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1.

ABSTRACT

This work is concerned with the nature of auditory per-
ception in spatial listening situations and the ability of the
phyéioiogical data available to account for these observed mech=
anisms of perception. It is my intention to show that it is more
difficult to localise sound images in spatial listening situ~
ations than it is in headphone listening and that a complete
understanding of the auditory mechanism must include an investi-

gation into the effects of spatial listening on perception.

Three different rooms, along with various acoustic wave=-
forms, were used in the invgstigation, in order to determine the
effects of reverberation and multiple images on a listener's
ability to localise sound. Also, because of the psychological
nature of these experiments, apparatus was developed which would
simplify the experimental procedure, thus ensuring the accumu-
lation of a sufficient number of results to make the conclusions

statistically meaningful.

To carry out the physiological investigation of the auditory
process, the acoustic pressure waveforms produced in the listening ‘
experiments were recorded, using microphones placed in a dummy
head and these signals were then used as the input stimulus for
a model of the frequency response of the auditory process up to
the level of basilar membrane displacemeqt. From an investi-

gation of the basilar membrane displacements it is argued that



one can predict the position at which an acoustic image will be
formed in a listener's field of perception. Hence, a comparison
can be made between the actual judgement and the theoretical one,
to determine whether the physiological data which adequately
describes headphone listening is sufficient to account for the

added complexities of spatial listening.
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List of Definitions and Symbols

Sound Image:

Localization:

Lateralization:

Bipaural Listening:

Stereophonic Hearing:

Interaural Time Delay
(ITD):

Interaural Amplitude
Difference (IAD):

Spatial Listening:

A concentrated spatiai region either
intra=-cranially or externally per-
ceived in which an observer indi-

cates the presence of a sound.

A listener's judgement of the position

of a sound image.

A listener’s judgement of the right-

ness or leftness of a sound image.

The use of both pathways of hearing

through which most lateralization

judgements are made. '

The ability to, and lateralize sound
images °y either in an enclosure

on in free space.

The tinme difference between acoustic
wvaveforms arriving at the ears of an

observer.

The amplitude difference between two
acoustic waveforms reaching the ears

of an observer.

This refers to all types ¢f listening

other than headphone listening.



Primary Image:

Secondary Image:

Multiple Images:

Pure Tones:

Transient Signals:

Cophasic Signals:

Antiphasic Signals:

Condensation Click:

Rarefaction Click:

Contralateral Image:

Ipsilateral Image:

The most dominant imsge perceived in

a set of multiple images.

The second most dominant image in a

set of multiple images. -

Simultaneously perceived acoustic

images which have characteristic

pitch and timbre enabling them to be

localized.

An input acoustic waveform of only

one frequency.

An acoustic input which covers the
complete frequency spectrum and is

generally referred to as a click.

Signals that are of the same arithe

metic sign.

Signals that are of oprosite arithe=
metic sign.

An acoustic transient which causes
initial downward displecement of the

basilar membrane.

An acoustic transient wvhich causes
an initial upward displacement of the

basilar membrane. °

Sound images that are localised on

either side of a reference line.

Sound images that are localised on

the same side of a reforence line.



INTRODUCTION

In the determination of the factors involved in direc-
tional hearing, one must turn to a combination of psychology and
physiology;.for the phenomena of sound discrimination and image
localization in natural and stereophonic binaural listening situ-
ations draws upon both of these-sciences. Physiology at the
present time is unable to completely explain these phenomena
because of the difficulties involved in obitaining data. For
example, the neural structure of the hearing mechanism is so fine
that present~day equipment is not sophisticated enough to cope
with it. The functioné of the afferent and efferent nervous
system in the ear are not understood and the physical elements
involved are too small to be studied using present-day techniques.
Furthermore, neuro-physiological experimentation on humans is
impossible and information must be sought from studies on animals,
with all the uneertainty that this creates. As a result, other
methods of approach must be used in an attempt to derive infor-
mation about these systems in man and psycho-acoustic.experimen—
tation is one approach which can lead to the formulation of
various models of neural response and provide the physiclogist
with clues which may enable him to continue his work. It must
be realised that psycho-acoustic experiments are subjective in
that they involve human judgements and hence, it is necessary

to standardise experiments and conditions as much as possible.

Ge.
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Recent advances in the understanding of the peripheral
auditory process and neural transduction mechanism have led to
questions concerning the judgement techniques of subjects in
various listening situations and the paper which follows seeks-
to explain these techniques in terms of this process. Many of
these advances in the understanding of the hearing process have
come from physioclogiczl data and the use of this data to explain
observed effects in the mechanisms of hearing perception.
Modelling techniques are commonly used and the more data these
models can account for, the more confidently one may rely upon

them to produce new information. -

In terms of a psychological perspective, it is necessary
to conduct experiments in such é way that they are both repetitive
and of a sufficient number to produce meaningful results. These
conditions have been satisfied through the design of new apparatus
and the use of the computer as an automatic controlling device.
Because of these developrments the subject can now in a twenty
minute experiment make a considerable sequence of judgements which
are recorded and imﬁediately processed by the computer. One hune
dred and twenty-cight judgements are commonly recorded as the
factor 128, being a power of two, facilitates computer operations.
A rest period is then necessary as fatigue affects perception and
concentration. All parameters involved in the experiment are cone-
trolled by the computer and once they have been pre-set, many

different experiments can be performed.

In binaural experiments, two listening situations are pre=
sented: in one, headphones are used and in the other, loud~speakers

are introduced to create a spatial listening situation. The use of



headphones produces an idealised situat;on as factors such as
masking of the head, and multiple signals arriving at the ear
of the observer, are eliminated. Furthermore, headphone experi-
ments are much easier to conduct and control than are those in.
spatial listening. However, the situation is not a normal one;
for factors such as noise, reverberation, multiple images, and
changes in the tonal quality and pitch of the incident sound,
must also bé investigated in order to determine the extent to
which they affect the mechanism of perception. For this reason,
rooms with different acoustical: properties as well as various
configurations of loud speakers have been used.in these experi=
ments. Lateralization judgements have been made and investigated

in terms of their physiological origins.

