas 78235.—The acoustic composition of
voiced speech signals received at a distance of 1 m (normal
speech) is compared with those picked up by standard Air
Force lip microphones that are transmitted via standard
electroacoustic communication systems. The acoustic com-
position of speech used in Air Force ground and airborne
operations is significantly different from that associated with
normal live voice communication. Many voiced and voiceless
speech components that constitute minimal acoustic ampli-
tude in normal speaking situations undergo significant
amplitude alterations when picked up by lip microphones.
The author noted that pilots and other rated personnel fre-
quently report that several transition flights are required be-
fore the speech communication messages are fully intelligible.
This phenomenon has been studied and analyses of actual
airborne speech communications are used to identify and
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define acoustic alterations that necessitate learning a new
(or altered) type of speech. Voice prints of English vowels,
diphthongs, and consonants are used to illustrate acoustic
changes that exist between normal conversational speech and
speech picked up by lip microphones. The results of this
research suggest that the acoustic alterations created by pick-
ing up speech at the lips may increase intelligiblilty after the
listener has learned how to process the signals accurately.

T9. Word Intelligibility of U. S. Navy Aircraft Radios. ]. C.
WEBSTER, Human Faclors Technology Division, Navael Elec-
trontes Laboralory Center, San Diego, California 92152.—Twa
types of in-flight recordings were made: (1) actual radio/
intercom voice messages on operational flights and (2)
standardized word lists read by flying observers on routine
test flights. An experienced civilian listener who lacked any
experience or knowledge of air operations transcribed 349
of the operational recording, an experienced U. S. Navy Chief
Petty Officer Air Controller 68, and an experienced U. S.
Navy aviator 90%,. The standardized word lists were listened
to by typical U. S. Navy enlisted men. The lists included the
1000 phonetically balanced (PB) words, the Fairbanks
rhyme test (FRT), the modified rhyme test (MRT), the
Voiers diagnostic rhyme test (DRT), Clarke's medial vowel
rhyme test (VRT), and a specially developed brevity code—
phonetic alphabet word test (BREV). Scores on the FRT,
MRT, and BREV words were equivalent and therefore the
easier-to-administer standardized tests (FRT or MRT) can
be considered valid alternatives to words actually used
operationally. Scores on the PB tests were low, and scores
on the VRT and DRT were high. Analysis of the diagnostic
words showed the most frequent consonant pair confusion on
aircraft radios to be V/B; the vowel EE (beat) was the worst
“carrier’”” vowel, while EH (bet) was the best. Nasality was
an intelligible attribute at good speech-to-noise (S/N) ratios
but very bad under bad listening conditions. Voicing and
sibilation were the more intelligible attributes when listening
at low S/N ratios.

T10. Intelligibility of Initial versus Final Consonants in
Monosyllabic Words. V. W. Byers, Audiology Clinic, LSU
Medical Center, New Orleans, Louisiana 70119.—The intelligi-
bility of 10 consonants [/p/, /t/, /k/, /b/, /d/, 18/, /m/,
/n/, /t/, and /s/] in two-vowel environments, /1/ and /ae/,
were studied in the initial and final positions of monosyllabic
words. A closed set of 88 words was constructed such that
the consonants were transposed within the same vowel en-
vironment, e.g., pat—tap. Three randomized lists were pre-
sented at 60 dB HL to subjects in a counterbalanced order of
three signal-to-noise ratios, +4 dB, 0 dB, and —4 dB. Resulis
indicated that the initial consonant is more intelligible than
the final consonant. Additionally, significant differences were
found among the subjects, vowel environment, and individual
phonemes. The identification of a monosyltabic word is a
complex process in which the distinctive features that serve
as perceptual cues for the initial and final consonant may not
be processed in a similar manner.

T11. Intelligibility of Alternated Speech. T. T. TROOIEN AND
C. Seeaks, Department of Communication Disorders, Uni-
versity of Minnesota, Minneapolis, Minnesota 55455.—The
intelligibility of interaurally alternated speech was measured
by two methods: shadowing and subjective rating. The first
of two experiments used speech spoken at a normal rate;
the second experiment used fast-rate speech. With normal-
rate speech, shadowing scores and estimates of intelligibility
by eight subjects were nearly 1009 for eight different rates of
alternation between 1 and 10 aps. Estimates of intelligibility
for fast-rate speech were depressed slightly from 1009 and
shadowing scores were near 709, for most rates of alternation.



84TH MEETING « ACOUSTICAL SOCIETY OF AMERICA

No particular alternation rate or region of alternation rates
produced significantly depressed shadowing scores. The re-
sults convince us that interaural alternation of speech does
not affect intelligibility unless the speech is spoken at a very
rapid rate. Even with fast-rate speech, however, intelligi-
bility is not dependent in any meaningful seuse on the rate of
alternation.

T12. Interference Test Evaluations of Telephone Speech,
Quality. L. H. NAkATANT AND K. D. DUKES, Bell Laboratories,
Murray Hill, New Jersey 07974.—The interference test for
speech quality evaluation was investigated for sensitivity
and validity with various types of telephone speech. Three
components of the telephone system (microphone, trans-
mission channel, and earphone), each with two alternatives
(high fidelity or telephone), were used in all possible com-
binations to obtain eight types of telephone speech. The
interference test was sensitive enough to measure the amount
by which each telephone component degraded speech, even
though all the speech types were highly intelligible according
to articulation tests. Consistent and systematic relationships
were observed between the interference test results, articula-
tion test scores, and subjective evaluations of the same speech
types, indicating that the interference test is a valid procedure
for measuring speech quality. Moreover, by simply adding up
the interference test measures associated with the telephone
components, the measure for a speech type with any combina-
tion of the components could be accurately predicted. The
results confirm that the interference test yields sensitive,
valid, and additive measures of speech quality.

T13. Speech Reconstituted from Spectra of Reduced Dimen-
sionality: A Study of Intelligibility. K.-P. L1 anp G. W.
HUGHES, Purdue University, West Lafayette, Indiana 47907,
AND A. S. Housg, Institute for Defense Analyses, Princeton,
New Jersey 08450.—In this preliminary study, we attempt to
relate the space defined by a statistical [principal component]
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analysis of speech spectra to perceptual space represented by
intelligibility scores. Speech spectra were represented in terms
of a varying number of dimensions [3, S, 7, 10, 15, and 35],
each corresponding to a different degree of statistical accuracy,
and the waveform was reconstituted from the reduced spectral
data by means of inverse FFT computation [K.-P. Li, G. W.
Hughes, and A. S. House, J. Acoust. Soc. Amer. 49, 134(A)
(1971)]. Consonantal intelligibility scores for isolated mona-
syllabic utterances by one talker were determined from the
responses of 12 listeners to a total of 553 test items. The
average score increases monotonically from 479, to 759, as
the spectral dimensionality varies from 3 to 35. Along with
the number of dimensions, manner and place of consonant
articulation and the effects of the details of the reconstitution
process enter into the relationship between statistical accuracy
and intelligibility.

T14. Relative Effects of White and Speech-Correlated Noise
on Speech Quality. T. K. SEn anD T. M. DENNtS, Belf Labora-
tortes, Holmdel, New Jersey 07733.—An experiment was de-
signed to study the effects of speech and notse levels on speech
quality using white and speech-correlated noise (SCN). Two
types of speech signals were used: (1) flat with respect to
frequency (flat speech), and (2) flat below 1 kHz, and with
frequency emphasis of 9 dB/oct above 1 kHz (shaped speech).
Both speech and noise were bandlimited between 150 and
3600 Hz. The speech level ranged between 54 and 100 dBt
SPL. and the noise spectrum level between 2 and 33 dBt/
Hz. A total of 45 noise and speech level combinations were
used as test stimuli. Each test condition consisted of a
pair of phanetically balanced sentences in the presence of one
of the 45 test stimuli. The subjects were required to rate the
speech quality on a 5-point scale. Averaged over all conditions,
the shaped speech was preferred over flat speech. For shaped
speech, SCN was preferred over white noise. For flat speech
the same was true for speech levels of about 80 dBt and higher,
and the reverse was true for speech levels lower than 80 dBt,

EL Dorabpo WEest, 2:00 p.M.

Session U. Physical Acoustics III: Ultrasonic Energy and Power Measurements II

MARTIN GREENSPAN, Chairman
National Bureau of Standards, Washingion, D. C. 20234

Invited Papers

2:00
Radiation Force Method Tutorial Paper

Ul. Acoustic Radiation Pressure and its Use in Power and
Intensity Determinations. J. A. ROONEY, Physics Department,
University of Maine, Orono, Maine.—The radiation force upon
an object placed in a sound field can be used to determine the
acoustic power or intensity. Two types of test objects have
been extensively used as targets in radiation pressure determi-
nations. The first is either an absorbing or reflecting target
which intercepts the entire sound beam. For the case of a
traveling plane wave in an open vessel impinging on an absorb-
ing target, the radiation force F equals the acoustic power
divided by the velocity of sound ¢ even when nonlinearities
of the propagation medium are taken into account. The second
type of test object used for calibration is a sphere. For an
elastic sphere of radius a surrounded by a nonviscous fluid in

a traveling plane wave F= Vma?I/c. Here I is the local in-
tensity and V is the acoustic radiation force function. Experi-
mentally the forces on targets have been determined by
observations of deflections for pendulum arrangements,
measurement of change in target weight using analytical
balances, measurement of change in displacement of targets
attached to floats, and determination of the force necessary
to maintain the target in equilibrium. For measurements of
low acoustic powers, it is necessary to minimize fluctuations
associated with building vibration, convection currents, and
interfacial effects. [Work supported by HAS project at the
University of Vermont and by the National Institutes of
Health.]

The Journal of the Acoustical Society of America

329



84TH MEETING -

ACOUSTICAL SOCIETY OF AMERICA

2:30

Radiatior: Force Method Panel Discussion

Bioacoustics Research Laboratory, University of Illinois, Urbana, Illinois 61801
Indiana University School of Medicine and Interscience Research, Institute of the In-

F. Dunn
F.]J. Fry
dianapolis Center for Advanced Research, Indianapolis, Indiana 46202
J. E. PieErcY Physics Diviston, Naltional Research Council, Oltawa, Ontario, Canada
J. M. REID  Providence Hospilal, Seattle, Washington 98122

3:30
Optical Method Tutorial Paper

U2. Ultrasonic Energy Measurement by Optical Diffraction
Technique. B D. Cook, Cullen College of Engineering,
University of Houston, Houston, Texas 77004.—Optical
methods are often proposed for the precise determination of
the energy density of an ultrasonic area. Several measure-
ment techniques have been developed to yield certain aptical

parameters. However, the difficulty remains in interpreting
the results in terms of the local parameters of the sound
field. This paper reviews the basic concepts of ultrasonic
light diffraction, the parameters used to describe these
concepts, methods of measurement, and limitations on
interpretation.
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4:00
Optical Method Panel Discussion

L. E. HARGROVE Crawford Hill Laboratory, Bell Laboratories, Holmdel, New Jersey 07733
A. KORPEL Research Department, Zenith Radio Corporation, Chicago, Iliniois 60639
W. G. MAYER Physics Department, Georgelown University, Washington, D. C. 20007

Session V. STOL Noise

R. C. CHanaup, Chairman
Department of Civil and Environmental Engineering,

University of Colorado, Boulder, Colorado 80302

Invited Papers (30 minutes)

V1. Noise Considerations for STOL Vehicles. Davip CHEsTNUTT, NASA, Langley Research Center,
Hampton, Virginia 23365.—{ No abstract available.]

V2. Fundamentals Regarding Reduction of Noise Arising from Jet Interaction with Deployed Lift-
Augmenting Flaps. Ricuarp E. HavpeN, Bolt Beranek and Newman Inc., 50 Moulton Street, Cam-
bridge, Massachuselts 02138.—Proposed lift-augmented STOL aircraft are expected to require noise
reductions on the order of 20 dB to meet community noise goals, according to a number of recent model
studies. A predominant source of noise associated with the concepts and configurations currently
under consideration is the interaction of the exhaust stream with deployed flaps. This flow-surface
interaction produces both large-scale aerodynamic force fluctuations, which radiate like point dipoles
at low frequencies, and smaller-scale surface pressure fluctuations, which radiate only from the leading
and trailing edges of these surfaces. The fundamentals of the relevant noise-producing processes are
reviewed and basic noise reduction concepts developed using parametric source models. Experi-
mentally observed noise reductions on a 1/15 scale externally blown flap (EBF) system are presented
for two of the noise reduction concepts—modification of the acoustic transduction process using
variable impedance surfaces, and modification of the incident flow field through introduction of
high porosity mesh grids upstream of the flaps.

Contributed Papers (12 minutes)

EMPIRE RooM, 2:00 p.M.

V3. Acoustic Results Obtained with an Upper-Surface-Blow-
ing Lift-Augmentation System. U. voN GLAHN, M. RESHOTKO,
aND R. Dorscu, Jet Acoustics Branch, NASA Lewis Re-
search Cenler, Cleveland, Ohio 44135.—The noise caused by the
interaction of the exhaust jet and the wing was measured
under static conditions for several versions of a small-scale
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STOL engine-over-the-wing configuration. Three basic nozzles
were tested : a circular nozzle with deflector, a 5:1 slot nozzle
with and without deflector, and a 10:1 slot nozzle. The wing
included a flap lift-augmentation system with flap deflection
angles of 20° for a takeoff condition and 60° for an approach
condition. Far-field noise data are presented for nominal jet
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pressure ratios of 1.25 to 1.7 for the flyover mode. The data
are discussed in terms of SPLs and normalized sound pressure
spectra: comparisons with nozzle-only data are also made.
The model OASPL near 90°—measured from an engine
inlet—follow a 6th—7th power relationship with jet velocity
compared to an 8th-9th power law for the jet alone. Only
minor acoustic differences were obtained between the two
flap deflection positions. The most significant noise reduction
was achieved with the 10:1 slot nozzle. Implications of extend-
ing the small-scale model acoustic data to a full-scale aireraft
are discussed and indicate a sizable noise attenuation may be
achieved owing to wing shielding.

V4. Wind-Tunnel Studies of Helicopter Rotational Noise in
Forward Flight. SHELIA WIDNALL, Department of Aeronautics,
MIT, Cambridge, Massachuselts 02138.—Some results of
wind-tunnel studies of helicopter noise carried out on a2 model
rotor operating in a large open-jet wind tunnel are described.
The tunnel test section is surrounded by an anechoic chamber.
Data processing techniques were used to obtain the average-
repeated-transient signal per revolution and thus to extract
the rotational noise from the total noise, which includes ran-
dom components. Blade—vortex interaction is clearly visible
in many of the repeated-transient signals and is felt to be an
important contributor to rotational noise even outside of the
blade-slap condition. Vortex noise can be identified in the
spectra of the total signal. In addition to the vortex noise, a
broad-band noise of lower frequency is evident. It is postu-
lated that this lower-frequency noise is due either to vortex-
wave unsteadiness or to local stall on the blades at certain
azimuth locations.

V5. Reduction of Noise Generated by Flow of Fluid over
Plate. B. PINKEL AND T. D. ScHARTON, Bolt Beranek and
Newman Inc., Canoga Park, California 91303.—This paper
describes a method of reducing the noise generated by a fluid
stream flowing subsonically over the edge of a plate and also
presents some substantiating test data. This concept may
prove useful for reducing the noise of STOL aircraft employing
the externally blown flap or the augmenter wing, which con-
figurations are now under exploratory development.

V6. Near-Field Environments of VTOL Jets. L. C. SUuTHER-
LAND, Wyle Laboratories, 128 Maryland Street, El Segundo,
California 90245 —For jet-powered VTOL aircraft, the
principal sources of nearfield noise are the direct and ground-
reflected noise of the jet exhaust, the aerodynamic noise from
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wall jet formed by the deflected exhaust flow and the noise
of the impinging jet. These principal sources are considered
and several of their basic characteristics for VTOL jet noise
are established. Emphasis is placed on the change in acoustic
power and near-field levels due to their combined effect. A
prediction method for near-field noise of VTOL jets is then
outlined in the form of additive corrections to apply to near-
field levels for the undeflected jet. These corrections have a
maximum value of about 15-20 dB in the range of typical
resonance frequencies for flight vehicle skin panels. However,
these additive corrections vary substantially with frequency
and elevation of the vertically directed nozzle. The approxi-
mate trend in these variations is illustrated based on the
results of model studies. [This work was supported by the
Air Force Flight Dynamics Laboratory, Wright—Patterson
Air Force Base, Ohio. ]

V7. A Comparative Study of Augmentor Wing, Ejector Nozzle,
and Power Jet Flap Low-Noise STOL Concepts. J. V.
O’KEeEFE, T. B. NicksoN, AND H. C. TRug, New Products Tech-
nology, Commercial Airplane Group, The Boeing Company,
Seattle, Washington.—A noise and performance comparison of
these STOL airplane configurations is summarized. Aircraft
were sized for a 2000-ft takeoff field length, 150 passengers, and
a STOL range of 500 miles. A discussion of thrust augmenta-
tion ratios, airplane “thumb-print” sizing, thrust requirements,
thrust lapse rates, static test configurations, 500-ft SL noise
comparisons, and noise ‘“‘{footprints” is presented for each
concept. Each concept originally showed approximately equal
noise levels on a static test stand but more intensive test work
shows that the augmentor holds superior potential for low
noise.

V8. Far Noise Field of a Subsonic Air Jet. J. C. Yu, Civil,
Mechanical and Environmental Engineering Department, The
George Washington University, Washington, D. C. 20006.—Far
noise field survey was made for a 2-in. circular subsonic cold air
jet. The exit velocity range investigated varied from 350 to
800 ft/sec. The experiment was conducted in the open feld.
The contoured converging nozzle used had a contraction ratio
of 50. In order to eliminate possible upstream acoustic con-
tamination of the jet noise, blown-down technique was used
to generate jet flow with a large acoustically treated settling
chamber. Experimental results obtained are presented in the
form of overall and spectral directivity, power spectrum, total
power radiated, and their dependence on mean flow parame-
ters. The experimental findings were correlated with the
existing theories of subsonic jet noise. [ This study has been
sponsored, by the NASA-Langley Research Center.]

EL Dorapo East, 2:00 p.M.

Session W. Underwater Acoustics III ; Environmental Relationships
in Ocean Sound Propagation

ALaN O. SykEs, Chairman
304 Mashie Drive, S.E., Vienna, Virginia 22180

Invited Papers

W1. Long-Term Sound Propagation Studies in the Bristol Channel. D. E. WESTON, Admirally Re-
search Laboratory, Teddington, Middlesex, England.—Sound propagation has been studied for several
years in the shallow waters of the Bristol Channel. The measurements central to this account have
involved repeated transmissions of a sequence of tone pulses, with frequency varying from 0.3 to
4.5 kHz, the arrivals building up into a simple display. The signals were transmitted and monitored by
fixed bottom-laid transducers, with path lengths up to 137 km. The investigations have been sup-
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ported by other time-series measurements : in long-range echo ranging on fish and other reverberators,
in ambient noise, and in oceanography. As a result of prolonged detective work, 11 different mech-
anisms causing signal Auctuation have been identified, eight of which would not have been revealed in
the absence of long time-series results. Four reasons for the importance of long-term fixed-transducer
multiple-frequency studies are given, as follows, each illustrated by one of the fluctuation types : (a)
Many effects need relatively long studies if they are to be seen at all, e.g., the diurnally changing at-
tenuation due to fish. (b) Some effects may only be understood by their behavior over long periods,
e.g., fluctuations due to internal waves and their tidal dependence. (c) Some effects occur at random
times, to be observed only by patient waiting, e.g., storms. (d) Understanding of the absolute trans-
mission levels involves a knowledge of the variations in level, especially the variations with season.

W2. Fluctuations of Sound Transmission in the Straits of Florida. Joun C. STEINBERG, Institute for
Acoustical Research, Miami Division of Palisades Geophysical Institute, Miamsi, Florida 33130.—
Sound waves transmitted across the Florida Current between fixed transducers are used to investigate
relationships between acoustic and environmental variations. Year-long measurements of the ampli-
tude and phase of 420-Hz sound waves reveal fluctuations with periods from seconds to weeks and
longer-term trends. The variations of phase correspond to changes in the medium and increase in
magnitude with increase in period. The amplitude fluctuations are not readily identifiable. The slowly
changing phases of the multipath arrivals result in varying patterns of amplitude interference and
fading which have noiselike spectra. The Florida Current is characterized by a cross-stream tempera-
ture—depth structure related to the transport of water. Variations of transport from tidal and wind
forces induce fluctuations of temperature, sound speed, and phase. Temperature and phase are also
modulated by internal waves and components of current parallel to the sound path. The observed
characteristics of the amplitude and phase variations appear in computations with ray-propagation
models in which plane parallel boundaries and measured time variations of sound speed versus depth
are used.

W3. Sound Transmission in Moving Media with Application to the BIFI Range. L.. A. StaLLWORTH,
New London Laboratory, Naval Underwater Systems Center, New London, Connecticut 06320, AND
M. J. JAcCOBSON, Rensselaer Polytechnic Institute, Troy, New York 12181.—The effect of currents on
sound transmission is examined for three ocean channel models: constant sound speed and spatially
uniform current, linear depth-dependent sound speed and spatially uniform current, and constant
sound speed and current of constant direction and linear depth-dependent magnitude. Ray theory
is used to analyze the effect of current on ray path geometry, spreading loss, boundary loss and phase
shift, and travel time of individual arrivals at a fixed receiver. The arrivals are summed to determine
the effect of current on the acoustic field for each model. The results are applied to the BIFI range,
a 33-km X 40-m channel. The theoretical calculations are compared with continuous observations of
the received phase of an acoustic signal over a 48-h period when the first model is applicable and with
intermittent measurements of propagation loss when the second model is applicable. [n the third
model, a tidal current is shown to produce the phase offset-amplitude fade phenomenon, as well as
other acoustic fluctuations having a much shorter period than the tidal current.

W4. Surface-Duct Propagation-Loss Measurements. James Cummins, Naval Undersea Center, San
Diego, California 92132.—The surface duct is the mixed-layer underwater sound channel generally
bounded by the ocean surface and the thermocline. In a recent experiment, abundant measurements
of surface-duct propagation loss were made concurrently with detailed environmental sampling. The
experiment requiring three ships was designed to fill a gap in the knowledge of surface-duct propaga-
tion at frequencies below 8 kHz that has not been addressed. Propagation loss was measured at
frequencies from 0.4 to 20.0 kHz, at depths from 20 to 600 ft, over ranges of 0-18 miles. The experi-
ment was novel because for the first time adequate environmental measurements were made over the
entire acoustic field. Three different instruments measured sea surface roughness. Sound speed profiles
were continuously sampled both in space and time: every 50 ft along the track by a towed thermistor
chain, every 10 sec by a string of thermistor buoys spaced along the propagation path. The accuracy of
these systems was £0.02°C or £0.06 m/sec in terms of sound speed. The purpose of the experiment
was to provide data required for evaluating several theories of surface duct propagation loss.

WS5. Sound Propagation in a Surface Duct with a Rough Surface. H. P. Buckgr, Naval Undersea
Center, San Diego, California 92132, aND J. .. THOMPSON, Royal Australian Navy Research Laboratory,
Sydney, Australia.—Sound propagating in a surface duct is partially scattered by surface reflections.
This can be accounted for in propagation models by first using a surface reflection coefficient with
modulus less than one and then by adding a ray theory correction representing sound scattered directly
from the surface to the receiver. An outline of the theory is presented, and calculated propagation loss
curves are compared to experimental values taken during recent sea observations.

Contributed Papers (10 minutes)

W6. Amplitude Fluctuations in Shallow Water Acoustics.
P. A. BarAkos, Naval Undersea Research Development Center,
San Diego, California 92132 —Large amplitude and phase
fluctuations in underwater acoustic wave fields occur and are
primarily due to the temporal and spatial variability of the
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water and its boundaries. The amplitude part of this pheno-
menon is investigated by obtaining, simultaneously, time and
space series of environmental and acoustic data from sensor
arrays fixed in space, in shallow coastal water off southern
Califormia. The signal output from a nuclear powered ultra-
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sonic source, mounted on a tripod 3 m above the bottom is
monitored continuously by a hydrophone 150 m away. The
source radiates three CW pulses every 3 sec, sequentially at
30, 45, and 60 kHz. A sampling interval ol 3 sec was used.
Time series of temperature from a vertical thermistor array,
surface waveheight, and the two horizontal components of
water motion from an EM current meter are obtained. Two
dominant frequencies, one associated with the surface swell
and the other with the internal waves in this area, are found
in both the acoustic and the environmental data. Statistical
and deterministic techniques are employed to clarify the
interaction between acoustic and environmental wave fields.

W7. Ray Propagation in Slowly Time Varying Deep Ocean
Channels. I. N. L. WEINBERG, R. P. FLanacaN, axDp . G.
CLARK, Institute for Acoustical Research, Miam:i Division of
Palisades Geophysical Institute, Miemi, Florida 33130.—Ray
acoustics in deep ocean channels is being studied with the
specific objective of describing the influence of low-frequency
internal waves and surface tides upon multipath propagation.
The work is a joint study in which the ray model is coordinated
with a fluid dynamical investigation of the effect of internal
tides upon deep ocean sound speed stratification. The geo-
metry of the propagation channel consists of parallel bounda-
ries and a composite sound speed profile with straight line
segments in the main thermocline and deep water regions,
and two hyperbolic cosines in the vicinity of the SOFAR axis
with the slopes continuous at all junctions. For arbitrary
source and receiver locations, the initial angles of all the ray
arrivals were determined. Using closed form expressions for
each segment, travel time and spreading loss were calculated
from which amplitude and phase can be found. Complete
descriptions of the propagation multipaths are given for
selected examples which combine the several types of rays
encountered in deep ocean transmission. In a subsequent
presentation (Part II), the time variations in these multipaths
due to tidal fluctuations in the sound structure are discussed.

W8. Sound Speed Perturbations Due to Internal Tides,
CuristopHER N. K. MooERs, Division of Physical Oceano-
graphy, Rosenstiel School of Marine and Atmosphere Science,
University of Miami, 10 Rickenbacker Causewey, Miami,
Florida 33149.—Internal tides are perhaps the most prevalent,
and largest amplitude, internal gravity waves in the ocean.
They are commonly generated by the scattering of surface
tidal energy into internal modes when the surface tides pro-
pagate on to continental shelves. A portion of the internal
tidal energy propagates into the deep ocean. One of the effects
of internal tides on underwater acoustic propagation is to
perturb the temperature and salinity versus depth profiles,
and, thus, the sound speed versus depth profile. Starting with
temperature and salinity versus depth profiles from near
Eleuthera Island, the internal tide eigenfunctions, as well as
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the sound speed profile, have been computed for a water
depth of 4500 m. Assuming a value for the vertical displace-
ment amplitude of a first vertical mode internal tide, the
perturbed temperature and salinity profiles have been com-
puted. From these perturbed profiles, the consequent per-
turbed sound speed profiles have heen computed for cases of
maximum up and down internal tide displacement. The first
mode internal tide has no vertical displacement at the sea
surface and bottom and a maximum near the base of the
main thermocline (depth of about 1200 m). Since the SOFAR
axis is also near the base of the main thermocline, and since
the pressure effects on sound speed are predominant below
the SOFAR axis, the sound speed perturbation due to the
first mode internal tide is greatest at a depth (about 550 m)
above the SOFAR axis. An internal tide with a maximum
vertical displacement of 10 m produces a maximum sound
speed perturbation of 0.7 m/sec.

W9. Ray Propagation in Slowly Time-Varying Deep Ocean
Channels. II. J. G. CLark anD N. L. WEINBERG, Institute
for Acoustical Research, Miami Division of Palisades Geo-
physical Institute, 615 S. W. 2nd Avenue, Miam:, Florida
J33130.—Results from the studies described in the two pre-
ceding abstracts have been combined in models that describe
the effects of internal tides and surface tides upon multipath
acoustic propagation. Deep ocean experimental data that
motivated this analysis will be discussed briefly. Several
examples of ray multipath propagation in deep ocean channels
time-varying under the influence of internal and surface tides
will be examined. Comparisons will be drawn with analogous
results from shallow water studies.

W10. Scattering Function Measurements for a 7-NM Propa-
gation Range in the Florida Straits. H. A. DEFERRARI AND
LAN NGHiEM-PHU, University of Miami, Rosenstiel School of
Marine and Atmospheric Science, 10 Rickenbacker Causeway,
Miamz, Florida 33149.—A pulse received after transmission
through the ocean will be spread in time owing to multipath
and shifted in frequency owing to scatter from the ocean wave
surface. 1f the time spread is small compared with the period
of the surface waves, a Doppler spectra may be measured for
each successive part of the received signal. The resulting
scattering function is a three-dimensional description of the
transmission (intensity, frequency, and delayed time of
arrival). Scattering functions for the 7-NM range show that
energy arriving via SRBR paths has Doppler spectra with
sideband components at surface wave [requencies. A large
fraction of the total received energy is transmitted by RBR
paths and is not influenced by surface waves. Measurements
are presented for some environmental conditions typical of
the Florida Straits. Results are compared with predictions
from combined propagation and scattering models that include
the effects of multiple scattering along the propagation paths.

SourH LorBy

SociaL Hour 6:30 p.M.

BanQuET 7:30 p.M. (CARILLON Room)

Presentation of the
Distinguished Service Citation to

LLAURENCE BATCHELDER
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Session X. Psychological Acoustics III: Binaural Interactions and Localization

ConsTANTINE TraHIOTIS, Chairman

Psychology Department, University of Illinois, Urbana, Illinois 61801

Contributed Papers (10 minutes)

X1. Loudness Summation between Tones from Two Loud-
speakers. B. ScHARF, Northeastern University, Boston,
Massachusetts 02115.—Loudness summation between two
equally loud, 500-msec tones centered on 2000 Hz was meas-
ured in an anechoic room as a function of the frequency
separation, AF, and onset time difference, AT, between the
tones. One tone was presented via a loudspeaker 3 m from
the subject and 45° to the left of his median plane, the other
tone via a loudspeaker 45° to the right. A comparison 2000-Hz
tone was presented via a third speaker in the median plane.
Overall loudness increased with AF once the critical band was
exceeded. When AT was 0 msec, loudness summation at 45,
65, and 85 phons was very similar to that between two tones
presented through a single earphone. As AT increased from 0
to about 100 msec, loudness summation declined gradually;
beyond 100 msec, it declined more rapidly. The Haas or pre-
cedence effect was evident at AT’s less than 40 to 60 msec and
AF's less than about 1000 Hz, where the six subjects usually
heard a single sound originating toward the side of the leading
loudspeaker.

X2. Binaural Interaction with Stimuli that Produce Periodicity
Pitch. E. R. HAFTER AND G. L. RicarDp, Department of
Psychology, University of California, Berkeley, California
94720.—Periodicity pitch was produced by 100% modulation
of bandlimited white noise. The periodicity waveform was
rectangular with a 500-Hz repetition rate and a 10% duty
cycle. Two gates were used to present the modulated noises
separately to the two ears. The gates carried the same noise,
but the modulation waveforms were delayed by Af usec so
that the noise came on first in the leading ear and went off
last in the lagging ear. Perception of these stimuli and the
consequent detection of Af was shown to be dependent on the
frequencies of the carrier: for low-frequency noise, the
lateralized percept was on the side of the leading ear, while
for the high-frequency noise 1t was on the side of the lagging
ear. A model that describes these results interprets the
lateralization obtained with the low-frequency carrier as re-
sponses to the onset of the dichotic bursts and the lateraliza-
tions obtained with the high frequency carrier as responses to
the offsets of the bursts.

X3. Binaural Detection Models: Varying Signal Parameters,
Noise Identical at the Two Ears. E. OsMAN, Department of
Psychology, Brooklyn College, Brooklyn, New York 11210.—A
previously published statistical decision model of binaural
detection called the correlation model [J. Acoust. Soc. Amer.
50, 1494-1511 (1971)] is evaluated further for data obtained
with tonal signals in noise, where noise is identical at the two
ears and of constant amplitude while signal parameters are
varied. Equations are based on the model’s expressions for the
conditional density functions. Predictions of BMLDs (binaural
masking level differences) for variation of interaural amplitude
ratio and phase of signal are evaluated with regard to data of
Egan [J. Acoust. Soc. Amer, 38, 1043-1049 (1965)] and
Colburn and Durlach [J. Acoust. Soc. Amer. 38, 93-103
(1965)]. Comparisons of the correlation model, the equaliza-
tion—cancellation model [Durlach, J. Acoust. Soc. Amer. 35,
1206-1213 (1963)], and a lateralization model [Hafter, J.
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Acoust. Soc. Amer. 50, 1116-1122 (1971)] are discussed.
Predictions for sets of psychometric functions resulting from
binaural detection under several interaural listening condi-
tions are compared to data and psychometric functions pre-
sented in Egan [Perception Psychophys. 6, 209-215 (1969)).
[Supported by NIH and CUNY.]

X4. Binaural Interaction between Real Tones and the Cubic
Distortion Product, 2fi—fa. E. R. HAFTER, Department of Psy-
chology, Untversity of California, Berkeley, 94720, aAnD B. S.
LEsHOwWITZ AND G. S. JENKINS, Department of Psychology,
Arizona State Untversily, Tempe, Arizona 85281.—Several
investigators have shown that the amplitude of the cubic
difference tone, 2f1— f2, does not follow the rules of nonlinear
distortion observed for stimuli at high levels. They have con-
cluded that the site of the distortion is certainly higher than
the middle ear and perhaps central to the mechanical filtering
of the basilar membrane. In this work, we further examine the
place of generation by asking whether the cubic difference
tone is subject to binaural interaction. To this end, two pri-
mary tones at frequenctes fi and f» were presented to one ear
while a third tone at frequency fa (fa=2f,—J,) was presented
to the other ear. In a two-alternative forced choice, subjects
were able to discriminate differences in the phase of fi. This
demonstration shows that the distortion tone is produced
distal to the neural mechanisms of binaural interaction. One
advantage of our technique is that it does not confound the
distortion stimuli with the addition of probe tones. Con-
sequently, binaural interaction provides a potentially sen-
sitive technique for measuring the level and phase of distor-
tion products.

X5. Detection of Time Differences and Level Differences
from a Position away from the Median Plane. LrLoyp A.
JEFFRESS AND ALAN D. SHARPLEY, Department of Psychology
and Applied Research Laboratories, The Untversity of Texas
at Austin, Austin, Texas 78712.—By the use of an interaural
phase difference of 90°, a 50-Hz band of noise, centered at
500 Hz was delayed to the right ear by 0.5 msec. The result-
ant sound was perceived as lying well to the left of the
median plane. To this continuous noise was added a signal
from the same noise source so arranged in phase that the
signal plus masker appeared to lie either inward or outward
from the continuous masker. The signal plus masker could
also be moved inward or outward by introducing a difference
of level into the two earphone channels. Detection of these
movements was compared with detection of movements away
from the median plane by employing the N,S, condition with
«=90° to obtain a time difference, or «=0° to obtain a level
difference relative to the median plane. The results show that
detection of a time difference from a position away from the
median plane is inferior to detection of a time difference
around the median plane. However, the results for a difference
of level showed no such advantage for the median plane;
detection was the same from both reference positions.
The findings are taken as further indication of the relative
independence of the time mechanism and the level mechanism
of the auditory nervous system. [Supported in part by a
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grant from the Public Health Service, National Institute of
Neurological Diseases and Stroke. ]

X6. Detection of Interanral Time Differences in Short-
Duration Low-Frequency Tones. G. L. Ricarn anp E. R.
HAFTER, Department of Psychology, University of California,
Berkeley, California 94720.—The detectability of interaural
time differences (Af) was investigated as a function of stimulus
duration, level, and frequency. Temporally dichotic tone bursts
of 250, 500, and 1000 Hz were presented in a two-interval
forced choice, in such a way that the signal to one ear led
by At usec during either the first or second interval. The tone
bursts were 10, 25, 50, 100, and 205 msec in duration and
were gated with a rise—decay time of 2.5 msec. The levels
used were 50 and 70 dB SPL. Threshold values of A? were
maximal for the shortest durations, then f[ell rapidly to
asymptote in the region from 50 to 100 msec. In addition,
thresholds decreased at higher frequencies. Finally, all condi-
tions showed lower thresholds for 70 dB than for 50 dB. The
data are fit by a model that treats increased duration as an
increase in the number of samples of the interaural difference
and describes the improvements found with higher frequencies
and levels as a result of the steeper slopes of the displacement
waveforms.

X7. Binaural Processing in the Cat. I. Lateralization. O. S.
WAKEFORD, Institute for Basic Standards, National Bureau of
Standards, Washington, D. C. 20234, axp D. E. RoBINSON,
Department of Psychology, Indiana Unversity, Bloomington,
Indiana 47401.—The ability of the cat to “lateralize” tonal
signals having interaural intensive or interaural temporal
disparities was measured. Interaural intensive differences were
studied at 0.5, 1.0, and 3.0 kHz. Interaural temporal differ-
ences were studied at 0.5, 1.0, 2.0, and 3.0 kHz. Miniature
audio transducers were employed to present the stimuli to
the animals. The transducers were held in a fixed spatial
relation to the auditory canal by means of *pinna inserts”
and leather helmets. An avoidance response in a shuttle box
was used as the dependent variable. The animals’ task in-
volved the detection of a right-left reversal in a gated se-
quence of tone bursts. The cat appears to be about as sen-
sitive as the human to both interavral intensive and temporal
disparities at each of the frequencies studied. [This research
was conducted at Indiana University, Bloomington, Indiana.]

X8. Binaural Processing in the Cat. II. Detection. DonaLD E.
ROBINSON AND ONsLOW S. WAKEFORD, Department of Psychol-
ogy, Indiena Universily, Bloomington, Indiana 47401.—
Detection of diotic and dichotic tones partially masked by
noise was studied in the cat. The continuous noise masker was
always diotic. The single gated tone bursts had frequencies
of 0.5, 1.0, and 1.5 kHz and were presented in phase (N0SQ),
180° out of phase (NO0Sx), and monaurally (NOSM). The
transducers were held in a fixed spatial relation to the auditory
canal by means of “pinna inserts” and leather helmets. An
avoidance response in a shuttle box was used as the dependent
variable. In contrast to human observers the cat displayed as
large a release from masking at 1.0 and 1.5 kHz, as at 0.5
kHz. At 1.5 kHz, the cat shows a significantly greater release
from masking than the human.

X9. Loudness Enhancement with Monaural, Binaural, and
Dichotic Stimulation. R. ErLmastaNn AND R. Garamsos,
Department of Psychology, University of California at Sen
Diego, La Jolla, Caltfornia 92037 —In this study of the loud-
ness enhancement phenomenon [e.g., Galambos ef al., ]J.
Acoust. Soc. Amer. 51, 141(A) 1972; Sokolich and Zwislocki,
J. Acoust. Soc. Amer. 52, 141-142(A) 19727, a tone burst, T,
was followed 100 msec later by a 70-dB tone burst, S;. Subjects
matched S; in loudness by varying the intensity of a tone
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burst, S, presented 1.5 sec. after Si. T, Si, and S; were all
20-msec 5-kHz signals. Increasing T in 10-dB steps from 60
to 100 dB SPL yielded a progressively increased subjective
loudness of §;. The monaural and binaural paradigms pro-
duced greater and more reliable loudness enhancement than
the dichotic. With T at 100 dB, loudness enhancements aver-
aged over 15 dB for eight naive subjects tested monaurally
and eight binaurally. With T, less intense than .S, a small
loudness decrement resulted. With T, set at 90 dB and S,
at 40 dB, enhancements of over 30 dB, the largest so far
observed, were regularly reported in the monaural paradigm.

X10. Monaural and Binaural Free-Field Speech Reception
under Noise and Reverberation. ANNA K. NABELEK AND
J. M. PickETT, Sensory Communication Research Laboratory,
Gallavdet College, Washington, D. C. 20002.—Speech reception
was studied in a single sound-treated room at reverberation
times 7=0.3 and T=0.6 sec, to compare binaural and mon-
aural reception in the presence of an impulsive noise (16
imp/sec) and a quasisteady noise (a babble of eight voices).
The speech and noise sources were fixed at locations, relative
to the listener, to give the largest advantage for binaural
reception. Binaural gain is taken as the difference in speech-
to-noise ratios for 60% correct speech reception comparing
binaural and monaural results. At T=0.6 sec, binaural gain
was 3 dB for both types of noise. At T=0.3 sec the gain was
5 dB for the babble and 4 dB for the impulsive noise. The
longer reverberation caused a reduction in reception in both
binaural and monaural conditions. These effects were larger
for the impulsive noise and for low S/N ratios. The largest
reverberation effect reduced reception from 77% to 53%
words correct. [Supported by Gallaudet College.]

X11. The influence of Timbre on Apparent Location of Sound
in the Median Sagittal Plane. RoBERT A. BUTLER, University
of Chicago, Chicago, Illinois 60637.—High-pitched tones in
the median sagittal plane (MSP) appear to originate above
lower-pitched tones irrespective of their actual location.
But, is it pitch that governs these judgments? Data from the
present experiment suggest that it is not. Pulses were presented
at the same repetition rate, 200/sec, but were filtered differ-
ently. Twelve Os were asked to identify which of five loud-
speakers, 15° apart, generated the stimuli. Each loudspeaker
presented the sounds an equal number of times. Their posi-
tions ranged from —30° to +30° in the MSP. Those pulses
whose spectral content centered about 630, 1600, and 2500
Hz were judged to originate low, median, and high, respec-
tively, in the MSP, despite the sameness of their pitch and
despite their actual locations. When the spectral content of
the pulses centered about a still higher frequency, 6300 Hz,
Os now located their source correctly. Hence, in the MSP,
timbre, not pitch, governs location judgments. Whether the
judgments are correct depends on the spectral content of the
sound.

X12. The Precision of a Human Underwater Sound Locali-
zation Response. S. H. FEINSTEIN, Communication Sciences
Laboratory, University of Florida, Gainesville, Florida 32601.—
The precision of a human underwater sound localization re-
sponse was defined as the correspondence between the ob-
jective azimuth of the sound source and the azimuth indicated
by a pointer controller by the subject. It was determined that
the pointing response had an average error of 5.98 when the
subjects pointed to a visual target located in the frontal plane.
When the subjects were required to locate an acoustic target
located at some point in 360°, the average error was 19.2°.
Front to back (or back to front) reversals occurred at 0°
and 180°+£45° and amounted to 15.1%, of the total responses.
A replication of the visual target localization in 360° yielded
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an average error of 6.98°. After 240 training trials in which the
subject was allowed to visually correct his auditory localiza-
tion, the average error in 360° was 13.1°. Reversals were
reduced to 7.1%, of the total responses.

X13. Subliminal Underwater Sound Localization. H. HOLLIEN,
J. KINNEY,* S. FEINSTEIN, AND P. HoLLIEN, Communication
Sciences Laboratory, University of Florida, Gainesville, Florida
32601.—Recently Hollien [‘‘Underwater Sound Localization
in Humans,” J. Acoust. Soc. Amer. 52 (1972)] suggested
that individuals attempting to localize sound underwater
may utilize kinesthetic cues for this purpose. In an effort to
obtain data on this issue, two experiments were conducted;
in both cases the divers were dressed only in bathing suits and
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life support equipment. In the first experiment, signals were
provided at a pressure level that was approximately 10 dB
below the divers’ threshold at each of the respective fre-
quencies tested. In the second study, signal strength was at
105 dB SPL (re 0.0002 dyn/cm?), but it was masked out by
a sawtooth signal delivered to the divers' auditory mechanism
via a set of underwater earphones held against their heads by
a neoprene hood. Data from both investigations suggest that
underwater sound localization is an auditory function, as
there was no evidence that any information was obtained by
tactile sensation.

* Also with Naval Submarine Medical Center, New London,
Conn.

RovaL RoowM, 9:00 a.m.

Session Y. Underwater Acoustics IV : Signal Processing

A. J. VAN WoerkoM, Chairman

New London Laboratory, Naval Underwater Systems Center,
New London, Connecticut 06320

Contributed Papers (12 minutes)

Y1. Small Signal Suppression in a Class of Optimal Adaptive
Beamformers. R. S. VARrGA, Bell Laboratories, Whippany,
New Jersey 07981.—Optimal adaptive beamformers are often
designed to minimize the beam noise response while maintain-
ing a fixed response to an incoming signal. In the real world,
improvements in detection performance that could result
from noise rejection may not be realized because of a signal
suppression effect. In this paper, analysis of a particular
adaptive beamformer (ABF) shows the signal suppression
effect to be related to the reception of signals whose wave-
front departs from an assumed nominal wavefront (usually
planar). Experimental results demonstrate that slight dis-
tortions in the wavefront of weak signals can cause significant
degradation. Moreover, the degradation in signal response for
the ABF is uniformly larger than that of the delay and sum
beamformer (DSBF), for a given amount of wavefront dis-
tortion. In addition, ABF signal degradation is found to be
not only dependent upon the amount of wavefront distortion,
but upon the background noise field as well. This result is
specific to the ABF and not the DSBF. In particular, ABF
signal suppression is shown to increase as the noise field
anisotropy increases. Thus when the conditions for ABF noise
improvement are best, the potential for ABF signal degrada-
tion is greatest.