Numerous binaural listening experiments have béen con-
ducted using headphones ﬁnd the observed mechanisms of perception
have been studied in the light of the physiological evidence
available. The physiological evidence does support the percep-
tion data obtained and it is possible to develop a clear picture
of the phenomenonci'binaural listening with headphones. The next
logical sequence of events in this study would include a look at
spatial listening situations where the added feature.of distor=
tion to the input signal due to room acoustics might be taken
into consideration. One of the main aims of this paper is to
determine the differences, if any, between the mechanisms of per-
ception in headphone and spatial listening situations and whether
the presently aVailable‘physiological models of the auditory
system can adequateiy predict and account for the-perception data

obtained from these spatial listening experiments.

11.



The various factors which influgnce directional hearing
have been investigated by many workers and their results suggest
that in setting up the psycho-acoustic experiments, signals fed
to the loud speakers should be varied in time and amplitude as
well as filtered at different cut-off frequencies. Sinusoidal
wave forms as well as acoustic transients have been used by
other researchers in the field, and it has been established that
acoustic trénsients are more suitable for image lateralization
experiments since they stimulate all parts of the basilar meme
brane. The clicks are filtered at about 2 kHz so that multiple
and secondary images, which occur due to stimuiation of the
basilar membranes above 2 kHz, can be eliminated and the more
commonly observed images can then be given full concentration by
the subject. The range of time delay and amplitude difference,
used to cover the observer's entire field, were arrived at through
preliminary tests, using information about time delays and ampli-

tude difference from known physiological data.

Along with lateralization judgements, comments from
Abservers concerniné changes in the tonal quality of the sound
arnd its position in three-dimensional space have also been taken
into consideration. However, it has been difficult ﬁo neasure

such quantities and thus, a quantitative analysis of these com-

ments has been impossible. Nonetheless, a qualitative discussion .

is attempted in order to explain the content of these comments in

physiological terms.

As a result of the experimental configuration it was
possible to measure the time taken for judgements to be made, s0

that a relation between accuracy of judgement and time could be

12.



derivede. Such factors lead to an understanding of fatigue as well
as basilar membrane and hair cell response to repetitive or con-

tinuous stimulation.

Previous work has been done on image movement with head-

(45) ,

phones and secondary images have been observed by Sayers

(54) (5)

Toole s Bertrand ", and others and their physiological basis
investigated or inferred. It appears that i£ would be necessary
to establish whether there was any relationship between head-
phone and spatial listening in terms of secondary images and
image localisation. Furthermore, there are other areas, closely
related to spatial listening, which can be invéstigated once a

spatial listening situation is established.

Questions such as the f&llowing were raised: what would
be the effect of adding subsidiary sound sources strategically
sited close to the ears of the listener on his ability to later-
alize sound images? Would it be possible to cause external
images to be shiftea or cbuld the hearing mechanism discriminate
between various inputs having no amplitude differences and little
or no time delay? ﬁhat effect do tone and pitch have on the sub=-
ject's ability to discriminate and lateralize images? These
questions can be investigated far more effectively in spatial
listening situations than in headphone experiments and new
experimental techniques allow for the accumulation of many sets

of results.

It is known that the observer perceives sound images
produced by headphones as being in the head or located intra=
cranially, while images from loud spezkers appear to be external

to hime 15 it possible, given the right combination of speakers,

13,



to produce both of these effects simultgpeously and hence move the
image in the horizontal plane of the observer? And, under such
conditions, is it possible to separate the different images formed
or do they fuse together to form only one image? The answers to
these questions could influence the design of sound systems for
auditoria and speakers could be arranged to produce various image
movements. For example, two channel systemé allow for‘image
positioning.in a two~dimensional plane; whereas the introduction

of more channels allows for movement in three-dimensional space.

The experiments, which are to be discussed in the pages
which follow, have been done in various rooms and the effects
of room acoustics are taken into consideration. Results have
been taken in rooms which were fairly regular in shape and ane-
choic as well as in rooms of irregular shape with little or no
absorptive prcperties where echo and reverberations tend to shift

the listener's judged images as well as to produce multiple images.

Using the information obtained in spatial listening experi=
ments, Monro's(38) ﬁodel has been investigated in the following
paper with respect to its applicability in understanding this
data. The model deals with the mechanical to neural transduction
mechanism of the ear, as well as the neural coupling mechanism to
higher centres. Much information about the neural mechanisms
which are involved in the hearing process is available and yet,
from this model, muach remains to be learned. Whether these facts
will be derived from physiological measurements or whether they
will come from psychological experimentation is not known but éll
aspects of both methods of approach must te attempted and the

following paper is a study of the relationship between those

1L,
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mechanisms of perception which one may observe and their physio-

logical basis.



CHAPIER 1

HEEARTNG: ANATOMY AND ACOUSTICS

1;1 Introduction

The human ear has the capacity to act as a detector of
vibrations in air molecules, as an analyser of these vibrafions
to give information abéut the loudness, pitch and timbre of a
sound, and as a direction finder, in that the hearing mechanism
provides the brain with data for the localisation of a sound
source. The way in which the hearing mechanism works can be ana-~

tomically and physiologically explained and each of the above

functions can be duly accounted for.

The ear is aivided into three parts: the external ear
consisting of the pinna, externral meatus and tympanic membrane;
the middie ear, containing three small, auditory ossicles; and
the inner ear consisting of the cochlea, containing the organ of
corti, the vestibule, and the three semi-circular canals. The
shape and structure of the pinna are involved in the amplification
of certain frequencies of sound and this point will be taken up
later in relation to directional hearing. The external meatus or
canal is lined with an extreuely sensitive skin covering which
protects the tympanic membrane from contact with foreign partiqles
and insects. The tympanic membrane itself is, to a large extent,
taut and glistening and resembles a flattened cone. The middle

ear is air-filled and contains the three miniature bones or



auditory ossicles. These bones are constructed and coupled together

in such a way as to produce the necessary amplification of the
vibratory stimulus of the tympanic membrane and to transmit the
amplified vibration to the oval window which in turn stimulates
the basilar membrane. The inner ear, being distinctl& divided
into three parts, performs a variety of very different functions.

However, the part which is most involved in hearing is the coch-

lea, a snail-like structure, consisting of 2 turns with the basil ~-

end at the oval window and the apex at the furthest most point
along the pathway. Inéluded in" the cochlea is the basilar mem-
brane, a fibrous plate, fixed at both ends of éhe cochlea, but as
Von Bekesy has demonstrated, without tension, Reissner's membrane,
and the cochlear duct. At the basal end, the scala vestibuli ends
in the vestibule at the oval window, while the scala tympani ends
at the round window. The cochlea is filled with fluid and it is
through this field that the initial vibration of the air molecules

is transmitted.

The organ of corti is made up of an orderly arrangement of
actual sensory elem;nts,the hair'cells, as well as various sup-
porting cells. The distinct feature of this organ is the arrange-
ment of the hair cells into two groups and their location in rows.
The outer hair cells ﬁumber about 12,000, while the inner cells
about 3,500. The cells differ from each other in that the inner
cells are more rounded, with fewer and coarser hairs, arranged
in two or more uneven rows. About the base of each hair cell is
a cluster of nerve endings from which information is sent to the

higher centres of the brain.
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Fig. 1.1 : Semidiagramatic section through the right ear
(Czermak) : G, external auditory meatus; T, membrana
tympani,; P, tympanic cavity; 0, fenestra ovalis; R, fenestra
rotunda; B, semicircular canal; S, cochlea,; Vr, scala
vestibuli; Pr, scala tympani, E, eustacian tube, R, pinna.

Fig. 1.2.
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l.2 Spatial listening and the process of perception

In relating the psycho~-acoustic phenomena present in
human hearing to the physiological make-~up of that system it is
of some value to look at the nature of sound transmission and -
the process involved in perceiving these sounds. Souﬁd may be
characterised as a transmitted vibratory disturbance in various
nedia, air being the most common. A sound source generates these
disturbances by displacing the air directly adjacént to it and
once displaced a wave motion ensues which transmits the sound
into space.- In a spatial listening situation, the sound pressure
waveform is affected by the enclosure in which it is presented
and the resultant pressure waveform at the ear of the observer is
determined by a combination of influences such as the absorptive
properties of the room, the shape and dimensions of the room, as

well as the nature of the sound source itself.

The response of the auditory mechanism to the sound
pressure waveform is determined by the frequency response of the
outer, inner, and middle ears and the resultant response of the
cochlea is conyertea to neural form according to some elaborate
transduction mechanism. Once the sound pressure waveform has
been converted into a neural response, the higher centres become
involved in interpretation and anslysis of the neural signal.
Hence, to investigate the mechanism of auditory perception, it
is necessary to determine this neural response to a sound prese
sure waveform and the factor that is closest to this objective
is the basilar membrane displacement in the cochlea. The basilar
membrane response to a particular pressure waveform is derived

from a knowledge of the frequency response.of the outer, middle



and inner ears and then one is able tc properly determine the
basilar membrane displacement as a function of time and locus.
The frequency spectrum 1is dependent on the frequency components
of the sound pressure waveform at the ears of the observer and-
this waveform is affected by the environment in whicﬁ it is pro=-
duced. Thus, it is necessary to record the acoustic pressure-
waveform at the ears of the observer in order to be able to cal=-
culate the ﬁasilar membrane response and hence the neural signals

transmitted to the higher centres.

1.3 Biomechanics and neurophysiology of hearing

l.3.1 Introduction

Man can hear sounds covering about ten octaves and his
ear is sensitive to soﬁnds between 20 a?d 20,6000 c.p.s. where the
threshold of hearing is about 6 to 8 dB. The threshold of hearing
is a measure, at a given frequency of input signal, of the level
at which sound is first perceived by an observer. The threshold
-of feeling is reached when the sound becomes so loud as to cauce

a vague sensation of discomfort in the ear. This occurs around

120 dB.

1.3.2 Transmission of sound to the cochlea

The external ear

The pinna, although it may vary in shape from animal to
animal, performs one function primarily. It is used as a sound
gathering apparatus to aid in the localisation of sound. The ear
canal serves, primarily, as a protective pathway for the tympanic
membrane and it maintains a favourable environment in terms of

t 'félatedhto‘:obééhaﬁﬁes/bq. cm. (at 1060 HZ)T



temperature and humidity. As the sound is collected and passed
along the canal to the ear drum, some of it is reflected while
some of it is absorbed by the drum - the amount of each being
determined by the rigidity or impedance of the membrane. Th%g‘
impedance is not constant but varies as a function of the fre=

quency of incident sound. The total impedance is made up of the

sum of contributing impedances from the tympanic membrane, maleus, -

incus, middie ear cavity, stapes, cochlea, and round window. The
impedance is greatest at low frequencies below 1,000 c.pe.s., low
between 1,000 to 4,000 c.p.s., then rises again, thus demonstrat-
ing that the region of greatest activity occuré where the impede

ance is lowest.

At the end of the canal, is a thin membrane called the
tympnaic membrane or ear drum. Von Bekesy has measured the move=-
ment of the drum to be as small as 10~ mm and it is this motion

7

which is transmitted, amplified, and changed into electrical

impulses which carr& the information to the higher centres.