Y2. Influence of Input Quantizer Step Sizes on the Processing
Gain of Digital Beamformers. H. S. C. WaNG, Ede Carpora-
tion, College Point, New York 11356.—Utilizing a formulation
of output power of a digital beamformer with input quantizers
of unequal input and output step sizes reported elsewhere
(H. S. C. Wang, Quantizer Functions and Their Use in the
Analyses of Digital Beamformer Performance (to be pub-
lished); also see J. Acoust. Soc. Amer. 51, 135(A) (1972)],
the optimum quantizer step sizes that yield maximum proc-
essing gain are searched by the method of “steepest ascent’
with a digital computer. For the case of 2 bits/channel quanti-
zation with small input S/N (< —10 dB), the array gain
surface as a function of two independent step variables ex-
hibits a maximum that is somewhat greater than the maxi-
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mum array gain achievable with uniform input quantizers.
For larger input S/N (> —10 dB), no maximum can be found,
and, as the input S/N exceeds —4 dB, the array gain in-
creases monotonically with respect to both input and output
step variables. These phenomena were clarified by a numerical
study of a “3-level quantizer’” as a limiting case. The large
theoretical processing gain at large step sizes is attributed to a
threshold effect of the input quantizers.

Y3. Curvature Effects on Side and Aliasing Lobes of Trans-
parent Arrays. P. W. SmitH, Jr., AND E. F. BERKMAN, Bolt
Beranek and Newman Inc., Cambridge, Massachusells 02138 —
A transparent array, either continuous or discrete, is located
on a spherical surface. Its sensitivity is spatially constant in
magnitude and phase, compensated for maximum signal in
the direction of the main lobe. A stationary-phase analysis
shows that a sufficiently large continuous array has large
sidelobes in a direction dependent on array size. A discrete
array has aliasing lobes (grating plateaux) at a lower fre-
quency than does a similar flat array.

Y4. Information Derivable from the Doppler Polar Profile
Spectrum. RoNaLD L. SpoONER AND JuDE R. NitscHE, Bolt
Beranek and Newman Inc., Arlington, Virginia 22209.—
There has been considerable interest recently in the use of
Doppler shifted signal information as a technique for passive
acoustic localization. An investigation of this phenomenon
using conventional techniques, however, rapidly becomes
complicated by the large number of parameters and geometri-
cal configurations that must be considered. In particular, it is
especially difficult to determine the sensitivity of the tech-
nique to measurement errors. As an alternative, this paper
treats the Doppler profile in terms of its inherent information
content and indicates how such information may be utilized
to obtain both qualitative and quantitative results. By in-
voking Fourier transform and sampling techniques, the
limitations of Doppler localization are viewed in terms of
conventional filter bandwidth and aliasing problems. Further-
more, measurement sensitivity Is treated as a generalized
S/N ratio enhancement problem. Utilizing the methods of
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this paper, a more generalized and complete understanding
of the Doppler phenomena is achieved when compared to the
specialized results of conventional methods.

YS. A Technique to Verify Statistical Performance Require-
ments for Sonar Detection Systems. R. ]J. BURATTI AND
G. E. TREZONA, Federal Systems Division, IBM Corporation,
Oswego, New York 13827 —An automated [orced-choice
method of evaluating detection performance is employed
instead of the familiar fixed-threshald technique. The latter
method utilizes a number of preselected, constant thresholds
to estimate both detection and false alarm probabilities,
whereas, the former incorporates a variable threshold with a
precise false alarm probability to estimate orly the detection
probability. The estimate is obtained by selecting the “greatest
of” a number of alternatives—one containing signal plus noise
and the remainder containing noise only—to determine the
number of correct detections (selection of signal plus noise
alternative). The advantages of the forced-choice technique
are predetermined false alarm rate, a single parameter test,
less required test time, and real time monitoring of test results
by minimizing the amount of data reductions. A comparison
of both techniques is presented for two sets of typical statistics
encountered under test conditions. Because of the uncertainty
associated with the variable threshold, the forced-choice
results are slightly pessimistic, but are within 0.3 dB of the
fixed-threshold results. However, the forced-choice technique
can easily be made equivalent to the fixed-threshold procedure
by incorporating a correction factor into the test procedure.
[Work supported by Naval Ship Systems Command.]

Y6. The Principles Involved in Choosing an Explosive Source
and Processing Filter for the Measurement of Transmission
Loss. J. S. HaANNA AND B. E. Parkins, Bell Telephone Labora-
tories, Whippany, New Jersey 07981 —Explosives are often
used as a source of acoustic energy in transmission measure-
ments in the ocean because of the broad-band spectra of
underwater explosions and the wide range of levels that can
be generated. At the same time, this broad-band spectrum can
complicate a transmission loss measurement because the
spectral character of the shock wave and subsequent bubble
pulses of the shot can be very similar to the spectral character
of the loss that is due to the multipath structure of the prop-
agation. This complication can be avoided by the proper
choice ol the detonation depth and the charge weight. When
these choices have been made, the properties of the analyzing
filter of the data processing system must then be selected;
this must be done with regard for the nature of that portion
of the multipath structure to be resolved as well as the nature
of the charge spectrum. This paper discusses the principles
involved in making these choices and gives illustrations of
both short- and long-range measurements.

Y7. Certain Digital Quadrature Techniques for Bandlimited
Signals. O. D. GrAcE, Naval Undersea Center, San Diego,
California 92132.—Practical methods of signal processing of
bandpass signals by digital quadrature methods are discussed.
These methods assume a sufficiently dense uniform sampling
of a bandpass signal and include extractions of quadrature
samplings from uniform samplings; polynomial interpola-
tions, in which the sampling frequencies f,>w W ensure exact
interpolation; and error corrections for interpolations over a
finite data base. Also included are applications to the problems
of measuring the instantaneous envelope, phase, and fre-
quency of bandpass signals.
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Y8. Abstract withdrawn.

Y9. Effects of Ideal Clipping on Signal to Noise Ratios—A
Comparison with Linear Systems. P. R. Harimaran aAND
R. J. Scorr, The Magnravox Compeny, Fort Wayne, Indiana
46804 —Numerous articles have been published that show
there is a S/N ratio loss of 1.17 dB when sinusoidal signal and
narrow-band naise, with low input S/N ratio, is passed through
a hard limiter. In this paper, we analyze the effects of wide-
band noise on signals due to clipping. It is shown that the
resulting loss in S/N ratio depends not only upon the shape
of the input noise spectrum but also on the location of the
signal. Results are presented for real world spectra as measured
in the ocean, and it is shown that {or certain kinds of spectra
the loss could be as high as 10 dB.

Y10. Covariance Structure of Surface Reverberation. ROBERT
L.. Swarts, Honeywell Inc., Marine Systems Center, 5303
Shilshole Avenue N.W., Seattle, Washington 98107.—An
analytical expression for the covariance function of under-
water sea surface reverberation is obtained [rom the FOM
model. Certain powerful results based on the properties of
Fourier transforms are demonstrated. The expression is then
evaluated by computer for several hypothetical Doppler
density functions. Plots of the resulting covariance functions
are compared with functions obtained empirically from experi-
ments at 28 kHz in Puget Sound, Washington. Ensemble
averaging techniques are used. Effects of data nonstationarity
are also illustrated.

Y11. Characterizing Volume Reverberation Signals Using
Level Crossing Information. R. C. SpinpEL anp P. T. Mc-
ELRrOY, Department of Ocean Engineering, Woods Hole Ocean-
ographic Institution, Woods Hole, Massachuselts 02543.—A
point scatterer model is used to formulate expressions for the
expected number of level and zero crossings of backscattered
volume reverberation signals. It is shown that zero crossing
measurements on narrow-band transmitted signals can yield
quantitative estimates of scatterer population density in
oceanic deep scattering layers. Level crossing data can be used
to estimate scattering strengths. For wide-band transmitted
signals, level crossing information can provide a relationship
between scatterer Q and resonant frequency. Some features of
using crossing data are (a) level and zero crossing systems are
relatively simple to implement; (b) scattering strength
measurements are independent of transmitted signal wave-
shape; and (c) since zero crossings are unaffected by the
general time dependent decrease in reverberation level, zero
crossing measurement systems do not require time-varying
gain compensation. An experiment east of Bermuda compares
scattering strangth datermination through level crossings to
more conventional measurements. Also, the experiment gives
scatterer density as a function of depth through a scattering
layer. Peak densities of between 10~3and 2 X 1072 scatterers,/m?
are found.
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Session Z. Shock and Vibration III: A Review of Optical Techniques
for Studying Mechanical Vibrations

Frank A. ANDREWS, Chairman

School of Engineering and Architecture, Catholic University of America,
Washington, D. C. 20017

Invited Papers (25 minutes)

Z1. Vibration Measurement by Laser Interferometry: Homodyne and Heterodyne Techniques. F. J.
EBERHARDT, Electrical Engineering Department, U. S. Naval Acedemy, Annapolis, Maryland 21402.—
The theory of typical homodyne and heterodyne laser interferometers for vibration amplitude mea-
surements is reviewed. For the former, methods of absolute measurement by analysis of the harmonic
series with Bessel coefficient amplitudes is presented. These methods are applicable for measurements
from less than 1 A up. Limitations and noise problems are discussed. For the typical heterodyne sys-
tem the detection technique and calibration required are discussed in detail. A description is given of
the noise and bandwidth limitations on the range of amplitude and types of waveforms to be mea-
sured. Advantages and limitations of the two techniques are discussed in relation to each other and to
other optical approaches to vibration measurement. Applications that have already been found or
proposed, both for air and underwater measurement, are pointed out.

Z2. Focused Optical Imaging Systems for Vibration Measurements. J. A. CLARK, Acoustics Group, The
Catholic University of America, Washinglon, D. C. 20017.—Images of a vibrating surface can be formed
by focused (lens type) scanning, and holographic (lensless) optical systems. In this paper, methods for
adapting focused optical systems to obtain vibration measurements are reviewed. Included in the
review are methods for determining the state of vibration from displacement, slope, and velocity
measurements. The use of optical, spatial, and temporal filters, as well as reference beam interferome-
ters is described. In particular, recent advances in the design and application of confocal mirror
interferometers to vibration measurements are described. Real-time and time-averaging variations of
each method are noted. The types of data obtained with each method and procedures for interpreting
the data are discussed. Characteristics of the various methods such as sensitivity, cost, and con-
venience for in-air and in-water measurements are summarized.

Z3. Applications of Optical Holographic Interferometry in Acoustics Measurements. D. Cain, C.
JouNsON, AND G. MAYER, Navel Underwater Sysiems Center, New London, Connecticut 06320.— Holo-
graphie techniques are presently in wide use as an instrumentation tool in the area of vibration analy-
sis. This paper outlines the basic concepts of holography and reviews several state-of-the-art holo-
graphic techniques that are being used or could be used for research tools and data aquisition in
acoustics. The advantages and disadvantages of time-average, real-time, double-pulsed, stroboscopic,
and temporarily modulated holographic interferometry and speckle interferometry are discussed.
The various holographic techniques are compared with more conventional vibration measurement
methods with regard to cost, accuracy, completeness of data, and range of applicability. In conclusion,
several potential applications in acoustics research are presented for consideration.

Panel Session (25 minutes)

Contributed Papers (12 minutes)

Z4, Abstract withdrawn.
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2S. Electromagnetically Generated Elastic Stress Waves in
Rods and Pipes. BasiL P. LErFTHERIS, Reseerch Department,
Grumman Aerospace Corporalion, Bethpage, New Vork 11714,
anp P. C. Y. LEe aNp A. S. CakMmak, Department of Civil
Engineering, Princelon University, Princeton, New Jersey
08540.—A convenient laboratory method for producing high-
amplitude elastic stress waves in rads and pipes is described
and compared with existing impact methods [C. S. Yang
and R. ]J. Hassett, “Transient Stresses in Axisymmetric
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Bodies of Varying Area,” Exp. Mech. 12, No. 7 (July 1972)1.
The method employs electromagnetic repulsion of good elec-
trical conductors to convert electromagnetic energy to me-
chanical energy stored in the elastic stress wave. A description
of the apparatus and its design features is given as well as
equations that predict the amplitude and duration of the
elastic waves. The apparatus was used to study the stress
wave characteristics of pipes. In particular, a stress wave with
speed of propagation higher than the longitudinal phase
velocity in elastic isotropic solids predicted by Chang, Cak-
mak, and Lee [K. P. Chang, P. C. Y. Lee, and A. S. Cakmak,
“Propagation of Axially Symmetric Waves in Hollow Elastic
Circular Cylinders Subjected to a Step-Function Loading,”
J. Acoust. Soc. Amer. 49 (1971)7] was found experimentally
using the new method.

Z6. Abstract withdrawn.

THursDAY, 30 NOVEMBER 1972

EMPIRE Room, 9:00 A.M.

Session AA. Noise Propagation

RicHarD H. Lvon, Chairman

Department of Mechanical Engineering, Massachusetts Institute of Technology,
Cambridge, Massachusetts 02139

Invited Papers (30 minutes)

AAl. Noise Propagation in the Open Atmosphere. J. E. PiercyY, Physics Division, National Research
Council, Ottawa, Canada, KIA OS1.—This contribution to the review of our present understanding of
outdoor noise propagation, and the way in which it may be brought to bear on current problems, will
include all effects other than those due to the presence of the ground or other surfaces. Included will
be geometric spreading caused by source confguration, as well as absorption and refraction by the
atmosphere. The fluctuations of sound level due to atmospheric conditions will also be discussed. The
importance of bringing into engineering use the knowledge obtained in recent years in related fields
such as meteorology, propagation of light in the atmosphere, and vibrational relaxations in gases will
be emphasized.

AA2, Noise Reduction by Barriers. U. J. Kurzg, Battelle Institute, Germany.—A literature review is
prepared to summarize the present state of knowledge concerning the field performance of barriers,
with particular reference to screen-type barriers on finite impedance ground, to barriers of finite thick-
ness, to right-angle wedges, to multiple barriers, and to effects of wind. The attention is focused on
practicabilities and limitations of prediction schemes applied for the design of barriers, which shall
reduce the noise outdoors from vehicles on the ground and from stationary installations.

AA3. Sound Propagation over Open Terrain from a Source near the Ground —A Brief Review, Louis
C. SutHerLAND, Wyle Laboratories, 128 Maryland Street, El Segundo, California 90245.—The noise
field generated by a source near the ground can be significantly influenced by reflection and/or absorp-
tion by this ground surface. The measurement and prediction of outdoor noise sources must include
consideration of this influence. Practical situations where this influence can be significant are cate-
gorized. The range of acoustic characteristics of ground surfaces are considered and the corresponding
range of ground-to-ground propagation effects reviewed for steady-state noise sources near flat ground
surfaces with and without various types of common ground cover. Both theoretical and empirical
models for prediction of ground-to-ground propagation elfects are considered. Shortcomings in the
current state-of-the art are reviewed in order to suggest areas requiring further research.

AA4. Reverberation for Multipath Propagation in Urban Areas. RicHarp H. LyoNn, Massachusetts
Institute of Technology, Cambridge, Massachusetts 02139.—The propagation of urban noise combines
the transmission phenomena of reflection, scattering, and shielding to produce sound levels that are
substantially different from those that would exist in an open terrain situation. When the source is
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elevated, the number of important contributing paths is generally less than four or five, and the
reverberation phenomenon is simply a combination ol these. For street level sources, corridor prop-
agation is dominant, complicated by the scattering that occurs on the building faces. Sound level
patterns in streets, therefore, have significantly different forms than the propagation in a smooth
corridor as several field experiments have shown. This paper plays a series of results from both ex-
perimental and territorial studies that demonstrate the phenomenon involved in urban propagation
in addition to some of the unsolved problems that are apparent from the results.

Contributed Papers (10 minutes)

AAS5, Effect of the Ground on near Horizontal Sound Prop-
agation. J. E. Piercy, T. F. W. EMBLETON, aAND N. OLSON,
Physics Division, National Research Council, Ottawa, Canada,
K14 0S1.—The propagation of sound from a point source
over short grass on flat ground has been measured for the
relatively small grazing angles (<20°) normally encountered
in practice. The distances ranged from 1 to 1000 ft at several
locations. Shadow zones caused by the ground impedance
have been found in situations of importance to community
noise problems. With the microphone 4 ft above the ground
and 50 ft away from a source 1 ft above the ground, a con-
figuration relevant to snowmobile legislation and also exhaust
noise from vehicles in suburban settings, attenuation was
2215 dB in excess of inverse square law for frequencies near
1 kHz. For longer distances, up to 30 dB of excess attenuation
was observed at frequencies above 500 Hz. Two methods have
been developed for determining the ground impedance at
glancing angles. From these values, the attenuation in the
shadow zones may be predicted using the theory developed
by Rudnick (1947) and Ingard (1951). It is found that the
concepts of ground and sky waves used for electromagnetic
propagation are more helpful in predicting and understanding
these phenomena than the inverse square law currently used
for acoustic problems.

AA6. Atmospheric Ray Tracing. B. G. RoBERTS, JR., AND
E. H. BeEnss, Acoustical Division, Naval Research Laboratory,
Washington, D. C. 20390.—A study that has received added
consideration in the past few years is the propagation of sound
in the atmosphere. This was occasioned by the introduction of
jet atrcraft and the resulting noise which required locating
airports in such a position so as to minimize the undersirable
etfects. A study of the acoustical ray paths in the atmosphere
would provide criteria for selecting an appropriate location.

THURsSDAY, 30 NOVEMBER 1972

A computer program has been written for the CDC-3800
computer to predict the acoustical ray paths in the atmo-
sphere, as well to determine the transmission loss in air.
The program accepts data in the form of a temperature or
sound speed versus height profile. A wind velocity profile
may also be entered. The program will produce a printplot
of the ray trajectories, as well as a printplot of the transmis-
sion loss. A CALCOMP plot of the ray trajectories may also
be obtained. By observing the locations where the rays strike
the surrounding terrain and the resulting transmission losses,
a suitable location can be obtained to produce the least
annoyance.

AA7. A Climatology of Distant Airblast Propagations. Jack
W. REED, Sandia Laboratories, Albuquerque, New Mexico
§7115.—Microbarograph data from Nevada atmospheric
nuclear tests of 1951-1962 and some recent large chemical
explosives tests are presented to show climatological patterns
for long range propagation to about 225 km. Amplitudes are
normalized to 1-kiloton yield, free airburst, and corrected for
height-of-burst effects. Propagations under early morning
temperature inversions often showed double the amplitudes
expected for standard hemispherical explosion wave expansion
at 30-km ranges. With sound velocity-height gradients,
propagations may be reduced to 0.2X of standard amplitude
at 10- to 30-km ranges. Strong upper winds, at 6- to 10-km
altitudes, occasionally gave as much as §X magnification at
50-150 km. Ducting by the high stratosphere, near 50-km
altitude, is seasonally directed eastward in winter, westward
in summer. Amplitudes in the sound ring, near 225-km range
show as much as 3X magnification downwind and 0.006 X
reduction upwind. [This work was supported by the U. S.
Atomic Energy Commission. ]

EL Dorapo WEsT, 9:00 A.M.

Session BB. Physical Acoustics IV : Ultrasonic Energy and Power Measurements III

WiLriam D. O’Brien, [r., Chairman
Bureau of Radiological Health, Rockville, Maryland 20852

Contributed Papers (12 minutes)

BB1. Mapping of Ultrasonic Fields with Conventional Light
Diffraction. Birr. D. Cook, Cullen College of Engineering,
University of Houston, Houston, Texas 77004.—A theory is
proposed from which a cross-sectional mapping of a pro-
gressive beam can be obtained by conventional light diffrac-
tion techniques, i.e., by passing a parallel beam of light
through the sound field. To obtain sufhcient information, the
sound field must be rotated around its major axis for a series
of optical measurements. These measurements, along a line
perpendicular to the sound beam axis, are to yield the
strength and phase of the effective phase grating. As an ex-
tensive amount of data is needed to compute one map ultiliz-
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ing two-dimensional Fourier transforms, a data acquisition
system and digital computer are required. However, in the
constraint of linear acoustics, one set of measurements will
permit the calculation of the sound field in all space.

BB2. Absolute Determination of Acoustic Intensity by the
Method of Radiation Force on a Solid Elastic Sphere. A. J.
AversucH, F. J. Fry, anp F. DuNN, Bioacoustics Research
Laboratory, University of Illinois, Urbana, Illinois 61820.—
Hasegawa and Yosioka [J. Acoust. Soc. Amer. 46, 1139
(1969)7] have modified King's theory [Proc. Roy. Soc. A137,
212 (1935)] of acoustic radiation force on a solid sphere sus-
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pended freely in an inviscid fluid in a plane progressive sound
field to include the elastic properties of the solid. Evaluation
of the acoustic radiation force function y,(= F/ra?E), where
F is the radiation force on the sphere of radius a and E is the
mean energy density in the plane progressive sound field, has
been extended to cover the range of values of ka (k, the wave-
number) from 0 to 50 for type 440 stainless-steel ball bearings
and water, and compared with experimental studies in which
wavelength and radius of the sphere have been varied.

BB3. Scattering-Matrix Description and Nearfield Measure-
ments of Electroacoustic Transducers. D. M. Kerns, Electro-
magnetics Dvision, National Burean of Standards, Boulder,
Colorado 80302 —Recently developed analytical techniques
for the measurement of microwave antennas at reduced dis-
tances are “translated’’ into corresponding techniques for the
measurement of electroacoustic transducers in fluids. The
basic theory is formulated in scattering-matrix form and
emphasizes the use of plane-wave spectra for the representa-
tion of sound fields. This theory, in contrast to those based on
asymptotic description of transducer characteristics, is suit-
able for the formulation and solution of problems involving
interactions at arbitrary distances. Two new techniques (in
particular) are described: One, utilizing deconvolution of
transverse scanning data, which may be taken at distances d
much less than the Rayleigh distance dr(=e3/2)), provides
a means of obtaining complete effective directivity functions,
correcled for the effects of the measuring transducer. Applicability
of a (two-dimensional, spatial) sampling theorem and the
“fast Fourier transform” algorithm, which greatly facilitate
the necessary computations, is shown. The second technique
provides a means of extrapolating received signal as a func-
tion of distance (observed with d~dp or d>a instead of the
conventional d~dg) to obtain on-axis values of effective
directivity. Other possible applications are indicated. In
these techniques, pressure data are rigorously sufficient;
normal velocity data are not required.

BB4. Generalized or Adjoint Reciprocity Relations for Elec-
troacoustic Transducers, A. D. YAGHJIAN, NRC Postdoctoral
Research Associate, National Bureau of Standards, Boulder,
Colorado 80302.—The ‘equations of motion” of a linear elec-
troacoustic transducer are written in the alternative forms
LtX =0, L—X =0, where the matrices L* are linear differential
expressions, X = (E,H,u) represents electroacoustic fields, and
the superscripts distinguish selected normalizations of the
equations of motion. To each operator L* corresponds a
mathematically defined adjoint operator (L*)* and an as-
sociated adjoint transducer, whose material tensor parameters
are given by certain transpositions and interchanges of the
parameters of the given transducer. Dissipative characteristics
(lossiness, losslessness, or “gaininess’’) of the material of the
given transducer are preserved pointwise in the adjoint trans-
ducers. A generalized reciprocity lemma leads to relations of
reciprocal type between external properties of the given and
the adjoint transducers. In the self-adjoint cases, the con-
ventional electroacoustic reciprocity and antireciprocity rela-
tions are obtained and the derivation of those relations is
critically confirmed. The generalized or adjoint reciprocity
relations have been applied in the plane wave scattering-
matrix formalism developed for electroacoustic transducers
by Kerns (Abstract BB3). Corollaries of the adjoint reciprocity
relations, analogous to conventional reciprocity theorems, but
involving properties of adjoint pairs of transducers, are readily
derivable.

BBS5. An Ultrasonic Radiation Calorimeter. BRucE HErMAN
AND HaroLD F. StEwarT, Bureau of Radiological Health,
Rockville, Maryland 20852.—This paper describes a constant
temperature environment calorimeter for the absolute mea-
surement of ultrasonic power. This design uses a variation of

the classical calorimetric procedure of power measurement as
applied specifically to ultrasonic transducers. This measure-
ment technique has advantages over other methods in that
it is the least affected by beam shape and pulse duration.
The calorimeter consists of a conical shaped calorimeter cup
mounted in an outer brass cylindrical container. The calorime-
ter is placed in a water bath, which provides both a constant
temperature environment and an effective medium for the
propagation of ultrasound. The calorimeter cup is filled with
Dow Corning 710 silicon fluid, which is an eflective absorp-
tion medium. It has a 14-in. entrance window of gold coated
nylon separating the silicon fluid from the water bath. The
gold film is used as a resistance heater to maintain quasi-
adiabatic conditions between the silicon absorbing fluid and
the water environment at the entrance membrane. The tem-
perature difference between the silicon absorbing fluid and
the outer brass cylinder is measured with a bank of chromel-
constantan thermocouples. This measured temperature dif-
ference is a measure of the ultrasonic power. Calibration
of the system is accomplished with a constant resistance
heating coil immersed in the Dow Corning 710 absorbing
fluid.

BB6. A Scanning System for the Measurement of Beam
Profiles of Ultrasonic Therapeutic Transducers. [ErrY Harris
AND HarorLp F. Stewarr, Burean of Radiological Health,
Rockuville, Maryland 20852.—A system for measurement of
the intensity distribution across the beams of ultrasonic
therapeutic transducers is described. The system consists
of a mechanical positioner, a small receiving hydrophone,
electronic signal processing circuitry, and an X-Y plotter.
The positioner gives manual control over the location of the
hydrophone within the beam. The signal from the hydrophone
is fed to the electronics, which gives an output proportional
to both the spatial intensity and the integrated intensity as
the hydrophone is scanned across the beam. These outputs
are fed to the Y axis of the plotter. The X axis is driven by a
voltage proportional to the position of the hydrophone. The
resulting plots are used to determine how the energy radiated
from the therapeutic transducer is distributed within the

beam.

BBY7. A Portable Ultrasonic Radiometer. HaroLD F. STEWART
AND RoNALD ROBINSON, Bureaw of Radiological Health,
Rockville, Maryland 20852.—The prototype of a portable
ultrasonic radiometer for use as a field survey intrument of
therapeutic ultrasonic equipment has been developed by the
Bureau of Radiological Health. This instrument employs a
solenoid balance arm principle. One end of the balance arm
has a movable helical coil, which moves inside a fixed helical
coil, and the other end has an airbacked target 6 cm in diame-
ter, which intercepts the entire ultrasonic field. Near fric-
tionless rotation of the balance arm is achieved using a
jeweled fulecrum. A reference position of the target is pre-
determined as the null point, and upon application of the
ultrasonic power, deflection of the target occurs. Current
through the solenoid is used to reposition the target at the
null point, and the current required is an indicator of the
total ultrasonic power. A digital readout system directly dis-
plays this power output utilizing a manual zeroing capability.
The instrument provides a wide dynamic range of 100 mW-
100 W with a reproducibility error of less than 4-10%,. The
advantages of the resulting system over other measuring
systems such as the chemical microbalance, radiation pressure
float system, hydrophone, calorimeter, etc., are portability,
ease of measurement, digital readout, manual zeroing capa-
bility, direct linear measurement method, closed system, ease
in setup, and comparable accuracy and reproducibility.

BB8. Technique for Measuring Ultrasonic Power. J. G.
Zieponis, Hoffmann-La Rocke Inc., Rocke Medical Electronics
Division, Cranbury, New Jersey 08512.—1t is vitally important
341
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to know accurately the ultrasonic energy levels of elec-
tronic equipment that generates and sends ultrasonic energy
into the human body. Therefore, a radiation force measuring
technique was developed to measure the ultrasonic energy
generated by such equipment. Ultrasonic energy levels of
less than 1 mW/cm? have been measured, with good re-
peatability. The equipment used is a Mettler Balance, model
H-20-T, with a readable sensitivity of 0.01 mg and a target
that detects the incident radiation force. The target is at-
tached to the balance weighing pan and suspended in water
under the balance by a nylon line. The balance has a built-in
tare, used to counteract the ultrasonic energy force that
illuminates the target. In addition the tare is adjusted to
counteract the surface tension that normally occurs at the
nylon support line, which would interfere with the accuracy
of power measurements. The target consists of an air-backed
reflector that has a half angle of 45°. This angle and the air
space behind the thin metal surface makes the target a nearly
perfect reflector. To make certain that no ultrasonic energy is
reflected from the walls of the water tank, the ends of the
tank are tilted about 20°, and all the inside surfaces are lined
with ultrasonic energy absorbing material. This equipment
has been in use now for over a year. Ultrasonic energy power
measurements have been made on many different sizes, con-
figurations, and frequencies of ultrasonic transducers. Details
of this technique of measuring ultrasonic power will be re-
viewed in the paper.

BB9. Ultrasonic Field Measurements for Flaw Analysis.
JosepH L. Rosg AnND PaurL A. MEYER, Drexel Universily,
Philadelphia, Pennsylvania 19104.—The purpose of this paper
is to introduce experimental sonic field measurement pro-
cedures that can be used to analyze ultrasonic transducer
wave generation characteristics and wave reflection patterns
from specially shaped flaws in solid materials. This work is
essential for understanding principles of ultrasonic non-
destructive evaluation in homogeneous isotropic materials
as well as advanced composites and multilayered bonded
structures. Very little work to date has been done on this
subject except for the work related to the classical flat bottom
hole equivalent that is so widely used in ultrasonic inspection
test standards today. It is shown in the paper that sonic field
pressure profiles obtained in both pulse-echo and through-
transmission modes can be used to characterize flaw shapes,
sizes, and locations. The following details are included: (1)
Experimentally obtained pressure profiles in solid blocks are
compared with results obtained from a theoretical solution
for wave propagation in a solid material. The effects of trans-
ducer frequency, diameter, and type on the sonic field pressure
profile are discussed. (2) Experimental ultrasonic field pressure
profile measurements are compared with results obtained
from a finite difference two-dimensional computer code for
elastic wave propagation across a rectangular flaw in a solid
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block. Applications of the computer code to other problems in
flaw detection are presented. (3) Ultrasonic pressure profiles
are presented for wave reflection patterns across such flaws
as cracks and elliptically and circularly shaped holes. Guide-
lines for establishing inspection standards based on this work
are presented.

BB10. A Differential Microcalorimeter for the Measurement
of Ultrasonic Powers at the Milliwatt Levels. ADNAN SOKOLLU
AND SERPIL GUVENC, Case Western Reserve University, Cleve-
land, Ohio 44106.—A microcalorimeter system has been de-
veloped to evaluate ultrasonic power outputs, especially of
pulsed diagnostic transducers. The system is composed of two
basically identical calorimeters, interwoven by an extensive
network of thermocouples serving as an averaging tempera-
ture comparator. Borh calorimeters are mounted into a com-
mon housing with heavy aluminum walls so geometrically as
to ensure a well-balanced thermal equilibrium. Either calorim-
eter may be used as an energy recipient, while the other serves
as a temperature reference. Their filling consists of a silicon
oil that matches the acoustical impedance of water. Each
calorimeter contains a heating wire for caltbration and a cool-
ing system to achieve a fast temperature equilibrium follow-
ing the measurement. The thermocouple battery is formed
by 30 pairs of junctions, made of 20-p-diam copper and con-
stantan wire. It permits temperature evaluations at the mil-
licentigrade level. The overall sensitivity of the system is
approximately 0.08°C per calorie. Transducers to be measured
are inserted into one of the calorimeters and are energized for
about 30 sec and then pulled out to prevent the heat created
in the transducer from reaching the area of measurement.
Both pulsed or CW diagnostic transducers have been mea-
sured to ultrasonic power levels as small as 1 mW and with an
accuracy of about +49%,.

BB1l. Self-Reciprocity Calibration of Echo Ranging Trans-
ducers. Joun M. Reip, Providence Hospilal, Seattle, Washing-
fon 98122.—The technique of reciprocity calibration, which
allows the absolute determination of sound quantitaties, has
been effectively used for many years at low frequencies. The
self-reciprocity modification of this technique requires fewer
measurements and has higher accuracy. Present day pulse
echo systems have been used to perform this calibration on
their own transducer. These transducers are available with
wide bandwidths and can be used to measure both peak and
average fields. The technique is discussed from the standpoint
of energy density, from which the self-reciprocity conditions
and derived in a convenient form. The choice of auxiliary
measurements of impedance or open-circuit voltage is also
discussed. No acoustical standards are required. The tech-
nique appears to be suitable for average power measurements
on pulsed and CW systems. Corrections for short-pulse opera-
tion of typical medical systems require further investigation.

EL Dorapo East, 9:00 a.M.

Session CC. Engineering Acousties ITI: Transducers and Ingenious Devices

HArrY B. MILLER, Chairman

Naval Underwaler Systems Center, New London, Connecticut 06320

Invited Paper (30 minutes)

CCl. High-Performance Magnetostrictive Transducers. A. P. Enpson anp E. L. Huston, International
Nickel Co., Inc., Paul D. Merica Laboratory, Sterling Forest, New York 10901.—This paper is directed
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to the use of magnetostrictive materials for the generation of high-intensity mechanical vibration,
sound, and ultrasound. It will present a mathematical analysis of a novel method of electromagnetic
polarization and excitation that affords previously unattainable combinations of peak-to-peak mag-
netostrictive strain energy, electromechanical efficiency, and linearity. The analysis is based on a
nonlinear model valid for isotropic, square-law magnetostrictive materials. To achieve these resuits,
electromagnetic excitation is applied at a large angle relative to the axes of static polarization and
mechanical output. Because this is usually most conveniently achieved by application of magnetic
vectors at right angles to one another, the method has been termed ‘“‘orthogonal excitation.” A
specific system for orthogonal excitation, which permits electromagnetic self-polarization, will also be

discussed.

Contributed Papers (10 minutes)

CC2. Use of Orthogonal Fields in Magnetostrictive Scroll
Transducers. C. L. LEBLanc anp C. H. SHERMAN, New
London Laboratory, Naval Underwater Systems Center, New
London, Connecticut 06320.—A linear magnetostrictive theory
is used to investigate the alternating small signal character-
istics of a thin-wall scroll transducer polarized and driven with
orthogonal magnetic fields. The concept of orthogonal excita-
tion, advocated by researchers in the International Nickel
Co., is studied from this linear viewpoint, and values for the
eflective electromechanical coupling coefficient are presented
in terms of the material coupling coefficient ki derived by
applying collinear polarization and excitation magnetic fields
along the axis of principal strain. Although the effective
coupling was found to depend quite heavily on the magnitude
and orientation of the resultant magnetic fields, no case was
encountered where the effective coupling exceeded %35 How-
ever, it is expected that orthogonal excitation will have gen-
uine advantages under large signal driving conditions, and
two special cases of high-amplitude drive (linearized and un-
polarized drive) will be discussed.

CC3. Further Experiments with Impediography: A New
Ultrasonic Technique with Biomedical Implications. JoIE
PIERCE JONES, Bolt Beranek and Newman Inc., 50 Moultor
Street, Cambridge, M assachusetts 02138.—A new technique
suitable for medical diagnoses and nondestructive testing was
recently introduced [Papers NN7 and NN8, 83rd Meeting,
Acoust. Soc. Amer.]. Termed impediography, this method
employs time-domain deconvolution of appropriately shaped
acoustic impulses and their echoes to produce a temporal
waveform that can be related to physical parameters such as
impedance. Thus, impediography allows us to measure ac-
curately the specific acoustic impedance at an arbitrary posi-
tion within a test object. In preliminary experiments using a
spark source to illuminate the test object, analysis of the
reflected signal gave the impedance as a function of the
acoustic travel time. This acoustic ‘“picture” is termed an
impedogram. In this paper, two particular experiments will
be discussed in detail. In the first, impedograms of a soft
rubber test object were obtained under various degrees of
tension. Changes in impedance were clearly observed as the
sample was stretched. In a second experiment, a two-dimen-
sional impedogram was obtained of a rabbit's hind limb. This
impedance profile showed excellent correlation with the
actual biological structure: bone, bone marrow, skin, and
even fascia were clearly distinguished.

CC4. Piezoelectric Ring and Spherical Transducers Designed
to Vibrate in a Dipole Mode. JoHN CHERVENAK, Acoustics
Division, Naval Research Laboratory, Washinglon, D. C.
20390.—Free-flooding piezoelectric ring transducers have
good efficiencies, are capable of radiating high acoustic power,
are of simple design, and have the mechanical strength re-
quired for deep underwater submergence operation. However,
the omnidirectional acoustic radiation in the plane of a ring
transducer is undesirable for applications where directional

beams are required. Directional acoustic beams may be ob-
tained from nondirectional transducers by the use of reflectors
that are bulky, costly, and difficult to maintain for large low-
frequency arrays or by using volume arrays in which the
transducer elements are spaced and phased in such a manner
that acoustic radiation from all transducers adds in the direc-
tion along the acoustic axis of the array and cancels in the
opposite direction. Since the technique used to get direc-
tionality from biplanar or volume arrays controls acoustic
radiation only along the 0° and 180° but not the 90° and 270°
directions associated with beam pattern charts, the system
works best when transducers with dipole (figure-eight type)
beam patterns are used. The design of a dipole ring and
spherical transducer will be discussed and incasurement data
presented.

CC5. Suppression of Transducer Sidelobes by the Use of
Acoustic Bafles. B. G. WATTERSs, Bolt Beranek and Newman
Inc., Cambridge, Massachuselts, AND G. C. GODDARD AND
V. G. WELsBY, University of Birmingham, Department of
Electronic and Electrical Engineering, Birmingham B15 2 TT,
England.—The out-of-beam response of underwater acoustic
transducers may be reduced by the use of baffle systems.
This paper presents the results of experimental work carried
out recently at the University of Birmingham (U.K.) on the
effect of high-transmission-loss pressure-release planar baffles
placed to the side of the main axis of a transducer. The height
of the baffle (i.e., its projection beyond the transducer face)
and the distance in wavelengths from the transducer axis
have been varied over a wide range. Our results are compared
to values calculated on the basis of Fresnel diffraction theory.

CC6. Attenuation of a Resonant Dissipative Silencer in a
Rigid Duct. THoMAS J. TRELLA, Sound Control Depariment,
Koppers Company, Inc., Baltimore, Maryland 21230 AnD
PeTER K. KAsPER, NFK Engineering Associates Inc., Silver
Spring, Maryland.—Sound attenuation characteristics of a
resonant-type dissipative silencer consisting of a reactive
chamber with a porous facing have been considered. Such a
silencer provides a high degree of attenuation within a narrow
frequency range. Predicted attenuation values are compared
with experiment for plane waves propagating in a rigid duct
containing the dissipative silencer. The sound field is described
by one-dimensional acoustical expressions taking into account
the effect of boundary conditions and the presence of the
silencer. The theoretical model incorporates the acoustical
properties of porous materials and inertance of the sound field
in the duct adjacent to the silencer. Good agreement was
achieved between theoretical predictions and actual measure-
ments. Results presented indicate the dependence of the
attenuation spectrum upon flow resistivity and thickness of
the porous material.

CC7. Noise and Vibration Reduction in Piping Systems by
Flexible Couplings. P. H. WHITE AND P. E. RENTZ, Boilt
Beranek and Newman Inc., Los Angeles, California.—Un-
wanted noise and vibration in piping systems, generated by
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pumps, valves, or orifices can be attenuated by fexible
couplings. The efficiency of the resulting noise reduction is
governed by the physical characteristics of the devices and the
distribution of energy between the pipe wall and the con-
tained fluid. A good attenuator must reduce both fluid-borne
and structure-borne noise. Experiments confirm the analytical
prediction of energy distribution for acoustic and mechanical
excitation of the system. Further experiments on various
4-in.-diam flexible couplings demonstrate their relative noise
reduction characteristics for fluid- and structure-borne noise.
A two-element right-angle configuration is shown to be even
more than twice as efficient as one isolator, particularly at low
frequencies.

CC8. Gradient Loudspeakers. HARrRY F. OLsoN, RCA Labo-
ratortes, Princeton, New Jersey 08540.—The directivity of
gradient-type loudspeakers depends upon the difference in
phase of the generated sound pressures, or powers of the dif-
ference in phase of the generated sound pressures, between
two or more points in space. The directivity of the conven-
tional wave-type loudspeakers depends in some manner upon
wave interference of the sound emanating from the elements
of the radiating surface. To obtain any semblance of directivity
from the wave-type loudspeaker, the radiating surface must
be comparable to the wavelength. Therefore, the dimensions
of the wave-type loudspeakers become relatively large in the
low audiofrequency range. In contrast, gradient-type loud-
speakers are small compared to the wavelength. For sound
reproduction requiring directional loudspeakers, the gradient-
type loudspeaker provides the features of relatively small
size and uniform directivity with respect to frequency.

CC9. The STL~Ionophone Transducer. F. J. FRANSSON AND
E. V. JaNssoN, Department of Speech Communication, Royal
Institute of Technology, (KTH)S-100 44 Stockholm 70, Sweden.—
The STL-ionophone consists of a dc discharge in air. The dis-
charge emits sound when an ac current is superimposed on the
dc current. It represents a small sound emitter with high
internal impedance and constant source strength from low to
ultrasound frequencies. It can also register air motions as a
superimposed voltage and works in this function from zero to
ultrasound frequencies. It has been employed as a sound
source for measurements on woodwind instruments and models
of the human vocal tract. As a receiver, it has been em-
ployed to study the sound field at the embouchure of flutes.
Fundamental properties registered and applications will be
discussed.

CC10. Frequency Response of Condenser Microphones in
Gases other than Air. W. R. SEMRAU, Delroit Diesel Allison,
Division of General Motors Corporation, Indianapolis, Indiane
46206.—Performance of scale model fan noise experiments in
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a unique free-field heavy gas test facility required that a
method be developed for determining microphone response in
the high molecular weight gas. Using an electrostatic actuator,
calibration experiments in air, argon, helium, and freon-12
were conducted at several gas pressures. Results indicated
that microphone pressure response is essentially independent
of the test gas composition. At diaphragm resonance fre-
quency, where the greatest sensitivity variation was observed,
changes due to gas composition were only about 1 dB. Ap-
parently diaphragm damping is governed by pressure rather
than gas density. This result obviates the need for microphone
calibration in gases other than air.

CCl11. Analysis of the Operation of Electret-Key Transducers.
G. M. SessLER, Bell Laboratories, Murray Hill, New Jersey
07974.—The operation of electret-key transducers [see G. M.
Sessler and J. E. West, Proc. Int. Congr. Acoust., 7th, Buda-
pest (1971), Paper 23 E 1] is studied analytically. In par-
ticular, the relations between generated voltage and change
in transducer capacitance due to large-amplitude diaphragm
displacements are derived for transducers terminated by a
combination of resistive and capacitive components. Numeri-
cal results for the voltage generated by diaphragm displace-
ments with trapezoidal time dependence are also given.
Finally, a comparison of calculated and measured responses
is made. With certain modifications, the present analysis
applies also to other electret transducers, such as graphic
electret tablets, electret line transducers, and electret vibra-
tion transmitters.

CC12, Measurement of Acoustic Impedance of Several
Artificial Ears. H. D. REcorp, TRACOR, Inc., Austin, Texas,
AND E. L. HixsoN, Department of Electrical Engineering, The
University of Texas at Austin, Austin, Texas 78712.—The
driving point acoustic impedance of five artificial ears was
measured over the frequency range 100-7000 Hz. An acoustic
impedance measuring device was constructed, and consisted
of a small pistonphone, equipped with an accelerometer within
the piston and a $-in. insert microphone. Operational amplifier
integration and summing, together with an XY recorder,
allowed the continuous plotting of measured acoustic im-
pedance as the frequency range was swept. Since acceleration
and pressure were not measured at precisely the same point
in the system, a computer program was used to perform the
required phase correction and thus obtain true driving point
impedance values. The impedance measuring device and phase
correction procedure are described, and the results of the
measurements are presented. Artificial ears included are the
NBS-9A coupler, the ANSI type 1 coupler, the B&K type
4153 artificial ear, a TRACOR experimental coupler, and an
artificial ear constructed for this study. Measured values of
acoustic impedance are compared with design values.