The middle ear'

One of the major functions of the middle ear is to come
pensate for the loss in energy as sound vibrations pass from air

to liquide. ©Sound waves, generated in air, reach the ear drum with

2l.

a certain amount of energy and must get to the fluid-filled cochlea -

in order to reach the organ of corti. The cochlea is filled with
fluid priﬁarily in order that it may act as a life support system
for the organ of corti; which cannot be supplied by blood vessels
as this would create tco much moving disturbance 1in an area in

which the slightest movements are read. The vibrations must enter



a fluid; however, when they do so, as sqund enters water, much of
their energy would be lost. Thus, an acoustic lever system is
set up to take the pressure exerted over a large area, the ear
drum, and transfer it to a pressure over a small area, the stapes
footplate, There is a thirteen-fold reduction in aréé, coupled
with a mechanical advantage due to the lever action of the maleus
of 1.3 to give a pressure on the footplate which is seventeen

times as great as the one on the ear drum.

Another vital function of the middle ear mechanism is to
transmit vibration to only one cochlear window, rather than to
both, such that an energy transfer from one window, through the
cochlear fluid, to the other window, is possible. As one window
moves in, the other moves out, and the hair cells are activated.
If both windows were equally opposed to sound, a static con~
dition, due to the incompressibility of the cochlear fluid,

would exist,

Protection of the hearing mechanism against high sound is
only partially provided by the structure of the ear. The ossi-
c¢les change their method of action under high intensity vibrations
thus reducing the amplitude of movement of the stapes. There is
an acoustic reflex present; f&r the stapes respond refexively to
sound. Furthermore, the reflex is consensual, such that a stimu-
lus applied to one ear elicits muscle contractions in both.
However, this high pass filtering effect of the acoustic reflex
serves a more important function than simply acting as a partial
protective mechanism. Since most low frequency sounds do not
carry much information, the reflex acts as a filter for noise to

reduce the masking effect on the higher frequencies.

224



The cochlea

Various theories have been presented as to the working
mechanism of the cochlea and as advances are made in the field,
these theories tend to combine with, rather than to oppose ome.
another. Helmholtz postulated a resonance theory in 1863, in
which the cochlea contained a series of resonators tuned to differ-
ent frequencies. Rutherford, in 1880, put forward his telephone
" theory in w‘ﬁich the cochlea is supposed to act as a telephone
transmitter. The resonance theory gave way to the place theory
which considered the cochlea as-a tuned structure with different
portions of the basilar membrane and organ of'corti responding to
different frequencies of sound. Wever(56), in 1949, put forth
the resonance volley theory to account for both the place and |
telephone theories in which the telephone theory accounts for low
frequency sounds, while the resonance theory explains the res=-
ponse to high frequency components. Von Bekesy(1) has confirmed
‘the fact that the cochlea is a tuned structure, performing a free
quency analysis along the gradually increasing width of the basi-
lar membrane from the basal end which receives high frequency, to
the apex which is the low frequency analyser. The membrane
cannot, however, respond independently at any one point due to
the continuous coupling present. It has been observed that the
basilar membrane, the organ of corti, the tectorial and Reissner
membranes all move together in phase but that there is a phase
lag between the movement of the stapes and a point on the basilar
membrane. This led Von Bekesy to the notion of travelling waves
rather than a simple resonance. These travelling waves are gener-
ated by the stiff portion of the cochlear partition driving the

more flexible portion of the membrane. As the wave moves along

23
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Fig. 1.3 . The right labyrinth opened to show the three
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the partition, it increases in amplitude until a maximum is reached,
after which the amplitude diminishes. The mechanical motion is now
translated through the organ of corti into an electrical impulse

which can be interpreted by the brain. -

l.3.3 Freouency response of the basilar membrane

Any sound pressure waveform that is not a pure tone and
hence Consists of only one frequency component, will stimulate
different parts of the basilar membrane. ZEach place on the meme
brane is stimulated by a particular frequency component and hence
the response of the membrane is that of a freqﬁency analyser as
no two frequencies will activate the same point on the mumbrane.
The fluid in the cochlea tramsmits the various frequency com=
ponents from a waveform in air to a wave motion in a fluid. This
motion activates the ﬁarts of the membrane that correspond with
the frequency components of the motion and it is useful at this
point to mention that the distribution of place frequencies along
the membrane is logarithmic with the high frequency components at
the basal end and the low frequency components at the apex of the

cochlea. .

Mathematical models of the frequency response of the
outer, middle and inner ears have been proposed by various workers
in the field, though the one used later in this paper to calculate- h

the basilar membrane displacements to a given acoustic waveform

(17) using the physiological measurements
of Von Bekesy(l), Moller(ha) and Zwislocki(JO). The displacement

was presented by Flanagan

curve for the membrane is thus frequency dependent and each fre~

quency component will generate its own membrane displacement. In



actual practice these displacements combine to produce the overall

motion of the membrane.

l.3.4 The organ of corti

-

According to Von Bekesy, the mechanical energ& in the wave
rnotion is transmitted from the up and down motion of the basilar
membrane to a focking motion of the rods of corti and the recti-

" cular lamina and then into a shearing motion between the lamina
and the tectorial membrane. This shearing motion causes bending
of the hairs which is believed to be the most important mech-
anical step in stimulating the hair cells. Thé movement of the

8

basilar membrane is small, in the order of 1 A® (107° cm) and as
such it would seem that it cannot be mechanical displacement
alone which excites the hair cells to firing; but that there .
must also be some ioniﬁ phenomena involved in the excitation
process. In measuring the electric potentials in the ear, it is
hoped that informatioﬁ on the rature of the energy transfer pro=-
cess, as well as the type of signals sent to the higher centres
will be discovered. Two distinct types of potentials are present:
the cochlear miérophonic (CM) and the action potential (AP) of the
auditory nerve. The CM is first noticed when the ear is stimu-
lated, followed by the AP which displays all the charécteristics,
threshold, refractery period, etc., of all other nerves in the
body. 6ther electric potentials exist under normal non-stimulated
conditions but the CM and AP are produced in immediate response to
acoustic stimalation. There are many hypotheses as to where the
CM is generated and investigations to try and develop some con-
sistent relations between mechanical effects and CM are still
(29a)

underway. The AP has been well recorded in cats by Kiang .

26.
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Fig. 1.5 : Schematic drawings of an outer hair cell (above)
and an inner hair cell. Prominently shown are the cell
nuclei and various inclusions, the hairs embedded in the

cuticular plate, and the afferent and efferent nerve endings
clustered around the base of the cells.

(after Engstrom)




using sophisticated methods of recording and he has studied them
in response to clicks and tonal acoustic inputs. His post stimue
lus time graphs of the spikes generated by these inputs suggest

a way of grouping the nerve firings that can produce informa?ion
about binaural listening. Lynn(35) has pursued this line of work,

and postulated various neural transduction mechanisms as a result.

The afferent system from which these recordings were taken is the- -

message pathway to the brain, while the efferent system carries

neural signals from the highér centers of the' brain | to thej

‘organ of corti. L
The efferent system is, however, inhibitory in'its action and it
is thus likely that this action acts to sharpen the frequency

analysis in the cochlea by producing selective inhibition.

1.4 The central auditory pathway

The pathway which carries electric information to the
higher centres of the brain does so through a series of synaptic
junctions which involve cross-overs between the two ears. Most
nerve firings follow the same pattern as those of the auditory
nerve and there is physiological evidence which tends to support

a point to point projection of the cochlea. One of the most

important functions of this neural configuration is the represen=

tation of both ears in each auditory pathway as a result of the
trapezoid fibre crossing in the medulla. It is known that locali-
zation depends mainly upon a comparison of intensity and phase
information from the two ears carried out at the level of the
superior olivary nuclei. Work has been done on individual units

of this structure in which transients were presented to each ear



of a cat and cell firings were recorded_in Calambos et al (1959)
and in more detailed work by Kiang (1965); It has been established
that certain units are responsive to one type of acoustic input '
while others only respond to inputs of different frequency. The
loading input to either ear is important as this determines the
order of stimulation in the superior olivary. Thus, this unit
seems to operate as a time discrimination mechanism and sends

" its information to the higher centres of the brain for further

auditory processinge.

From the schematic drawing, Fig. 1.6, it can be seen that
the major nuclear masses of the auditory pathway are located in
the medulla oblangata, the mid-brain of the thalamic region. From
the orderly spatial arrangement'of the neurons, it would apfear
that a process occurs here in which the organ of corti is repre-
sented over and over again in the brain. The Giagram, Fig. l.6.
clearly shows where this cross~over takes place in the Superior
Olivary nucleus and'the ascending pathway in the higher centre
of the brain. Several authors have also described a descending
pathvay from thg coftex to the various central auditory pathways
and it would seem that this system is an inhibitory mechanism which
acts not only as a protective device but also as a frgqueﬁcy selecCe

tor and noise~masking device.

1.5 Mechanical to neural transduction

1.5.1 Innervation
The perception of sound and its interpretation involves

the mechanical transmission of vibrations through the peripheral
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auditory complex and the translation of"this mechanical vibration
into sensations. The organ of corti, situated above the basilar
membrane and below the tectorial membrane, plays a most important
role in the mechanical to neural transduction mechanism. The .
innervation of the organ forms the pathways along which infor-
mation is sent to and flows from the brain. Each hair cell has

a cluster of nerve endings about its base with the region of cone
tact between the nerve endings and the hair cells being synaptic
in nature. Two types of nerve endings are present and it is
believed that the smaller ones -form an afferent pathway while the
larger ones are efferent. The way in which nefves supply the
outer and inner hair cells is still far from being completely
understood and at present methods are being developed to handle
this problem. However, it is known that some fibres are essen-
tially radial in their connection to the hair cells while others

travel along the cochlea for considerable distances before termin-

atinge The use of staining techniques clearly shows this so~-called

spinal innervation of the cochlea and distinguishes between the
afferent and efferent nerve fibres. Hair cells appear to be in-
nervated by man& nerve fibres and this would indicate & super=-
position of effects between the hair cells. Fig. 1.7 preéents a

diagrammatic view of the hair cell arrangement and some of the

nerves involved in the neural process. The diagram represents the

innervation of the organ of corti in the cat and most workers in

the field have assumed a similar representation for man.

1.5.2 The neural transduction process

To fully understand the workings of the auditory system in

man, it is necessary to study the neural transmissions to the higher

32

e



-===-~(D\ efterent nerve
~=<@---1 J fibres and endings

J—} afferent nerve

fibres and endings

Fig. 1.7: Schematic drawing of the innervation of the organ
of corti in cat. Afferent fibres are represented by solid
lines, efferent fibres by dashed lines. Those terminating
on outer hair cells are shown as thick (ines. Quter hair
cells (0H), inner hair cells (iH), and openings of the
habenula perforata (HA). The nerve fibres and endings
indicated do not correspond to their actual numbers.

{arter Spoedlin)




3k

centres in the auditory process, and to study the interaction of
these neural signals along the auditory pathway. Through physio=
logical measurement, it is possible to describe the frequency
response of the auditory system up to the level of basilar membrane
displacement. Beyond this point, the physiological data has come

(292) on the electrical discharge of

mainly from the work of Kiang
cells in the ear of a cat in response to click impulses. On the
basis of this informatioﬁ, many different neural models have been
postulated and the majority have used Flanagan's(17) model of
basilar membrane displacement as the neural stimulus. Siebert

(48a)

and Gray studied single neural elements and developed a

theoretical model to describe its probability of firing. Weisé(ssa)
digital computer model of the auditory process uses Flanagan'sclg)
model as the stimulus and assumes a linear transducer mechanism
between the displacement of the basilar membrane and the neural
response. His model is one of a threshold reset type, where the
stimilus causes a suitable threshold to be reached and the unit

to fire, whence the register is reset. This model does not explain
many aspects of the auditory process though it does take account of
the probability of cell firing and hence the linear relation
"assumed by Weiss between basilar membrane displacement and neural
firings have been used in this work. Thus it has beeﬁ possible to

analyse spatial listening and its effect on the mechanisms of per-‘u'

ception, simply by studying basilar membrane responses.