SiLver CHIMES East, 9:00 a.M.

Session DD. Speech Communication V: Voice Frequency and Physiology

Vicroria FroMKIN, Chairman

Department of Linguistics, University of California, Los Angeles, Calsfornia 90024

This is a special session ; preprints provided ; discussion only.

Contributed Papers

DD1. Computer Modeling of Vocal Cord Pathologies and
Voice Registers. INGo R. TIT2zE AND WILLIAM J. STRONG,
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Department of Physics, Brigham Young University, Provo,
Utah 84601.—A detailed study of normal vibrational patterns
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of the vocal cords and a preliminary investigation of simple
vocal cord pathologies have been conducted. A 16-mass model
described in earlier abstracts [Titze and Strong, J. Acoust.
Soc. Amer. 51, 138(A) (1972); 52, 123(A) (1972)] represents
mucous membrane, vocal ligament, and vocalis muscle. An
18-section vocal tract and a 12-section nasal tract are coupled
to this system. Fundamental frequency, vocal dynamics,
register, and vibrato are linked quantitatively with the
physiological correlates, i.e., subglottal pressure, vocalic
contraction, vocal cord length, and elastic properties of vocal
ligament and mucous membrane. Interactions between the
vocal tract and the glottal source are demonstrated for the
vowels /a/ and /i/. An attempt is made to simulate localized
mass increase, i.e., a vocal node, and localized stiffening to ap-
proximate the effect of a mild cancer. The perturbed vibra-
tional patterns and the corresponding synthesized vowels are
discussed. Samples of normal utterances and slightly patho-
logical utterances are presented for several pitches in modal
and falsetto register.

DD2. Preliminary EMG Investigation of Certain Intrinsic
and Extrinsic Laryngeal Muscles in Patients with Spasmodic
Dysphonia. G. N. McCarL, R. H. CovLtoN, AND D. D.
RaBuzzi, Department of Olorhinolaryngology, SUNY Upstate
Medical Center, Syracuse, New York 13210.—EMG studies
were conducted on eight patients with nontremor related
spasmodic dysphonia. Bipolar hook-wire electrodes were
inserted into the cricothyroid, sternothyroid, and throhyoid
muscles of each patient. The electromyographic activity from
each muscle was recorded along with the voice of each patient
on a multichannel FM data recorder for subsequent writeout
and analysis. Data were obtained during quiet respiration,
as well as during each patient’s utterance of a standard se-
quence of isolated vowels, CV syllables, words, and contextual
speech. Data analyses revealed that the characteristic inter-
mittent voice stoppage episodes exhibited by patients with
spasmodic dysphonia occur in association with sharp, burst-
like increases in EMG activity in the cricothyroid and in some
instances the sternothyroid and thyrohyoid muscles. Patients
with spasmodic dysphonia tend to show prolonged contrac-
tion of the muscles under study prior to and following phona-
tion. The postphonatory time data provide evidence sugges-
tive of a problem in muscle relaxation. Implications of these
preliminary observations will be discussed and directions for
further investigation suggested.

DDa3. A Study of Larynx Height in Speech Using the Thyro-
Umbrometer. WiLLiaM G. EwaAN AND RoBERT KRONES,
Phonology Laboratory, Department of Linguistics, University of
Cualifornia, Berkeley, California 94720.—The thyro-umbrometer
consists of an array of seven rectangular photocells } in. X15
in., placed on one side of the subject’s neck (arranged so the
long axis of the photocells is normal to the surface of the
throat) with a point light source on the other side. The shadow
of the subject's thyroid prominence is cast on the photocells.
The output of each photocell is fed to a small computer, which
locates the laryngeal prominence at the level of that photocell
producing the least voltage. Preliminary results in tracking
the larynx height and F, reveal that (1) as has been widely
reported in the literature, larynx height and Fp are positively
correlated, but (2) larynx height is greatly affected by vowel
and consonant articulation; specifically, (3) voiceless stops
have consistently higher laryngeal position than phonetically
similar utterances containing voiced stops. [Supported by
the National Science Foundation.]

DD4. Predictors of Age in the Male Voice. W. J. RvaN, De-
partment of Communicative Disorders, Unversity of New
Mexico, Albuquerque, New Mexico, AND K. W. BURK, Inusiitute
of Logapedics, Wichite, Kansas.—Direct age estimates of 80
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adult male speakers, chronologically 40-80 years of age, were
made by 20 untrained listeners from recorded speech samples.
Forty recordings were selected for further perceptual and
acoustic analyses based upon high listener agreement ol
perceived age. Judgments by trained listeners of the presence
or absence of selected voice characteristics, in addition to five
acoustic measurements were intercorrelated. The significance
of these variables in predicling perceived age was assessed
through a multiple regression analysis. Results indicated that
five voice characteristics: voice tremor, laryngeal tension, air
lu~, Imprecise consonants, and slow rate of articulation,
were strong predictors of perceived age, and suggest specific
areas of future study involving age related physiologic,
acoustic, and perceptual changes in speech praduction.

DDS5. Fundamental Frequency Characteristics of Young Deaf
Adults During Oral Reading. Yostuyuki Horn anp Miro
E. Bisuore, Purdue University, Lafayette, Indiana 47907.—A
total of 18 youne deaf adults read a 181-word passage, and
distributional characteristics of fundamental frequency (fo)
were investigated using a period-by-period fy analysis program.
The results of analysis showed significantly higher f, means
and «maller standard deviations and mid-90¢;, range than
those for normal-hearing subjects. Deal speech was char-
acterized, furthermore, by significantly less skewness of
fundamental frequency distribution. In addition, bimodality
or multimodality of fo distributions commonly observed in
speech of normal-hearing subjects were also less clear in the
dcaf speech samples. The results indicate limited, monotonous
pitch variability and almost constantly strained type of
phonation in deaf speech. [This research was supported in
part by Air Force Cambridge Rescarch Laboratories, OAR,
and by National Institute of Dental Research. ]

DD6. Speed of Pitch Change. JoHN J. OnaLA AND WILLIAM
G. EwaxN, Phonology Laboratory, Department of Linguistics,
University of California, Berkeley, California 94720.—In an at-
tempt to determine the response characteristics of the larynx in
voluntary pitch change, five adult male subjects were in-
structed to execute a variety of coutinuous pitch changes, as
rapidly as possible, within the range 90-220 Hz. For a given
pitch interval, there was a marked tendency for an upward
pitch change to take longer than a downward pitch change.
Also, unexpectedly, there was no marked tendeacy for a change
involving a wide pitch interval to take longer than a change
involving a smaller interval. Speculations on the physiological
rcasons for these relations, as well as their possible relevance
to the phonology of tone and intonation, will be offered.
[Supported by the National Science Foundation and a
University of California Faculty Research Grant.]

DD7. Observations on a Multiple Harmonic Fe-Tracking
Program. T. B. Sxow AND ALLEN MONTGOMERY, Purdue
Unizersity, West Lafayette, Indiana 47907.—This paper pre-
sents some special features of an Fy tracking algorithm that
proceeds logically to examine the harmonic structure of speech
signals. The results of the procedure are Fo contours suitable
for such purposes as intonation studies, synthesizer inputs,
statistical studies of vocal frequency, ctc. Characteristics of
the system include a very low errar rate and a conservative
treatment of segments whose spectra are not clear. This
treatnent is based on continuity and whole-number ratio
constraints on harmonics detected from short-time spectra.
Error rates as low as one discontinuity in a 10-sec sample have
been achieved, with crrors generally being simple multiples
of the true fundamental, and therefore easily detectable.
Comments on the relationship of this approach to human
priteh letection will be made, and the potential application of
aspects of this method to the output of other Fp extraction
systems as a refinement procedure will be discussed.

345

The Journal of the Acoustical Saciety of America



84TH MEETING -

DDS8. Intrinsic F, in Vowels: Physiological Correlates. ]. E.
ATKINSON, Naval Underwater Systems Center, New London,
Connecticut 06320, and Department of Linguistics, University
of Connecticut, Storrs, Connecticut 06268.—It has been known
for some time that different vowels characteristically have
different average fundamental frequencies (F,) The most
influential explanations offered to account for these “‘intrinsic”
differences in Fy are (1) dynamogenetic radiation of muscle
potentials (e.g., Taylor, 1933); (2) mechanical interaction
with the supralaryngeal musculature (e.g., Lehiste, 1971);
(3) aerodynamic coupling between the largynx and the oral
cavities (e.g., Flanagan, 1968). In the present study, a sim-
plified explanation of source-system interactions is given in
terms of an electrical equivalent circuit. From this model sev-
eral physiological parameters are predicted for different vowels.
Measured physiological (air fow rate and subglottal pressure)
and acoustical data are compared with these predictions. The
measured data in all cases support the results predicted by the
model. This study supports the Flanagan model for source—
system interaction and extends its scope in terms of physio-
logical correlates.

DD9. Influences of Phonetic Sequences and Stress on
Fundamental Frequency Contours of Isolated Words, WAYNE
A. LEA, Untvac DSD, P.0O. Box 3525, St. Paul, Minnesota
55165.—At vowel onset following unvoiced consonants in
/haCVC/ utterances spoken by two talkers, Fy began high
(30% higher than in /o/), and fell about 79 in the first
5 csec. At closure of voiced oral obstruents, Fosuddenly dipped
about 10%, remained flat, suddenly rose about 259, at opening
of closure, and, after vowel onset, gradually rose (an average
of 8% in the first 10 csec). The high/low feature of the vowel
and the manner and place of prevocalic consonant articulation
had progressively less effect on vowel Fy values. The final
consonant had no apparent effect on Fy contours in the vowel.
As previous synthesis work has suggested, the fall or rise of
Fy in the initial portion of a vowel appears to be a cue to the
state of voicing of previous consonants. Initial and peak Fy
values in the vowel also can indicate state of consonant
voicing. However, Fy contours in bisyllabic words with con-
trasting stress patterns and similar phonemic sequences (e.g.,
permit, permit) showed that (1) an initially falling F, in a
vowel may indicate either previous unvoiced consonant or an
unstressed vowel, and (2) a rising Fu contour may indicate
either a word-initial vowel, a preceding voiced consonant, or
a stressed vowel.

DD10. Perception of Rhythm and Accent in English Words
and Phrases. SANDRA PRrUzANsSKY AND MyrRoN WisH, Bell
Laboratories, Murray Hill, New Jersey 07974.—Subjects were
presented pairs of three-syllable words and phrases and were
asked to indicate how much the elements of a pair differed
in rhythm and accent. In one session, subjects read the words
aloud; dashes were placed between syllables to make the
words and phrases orthographically similar. In another ses-
sion subjects listened to the pairs spoken by a single speaker ;
there was no written presentation of the stimuli. Separate
multidimensional scaling analyses of the two sets of data
revealed that three of the dimensions underlying each set were
basically similar, but there were some interesting differences
between tasks. The three similar dimensions were related to
the location of the syllable with primary stress and the num-
ber of stressed syllables. In an earlier study using the same
stimulus set and judgment task, Wish had found three di-
Yolume 53 Number 1
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mensions closely corresponding to the present ones. Two di-
mensions found in the earlier study, where stimulus words
had been printed without intersyllabic dashes, now appear
to be based on orthographic rather than acoustical differences
between stimuli.

DD11. “Tone” and Pitch Perception. ). VAN LANCKER AND
V. A. FrOMKIN, Department of Linguistics, UCLA, Los
Angeles, California 90024.—Research has demonstrated that
while many aspects of language processing are lateralized to
the left cerebral hemisphere in man, perception of pitch dif-
ferences is not. We have conducted experiments in the dichotic
listening paradigm to determine whether speakers of tone
languages show a right ear advantage in processing contrast-
ing “tones.” Three sets of stimuli were used : randomly paired
combinations of five Thai words differing only in tone; paired
lists of five Thai words contrasting only in initial segment ; the
five Thai tones hummed to contrast only in pitch level and
direction. Thai speakers were used as subjects. The prelimi-
nary results show that for Thai speakers, there is a right ear
preference for pitch stimuli only when the contrasting pitches
represent linguistic “tones.”” Consonantal discrimination and
“hums’ were processed as expected : a right ear preference for
consonants, a left ear preference for nonlinguistic pitch. [This
research was supported in part by a U. S. Public Health
Services (NIH) Grant, and in part by an Office of Naval
Research Contract. ]

DDI12. Electromyographic Study of the Tones of Thai.
Donna ERICKSON AND ARTHUR S. ABRAMSON, University of
Connecticut, Storrs, Connecticut 06268 and Haskins Laboratories,
New Haven, Connecticut 06510.—In our desire to study the
effects of laryngeal muscle activity on the rather complex use
of fundamental frequency changes in a tone language, we have
done an electromyographic analysis of the production of the
tones of Thai. We chose the Thai language because its five
phonemic tones differentiate words primarily by means of
characteristic fo contours. In the experiment, we asked four
native speakers to say 45 short sentences. Included in this
list were the five tones in nine contexts: the three long vowels
/aa ii uu/ and the three labial consonants /b p ph/. Our
findings indicate that for all four speakers, the activity of the
cricothyroid muscle increases with the raising of fo, and the
activity of the strap muscles— the sternohyoid, sternothyroid,
and thyrohyoid muscles—increases with the lowering of fy.
[This research was supported by the National Institute of
Dental Research, NIH Grant. ]

DD13. Dichotic Perception of Lexical Tone by Speakers of
Cantonese and English. PETER ]. BENnsoN, TiMoTHY S.
SMiTH, AND LINDA ARREAGA, Department of Linguistics,
Unuwersity of California, San Diego, La Jolla, California 92037.
—Current models of dichotic listening do not predict whether
linguistic word tones would be perceived more accurately by
the right or the left ear. In this experiment five Cantonese
words, all having the segmental structure /ma/ but differing
in tone, were presented dichotically to two groups of Ss. One
group consisted of right-handed native speakers of Cantonese,
the other of right-handed native speakers of English. Ss in
both groups were first trained to identify the tones using iconic
tone letter symbols, and were then tested dichotically. Overall,
there was a slight but nonsignificant left ear effect for both
groups. In the Cantonese group, four Ss showed a left ear
effect, and three showed a right ear advantage. In the English
group, three Ss showed a slight right ear effect, three Ss a
left ear effect, and one S no ear differences at all. These results
suggest that individual subjects are probably using somewhat
different strategies in identifying lexical tones, and would not
support claims that tonal stimuli are perceived in either a
linguistic (speech) or a musical mode of processing.
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Session EE. Psychological Acoustics IV : Deafness, Audiometry, and Fatigue

W. DixoN WARD, Chairman

University of Minnesota, Minneapolis, Minnesota 55455

Contributed Papers (10 minutes)

EEl. SKAT: An Automated, Self-Administered Preschool
Auditory Screening Test. R. C. BERRY, Boston University,
Boston, Massachusetts 02215, S. ]J. Katz AND T. SCHAEFER,
Searle Medidata, Inc., Waltham, Massachusetts —SKAT is
part of an automated, self-administered preschool screening
battery for vision, 1Q, and readiness. SKAT was designed to
detect educationally significant hearing and discrimination
problems. Sixteen CVC words were selected for familiarity to
preschoolers. The words were grouped into sets of four. All
words in a given set had the same vowel; consonants differed.
The four pictures for a set were displayed together on a rear-
projection screen. A response button was located beside each
picture. Words were presented through TDH-49 earphones.
To reduce testing time, conditioning was limited to naming
each picture once. When testing began, the S was instructed
to press the button next to, e.g., “‘pot.” A new display and
new word were presented when S responded, or after 6 sec.
Twelve words per ear were presented at varying intensities:
four each at 55, 50, and 45 dB SPL, randomly. Standard pure-
tone (Maico Audiometer) screening was administered to 61
Ss, K-2. Each S self-administered SKAT in 3.5 min, average
time. Six Ss (109) failed both procedures. Three (59%) failed
SKAT, but passed pure tone. In similar studies, more false
negatives and false positives have been reported for the VASC
and Fading Numbers Test.

EE2. Conventional and High-Frequency Hearing of Aviators
as a Function of Flight Time and Type Aircraft. Joun L.
FLETCHER, Department of Psychology, Memphis State Uni-
versity, hemphis, Tennessee 38111.—Conventional (500-6000
Hz) and high-frequency audiograms (4000-18 000 Hz) were
obtained from aviators flying jet (prop or pure) fixed wing and
from others piloting rotary wing (helicopter) craft. These
pilots varied widely within the three categories of aircraft,
i.e., jet, prop, or rotary, in the number of hours logged in the
aircraft. Data were therefore analyzed in terms of type air-
craft flown and exposure category (based on number of hours
flown). Results indicate a progressive decline of hearing level
with number of hours flown, with the decline first detected at
the frequencies above the conventional range, gradually pro-
gressing with continued exposure into the conventional (and
therefore speech) range. Results are discussed in terms of the
relative hazard of various types of aircraft, and in terms of the
importance of tests of high-frequency hearing to hearing con-
servation. [Supported by the Office of Naval Research, Engi-
neering Psychology Programs, Work Unit NR 197-002.]

EE3. Human Auditory Thresholds During Deep, Saturation
Helium—Oxygen Dives. W. G. Tuomas, Department of Sur-
gery, University of North Carolina School of Medicine, Chapel
Hill, North Carolina 27514.—Pure-tone air conduction thresh-
olds and Sensory Acuity Levels were measured on 33 different
divers during eight saturation dives ranging from 300 to
1000 ft in a hyperbaric helium—oxygen environment. A total
of 366 audiograms were performed at 26 different depths be-
tween surface and 1000 ft, as well as pre- and postdive audio-
grams at surface. All divers showed a progressive conductive
hearing loss related to depth, reaching a maximum of around

30 dB at 1000 ft, The greatest hearing loss occurred in the low
frequencies during the first 100 ft of the dives, with smaller in-
creases with additional depth. During decompression, hearing
levels were slower to return, with significant amounts of hear-
ing loss remaining at 2 [t from surface. Hearing for the higher
frequencies, especially 6000 Hz, became better than surface
values as surface was approached. All thresholds returned to
predive levels upon reaching surface. No change was noted in
the SAL for any depth.

EE4. A Discrimination Test for Nonspeech Signals. GOrRDON
R. BIENVENUE, Environmental Acoustics Laboratory, The
Pennsylvania State University, University Park, Pennsylvania
16802.—Coal miners, while they are exposed to excessively
high levels of noise, must be able to listen for roof talk or
sounds created by stress release in the mine roof, which is
indicative of an imminent cave-in. Any device that interferes
with the ability of the miner to hear these roof-talk signals
would constitute a safety hazard to the miner. It has been
suggested that the use of ear protectors might constitute such
a hazard. A set of roof-talk tapes has been assembled to as-
sess this possible hazard. These consist of one listening tape
for training subjects in listening to roof talk and a set of test
tapes for testing subjects’ abilities to identify the presence
of roof-talk warning signals in the presence of varying amounts
of noise. Six subjects were tested using these roof-talk test
tapes and speech discrimination materials. Aspects of test de-
velopment and test results will be discussed in detail. [This
research was supported by contract with the U. S. Bureau
of Mines.]

EES. Replication of Frequency Response Aspects of Hearing
Loss for Use in Communication Studies. James H. PRouT AND
GORDON BIENVENUE, Enuvironmental Acoustics Laboratory,
The Pennsylvania State University, University Park, Pennsyl-
vania 16802.—In studying the problems ol communication
among coal miners, it was desirable to replicate electronically
certain aspects of their hearing abilities so that one group of
normal-hearing subjects could be used for the entire study.
Tests were designed to determine the ability of miners to hear
speech and nonspeech signals in noise and quiet, with and
without ear protectors. Since miners cover a wide range of
ages with varying amounts of hearing loss, the literature
dealing with hearing of noise-exposed miners was surveyed
and collated to obtain audiograms of three representative sub-
groups. From this threshold data, a linear transformation was
used to obtain equal loudness contours for bands of noise.
Three electrical filters were then developed from this data to
approximate the frequency response aspects of the miners’
hearing loss. The derivation of the filters and some results of
tests involving their use will be described. [ This research was
supported by a contract with the U. S. Bureau of Mines.]

EE6. A Computerized Audiometric Sysiem for the Fail-Detect
Monitoring and Self-Calibration of Frequency and Hearing
Level. T. J. Woob, Institule of Speech and Hearing Sciences,
Unaiversity of North Carolina, Chapel Hill, North Carolina 27514.
—Past research has indicated the need of frequent monitoring
and calibration of audiometric stimuli. This study investigated
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the applicability of an automatic monitor and self-calibration
system for frequency and hearing level employing relevant
computer peripheral equipment and a mini-digital computer.
Unacceptable drifts in frequency and hearing level were in-
tentionally introduced into the system by respectively turning
the frequency selector dial of a function generator and an at-
tenuator. After monitoring and, if indicated, computerized
calibration, the signals were subsequently sampled via tradi-
tional calibration equipment to determine the frequency and
hearing level parameters of the computer-revised signals. The
obtained data were analyzed in terms of means, standard de-
viations, average deviations, and maximum errors encountered
at each of six audiometric frequencies (250 Hz-8 kHz). The
results of this study indicate the feasibility of providing fre-
quent stimulus monitoring and self-calibration within a sys-
tem of computerized audiometrics. [ This research was sup-
ported, in part, by the University Research Council of the
University of North Carolina.]

EE7. Acoustical Signature of Some Hand Guns Commonly
Employed in Law Enforcement. M. T. KoeaL anp P. G.
WEISSLER, Inmstitute for Basic Standards, National Bureau of
Standards, Washington, D. C. 20234.—Small condenser micro-
phones and a storage oscilloscope were used to record the
N-wave signatures from a 9-mm Ruger, 0.357 magnum, 0.41
magnum, 0.22 long rifle, 0.44 magnum, 12-gauge shotgun,
and 0.22 rifle. Measurements were made at the ear of the per-
son shooting and at the approximate position of a neighbor at
a firing range. Data on peak SPL and durations (4 and B
durations) are given, as well as data obtained at a practice
firing range. The results are discussed from the point of view
of using ear defenders to protect against temporary and per-
manent threshold shift incurred during practice. [Research
supported by the National Institute of Law Enforcement and
Criminal Justice. ]

EES8. Pure-Tone and Speech-Evoked Responses in Normal
and Noise-Exposed Squirrel Monkeys. RiciarD P. MaAI-
ORIELLO AND CHESTER R. WILPIZESKI, Department of Oto-
laryngology, Thomas Jefferson Unwversity, Philadelphia,
Pennsylvania 19107.—Monkeys were implanted with perma-
nent recording electrodes having tips placed in the auditory
nerve-cochlear nucleus region. AP input—output relationships
and VDLs were obtained from computer-averaged evoked re-
sponses to pure-tone pulses and selected monosyllabic words
before and after five consecutive daily 15-min exposures to
115 dB SPL of steady broad-band noise. Threshold shifts and
sustained reduction in AP amplitudes occurred at higher fre-
quencies. Response patterns evoked by speech appeared coded
in the form of amplitude modulation, and words could be
identified by the summed waveform associated with each
stimulus. Response patterns for some words were altered by
noise exposure. Results suggest that noise intensity—duration
combinations currently accepted as nonhazardous to hearing
(on the basis of TTS recovery) may produce persistent changes
in hearing function for suprathreshold sounds, and that speech
reception may be altered by noise stimulation followed by only
minmmal changes in pure-tone VDLs.

EE9. Asymptotic TTS in Chinchillas. WiLLiaM MELNICK,
MARIANN MIGLIORE, AND Davip LiMm, Department of Oto-
laryngology, Ohto Stale University, Columbus, Ohio 43210.—
Six chinchillas were monauralized and were trained to produce
behavioral audiograms using a shock avoidance procedure.
The animals were then exposed to a 300- to 600-Hz octave
band of noise at 85 dB octave band level {or a period of 96 h.
Thresholds were measured at 10 test frequencies ranging from
250 to 8000 Hz at varying intervals during the exposure. Re-
sults from the present investigation were remarkably similar
to those reported by Carder and Miller (1960). The growth

348 Number 1

Yolume 53 1973

ACOUSTICAL SOCIETY OF AMERICA

of TTS followed a triphasic pattern. Initially there was
a period of slow growth which lasted approximately 6-12
h; then there was a period of rapid growth, and finally an
asymptote was reached after a period of 2448 h. The asymp-
tote obtained in the present investigation was predicted fairly
well by the equation TTS=1I55 (octave band level —63).
All 10 of the test frequencies showed TTS. Recovery from
asymptotic TTS was complete for most animals by 12 days
postexposure, slightly longer than that reported by Carder
and Miller. [Partially supported by Air Force Contract.]

EE10. Behavioral and Anatomic Manifestations of Acoustical
Overstimulation. C. Tramoris, H. W. Apes, A. Kokko-
CUNNINGHAM, AND A. AVERBUCH, Department of Psychology
and Depariment of Electrical Engineering, University of Illinots,
Urbana, Illinois 61801.—The data to be discussed represent
preliminary attempts to investigate further the relations be-
tween acoustic overstimulation, cochlear pathology, and be-
havioral indices of auditory discriminability. Monaural chin-
chillas served as subjects and were tested by traditional avoid-
ance techniques to detect pure tones in “quiet’” and in various
levels of broad-band noise. Stimuli producing acoustic over-
stimulation included various levels of 4-kHz pure tones and
bandpass noise whose greatest spectral levels occurred be-
tween 1 and 2 kHz. Both “quiet”” and masked postexposure
thresholds will be compared to the cochleograms obtained six
months following stimulation. [Supported by grant from
NASA.]

EE1l. Audiometric and Histological Effects of Exposure to
40-usec High Level Impulses. DonaLp HENDERSON, ROGER P.
HAMERNIK, AND RONALD W. S¥TLER, Depariment of Otorkino-
laryngology, State University of New York, Upstate Medical
Center, Syracuse, New York 13210.—Monaural chinchillas (15)
were exposed to S0 impulses of either 158, 615, or 175 dB
peak SPL. The impulses were generated by a spark-gap source,
which produced an impulse with a 40-usec A duration. Quiet
thresholds were measured at 0.25, 0.5, 1, 2, 4, and 8 kHz, using
the averaged evoked response technique. Recovery was moni-
tored for 31 days and then the animals were sacrificed and
their cochleas were analyzed using the surface preparation
technique. The three exposures produced virtually no per-
manent threshold shifts (PTS) with the exception of 10-30 dB
PTS in one animal in each of the 165- and 175-dB groups.
However, hair cell losses were seen in all three groups. The
cochleagrams varied from low level scattered losses to lesions
of the OHC that spanned a 4-mm stretch in the base of the
cochlea. The THC lasses were considerably smaller and more
restricted. The audiograms do no necessarily reflect the state
of the cochlea.

EE12. The Interaction of Continuous and Impulse Noise:
Audiometric Effects. JaMEs J. CROSSLEY, RICHARD J. SaLvi,
RoGEr P. HaMERNICK, AND DonAaLD HENDERSON, Department
of Ororhinolaryngology, State University of New York, Upstate
Medical Center, Syracuse, New York 13210.—Continuous and
impulse noises, considered “safe’ by existing damage risk cri-
teria (DRC), were combined to model more realistic noise en-
vironments. Monaural chinchillas (23) were exposed to one
of the following conditions: (a) 95 dB SPL continuous noise
at 24 kHz for 1 h; (b) 50 impulses with a 40-psec 4 duration
al 158 dB SPL peak pressure; (c) interrupted combination of
the continuous and impulse noise with the continuous noise
off for 2 sec during the impulse delivery; (d) superimposed
combination of the continuous and impulse noise. Quiet
thresholds were measured before and after exposure at 0.25,
0.5, 1, 2, 4, and 8 kHz using the averaged evoked response
technique. Recovery was monitored for 31 days. The median
recovery from the 95 dB SPL continuous and 158 dB impulse
was complete by 30 h. The interrupted combination produced
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temporary threshold shifts (TTS) of 50-60 dB at 2, 4, and 8
kHz that required four days to recover. The superimpased
combination produced, 30 dB TTS at 0.25, 0.5, and 1 kHz,
7090 dB TTS at 2, 4, and 8 kHz, and a final median audio-
gram typical of noise induced sensorineural hearing loss with
3040 dB PTS at 2, 4, and 8 kHz.

EE13. The Interaction of Continuous and Impulse Noise:
Histological Effects. ROGER P. HAMERNIK, JAMES J. CROSSLEY,
DonaLD HENDERSON, AND RICHARD J. SALvi, Department of
Otorhinolaryngology, State Universily of New York, Upstate
Medical Center, Syracuse, New York 13210.—The cochleas of
the chinchillas exposed to the four noise conditions described
in the previous abstract were examined using the surface prep-
aration technique. The animals (six) exposed to the continuous
naise alone, had essentially normal hair cell populations. The
animals (five) exposed to the 158-dB peak impulse had hair
cell losses that ranged from a scattered low level loss toapproxi-
mately a 4 mm loss of OHC in the base of the cochlea. lHC
losses were considerably smaller. The animals {six) exposed to
the interrupted combination had nearly the same range of
hair cell losses as seen in the 158-dB group, with the exception
of one animal that had a large (8 mm) discrete loss of OHC and
IHC. The superimposed combination produced the most severe
hair cell lesions with five of the six animals showing nearly
1009, lossses of OHC and THC extending throughout the basal
one-third to one-half of the cochlea. The audiometric and his-
tological findings agree in showing that the superimposed
combination of the two '‘safe’” noises produces traumatic
effects that more than exceed the additive effect of either com-
ponent. The existing DRC do not provide guidlines for such
combinations.

EE14. An Evaluation and Description of the Electroacoustic
Units Associated with the Verbo-Tonal System. C. W. Asp,
J. E. KELLER, AND R. P. WiLL1AMS, Department of Audiology
and Speech Pathology, Univesity of Tennessee, Knoxville, Ten-
nessee 37916.—The verbo-tonal method advocates working
through the impaired auditory modality as the primary chan-
nel to habilitate or rehabilitate hearing-impaired people. To
implement this philosophy, six electroacoustic units have been
designed. The characteristics of these units are as follows: (1)
Suvag 1 has an electrical response that extends from % to
20 000 Hz; it can also be utilized in low-pass fiter conditions
of 0.6, 1, 2, and 3 kHz. (2) Suvag II is a multichannel unit
with the following modes of operation: (a) direct channel (20—
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20000 Hz); (b) low-pass and also low-peaking filters of 0.07,
0.15, 0.3, 0.6, and 2 kHz; (c) high-pass and also high-peaking
filters of 3, 4, 6, and 8 kHz; and (d) base and treble control of
+ and — 16 dB. (3) Suvag Lingua has discrete bandpass filters
that correspond to the “‘optimal octaves™ of normal-hearing
people; it is utilized for teaching foreign languages. (4) The
Mini Suvag hearing aid is a body-type aid with a wide fre-
quency response. If utilized with a separate power amplifier,
the unit can simultaneously drive both bone- and air-conduc-
tion transducers. (5) The audiometer is utilized to present pre-
recorded filtered speech signals. {6) The Suvag Vibar is a bone
vibrator that is placed at different points of the body during
the therapy procedure. Electrical and acoustic frequency re-
sponses will be displayed and compared to those of other units.
[Work supported by the U. S. Office of Education.]

EE1S5. Evaluation of Low-Frequency Amplification, Time in
Therapy, and Testing Conditions for Preschool Deaf Children.
C. W. Asp, E. H. FrRENcH, J. S. BERRY, AND J. E. KELLER,
Department of Audiology and Speech Pathology, University of
Tennessee, Knoxville, Tennessee 39716.—Fifty-five deaf
children were tested at four-month intervals with 27 test
words. The factors under test included: (1) type of amplifica-
tion (wide band versus narrow band); (2) testing times; (3)
auditory versus visual and auditory clues; and (4) testing with
amplification versus testing without amplification. Records
were kept on the familiarity of the test words and the number
of responses. Length of enrollment in the program was based
on the availability of each child over the five-year period of
this study. The verbo-tonal method was utilized to habilitate
all the children. For the third, fourth, and fifth years, an ex-
perimental design [C. W. Asp, J. Acoust. Soc. Amer. 48, 87(A)
(1970)] permitted the teacher to speak simultaneously
through two different amplifying systems, a wide-band audi-

-tory training unit (Suvag I) and a narrow-band unit (Warren

T-2). For one criterion measure, 20 656 speech samples were
recorded, randomized, and judged on a 9-point scale. Pre-
liminary statistical analyses suggested the following: (1) in
general, children assigned toa the wide-band unit improved at
a [aster rate than those assigned to narrow-band units; (2)
significant impravements were detected over the testing times,
(3) the scores were better when both visual and auditory clues
were available and also when amplification was available.
Data for additional criterion measures are being processed
for future reports. [Work supported by U. S. Office of Educa-
tion. Acknowledgment is offered for the many staff members
associated with this project. ]

DomiNioN RooM, 2:00 p.M.

Session FF. Shock and Vibration IV : Analytical and Experimental Studies
of Vibrating Systems

Cuarres T. MoLrLoy, Chairman

Systems Group of TRW Inc., Washington Operations, McClean, Virginia 22101

Contributed Papers (10 minutes)

FF1. Abstract withdrawn.
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FF2. Resonant Stresses in Structures Based upon Experi-
mental Response Data. L. D. MitcHeLL aAND M. C. Topp,
Engineering Materials Laboratory, E. I. du Pont de Nemours &
Co., Wilmington, Delaware 19898 —A combined experimental
and analytical approach to the problem of resonant stresses is
presented. The approach is formulated so that the mechanical
dynamic eigenvalue—eigenvector analysis can be used with a
single-point mechanical mobility measurement on the structure
to predict the resonant stresses at any point in the structure.

FF3. Transient Response of Multi-Degree-of-Freedom Linear
Systems to Forcing Functions with Inequality Constraints.
C. D. MicHaLorouLas, Department of Mechanical Engineer-
ing, University of Houston, Houston, Texas 77004.—Optimal
control theory is employed to analyze the transient response of
discrete linear systems to forcing functions whose dependence
on time is not known, but which lie within specified bounds.
Attention is focused on the complete determination of the
forcing function that will induce (a) maximum displacement
of any specified mass element; (b) maximum relative displace-
ment of any two adjacent masses; and {¢) maximum accelera-
tion of a given mass. Undamped mechanical systems with an
arbitrary number of degrees of freedom are considered wherein
only a single forcing function acts. In general, the desired forc-
ing function is found to be a bang-bang type function, that is,
a function which switches from the upper to the lower bound
and vice versa at certain instaats of time. The general pro-
cedure for finding these switching times is presented.

FF4. Nonlinear Transverse Vibrations of Inhomogeneous
Beams. AL1 H. NayrEH, Engineering Mechanics Department,
Virginia Polytechnic Institute and State University, Blacksburg,
Virginia 24061.—The method of multiple scales is used to
analyze the nonlinear transverse vibrations of inhomogeneous
beams including the effects of transverse shear and rotary
inertia. First-order uniform perturbation expansions are de-
rived for the displacements, shear force, and frequency in
terms of the ratios of maximum transverse displacement to
cross-sectional radius of gyration and cross-sectional radius
of gyration to wavelength.

FF5. Approximate Fundamental Frequency of Noncircular
Ring Membranes. F. E. Eastepr, Department of Mechanics,
Air Force Institute of Technology, Wright-Patterson Air Force
Base, Ohio 45433.—An exact solution for the frequency of a
Number 1 1973
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ring membrane can be obtained when the inner and outer
boundaries are concentric circles or confocal ellipses. If either
boundary has some other shape, approximate methods must
be used. This paper presents a simplified approximate method
for determining the fundamental frequency of ring mem-
branes whaose boundaries deviate only slightly from circular.
This method was initially used by Rayleigh in his investiga-
tion of simply connected membranes. The radii of both
bounding curves are approximated by a truncated Fourier
series. The membrane transverse motion, which is written as a2
superposition of the modes of a circular ring membrane, is
forced to vanish on the approximated boundaries. A character-
istic equation is obtained from which the approximate fre-
quencies may be found. This technique is used to determine
the fundamental frequency of the following: (1) Elliptical
ring membrane with the inner and outer ellipses being con-
focal; (2) square membrane with a centered circular hole; (3)
square ring membrane; and (4) an eccentric annulus. Com-
parisons with exact solutions, when known, are given.

FFO. Free Oscillation of Thin-Walled Open-Section Circular
Rings: A Conventional Approach. N. R. Mabpox, Esso Pro-
duction Research Center, Houston, Texas 77001, AND G. M.
ReNTzEPRIS, School of Engineering Science and Mechanics,
Georgia Institute of Technology, Atanta, Georgia 30332.—A
theoretical study of the eigenfrequencies for a complete thin-
walled open-section circular ring with one plane of symmetry
in the plane of the ring is conducted. The analysis consists of a
conventional theory incorporating St. Venant torsion, Timo-
skenko warping, torsional inertia, and, for the first time, the
shear center eccentricity from the center of gravity for out-of -
plane free oscillations and extensionality for in-plane free os-
cillations. This approach, including all the effects mentioned
above, yield four coupled equations of motion for the free os-
cillatons. With the plane of symmetry lying in the plane of the
ring, this system of equations splits into two coupled sets; one
for the in-plane oscillations, the other for the out-of-plane
oscillations. The complete ring eigenfrequencies correspond
to eigenmodes of four or more nodes resulting from the values
available in the literature even for slender rings; thisisattrib-
uted to the incorporation of the shear center eccentricity—an
effect that has been previously ignored. The out-of-plane ring
equations have been found to reduce to ring equations of mo-
tion available in the literature by elimination of various param-
eters. Studies of these various systems of equations of motion
have shown that the effect of the shear center eccentricity on
the natural frequencies of rings with radii ratios as low as 1:50
is not negligible. Hence, a vibration study involving mono-
symmetric rings should include the eccentricity of the shear
center if a reasonable prediction of natural frequencies and/or
the response of a system to a given forcing function is being
sought. If, in addition, one neglects the warping, the results
are completely erroneous for thin-walled rings.

FF7. Response of a Helical Coil to a Step Impact Load. D. W.
Haines AND N. CHANG, College of Engineering, University of
South Carolina, Columbia, South Carolina 29208.—A theoretical
solution is presented of a one-turn elastic helical coil of small
pitch with one end fixed and subjected to a step impact load
applied tangentially to the other end. Previously derived one-
dimensional equations [Paper H8, 83rd Meeting of the Acoust.
Soc. Amer.] are taken as the governing equations of motion.
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The Mindlin-Goodman method is applied to solve these equa-
tions with the boundary conditions as indicated. The solution
demonstrates the effectiveness of the coil as an impact ab-
sorber. [This work was supported by the National Science
Foundation.]

FF8. Vibration and Sound Radiation of a Plate. R. J. HaNn-
NON, Physics Department, The Pennsylvania State University,
University Park, Pennsylvania 16802.—Because of resonances,
plates are acoustically soft. The experimental evaluation of the
acoustic properties of plates is difficult since they are usually
supported at points which act to clamp the plate. To eliminate
this, a plate was placed on a cushion of open-cell plastic foam,
and the velocity amplitude due to a point force was determined
with a record player cartridge and a microphone in the near
sound field. The results show that the many modes that are
excited interact to generate “hot spots’’ on the plate. The at-
tachment of ribs and supports disturbs the vibration field and
leads to localized area of sound radiation.

FF9, Abstract withdrawn.

FF10. Exact Solution for Transmission Matrix of Liquid-
Filled Pipe Using Sylvester’s Theorem. D. R. SAMSURY, Naval
Ship Research and Development Center, Annapolis, Maryland
21402.—The differential equations describing the vibrational
behavior of a liquid-filled curved pipe are presented. The cor-
responding eigenvalue problem is formulated in terms of the
coefficient matrix of these equations in the usual (A — B) form.
With the aid of a special computer program, general poly-
nominal expressions for the elements of the adjoint of (A\]— B)
and its characteristic equation are obtained in terms of A and
elements of (B). A simple matrix operation is used to validate
their form. Solution of the characteristic equation yields the
eigenvalues and thus values for the adjoint matrix. Using this
information and Sylvester’s theorem, the desired transmission
matrix (U) is obtained. (U) reflects the effects of shear de-
formation, rotary inertia, damping, and cross-sectional de-
formation. Difficulty in obtaining the 14 distinct eigenvalues
is discussed as is the case of repeated eigenvalues. The final
transmission matrix is compared to one obtained by a demon-
strably accurate numerical approximation method.

FF11. Prediction and Measurement of the Proportionality
Constant in Statistical Energy Analysis of Structures. ROBERT
Lorz, U. S. Department of Transportation, Transportation
Systems Center, Cambridge, Massachusetts 02142, AND STEPHEN
H. CrANDALL, Massachusetls Institute of Technology, Cam-
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bridge, Massachusetts 02139.—The fundamental equation of
statistical energy analysis (SEA) states that the average power
flow between two coupled vibrating systems is proportional to
the difference in their average modal energies. Under certain
circumstances, one can estimate the proportionality constant
by modifying system boundary conditions on the separated
systems and calculating or measuring changes in the systems.
Newland’s estimate, based upon blocking part of the system,
is reexamined and limitations are discussed. Three alternative
methods which circumvent blocking are presented. They are
based, respectively, upon (1) natural frequency shift due to
addition of mass; (2) mechanical input impedance; and (3)
mean square velocity response at the excitation point due to
random excitation. The new methods were applied to predict
power flow in experiments on coupled beams and on coupled
plates. One or both parts of the coupled structures were then
excited by external random sources, and power flow through
the coupling was measured directly as a product of force with
velocity. The fundamental SEA relation was supported by the
measurements, which included the null power point where the
difference in average modal energies was zero. Measured and
predicted proportionality constants are compared. [ This work
was supported in part by the National Aeronautics and Space
Administration. ]

FF12. On Modeling the Vibration Characteristics of a Chain
Saw. D. D. REYNoLDS, Department of Architectural Engineer-
ing, University of Texas, Austin, Texas 78712, AND W. SOEDEL,
Department of Mechanical Engineering, Purdue University,
Lafayette, Indiana 47906.—The vibration response character-
istics of a chain saw were modeled, treating the saw as a rigid
body supported by a system of springs and dampers at the two
handle locations of the saw. The arrangement and values of the
coefficients for the springs and dampers were experimentally
selected to result in the same dynamic response as if human
hands were clasping the chain saw handles. The saw was
modeled as a 7 df (degree of freedom) system—three transla-
tional directions, three rotational directions, and one to de-
scribe the rotational motion of the slider-crank mechanism of
the 1.C. engine of the saw. The kinematic and dynamic prop-
erties of the slider-crank mechanism were exactly modeled.
The analytical results of the model for the fundamental forc-
ing frequency agreed very well with the experimentally mea-
sured results, often within 109 of each other. Because of
structural resonances of the saw body, which were not incor-
porated into the model, the agreement between the analytical
and experimental results at the harmonic frequencies of the
fundamental forcing frequencies was not as good.

FF13. Development of a Finite Element Model for a Guided
Spherical Shell. G. GEorcorouLas AND L. H. ROYSTER, Center
for Acoustical Studies, Department of Mechanical Engineering,
North Carolina State University, Raleigh, North Carolina 276006.
—A doubly curved anisymmetric spherical-shell finite element
is utilized in order to predict the dynamic response of spherical
shells for the Class V flextensional underwater acoustic trans-
ducer. The spherical shell is represented as a finite nuinber of
spherical frustra, joined at nodal circles. Norozhilov’s “Thin
Shell Theory" is applied and the element stiffness and mass
matrices are derived and numerically integrated by utilizing
Gauss—Legendre polynomials. The frequency coefficients of a
spherical shell are defined. An IBM 360/75 computer is used for
obtaining numerical results for varying thickness and opening
angle, with guided clamped, guided pinned, clamped, and
pinned boundary conditions. Numerical results for the Class V
flextensional underwater transducer shell are included. Finally,
a convergent test is carried out for a different number of finite
elements for the Class V flextensional underwater transducer
shell having pinned boundary conditions. The results agreed
almost perfectly with earlier results obtained experimentally.
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Session GG. Underwater Acoustics V: Scattering; Noise

Buertes G. ilurbnLg, Chairman

U. S. Naval Research ".aboratory, Washington, D. C. 20390

Contributed Papers (10 minutes)

GG1. Abstract withdrawn.

GG2. Underwater Modulation Effects. H. S. HAvrE, Professor
and Dzrector of Wave Propagaiion Labs, [lecirical Engineeriag
Department, Universitv af Houston, Houston, Texas 7700+ —
The use of Kirchholf-Huygens' integral 1s made to show that
both amplitude an! angle modulation are produced by the
relative motion of the signal source and the randomly scatter-
ing ocean surface or the target with its .»ssociated random
medium eliects. Furthermore it is shown that these two modu-
lation etfects are statistically dependent. The case of a Doppler
system where the am:itude modulation effects are essentiully
eliminated by hard luniting is studied. Tl refore the depen-
dence of the Doppler signal spectrum and «is bandwidth on
the ~ .rface roughness, as well as the angle of incidence, are
derivi d tor an operational frequency of 50 kHz. The rases
of one-dimensional isotropic surfaces, as well as surfaces with
along- and cross-wind, statistically independent, spatial
height correlation functions are considered. The results are
expressed in empirical forri= to show their v-efulness to syster-
designers and operational personnel.

GG3. Doppler Spreading of Reverberation in Shallow Water.
J. M. Ross anp C. Brocuu, Defence Research Establishment
Atlantic, Dartmouth, Nova Scotia, Canrada.—Reverberation
data have been gathered with a narrow-beam transduccr,
which 1r.ansmitted a 1.} sec CW pulse at 9.5 kHz, The tra..--
ducer was towed thro. . % the waters of the Scotian Shelf and
Gulf of St. Lawrence at various depths. Conditions exist in
these relatively shallow water areas where surface, volume,
and botlom are all, at different times, the dominant b.cck-
scatterisig mechanism. In winter, because of the typd-u.ily
strong positive thermal gradients, surface reverber:tion
dominates. In summer, two common situations exist: 3
strong negative gradient, where bottom: is the dominant
backscatterer, and (2) a pronounced sound channel where
volume may be the dominant backscatterer if leakage is - inall.
If sufficient leakage occurs, contributions from bottom and
volume reverberation can both be significant. When surface
reverberation dominates, spectral bandwidths are a function of
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the sea surface conditions. When bottom reverberation is
dominant, the spectral spreading is greater than that asso-
ciated with the system resolution, probably due to variations
in shear currents. The spreading associated with volume re-
verberation lies between that of bottom and surface back-
scattering, but the scattering strength is significantly lower.

GG4. An Acoustic System for Measuring the Waveheight of
Sea Surface Waves. WiLLiaM [. Roperick,* New London
Laboratory, Naval Underwater Systems Center, New London,
Connecticut 06320.—An upward-looking echo-sounder system
has been designed to measure the time varying waveheight
of sea-surface waves. A narrow beam of pulsed acoustic energy
was focused on the sea surface by utilizing the transitional
region from the near to farfield characteristics of a circular
piston transducer. The transducer, operating at 360 kHz, was
pulsed at 10-msec intervals to sample the waveheight. By
transmitting short pulse lengths, the wide-band characteristics
of the transducer were used to discriminate against near-
surface bubble reverberation. The system is linear and can
presently measure surface wave frequencies below 4.5 kHz.
Waveheights as small as 0.05 in. were measured in a model
tank by comparing the echo-sounder results with results ob-
tained from a micrometer. An experiment, conducted in the
Thames River, compared the performance of the echo sounder
to a 15-ft resistive wave statf. Comparisons of ensemble-
averaged power spectral densities obtained from the wave
staff and the transducer, positioned 10 ft below the surface,
were excellent for wave frequencies below 4.0 Haz.

* Currently a nonresident research student with the Uni-
versity of Birmingham, Birmingham 15, England.

GGS5. Deep-Scattering-Layer Observations off New Zealand.
W. E. BATzLER, Naval Undersea Center, San Diego, California
92132 —Acoustic  volume scattering measurements made
during the 1971 winter season at 18 deep-water stations north
and east of Auckland, New Zealand, are presented in terms
of volume scattering strength and column strength. (Columns
extend from near surface to a depth of 1000 yds.) Both pulse-
type data, at 5.0 and 12 kHz, and explosive-source data were
obtained. At a given frequency, there is little station-to-
station change in column strength over the }-oct bands from
1 to 20 kHz. Typically, column strength rises sharply from 1
kHz to a maximum at 5 or 6 kHz followed by a slight droop
and another maximum at 16 kHz. Values fall in the range —40
to —70 dB. With one exccption, night column strengths are
higher than day values; this day-to-night difference has a
maximum in the neighborhood of 3 kHz. The pulse results,
expressed as volume scattering strength versus depth, also
show station-to-station similarities; the principal scattering
layers occur at about the same depths, and cofumn strengths
do not ditfer greatly. The distribution of volume scattering
strengths with depth reveals distinguishing station-to-station
differences not provided by the explosive data. Column
strengths obtained from pulse data are in satisfactory agree-
ment with those obtained from explosive measurements.
Comparisons show that scattering levels off New Zealand are
as high or higher than those observed in other North and
South Pacific areas.
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GGO6. Measured Effects of Ice Roughness ¢a under-Ice
Transmission Loss. O. I. DiacHok anp T. L. Kozo, (7. &
Naval Qceanographic Office, Washington, D. C. 20390.— Coin-
cident measurements of under-ice transmission loss over a
frequency range of 100-1000 Hz and top ice roughness were
made from aircraft. The acoustic measurements were made
with calibrated sonobuoys and explosive charges, while top
ice roughness measurements were made using a laser profiler
along several 100-km tracks. The resulting ice roughness
data is expressed in terms of ridge density. \s expected, low-
frequency transmission loss increases with top ice ridge density.
According to a preliminary analysis of top and bottuom ice
roughness data, top ice ridge density is a quantitative indicatr
of bottomside ridge density and rms roughness. The data i.ve
compared with theoretical predictions and previous mcasure-
ments. Some possible acoustic scattering mechanism~ at the
water-ice interface are suggested.

GG7. Under-Ice Reverberation Modeling by Means of
Multiple Regression. W. B. BircH, Newport Laboralory,
Naval Underwater Systems Center, Newport, Rhode Island
02840.—Multiple regression techniques are being used to
produce a model of under-ice reverberation when minimal in-
formation exists concerning the nature of the under side of the
ice. Field recorded acoustic data have been used to generate
a series of equations that estimate the reverberation signal
at the transducer face for each of several times following
transmission of an acoustic pulse. The highest percentages
of explained deviation have been obtained using a linear
regression equation of the form

V' =bo46:X1+02X2+01.X3+0,.X,,

where Y’ is the signal amplitude; X,, X, Xai, X, represent,
respectively, the independent variables of transducer elevation
angle, pulselength, depth, and beamwidth; and bq, b1, ba, b3, by
are the regression coefficients. Confidence limits for the co-
efficients and the relative contribution of each variable to the
regression are provided by an analysis of variance. The final
model is intended to permit prediction of the reverberation
sound pressure level at a transducer face for known transducer
acoustic and physical parameters.

GGS8. A Simplified Description of Wind-Generated Noise for
Sonar Response Applications. G. G. Hucuins anp C. B.
BurroucHs, Bolt Beranek and Newman Inc., Arlinglon,
Virgina 22209.—Many current ambient unoise measurement
and modeling programs are aimed at improved estimates of
the spatial properties of ambient noise fields. One application
of these studies is the development of models for predicting
sonar array response to anisotropic ambient noise. The
purpose of this paper is to present a simple model developed
in closed form for sonar applications, and yet which reflects
the dependence on important environmental parameters.
The model describes vertical directionality of wind-generated
noise above and below the horizontal for a near-surface
receiver. The sensitivity of the model to such factors as the
strength and sign of the velocity gradient, bottom loss, and
water depth are explored. Comparisons 1o more accur :te and
comprehensive models and measurements show that tin model
satisfactorily describes the substance «! these environnwental
factors. For example, noise directionality above the horizontal
for a shallow receiver is only weakly dependent upon the
velocity gradient. Below the horizontal, results are strongly
a function of bottom reflectivity and nearly independent of
water depth. [Study supported by NAVSHIPS, P15 302-4.]

GG9. Sonar Array Response to Ambient Noise Directional
Fields, Comparing Numerical Results to Closed-Form
Estimates., G. G. Huccins anp C. B. BurroucHs, Bolt
Beranek and Newman Inc., Arlington, Virginia 22209.—
Several studies have been directed towards the development
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of both numeric ana .tical expressions of ambient
noise direct’:nal s paeper, the results of a simplified
ambient noise muodel are emplo red to examine the response of
sonar arravs 10 direstaal noien [ lds. Expressions are found
for the array gain ag. 11t wind noise for near-surface arrays,
employing vertical and horizontal line arrays .as examples.
The results ore voiepioe 4 i o0 ch case with array gain against
isotropic noise (e, .y ‘ndex). Array response is
found as a function of .eri:- srientation, freque cy (or size),
and steering angle. For tl« Droadside steered iine array, a
simplified beam response pattern is used to find array gain
for these simple .naly. ~ - ise models. Results compare
very well with . -wuputed using more precise
models of i e . and exact a.ray response
patterns. The ruj.aicati-. ~onar design and performance
studies are discvssed, :  -: v similar esttima. for the re-
sponse ol more complex ariay configurations. | Study sup-
ported by NA- ~HIPS, ™ < 3024,]

PR

GG10. Ambient INo.~ ...w.uration at the Arctic Ice-Water
Boundary. O. L. Diac=9k anp R, S, Winokur, U. S. Navael
Oceanographic Office, liashington, D. C. 20390.—Quasi-
synoptic measurements were made to determine the spatial
variability of ambient noise at the Arctic ice—water boundary
over a [requency range from 100 to 1000 Hz. The results of
this investigation show that the ice~water boundary acts as a
spatially well-defined source of ambient noise with measured
noise levels near a cwrnarr odge about 12 dB3 higher than
open water levels and .ibout "0 dB higher than levels far in
the ice held. Aleasured noise levels near a diffuse ice edge
were about 4 dB higher than open water levels, and about 10
dB higher than levels far in the ice field. The relatively high
noise levels are probably generated by wind-wave interactions
with ice floes. Specific mechanisms of noise generation are
suggested, and the measured data are compared to ambient
noise data in the rentral Arctic.

GG11. Long-Term Ambient Tir.ise Measurements in the N.E.
Pacific Ocean. J. A. Scrim. v, Defence Research Establish-
ment Pacific, F.M.O., Victe o, B.C., Canada.—Long-term
(one-year) open ocean me:-urements of ambient acoustic
noise were made in the N.E. 'acific Ocean using instrument
packages placed on seamounts. The seamounts Cobb [summit
15 fathoms (f)], Union (s -t 160 f), and Br wie (summit
16 f), extended over 61° -1 iatitude in a near N -5 direction.
Packages were placed oit «ameunts Cobb and Bowie on
terraces at about the 110-f level and on Union near the
summit at about the 170-f level. Averaged 4-min samples of
noise level in the 150- to 3vi*-Hz frequency band were ob-
tained once per hour and recorded as a bar graph on strip
paper chart. Usable data yiel ' was about 509,. The data are
presented in the form of histograms of frequency of occur-
rence of noise level in 5-dB intervals by months. There
appears to be about a 4-dB increase in noise level in the band
il the winter months. A brief description of the instrument
package and the technique used for placement and recovery
will be given.

GG12. The Effect of Ice Cover on Shallow Water Ambient
Noise. A. J. COLLIER, Deferice Researck Establishment Atlantic,
Dartmouth, Nova Scotia.—-Ambient sea noise in the frequency
range 12.5-6400 Hz was measvred in the Cabot Strait, near
Cape North. Nova Scotia, during the period 23 February to
16 April 191 - butcom- wunted hydrophone at a 350 ft
depth. During this period. the loe ice moved continuously,
giving ice ¢ - ~ree the: e ‘rom 0/10ths to 10/10ths.
The wind-depuident noise ~3 :ctea and distributions of spectral
levels are presented for various degrees of ice coverage. It was
found that the spectral levels are wind dependent for all
degrees of ice cover, § -t the under-ice spect 1l levels are
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significantly lower than the open water levels for comparable
wind velocities.

GG13. Acoustic Assessment of North Pacific Salmon Stocks.
W. C. Acker, Applied Physics Laboratory, University of
Washington, Seattle, Washington 98195.—Acoustic sampling
of various fish stocks and the acoustic characteristics of fish
targets are being investigated as part of the Marine Acoustics
Program at the University of Washington. An important out-
growth of this research is the development of a free-floating
acoustic system which is being used to help index the North
Pacific salmon population. This is an uplooking system which
operates at 250 kHz. Average target size of the migrating
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salmon is about — 30 dB within the aspect angles encountered
in the sample volume. Acoustic source level and TVG receiver
sensitivity were adjusted for that average size, but a fairly
wide range of target-size fluctuation can be accommodated
(£10-15 dB). Studies of relative abundance indicate that the
population density in particular areas is related to the spawn-
ing migration to Bristol Bay, Alaska, the following year thus
providing an index of population abundance [D. E. Rogers,
Fish Rec. Inst. Circ. #70-7 (1970)]. A second acoustic system
is now being developed for use in Bristol Bay to generate
population data upon which to base the day to day manage-
ment of the fishery so that catch and escapement are
aptimized.

SiLver CHIMEs East, 2:00 p.M.

Session HH. Speech Communication VI: Speaker Identification,
Speech Recognition, and Synthesis

A. MicHAEL NoLL, Chatrman
EOP/OST, Washingtor, D. C.

This is a special session ; preprints provided ; discussion only.

Contributed Papers

HH]1. Effects of Context on Voiceprint Identification. BARRY
HazeN, University of North Carolina, Chapel Hill, North
Carolina 27514.—This study investigated how well the file
card system of Voiceprint Identification reported by Kersta
(1962) fulfills its purpose of minimizing the effects of con-
textually caused spectral variation, and how well it serves as
either a population reduction or identification tool. Subjects
received training equivalent to that received by the experi-
menter in the Voiceprint Identification Training Course, and
achieved error rates approximating those achieved by Kersta's
subjects for similar training tasks. Experimental tasks re-
quired subjects to identify unknown speakers from a popula-
tion of 50 known speakers by first eliminating all known
speakers they were certain were not the unknown speaker,
and then attempting identification. Ten attempts were made
where the unknown and known speech samples of the same
speaker were excerpted from the same phonetic contexts, and
10 attempts where they were excerpted from different con-
texts. Statistically significant differences in subject perform-
ance for same and different context tasks indicated that the
file card system does not substantially minimize the eflects
of contextually caused spectral variation. The magnitude of
error rates suggests that it cannot be used for either population
reduction or identification,

HH2, Speaker Recognition and Verification using Linear
Prediction Analysis. M. R. SAMBUR, Bell Telephone Labora-
tories, Whippany, New Jersey 07981.—The speaker recognition
and verification effectiveness of a set of 92 measurements was
examined. These measurements included the formant struc-
ture of vowels, the duration of certain speech events, the
dynamic behavior of the formant contours, various aspects of
the pitch contour throughout an utterance, formant band-
widths, glottal source ‘“‘poles,” and pole and zero locations
during the production of nasals and strident consonants.
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Linear prediction methods were employed in the analysis, and
a probability of error criterion was devised to evaluate the
speaker-characterizing potential of the measurements. The
experimental speech data were collected during five different
recording sessions, the last session being 3% years after the
original recordings. The measurements that were found most
useful were related to the nasals, certain vowel resonances,
certain temporal attributes, and average fundamental fre-
quency. A speaker identification experiment using only the
five “best” measurements resulted in only one error in the
identification of 11 speakers for 320 test ‘“utterances.” [This
work was part of a doctoral thesis at the Massachusetts
Institute of Technology.]

HH3. Techniques for Objective Speaker Identification.
GEROGE D. Hair AND Taomas W. ReKIETA, Texas Instru-
ments, Incorporated, P.O. Box 5621, Mail Station 939, Dallas,
Texas 75222.—A technique has been developed and tested for
identifying from voice recordings which, if any, of a number of
possible speakers corresponds to a particular object speaker
recording. Segments of the same set of selected phonemes by
the object speaker and all suspect speakers are Fourier trans-
formed. These phoneme spectra, and features derived there-
{rom, are utilized to make measures of voice similarity. Ex-
periments with voice recordings by 140 men have yielded
estimates of the probability of correct identification as a
function of the number of suspects for both forced-choice and
open-choice tests. Identification reliability has also been
related to number of phonemes, number of utterances, and
number and type of features. Open-choice decision reliability
of 999, or better for small numbers of suspects was demon-
strated. Another decision procedure, whereby decisions are
made in only 95% to 99% of cases, can reduce error prob-
abilities essentially to zero.
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HH4. Talker Differences as They Appear in Correlation
Matrices Derived from Spectra of Continuous Speech. K.-P.
L1 ano G. W. HucHEs, School of Electrical Engineering,
Purdue University, West Lafayette, Indiana 47907.—Pre-
viously, we have shown that stable estimates of correlation
matrices derived from the outputs of bandpass filters can be
obtained from about 30 sec. of continuous speech [K.-P. Li,
G. W. Hughes, and A. S. House, }. Acoust. Soc. Amer. 46,
1019-1025 (1969)]. The present study describes the measure-
ment and properties of intertalker and intratalker variability
among these matrices. Three measures of the difference be-
tween two matrices were investigated, average absolute differ-
ence, Euclidian distance, and correlation between matrices.
All measures of difference are consistently less for intratalker
data than for intertalker comparisons. For our population of
30 talkers, the distribution of these differences shows only
about 1% overlap to confound absolute identification of a
given talker. The effects of processing and sample size are
discussed, and applications to talker identification and
normalization schemes suggested.

HHS. Analysis-by-Synthesis Recognition of Spoken Integers
Using Prosodic Information Alone. J. ALiEN anp Y. D.
WILLEMS, Research Laboratory of Electronics and Department
of Electrical Engineering, Massachuselts Institute of Tech-
nology, Cambridge Massachuseits 02139.—A formal syntax for
the spoken integers between 0 and 999 can be written using
syllables as terminal elements, and which also utilizes word
and syllable juncture as well as spoken variations (e.g., three
versions of the lexical item "“and™) of some of these terminals.
A match routine is then used to generate all possible syntactic
strings from left to right. As each terminal is generated, a
comparison is made of the syntactic structure with the syllabic
and junctural correlates determined {rom the waveform
envelope and pitch contour. In this way, a running likelihood
score is generated for each possible terminal string as it builds
up from left to right. This technique returns a small number
of possible utterance candidates with a high degree of cor-
rectness. These results are obtained without use of any
segmental information.

HH6. The Use of Prosodic Features to Derive Word and
Syllable Boundaries. Y. D. WiLLEMS AND J. ALLEN, Research
Laboratory of Electronics and Department of Electrical Engineer-
ing, Massachusetts Institute of Technology, Cambridge, Massa-
chusetts (02139.—Spoken integers between 0 and 999 (e.g.
‘“three hundred and seventy two”) were recorded by four
speakers. For each utterance, a measure of the waveform
amplitude (called the envelope) and pitch period estimates
were recorded and plotted. It is shown that these two cor-
relates can be used to predict word and syllable boundaries
within each spoken integer. These junctural correlates also
reflect the semantic structure of the integers, so that both
multiplication and addition operations are represented in the
spoken number. Each boundary is also assigned a likelihood
factor. These junctural determinations are determined without
any use of segmental information (such as spectral estimates),
and are directly related to the structure of the utterance.

HHY7. An Experimental Technique for Establishing Lexical
Variants by Rule in Automatic Recognition of Continuous
Speech. C. C. TarpERT AND N. R. Dixon, IBM Corporation,
Thomas J. Watson Research Center, Yorktown Heights, New
York 10598 —The primary task in phonetic-to-lexical trans-
lation is to develop procedures which, from a pragmatic point
of view, provide the necessary paths for changing an acoustic-
continuum reality into a series of discrete standard-ortho-
graphical forms, which, at the present time, exist only as
theoretical abstractions. Implicit in this problem is the
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assumption that words exist acoustically, even though com-
plexly, in a many-to-one mapping. For automatic recognition,
a technique is required that will provide the variety that is to
be accounted for in this many-to-one mapping. Since words
are known to be highly variable with regard to their phonetic
constituents, it is necessary to tie a representation system
to some unit which is smaller than the word itself, but larger
than the individual phonetic unit. In the present system, it
was tentatively decided to attempt variant generation based
on units generally corresponding to the syllable. While present
results are not conclusive, it appears viable to continue the
development of this approach. Whether or not a within-word
unit can be used to characterize all interword phenomena has
yet to be determined.

HHS. Some Problems in the Derivation of a Phonetic Ref-
erent for Evaluation and Lexical Representation in Automatic
Recognition of Continuous Speech. N. R. DixonN anp C. C.
TappeErRY, IBM Corporation, Thomas J. Watson Research
Center, Yorktown Heights, New Vork 10598.—One of the basic
problems in Automatic Recognition of Continuous Speech
exists relative to the representation of talker performance.
Phonetically, the problem results in a requirement at the
lexical level for either "‘narrow’ transcriptions or a variety
of "'broad” transcriptions for representing any word. If pattern
classification procedures are utilized in acoustic analysis,
the former presents many problems involving inventory size.
More importantly, a question arises concerning the appro-
priateness of the referent employed in performance evaluation.
For speech, the referent—a description of what the talker
actually produced rather than intended—is, even with a
highly trained phonetician, many times difficult to obtain.
It is clear that a single “ideal’ transcription for each lexical
item is inappropriate. Traditionally, in speech recognition
work involving phonetic classification, a single transcription
is provided for each of the words to be recognized. Systems
have been proposed in which partial representation of "'pho-
nemes’’ may provide sufficient information for more sophisti-
cated, i.e., context dependent, processing at a later time.
However, it is not clear that these systems will be able to
account for some of the dissimilatory, assimilatory, and/or
ideolectical variants that a phonetician would certainly use
in describing talker performance.

HH9. An Automatic Method for Computer Recognition of
Continuous Speech. R. ByRoN PURVES anp WiLLiam J.
STRONG, Department of Physics and Language Research Center,
Brigham Young University, Provo, Utah 84601.—An automatic
speech recognition system for syntactically acceptable units of
continuous speech has been implemented on a digital computer.
The input speech to the system is carefully spoken by a single
cooperative male speaker. A primary segmentation is at-
tempted by delineating the boundaries of fricatives, stops, and
nasals. The remaining vocalic sections are subsegmented on
the basis of short-time phoneme identification. The principle
identification procedure uses cepstrum matching; however,
auxilliary use is made of zero crossing and slope change rates
for fricatives, and apparent place of articulation for stops.
Three phoneme choices are assigned to each segment. In order
to recognize the utterance, successive phoneme strings are
generated from these choices until one is found which satisfies
the lexical and syntactic constraints. The lexical constraint
requires that the phoneme string consist only of “‘phonemicon’”
(phonetic dictionary) entries and the syntactic constraint re-
quires that the word string satisfy a simplified English syntax.
A relatively simple syntax checking algorithm has been de-
vised for this purpose, which, although it admits some non-
sense structures, imposes a severe constraint on allowed word
strings.
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HHI10. Use of Syntactic Segmentation and Stressed Syllable
Location in Phonemic Recognition. WAYNE A. LEA, Mark F.
MEDRrESs, AND ToBvy E. SKINNER, Univac DSD, P.O. Box
3525, St. Paul, Minnesola 55165.—Automatic speech recogni-
tion is expected to be more successful when syntactically
related information is incorporated into early stages of
recognition. Phonemic decisions, in particular, are expected
to be more accurate and less ambiguous when contextual in-
formation is considered. A computer program has been de-
veloped for detecting boundaries between syntactic constit-
uents from fall-rise fundamental frequency (Fjy) contours in
connected speech. Another program detects some stressed
syllables from Fs contours, intensity contours, and timing
information. Resulting boundary detections and stressed
syllable locations are used by a preliminary method for esti-
mating distinctive features of some phonemes in connected
speech. Vowel and consonant recognition is attempted first
in the stressed syllables. Other readily detected segments,
such as caronal unvoiced strident fricatives, are also found.
Detected constituent boundary positions are compared with
stored information about boundary positions, and are used
both to choose candidate sentences independently and to
help clarify phonemic results. Results for a limited sentence-
recognition task are reported, and extensions to more versatile
sentence recognition from syntactic segmentation, stressed-
syllable location, and distinctive features estimation are
suggested.

HHI11. An Analysis of Wavefunction-Derived Speech Recogni-
tion Features. LARrRY L. PrEIFER, Compuler Systems Lab,
University of California, Santa Barbara, California 93106.—
Based upon a wavcfunction representation of wide-band
filtered speech (five fixed-frequency bands), recognition
features can be computed pitch synchronously and then later
combined at the phoneme level. The pitch synchronous wave-
function frequency data at times acts as a formant tracker
and at other times does not. The phoneme features from wave-
functions cluster much the same as equivalent formant fea-
tures but not necessarily at the same locations in feature space.
For certain types of sounds {e.g., /as/), the detailed descrip-
tion provided by the wavefunction parameters can be useful
in distinguishing one from the other. These and other rela-
tionships between formant and wavefunction based recogni-
tion features will be discussed.

HHI12. A Model for Word-Level Conversion of Arbitrary
Text to Speech. J. ALLEN, Research Laboratory of Electronics
and Department of Eleclrical Engineering, Massachusells
Institute of Technology, Cambridge, Massachusetts 02139.—
While the acoustic correlates of linguistic structures above the
word level are of great importance in speech synthesis, it has
not been possible to develop a comprehensive theory for these
effects. At the single word level, however, the present model
shows how any English word can be converted to 1PA symbols
with stress marks sufficient to drive a phonemic synthesis-by-
rule algorithm. Words are either partitioned into constituent
morphemes, or processed by a large set of letter-to-sound
rules. The latter rely on the lexicon to contain high-frequency
exceptions, and assume that all polymorphemic words have
been split up into their constituent morphs. Both mono-
morphemic and polymorphemic lexical stress rules are applied,
and morphophonemic rules provide low-level adjustments.
The complete process provides a partial model for native
speakers reading aloud, as well as the means to test current
linguistic phonological theories.
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HHI13. A Theory on the Characteristics of Pitch and Formant
Frequency Transitions in Human Speech. R. M. DoUBLIER,
Synthesis Research Group, Acoustic Phonelics Laboratory,
University of Southern California, Los Angeles, California
90007.—Perceptual experiments have shown that the char-
acteristics of fundamental frequency (pitch) and formant fre-
quency variations usually represent a more important acoustic
cue than those of the formant amplitudes. Unfortunately,
however, the exact nature of these frequency transitions is far
more subtle. If the speech production process is viewed as a
closed-loop feedback control system, application of modern
control theory techniques yields a rather interesting model
for the vocal-tract control function. This system may be
viewed in terms of the familiar phase-locked loop. The loop
filter model, which appears to fit both theoretical considera-
tions and the empirical (sound spectrograph) results, is the
so-called “imperfect integrator,” with transfer function
F(s)=(s+a)/(s+b). A discussion of this proposed model,
including samples of synthetic speech, is presented.

HH14. Preliminary Model of Tone, Intonation, and Segmental
Duration in Serbo~Croatian. EDwaRrD T. PUrCELL, Linguistics
Program, University of Southern California, Los Angeles,
California 90007.—The paper will describe a 600 statement
FORTRAN 1V subprogram for the synthesis-by-rule of simple
statements in Serbo—Croatian, a Slavic tone language. The
model receives an input phoneme string, calculates the dura-
tion of each segment in the string, computes a set of fun-
damental frequency values corresponding to the sentence
intonation, and then modifies these fundamental frequency
values to reflect the influence of word tone. Several factors
affect the calculation of segmental duration, e.g., number of
segments in the string, number of syllables in the word,
accented versus unaccented syllable, type of accent, voicing
characteristics of adjacent consonants, and others. Word
tone is calculated as a deviation from the previously defined
sentence intonation. The paper will be accompanied by slides
and tape-recorded samples.

HHI15. Computer-Assisted Phonetic Analysis Techniques for
Large Recorded Corpuses of Natural Speech. ANDRE
MavLEcoT, Phonetics Research Facility, University of California,
Saenta Barbare, California 93106.—A system of computer pro-
grams has been developed for creating, from surreptitiously
recorded conversations, data files containing phonetic tran-
scription, intonation and stress patterns, allophonic variations,
grammatical functions, demographic information such as the
age and occupation of each speaker, psychological factors such
as degree of formality, emotional state and intellectual level
of subject matter, and paralinguistic factors such as syllabic
rate, loudness, etc. The system also includes programs for
locating phonetic patterns, expressed in a language readily
understood by phoneticians with no computer training, and
for analyzing them statistically, either for the corpus as a
whole or as functions of any of the nonlinguistic or para-
linguistic variables mentioned above. These techniques have
initially been applied to SO half-hour recordings of conversa-
tions with members of the Paris “establishment,”’ revealing a
number of phonetic laws hitherto unsuspected. The method
is now ready and available for the study of the phonology of
other languages, and other applications have appeared. One
particularly promising possibility is the establishment of
patterns of phonetic habits for a given number of individuals
for voice verification purposes.
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Session II. Engineering Acoustics IV : Underwater Transducers;
Measurements, Arrays

RoBert J. BoBBER, Chairman

USRD/NRL, Orlando, Florida 32806

Contributed Papers (10 minutes)

II1. Plane-Wave Simulator in a Mechanically Driven Stand-
ing Wave Hydrophone Calibrator. .. A. ABBAGNARO AND
B. B. BAUER, CBS Laboratories, Stamford, Connecticut 06905.—
A method has been developed to provide plane-wave operation
in the Mark Ill pressure gradient hydrophone calibrator
[Wide Range Calibration System for Pressure Gradient
Hydrophones, B. B. Bauer, L. A. Abbagnaro, and J. Schu-
mann, J. Acoust. Soc. Amer. 51, 1717 (1972)]. Since this
calibrator uses a mechanical drive rather than a transducer
drive to establish the standing wave field, conventional time
delay techniques could not be employed. Rather, two loud-
speakers were used in conjunction with the calibrator drive
to achieve a plane wave at the center of the tank. A simple
operating procedure is described for using the plane-wave
mode, and some experimental results are presented.

II2. Equivalent Sound Pressure Levels of Different Pressure-
Gradient Hydrophones at Low Frequencies due to Turbulent
Flow. S. P. LEg, The Magnavox Compeny, Fort Wayne,
Indiana 46804.—Assuming turbulent pressure fuctuations
near a hydrophone to be a substantial contributor to the
acoustic low frequencies, the low-frequency response of a
pressure-gradient hydrophone with different shapes and sizes
is studied. It is demonstrated that the predicted equivalent
sould pressure level at low frequencies can be reduced by
changing the shape and/or size of the hydrophone. The result
of the study shows that a pressure-gradient hydrophone with
spherical shape exhibits 4-10 dB reduction in the equivalent
sound pressure level as compared with a cylindrical shape at
afrequency of 10 Hz.

II3. A Reverberant Chamber Facility for Sound Power
Measurements in Air or Water. W. K. BLAKE, Naval Ship
Research and Development Center, Bethesda, Maryland 20034.—
A reverberant chamber for use with both air and water media
is described. The chamber is used to investigate the acoustic
coupling of simple vibrating structures under conditions of
light or of heavy fluid loading. Calibration was effected by
measuring 60-dB reverberation times in j-oct bands; decay
times of 2 sec in air and 0.2 sec in water were observed. These
broad-band results were cross checked in water by measuring
the spectrum of acoustic pressure in the chamber generated
by a calibrated hydrophone source. Sound pressure levels
measured in narrow (50-Hz) bands varied +3 dB spatially
in the air-filled chamber and +5 dB spatially in the water-
filled chamber.

I14. A Reverberant Water Tank for Underwater Measure-
ments. B. G. WATTERS, Bolt Beranek and Newman Inc.,
Cambridge, Massachuselts 02138 —This paper describes the
water-filled tank used at BBN for measuring the radiated-
noise power of underwater sources. The tank has centerline
dimensions of 32X23X14 ft and contains 11000 [¢3 Its
lowest resonance frequency is 220 Hz; the lowest usable §-oct

band is centered at 320 Hz—low enough for direct measure-
ments on [ull-size torpedoes. The tank can accommodate a
large torpedo, full-scale sections of sonar domes and similar
constructions, and suitably scaled models of larger structures.
The ambient noise is low, near Knudsen SSO. The wall
absorption coefficient is small (less than 5% at 1 kHz), pro-
ducing very long reverberation times (up to § sec). A sound-
absorbing treatment was developed to adjust the reverbera-
tion time to about  sec at all measurement frequencies. A
multiple-hydrophone incoherent array is used to reduce the
sampling error. The residual error due to the {inite number of
samples and to finite tank volume has been evaluated and
compared to theoretical estimates. The [(acility is also used
for ordinary pulsed “free-time’” measurements.

II5. A Low-Frequency Technique for the Underwater Calibra-
tion of the Individual Elements of a Line Hydrophone Array.
J. F. ZALEsak aND W. J. TROTT, Acoustics Division, Neval
Research Laboratory, Washington, D. C. 20390.—The calibrator
consists of three coaxial internally radiating piezoceramic
cylinders with their ends and outside surfaces shiclded. These
piezoceramic cylinders terminated with coaxial metal tubes
form a feed-through calibrator when suspended in an open,
water-filled trough. The two outer piezoceramic cylinders
produce the sound which is monitored by the central piezo-
ceramic cylinder. The calibration procedure consists of com-
paring the output from a line hydrophone element located
inside the central piezoceramic cylinder with the output of the
piezoceramic cylinder. The purpose of the water-filled metal
tubes is to provide sufficient mass reactance in order to retain
a usable sound pressure level at low frequencies. The upper
frequency at which this procedure is valid is determined by
the lowest resonant frequency of the piezoceramic cylhinders.
Pertinent design considerations of the calibrator are presented,
and the technique for measurement is evaluated using a
calibrator as described above.

I16. Calibration Accuracy for Small Standard Hydrophones.
J. E. BLUE, Underwater Sound Reference Division, Naval Re-
search Laboratory, Orlando, Florida 32806.—When a standardiz-
ing laboratory issues a certificate for a standard, it attributes
to that standard a numerical value together with a statement
about the uncertainty of this value. [n the measurement of the
sensitivity of an unknown hydrophone performed o1«e, most
activities will claim an accuracy of #1 dB. Usually no con-
fidence limits are specified, and the accuracy is an educated
guess based on experience. This paper discusses the careful
“free-field”’ reciprocity calibration of two small standard
piezoelectric hydrophones in a stable environment and the
use of these hydrophones in evaluating the calibration per-
formance of six of the established calibration facilities at the
Underwater Sound Reference Division of the Naval Research
Laboratory. The results of these measuremenis show that,
for the most part, accuracy of the facilities is well within
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the &1 dB commonly quoted and is probably within £0.3 dB
with 959, certainty at some of the facilities when calibrating
small standard piezoelectric hydrophones.

I17. A New Underwater Microphone for Swimmer’s Masks.
L. A. ABBAGNARO, J. ScuuMaNN, anND B. B. Bauer, CBS
Laboratories, Stamford, Connecticut 06905.—A new under-
water microphone for use with swimmer's masks was de-
veloped. This unit features an equalized fluid-filled internal
structure, which renders it pressure insensitive, permitting
use at all diving depths. The transducer response is controlled
mechanically rather than acoustically and exhibits no change
with pressure variations. The new microphone is small enough
to fit into most diving mask cavities and makes use of its
pressure gradient design to minimize unwanted mask speech
coloration. Performance data in free-field and in a typical
diving mask were obtained for this device. [Work was sup-
ported by the U. S. Navy Explosive Ordance Development
Facility. ]

1I8. An Electrical Load for Simulating a Transducer in an
Array. W. C. NowLIN AND ]. J. TRUCHARD, A pplied Research
Laboratories, The University of Texas at Austin, Austin,
Texas 78712.—Individual transducer elements of large sonar
arrays are subject to electrical impedance changes as a result
of acoustical interactions between neighboring driven ele-
ments. In order to transmit acoustic power, the elements are
driven individually or in groups by power amplifiers. When a
prototype amplifier is constructed, an entire array of trans-
ducers and amplifiers may not be available for testing the
amplifier. A passive electrical dummy load was constructed
to have impedance characteristics equivalent to the particular
type of transducer that a prototype current-source switching
amplifier was to drive. An active port was added to the elec-
trical dutnmy load to change the amplifier's load impedance
at all frequencies of interest, thereby simulating different
positions in a transducer array in which more than one ele-
ment is driven. A digital computer program was written to
calculate the drive voltage to be applied to the active port to
obtain the desired impedance at a given frequency. The
dummy load design technique is described. The dummy load
impedance characteristics are compared with those of the
transducer loads to be simulated; agreement is shown to be
very good. [This work was sponsored by Naval Ship Systems
Command. ]

II9. Designing a Reflecting Surface Array of Compliant
Tubes. G. A. BricuaM, New London Laboratory, Naval
Underwater Systems Center, New London, Connecticut 06320.—
A rather detailed model that considers multiple radiation
coupling of compliant tube arrays has been developed and
utilized for the purpose of designing several arrays. The model
was generated by an iterative extension of the static solution
to a uniformly loaded oval shell, and includes multiple cross-
sectional bending modes as well as multiple radiation modes,
although the latter restricts the model to tubes with an el-
liptical cross-section. No account is taken of bending in the
direction of the tube's cylinder axis, since the maximum cor-
rection this introduces to the cross-sectional flexural wave-
number is a term on the order of (3HC,/SC)? compared to
unity, with H the wall thickness, C; the shell material’s
longitudinal velocity, C the acoustic velocity in water, and S
the cross-sectional midsurface circumference. As this factor
is typically of order 5%, or less, it is ignored. Numerical re-
sults for a 10-tube array are compared with experimental data
for verification of the computer model. In addition several
computer-evaluated array reflectivities are shown for different
tube configurations. Finally, both center frequency and band-
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width are displayed as functions of array parameters. [Work
performed under contract with NUSC.]

1110. Transducer Sound Dome Interaction. H. L. Ponp,
New London Laboratory, Naval Underwater Systems Center,
New London, Connecticut 06320, anp R. W. Hoy, Newport
Laboratory, Navel Underwater Systems Center, Newport,
Rhode Island 02840.—The acoustic interaction of a transducer
and a surrounding sound dome is analyzed by a modified
separation of variables method. The theory is described for
transducer and dome of general shape. If they are concentric
spheres, the method reduces to classical separation of vari-
ables. Perhaps the simplest example that uses the general
theory in a significant way is obtained if transducer and dome
are concentric spheres but the thickness of the dome varies
with position. Numerical results are given for this case. For
the calculations the velocity at the transducer is phased to a
plane wave and its magnitude multiplied by a constant to
adjust for a fixed transducer power output, which is taken as
that for the no-dome case. The results show that, with a
dome that has a thickness increasing uniformly from a
minimum value A4 in the direction of the main radiated beam
to a maximum value in the opposite direction, the directivity
index and main beam magnitude are increased several decibels
in comparison with results for a dome of constant thickness
equal to the average of 4 and B.

II11. Self and Mutual Acoustic Radiation Impedances for
Two Coplanar Unbaffled Disks. A. L. VaN Buren anp B. J.
KiNG, Naval Research Laboralory, Washington, D.C. 20390.—
The self and mutual acoustic radiation impedances for two
coplanar unbaffled disks are calculated using an eigenfunction
expansion in terms of oblate spheroidal wave functions. Terms
representing outgoing waves from both disks are included.
One disk is assumed to be vibrating with a rotationally sym-
metrical normal velocity distribution, and the other disk is
assumed to be stationary. The determination of the expansion
coefficients from these boundary conditions is facilitated by
the use of an addition theorem which expresses spheroidal
wave functions with reference to one coordinate frame in
terms of spheroidal wave functions with reference to a second
coordinate frame. Numerical results for the special cases where
the vibrating disk is either oscillating uniformly or vibrating
uniformly on only one side are presented and discussed.

II12. Calculations and Measurements of the Axially Sym-
metric Extensional Vibrations of a Circular Disk with a Con-
centric Hole (A Free-Flooded Ring). J. A. Sinsky, Naval
Research Laboratory, Waskington, D.C. 20930.—A complete
mathematical model of a free-flooded ring transducer must
predict the ring’s surface velocity distribution when the forces
acting on the ring are known. The acoustic radiation from a
radially oscillating cylindrical ring is a function of its surface
velocity distribution. In particular, the farfield radiation on
the axis of the ring is a sensitive function of the difference
between the inside and outside radial velocities and the axially
directed edge velocity. Accelerometer measurements in air
were made on a number of aluminum rings of varying thick-
ness oscillating in axially symmetric extensional vibrations,
and the experimental results are compared with the two-
dimensional theory of Gustafsson and Kane for high-frequency
extensional vibrations of elastic isotropic plates. The results
indicate that the theoretical analysis is adequate to predict
the surface velocity distribution of a “thick ring.” Com-
parisons are also made between the theoretical analysis and
“back of the envelope’” approximations commonly used by
transducer engineers for an elastic ring's surface velocity
distribution.
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Session JJ. Noise Control

M. J. Crocker, Chairman

School of Mechanical Engineering, Purdue University, West Lafayette, Indiana 47907

Contributed Papers (12 minutes)

JJ1. Noise Reduction of a Consumer Electric Clock. W. M.
ViEBROCK* AND M. J. CROCKER, Ray W. Herrick Laboratories,
School of Mechanical Engineering, Purdue University, West
Lafayette, Indiana 47907.—The noise from a consumer electric
clock was studied. The clock was placed in an anechoic room
for sound pressure level analysis to determine the noise sources,
which were found to be impactsat the electric motor rotor bear-
ing and impacts between gear teeth of the rotor pinion and the
first reduction gear. Study of the clock case revealed that case
resonances were being excited by the impacts within the mech-
anism with resultant noise radiation. Modifications to the
case to increase damping were successful in reducing the noise
associated with these resonances, although a different damper
must be devised for production feasibility. Noise reductions
were also obtained by modifications to the clock motor itself
including reduction in magnetization of the rotor; use of softer
rotors and first reduction gears; reduction in the inertia of the
first reduction gear; and increase in load applied by a friction
drag to the gear train. [ This work was supported by Westclox
Division, General Time Corporation, LaSalle, Illinois. ]

* Present address: Lockheed Missile & Space Co., Sunny-
vale, Calif.

JJ2. The Effect of a Biphase Lubricant on Induction Motor
Bearing Noise and Stability. DoucrLas MUSTER, University
of Houston, Department of Mechanical Engineering, Houston,
Texas 77004, aND JerreErY O. Beaucnampe, Mallay Tool Ser-
vice, Houston, Texas 77021.—A specially constructed single-
phase induction motor was used to study the effect of a bi-
phase (liquid-solid) lubricant on the stability of and noise from
its bearings. It is shown that the stability of a full-film bearing
was improved when a biphase lubricant was used. The biphase
lubricant was an SAE 20 oil with from 59, to 209, (by volume)
to 1-x fluorinated ethylene propylene (FEP) particles in sus-
pension. A small reduction in bearing noise was observed.
This was associated with the corresponding stabilizing effect
of the FEP-loaded lubricant.

JJ3. An Investigation of Internal Combustion Engine Silencing
Using Reflection and Absorption Phenomena. A. MUKHERJEE
AND W. MITCHELL, Department of Mechanical Engineering,
Tennessee Technological University, Cookeville, Tennessee 38501.
—An investigation has been made to determine the most in-
fluential parameters for efficient silencer design. These param-
eters lead to new insights into silencer operation containing
both reflection and absorption phenomena, where damping is
found to be effective at lower frequencies. Hence, objectionable
deep exhaust tones of engines at frequencies of about 80-100
Hz can be significantly reduced. Efficient and economic silenc-
ing of engine exhaust noise can be applied to a large number of
internal combustion engine installations including 2- and
4-cycle engines—e.g., cars, buses, trucks, locomotives, lawn
mowers, chain saws, and motorcycles. Two important factors
were considered simultaneously, i.e., the aerodynamic cri-
terion (which specifies the maximum permissible average
pressure drop through the silencer at a given temperature and
mass flow) and the geometrical criterion, which specifies max-

imum allowable volume and restrictions on shape. Results of
this study are: (1) Identification of parameters influential to
silencer design. (2) A better understanding of silencer opera-
tion incorporating reflection and absorption phenomena. (3)
A more efficient overall silencer system. (4) Lower noise levels
associated with internal combustion engine operation.

JJ4. Economics of New Plant Sites Based on Acoustical Con-
siderations. ALLaN M. TEpLiTzRY, Office of Environmental
A ffairs, Consolidated Edisan Co. of New York, Inc., New York,
New York 10003.—Environmental noise at the property line
due to an industrial operation is one element that determines
the minimum site area requirements for a new plant. Residents
in communities surrounding a plant hear the noise created
within the plant that is attenuated by the building and the
size of the buffer zone between the plant and the community.
In suburban and rural areas where the ambient background
noise may be low, sites for heavy industry plants become ex-
ceedingly large if insulated metal type siding is used for the
building walls to achieve a satisfactory sound level at the
property line. When large sites are not available, or if the price
of land is high, the site area can be considerably reduced by
the use of masonry or multilayered insulated metal types of
siding. For a plant with an interior noise level of 90 dB4, the
site area for a plant with masonry siding may be less than 109,
of the site area for the same plant with insulated metal siding.
The use of high sound transmission loss walls for plant build-
ings necessitates that noise from other sources such as fans,
ventilating system, steam vents, etc., be reduced to meet the
property line sound criterion. This paper presents a graphical
method for estimating plant site area and setback requirements
based upon maximum allowable property line noise levels,
plant noise levels, and type of building siding selected for the
construction. In addition, a method is proposed for determin-
ing the economic break-even point for purchasing additional
property as an acoustical buffer zone versus the cost of im-
proving the sound transmission loss of the building siding.