Other models have been proposed by Lynn(35) in which the
stimilus was provided by the outer hair cells which release a
chemical transmitter substance and by Monro who modified Lynn's

model using the data of Siebert and Gray to develop a broader .



-

formulation of the mechanical to neural transduction process.

The object of this paper is not to,proposé any new models
of neural transduction or in fact to usé those already mentioned.
It is sufficient for one to realise that a direct relation exisfs
between basilar membrane displacement and neural firings and with
the use of the appropriate weighting functions one can investie-
gate the properties of spatial and headphone listening élong with
their physiological basis by studying the response of the audi-
tory system up to the level of basilar membrane displacement.

The frequency response of the system up to this point is well
documented and will clearly show up any differences or similari-

ties that exist between spatial and headphone listening.

1.6 Experimental objectives in the light of the anatomical
and physiological evidence available

Most research in auditory perception has been done in the
area of headphone listening as the parameters involved are few
and the external influences of one's environment are non-existent.
The point has been reached, however, at which information about
spatial 1isteniné and the differences in the mechanisms of per-

ception between headphone and spatial listening, is required.

It is the objective of this paper to establish the pro-
perties of auditory perception for spatial listening in terms of
a listener's ability to localise sound in various environmental
situations and to record the effects of noise masking, reverber-
ation and room acoustics on this ability to localise sound images.
Studies have been made using four speakers to produce multiple

images in order to determine the fusicn properties of the auditory
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mechanism. The time taken to make a judgement versus the accuracy
of these judgements has also been measured in order to determine
the response characteristics of the human operator to various

acoustic inputs. : : -

rs

Once the above data has been collected it is then compared

with the physiological data available in the form of the frequency

response characteristics of the outer, middle and inner ears to
ascertain whether this data is sufficient to account for spatial

listening phenomena.

Finally, a comparison can be made between headrhone and
spatial listening to determine the differences, if any, which
exist between these two types of listening situations. If no
differences exist then auditory work may be continued using the
far simpler experimental situation of headphone listening. If,
on the other hand, differences do exist further experiments will
have to be periormed to determine what new mechanisms of perception

are involved.

6.
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CHAPTER 2

ASPECTS OF AUDITORY PERCEPTION:

METHODS OF SOUND ILOCALIZATION

2.1 The case of binaural listening

In order to lay the foundation for the present work, it is
helpful to review the main ideas behind current research in audi-
tory perception. The answer to the question of how we distinguish
one sound from another and determine its direction could lead to
an understanding of the way in which the auditory syséem codes
information from acoustic inputs and then sends this information
to the higher centres of the brain for interpretation. After
studying different perception mechanisms of sound in humans, it
is then possible to look for systems which will describe these
mechanisms. For exgmple, consider the case of a sound localization
whers two methods of approach are possible: the study of (1) sound
localization with headphones or of (2) sound localization in
spatial listening, the latter being more difficult due to the
added number of parameters involved. In either case, experiments
of a psychological nature are performed in which many human sub-
jects are used and statistical methods employed in an attempt to
determine relationships between input signals and the wa& in which
they are interpreted by the listener. Man's ability to judge the
position of sound images and to mask unwanted sounds is the mech-

anism to be examined in the following paper.



Aspects of hearing such as the recognition of various
acoustic inputs and the way in which these stimulate the auditory
system are well documented by various authors. The mechanical to
neural transduction process has been studied and yet, many )

questions remain unanswered and many hypotheses have yet to be

proven or rejected. By linking the physiological aspects of per=

ception to the available physiological data on binaural listening, -

it may be possible to produce some of these answers.

(45)

Binaural listening has been investigated by Sayers
and Toole(53), using various input signals such as pure tones and
acousticltransients, and their observations about perception
mechanisms in humans have led to the development of warious hypo-
theses and models about the physiological nature of the auditory
systems In all cases, however, the experimental configuration
involved the use of headphones to present the acoustic stimulus
to the listener and such a situation is an idealised one, not
encountered in normél listening practice. In order to simulate
actual listening experiences, spatial listening experiments must
be performed which fully represent all the possible influences
involved in the localization of sound. Thus, the work of Sayers,

Toole and Lynn, with that of Leakey(32)

s on stereophonic hearing,
could be followed with a view to extending their findings to

different listening situations.

2.2 Headphone listening experiments

The work presented here has adopted the following approach:

the overall aim has been to determine if the phenomemon of spatial



perception could be at least partly accounted for in terms of the
same physiological mechanisms of perception as are involved in
headphone listening; and if the known differences pointed to other
aspects of auditory experience then a closer look at spatial.

-

listening phenomena would be required.

To approach this problem in an orderly fashion it is first
necessary to consider the phenomemn of headphone listening and
some of the work which has been done in tﬁis field. The most
important fact in this type of experiment lies in the exact repro-
ducibility of desired acoustic inputsat the earsof the observer.
Taking into account the effect of the headphones themselves, it
is possible to calculate the exact acoustic pressure waveform
presented to the subject and hence factors such as noise, dis-
tortion from reverberations, varying tone and pitch of the sound
image and multiple sound images can be disregarded in analysing
the judgement results. All images appear inter-cranially and
movements of the head do not affect the image position. There
are two ways to record headphone judgements while in spatial
listening there is ;nly one. lateralization judgements can be
carried out in both, but as will be demonstrated later in the
paper, dynamic ceatring judgements are only applicable to head=-
phone judgements as the increased time of judgement does not
introduce any added complication to the signal; while in spatial
listening the acoustic waveform is affected by the room acoustics
and becomes more difficult to localize as time increases (see

(32)

section L.4t). Toole and Leakey have indicated the effect of
Visual clues in spatial localization of sound and this is not pre-

sent in headphone listening.



(44 - 48) (35) (55) (38)

The work of Sayers , Lynn
(5)

, Toole s Monro

and Bertrand involves the use of headphones only and they have
presented auditory models to describe the results obtained from

these types of listening experiments.

2.3 Spatial listening experiments

As the name implies, spatial listening experiments are
performed in rooms, some of which have been acoustically treated,
while others are cimilar to the rooms found in most buildings.

A subject is seated in a chaif and the acoustié waveform is
generated through loudspeakers placed in various positions in the
room. A listener in this situation can determine the direction,
elevation, and distance he is from the sound source. He can .
localize images in front of him and with a slight loss in accuracy
images above and behind, see Leakey(EZ). Along with the ability

to judge distances, a listener will track.a moving sound image and
employ a mechanism similar to one used in visual tracking, where a
feedback corréction process is involved, see Toole(55). Separat-
ing a wanted sound image from background noise is another mechanism

used frequently in spatial listening situations as there is always

noise present. It is quite clear that the processes involved and

the skills needed are different in spatial and headphone listening‘“‘\

and as spatial listening represents actual listening situations,
it is necessary to study suditory perception with a view to real

life situationse.

As has already been suggested, the present study is designed

to parallel to some extent the work that has already been done on



headphones and to compare the results between these two types of
experiments to determine what differences eiist. Certain elements
of auditory perception can be studied in spatial listening situ-
ations while it is not possible to do so in the headphone listen-
ing experiments. For example, it has been possible to examine

the effect of multiple sound images on a subject's ability to
attend to a single image in the midst of others as well as to
investigate the effect which the external cross-over of the acou-
stic signal has on judgement accuracy. The following section
describes the methods involved in sound localization and demon-

strates clearly that the factors involved in spatial listening

are far more complex than they are in headphone experiments.

2.4 Methods of sound localization

2.4.1 Headphone listening

The acoustic signals applied to fhe ears of the subject in
headphone listening experiments differ from each other only in time
and amplitude and it is this difference that causes an image to
move across the listener's field of perception. A time delay pro-
duces a leading pulse to one ear and the image forms on the side

of the leading pulse. Both. basilar membranes are stimulated and

the information is transmitted via the neural pathways to differ- \'

ent centres of the auditory structure and a comparison is performed
between the signals to determine the nature of the acoustic inputs.
A fusion of these signals then takes place and an image is formed
in the listener's field of perception which in this case, lies
between his ears. Depending on the complexity of the input signal,

multiple images may be formed and the observer may be conscious of

L1,



a primary and secondary image. The process of binaural fusion and
cross~correlation will be discussed later in this work but at
~ present, suffice it to say, that it is these processes which

(4 = 17)

enable the listener to localize sound images, see Sayers

2.4.2 Spatial listening

The clues that a listener uses in spatial localizing of
sound are based on the fact that the ears are separated on either
side of the head and, though the distance between them is small,
it is sufficient to create differences in the acoustic signal
arriving at each of his ears. The relative time of arrival of
the input to each ear creates an inter-aural time delay (ITD)
which can be perceived and interpreted by the auditory mechanisme.
In addition, it is clear that head movemenf, e.g., rotation in
thé three planes, sets up different ITDs and thus, may 'sharpen'
the input information by introducing many samples of the sound
source related to specific head movement. Along with time delay,
there is an amplitude or intensity difference (IAD) at the ears
and this again contributes further information about the acoustic
signal. Head rotation varies the loudness and this, combined
with the masking effect of the head in different positions, adds
to the information about intensity. The relative quélity of the
sound which arrives at the ears of the listener and a comparison
of this quality with an a priori knowledge of the possible quality,

can lead to more accurate positioning.

The 'leftness' or 'rightaess' of a sound image is deter-
mined mainly from the time of arrival of the image at each ear.

In an experimental condition in which an observer is seated in a

L2,
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room in front of one loud speaker, see Fig. 1, the time difference
at the ears, due to a source at an angle 0 off the median plane,

is:

h sin 6 . -
T, = (v)(l = ) sin 0
where ?A = time difference
h = separation of ears (5%")
v = velocity of sound in air
sin 6 . .
M = correction factor due to masking of the head

after (Kietz 1953).

Firestone (1930) took measurements on the time differences
using a wax dummy head and his results show that if the correction
factor is neglected a good approximation of the results is obtained.
Thus, ?A =-% sin 6 is sufficient to describe the time differences
involved with a single source. This is, however, only applicable
to sounds in the horizontal plane of the ear and of frequencies
below 500 ce.p.se. such that the masking effect of the head can be

ignored.

»

In localizing sounds above and below the plane of the
listener's ears and for front-back determination, head fétation
becomes an important factor. By rotating the head through an angle
yf, it is possible to establish differences in ?A and the rate of .
change of ?A with respect to‘yf is a way to determine the pesition
of the source. If it is assumed that ?A is positive for left lead-
ing signals and head rotation is clockwise, then d ?A/Hyr is posi~
tive for eounds in front of the listener and negative for sounds
behind. From this it can be observed that d TA/dy = 0 will indi-

cate a sound source directly above the head of the observer.
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The elevation of the image above and below the horizontal
plane could be determined by using a combination of ?A and head
rotation, with the appropriate geometrical analysis. Following
the derivation in Fig. 4, it is seen that the angle of elevation

B is represented in the following relation:

— 2 dTaZ
cos B = v/h[T,"+ Ca:-:Q
dT

a
where ?A and d1#'

are established by the auditory system.