JJ5. The Radiation Resistance of a Simply Supported Beam.
J. Y. CaunG anD M. J. CROCKER, Ray W. Herrick Labora-
tories, School of Mechanical Engineering, Purdue Universily,
West Lafayette, Indiana 47907.—Convenient approximate
solutions for the modal radiation resistance are presented for a
bafled simply supported beam that is acoustically narrow. The
results compare very well with those obtained by numerical
integration, which are considered to be exact. The results cal-
culated from the equations presented have been compared
with the existing approximate solutions [R. H. Lyon and G.
Maidanik, "Power Flow Between Linearly Coupled Oscilla-
tors,” J. Acoust. Soc. Amer. 34, 623-639 (1962)]. It is seen
that in most frequency ranges the results presented offer
better accuracy than those referenced. The approximate solu-
tions presented are derived from an exact series solution of the
modal radiation resistance. Three equations are derived for
three different regions, namely, above-coincidence, below-
coincidence, and about-coincidence regions. For mode numbers
higher than six, the equations for above and below coincidence
practically cover the entire frequency range.
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JJ6. Evaluation of Noise Contrcl for the World Trade Center
PATH Terminal. F. M. Kessriv, Lewis S. Goodfriend & As-
sociates, Morristown, New Jersey 17960.—Track vibration iso-
lation in the form of ‘“tie-in-po-.:et” construction, a highly
acoustical absorbent metal pan ceiling construction, and other
noise control features were used at the newly built World
Trade Center PATH Terminal Noise measurements were
made at numerous positions al the Church Street PATH
Terminal prior to its discontinuence as a terminal and at the
World Trade Center PATH Termir +1 just after its completion.
The results of these surveys iudicate an improvement in
passenger comfort due to the reduction in platform and con-
course noise levels. These data were .nalyzed and compared
as to noise criteria (NC), statistical A-weighted noise level,
and statistical octave-band spectra. A noise level criterion
of L1y=175 dBA for passengers waiting at the platform was
developed and compared with noise levels measured at the
two terminals and at a typical midiown street location. Test-
ing of the track lubrication systen. was also accomplished.

JJ7. First Steps toward Noise Reduction of a Fly Shuttle
Loom. Paur D. EMERSON ANI' GEORGE (GEORGOPOULOS,
School of Textiles, North Caro . State Unwversity, Raleigh,
North Carolina 27607 —Severai < ple and inexpensive loom
modifications were evaluated >  ans of reducing noise at
the source in fly shuttle looms. Noise¢ from a Draper model X
loom 40 in. wide and running at 160 picks per minute was
analyzed before and after modification. Spectra were deter-
mined both with and without a shuttle. Reductions of 2 dB
in all weighted scales were achieved.

JJ8. A Tape Recorder for Use With Sound-Level Meters.
EUGENE R. MARTENEY, General Radio Company, Concord,
Massachusetts 01742—A tape recorder designed specifically
for use with sound-level meters is described. Important con-
siderations of recording from sound-level meters are disc'=-~d,
including calibration, dynamic range, crest factor, frequency
response, and flutter. Particular attention is given to the re-
covery of recorded sound-level range One solution is to use a
second record channel and tape track to record tones represent-
ing the sound-level meter range. Four bridge “T" oscillators,
multiplexed in a binary format, generate the encoding signal.
The oscillators convert to flters during playback, selecting
tones, which when detected, actuate a light emitting diode
digital display. Encoding of tones is accomplished manually
or automatically from sound-level meters that have an encod-
ing switch as part of the attenuator selector. Convenience of a
cassette recording format, and the si. -ple setup and operate
procedure make the recorder ideally suited for field use.

JJ9. Spatial and Temporal Distribution of Sound Pressure
Levels in Data Processing Installations. W. W. Lang, G. C’
Mavring, Jr., anD R. E. WISE, IBM Acoustics Laboratory,
Poughheepsie, New York 12602.-—The sound field in a data
processing installation depends upon the locations of the
sound sources, the sound power radiated by the sources, the
acoustical properties of the room (including its total absorp-
tion area, volume, and shane), and the 1 wkground noise
levels in the room due to ex.erual sources. Spatial and tem-
poral variations in the sound field are observed in typical in-
stallations. The relative importance of the individual fictors
affecting the sound feld is assessed. The results of thi -tudy
show that a scale factor may be used to predict the SI'f  w an
installation from SPL data obtained on individual machines
in a semi-anechoic room. Hence. semni-anechoic ron: data are
useful for predicting installaticn nota te l= ane “or gaiding
the design of a particular data  nce--ir - - oomie t, as well
as serving as a measure of soui.  emissui 2 aring -he design
and development of a new data processing n ichine.
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JJ10. Vibration Suppression in Wood Planer Noise Control.
F. D. Hart aAND D. A. Feriovr, Center for Acoustical Studies,
P.O. Box 5801, North Carolina State University, Raleigh, North
Carolina 27607, AxD ]J. S. StewaARrT, Newman Machine Com-
pany, Greensboro, North Carolina 27403.—Board vibration has
been identified as the dominant noise generating mechanism
for a majority of wood planers. The effectiveness of compact
enclosures is greatly diminished owing to board vibration,
since a portion of boards of normal stock length is always out-
side of the enclosure. A vibration suppression system has been
designed to operate inside of an enclosure to reduce the amount
of vibratory energy transmitted outside through the boards
being machined. The system developed and its effectiveness
in reducing wood planer noise when used in conjunction with
a compact enclosure is described in detail. [Newman Machine
Company and NASA are acknowledged for support of this
work. ]

JJ11. Low-Frequency Sound Radiation Characteristics of
Simply Supported Plates. JamEs W. MOORE, General Molors
Proving Grounds, Milford, Michigen, AND M. J. CROCKER, Ray
W. Herrick Laboratories, Purdue University, West Lafayette,
Indiana.—Sound radiation from vibrating plates is important
in many engineering problems. Theories for the sound power
radiated by simply supported plates have been developed by
Maidanik []. Acoust. Soc. Amer. 34, 809-826, (1962)7], Smith
and Lyon [ NASA CR-160 (1965)], and others. In this paper,
formulas have been derived which predict the sound power and
farfield directivity pattern for a plate vibrating well below
coincidence. It can be clearly shown that the sound power
radiated is the same as for four monopoles located at the
corners of the plate having equal strengths related to the
plate vibration amplitude and a phase relationship depending
on the type of mode excited. Similar formulas were derived
for acoustic edge modes. The sound pattern for edge modes is
that of two acoustic line sources. The sound power radiated
by both corner and edge modes is found to depend strongly on
the product of the wavenumber and the plate dimensions and
on the type of mode. [Work supported by American Standard
Research and Development Center, New Brunswick, New
Jersey, and conducted when both authors were at the Herrick
Laboratories. ]

JJ12. Sound Radiation Characteristics of Simply Supported
Vibrating Beams. JaAMEs W. MOORE, General Motors Proving
Grounds, Milford, Michigan, AND MaLcoLM J. CROCKER, Ray
V. Herrick Laboratortes, Purdue University, Lafayette, Indiana.
—Theories for the sound power radiated from a simply sup-
ported beam have been developed by Lyon and Maidanik [].
Acoust. Soc. Amer. 34, 623-639 (1962)], and others. In this
paper, simple formulas have been derived which predict the
sound power radiated and the farfield directivity pattern for
an acoustically narrow beam. The results clearly show that a
vibrating beam can be modeled by two interfering monopole
sound sources located at the ends of the beam having equal
strengths related to the vibration amplitude of the beam and a
phase relationship depending on the type of mode excited. To
test this theory, directivity patterns were measured for a 1-ft-
long simply supported beam vibrating at its resonance fre-
quencies. The directivity patterns for the first five modes were
found to agree well with those predicted by the theory. [Work
supported by American Standard Research and Development
Center, New Brunswick, New Jersey, and conducted when
both authors were at the Herrick Laboratories.]

JJ13. Noise Exposure Meter Performance—Results of an
Evaluation Program. W. A. LEASURE, Jr., AND RoNALD L.
FiSHER, National Bureau of Slandards, Washington, D. C.
20234.—As a result of the promulgation of occupational noise
exposure regulations by the Federal government, there are a
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number of noise exposure meters on the market today that
provide a measure of noise exposure integrated (with appropri-
ate weighting) over a time interval. The National Bureau of
Standards (under the sponsorship of the Environmental Pro-
tection Agency) has completed total system and component
evaluations on a number of different commercial models of
noise exposure meters. Overall system performance tests were
used to evaluate the dynamic response of the system and the
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nature and accuracy of the time integration for increasing and
decreasing, as well as stationary, signals. The following tests
were conducted to evaluate subsystem performance: micro-
phone response to sounds of random incidence, A-weighting
network response, detector response and averaging time, and
accuracy of the readout system. The rationale of the test pro-
cedure utilized, details of the measurement techniques, and
results obtained are discussed.

BurcunDpY EAasT, 8:00 p.M.

Session KK. Graduate Workshop : Education in Acoustics

For the first time in the history of the Acoustical Society, a workshop, run by graduate students in
in acoustic programs from five different schools, will be held. This workshop will devote itself to a
discussion of the major areas of acoustics for the next decade. It will also discuss, from a prospective
graduate’s point of view, how these areas can best be incorporated into an academic curriculum. The
workshop will attempt to present the pros and cons of specialization versus diversification within an

acoustic program.

Fripay, 1 DECEMBER 1972

BurGUNDY EAsT, 9:00 A.M.

Session LL. Physiological Acoustics I1I: Pathways and Cortex

J. DoNALD HarRris, Chairman

Medical Research Laboratory, Submarine Base, New London, Connecticut 06340

AY

Contributed Papers (10 minutes)

LLI1. Organization of the Posterior Colliculus. JoE C. Apams
AND D. C. TEas, Center for Neurobiological Sciences and Com-
munication Sciences Laboralory, University of Florida, Gaines-
wille, Florida 32601 —Internal organization of the posterior
colliculus cut in the coronal plane is demonstrated in silver-
stained material in a variety of species. Within the central
nucleus, predominant fiber paths cross dorsolateral to ventro-
medial with another group crossing at right angles directed in
the dorsomedial to ventrolateral plane. Electrophysiological
investigations in the chinchilla indicate that penetrations made
with a microelectrode in the dorsolateral to ventromedial di-
rection successively encounter neurons whose temporal pat-
terns are quite similar. Tonotopic organization corresponds to
that previously described in the cat. Penetrations made in the
dorsomedial-to-ventrolateral plane reveal little consistent
progression as the electode moves through the central nucleus.
Results are described in view of previously described input
to the colliculus.

LL2. The Effect of Interaural Phase at Different Frequencies
on the Discharges of Cells in the Posterior Colliculus of the
Chinchilla. D. C. Teas anp J. C. Apaus, Communication Sci-
ences Laboratory, Department of Speech and Center for Neuro-
biological Sciences, University of Florida, Gainesville, Florida
32601.—Some cells in the posterior colliculus with discharge
latencies between 7 and 10 msec (presumably in the central
nucleus of the colliculus) show variation in their discharge
rates with changes in interaural phase of the acoustic stimuli.
These cells may show a characteristic interaural delay since
their response rates can reach a maximum (or minimum) at
the same interaural time difference for different acoustic fre-
quencies. However, for frequencies about Z oct below an opti-
mum characteristic delay frequency, optimal delays may pro-
duce opposite effects. That is, delays that were inhibitory at
the higher frequencies may produce excitation at the lower fre-
quencies, and delays that produced excitation at the higher

frequencies may produce inhibition at the lower frequencies.
Although our data support the idea of a temporal regularity in
changes of discharge rate with interaural phase changes, the
label, characteristic delay, may be too limited a descriptor
for cells that respond to interanral time or phase differences.

LL3. The Effect of Stimulus Intensity at Different Interaural
Phases on the Discharges of Cells in the Posterior Colliculus
of the Chinchilla. D. C. Teas aAnD Jor C. Apams, Communica-
tion Sciences Laboratory and the Center for Neurobiological Sci-
ences, University of Florida, Gainesuille, Florida 32601 —Bin-
aural intensity functions for cells in the posterior colliculus
can vary in slope and sensitivity depending upon the phase re-
lations of the stimuli at the two ears. Interaural phase differ-
ences that produced low and high discharge rates were chosen
as locations on a cell's phase function at which to examine its
response to binaural intensity. The inhibitory or excitatory
effect of phase angle is maintained across a wide range of
intensity.

LL4. Patterns of Activity in Single Neurons of the Auditory
Cortex in Unanesthetized Macaque Monkeys. J. F. BRUGGE
AND M. M. MERZENICH, Laboratory of Neurophysiology, Uni-
versily of Wisconsin, Madison, Wisconsin 53706, AND Depart-
ments of Physiology and Otolaryngology, University of Cali-
fornia at Sen Francisco, San Francisco, California 94122 —
Action potentials were recorded from single neurons in audi-
tory cortex on the supratemporal plane in 10 hemispheres in
nine monkeys (macaca mulatie). Each monkey was trained to
sit quietly in a chair with its head restrained. Pure tones were
delivered monaurally or binaurally through rubber ear molds
that fitted tightly into each extarnal auditory canal. When one
ear is stimulated, the number of spikes and the firing pattern
depend upon the position of the stimulus within the response
area of the cell. For most neurons, spike count is a nonmono-
tonic function of SPL. Commonly, neurons discharge a train
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of spikes throughout a tone of several hundred milliseconds
duration at suprathreshold levels at best frequency. A few
cells adapt quickly and discharge only a few spikes at onset
of the tone. Others are inhibited by the tone or are excited
only at the termination of the sound. When tones are de-
livered binaurally, the number of spikes and their temporal
order are very sensitive to small interaural differences in SPL.
At low frequencies, spike count is a periodic function of dif-
ferences in time of arrival of the stimulus at the two ears.
Neurons can have a characteristic delay. Within a given pene-
tration, phase-sensitive neurons with very similar best fre-
quencies and spike-count functions can have very different
firing patterns.

LLS. Variation of Excitability of Neurons in Primary Auditory
Cortex in the Unanesthetized Macaque Monkey; Effects of
Sleep and Body Movement. M. M. MERzENICH AND J. F.
BRUGGE, Departments of Physiology and Otolaryngology, Uni-
versity of Celifornie at San Francisco, San Francisco, California
94122, AND Laboratory of Neurophysiology, University of Wis-
consin, Madison, Wisconsin 53706.—Microelectrode mapping
experiments have been conducted to determine the position,
size, and internal organization of the primary auditory field in
the macaque. These experiments have revealed: (1) The pri-
mary field is strictly tonotopically organized, and the entire
cochlear partition is represented within it. (2) The boundaries
of the primary field can be defined on cytoarchitectonic as well
as physiological bases. (3) The primary field is bounded by
four other representational areas, and there is evidence for
fields beyond these. Several of these secondary fields can also
be delimited on cytoarchitectonic bases, and several appear
to be tonotopically organized. Studies have been made of the
responsiveness of single neurons in several of these regions in
unanesthetized monkeys during stages of wakefulness and
sleep. The state of the animal was monitored by the EEG and
by close inspection over closed-circuit television. When the
animal was awake and sitting quietly, neurons could be very
responsive to pure tones though the number of spikes evoked
could vary from one stimulus to the next. The responsiveness
of many neurons was dramatically reduced dunng corpuscular
body movement. Similarly, a neuron’s responsiveness was
often very much reduced during both slow-wave and REM
sleep.

LL6. The Control of Complex Auditory Cortex Units in the Un-
anesthetized Monkey. J. MILLER, R. BEaTON, AND T. O’Con-
NOR, Regional Primate Research Center, University of Washing-
ton, Seattle, Washington 98195.—Cortical cells exhibiting
“complex™ response patterns to acoustic stimuli have been
studied in the unanesthetized and behaving nonhuman pri-
mate. The response of these cells consists of more than one
temporally restricted component. For example, cells have been
observed with on and off components that are either excitatory
or suppressive, or some combination of these. In one sample of
approximately 100 cells, 30%, exhibited a complex response
pattern. In at least 209 of these, the individual components of
the response pattern have been found to vary independently
with changes in frequency of tonal stimulation and/or inten-
sity of the sound stimulus. Representative examples included
cells with an on and off component in which each component
had a different best frequency or cells in which the relationship
of frequency of firing to intensity of stimulation differed for
each response component. Such observations lead to questions
concerning the coding of signal information in terms of tem-
poral characteristics of response patterns, and the manner in
which response characteristics of higher auditory cells may be
structured and controlled. From our observations, it is sug-
gested that independent cellular inputs contributed at points
along the central auditory pathway control the firing char-
acteristics of some cortical cells. Analogies may be drawn to
the structuring of receptive field characteristics of cells in the
visual system. [Research supported by NIH Grants.]

Yolume 53 Number 1 1973

362

ACOUSTICAL SOCIETY OF AMERICA

LL7. A Comparison of Averaged Evoked Potentials Recorded
from Auditory Nerve Region and Brain Cortex in Waking
Monkeys. CHESTER R. WILPIZESKI AND RicHARD P. MAIORI-
ELLO, Department of Otolaryngology, Thomas Jefferson Uni-
versity, Philadelphia, Pennsylvania 19107.—Squirrel monkeys
were fitted permanently with rigid depth electrodes having
tips localized in the auditory nerve region and with screw-type
electrodes fixed on the surface of the parietal brain area
(“vertex'’). Summed records of pure-tone evoked potentials
were recorded from both electrode sites using either a digital
or an analog signal averager. Compared with cortical AERs,
nerve evoked potentials showed greater amplitudes, greater
resistance to habituation, less test-retest variability, and were
characterized by less ambiguous waveforms at near-threshold
levels. Acuity functions based on nerve AERs generally show
greater sensitivity (lower detection levels) than those based
on brain cortex responses.

LL8. Human Brainstem Electrical Responses to Acoustic Sig-
nals. R. GarLamBos, K. Hecox, S. HiLLyvarp, T. PictoN, G.
FurmaN, aND M. LEIGH, Department of Neurosciences, Uni-
versity of California at San Diego, Lo Jolla, California 92037 —
Jewett and Williston [Brain 94, 681 (1971)7, using conven-
tional EEG scalp electrodes, recently demonstrated click-
evoked electrical responses that appear during the first 10 msec
post-stimulus and evidently reflect activity in the auditory
nerve and progressively higher brain stem structures. We will
describe experiments aimed toward developing a clinical au-
diometric test based upon these electrophysiological responses.
Using clicks delivered at rates of 20-75/sec, and computer
averaging of 2000 to 6000 responses, we have shown in 10
normal subjects that the wave labeled V by its discoverers in-
creases in latency from 6+4-0.5 msec at a click intensity of ap-
proximately 60 dB SL to 8 or 9 msec at levels around 10 dB SL.
The amplitude of wave V also declines as a function of de-
creasing intensity. Brief tones generate similar functions.
Evidence that these responses are generated by the brain, not
by muscle contractions or other antifactual sources, will be
presented.

LL9. Intensity Function for Cortical Potential Evoked by
Electrical Stimulation of the VIIIth Nerve. RicHARD A. WAL-
LOCH, Department of Otorhinolaryngology, University of Okla-
homa Health Sciences Center, P. Q. Box 26901, Oklahoma Cily,
Oklakoma 73190.—The effect of intensity upon the amplitude
of the cortical potential evoked by electrical stimulation of the
contralateral VIIIth nerve in an anesthetized guinea pig was
studied. Square pulses, 0.5 msec in duration, were delivered
through stainless-steel electrodes implanted in the VIlIth
nerve. The stimulus intensity was randomly varied and the
amplitude of the cortical potential was measured from a stor-
age oscilloscope in a double blind manner. The amplitude at
first rose sharply and then plateaued as the current intensity
was further increased. The intensity function for electrical
stimulation was different from that usually observed for acous-
tical stimulation in two respects. (1) For similar increases
in stimulus intensity, a greater increase in the amplitude of the
evoked potential was observed with electrical stimulation than
with acoustical stimulation. This suggests the use of loud sound
in behavioral transfer tests between acoustical and electrical
stimulation of auditory centers. (2) Increases of stimulus in-
tensity beyond that needed to produce plateau levels caused a
reduction in the evoked potential amplitude with acoustical
stimulation, but no reduction was observed with electrical
stimulation. These data suggest that the reduction observed at
high intensities of acoustical stimulation is due to a cochlear
process, most probably the cochlear microphonic. [Supported
in part by the National Institute of Neurological Diseases and
Stroke and the Deafness Research Foundation.]
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LL10. Effects of Frequency and Phase Reversal on Early Com-
ponents of the Evoked Cortical Response. S. ZErLIN AND R. F.
NAUNTON, Otolaryngology, University of Chicago, Chicago,
Illinois 60637 —The latency of the Ne peak, a landmark of the
early evoked response that occurs about 20 msec after stimulus
onset, was studied with respect to (a) stimulus frequency and
(b) phase reversal. Third-octave clicks (center frequencies
500, 1000, 2000, and 4000 Hz) were presented to normal-hear-
ing listeners at sensation levels (SLs) of 5, 20, 35, and 50 dB;
systematic decrease in latency was seen between 500 and 4000
Hz, approximately 2" msec at 50 SL and 5 msec at 5 SL. The
effect of phase change was studied with a 250-Hz tone burst
gated on at the axis crossing and off 3 cycles later; the first
half-cycle of the tone burst began as either a condensation or a
rarefaction (180° phase change). Results showed that the Na
response to the stimulus beginning as a rarefaction occurred
about 2 msec earlier than the response to the stimulus begin-
ning as a condensation. These results may be interpreted as
illustrating the close relation between cochlear events and the
early evoked cortical response.

LL11. Cerebral Asymmetry in Infants, Children, and Adults:
Auditory Evoked Responses to Speech and Music Stimuli.
DennNis L. MOLFESE, Department of Psychology, Southern
Illinois University, Carbondale, Illinois 6290 1.—Adults process
language and music sounds in different hemispheres of their
brain (Kimura, 1967). This cerebral asymmetry is thought
to occur during language development after 2 years of age
(Lenneberg, 1967). However, recent research (Eimas, Sique-
land, Jusczyk, and Vigorito, 1971) indicates that infants can
categorically perceive speech sounds. It is likely that some
cortical area has already specialized to process these sound. To
determine if cerebral asymmetry is present, auditory evoked
responses (AER) to speech syllables, words, music and speech
noise were recorded from the temporoparietal language proces-
sing area Cohn, 1971) in the left hemisphere and from the
corresponding area in the right hemisphere for three groups
of 10 subjects—infants, children, and adults. AER wave-
forms were averaged and measured for amplitude changes
between N; and Pa wave components for each hemisphere.
Verbal stimuli elicited greatest AER activity from the left
hemisphere while the mechanical stimuli elicited the largest
responses from the right hemisphere in all subjects. Further-
more, the degree of lateralization decreased with age. The
results were interpreted as support for the notion that the
brain is specialized to process language and music differentially
from birth.,
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LL12. Effects of Long Onset Ramp on Auditory Evoked Po-
tentials (AEP). K. N. WiLL1ams, L. F. ELFNER, anp G. G.
BOTHE, Department of Psychology, Florida State Universily,
Tallahassee, Florida 32306.—Human event related potentials
(ERP) were taken using averaging techniques to tonal pulses
with systematically varied onset ramp. The rate at which the
tonal pulse grows to full amplitude (ramp) was linear on both
signal onset and offset. Auditory evoked potentials (AEP),
were taken on seven naive college sophomores, with demon-
strated normal hearing (ISO, 1964), for onset ramps of 50,
150, 500, 1500, and 5000 msec and a no-signal condition. Offset
was 50 msec for all signal conditions. Equipment, calibration,
between-subject variation, and noise considerations required
that 64 trials be averaged to achieve useful (approx. 8:1) SIN
ratios. Trials consisted of 5.05-sec signal condition to 45-dB
sensation level full amplitude and 9.95-sec intertrial interval.
Visual analyses indicate that onset ramp affects offset AEP
progressively less for all signal conditions as ramp duration in-
creases. Onset ramp associated AEP is not apparent beyond
the 150-msec condition. Stepwise correlational analyses are
being performed to clarify the apparent dichotomous onset/
offset results.

LL13. Abstract withdrawn.

EL Dorano WEsT, 9:00 A.M.

Session MM. Physical Acoustics V: Ulirasonic Spectroscopy

EpwiN L. CARSTENSEN, Chairman

Department of Electrical Engineering, University of Rochester,
Rochester, New York 14627

Contributed Papers (10 minutes)

MM.1. Concentration Dependence of the Visoelastic Param-
eters of Aqueous Glycerol. C. E. BELL, Naval Ordnance Lab-
oratory, White Oak, Maryland, ANpD C. M. DAavis, Naval Re-
search Laboratory, Washinglon, D. C. 20390.—The shear and
longitudinal elastic properties of glycerol-water mixtures have

been investigated by means of ultrasonics [Slie e al., J. Chem.
Phys. 44, 3712 (1966)]. These data were used to estimate the
relaxational parameters of pure water by means of extrapola-
tions from low temperature. The resulting 0°C data were
again extrapolated as a function of concentration to pure
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water. In the present investigation, Brillouin scattering has
been used to minimize both the temperature and concentra-
tion extrapolations. The Brillouin and ultrasonic results are
found to be in significant disagreement. The effect of this dis-
agreement on the viscoelastic parameters of pure water is
discussed.

MM2, Sound Absorption in Dimethyl Sulfoxide-Water Mix-
tures. W. M. MADIGoskY, Naval Ordnance Laboratory, Silver
Spring, Maryland 20910.—Ultrasonic attenuation was mea-
sured in dimethyl sulfoxide mixtures over the frequency and
temperature range 5-200 MHz and 25°C to —80°C. At the
higher temperatures the quantity «/f* was found to be inde-
pendent of frequency and in excess of the value calculated
from the classical Stokes equation for shear viscosity. The ex-
cess attenuation can be attributed to a volume viscosity, which
is two-thirds of the shear viscosity. At the lower temperatures
a/f* was found to be highly frequency dependent and less than
that predicted by the Stokes equation. Furthermore, the data
indicate that both shear and volume viscosities are relaxing
with a single relaxation time. The low value of the excess at-
tenuation observed at high tempeatures suggests that there
are no specific hydrogen bonded complexes being formed. The
dramatic decrease in «/f* with increasing frequency at low
temperatures seems to indicate the onset of a glassy state.

MMa3. Ultrasonic Velocity Measurements in Liquids at High
Temperatures and Pressures. JACEK JARzZYNSKI, Nawval Re-
search Laboratory, Washington, D. C. 20390.—An apparatus is
described for speed of sound measurements in molten metals
and fused salts as a function of temperature and pressure.
Problems encountered in extending the temperature and pres-
sure range are discussed. The ultrasonic velocity data are used
to determine the equation of state of the liquid investigated
[L. Davis and R. Gordon, J. Chem. Phys. 46, 2650 (1967)].
Results are presented for the temperature range up to 500°C
and pressure range up to 1000 atm. However, using the appa-
ratus described, such measurements may be obtained over a
considerably larger pressure and temperature range than
covered in this investigation.

MM4. Acoustic Velocity of Fluorocarbon Liquids. H. R.
FELDMAN, Applied Physics Laboratory, University of Washing-
ton, Seattle, Washinglon 98195.—The semiempirical theories
of Rao and Schaaffs, which relate the acoustic velocity in a
liquid to its chemical structure, have been extended to include
liquids containing fluorine atoms in the molecule. The mea-
sured acoustic velocities of nine fluorocarbon liquids were
compared with the velocities predicted by the theories. The
value of Rao's bond addendum [D. Sette, Ricerca Sci. 20, 102
(1950)] for the C—F bond, which minimizes the rms deviation
from the measured values of acoustic velocity, is 114 cm?
{m/sec)}. Use of this value results in an rms deviation of 55.6
m/sec [or the nine compounds. If one eliminates the two acids
(perfluoroacetic and n-perfluorobutyric), which one would ex-
pect to be associative, the rms deviation is 38.8 m/sec for the
seven remaining compounds. A single parameter ft for
Schaaffs’ raumerfillung C-F bond addenda [W. Schaaffs,
Ergeb. exakt. Naturwiss. 25, 109 (1951)] results in an rms
deviation of 46.0 m/sec, and a two-parameter fit in an rms
deviation of 37.3 m/sec for the nine liquids. Further measure-
ments of acoustic velocity have been or will be made on other
fluorocarbons to obtain better values for these constants. An
understanding of the acoustic properites of fluorocarbon
liquids is important because their unusually low acoustic
velocities make them useful as refractive media in acoustics.

MMS. Propagation of Sound in Critical Binary Liquid Mix-
tures near the Critical Point. J. HunTER, L. MOLE, ]. DILL,
AND S. VIMILVANICH, John Carroll University, Cleveland, Ohio
44118 —1It is well known that very large attenuation of sound
is produced in critical binary liquid mixtures as the critical
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temperature is approached, but there is disagreement whether
this large attenuation is due to scattering or to true absorption.
We have scanned the radiation emanating from a scattering
cell containing a binary liquid mixture at several closely
spaced temperatures near the critical temperature. Whereas
there is a very large drop in the strength of signal at zero bear-
ing angle, there is no consequent rise at any other angle, as
there is in the case of true scattering (e.g., as has been experi-
mentally found in scattering from air bubbles.). We conclude
that the attenuation measured by previous observers should be
assigned primarily to true absorption, and that the effect due
to scattering is negligible. [ Work supported by the Office of
Naval Research, Acoustics Branch.]]

MMG. Ultrasonic Wave Propagation in the Critical Tempera-
ture Region of g,3’-Dichloroethyl Ether+Hexane. ELiza-
BETH C. BAINS AND M. A. BREAZEALE, Depariment of Physics,
The University of Tennessee, Knoxville, Tennessee 37916.—
Ultrasonic attenuation and velocity measurements in the cri-
tical temperature region of the binary system 8,8’-dichloro-
ethyl ether+4-hexane are presented. This system has an upper
critical solution temperature at 12.7°C. Measurements were
taken at frequencies between 1 and 9 MHz. The dependence
of both attenuation and velocity on temperature and on fre-
quency was investigated. The temperature dependence of the
attenuation compares favorably with the theory of Fixman
(J. Chem. Phys. 36, 1961 (1961); however, the frequency de-
pendence does not. The frequency dependence of the attenu-
ation cannot be fit by a function that is a single power of fre-
quency. A velocity dispersion is observed in the critical region.
[Research supported by the U. S. Office of Naval Research.]

MM7. Low-Frequency Ulirasonic Absorption in Triethyl-
amine-~Water Solution near its Critical Solution Temperature.
S. S. YuN, Department of Physics, Okio University, Athens,
Ohio 45701 —The ultrasonic absorption at low frequencies
(0.3-4.5 MHz) in a triethylamine-water binary liquid solution
has been measured through the critical solution temperature
by means of the pulse-echo method. For each frequency in-
vestigated, the absorption coefficient exhibits a marked maxi-
mum at the critical solution temperature similar to the results
shown in the earlier work at 600 kHz by A. G. Chynoweth and
W. G. Schneider [J. Chem. Phys. 19, 1566 (1952)]. The tem-
perature dependence of the attenuation «/#? in the single phase
of the solution is examined in terms of Fixman's theory and
compared with the earlier results obtained for higher fre-
quencies [S. S. Yun, J. Chem. Phys. 52, 10, 5200 (1970)]. The
frequency dependence of the absorption coefficient is discussed.
[This work, performed at John Carroll University, was sup-
ported by a NONR contract, NSF grant, and an Ohio Uni-
versity research grant.]

MMaS. Origin of the Relaxational Sound Absorption in Sea
Water below 1 kHz. F. H. FisHER, Marine Physical Labora-
tory, Scripps Institute of Oceanography, Universily of Cali-
fornia, La Jolla, California 92037, AND ERNEST YEAGER,
RoBerT BRrESSEL, AND JOouN MICELI, Case estern Reserve
University, Cleveland, Ohio 44106.—From long-range sound
transmission data, Thorp [J. Acoust. Soc. Amer. 42, 270
(1967)] concluded that sea water has a relaxation at 1 kHz
(r+==1.6 X 1074 sec) in addition to the magnesium sulfate re-
laxation at ~100 kHz. Laboratory measurements with the
temperature-jump relaxation method confirm the existence of
a relaxation of the proper time (r.=1.5X10"% at 9.7°C) and
identify this relaxation with the boric-acid-borate system in
sea water. No relaxation has been observed in the range 1075—
1071 sec in synthetic sea water, made up without borates or
boric acid. Pressure shock measurements in boric-acid—borate
solutions also reveal a relaxation in the proper time domain.
The slow relaxing process is believed to involve the B(OH),
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—B(OH)4 reaction coupled to fast reactions involving the
other buffer systems (e.g., CO;2~—HCQO,;™) in the sea water.
The complete analysis of this relaxation in sea water is com-
plicated by these faster chemical processes. [Supported by
Office of Naval Research.]

MMO. Vibrational Relaxational in CO;/Q, Mixtures. H. E.
Bass aANp F. DoucGLas SHIELDS, Department of Physics and
Astronomy, The Unwersity of Mississippi, University, Mis-
sissippt 38677 —The acoustic absorption in mixtures of CO,
and O, has been measured for 909, 80%, and 709, concen-
tration of O, at 600°K and 450°K and 809% and 109, concen-
tration of O, at 300°K. The absorption has been analyzed to
extract the rate of energy transfer between the vibration of
the bending mode of CO; and the O, virbation and the rate at
which O, deexcites the bending mode of CO, in a v—t process.
[Work supported by the Office of Naval Research.]

MMI10. Ultrasonic Absorption Measurements in Single Or-
ganic Crystals. A. E. Vicror, H. E. ALT™AN, Jr., anp R. T.
BEYER, Department of Physics, Brown University, Providence,
Rhode Island 02912.—Two sets of measurements are reported
of the ultrasonic absorption coefficient in single organic crys-
tals. In benzene, the measurements were made with longi-
tudinal waves in the frequency range 6-38 MHz and over the
temperature range 170°-250°K. Similar measurements over
the same temperature range are reported for crystalline nitro-
benzene for frequencies 6-62 MHz. A newly designed seed-
holding crystal growth tip greatly aided the growing of the
single crystals of nitrobenzene. Present absorption theories
predict absorption proportional to the square of the frequency,
over the ranges covered in these experiments. In the case of
benzene, however, there appears to be a relaxation peak in the
range 15-20 MHz for propagation along the ¢, b axes. The
propagation along the ¢ axis is more complex. The experi-
mental results for both crystals are compared with pertinent
theory. [ This work was supported in part by the Advanced
Research Projects Agency, Department of Delense, and the
National Science Foundation.]
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MMI11. Static and Dynamic PVT Measurements on B,0,
Glass Using an Acoustic Densitometer. ROBERT D. CORSARO,
Naval Research Laboratory, Washington, D. C. 20390.—An
acoustic densitometer has been used to determine the volume
of a B0, glass sample over a wide range of temperatures and
pressures, and the corresponding thermodynamic volume de-
rivatives have been evaluated. At temperatures near the glass
transition (280°C), the dynamic volume relaxation correspond-
ing to a pressure perturbation (“‘pressure jump”) was also ob-
served. Under such conditions, both the dynamic and static
values of the compressibility may be evaluated, along with the
apparent spectrum of relaxation times. These properties are
then compared with predictions based on models of the glassy
state.

MMI12. The Equation of State of Water and Seawater as
Determined from Sound Velocity Data. Raxa A. Fing, Dong
PinG WaNG, anD Frank J. MILLERO, Rosenstiel School of
Marine and Aimospheric Science, University of Miams,
Miams, Florida 33149 —Using the high-pressure (0 to 1000
bars) sound-velocity measurements of Wilson (1960), an
equation of state for PVT properties of water and seawater
has been developed based on a modified Tait equation of the
form
ve—ve 1
V°P — B4A,P4+A,P?

in which V*° is the specific volume at atmospheric pressure, VP
the specific volume at pressure P, and B, 4,, and 4, are func-
tions of temperature and salinity. The equation has been fit
with a maximum deviation in compressibility of 0.01X10-¢
bar™ for seawater and 0.02X107% bar™! for pure water. The
data from this equation will yield specific volumes that show
the excellent consistency of Ekman’s (1908) measurements
with the sound data. The results for pure water show a definite
shift in Kell and Whalley’s (1965) measurements and the
superiority of the PVT data generated from the sound data to
direct experimental measurements.

EMPIRE RooM, 9:00 A.M.

Session NN. Effects of Noise

D. C. Gasaway, Chatrman
U. S. Air Force School of Aerospace Medicine, Brooks Air Force Base, Texas 78235

Contributed Papers (10 minules)

NN1. Review of Noise Impact Aspects of Environmental
Impact Statements. JOEL M. GARRELICK, Cambridge Acoustical
Associates, Inc., Cambridge, Massachusetts 02138.—The noise
impact aspect of a number of Environmental Impact State-
ments has been reviewed for projects within the New England
Region. The projects include transportation facilities, e.g.,
highway and airport constructions, as well as standard build-
ing construction. Different levels of effort were apparent.
These ranged from complete surveys of ambient levels plus
detailed predictive schemes to a few cursory remarks. Various
acceptability criteria and analyses were employed. However,
a number of generalizations can be made. Finally, means for
improving efficiency of preparation and presentation of these
statements are suggested. [ This work was partially performed

under contract to the Environmental Protection Agency,
Categorical Programs Division, Boston. ]

NN2. Subjective Rating of Broad-Band Noises Containing
Pure Tones. PIERRE GOULET AND T. D. NorTHwoOD, Di-
vision of Building Research, National Research Council of
Canada, Ottawa, K1A ORG6, Canada.—For rating the noise of
broad-band sources the custom is to utilize 4-weighted levels,
but there is no consensus on the subjective importance of
pure-tone components that may be present. This study was to
provide some direct evidence on this point. Nine subjects
participated, individually, and the procedure was to have the
subject match pairs of noises by adjusting the level of one of
them. Two experiments used a modified random noise to
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which a pure tone in the range 250-2000 Hz could be added.
The first experiment involved a simple comparison in a quiet
environment. The second involved similar noises but with the
addition of a local “‘wanted” sound in the form of music, and
the subject matched noises from the viewpoint of “intrusive-
ness.” A third experiment was similar to the first but utilized
actual machine noises as the basic spectra. All three experi-
ments indicated that the A-weighted level remains an ade-
quate (slightly conservative) rating number even when pure
tones are present.

NN3. Improved Perceived Noise Computational Algorithm.
W. J. GRUNER, Teledyne Brown Engineering Company, Hunls-
ville, Alabama 35807.—An improved algorithm for the com-
putation of the perceived noisiness of an acoustic pressure
stimulus has been developed. The algorithm is presented along
with the development logic and fit criterion. Coefficient deter-
mination is achieved using a constrained least-squares method.
A statistical analysis of fit is presented for the derived
algorithm as well as previously available methodology. The
new algorithm is shown to improve accuracy from 26% to
369% depending upon amplitude and reduces computational
storage requirements by 15%. Improved accuracy is achieved
at every applicable }-oct band. This algorithm was derived
during psychophysiological criteria development for space
shuttle system launch and static firing sites. [The develop-
ment was funded under contract under the cognizance of the
George C. Marshall Space Flight Center.]

NN4. Effect of Noise on Sleep. G. J. THIESSEN, National
Research Council, Ottawa, Canade, K14 0S1.—When ap-
propriate account is taken of duration of the stimulus the
present data on interference of sleep by noise seem to present
a consistent picture. This picture indicates a ‘‘threshold” of
interference which varies inversely with the duration of the
stimulus, while for a given stimulus length the probability of
a shift in sleep level is proportional to the stimulus level. The
slope of this line seems approximately independent of stimulus
duration. Thus, when all the available data are combined,
they appear to contradict previous statements that for sonic
booms and other acoustic stimuli of short duration there 1s
practically no dependence on intensity once the threshold of
sleep disturbance is exceeded. There is still no evidence that
any appreciable habituation exists.

NNS. In-Ear Monitoring of Noise Exposure. A. J. BRAMMER
aND J. E. PIERCY, National Research Council of Cenada,
Physics Dwision, Ottawa, Canada, K14 OS1.—The device
described at the last meeting has been used to obtain a con-
tinuous record of the sound field at the base of the concha.
When the data are transformed into an equivalent diffuse
field that would exist at the center of the head, an individual’s
exposure to noise can be directly compared with existing
criteria for hearing conservation that include effects resulting
from intermittent exposure (CHABA). A record of sound
level as a function of time, obtained during a representative
work cycle, coupled with a knowledge of the noise levels
generated by similar machines enables a decision to be made
on economic grounds as to whether to modify the work cycle
or the machine. The method has been applied to operators of
skidders who were found, in general, to experience an ex-
posure considered unacceptable by either CHABA or OSHA.
The use of quieter than average skidders and minor restric-
tions in the work cycle produces a noise exposure that would
be acceptable to CHABA.

NN6. The Effectiveness of Motorcycle Helmets as Hearing
Protectors. R. T. HarrisoN, U. S. Forest Service, Equipment
Development Cenler, San Dimas, California 91773 —Measure-
ments of the at-ear noise attenuation provided by several
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popular motorcycle helmets were made. To do this, a probe
microphone was placed in a subject’s ear. He then operated a
motorcycle through a test cycle, which included the motor-
cycle’s entire performance range. He then donned a motor-
cycle crash helmet and repeated the test cycle. In each case
the at-ear noise was recorded and analyzed. A comparison of
the analyses revealed the attenuation characteristics of each
helmet tested. In addition to helmet manufacturer, helmet
size and type of eye protection fitted were varied. Three
different subjects were used to establish differences from
person to person.

NN7. A-weighted Sound Levels Measured within the Cock~
pits of 339 Fixed- and Rotary-Wing Aircraft. DonaLDp C.
Gasaway, U. S. Awr Force School of Aerospace Medicine,
Brooks Air Force Base, Texas 78235.—Acoustic noise levels
measured within 339 aircraft are depicted for seven groups of
fixed-wing aireraft and four groups of rotary-wing aircraft.
These measurements are described using octave-band noise
envelopes and flat and A-weighted sound levels. Also, dif-
ferences between flat and A4-weighted levels are identified for
different types of aircraft. The noise spectra and weighted
levels are reported from noise measurements obtained within
the cockpits of various aircraft during conditions of normal
cruise. Noise data are reported for 271 fixed-wing aircraft:
142 powered by reciprocating engines, 45 powered by turbo-
prop engines, and 84 powered by turbojet or turbofan power
plants; and for 68 rotary-wing aircraft: 28 powered by re-
ciprocating engines and 40 vehicles mated to turboshaft
engines. The purpose of this report is to provide insight con-
cerning the acoustic character of noise exposures commonly
encountered within aircraft.

NNB8. Effects of Continuous and Intermittent Noise on Work
Behavior. J. D. REPKO AND M. LOEB, Performance Research
Laboratory, University of Louisville, Louisville, Kentucky
40208.—A synthetic-work approach was employed in an
investigation of the effects of 90-dB continuous and periodic
96-dB intermittent broad-band noise on human performance.
Ten Navy and Air Force ROTC cadets worked the tasks of a
multiple-task performance battery (MTPB) 12 h a week (in
three, 4-h sessions) during a 4-week training period. Sub-
sequently, they were required to work 4 days, 8 h perday ona
split-shift schedule during the presence of noise, and finally,
work 2 additional days on the same split-shift schedule under
quiet conditions. Mean percentage of baseline performance (a
composite index of performance) was enhanced by a periodic
96-dB intermittent noise, and the extent of the effect varied
as a function of the number of tasks concurrently performed
in the work situation. On the other hand, 90-dB continuous
noise neither enhanced nor degraded performance. [Research
supported by the U. S. Army Behavior and Systems Research
Laboratory, Army THEMIS Contract; and by U. S. Army

Medical Kesearch and Development Command. ]

NN9. Survey of the Noise Environments of 300 Small In-
dustries in North Carolina. L. H. ROYSTER, Center for Acousti-
cal Studies, North Carolina State University, Raleigh, North
Carolina 27607, W. C. CREEL, Safety Coordinator, North
Carolina Department of Labor, Raleigh, North Caralina 27602,
W. G. THoMAs, Department of Surgery, University of North
Carolina School of Medicine, Chapel Hill, North Carolina 27514,
AND C. E. Scorr IlI, R. J. Reynolds Tobacco Company,
Winston-Salem, North Carolina 27101.—A total of 300 in-
dustries were surveyed with respect to their respective noise
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environments. These industries generally employed less than
100 employees. The surveys were conducted by the North
Carolina Department of Labor Staff. Pertinent information
concerning number of employees exposed, percent of em-
ployees exposed in different company size ranges, etc., was
also obtained during the survey. These results are presented.

NN10. Practical Considerations in the Establishment of
Effective Hearing Conservation Programs. C. E. Scott 11,
R. J. Reynolds Tobacco Company, Winsion-Salem, North
Cerolina 27101, W. G. TuHoMas, Departmeni of Surgery,
University of North Caerolina School of Medicine, Chapel Hill,
North Carolina 27514, 1.. H. RovstER, Cenier for Acoustical
Studies, Northk Carolina Siale University, Raleigh, Norih
Carolina 27607.—Procedures of developing, implementing, and
maintaining an effective hearing conservation program are
presented. Special emphasis is placed on the employee’s part
and the need to develop special techniques in order to ensure
the program'’s success.

NN11. Techniques and Results of Audiometric Testing in
Hearing Conservation Programs. W. G. Tuomas, Depariment
of Surgery, University of North Caroline School of Medicine,
Chapel Hill, North Carolina 27514, L. H. ROYSTER, Center for
Acoustical Studies, North Carolina State University, Raleigh,
North Carolina 27607, ann C. E. Scorr 1, R. J. Reynolds
Tobacco Company, Winston-Salem, North Carolina 27101.—
Audiometric testing is an integral part of a hearing conserva-
tion program. Newer techniques, which more closely approach
the state-of-the-art, including computerized testing, and
telephone line operation, are available for testing large num-
bers of people with results that are in good agreement with
standard testing techniques. These techniques, as they apply
to preemployment audiograms, initial testing, and annual
retests, are discussed. A large number of audiograms from
several major industries have been reviewed. The results of
this review indicates that approximately 50% of the employees
on the initial test show significant high-frequency hearing loss,
approximately 109, of the employees show hearing loss severe
enough to be seen by Clinics or physicians for further testing,
and approximately 5% of the employees have to be retested
because of inaccurate results. On annual retests, approximately
15%, of the employees show additional hearing loss with hear-
ing conservation programs in effect. Criteria and techniques
for evaluating hearing conservation programs are suggested,
along with criteria for evaluating additional hearing loss on
annual retests.
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NN12. Comparison of Selected Damage Risk Criteria in
Judging Industrial Noise Environments. C. E. Scorrt 1,
R. J. Reynolds Tobacco Company, Winston-Salem, North
Carolina 27101, L.. H. ROYSTER, Center for Acoustical Studies,
North Carolina Stale Universily, Raleigh, North Carolina
27607, aNp W. G. THoMAS, Department of Surgery, University
of North Caralina School of Medicine, Chapel Hill, North
Carolina 27514.—A study was made of over 500 data samples
for the purpose of comparing allowed exposure times using
85 dBA, 90 dBA, and octave band spectra with the CHABA
Working Group damage risk contours. The results of the
study indicate that the use of octave band data spectra and
the CHABA Working Group damage risk contours should be
allowed in lieu of overall dBA.

NN13. Acoustical Testing of Potentially Hazardous Noise-~
Producing Toys. MARILYN A. CADOFF AND DONALD S. BLoMm-
Quist, Nattonal Bureaw of Standards, Washington, D.C. 20234.
—In recent vears, a great concern has been expressed for
consumer protection and safety, especially for children. As an
outgrowth of this concern, acoustical testing of potentially
hazardous noise-producing toys has been carried out at the
National Bureau of Standards for the Bureau of Product
Safety (FDA). This talk will discuss the work that has been
done on cap pistols and carbide cannons. The discussion will
focus particularly on the development of a standard firing ap-
paratus for testing paper caps, and on the problems encoun-
tered and the solutions arrived at for Lesting carbide cannons.

NN14. Measurement and Analysis of Noise from Detonating
Cord Applications. A. VIkSNE AND T. H. LoGAN, Engineering
and Research Cenier, Bureau of Reclamation, Denver, Colorada,
AND J. EastoN, Martin Marietta Cement Western Division,
Lyons, Colorado 80540.—A series of tests were conducted
to measure the acoustical characteristics of 10 different
types of commercially available detonating cord. Test meas-
urements were made using impulse sound level meters,
recorded on tape, and analyzed for amplitude and fre-
quency content. A number of curves are presented showing
the vartation in the sound pressure level with explosive core
load in grains per foot, and direction of the blast wave. Covered
and uncovered cord were detonated and the SPLs compared.
Values obtained from these tests are compared with noise
criteria for hearing damage and community response to high-
intensity explosive noises. Results from sonic boom tests are
used to correlate community reaction to the noise from
blasting.

SiLvErR CHIMES EAsT, 9:00 A.M.

Session 00. Speech Communication VII: Dichotic Encoding and Speech Perception

GEORGE ALLEN, Chairman
University of North Carolina, Chapel Hill, North Carolina

Contributed Papers (7 minutes)

001. Language Lateralization in a Case of Extreme Psy-
chosocial Deprivation. STEPHEN KRASHEN, VICTORIA FROM-
KIN, AND SusaN Curriss, Department of Linguistics, UCLA,
Los Angeles, California 90024, Davip RIGLER, Children's
Hospital, Los Angeles, Caltfornia, AND SARAH Spirz, UCLA
Phonetics Laboratory, UCLA, Los Angeles, California 90024.—
Verbal and nonverbal dichotic listening tests were conducted

on “Genie,” a 15-year-old right-handed gir], who endured 10
years of extreme isolation from age 3 to 13. When Genie was
first admitted to the hospital there was little evidence of her
having acquired any language. Her nonverbal dichotic results
are not unusual; environmental sound perception appears to
be normally lateralized to the right hemisphere. Her verbal
dichotic listening results are singular in both direction and
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degree ; she shows a left ear (right hemisphere) superiority to
a degree matched only in split-brain and hemispherectomized
subjects. This suggests that ear competition is taking place
only between left ear contralateral and right ear ipsilateral
pathways. These results are discussed in view of her steady
but modest progress in language acquisition.

002. A Parallel between Degree of Encodedness and the
Ear Advantage: Evidence from a Temporal-Order Judgment
Task. RutH S. DAy AnND JameEs M. ViGorito, Haskins
Laboratories, New Haven, Connecticut, and Department of
Psychology, Yale University, New Haven, Connecticut 06510.—
Some speech sounds are more highly encoded than others.
In acoustic terms, this means that they undergo more re-
structuring as a function of neighboring phonemes. In psy-
chological terms, it may mean that special processing is re-
quired to perceive them. Stop consonants appear to be the
most highly encoded speech sounds, vowels the least encoded,
with other sounds falling in the middle. Stops, liquids, and
vowels served as target phonemes in tests of dichotic temporal-
order judgment (TOJ). A different syllable was presented to
each ear with one leading by 50 msec, e.g., BAE (50)/GAE.
Subjects reported which syllable began first. Ear difference
scores were obtained by taking percent-correct TOJ on trials
where a given ear received the leading stimulus and sub-
tracting percent-correct TOJ on trials where the other ear
led. Stop consonant pairs yielded a right-ear score, liquids a
reduced right-ear score, and vowels a left-ear score. A right-
ear advantage in dichotic listening is usually interpreted as
reflecting the operation of a special speech processing me-
chanism. The present data suggest that the highly encoded
speech sounds required the services of this mechanism to a
greater extent than did the less encoded sounds.

Q03. A Parallel between Degree of Encodedness and the
Ear Advantage: Evidence from an Ear-Monitoring Task.
James E. Curting, Haskins Laboratories, New Haven, Con-
necticul, and Department of Psychology, Yale University, New
Haven, Connecticut 06510.—Some phoneme categories undergo
more acoustic variation in different environments than do
others. The phonemes that undergo the most context-condi-
tioned variation are said to be highly encoded. There appears
to be an encodedness continuum, extending from the highly
encoded stop consonants through the liquids and other sounds,
and finally to the least encoded vowels. Stop-liquid-vowel
nonsense syllables such as GLAE were used in a dichotic ear
monitoring task. There were two possible phonemes in each
class: /g/ and /k/ for stops, /lI/ and /r/ for liquids, and
/®/ and /e/ for vowels. Subjects reported only the syllable
presented to a given ear for each block of dichotic trials.
Primary analyses were performed on phoneme contrast trials,
e.g., GLAE/KLAE for stops, GLAE/GRAE for liquids, and
GLAE/GLEH for vowels. Data were scored in terms of
percent-correct phoneme identifications for each ear. There
was a large right-ear advantage for stops, a smaller right-ear
advantage for liquids, and no ear advantage for vowels. The
ordering of phoneme classes along the ear advantage con-
tinuum, therefore, was in parallel with the ordering of the
same classes along the encodedness continuum.

004. Memory for Dichotic Pairs: Disruption of Ear Report
Performance by the Speech-Nonspeech Dislinction. Rutn
S. DAy, James C. BARTLETT, AND JAMES E. CUTTING, Haskins
Laboratories, New Haven, Connecticul, and Depariment of
Psychology, Yale University, New Haven, Connecticut 06510.—
When dichotic pairs are presented in rapid succession, the
best strategy is usually to segregate the items by ear of arrival.
If the stimuli fall into distinguishable classes such as letters
and digits, then report by class is roughly comparable to that
obtained by the ear method. In the present experiment, a
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stimulus class distinction markedly interfered with listeners’
ability to use the ear report method. The classes were speech
(/ba, da, ga/) and nonspeech (500-, 700-, and 1000-Hz tones).
A trial consisted of three successive pairs of speech to one ear
and nonspeech to the other. In separate blocks of trials, sub-
jects reported the order of arrival for a given stimulus class
(speech or nonspeech) or for a given ear (left or right).
Performance was excellent for both types of report as long as
all the speech went to one ear and all the nonspeech went to
the other ear. However, when speech and nonspeech switched
between the ears during a trial, class report remained ex-
cellent but ear report dropped substantially. The status of
stimuli as speech or nonspeech, then, is a fundamental dis-
tinction, one that can reduce the effectiveness of the normally
useful ear report method in dichotic memory tests.

0QO0S. The Right Ear Advantage for Speech Processing. STEVE
HERMAN, Program in Psycholinguistics, University of Michigan,
Ann Arbor, Mickigan 48104.—Spoken digits, words, CV syl-
lables, and Morse code are recognized and recalled better by
the right ear than the left; nonverbal sounds, such as melodies,
tones, sonar beeps, and toilet flushes are processed better by
the left ear than the right. In general, however, ear differences
have been obtained with dichotic, but not monaural stimula-
tion. To account for these findings, Kimura proposed that
under dichotic stimulation the ipsilateral auditory connections
are inhibited, thus giving the right ear *'privileged access”
to the language-dominant left hemisphere. Several findings
involving monaural stimulation, verbal and nonverbal inter-
ference tasks, etc., are presented that indicate that Kimura’s
theory is inadequate. An alternate model based on inter-
hemispheric transfer of information is proposed.

006. Dichotic Right Ear Advantage in Males and Females—
Ages 5 to 13. C. I. BerLIN, S, S, Lowe-BeLL, L. F. HucuEs,
AND H. L. BERLIN, Department of Otorhinolaryngology, Kresge
Hearing Research Leboratory of the South, Louisiana Stale
University Medical Center, New Orleans, Louisiana 07119.—
A total of 150 right-handed children (15 boys and 135 girls
in each age group: 5, 7, 9, 11, and 13) listened dichotically to
60 pairs of precisely aligned nonsense syllables. All children
had normal peripheral pure-tone sensitivity and monotic
syllable intelligibility. A right ear advantage was seen even
in children 5 years of age with no differences between the sexes
as a function of age. The size of the right ear advantage and
the nature of the phonetic errors, as well as the interactions
between ear, age, sex, and phonemes will be presented. All
effects will be discussed in terms of double corrects (where
both items of the pair were correctly perceived) and single
corrects (where only one item of the pair was correctly
perceived).

007. The Effect of Memory Load on the Right Ear Advantage
in Dichotic Listening. GrRACE YENI-KOMSHIAN AND JOEL
GORDON, The Johns Hopkins University, Baltimore, Moryland
21205 AnD PAuL SHERMAN, Chicago State College, Chicago,
Hllinois 60621 —The right ear advantage for reporting speech
signals observed in dichotic listening tasks was further in-
vestigated to examine the effects of memory load on this
phenomenon. The time interval between stimulus presentation
and response was varied. In all experiments subjects went
through a no-delay condition (immediate recall) and different
delay conditions that sampled intervals between 5 and 15
sec. Normal adult listeners were stimulated with dichotic
triads composed of one-syllable common English words. The
first experiment consisted of a free ear-order recall task,
while in the second experiment subjects were cued as to which
ear to report from. The results from both experiments show an
overall right ear superiority, which was most pronounced in
the longest delay condition. There was a sharp drop in ac-
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curacy for both ears at about 56 sec delay. With increasing
delay times, the number of correct responses for the left ear
stimuli continued to decrease, while the number of correct
responses for the right ear stimuli either leveled off or showed
an increase. A third experiment investigated the effect of
reducing memory load by providing the subject with a chart
listing all the stimuli (chart condition). The effect of delay on
the right ear advantage with no chart was replicated, but the
right ear effect was not observed in any of the chart conditions.
The absence of a right ear effect in the chart conditions was
due to an increase in the accuracy of the left ear scores while
the right ear scores remained at the same level of accuracy
under chart and no chart conditions. These findings are inter-
preted to demonstrate that the right ear advantage is not
solely a perceptual phenomenon but that the recall of verbal
material is also lateralized and complements the perceptual
asymmetry. [Supported by PHS Post Doctoral Fellowship
and research grants from NINDS.]

008. Perceptual Processing Time for Consonants and Vowels.
D. B. Pisoni, Department of Psychology, Indiana Unwersity,
Bloomington, Indiana 47401.—Perceptual processing time for
brief CV syllables and steady-state vowels was examined in
a backward recognition making paradigm. Subjects were re-
quired to identify a 40-msec target sound selected from either
a consonant set (/bay, /da/, /ga/), or a vowel set (/i/, /1/,
/e/). The target sound was followed by a different sound
drawn from the same set after a variable silent interstimulus
interval. The second sound interrupted the perceptual pro-
cessing of the target stimulus at short interstimulus intervals.
Recognition performance improved with increases in the
silent interstimulus interval. One experiment examined pro-
cessing time for consonants and vowels under binaural pre-
sentation. A second experiment compared consonant and
vowel recognition under both binaural and dichotic presenta-
tion. The results indicated that (1) consonants require more
processing time for recognition than vowels, and (2) binaural
and dichotic presentation conditions produce differential
effects on consonant and vowel recognition. These findings
have several implications. First, speech perception is not
immediate, but is the result of several distinct operations that
are distributed over time. Second, speech perception involves
various memorial processes and mechanisms which recode and
store information at different stages of perceptual analysis.
[Research supported in part by grant to Haskins Laboratories
from NICHD and a PHS Bio-Medical Sciences Grant to
Indiana University.]

009. Categorical and Noncategorical Modes of Speech Per-
ception along the Voice Onset Time Continuum. Joax House
Lazarus anD D. B. PisoN1, Department of Psychology, Indiane
University, Bloomington, Indiena 47401.—Synthetic stop
consonants varying in voice onset time (VOT) are generally
perceived in a categorical mode. Listeners can discriminate
two sounds only to the extent that the stimuli have been
categorized as different phonetic segments. In the present
study, native speakers of English were required to first
identify and then discriminate stimuli which varied in VOT
from /ba/ to /pa/. One group of listeners took a randomized
absolute identification test, whereas another group took a
sequential identification test. In the latter condition, stimuli
along the continuum were presented in consecutive order.
Half of the subjects in each group then took either an ABX
discrimination test or a 4lAX test. In the 4IAX test, two
pairs of sounds were presented on each trial. One pair was
always the same and one pair was always different. Subjects
were required to judge which pair was the same, the first or
second. Noncategorical perception of the voicing distinction
was obtained only for the group of listeners who received both
the sequential identification test and the 41AX discrimination
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procedure. These findings suggest separate auditory and
phonetic levels of processing in speech discrimination.

0010. The Verbal Transformation Effect: A Comparative
Study of the Verbal Transformations of Phonetically Trained
and Nonphonetically Trained Listeners. NorMan J. Lass
AND RicHARD M. GASPERINI, Speech and Hearing Sciences
Laboratory, School of Medicine, West Virginia University,
Morgantown, West Virginia 26506.—Continued listening to
recorded repetitions of a stimulus has been found to produce
perceptual illusory changes in normal listeners. This phe-
nomenon was labeled by Warren [Brit. J. Psychol. 52, 249-258
(1961)] as the verbal transformation effect. The purpose of this
investigation was to compare the reported verbal transforma-
tions of phonetically trained and nonphonetically trained
subjects in terms of the number of forms and transitions
elicited, number of repetitions of the stimulus prior to the sub-
ject's first verbal transformation, types of transformations
reported, and exact forms employed. A total of seven auditory
stimuli, representing variations in meaningfulness and
phonetic complexity, were presented individually to 28
phonetically trained and 28 nonphonetically trained listeners.
Results of their responses to the stimuli indicate that there
are both similarities and differences between the two groups.
The differences that exist are quantitative, but not qualitative,
in nature. The phonetically trained group reported more
forms and transitions, and required fewer repetitions of the
stimulus prior to their first verbal transformations, than the
nonphonetically trained subjects. However, both listener
groups reported the same types of verbal transformations and,
in many instances, the identical forms as well. Implications
of these findings for future research are discussed.

0011. Perception and Production of Stops in Bilinguals and
Unilinguals. ALFoNso CaraMazza aND GRACE YENI-KoM-
SHIAN, The Johns Hopkins University, Baltimore, Maryland
21218, Epcar Zurir aND ETTORE CARBONE, Sir George
Williams University, Montreal, Conada.—Cross-language
studies have shown that voice onset time (VOT) is a sufficient
acoustic cue to separate initial stop consonants into phonemic
categories. The present study is an attempt to investigate
further the efficacy of VOT as a linguistic cue by examining
the perception and production of stop consonants in three
groups of subjects: unilingual Quebec French, unilingual
Quebec English, and bilingual French-English speakers. Per-
ception was studied through a labeling procedure using syn-
thetically produced stop+vowel syllables. Production was
assessed through spectrographic measurements of VOT in
word-initial stops. The six stop consonants of each language
were investigated. The two groups of unilingual subjects had
different perceptual functions and the bilinguals’ responses
were in an intermediate position. The production data in-
dicate that VOT can separate between the English phonemic
categories of /p,t,k/ and /b,d,g/, but this measure was not
adequate for the Quebec French stop categories. In addition,
the data show that language switching in bilinguals is well
controlled at the production level but poorly controlled at
the perception level. [Research supported in part by National .
Research Council of Canada and PHS research grant from
NINDS.]

0012. A Multidimensional Analysis of the Phonemic Re-
sponses of Hard of Hearing and Deaf Subjects of Three
Languages. JEFFREY L. DANHAUER AND SADANAND SINGH,
School of Hearing and Speech, Ohio University, Athens, Ohio
45701.—Twenty logatomes (CVCV) involving five vowels
and 20 consonants were presented to 36 subjects, 18 hard of
hearing and 18 deaf. Of the 18 subjects, six were speakers of
English (American), six Serbo-Croatian (Yugoslavian), and
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six French (French). The logatomes were analyzed for both
initial and medial consonants. The responses were recorded on
magnetic tape and transcribed phonetically by three judges.
The data were analyzed by IND-SCAL and reported in
unique dimension for both stimulus and subject spaces.
Twelve groups of similarity matrices mainly yielded two- and
three-dimensional solutions. The interpretation of these di-
mensions were mainly voicing and sébilant. Additional features
retrieved in some cases were nasality, fricative, and voiceless
stop. Recovery of similar space for three language groups, two
deviancy groups, and two positions reveal “universal” di-
mensionality and features of the consonants. Some features
were more prominent at the initial place (sibzlant and fricative),
whereas others at the medial place (voicing and naselity).
While hard of hearing and deaf subjects utilized voicing
equally, sibidant, nasality, and fricative were utilized more by
the hard of hearing and wveiceless stop by the deaf subjects.

FripAy, 1 DECEMBER 1972
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0013. Phonation and Loudness. JARED BERNSTEIN, Phonetics
Laboratory, University of Michigan, Ann Arbor, Michigan
48104.—Often when vowel loudness is measured, only SPL,
duration, fundamental frequency, and formant frequencies
are considered as causes of loudness. In the present study,
differences in loudness were measured which apparently are
a function of the mode of laryngeal vibration. Stimuli were
constructed by having speakers produce a series of vowels at
a single fundamental frequency and at several sound pressure
levels (SPLs). The sustained vowel sounds were then elec-
tronically equalized for SPL and presented to subjects as pairs
of isolated vowels. Differences in loudness were reported by
subjects when asked to make paired comparisons. Vowels
with equal duration, SPL, formant frequencies, and funda-
mental frequency were judged to be different in loudness as a
function of the phonation quality associated with the vowels’
position in the voice range of the speakers.

DominioN RooM, 9:00 A.M.

Session PP. Aeroacoustics and Turbulence

MURRAY STRASBERG, Chairman
Naval Ship Research and Development Cenler, Washington, D. C. 20001

Contributed Papers (10 minutes)

PP1. A State-of-the-Art Report on Aeroacoustic Testing in
Conventional Wind Tunnels. R. E. A. ArRNDT, Aerospace
Engineering Depariment, Penn State University, Universily
Park, Pennsylvania 16802, AND D. A. BoxwELL, U. S. Army
Air Mobiity Research and Development Laboratory, Moffett
Field, California 94035.—The increasing attention given to
aerodynamically generated noise brings into focus the need
for quality experimental research in this area. To meet this
need, several specialized anechoic wind tunnels have been
constructed. In many cases, however, it is desirable to use
conventional wind tunnels. Two basic problems are inherent
in conventional facilities; high background noise and strong
frequency-dependent reverberation effects. This paper re-
views the known acoustic characteristics of several existing
tunnels and presents new data obtained in a conventional
7 X 10 wind tunnel and a smaller 4 X 5 wind tunnel, which
is convertible from a closed-jet to an open-jet mode with an
anechoic test section. The data from the smaller tunnel serve
as a guideline for evaluating design techniques involving a
closed-jet and sandwich-wall construction. Model scaling
parameters and data reduction techniques are also considered.
It is concluded that existing conventional wind tunnels can
be utilized for acroacoustic measurements. The overall tech-
nique, however, will require a careful balance of acoustic
treatment, selection of proper model scaling, experimental
technique, and data reduction schemes. Several suggestions
are offered that are pertinent to a relatively large, low-speed
wind tunnel facility.

PP2. Noise Sources and Room Acoustics of Closed Circuit
Subsonic Wind Tunnels. 1. L. VE&r, Bolt Beranek and New-
men Inc., Cambridge, Massachuselts 02138.—The noise
aspects of subsonic wind tunnels have been studied experi-
mentally on full-scale and model-scale tunnels. In wind tun-
nels without acoustical treatment, the driving fan and the
boundary layer suction fan were found to be the dominant
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noise sources. The fan noise in the test section scales with the
6th power of the airspeed. Using this scaling, one obtains a
number, the acoustical merit rating, which permits one to
compare the acoustical quality of different wind tunnels. Ex-
perimental results obtained in full scale as well as in scale
models of closed circuit tunnels will be presented to illustrate
the impulse response and spatial distribution of the sound
pressure. Also, the special instrumentation required for ob-
taining valid results will be discussed.

PP3. Noise Control of Closed Circuit Subsonic Wind Tun-~
nels. I. L. VER, Bolt Beranek and Newman Inc., Cambridge,
Massachusetis 02138.—The noise control measures discussed
will include the design of low-noise driving fans, the acoustical
design of the exterior walls, and the sound absorbing treat-
ment of strategically located interior wall surfaces. It will be
shown how scale models can be used to predict the effect of
noise control measures in reducing fan noise in the tunnel
proper and sound power radiated to the outside.

PP4. Sound Diffracted by a Turbulent Boundary Layer Flow
off a Sharp Edge. K. L. CHANDIRAMANI, Bolt Beranek and
Newman Inc., Cambridge, Massachusetts 02138.—The problem
of diffraction of aerodynamic noise off the sharp edge of a
rigid semiinfinite plate has received close attention recently.
The approaches of Ffowcs-Williams and Crighton, dealing
with scattering from a volume distribution of quadrupoles
near the plate edge, have recently been recast by Chase with
the aim of relating explicitly the magnitude of the scattered
sound in the farfield with the wall pressure statistics char-
acterizing a turbulent boundary layer (TBL) flow. Chase’s
treatment started with the known Green’s function for the
problem. In this paper, the same problem is treated in terms
of diffraction off the plate edge, when the incident wave is
pseudosound ; it travels parallel to the plate surface with a
velocity less than sonic and decays exponentially in a direc-
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tion normal to the plate. The resulting solution of the dif-
fracted sound wave in the far field, when combined with
Corcos' model of the TBL wall pressure statistics, yields good
agreement with Chase’s results. Comparison of these estimates
with Hayden's data is made.

PP5. Nearfield Pressure in Perturbed and Unperturbed
Turbulent Jets. G. L. BAREFOOT AND R. E. A. ArRNDT, De-
partment of Aerospace Engineering, The Pennsylvania State
University, University Park, Pennsylvania 16802.—Considera-
tion is given to the necessary nearfield pressure data necessary
for predicting farfield acoustic radiation. A method for meas-
uring two-point pressure correlations within a turbulent flow
is developed and applied to three variations of a turbulent,
axisymmetric jet: unperturbed, screen perturbed, and one
containing a 10:1 ellipsoid in the potential core. Typical
length scales for turbulent fluctuations are found to be smaller
than equivalent velocity scales. The effects of a screen on the
pressure field are significant. On the other hand, a body per-
turbed jet suffers a large increase in turbulence intensity but
little change in the Reynolds stress and pressure field. Con-
sideration is given to low-frequency roll-off problems and a
limited frequency response. It is shown that meaningful data
can be obtained in the range 1 <x/D <7 provided the phase
lag of each probe is matched. It is also noted that there is an
optimum jet velocity for a given facility in which acoustic
contamination is minimized.

PP6. Wall Pressure Fluctuations at Smooth and Rough
Boundaries under Turbulent Boundary Layers with Positive
and Negative Freestream Pressure Gradients. THomas E.
BURTON, Massachusetts Institute of Technology, Depariment
of Mechanical Engineering, Cambridge, Massachusetts 02139.—
Turbulent boundary layers were fully developed over either
smooth or rough walls. Reynolds numbers based upon bound-
ary layer thickness and freestream velacity are on the order
16%. Fluctuating pressures at the boundary were investigated
within a local region, where a freestream pressure gradient
was applied. The flow reequilibrated to the negative pressure
gradient and was self-preserving, in the region of measure-
ment. With a positive pressure gradient, the flow tended
toward separation with increasing downstream distance and
was not self-preserving. Two flush-mounted microphones pro-
vided pressure spectral densities and time-autocorrelations at
single points on the boundary, as well as cross spectra and
cross correlations from pairs of points. The influence on wall
pressure of roughness is explained in terms of its effects on the
mean velocity profile. Fluctuating pressure models, which
incorporate a unique dispersion relation ¢(f) (the phase
velocity ¢ is obtained from the cross-spectral density) are
found to be inapplicable to flows with a positive freestream
pressure gradient. [Research supported by NSRDC. ]

PP7. Laboratory Simulation of Spacecraft Acoustic Environ-
ment within a Cylindrical Enclosure. H. N. McGREGOR,
Martin Marietia Aerospace, Denver, Colorado 80201.—Space-
craft integrity is verified by subjecting it in the laboratory
to acoustic excitation, which simulates the vibroacoustic
environment that occurs during launch, maximum aero-
dynamic pressure during exit from the earth’s atmosphere, and
the subsequent aerodynamic pressure fuctuation, which
occurs during entry into the Martian atmosphere. Scale model
tests were performed to determine if an enclosure approximat-
ing the shape of the spacecraft fairing could be used as an
inexpensive test chamber. Tests were conducted with cham-
bers having the configuration of the spacecraft fairing and a
cylindrical shape. Results of the tests show that the acoustic
environment can be replicated in a fairing shaped enclosure
over 85% of the top surface and 95% of the bottom surface
of the spacecraft. With a cylindrically shaped enclosure, they
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can be replicated over 95% of the upper and lower surfaces
of the spacecraft. A low-pressure cold jet located in the lower
half of the enclosure is used to simulate entry acoustics.

PP8. Abstract withdrawn.

PP9. Some Effects of Modal Coupling in the Transduction of
Turbulent Pressure Fluctuations into a Closed Cavity. W. A.
STRAWDERMAN, New London Laboratory, Naval Underwater
Center, New London, Connecticut 06320.—The transduction of
turbulent boundary layer pressure fluctuations into a closed,
rigid walled, rectangular cavity via a flexible, thin plate is
theoretically treated from a model approach. The turbulence-
excited vibration of the flexible plate induces pressure fields
in the fluids internal and external to the cavity, which react
on the plate and cause coupling of the plate modes. Since the
plate modes excite the cavity modes, coupling of the plate
modes results in coupling of the cavity modes. The forces on
the plate resulting from coupling with the cavity may be
interpreted as additional inertia or bending stiffness, and
those resulting from coupling with the free field may be
interpreted as additional inertia and resistance. The coupling
forces cause changes in both the mode shapes and natural
frequencies of the cavity.

PP10. Abstract withdrawn.

PPL11. Abstract withdrawn.
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PP12. Infrasound of 1 through 16 Hz Associated with Clear
Air Turbulence. Errc S. PosMENTIER, Department of Mete-
arology and Oceanography, New York University, Bronx, New
York 10453.—1- through 16-Hz infrasound detected by a
four-element array of microphones was recorded six times
daily from April through June 1971. Four records were
selected as representative of extremely low-amplitude condi-
tions. Four other records were chosen as representative of
highly coherent, strong-amplitude records. These latter four
records all exhibited very high horizontal phase speeds, im-
plying near-vertical incidence. A search was made for mete-
orological parameters which varied consistently with the
acoustic data. It has been found that all four low-amplitude
records were from periods during which nonturbulent condi-
tions probably existed between altitudes of 6 and 12 km. The
four strong-amplitude records coincide with times of high
probability of clear air turbulence. The turbulence judgments
are based on the wind speed, the directional shear, and
Richardson’s number, calculated from nearby radiosonde data.
It is concluded that 1- through 16-Hz infrasound may be
radiated by clear air turbulence, and may be a basis for a
remote passive detection system. If confirmed, this conclusion
would have significant implications for both practical and
theoretical problems associated with clear air turbulence.

Fripav, 1 DECEMBER 1972
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PP13. Propagation of Waves of Acoustic Frequencies in
Curved Ducts. W. ROSTAFINSKI, NASA-Lewts Research
Center, Cleveland, Ohio 44135.—Propagation of long waves
(very low frequencies) in curved ducts has been solved
analytically and the results published [82nd Meeting of
the ASA, ]. Acoust. Soc. Amer. 51, 154(A) (1972)]. It was
found that the basic mode of propagation is characterized by
a wave pattern totally different from that known in a straight
duct. To examine the propagation of shorter waves, in the
acoustical frequency range, a systematic study of the pattern
of higher modes has been done. Eact solutions up to the
fourth mode are presented. Analysis applies to ducts with
long and short radii of curvature of arbitrary width. The
results are compared with propagation in a straight duct and
important differences in the behavior of waves are noted.
Analysis was made possible by the use of Bessel functions of

the order (z+1%).

PP14. Acoustic Propagation in Ducts with Varying Cross
Sections. ALt H. NAvFEH AND DEMETRI P. TELIONIS, Engi-
neering Mechanics Department, Virginia Polytechnic Institute
and State University, Blacksburg, Virginia 24061.—The
method of multiple scales was used to derive the equations
that describe the spatial and temporal variation of the ampli-
tudes and phases of acoustic modes propagating in slowly
varying hard-walled or lined ducts. The analysis was carried
out for rectangular as well as circular ducts. These equations
were also derived from the conservation of energy. For large-
admittance or high-frequency modes, an approximate ex-
pression was obtained for the attenuation. This expression
shows that all possible acoustic modes are attenuating. The
results also show that varying the cross-sectional area can
lead to elimination of some of the acoustic modes.

RovarL RooM, 9:00 a.M.

Session QQ. Musical Acoustics

Ingo R. Titze, Chairman
Brigham Young University, Provo, Utah 84601

Contributed Papers (12 minutes)

QQ1. Mechanical Impedance Properties of a Toy Xylophone
and Two Steel Drums. Davip S. PALLETT, Ordnance Research
Laboratory, The Pennsylvania State University, University
Park, Pennsylvania 16802.—A series of informal measure-
ments of the mechanical driving point impedance properties of
a toy xylophone and two steel drums is described. The motivat-
ing factor for these measurements was to establish the feasi-
bility of accurate identification of the fundamental pitches
for the various segmented regions of the steel drum from me-
chanical impedance data. Complicating factors, which limit
the accuracy of these measurements, are indicated. It is shown
that interesting mechanical properties of the toy xylophone
can readily be demonstrated. Successful measurements were
conducted upon a large steel drum which indicate that: (I)
the fundamental component of the free decay or the fre-
quency for the lowest principal resonance is nominally a
major third above the indicated pitch, but that (1I) variations
from this tuning of +1 semitone are common in the lowest
octave; (III) variations of + 3 semitone are common in the
upper octave; and (IV) the subjective impression of tonal
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purity is correlated with the absence of modal degeneracy or
coupling in the fundamental mechanical resonance.

QQ2. Acoustic Attenuators for Brass Wind Instruments.
PERRY SMITH, JOHN STEIN, AND Danier W. MarTiN, D. H.
Baldwin Company, Cincinnati, Ohio 45202 —The acoustical
radiation from trumpets, Flugelhorns, trombones, and French
and baritone horns has been greatly attentuated, without the
adverse effects that conventional mutes have upon the natural
timbre of the tone and the acoustical impedance at the player's
lips. The new lightweight attenuators [ Patent 3,555,956] are
mounted upon the horns in contrast to a previous type
[Patent 2,618,191] demonstrated at a Society meeting in
1947 by the present senior author. The absorptive part of the
attenuator and the enclosed microphone lie just outside the
open-end reflection region of the horn mouth, minimizing re-
action upon the resonant horn and its modal frequencies.
Listening to the enclosed microphone by earphones allows a
performer to practice in relative privacy. A classroom of brass
students so equipped can be taught individually, in groups or
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in ensembles by one teacher through a versatile communica-
tion system.

QQ3. Recent Studies of Wall and Air Resonances of a Violin.
E. V. JANssoN, Department of Speech Communication and In-
stitute of Optical Research, Royel Institute of Technology
(KTH), S-100 44 Stackholm 70, Sweden.—Normal modes of
the walls are studied by means of hologram and laser-speckle
interferometry and their vibration patterns, frequencies, and
Q:s are registered. Resonance frequencies and corresponding
Q:s of the air volume enclosed by the walls of the sounding box
are measured by especially designed electroacoustical equip-
ment and a first image of the normal modes has been registered.
The experimental findings will be presented and discussed.

QQ4. A Method for Visualizing the Eigenmodes of Free-Free
Violin Plates. CArRLEEN M. HurcHins, Catgut Acoustical
Society.—Hologram interferometry has shown the shape of
many of the eigenmodes of free—free violin plates. By hanging
a violin plate horizontally from its four corners on rubber
bands over a specially designed loudspeaker, and the speaker
activated by a sine wave from an audiogenerator, it is possible
to visualize readily some plate modes. This is done by using
finely cut bits of aluminium that will not roll on the curved
surface to make Chladni patterns as the plate is activated at its
discrete mode frequencies. This is a particularly useful
method of checking the contours and activity of the “‘ring
mode” or plate tap tone, which has been found most efiective
in indicating where to thin the wood of violin plates before as-
sembly. By combining this with our present plate tap tone
method, which gives accurate check on frequency, amplitude,
and damping of the “ring mode,” we have a much improved
method for controlling sound quality in finished instruments
from violin to contrabass.

QQS5. The 1215-Cent Octave: Convergence of Western and
Nonwestern Data on Pitch Scaling. W. J. DOWLING, Depart-
ment of Psychology, UCLA, Los Angeles, California 90024.—
Ward [J. Acoust. Soc. Amer. 26, 369-380 (1954)] showed that
Western listeners are extremely precise in making octave judg-
ments with pure tones. Ward’s listeners adjusted pairs of pure
tones to subjective octaves that were slightly larger than a
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physical 2/1 frequency ratio (12 semitones or 1200 cents).
Ward's data between 250 and 2000 Hz showed mean subjec-
tive octave sizes of about 1215 cents. The validity of Ward's
procedure for establishing a scale of musical pitch was dramati-
cally reinforced by the agreemeut between scaled octave
judgments and absolute judgments by one listener with ab-
solute pitch. Observations made on the tuning of instruments
in several unonwestern cultures show good agreement with
Ward’s result of 15 cents/oct sharpening. For example, re-
analysis of Hood’s [UCLA Ethnomusicol. Inst. Sel. Rep. 1,
No. 1, 28-48 (1966)] data on the tuning of Indonesian game-
lans shows a 15.36 cent/oct sharpening. The results of all
available precise measurements for widely divergent cultures
are summarized. It appears that humans the world over make
octave judgments with precision and that these deviate sys-
tematically from the 2/1 ratio in ways that must be explained
by the structure of the auditory system. The present results
enhance the universal applicability of Ward's pitch-scaling
methods.

QQ6. Precise Complex Tone Generation by Digital Table-
Lookup Techniques. STANLEY A. WHITE, North American
Rockwell Corporation, 3370 Mirelome Avenue, Anaheim, Cali-
fornia 92803 —Complex arbitrary periodic waveforms may be
generated by simple table-lookup means. An important trade-
off exists between the number of points of that waveform which
is stored in the memory and the interpolation complexity. A
simple frequency-generation technique is analyzed, and the
attendant accuracy requirements {word length) are developed.
Next, the relationship between the amplitude of the points
stored to represent the waveform and its frequency spectrum
are derived in a review of the discrete Fourier transform. The
transfer functions (and frequency responses) of the buffers
associated with the memory and the interpolator, as well as
the transfer functions of the interpalators proper are derived.
Shown also are the effects on the frequency response of the
generator system as a function of the number of interpolation
points and the order of the interpolator. The mathematical
model of the interpolator is in exact agreement with measured
data. The system is easily mechanized by a read-only memory,
an accumulator, adders, and simple logic. Applications have
been to communications, sonar, vibration testing, and music
synthesis.

EL Dorapo East, 9:00 a.m.

Session RR. Radiation and Scattering

GrorGE CHERTOCK, Chairman
Naval Ship Research and Development Center, Washington, D. C. 20234

Contributed Papers (10 minutes)

RR1. On High-Frequency Scattering Methods: The Need for
Error Bounds and Domains of Validity. R. NEw anp T. J.
EISLER, Acoustics Group, The Catholic University of Americe,
Washkington, D. C. 20017 —There exists an abundance of high-
frequency scattering methods—but relatively little is known of
their accuracy. Furthermore, the technical literature is sig-
nificantly lacking in demonstrating the efficacy of one method

of target scattering analysis versus another, and very few
comparative analyses have been conducted—why? The
Kirchhoff, Keller, and geometrical optics (acoustics) methods
are well known, and can be applied to arbitrarily shaped
bodies. Comparative results are shown for the problem of
scattering from a rigid sphere to demonstrate the differences
between methods. Further comparisons to the more exact

n3
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wave-harmonic and Watson series solutions emphasize the
importance of establishing domains of validity for the ap-
proximate methods.

RR2. Comparison of Various Methods for Computing the
Axially Backscattered Field of a Prolate Spheroid. J. Prjan-
owski AND R. NEw, Acoustics Group, The Catholic Universily
of America, Washington, D. C. 20017.—1t is difficult, if not
impossible, to obtain error bounds on many salutions to high-
frequency scattering problems. Consequently, comparisons
between solutions can be very helpful in establishing domains
of validity. The backscattered field from a rigid prolate
spheroid, ensonified by a plane wave, is calculated using the
Keller, Kirchhoff, Luneberg-Kline, and geometrical-optics
methads. These results are compared to each other, and to the
more exact wave-harmonic result. Finally, results (rom a finite
element method, employing Schenck’s CHIEF program, are
compared. Limitations on the various methods are discussed.

RR3. Backscattering from a Finite Rigid Cylinder. T. J. EisLER
AND R. NEw, Acoustics Group, The Catholic University of
America, Washington, D. C. 20017.—The backscattering cross
section of a finite rigid cylinder is calculated for plane-wave
incidence at various aspects using both the Kirchhoff approxi-
mation and Keller’s geometrical theory of diffraction. In the
Kirchhoff method, the first term in the asymptotic expansion
of the Kirchhoff integral in inverse powers of ka is used, where
a is the radius of the cylinder, & is the wavenumber of the in-
cident radiation, and the length of the cylinder is assumed to
be of the same order of magnitude as the radius. In Keller’s
method, only singly diffracted rays are considered. The cal-
culations are compared with experimental results of Dunsiger
[J. Sound Vibration 13, 323 (1970)]. In the special cases ol
beam and end-on aspect, there is specular reflection in the
backscattering direction. In these two cases, the backscatter-
ing cross section is plotted as a function of ke using higher-
order terms in the asymptotic expansion of the Kirchhoff inte-
gral and multiply diffracted rays in the Keller method. These
results are compared with the geometrical acoustics cross
section.

RR4. The Radiation Patterns of Acoustic Multipole Sources in
Motion. G. C. GAUNAURD, Naval Ordnance Laboratory, Silver
Spring, Maryland 20910, anp T. J. E1sLER, The Catholic Uni-
versity of America, Washington, D. C. 20017 —A study is pre-
sented of the radiated part of the pressure and velocity fields
produced in free space by the arbitrary motion of point acous-
tic sound sources. Three types of multipole sources (monopoles,
dipoles, and quadrupoles) are analyzed in detail, especially for
the extreme cases of rectilinear and circular motions. Exten-
sions to all the higher-order multipoles are also given. The
solid angle distribution and the combined frequency and solid
angle distribution of the radiated power are studied in further
detail for point sources, {orces, and stresses in general arbi-
trary motion. Particularizations for the cases of rectilinear
and circular motions are given, and the instantaneous radia-
tion patterns are plotted in various cases. Some examples are
worked out and some applications to the theory of sound radi-
ation from rotating machinery are given as particular cases of
the general theory. The total radiated power from each type of
multipole undergoing each considered motion is also given.
The analysis has applications when modeling the acoustic
radiation produced by moving submerged bodies.

RRS5. k-Space Formulation of the Acoustic Scattering Problem.
Norpert N. BojarskI, Research Contractor and Consultant to
the Departmenl of Defense, 16 Circle Drive, Moorestown, New
Jersey 08057.—The acoustic scattering problem is solved by
means of a k-space formulation of the field equations, thereby
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replacing the conventional integral equation formulation by a
set of two simultaneous algebraic equations in two unknowns
in two spaces (the constitutive boundary condition being an
algebraic equation in x space). These equations are solved by
an iterative method with the aid of the fast Fourier transform
(FFT) algorithm connecting the two spaces, requiring trivial
initial approximations. Since algebraic and FFT equations are
used, the number of arithmetic multiply-add operations and
storage allocations required for a numerical solution are
reduced {rom the order of N? and N2, respectively ([or solving
the matrix equations resulting [rom the conventional integral
equations), to the order of N log:N and N, respectively (where
N is the number of data points required for the specification of
the problem). The advantage gained in speed and storage is
thus of the order of N/log:/N and N, respectively. This method
is thus considerably more efficient, and permits exact numeri-
cal solutions for much larger problems than possible with the
conventional integral equation—-matrix inversion method. The
details and some numerical results of the application of this
method to two- and three-dimensional acoustic scattering are
presented.

RR6. Acoustic Radiation in the Near- and Farfield of an Annu-
lar Ring Using Impulse Response and Fast Fourier Transform
Techniques. P. R. STEPANISHEN, Generel Dynamics/Electric
Boat Division,- Groton, Conneticut 06340.—An application of
impulse response and fast Fourier transform techniques is pre-
sented to investigate transient and steady-state pressures in the
near and farfield of a baffled piston with a specified velocity.
As a specific example, and exact expression for the impulse re-
sponse from an annular ring to an arbitrary point is presented.
Time-dependent pressures in the field are expressed as a con-
volution integral involving the piston velocity and an impulse
response. For harmonic fields, the pressure at a point is re-
lated to the Fourier transform of the impulse response at the
point. The Fourier transform of the impulse response is evalu-
ated exactly for on-axis points and points at large distances
from the ring, and the results are seen to agree with the classi-
cal steady-state results. [n general, the Fourier transform of
the impulse response must be evaluated numerically and the
use of fast Fourier transforms is proposed as a convenient
method of evaluating the transform. The use of the approach
to obtain nearfield pressure contours over a wide frequency
range is also discussed and several numerical considerations
are noted.

RR7. The Impulse Response and Acoustic Radiation Imped-
ance of an Annular Ring in a Planar Baffle. P. R. StepnAN-
ISHEN, General Dynamics/Electric Boat division, Grolon,
Connecticut 06340.—The acoustic radiation impedance of an
annular ring in a rigid infinite planar baffle has been the sub-
ject of several recent papers [A. S. Merriweather, J. Sound
Vibration 10, 369-379 (1971); W. Thomgpson, Jr., J. Sound
Vibration 17, 221-233 (1961); and C. ]J. Boukwamp, ]J.
Sound Vibration 17, 499-508 (1971)]. In contrast to the ear-
lier papers, a time domain approach is presented in this paper
to evaluate the radiation impedance. Rather than directly
evaluate the well-known Kirchoff double surface integral, the
impulse response or inverse Fourier transform of the imped-
ance is first evaluated from the integral. A closed-form expres-
sion for the impulse response which is valid for all ring sizes is
presented, and several interesting characteristics of the solu-
tion are noted and discussed. Since the impulse response and
radiation impedance of a ring are a Fourier transform pair,
the Fourier transform of the impulse response must be evalu-
ated to obtain the impedance. Although the Fourier transform
can not be readily evaluated analytically, an approximate ex-
pression for the radiation impedance of the ring can be ob-
tained and is presented. Numerical results for the radiation
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impedance of different sized rings are also presented as a
function of normalized frequency.

RR8. Sound Pulses Radiated in Air by Creeping Waves on
Rigid Spheres and Cylinders. Ricuiarp H. VoG, Naval Re-
search Laboratory, Washington, D. C. 20390.—The diffraction
of sound pulses by metal spheres and cylinders in air was ob-
served under conditions where the radiation from creeping
waves could be compared with the specularly reflected pulses.
The amplitudes of the radiated and reflected pulses were com-
pared for various angles of scattering and for a range of fre-
quency parameter (2a) from 8 to 20. The results were in agree-
ment with theory in the case where the calculations were avail-
able. The attenuation of the creeping waves was determined
from the decrease in amplitude of the sound pulses radiated
tangentially as the creeping waves traversed increasing arc
lengths along the surface of the body. In the case of pulses
derived from truncated sinusoids two or three cycles in dura-
tion, the attenuation agreed with the steady-state theory in
the observed range of frequency parameter from 8 to 40.

RR9. Acoustic Radiation from a Point-Excited Infinite Elastic
Plate. ALaN D. Stuart, Ordnance Research Laboralory, The
Pennsylvania State Universily, University Park, Pennsylvania
16802.—The acoustic pressure radiated by an infinite elastic
plate excited by a dynamic point force is investigated. The
effects of shear and rotary inertia in the plate have been in-
cluded to ensure the proper representation of the high-fre-
quency components of the radiated pressure. The pressure
radiated by this coupled plate—fluid system is obtained with
the use of integral transform methods. The inverse integral
representation of the pressure field is evaluated by the asymp-
totic method of steepest descent, from which the near- and far-
field pressure is determined directly. The farfield is associated
with the saddle-point contribution, while the nearfield is as-
sociated with the poles of the integrand, on either Riemann
sheet, that are enclosed by the path of steepest descent. A sys-
tem of normalized variables is introduced that allows the
radiated pressure to be expressed explicitly in terms of the ma-
terial properties of the plate and the acoustic fluid, while being
independent of the plate thickness. The frequency spectrum
and directivity pattern of the farfield radiated pressure are oh-
tained for a steel plate in air and in water. At frequencies
above coincidence, two distinct peaks in the radiated pressure
occur. The first peak to occur commences parallel to the plate;
the second peak commences at the normal to the plate; both
peaks reach a maximum angle as frequency is increased.

RR10. Transient Radiation from a Point-Excited Infinite
Elastic Plate. ALAN D. Stuart, Ordnance Research Laboratory,
The Pennsylvania State University, University Park, Pennsyl-
venie 16802.—The acoustic pressure radiated by an infinite
elastic plate excited by an impulsive point force has been de-
termined. The eflects of shear and rotary inertia in the plate
have been included to ensure the proper high-frequency re-
sponse. The calculation for the steady-state case has shown
two distinct peaks or lobes in the farfield radiation pattern.
The inverse two-sided Laplace transform reveals that the
nature of the transient pressure waves are dependent on the
point of observation relative to the three regions separating
the two steady-state peaks. Precursor waves that arrive before
the retarded time of the fluid medium were found to exist only
in two of these regions, while the region about the normal to
the plate contained only causal waves.
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RR11. Acoustic Transmission Properties of Submerged Finite
Cylindrical Shells. Davip S. PaLLerr, Ordnence Research
Laboratory, The Pennsylvania State University, University
Park, Pennsylvania 16802.—Statistical energy analysis pro-
cedures have been successfully employed for prediction of
acoustic transmission properties of finite cylindrical shells in
air in the work of White and of Manning and his associates.
Extensive studies of Crocker and Price and their associates
have dealt with acoustic transmission properties of plane panels
in air. The present study directs attention to essential adapta-
tions to these analytic methods that are necessary to account
for fluid loading effects due to the presence of a dense Auid
surrounding the exterior of a finite air-flled cylindrical shell.
Attention is directed to the relative importance of the reso-
nant and nonresonant acoustic transmission paths. The reso-
nant response and transmission path is based upon resonant
modal response properties, whereas nonresonant transmission
is estimated upon the basis of transmission properties char-
acterizing an infinite plane interface between two acoustic
media. The nonresonant transmission path appears to be
dominant for the uniform shells included in this study. Ex-
perimental measurements of the acoustic transmission prop-
erties of two uniform cylindrical shells have indicated good
agreement between analytic and experimental data.

RR12. Pressure Waves in a Fluid Layer. J. R. EASTER AND
P. J. Torvik, Department of Mechanics, Air Force Institute
of Technology, Wright—Patlerson Air Force Base, Ohio 45433.—
The pressure field in a layer of compressible inviscid fluid be-
tween two parallel elastic plates is considered. Each plate is
described by the Timoshenko-Mindlin plate equation, and a
point time-harmonic force is assumed to be applied normally
to one plate. The method of solution parallels that previously
applied to a semiinfinite fluid bounded by one plate [Feit, J.
Acoust. Soc. Amer. 40, 1489-1494 (1966)]. The Hankel trans-
form was applied to the plate equations and the wave equation
for the fluid, with the pressure and normal velocity at the
interfaces being equated. The resulting inverse Hankel trans-
form was evaluated both by numerical integration and by an
approximation using the method of steepest descent. Separate
expressions were developed in each case for results near the
axis of symmetry and for large distances from that axis. Re-
sults for 10-usec pulses were also obtained by the superposi-
tion of steady-state results for 20 frequencies. Satisfactory
agreement between the two methods was obtained.

RR13. Vibration of a Semiinfinite Fluid-Loaded Membrane.
Huw G. Davigs, Acoustics and Vibration Laboratory, Depari-
ment of Mechanical Engineering, Massachusells Institule of
Technology, Cambridge, Massachusetts 02139.—The vibration
af and the acoustic radiation from a semiinfinite taut mem-
brane is considered. The plane of the membrane is extended by
a seiminfinite rigid baffle. A compressible fluid fills the half-
space on one side of the membrane and bafle. Two types of
vibration are considered: (i) natural motion of the membrane
due to an incoming acoustically slow wave on the membrane
incident normally on the edge, and (ii) forced motion of the
membrane, the force having sinusoidal space and time de-
pendence. The forced motion thus is somewhat analogous to
the single-mode-vibration of a finite membrane. The shape of
the membrane and the associated acoustic radiation are dis-
cussed and compared with the case when fluid loading is not
present.
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BurcunDpy East, 2:00 p.M.

Session SS. Psychological Acoustics V: Masking

Irwin PorrLAck, Chairman

Mental Health Research Institute, University of Michigan,
Ann Arbor, Michigan 48104

Contributed Papers (10 minutes)

SS1. Measurement of the Critical Masking Interval. M. J.
PENNER, 5103 S. Mill St., Tempe, Arizona 85281, AND E.
Cupany, Department of Psychology, Arizone State University,
Tempe, Arizona 85281 —The critical masking interval, the
time period during which noise is effective in masking a brief
click, was measured in two experiments. The first paradigm
was the temporal analog of Fletcher’s critical band experi-
ment. That is, the click was presented in the temporal center
of the noise, and threshold was measured as the masker dura-
tion was decreased. The second paradigm investigated the
temporal analog of Greenwood’s [J. Acoust. Soc. Amer. 33,
484-502 (1961)] masking experiment wherein a click was
moved through the noise burst. The two paradigms yielded
similar numerical estimates of the critical masking interval
(about 20 msec), although the critical masking interval was
not affected by the stimulus’ bandwidth.

SS2. The Effects of Masker Bandwidth on the Function Re-
lIating Detectability to Signal Duration. TERRENCE R. DoLAN,
Parmly Hearing Institute and Psychology Department, Loyola
University of Chicago, Chicago, Illinois 60626, AND DONALD E.
ROBINSON, Psychology Department, Indiana University,
Bloomington, Indicna 47401.—The function relating detect-
ability (') to signal duration for sinusoidal signals in Gaussian
noise has been well documented. In general, it has been shown
that d' is at a maximum when the signal duration is between
100 and 300 msec, and decreases for both longer and shorter
durations. The present experiment replicated these results for
both wide-band (2900 Hz) and narrow-band (70 Hz), contin-
uous maskers. However, for pulsed signal and masker, the de-
crease in d' at short signal durations was obtained only when
the noise masker employed was wide band. If a narrow-band
noise was used as the masker, detectability continued to
increase as signal duration was decreased.

S$S3. Monaural Unmasking. FrRepERIC L. WIGHTMAN AND
Tammo Hourcast, Institute for Perception—TNQO, Soester-
berg, Netherlands—A classical forward-masking paradigm was
used to measure the masked threshold of a brief 1000-Hz signal
presented shortly after the termination of a long, 1000-Hz
tonal masker. To our surprise, when a wide-band noise was
added to the tone masker, at a level high enough that the tone
masker was barely audible, the threshold for the signal de-
creased, by as much as 10 dB for some subjects. In other words,
detection performance was actually improved by the addition
of the rather intense noise masker; the noise somehow reduced
the effectiveness of the tone as a masker. We suggest that this
result reflects the operation of some kind of lateral-inhibitory
process in the auditory system. The neural activity produced
by the tone masker is thought to be suppressed, or inhibited
by the addition of the noise (in much the same way as the
neural activity produced by one tone has been shown to be
suppressed by the addition of a second tone), thus reducing
the masking effectiveness of the tone. In order for this "in-
hibitory” effect (and others recently reported in the literature)
to be revealed, however, it is essential that the masker and
signal #ot be presented simultaneously. In our experiment,
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with simultaneous presentation, adding noise never resulted
in an improvement in performance. [Research supported in
part by the Institute for Perception—TNOQ, Netherlands, and
by a National Science Foundation Postdoctoral Fellowship
awarded to the first author.]

SS4. Detection of Deletion and Insertion of Tones in Band-
limited Noise. W. T. BourBoN AND V. L. LEMBO, Department
of Psychology, Stephen F. Austin State University, Nacogdo-
ches, Texas 75961.—The detectability of insertion (TI) and
deletion (TD) of tones in a noise background was compared.
Tones of 500 Hz were gated on or off for 100 msec in noise
with a spectrum level of 45 dB SPL. Psychometric functions
were determined for two observers in a 2IFC task under wide-
band and bandlimited conditions of the masking noise. Under
all conditions, the following results were obtained: (1) TI is
more detectable than TD by 3 dB or more; (2) the slope of
Py vs E/Nois greater for TD than for T1; and (3) the release
from masking obtained with bandlimiting of the noise masker
is greater for TD than for T1. The relationships of the present
data to those of earlier studies and to critical band data are
discussed.

SS5. Comparison of Direct and Indirect Measures of Critical
Bands of the Monaural Chinchilla. W. H. Seatox anp C.
TraH10T1IS, Ungversity of Illinois, Champasgn, Illinois 61820.—
Typically, it is found that lower forms (rats, cats, and chin-
chillas) require a greater S/N ratio than does man in order to
detect the presence of a pure-tone signal in a broad-band noise.
Assuming Fletcher’s formula to be an adequate means of esti-
mating the operating bandwidth of the auditory system, one
could come to the conclusion that these lower forms have larger
critical ratios, larger critical bands, and, therefore, poorer fre-
quency resolving ability than does man. However, the be-
havioral index of auditory sensitivity utilized in these experi-
ments does not permit separation of behavioral criterion and
auditory sensitivity. It seems probable that lower forms are
trained to maintain a "‘high" criterion (low false-alarm rate)
and, thereby, produce threshold measures of relatively high
S/N ratio. Our efforts have been directed toward measuring
both critical ratios and critical bands (band narrowing para-
digm) utilizing both traditional threshold measures and cri-
terion free indices of signal detection theory. Data obtained
at signal frequencies of 500 Hz, 1, 2, and 4 kHz will be dis-
cussed in terms of (1) the relationship of critical ratios to cri-
tical bands as a function of frequency and (2) the effect of
criterion contamination on the estimate of the critical ratio
and therefore on the estimate of the frequency resolving power
of the organism.

S56. Some Possible Attentional Aspects of Post-Stimulus
Signal Processing. RicHARD E. Pastore, Department of
Psychology, State University of New York at Binghamton,
Binghamton, New York 13901.—Some possible attentional as-
pects of post-stimulus signal processing were investigated in a
modified masked-signal detection paradigm. The signal was a
1000-Hz sinusoidal waveform 20 msec in duration and gated at
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positive zero-crossing of the waveform. The signal was masked
by a broad-band (360-3360 Hz) Gaussian noise. The effect of a
decrease in the amplitude of the masking noise, when con-
fined to a limited frequency range, was investigated in terms
of both the frequency range of the change and the temporal
relationship between the otfset of the signal observation inter-
val and the onset of the decrease. An immediate decrease in
masking noise in frequency regions outside the critical band of
the signal decreased detectability.

SS7. Frequency Discrimination and Detection of Homophasic
and Antiphasic Tonal Signals in Noise. DoNaLD E. RoBinsoN,
Psychology Department, Indiana University, Bloomington,
Indiana 47401, AND TERRENCE R. Doran, Parmly Hearing
Institute and Psychology Department, Loyola Universily of
Chicago, Chicago, Illinois 60626.—Psychometric functions
generated in a 2ATFC detection paradigm were compared to
psychometric functions generated in a 2ATFC frequency-dis-
crimination paradigm (see Henning, J. Acoust. Soc. Amer. 41,
4 (1967)]. For frequency discrimination, two tones were pre-
sented, one in each of the two observation intervals. The ob-
server's task was to indicate in which interval the signal of
higher frequency occurred. With a frequency difference of 15
Hz, the psychometric function for frequency discrimination of
homophasic signals was parallel to and slightly displaced to
the right of the psychometric function for detection of homo-
phasic signals. The psychometric function for frequency dis-
crimination of antiphasic signals, however, had a significantly
lower slope than the psychometric function for detection of
antiphasic signals. Performance for frequency discrimination
of antiphasic signals was similar to performance for detection
of antiphasic signals at low S/N ratios and similar to detection
of homophasic signals at high S/N ratios. The data are dis-
cussed in view of current models of binaural signal processing.

SS8. Pitch Shift and Masking by Sinusoids and Narrow-Band
Noise. M. M. TAYLOR AND S. M. SMITH, Box 2000, Downsview,
Ontario, Canada.—Direct masking of a sinusoid by a 10-Hz
noise band defines an apparent filter with a 3-dB bandwidth
of as little as 7 Hz at 500 Hz. This extreme sharpness is prob-
ably found because the center frequency of the hlter shifts
away [rom the noise frequency. We have found perceived pitch
shifts of as much as 10 Hz for tones 30 dB above their masked
threshold. With a sinusotdal masker, less masking is found for
small frequency separations, presumably because beats be-
tween signal and masker are heard, whereas with the narrow-
band masker, they are masked by ‘‘beats” internal to the
noise. When either a 10-Hz noise band or a sinusoid hxed at
470 Hz is used to mask a 500-Hz sinusoid, and a sinusoid at
another frequency is used as a secondary masker, masking is
enhanced by as much as 15 dB, presumably because of extra
beats generated within the critical band titer. Preliminary
results suggest that the filter is over 200 Hz wide at 500 Hz.
Masking of beats by other beats could be a powerful tool in
investigating the primary organization of the auditory system.

SS9. Masking with Ripple Noise and Spatial Frequency Analy-
sis. W. A. YosTt AND B. BERGERT, Communication Sciences Lab-
oratory, University of Floride, Gainesville, Florida 32601 —A
low-pass noise (1500-Hz cutoff) with a sinusoidal variation in
its amplitude spectrum (ripple noise) was used to mask a
1000-Hz signal (10 msec) in both a forward and a simultaneous
masking procedure. The masked thresholds of the signal were
measured as a function of the number of peaks (ripples) in the
amplitude spectrum of the noise. The procedure was similar to
that used by Houtgast who reported it at the 83rd meeting of
the Acoustical Society. Houtgast used a pulsation threshold
technique with ripple noise to study frequency selectivity.
Pulsation threshold is similar to simultaneous forward and
backward masking. The data of the present study indicate
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that results similar, but not identical, to Houtgast's can be ob-
tained with forward masking alone. The [requency selectivity
obtained with the forward masking procedure is sharper than
has been previously obtained and might indicate the presence
of lateral inhibition.

SS810. Masking of Pure Tones by Frequency Modulated Tones.
I. M. Youne ano C. H. WENNER, Department of Otolaryngo-
logy, Jefferson Medical College, Thomas Jefferson Untversity,
Philadelphia, Pennsylvania 19107.—Pure-tone threshold mea-
surements were made in the presence of frequency modulated
tones in subjects with normal hearing. For a given masking in-
tensity, effects at the carrier frequency of the FM tones, were
found to be similar for a different frequency deviations and
modulation rates. As masking intensity increased, effects at the
carrier frequency increased linearly. Frequencies above and
below the carrier [requency demonstrated a spread of masking
being greater above the carrier frequency. This effect in-
creased considerably for intensities above 60 dB re 0.0002
dyn/cm? As the modulation increased for a given frequency
deviation, masking effects at frequencies above the carrier fre-
quency behaved similarly to pure-tone masking. Upon in-
creasing the frequency deviation for a given modulation rate,
masking effects produced at frequencies higher than the car-
rier frequency were comparable to narrow-band noise. In
comparing the masking at the carrier (center) frequency, the
most effective method was narrow-band noise, then the FM
tone, and the least effective method was pure tone.

SS11. Some Factors Affecting the Perception of Auditory Pat-
terns. C. S. Warson, C. A, BeEnBassaTt, aND W. J. KeLLy,
Central Institute for the Deaf, St. Louis, Missorui, and Wash-
inglon University, St. Louis, Missour: 63110.—Auditory pat-
terns, each composed of a sequence of 10 tones 40-msec long
with frequencies between 250 and 900 Hz, were played in pairs.
The patterns within each pair were either the same or differed
by a Af added to one of the 10 tonal components. Just detect-
able values of this Af are quite small when the same patterns
are used on every trial and when listeners know which tonal
component may be changed [Watson and Wroton, J. Acoust.
Soc. Amer. 51, 113(A) (1972)]. Presenting a new pattern on
each trial was found to make the task significantly more diffi-
cult; however, the increase in difficulty was uniform whether
one, two, four, or eight tonal components comprised the catalog
from which the one to be varied was selected. Decay of the
“auditory image,” studied by varying the interval between
standard and comparison patterns, was found to proceed at a
rate similar to that for single tones.

SS12. Detection of Alterations of One Component in a Multi-
ple Tone Complex. JaMes H. PATTERSON, Jr., U. S. Army
Medical Research Laboratory, Ft. Knox, Kenlucky 40121.—
Experiments were conducted to determine the relative detect-
ability of an increment, a decrement, and a phase shift of one
component of a harmonic series of sinusoidal components.
Data will be presented showing the detectability of these
three types of alterations of one component as a function of
the frequency of the component being altered. The results are
interpreted in terms of the time—frequency resolving power of
the auditory system.

SS13. Two-Tone Unmasking, B. LEsHowitz aAND E. CupanY,
Department of Psychology, Arizona State Undversity, Tempe,
Arizona 85281 —The detection of a brief tonal signal in the
presence of a two-tone masker was investigated. The composite
masker consisted of a gated sinusoid of constant amplitude (80
dB) added in quadrature with a continuous sinusoid. The fre-
quency of the masker was 200 Hz higher than that of the sig-
nal. As the level of the continuous masker was increased from
60 to 85 dB, signal threshold actually decreased by 15 dB.
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This “unmasking” effect is interesting because simple stimu-
lus-oriented models of detection cannot account for the data.
Two-tone unmasking may be related to saturation effects re-
ported for single units in the cochlear nucleus [R. L. Smith, J.
Acoust. Soc. Amer. 52, 117 (1971)]. [This research was sup-
ported by an NIH grant.]

SS14. Regulation of Voice Amplitude by the Monkey
(Macaca). J. M. Sinnort, W. C. STEBBINS, AND D. B. Moobpy,
Kresge Hearing Research Institute and Departments of Olo-
rhinolarygology, Psychology and Psycholinguistics, University
of Michigan, Ann Arbor, Michigan 48104.—Increasing voice
amplitude in the presence of noise has been referred to as the
“Lombard reflex.” Lane [J. Speech Hearing Res. 14, 677-709
(1971)] believes that the response is not reflexive, but that
speakers learn to take their audience into consideration by
raising their voices in noise. In this experiment, we determined
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the effect of noise on monkey vocalizations, which have long
been considered to be primarily affective in nature and con-
trolled by subcortical limbic structures [Robinson, Physiol.
Behavior 2, 345-354 (1967)]. Monkeys were trained by oper-
ant conditioning procedures to vocalize for food reinforce-
ment. Qur results showed that the monkeys increased their
voice level under a masking noise band of 200-500 Hz (funda-
mental frequencies for these monkeys ranged between 250
and 400 Hz. The slope of the function relating vocal intensity
to external noise level was approximately 0.2, comparable to
our own data from humans. The monkeys' voice amplitude
was not noticeably affected by a high-frequency nonmasking
noise band of 8-16 kHz. Thus both humans and monkeys ap-
pear to have a similar self-regulatory system of voice control
in masking noise, despite alleged differences in the neural
basis of human speech and monkey calls. [Research supported
by grants from N1H and Sigma Xi.]

SiLver CHiIMES East, 2:00 p.M.

Session TT. Speech Communication VIII: Temporal and Stress Factors in Speech

STeEPHEN KRASHEN, Chairman

University of California, Los Angeles, Santa Monica, California 90405

Contributed Papers (7 minutes)

TT1. Central versus Peripheral Control of Vowel Duration.
Tovanna Conbpax, Department of Linguistics, Princeton Uni-
versity, New Jersey 08540, aND RoOBERT KRONES, Phonology
Laboratory, Department of Linguistics, University of California,
Berkeley, California 94720.—Although in English the vowel
[1] is shorter than [i:], [0], and [2], only the [1]/[i:] differ-
ence is traditionally recognized as linguistically significant,
1.e., something the speaker ‘‘knows’’ and has control over. The
differences between [1]/[0,2], however, are usually attrib-
uted to constraints of the speech production mechanism. We
tested this description by observing the effect on vowel dura-
tions of having speech produced without the normal speech
organs, namely by having several subjects “speak’” [sls]
“sis”’, [sizs] “cease’, [s0s] “sauce,” and [sas] “sass,” using
a finger-operated switch that controlled a speech synthesizer.
Although in normal speech, the subjects produced all four
vowels with statistically significant duration ditferences, in the
order [I<i: <2 <], when “speaking” with the synthesizer
only [1] was significantly shorter than the rest. We interpret
these results as (1) supporting the traditional claim that the
[1/i:] difference is part of the English speaker’s linguistic
competence, but (2) countering the claim that the [1]/[0,2]
difference is determined by the constraints of the speaking
mechanisms and is not part of the speaker's linguistic com-
petence. [Supported by the National Science Foundation
and the Office of Naval Research.]

TT2. Fricatives—Their Physical Properties and Allophones.
N. UMEDA, R. B. MONSEN, AND M. MOLTER, Bell Laboratories,
Murray Hill, New Jersey 07974.—Voiceless f[ricatives in
American English were studied from readings of a continuous
text. The wide range of duration (30 msec to more than 200
msec) is explainable in terms of phonological conditions. For
example, a fricative in the stressed-syllable initial position is
about 209, longer than in the same phoneme sequence in un-
stressed position; single fricatives are longer than those in
clusters with the same stress and positional conditions; a
fricative preceded by a nasal is about 309, shorter than one
under equivalent conditions with a nonnasal. Overall intensity
of fricatives is not simply proportional to duration, but rather
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depends on stress and boundary conditions. Fricatives in pre-
pausal position are longest but weakest. For a given phonologi-
cal condition (e.g., word-initial stressed, and single), overall
intensity reflects the sentence stress. There are consistent re-
lationships between fricative intensity and spectral distribu-
tion. Recently we have argued that the stop consonants vary
systematically to mark, among other things, word boundaries
and the beginnings of stressed syllables. This study shows that
allophonic variations of the fricatives carry the same in-
formation.

TT3. Epenthetic Stops between [1] and Following Sibilants.
Hector R. JAVKIN AND JOHN ]. OuALA, Phonology Labora-
lory, Department of Linguistics, University of California, Berk-
eley, California 94720.—An interesting phenomenon in phon-
ology, one that has played a significant role in sound change, is
the appearance of epenthetic stops between /l/ and /s/ in
words such as “false’ and “pulse,” i.e., /Idslts/, /pAlts/. This
occurs because of the [ailure to release the /1/ contact before
making the /s/ articulation. But such epenthetic stops are
much less likely to occur when there is a /z/ following the /1/.
We considered three passible explanations for this: (1) /z/
has a less complete area of closure than /s/ so the combined
areas of closure for /I/ and /z/ do not form a complete stop;
(2) complete closure can occur in both situations, but the oral
air pressure buildup is smaller with /z/ so that the stop is less
perceptible, (3) differences in the timing of the tongue gestures
for /s/ and /z/. Preliminary investigations with one subject
using a dynamic palatograph with computer display plus sam-
pling of intraoral air pressure, suggested the probable correct-
ness of (2). [Research supported by National Science Founda-
tion and University of California President’s Undergraduate
Fellowship.]

TT4. Voiceless Consonant Durations in VCV Utterances.
Jaemin Kim anp PeETER F. MACNEILAGE, Department of
Linguistics, The University of Texas, Austin, Texas 78712.—
Durations of the eight English voiceless obstruents, /p/, /t/,
/k/. /t/, 18/, /s/, /s/, /c/ were measured from digitized oscil-



84TH MEETING -

lographic displays. Eight subjects produced each consonant
10 times in each of the four contexts i-i, i-a, a—i, and a-a.
They read from randomly ordered lists and were instructed to
place equal stress on both the surrounding vowels. The affri-
cate /&/ had the longest total duration (closure plus ‘burst™)
and the fricatives /s/ and /$/ the next longest total duration
for all subjects in all contexts. There were no consistent dif-
ferences in total duration of the remaining five consonants.
Closure durations for stop consonants were, in decreasing
order, /p/, /t/, /k/, and burst durations showed the opposite
arder, results thus tending towards equal total stop consonant
durations. Durational effects of the preceding vowel were not
consistent across subjects. Low vowels were preceded by
shorter total consonant durations than high vowels. The
shorter durations were mainly observed during the burst of
stops and affricates, and were least obvious in labials and
interdentals.

TT5. Durational Characteristics of Word-Initial Consonant
Clusters in English. DEnNIs H. KraTT, Research Laboratory
of Electronics and Department of Electrical Engineering, Massa-
chusetts Institute of Technology, Cambridge, Massachusells
02139.—A list of 224 English words beginning with prestressed
consonant clusters or single consonants were recorded in the
frame “Say . . . instead” by three talkers. Consonantal du-
rations were measured from spectrographic analysis of the data.
The results indicate that consonants in clusters are generally
shorter than in a singleton environment, but that the amount
of shortening is dependent on certain features of adjacent
consonants. A system of durational adjustment rules is pro-
posed in order to account for the statistically significant dura-
tional differences. I the consonantal duration in the singleton
environment is considered as the standard duration, then rules
(1) shorten two-element clusters by ahout 129,; (2) shorten
three-element clusters by about 18%, (3) produce additional
shortening in a consonant that is followed by a balistic closure ;
(4) produce additional shortening in a sequence of two voice-
less consonants; (5) prevent labials from being shortened as
much and shorten adjacent segments somewhat more to com-
pensate; (6) lengthen a consonant if a preceding plosive causes
aspiration to be present during a portion ol the consonant; and
(7) produces additional shortening in a sequence of two den-
tals. Implications for articulatory modeling, speech perception,
and speech synthesis by rule are discussed. [Work supported
in part by National Inst. of Health and by Office of Naval
Research.]

TT6. Temporal Interactions within Phrase and Sentence Con-
texts. T. W. WriGHT, Speeck Research Laboratory, Temple
University, Philadelphia, Pennsylvania 19122 —Recent timing
control research has shown that when a smaller linguistic seg-
ment within a repeated utterance is produced either shorter or
longer than its average duration, the resulting deviation con-
stitutes a timing error that is temporally compensated by the
remaining segments in the utterance. In the present study,
timing errors and the extent to which they are compensated
define different levels of temporal interaction. Temporal inter-
actions were studied within a phrase spoken in isolation and
within the same phrase spoken in a sentence context. The data,
presented as significant negative Pearson correlations (p <0.05)
between various adjacent segment durations, support several
tentative conclusions on the timing control of repeated utter-
ances: (1) different-sized utterances have different levels of
temporal interaction; (2) temporal interaction effects extend
across phoneme, syllable, word, and phrase boundaries; (3)
there appears to be no basic unit of timing for English utter-
ances, but a hierarchy of units ranging in size from a CV or VC
syllable to a sentence; and (4) identical durational errors may
be compensated for by a variety of adjacent segment lengths.
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TT7. Some Temporal and Autonomic Correlates of Sentence
Production. BARBARA G. M ELAMED AND ROBERT J. JARVELLA,
Department of Psychology, Case Western Reserve University,
Cleveland, Ohio 44106 —Sentences were obtained containing
verbs that reler to cognitive states or processes and are gram-
matically capable of taking sentence complements (e.g.,
“know,” “think,” “amaze,” and “delight”’). The sentences
were elicited in sentence production tasks by giving the verbs
as lexical content or asking questions containing them. Some
control conditions were also employed, including subject read-
ing of some of the sentences aloud. Concurrent measures of
speaking onset and duration, heart-rate variability, and gal-
vanic skin response were taken during production of the sen-
tences. Grammatical properties of the sentences are described
and related to these temporal and autonomic variables.

TT8. Silent Interval and Vawel Duration Effects on Pause
Magnitude Estimation in Intrapause and Interpause Environ-
ments. JouN A. RupF, Department of Elecirical Engineering,
University of Kansas, Lawrence, Kansas 66044, AND KENNETH
F. RUDER, Bureau of Child Research, Unwersity of Kansas,
Lawrence, Kansas 66044.—The stimuli for this experiment
were derived from two sentences, each containing the words
free criminals. In one sentence these two words occurred within
a phrase, and in the other sentence a phrase boundary occurred
between the words. The vowel duration in free and the silent
interval preceeding criminals were systematically and inde-
pendently varied. Vowel durations of 100, 200, 300, 400, 500,
and 600 msec were paired with silent intervals of 0, 50, 100,
150, 250, and 500 msec for both sentences. Subjects were asked
to make direct magnitude estimates of the perceived pause
between free and créminals in each of the stimulus sentences.
Results indicated that given durations of vowel and silent in-
terval result in similar perceived pauses in intraphrase position
than in interphrase position. Power law scaling exponents were
larger for vowel duration than for silent interval in all condi-
tions. [This research supported by the National Institutes of
Health.]

TT9. More Temporally Segmented Speech. A. W. F. Huec-
GINS, Research Laboralory of Electronics, Massachuselts In-
stitute of Technology, Cambridge, Massachusells 02139.—The
intelligibility of alternated spech passes through a minimum
at an alternation rate of about 3 Hz. The critical parameter de-
fining the minimum is not the duration of the bursts of speech
reaching the listener, but rather the amount of speech each
burst contains [J. Acoust. Soc. Amer. 36, 1055 (1964)]. Re-
cent work with temporally segmented speech [J. Acoust. Soc.
Amer. 52, 176(A), (1972)] showed the decline and recovery of
intelligibility, as switching rate is increased, to be due to dif-
ferent effects. The decline depends on the decreasing duration
of the speeck bursts, but the recovery depends on the decreas-
ing duration of the séent intervals. Since the minimum is de-
termined by both these effects, the amount of speech contained
in the speech bursts cannot be the only critical parameter, as
stated above. To resolve this conflict, an experiment was per-
formed with temporally segmented speech. Intelligibility was
measured as a function of silent interval duration, speech inter-
val duration, and speech interval content, the latter two being
varied independently by varying the playback speed of the
speech. [This research was supported by NIH grant. ]

TT10. Temporal Variability of Repeated Utterances by Normal
Speakers and Stutterers. GEORGE ALLEN AND MARGARET
CoopreR, University of North Carolina, Chapel Hill, North
Carolina 27514—Ten normal speakers, five stutterers, and
five “cured stutterers” each repeated four different speech
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samples several times. The four samples were (1) an “easy”
sentence, (2) a ‘‘hard” sentence, (3) an “‘easy” paragraph, and
(4) a “hard” paragraph, where "easy” and ‘“hard” refer to
high and low frequency of occurrence in English of the content
words used. In a separate fifth task, each subject tapped his
finger as steadily as he could for 4 min. From each of these five
repeated behaviors will be derived a variability measure (rela-
tive variance, or amount of variance per unit of time) that
describes each subject’s accuracy in repeating the time pro-
gram of that behavior. The reliability of this measure, i.e.,
the stability of the measure across tasks for each subject will
be examined, and its validity will be related to the normal and
stuttering populations tested.

TT11. Speaking Rate and the Delivery of Phonetic Commands
in Standard American English. WiLLiam L. ABLER, Stanford
Medical Center, Stanford California 94305.—Measurements of
the acoustic segments in the sentences, gef your feet off the
table, gel your seal off the table, get your foot off the table, get your
soot off the lable, in which individual! acoustic segments of
ditferent intrinsic durations were interchanged, show that
these changes do not induce compensation or other temporal or
acoustic consequences within the syllable. However addition
of new acoustic segments into the two-stress sentences, Joe
died, Jdsie died, Joseph died, Josephine died, does induce tem-
poral compensation within the interstress interval. Thus the
duration of the stressed /o/ in these sentences contracted 45%,
from the first to the last sentence when all were spoken at a.
constant speaking rate. Further measurements of serial
repetitions of individual sentences, e.g., Jdsie died, Jisie died,

. show that the acoustic interval most stable in duration is
the interstress interval when the sentences are spoken at a
constant speaking rate. These findings support the view that
the phonetic commands of Standard American English are
delivered to the vocal muscles in groups spanning the inter-
stress interval, and not spanning just the syllable.

TT12. Phonetic Disambiguation of Syntactic Ambiguity. [LSE
LEHISTE, Department of Linguistics, The Ohio State University,
Columbus, Ohio 43210.—It has been [requently claimed that
the meaning of syntactically ambiguous sentences (such as
“Visiting relatives can be a nuisance’’) can be made explicit by
phonetic means such as stress and intonation. This study de-
scribes some ways in which such disambiguation can be ac-
complished. Fifteen ambiguous sentences were first read by
four speakers. The ambiguities were then pointed out, and
each speaker stated which meaning he had intended to pro-
duce. Each sentence was then produced again twice, the
speaker making a conscious effort to differentiate between the
two potential meanings. Thirty listeners tried to identify the
meaning which the speakers had intended. In 10 out of 15
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cases, listeners performed at better than chance level, which
implies that the intention of the speakers was successfully
communicated to the listeners. The suprasegmental patterns
employed by the speakers in successful disambiguation were
established by acoustic analysis. While stress and intonation
play a part, timing seems to have been the principal means by
which the two meanings of the sentence were differentiated.

TT13. Acoustic Features of Disyllabic Stress Patterns in
Speech and Singing. DD. N. BENNETT, Department of Speech,
University of Washington, Seattle, Washington 98195, AND
T. T. TAVENER, Department of Music, Whitworth College,
Spokane, Washington 98415 —Trained male singers sang
(chest and falsetto registers) and spoke CVCV syliables em-
bedded in a carrier phrase, using as stressed-unstressed /un-
stressed-stressed paradigm. The consonant /t/ was employed
throughout in combination with the vowels /i-a-u/. All syl-
lables were segmented into three acoustic elements: (1) silent
interval, (2) noise burst, and (3) phonation. The silent interval
plus the noise element were considered to correspond with the
consonant, and the phonation segment with the vowel. In
appropriate instances, measures were made of duration, ampli-
tude, fundamental frequency, and formant characteristics of
the segments from spectrographic records. Relations among
segments are reported as a function ol modes of utterance and
stress. Inferences are drawn concerning possible differential
articulatory and phonatory demands on the production system
as a consequence of syllabic stress during singing and speech.

TT14. Coarticulation and Speech Perception: The Effect of
Stressing and Consonant Cluster. W. H. MANNING, Division
of Speech Pathology and Audiology, University of Nebraska,
Lincoln, Nebraske 68508, AND D. S. BEASLEY, Departmens of
Audiology and Speech Sciences, Michigan Slate University,
East Lansing, 48823.—Degree of coarticulation as defined in
previous research [W. Manning, D. Beasley, and T. Beachy,
J. Acoust. Soc. Amer. 52 (1972) ] was investigated as a factor in
the perception of human speech. Fifty subjects listened to 360
two-word combinations which provided 180 conditions of
greater /sp/, /st/, and /sk/ coarticulation, and 180 conditions
of lesser /sp/, /st/, and /sk/ coarticulation. Stimuli were pre-
sented in a stressed and nonstressed manner. Subjects were
randomly divided into five groups of 10 individuals each and
administered the stimuli in one of five S/N ratios. The results
reveal that mean percentage correct scores were significantly
higher for the more coarticulated consonant clusters under the
unstressed condition, while the less coarticulated consonant
clusters were perceived more accurately under the stressed
condition. Where differences in stressing could not be em-
ployed in the decision of s placement, coarticulatory cues ap-
peared to assume greater importance in the perceptual task.

EL Dorapo WEesT, 2:00 p.M.

Session UU. Physical Acoustics VI: General

Mack A. BREAZEALE, Chairman

Department of Physics, University of Tennessee, Knoxville, Tennessee 37916

Contributed Papers (12 minutes)

UU1L. An Interpretation of the ‘“Frequency of Least Reflec~
tion” at the Rayleigh Angle for a Liquid-Solid Interface.
WERNER G. NEUBAUER, Nava! Research Laboratory, Wash-
ington, D.C. 20390.—Ultirasonic receiver detection of a
reflected beam at the Rayleigh angle has resulted in the
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interpretation of a minimum amplitude for a given material
at some frequency called the frequency of least reflection.
Recently it has been found that, in general, it is more mean-
ingful to regard the reflection of a finite beam as energy
redistribution rather than a reemergence of the beam in the
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same form as it had on incidence. At low megahertz fre-
quencies, that redistribution may be regarded as consisting of
three distinct regions: a specular region, a Rayleigh wave
radiation region, and a mutual interaction region of the
specular and Rayleigh radiations. This model based on
schlieren photographs is used to show that the “frequency of
least reflection,” observed with a hydrophone, can be ex-
plained in terms of energy redistribution.

UU2. Direct Measurement of Rayleigh Wave Velocity by
Schlieren Visualization and Estimates of Shear Velocity
Therefrom. L.outs R. DRAGONETTE, WERNER G. NEUBAUER,
AND JoseErH A. Bucaro, Naval Research Laboratory, Washing-
ton, D.C. 20390.—Schlieren visualization experiments are
used to obtain direct, accurate measurements of Rayleigh
phase velocity on various materials. 1llumination of a plane
solid surface underwater at the Rayleigh angle produces an
easily identifiable null strip in the radiation which uniquely
defines the Rayleigh angle. This strip is caused by the mutual
cancellation of equal amplitude specular and Rayleigh radia-
tions, which are 180° out of phase at the Rayleigh angle.
Rayleigh velocities are calculated from the measured angle
by a simple equation. The measured Rayleigh velocities are
used to give estimates of shear velocity, and these estimates
are compared with direct shear velocity measurements. At-
teauation of the Rayleigh wave in the low megahertz region
is given for six materials, and shown to agree with theoretical
predictions.

UU3. Rayleigh Wave Study of Ionic Diffusion and Stress
Buildup in Glass. J. A. BucAro, Newval Research Laboratory,
Waskington, D.C. 20390, anp J. H. Smmmons, National
Bureau of Standards, Washington, D.C. 20234.—The velocity
ol elastic surface waves has been studied as a function of
frequency on a system of ion exchanged glasses. The ion ex-
change was carricd out by immersion in a high-temperature
salt bath at several temperatures and for times ranging from
4 to 259 h. The results of this study allow the determination
of the ionic diffusion cocfficient and its activation energy. The
mechamsm of dispersion is discussed in terms of mass and
volume changes and stress buildup. Since ion exchange is
currently used to strengthen glass, the above technique also
appears to be ideal for the nondestructive testing of glass
strengths.

UU4. Critical Angle for Reflection from a Water-Quartz
Interface. EDMUND G. HENNEKE Il aAND GERALD L. JONEs,
Department of Engineering Science and Mechantcs, Virginia
Polytechnic Institute and State University, Blacksburg, Virginia
24061, Joun Movu Liu AnD RoBERrRT E. GREEN, Jr., De-
partment of Mechanics and Materials Science, The Johkns
Hopkins University, Baltimore, Maryland 21218 —A new,
general definition is given for the critical angle of reflection
in anisotropic materials. While the critical angle for reflection
at a liquid-isotropic-solid interface can be written in the
form sin@.=wv;/vr, we show here that, in general, for an
anisotropic solid, the right-hand side of this expression must
be modified by the factor cos¢/cosB, where ¢ is the angle
between the normal to the refracted wave in the solid and
its energy flux vector and 8 is the angle between the energy
flux vector and the component of the refracted wave normal
on the interface. Numerical calculations have been made for
this general definition for a water—quartz interface for planes
of incidence about the z axis (the xy plane being the interface).
These calculations are compared with the value of the critical
angle as determined by the unmodified definition. It is shown
that this earlier definition can lead to large errors when one
uses the experimental technique of measuring the critical angle
to evaluate the elastic constants of the solid.
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UUS. Experimental Determination of the Critical Angle for
Reflection from a Water-Quartz Interface. Joan Movu Liv
AND ROBERT E. GREEN, |R., Department of Mechanics and
Materials Science, The Jokns Hopkins University, Baltimore,
Maryland 21218; Epmunn G. Hex~Nexke 11 anp GEraLp L.
JONES, Depariment of Engineering Science and Mechanics,
Virginia Polytechnic Institute and State University, Blacks-
burg, Virginia 24061.—The critical angle of reflection for a
wave incident from water upon the xy plane of quartz has
been measured for planes of incidence about the z axis.
These experimental measurements are compared with the
theory that predicts that the critical angle for reflection from
an interface of an anisotropic material occurs when the energy
flux vector of the refracted wave becomes parallel to the
interface. This differs from the usual definition of the critical
angle as that angle for which the refracted wave normal be-
conies parallel to the boundary. The new definition of critical
angle modifies the usual expression sind, = V3/ Vg by the factor
cos¢/cosp as discussed in the previous abstract.

UuU6. Abstract withdrawn.

UU7. Temperature Rise in Biological Tissue during Focused
Ultrasonic Irradiation: Some Theoretical Subtleties. ALLAN
D. PIERCE, Department of Mechanical Engineering, Mas-
sachusetts Institute of Technology, Cambridge, Massachusells
02139.—During focused irradiation, the absorption of ultra-
sound causes a net increase ol temperature in the focal region.
A topic of some current interest is the extent to which the
temperature history or the peak temperature reached cor-
relates with the probability of lesion formation. Because of
the practical difficulties associated with measurement of very
rapid temperature rises, theoretical models are sometimes used
to infer the temperature history during intense but short
duration pulse irradiation. The existing models [Pond, ]J.
Acoust. Soc. Amer. 47, 1607 (1970)] Robinson and Lele,
[J. Acoust. Soc. Amer. 51, 1333 (1972)] neglect a number of
effects that might warrant some study. Among these is the
fact that, for a given acoustic power output, the intensity at
the focus may tend to decrease with time because when the
medium becomes heated by the wave, the medium tends to
refract wave energy away from the higher temperature and,
hence, higher sound speed regions. In the present paper, it is
shown that the [ractional decrease in intensity is of the order
of 0.05(AT)4, where AT is the temperature rise in degrees
centigrade (typically, 30°C). Possible implications of this and
other effects in the reinterpretation of intensity versus damage
threshold irradiations duration time data are discussed
quantitatively.

UU8. Computerized Enhancement of Ultrasonic Echograms.
C. R. MEYER AND D). L. CARLSON, Biomedical Engineering
DProgram, Iowa State Unwersuty, Ames, fowa 50010.—1In 1he
area of pulsed ultrasonics, there has been an effort to improve
the resolution of compound scan (C-scan) echograms. Most
of the effort has been directed toward reduction of the trans-
ducer’s beamwidth with such developments as composite

381

The Journal of the Acousticol Society of America



84TH MEETING »

transducers or focused transducers with variable focal dis-
tances. Problems of image saturation and artifact generation
have received relatively little attention. This study reports
on a method of generating without image saturation, a
C-scan echogram whose resolution is independent of the
transducer’s large beamwidth. Normal C-scan information is
recorded on analog magnetic tape and temporally expanded
for construction of the target’s positional likelihood distribu-
tion using a digital computer. Targets possessing vertical
symmetry in the region scanned by the ultrasonic beam are
used in a water bath to investigate the system resolution.
After the likelihood distribution is constructed, it may be
plotted, or numerical methods can be used to plot the pro-
cessed echogram. In constructing the processed echograms,
only the positions of significant local maxima are plotted. A
processed echogram of the whole region, or of any segment,
can be plotted using any desired scale factor. The processed
echograms are compared to echograms degraded by simulated
image saturation and the improvement in resolution of the
processed echograms is clearly shown. Artifacts due to
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beamwidth and multiple reflections are missing in the pro-
cessed echograms.

UU9. A Survey of Sound Propagation in Soils. T. G. WINTER,
Department of Physics, University of Tulsa, Tulsa, Oklahoma
74104.—One of the most attractive applications of acoustical
holography is the location of objects and formations buried
near the surface of the earth. But the first step is to learn the
sound propagation characteristics of the earth. Dilitational
wave velocities in unconsolidated soils range from 500 to
5000 ft/sec within the first 50 ft. Shear velocities are 30%,—60 %,
of dilitational velocities. The absorption coefficient is directly
proportional to frequency and is typically 1-5 dB/ft at 1000
Hz. The effect of amplitude, frequency, void ratio, pressure,
and moisture content on absorption and velocity will be
reported. But velocity and absorption coefhicients are the
least of the problem. The layered nature of the medium leads
to multiple transmission paths and the variation of velocity
with position in the medium leads to complex refraction
effects.

EL Dorapo East, 2:00 p.M.

Session VV. Underwater Acoustics VI: Nonlinear Acoustics

RoBERrRT T. BEVYER, Chatrman
Depariment of Physics, Brown University, Providence, Rhode Island 02912

Contributed Papers (10 minutes)

VV1. Parametric Acoustic Arrays. C. C. Fox anxp O. L.
ARERVOLD, Honeywell, Marine Systems Center, Seaitle, Wash-
ington 98107.—Parametric acoustic array performance has
been demonstrated with several different transducers. Three-
inch-diameter transducers with primary [requencies between
250 and 300 kHz have produced good parametric acoustic
beams at 10, 20, and 40 kHz difference frequencies with
nearly constant beamwidth across this frequency band. A
parametric acoustic array operating at 20-kHz difference fre-
quency was compared to a 100-kHz conventional transducer
for bottom profiling capability in Lake Washington. Echo-
grams were obtained demonstrating the capability of the
lower frequency beam to produce subbottom, as well as
bottom returns.

VV2. Parametric Echoscanner for Biomedical Diagnostics.
T. G. Muig, C. M. TaLxkinGTON, B. S. SHaw, R. S. AbDAIR,
AND J. G. WILLETTE, Applied Research Laboralories, The
University of Texas at Austin, Austin, Texas 78712.—The
nonlinear interaction of two high-lrequency high-intcnsity
waves to produce a highly directive difference frequency wave
is known to be of value for systems requiring good angular
resolution at operating frequencies not limited by absorption.
The technique has recently been successfully applied to
problems in marine bathymetry [J. Acoust. Soc. Amer. 50,
1085-1087 (1971)] and archeology [Paper F6, 83rd Meeting,
Acoust. Soc. Amer.]. An analysis of the potential utilization
of this technique in ultrasonic diagnostics is presented in the
present paper. This analysis includes a comparison of parame-
ters attainable by both nonlinear and conventional methods,
as well as a design description of a prototype parametric
echonscanner. This device utilizes a 0.25-in. piston to transmit
interacting waves at 7.25 and 8.75 MHz. The results of
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measurements on the amplitude and beampattern of the
1.5-MHz difference-frequency wave are presented. Echo-
location data obtained with several simple targets are also
presented to demonstrate the resolution capability of the
instrument.

VV3. Performance of an Acoustic Parametric Source. AN-
THONY I. ELLER, Naval Postgraduate School, Monterey,
California 93940, and Naval Research Laboratory, Washinglon,
D.C. 20390.—The performance of an acoustic parametric
source was investigated at the NRL Acoustic Research Tank
Facility. The source utilized a USRD type E8 transducer,
driven simultaneously at two frequencies close to the reson-
ance frequency of 1.5 MHz. Narrow-beam difference-fre-
quency waves, at frequencies ranging from 30-200 kHz, were
generated by the nonlinear nature of acoustic propagation.
Measured values of the difference-Irequency SPL and a se-
quence of radiation patterns illustrate beam formation in the
nearfield of the parametric source. The results show that the
E8 wausducer is suitable for use as a parametric source and
also demonstrate the flexibility of the NRL facility as a
research tool in nonlinear acoustics.

VV4. Mathematical Model for a Standing Wave Acoustic
Parametric Source. A. L.. VAN BUrReN AND PETER H. ROGERs,
Naval Research Laboratory, Washington, D.C. 20390.—A
standing wave acoustic parametric source (SWAPS) has been
proposed as a small, efficient, low-[requency, nearly omni-
directional underwater sound source. SWAPS is envisioned
to be a cylindrical tube driven on one end by a piston trans-
ducer and terminated on the other end by a thin plug of
pressure release material to form a resonant cavity. When the
piston is driven at two neighboring resonance frequencies,
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the resulting large amplitude primary sound waves mix non-
linearly to produce secondary sound waves. The secondary
wave at the difference frequency is of low frequency so that it
passes easily through the relatively thin tube walls and
radiates to the farfield. The farfield radiation at the difference
frequency is calculated by use of the virtual source density
method. The results are expressed in terms of a quality factor
which represents the resonance propertics of the cavity.
Comparison is made to a traveling wave acoustic parametric
source using the same piston transducer.

VVS5. Parametric Detection of a Low-Frequency Plane Wave
by a Circular Piston Beam. PiTer H. ROGERs, Naval Re-
search Laboratory, Washington, D.C. 20390, anp A. O.
WiLLIAMS, JR., AND JAMES M. BARBER, Physics Department,
Brown Untversity, Providence, Rhode Island 02912.—Wester-
velt's prediction [J. Acoust. Soc. Amer. 35, 535-537 (1963)]
that an acoustic signal of low frequency can be detected by a
parametric endfire array—i.e., by nonlinear interaction with
a “pump" beam of high frequency—is analyzed in the case
of a plane wave of low frequency and a highly directional beam
from a circular plane piston used as a pump. To first-order
perturbation theory, at field point (r,z), the z component of
particle velocity for the interaction component at the differ-
ence frequency is proportional to the product of the piston-
beam function at (r,2) (but calculated at the difference fre-
quency) and the response function of a truncated endfire
array of length z (calculated at the low frequency). The
receiving directivity of the system is thus determined by the
endfire response function alone, regardless of the piston's
properties. The piston-beam function is, however, a factor in
determining the system's receiving sensitivity. Work con-
tinues on generalizing the theorem to arbitrary directional
pump transducers.

VV6. Investigation of the Parametric Radiator as a Wide-
Band Calibration Source. W. L. KoNrRAD AND J. G. NavIN,
New London Laboratory, Naval Underwater Systems Cenler,
New London, Connecticut 06320.—The parametric difference
frequency radiator appears to offer advantages over conven-
tional sources used for hydrophone calibration, i.e., wide
bandwidth with a single transducer, narrow beamwidths, and
short pulselengths. The combination of these characteristics
promises simplification of calibration procedures and elimina-
tion or reduction of boundary reflection problems. Experi-
ments are described which measure the performance of the
parametric source for calibration purposes and which point
out some of the special problems inhcrent in this new
technique.

VV7. A Closed Form Expression for the Source Level of a
Finite Amplitude Parametric Array. JAMES F. BARTRAM,
Raytheon Company, Portsmouth, Rhode Island 02871.—In a
Letter to the Editor [J. Acoust. Soc. Amer. 52, 1042(L)
(1972)], the author has derived a closed form expression for
the on-axis farfield pressure of the secondary wave generated
by a finite amplitude parametric array in which the primary
waves are collimated plane waves. This formulation takes into
account the effects of absorption and saturation due to shock
formation. The present paper shows that this solution can be
modified to account as well for spherical spreading and dif-
fraction. It is even passible to treat nearfield buildup effects
in a rather crude fashion. The thus modified expression re-
mains in closed form, and is therefore useful for system engi-
neering purposes.
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VV8. A Computer Algorithm for Predicting Propagation of
Intense Acoustic Signals of Arbitrary Waveform. F. M.
PEsToRIUs AND D). T'. BLACKSTOCK, A pplied Research Labora-
tories, University of Texas, Austin, Texas 78712.—The plane-
wave propagation law dt/dx =[co-+Bul ' =cy '[1—Bufco] is
used as the basis of a computer algorithm to calculate the
distortion of a finite-amplitude wave. Here x is distance, ¢
time, u particle velocity, and ¢o small-signal sound speed;
for gases 8= (y+1)/2, for liquids 8=1+B/2A. Starting with
a time waveform of arbitrary shape, we use a Anite-ditference
form of the above law to calculate the wave shape at suc-
cessive small distances. Afier each step in distance the wave-
form is scanned for multivalucdness to determine whether
shocks have formed. When a shock is identified, its propaga-
tion is described thereafter by the weak-shock relation
(dt/dx)s=co™'[1 — B (ta+tus)/2c0], where u, and u, are values
of u ahead of and behind the shack, respectively. In growing,
decaying, and merging, the shocks ultimately determine the
shape and amplitude of the wave. The algorithm has been
tried on several initial signals, including N waves, sinusoids,
and randomly gencrated waveforms. In general, the algorithm
gives excellent agreement with known analytical results. Com-
parison has also been made with experimental data on pulsed
sinusoidal waves in a tube. The algorithm has been developed
as a tool to study propagation of very intense naise. [Work
supported by ONR, AFOSR, and USN Postgraduate school. ]

VV9. Finite-Amplitude Losses in Spherical Sound Waves.
HaroLp M. MerkvLINGER, Defence Research Establishment
Atllantic, Dartmouth, Nove Scotia, RoBert H. MELLEN, New
London Laboratory, Naval Underwaler Systems Center, New
London, Connecticut 06320, AND MaRrK B. MoOFFETT, University
of Rhode Island, Kingston, Rhode Island 02881 —Using an
approach suggested by Westervelt [3rd Int. Congr. Acoust.,
Stuttgart (1959)], the excess absorption in a plane, traveling
sound wave due to nonlinear effects can be predicted with re-
markably accuracy. The same approach is applied to spheri-
cally diverging sound waves, evaluated for a number of cases
of practical importance in underwater acoustics, and com-
pared with existing data.

VV10. Aspects of the Finite Amplitude Interaction of Multiple
Tone Signals. RoGErR G. PrionaMm, Reytheon Company,
Portsmouth, Rhode Island 02871.—Two results are given that
pertain to the eflects of finite amplitude distortion on a
multiple tone (i.e., multiple sinusoid source) signal. The first
result is a second-order perturbation solution to plane-wave
Burgers' equation for a multiple-tone source with arbitrary
amplitude and phasing. This solution is interpreted to predict
the spectral distortion of the primary waves at moderate
levels. The second result concerns the relationship of the
shock distance for fixed source tone levels and frequencies to
the relative phases of the source tones. It is shown that the
shock distance is minimized when the source components are
in phase. However, the shock distance maximization problem
is shown to be equivalent to the classic peak factor problem,
which has so far defied solution. While an exact maximization
is not possible, a procedure is given for phase selection that
yiclds shock distances that are considerably greater than the
minimum shock distance when many source tones are present.
It is pointed out that shock distance maximization may sig-
nificantly reduce distortion cffects. This is particulary true
if the shock can be made to occur in the farfield.

VVI1l. Transient Pressure Attenuation by Nonlinear, Re-
silient, Cylindrical Scatterers. THOMAS L. GEERs, Lockheed
Palo Alto Research Laboratory, Palo Alie, California 94304.—
Temporal convolution techniques [T. L. Geers, J. Acoust. Soc.
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Amer. 51, 1640-1651 (1972)] are used to obtain solutions for
the problem of transient acoustic scattering by nonlinear
cylindrical scatterers. These scatterers behave like cavities dur-
ing the initial stages of motion, but then offer increasing
dilatational resistance with increasing deformation. In con-
trast to the results of previous studies [M. L. Baron, J. Appl.
Mech. 24, 501-505 (1957) and J. Appl. Mech. 28, 135-136
(1961)7, it is found that such “modified cavities” are indeed
capable of effective transient pressure attenuation in the
surrounding fluid without the generation of unacceptable
pressure pulses at later times. Parameter studies for plane,
step-exponential incident waves are performed to establish
suitable ranges for the modified cavity stiffness parameters.

VV12. Absorption of Sound by Sound. PETER J. WESTERVELT,
Applied Research Laboratories, The University of Texas
at Austin, Austin, Texas 78712, and Brown University,
Providence, Rhode Island 02912.—The exact solution for
first order nonlinear scattering of two plane waves of sound
[J. Acoust. Soc. Amer. 29, 934 (1957)] showed the scattered
density to be

pr=60"2E1a+ $w1wa  (cost+ 3A) [sin~2(38) V2V ..

The singularity at 8 =0, which occurs when the primary waves
are collinear, may be removed by applying to this solution

the operator
-1
{l—exp[( —I)Jr-V}.

The resulting solution is now valid for =0 in addition to all
other intersection angles. This new solution has been applied
with the conservation of energy [P. J. Westervelt, in L.
Cremer, Ed., Proc. Int. Cong. Acoust., 3rd (Elsevier, Amster-
dam, 1960), p. 316], to determine the attenuation of one
plane wave with wave vector &, interacting with an isotropic
distribution of waves having the energy density spectrum
u (). The general result for the pressure attenuation coefficient
is

[ ov

9
at

a=(2pecad) (1 +%A)27r[ L " bRk 42k, [ " u(k)dr
1

k;
k2 [ = (k)dk].
0

In the event %, is much less than any component % of the
interacting background, a great simplification results and

a=(2pece®) 1 (1+3A)2nk\E,
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in which E is the energy density of the background radiation.
This result is supported by experiments on the attenuation
of sound in superfluid helium [H. J. Maris, Phys. Rev. Lett.
28, 277 (1972)]). [This work was supported by the U. S.
Office of Naval Research. ]

VV13. Laser Excited Broadside Acoustic Array. PETEr J.
WESTERVELT AND RICHARD S. LARSON, Applied Research
Laboratories, The Untversity of Texas at Austin, Austin,
Texas 78712, and Brown University, Providence, Rhode Island
02912.—A high-power modulated laser beam in a fluid acts
like a broadside acoustic directional array at the modulation
frequency. The laser is assumed to generate a beam having
average power Pg with 1009, modulation at the frequency w.
The radiated acoustic intensity I at a distance r far from this
source is

__ (aBuPq)? [ 1 ]
32p0co(mrep)? Lo+ k2 cos L

in which a is the intensity attenuation coefhicient for the laser
beam, @ is the angle measured from the laser beam direction,
k=w/co, B is the coefficient of thermal expansion, ¢, is the
specific heat per unit mass, ¢o is the speed of sound, and
po 1s the density. Maximum radiation occurs at #=x/2, in a
direction perpendicular to the laser beam. [This work was
supported by the U.S. Office of Naval Research.]

VV14. Receiving Calibration and Beam Pattern Measure-
ments of a Large Sonar Array with a Parametric Transmitting
Array. J. J. TRucHARD AND J. G. WILLETTE, Applied Re-
search Laboratories, The University of Texas at Austin, Austin,
Texas 78712.—A classical problem encountered in the re-
ceiving calibration and beam pattern measurement of a
large, conventional sonar array is the difficulty involved in
producing a plane wavefront at the face of the large array
when reflecting boundaries are present. In this paper, an
attempt will be made to show that the parametric transmitting
array can be used to minimize this problem. Two experimental
beam patterns are presented for the case of an 8-ft aperture
array receiving at 5 kHz. One beam pattern was taken by
using an omnidirectional 5-kHz source. The other was taken
by using a parametric array sound source having primary
frequencies of 70 and 75 kHz—thus, a difference frequency of
5§ kHz. Theoretical results are presented for the parametric
array which demonstrate the uniformity of phase and ampli-
tude across the 8-ft aperture. The feasibility of absolute re-
ceiving calibration with the parametric array is discussed.

EMPIRE RoowM, 2:00 p.M.

Session XX. Flow and Other Noise

R. E. HAYpEN, Chatrman
Bolt Beranek and Newman Inc., 50 Moulton Street, Cambridge, Massachusetts 02138

Invited Paper (30 minutes)

XX1. A Unified Analysis of Fan Stator Noise. DonaLD B. Hanson, Hamilton Standard, Division of
United Aircraft Corporation, Windsor Locks, Connecticut 36096.—A theory is developed for axial flow
fans which predicts the harmonic and broad-band acoustic radiation from the stator due to interaction
with rotor viscous wakes. Both the harmonic and broad-band spectrum components are calculated
from a unified model using methodology from the theory of random pulse modulation. The stator is
modeled as a circular array of pulsed dipoles. The amplitude and arrival time of each pulse are random
variables whose means correspond to the values calculated for harmonic rotor—stator interaction
theory. The standard deviations of these random variables are measures of the turbulence level in the
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blade wakes. For the model propased, the solution is exact and the results are instructive : when pulse
amplitude modulation (PAM) is imposed on a periodic stator source, new broad-band energy is gen-
erated whose spectrum shape is similar to the envelope of harmonics at high frequencies. The harmonic
radiation is unchanged. When pulse position modulation (PPM) occurs, new broad-band energy is
radiated but at the expense of harmonic energy. The theoretical results are discussed with reference to
directivity patterns and radiation efficiency, and the harmonic component is compared with the previ-
ous Lowson and Embleton/Theissen analyses. The transfer of harmonic to random energy through
PPM is discussed. At frequencies significantly above duct cutoff, it is shown for a fixed stator solidity
that the spectrum is essentially independent of the number of stator vanes. In order to show the
capabilities of this new theory, calculations are compared in detail with experimental data and modu-

lation levels are discussed.

Contributed Papers (10 minules)

XX2. Effects of Blade-Vane Spacing on Fan Noise. W. R.
SEMRAU, Detroit Diesel Allison Division of General Motors
* Corporation, Indianapolis, Indiana 46206.—Definitive experi-
mental knowledge of discrete-frequency noise reduction,
which can be obtained in an aircraft turbofan engine through
increased axial spacing between the fan rotor and outlet
guide vanes, has been lacking. An experimental scale-model
research program has been undertaken to fill this void. Using
a unique heavy-gas scale-model anechoic test facility, rear-
ward radiated discrete frequency and broad-band noise was
investigated for a scale model fan. Data has been obtained
for fan tip Mach numbers of 0.7-1.4, and rotor to OGV
spacings of 0.13, 0.5, 1.0, and 2.0 rotor chords. Discrete fre-
quency noise reductions up to 17 dB were obtained. At close
spacing, discrete frequency reduction was at a rale greater
than 6 dB per double spacing. Relative harmonic content was
not influenced by spacing and reduction was independent of
rotor speed. No significant change in broad-band noise was
observed.

XX3. Test and Evaluation of a Quiet Helicopter Configuration
HH-43B. M. A. Boweks, Kaman Aerospace Corporalion,
Bloomfield, Connecticut 06002.—A series of noise control
modifications was made to the HH-43B helicopter. The objec-
tive of these modifications was attainment of a 509} reduction
in forward flight (fAyover) octave-band (SPL) signature.
Additionally, the effect of each modification was to be evalu-
ated through direct comparison of the acoustic signatures of
modified and unmodified configurations. Modifications were
made to the aircraft engine, drive, and rotor systems, resulting
in substantial reductions in the helicopter noise signature.
Significant reductions were achieved in all octave bands of
interest, i.e., 63 Hz to 4 kHz, with an average reduction ex-
ceeding 8.5 dB. A total of 10 distinct aircralt configurations
were tested, and their respective noise control modifications
evaluated. Greatest reductions in noise signature resulted
from engine and rotor system modifications. Turbine engine
noise reductions were obtained through the use of reactively
lined inlet and exhaust silencers, which produced substantial
reduction of middle- to high-frequency noise components.
Rotor system modifications included both blade geometry
changes, i.e., increased diameter and chord, modified airfoil
section, increased (negative) blade twist rate, etc., and reduced
tip speed. These modifications resulted in acoustic signature
changes covering the entire frequency spectrum, i.e., 20 Hz
through 10 kHz [Work supported by ARPA-DOD, moni-
tored by Eustis Directorate, USAAMRDL.]

XX4. Application of External Aerodynamic Diffusion to Reduce
Shrouded Propeller Noise. R. E. LoONGHOUSE, Center for
Acoustical Studies, Depoariment of Mechunical and Aerospace
Engineering, North Carolina State Universily, Raleigh, North
Carolina 27607.—A major portion of the noise from V/STOL
aircraft fan or shrouded propeller systems occurs during the
hover mode. External diffusion of the exhaust flow during this

mode significantly increases the thrust/power ratio. At-
tendant with the flow diffusion is a reduction in fan blade
aerodynamic loading. The latter effect suggests a potential
source ol reducing the [an discrete-frequency noise. Results
of model shrouded propeller tests to study the noise reduction
associated with external diffusion are presented. [NASA is
acknowledged for partial sponsorship of this work.]

XXS. Holographic Study of the Disturbances Generating
Supersonic Jet Noise. RicHARD V. SALANT,* Massachuseils
Institule of Technology, Cambridge, Massachusetts 02139, J. H.
T. Wu, McGil Unwersity, Monireal, Canada, Hrsavuki
HanDA AND JERrRY W. Sorrow, Massachuseits Institute of
Technology, Cambridge, Massachusetts 02139. Optical holo-
graphy has been used to study the noise-generating disturb-
ances within supersonic nitrogen and helium laboratory-scale
jets. Mach angle measurements indicate that the average
convection velocity of such disturbances is 779, of the jet
velocity for the nitrogen jet in the Mach number range of
2.8-3.4, and is 67% of the jet velocity for the helium jet in the
mach number range of 1.5-3.0. The length scale of the dis-
turbances in the nitrogen jet has been found to contain a
primary peak at 0.20-0.45 jet diameters, and a secondary
peak between 0.45-0.77 jet diameters. The amplitude of the
secondary peak, relative to the primary peak, increases in the
downstream direction. In addition, the peak length scales
shift upwards in the downstream direction. [ This work was
sponsored by the Department of Transportation.]

* Present address: Borg—Warner Corporation, Roy C.

Ingersoll Research Center, Des Plaines, 11l. 60018.

XX6. Estimates of the Contribution to Jet Engine Exhaust
Noise Made by Internal Sources. E. G. PLETT axD M. SuM-
MERFIELD, Aerospace and Mechanical Sciences Department,
Princeton University, Princelon, New Jersey 08540.—The
flow unsteadiness generated inside a turbojet engine by un-
steady flow interactions with struts as well as the unsteadiness
generated by nonsteady combustion processes may be sig-
nificant sources of noise in high-bypass aircraft engines.
By treating the jet exhaust plane as a surface bounding the
otherwise free jet, a surface integral of the appropriate
turbulence quantities [N. Curle, Proc. Roy. Soc. 2314,
{1955)] over the exit plane of the nozzle yields the contribu-
tion from the internal sources. Monopoles, dipoles, and
quadrupoles have been used to characterize the fluctuations
at the exit plane. Source strengths corresponding to turbulence
intensities ranging from 1% to 209, are used in calculations.
It is shown that if the exit plane and shear region have the
same turbulence intensity, then a single exit plane monopole
source could produce more noise than 102 shear region quadru-
polcs over the entire subsanic jet Mach number range, and if
the exit plane was filled by a single dipole rather than mono-
pole source, it would be the dominate source to Mach num-
bers of about 0.6. [Supported by ONR contract and by NASA
grant.]
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XX7. On Protuberance Noise Environments. BALLARD W.
GEORGE, Lockheed Missiles and Space Company, Sunnyvale,
California 94088 —A review of three-dimensional or local
protuberance environments is presented with emphasis on
the role of the boundary layer. The boundary layer is observed
to participate significantly in the generation or propagation
of acoustic disturbances throughout the adjacent region.
Deductions on boundary layer quantitative effects are made
based on data presented by (1) Robertson (1969) and (2)
various other investigators. These data are respectively as-
sociated with relatively high and low (or roughness) regimes
of proturberance height with respect to the boundary layer
thickness. Insights are also obtained from the data on two-
dimensional and axisymmetric steps contributed by various
researchers in the past decade. Highest fluctuating pressures,
forward and aft of cylindrical protuberances, typically occur in
cases where protuberance height is on the order of 1.0-2.0
boundary layer thicknesses. Cylindrical protuberance con-
figurations, having a minimum height (%) of 0.125 boundary
layer thickness (8), caused a local increase in rms fluctuating
pressures (relative to undisturbed case) of 4.0 or more in all
cases tested. Comments are included on roughness (2/8 <0.1)
noise sources and amplitudes as a function of height and dis-
tribution parameters.

XX8. Further Studies on Cross Correlations between Fluid
Dilatations and Flow Noise. R. RAckL, Deperiment of Me-
chanical Engineering, Universily of British Columbia, Vancouver
8, Canada.—Following Ribner's dilatation model of turbulent
flow, the fluctuating pressures in a jet are considered the
sources of sound radiation. Cross correlation between the jet
pressure and the noise in the farfield yields the distribution
and character of th® sound sources in the flow. From the cor-
relation-function, the acoustic source strength,and by applying
a Fourier transform, the frequency spectrum of the sound
radiated per unit volume of turbulence are obtained. Errors
in pressure measurement due 1o turbulent velocities interact-
ing with the pressure sensor are discussed. It is shown that a
cylindrical probe is inadequate for pressure measurements in
the present case because of additional dipole noise generated
by the turbulent flow impinging on the probe and thereby
contaminating the cross correlation. Both the above difficulties
are considerably reduced by a foil-type pressure sensor; its
design is discussed in detail. The distribution of noise sources
in a subsonic jet as they are radiating in a direction of 45° to
the jet axis and the frequency spectra associated with these
sources are presented.

XX9. Noise of High Speed Jets with Rough Combustion.
A. N. AppELHAMID, D. T. HArgrjE, E. G. PLETT, AND M.
SUMMERFIELD, Aerospace and Mechanical Sciences Depart-
ment, Princeton University, Princeton, New Jersey 08540.—An
experimental program to demonstrate the effect of unsteady
combustion processes in a combustion-augmented jet flow is
described. Characteristics of noise for several combustors,
having different flame holders and several lengths, operating
in a jet temperature range from 1100°C to 1500°C and a
jet Mach number range from 0.2 to 0.35 (jet exit veclocity
ranging between 400 and 800 f[t/sec) are presented. Data
were collected from six B&K §-in. microphones positioned at
an angular separation of 15° in a quadrant of 50-ft radius from
the 2-in. diam nozzle exit. Kistler type 601 pressure trans-
ducers are mounted in the duct wall of the combustor which
is beld on a pylon 12 ft above the ground. The experimental
data collected and analyzed to date shows a directivity pattern
with a nearly circular pattern, which has a peak in the vicinity
of 45° to 60° from the jet axis. Comparison of internal pres-
sure fluctuations with the farfield noise shows many simulari-
ties in the spectrum, an observation which is verified by the
strong cross correlation between the two signals. Combustor
and flame holder geometry are found to affect the level and
frequency content of the noise. [Supported by NASA grant.]
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XX10. Low Frequency Noise of Gas Turbines. R. M. HoovEr,
Bolt Beranek and Newman Inc., 50 Moulton Street, Cambridge,
Massachusetls 02138 —\With many electric utility gas turbine
installations, the most difficult noise problem has been the
control of low-frequency noise radiated to the community
from the turbine exhaust. In this paper a number of case
histories are discussed leading to some suggestions for noise
control design goals for the 31.5-Hz octave band. Some
material will be presented on notse spectra, noise control
measures, and noise specifications for gas turbines pertinent
to low frequencies.

XX11. Reducing Blade Tonal Noise Generated by Vane-
Axial Fans. J. V. PiEreOINT, Newvel Ship Research and De-
velopment Center, Annapolis, Maryland 21402.—An experi-
mental investigation was made to determine the effectiveness
of unequally spaced blades and blade/vane interaction
techniques in reducing the pure-tone aerodynamic noise
generated by vane-axial fans. Balanced mirror-image and
other modulated blade patterns were investigated for 13, 19,
20, and 21 blades in combination with nine equally spaced
downstream stator vanes. In-duct discrete-frequency noise
analyses were obtained. Blade-passing frequency and its
harmonics were modulated and reduced 10-20 dB, using
unequally spaced blades. Large spacing deviation had the
effect of spreading the sound energy to more harmonics of ro-
tational frequency. In some instances, significant downstream
stator vane and upstream strut frequencies were observed.
Predictable pure-tone multiples of rotational frequency
were also detected. Elimination of inlet strut frequency
and large reductions at the harmonics of blade-passing
frequency were obtained upon replacement of the inlet
bell and stationary nose cone and eight support struts
with an inlet bell and spinning nose cone. Unequally spacing
the blades of the fan had little effect on the ability of the fan
to move air.

XX12. AMRL Dynamic Pressure Chamber. RoBert G.
PoweLL, 6570th Aerospace Medical Research Laboratory,
Wright—Patterson AFB, Ohio 45433.—The AMRL dynamic
pressure chamber is an infrasonic simulator expressly designed
for biomedical research. This device simulates the low-fre-
quency (0.5-30 Hz) noise spectrum associated with jet
aircraft and racket launches. Being an electrohydraulic device,
it can simulate periodic, random, or impulsive types of en-
vironment. This wide dynamic range simulator (104-172
dB SPL) is characterized in terms of its frequency response,
linearity, and distortion. Additional information concerning
safety circuits, subject accommodation, and mechanical de-
sign are also presented. -

XX13. Measurements of the Wall Pressure Field in a Transi-
tion Boundary Layer on a Flat Plate. . C. DEMETZ, M. ].
CasariLLA, AND D. W. JorGENSEN, Naval Ship Research
and Development Center, Bethesda, Maryland 20034.—Ex-
periments have been conducted in the new anechoic flow
facility at the Naval Ship Research and Development Center
on the Aow noise fcatures of the transition boundary layer on
a flat plate. Measurements were made of the pressure fluctua-
tions in the intermittent region of a naturally developing
transition boundary layer over a 14 ft long flat plate in a
mild accelerated flow. Results are reported of the power and
cross-spectral density of the pressure field of the intermittent
turbulent spots, as a function of the intermittency factor.
The average burst length, burst frequency, and burst con-
vection velocity are also computed from the data and com-
pared with those of related studies.

XX14. Response of Orthogonally Stiffened Plates to Jet Noise.
G. SEN GuPTA, Structures Division, NASA-Langley Research
Center, Hamplon, Virginia 23365.—Depending upon the
spatial correlation of the noise pressure field and the frequency



84TH MEETING

of excitation, the dynamic behavior of the stringers, frames,
and the interaction of the adjacent panels considerably affect
the vibrations of the attached skin in an aircraft fuselage
structure. This problem has been studied by analyzing an
infinite plate stiffened by two sets of stiffeners at regular
intervals and at right angles to each other. These stiffeners
represent the frames and stringers of the fuselage. The jet
noise is represented by a random pressure hield with a band-
limited white noise spectrum, traveling along the structure
in an arbitrary direction with a given convection velocity.
Initially, propagation of plane flexural waves in the structure
has been studied. The effect of changing the direction of
propagation of these waves has been observed. The existence
of frequency zones of free propagation has been predicted.
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The bandwidth of these zones varies with direction of pro-
pagation and certain “preferred” directions of propagation,
along which the bandwidth reaches maximum values, have
been identified. The effect of the external noise pressure field
on the structure has been studied next, to predict the response
spectrum and the rms response. The effects of dilferent con-
vection velocities at various directions of propagation have
been studied. The peak response is largest when the pressure
field wave pattern matches with the structural wave pattern
and the direction of propagation of the pressure field coincides
with one of the “preferred” directions of propagation of the
flexural waves. The method is also used to predict the natural
frequencies and the response of a skin-stringer structure,
taking the frame stiffnesses into account.

DoMinioN RooM, 2:00 p.M.

Session YY. Architectural Acoustics ITI : Sound Transmission Loss and
Acoustical Impedance; Theory and Measurement

KeNwARD S. OLIPHANT, Chatrman
657 Howard Street, San Francisco, California 94105

Contributed Papers (12 minutes)

YY1. A Simplified Theory for Predicting the Transmission
Loss Characteristics of Double-Panel Constructions. BEN
H. SHARP, Research Staff, Wyle Laboratories, 128 Maryland
Street, El Segundo, California 90245.—QOne of the problems in
attempting to predict the transmission loss of a double-panel
construction has always been the rather combersome analytical
expression that is involved in the calculation. However, even if
the calculation is simplified by the use of a computer, the re-
sulting values often bear little resemblance to the measured
values. It has long been realized that the disagreement is a
result of mechanical connections between the individual panels
and the presence, or absence, of absorption material in the
cavity, neither of which are taken into account in the classical
theory. By simplifying the general acoustical characteristics
of double panels, it is shown that it is possible to include these
two factors and accurately calculate the transmission loss
with the aid of simple expressions. The simplicity of the solu-
tion makes it possible to develop optimum interpanel con-
nections and panel configurations using materials of different
mechanical properties and to design constructions to meet
specific acoustical criteria. [This work was conducted under
contract to the U. S. Department of Housing and Urban
Development. ]

YY2, The Effect of Studs and Cavity Absorption on the
Sound Transmission Loss of Plasterboard Walls. AraN
RiNsky AND RicHArRD H. Lvon, Department of Mechanical
Engineering, Massachusetts Institute of Technology, Cam-
bridge, Massachusetts 02139.—The experimental transmission
loss (TL) of a 9-ftX14-t single leaf 3-in.-thick plasterboard
wall with and without studs compares well with mass law
below its critical frequency (3150 Hz) and is dependent on
panel resonance level, as measured with an accelerometer,
above the critical frequency. The addition of 2X4 wood
studs every 16 in. to the single panel increased its resonance
radiation efficiency below critical frequency by an amount
predicted by the ratio of panel impedance to stud lineal mass
impedance. By contrast, the addition of steel channel studs
every 24 in. had no significant effect on the panel radiation
efficiency. Tests on a double leaf plasterboard wall separated
3% in. by steel channel studs every 24-in. showed that the
intermediate TL from source room to the cavity, as deter-
mined with a microphane suspended in the cavity, is quite
similar to the TL of a single panel between two large rooms.

The cavity is shown to behave as an intermediate resonant
system between the transmission and receiver rooms. The
cavity loss factor, as determined {rom reverberation times of
sound piped into the cavity, could be increased by the addi-
tion of felt or foam strips hung inside the cavity. With con-
tinued addition of cavity absorption, an upper TL limit of the
double panel is reached when transmission becomes dominated
by receiver-room-panel resonant modes due to fanking
through the steel studs and about equally as much dominated
by nonreverberant direct sound transmission through the
cavity, virtually unaffected by cavity absorption. This ex-
plains why it has been observed that continued increase in
cavity absorption beyond a certain point no longer increases
the overall TL of a double leaf wall.

YY3. The Effect of Room Size on Field Sound Transmission
Loss Measurements. Lupwic W. SEPMEYER, Consulting
Engineer, Los Angeles, California 90025.—As part of the
qualification testing and quality control program for the
University of California Residential Building Systems
(URBS) project, a field test mockup building was constructed.
This facility was designed so that the test walls, having
nominal ratings of 40 and 50 STC, could be measured in three
different room sizes similar to those of future dormatories
without disturbing the test wall to effect the change in room
size. The results of the measurements will be shown and the
differences discussed.

YY4. Simplified Field Measurement of Noise Reduction be-
tween Spaces. T. L. Quinpry AND D. R. FLvNN, National
Bureau of Standards, Washington, D.C. 20234.—The present
ASTM procedure for field measurement of the noise reduction
between spaces is time consuming and costly because it re-
quires numerous measuremer:ts in order to compute the noise
isolation class (NIC), particularly when separate measure-
ments must be made at multiple microphone positions to ob-
tain adequate spatial averaging. The purpose of the present
investigation is to explore the relationships between NIC
values based on j-oct band data and more easily obtained
ratings of isolation based on either octave band data or on
A-weighted or C-weighted sound level data. A large number of
curves of 3-oct band noise reduction versus frequency were
calculated from data on transmission loss of partitions, as-
sumed room geometry, assumed values for the source sound
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power spectrum, and assumed values for the sound absorption
in the source and receive rooms. For each of these }-oct band
noise reduction curves, the following quantities were cal-
culated and compared: NIC rating, I, rating (3-oct band
data), I, rating (octave band data), the A-weighted sound
level difference, and the difference between the C-weighted
level in the source room and the A-weighted level in the
receive room.

YY5. Transmission of Sound through Enclosures. C. I.
HoLMER, Bolt Beranek and Newman Inc., 50 Moulton Street,
Cambridge, Massachusetts 02138—The exact description of
sound transmission through an enclosure depends, in general,
on the details of the source radiation characteristics, coupling
of the source to the enclosure acoustic space, and coupling of
the acoustic space to the resonant and nonresonant moticn of
the enclosure walls. Moreover, for an extended source, and a
relatively small and absorptive enclosed space, an exact de-
scription is beyond the present state of the art. In this paper,
a simple design procedure based on an energy flow analysis is
described, which provides good lower bound estimates of
enclosure performance. The performance parameter that is
calculated is the lower bound of a space average, or radiated
power insertion loss. When formulated in this way, the per-
formance is reciprocal in the sense that it is independent of
whether transmission is from outside to inside or inside to
outside. Above the first enclosure volume resonance, the
result is PIL>TL 410 logA/S where PIL is the power in-
sertion loss, TL is the field incidence transmission loss of the
enclosure walls, 4 is the sabine absorption of the enclosure
interior, and S is the radiating area of the walls. A result that
is applicable below the first enclosure resonance is also pre-
sented. A number of experimental results are presented which
confirm the analysis procedures. [Work supported in part by
General Electric Co., Aircraft Engine Group, Cincinnati,
Ohio, and NASA-Langley Research Center.]

YY6. Acoustic Impedance Measurements for Various Angles
of Incidence. GrEGory C. Tocct anp Huw G. Davigs, De-
partment of Mechanical Engineering, Massachusetts Institute
of Technology, Cambridge, Massachuselts 02139.—A simple
correlation technique is presented for measuring acoustic
absorption coefficients and impedances of surfaces for sound
incident at any angle. The measurements can be made in situ;
the technique is useful for measuring ground impedance and
the surface impedance of buildings, as well as the impedance
of acoustic absorbing material. The technique uses a simple
source and one microphone, both placed a few acoustic wave-
lengths away from the surface. The source signal is random
noise, and the microphone output is filtered through a narrow
frequency band with a suitably smooth filter shape. Values
of the absorption coefficient and impedance at any frequency
are obtained from the autocorrelation curve of this narrow-
band signal. [Work supported by NSF.]

YY7. Theoretical Considerations in the Determination of
Complex Acoustical Impedance of Nonlocally Reacting Noise
Control Materials. ARUN G. JHAVERL, Harris F. Freedmon &
Associates, Mercer Island, Washington 98040.—Various
techniques and computer programs have been developed for
the determination of complex acoustic impedance of thin
(locally reacting) noise-control materials, such as metal felt,
polyimide, perforated plate, etc., within last five years. How-
ever, there is very little published data available for the cal-
culation of complex impedance and absorption coefficient of
thick, homogeneous, and nonlocally reacting noise control
materials, such as glass fiber and open-pore polyurethane foam.
The present paper establishes theoretical guidelines for the
computation of acoustical parameters that determine the
complex acoustical impedance of porous, homogeneous, and
isotropic materials. These materials have been and are being
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used for the abatement and control of air-conditioning and
air-borne types of environmental noise. A thick or nonlocally
reacting type of material is characterized by fwo complex
numbers, namely, the characteristic impedance (z/pc or w),
and the propagation constant (y), as opposed to only one
complex number for thin or locally reacting materials. Then,
two separate measurements based on theoretical equations
contained herein yielding two complex numbers, would suffice
in the determination of required complex acoustic impedance
and absorption coefficient as a [unction of discrete [requency f.

YY8. Acoustic Measurements Using Acoustic Pulse Trains of
Infinite Duration. RicHARD E. VAN DOEREN, North Star Re-
search and Development Institule, 3100 38th Avenue South,
Minneapolis, Minnesota 55406.—Many workers in the field
of acoustics have found that measurements must be per-
formed in nonideal environments in which error contributions
from reflections and diffractions can be significant. Further-
more, creation of satisfactory acoustical measurement condi-
tions (e.g., anechoic or reverberant rooms) can be costly both
in dollars and space. Use of acoustic pulsetrains of infinite
duration has definite advantages for measurement of reflec-
tion and transmission coefficient of achitectural panels and
for measurement of sound pressure level effects of full-size
or scaled noise reduction systems. The experimental pulse
system at North Star is described and application of pulse-
train techniques to measurement of reflection, transmission,
and sound-pressure-level reduction of scale- and full-size
systems is discussed. Experimental results are given for
transmission and reflection from architectural-type panels
and for a scale model of a highway barrier.

YY9., Comparison of Reverberation-Room and Impedance
Tube Measurements on Carpets. MAURICE PouLiN ano T. D.
NORTHWOOD, Dswision of Building Research, National Research
Council of Canada, Ottawa, K14 ORG, Canade.—Carpet is a
material difficult to define in terms that relate to its sound
absorbing capacity. Accordingly there is use for a simple
method of measuring its sound absorption. The reverberation
room method (ASTM C423) provides the definitive measure
for random incidence absorption when large specimens are
available. The impedance tube method requires only small
specimens but measures normal-incidence absorption, which
is not a useful measure of performance in rooms. For some
materials, deemed “locally reacting” with respect to the
incident sound, one may calculate random-incidence absorp-
tion from tube data, but this cannot be assumed, especially
for a loose ensemble of components such as carpet. Accordingly
the correspondence between the two methods of measure-
ment was studied for a range of carpet specimens. Results
indicate that calculations from impedance tube data, cor-
rected according to the locally reacting assumption and taking
account of diffraction effects in the reverberation room, yield
lower absorption coefficients than are obtained directly in the
reverberation room. Since a good correspondence is found with
truly locally reacting matertals, it is inferred that carpet does
not thus qualify.

YYI10. Operational Methods in Determining the Acoustical
Green's Function of a Right Parallelepiped with Perfectly
Reflecting Walls. J. A. SELVAGGI, Gannon College, Erte,
Pennsylvanio 16501.—The rules of LaPlace transforms are
involved in the solution of
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=&(x—a)d(y—>b)a(z—c)d(t).

The boundary conditions of a perfectly reflecting wall are
applied. The solution displays the effect of the position of the
source on the amplitude response. The acoustic potential is
determined by ¥ = — V4. Real convolution extends the solu-
tion to any time dependent input.