To determine the distance of a sourd source, an observer

employs a conbination of a priori knowledge about the quality, tone
and pitch of the sound as well as a linear displacement of the head

to change the sound pressure at the ears. This pressure change has

(3)

been characterised by Beranek in 1954 as:
1 1
P, =P -—
dap 2 1 S=X 5 X _ X
Pp- TP ° 1 ‘s-x"slf"((s
8
where P = pressure at the ears
X = linear displacement of the head
& = distance to the source

It is assumed that the auditory mechanism can calculate%2 and hence,

from a set of linear displacements, x,can position the sound source.

It must be remembered that only low frequency signals have -

been used in the above calculations because high frequency sounds

have wave lengths of an order of magnitude such that the propagation

is affected by the shape and size of the head, causing amplitude

L5,

differences to occur in the signals to each ear. The spectral quali~

ty of the sound changes with changing position relative to the sound

source and intra~aural amplitude difference effects are introduced
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which aid in sound localization. A priori knowledge of the quality
of a sound becomes important since much information about sound

images can be stored by the brain in this way.

B

Another factor which must be taken into account in spatial
listening is the effect reflections have on the acoustic input
signal. The auditory system makes use of reflected‘sound to obtain
added information about the radiating source. If the time of
reverberation is small, the brain exhibits the property of being
able to mask the unwanted reflections and it is not confused ij>
secondary images. If, on the other hand, echoes are produced,

the auditory mechanism can process them accordingly. This is

(23)

known as the Haas effect (1951) and it plays a very important
role in eliminating much of the acoustic disturbance present in'’
everyday life. It works best for inputs of more than one frequency;
. for it is difficult to localize a pure tone in a very reflective
situation as there are no frequency differences and hence no basis

of comparison within a given acoustic input. There are only ampli-

tude variations which change the loudness of the signal.

All of the aforementioned methods of sound localization
derive from the fact that man has two ears, separated in space,
and the ability to combine the information from eacﬁfof them. It
is the object of this work to study these methods and to deduce
from available physiological data the way in which the auditory

mechanism processes acoustic inputs.



2.5 Effects of various acoustic inputs on the auditory system

2+.5.1 Introduction

As has already been mentioned, in methods of localization
there are different mechanisms of'auditory perception for different
types of acoustic inputs. The two main types of inputs used are
pure tones, which may vary their effect over different frequency
ranges, and transients. Some of the initial work done by Sayers(hs)
uses pure tones of various frequencies. However, although the
results thus obtained have proven useful, it has been established

that transients, in the form of clicks, are better suited to

localization experiments. -

2.5.2 Pure tones
As the name implies, a pure tone is a sine wave of only
one frequency and although it is not possible to obtain an absolute-
1y pure tone, close approximations are available. With pure tones,
however, only one part of the basilar membrane, which is frequency
sensitive, is stimulated; and hence, it was felt that this type of
signal would not yield a true representation of aural stimulation.

(31)

Sayérs and Leakey have investigated aural perception responses
to pure tones of various frequency and detected different mech-
anisms of response to signals broadly above and below 1500 cupese
For tones below about 1500 c.p.s., the localization of sound, per- -
formed through a binaural fusion process, appears to concentrate |
on an analysis of the microstructure of the audio signal, whereas
for tones above this level there appears to be some process equi~
valent to a running analysis of these signals along with a cross-

(z1)

correlation process. Sayers and Leskey have performed many

perception experiments with tones over a complete range of fre=-

1;8,



quencies and their results confirm the hypothesis that there are

two different mechanisms of perception. As mentioned previously,
the wavelength of the input tone is important; for wavelengths
close to or smaller than the spacing of the ears introduce ampli-
tude differences at the two ears of a single source and this in
itself, involves different mechanisms of perception. It was thus
felt that in order to simulate real life situations more accurately,

further work on aural perception should be done with transients.

2.5.3 Transient signals

Wide band transients, such as clicks, Qere used to produce
multiple images by stimulating the whole length of the basilar mem=
brane. These multiple images were set up as a result of a cross-
comparison between the neural activity originating in corresponding
areas of the two cochlea. It is known that the response of the
basilar membrane is frequency dependent and hence, stimilating
the membrane over a substantial part of its whole length makes it
very difficult for a listener to separate one image from another
and this causes difficulty in lateralization judgements. If the
transient is low pass filtered, however, it is possible to restrict
the area.of basilar membrane stimulation and hence to eliminate
most of the multiple images which are normally preseﬁf.

Toole(55)

By using transients, was able to demonstrate
clearly that the cross-comparison occurs from corresponding regions
of the basilar membrane. He fed transients, which were band pass
filtered at different frequencies, to each ear, making sure that

there was no frequency overlap between the signals. Under such

conditions, it became almost impossible for a listener to localize

a sound image, thus indicating that the information to one ear wés

49.
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not being compared with information tc the other. Yet, transients
filtered at the same frequencies were easily localized. The results
demonstrate that there is a cross-comparison between similar regioﬁs
of the membrane and though it is thought that a single nerve fibre
innervates more than one hair cell, responses cannot be compared

over completely different regions.

The experiments carried out in this paper use transients
filtered.at 2 KHz - the most convenient cut-off frequency at which
to work. It might also be mentioned at this stage, that there are
two possible ways of presenting a transient signal to the ears of
an observer. Depending upon whether a cophasic or antiphasic pre-
sentation is made, there will initially be either a positive or
negative pressure to stimulate the basilar membrane. A positive
pressure at the tympanic membrane stimulates the basilar membrane
in a downward fashion, known as a condensation click. On the
other hand, a negative pressure causes an upward displacement and
is called a rarefaction click. Previous work has shown that the
hair cells of the organ of corti fire during the rarefaction or
upward motion of the basilar membrane and this information suggests
several experimental configurations which vary according to the

properties of the auditory mechanism which are being studied.

Of course, this is necessarily but a brief review of acou-
stic signals; however, it suffices to serve as a point of orienta-
tion to the type of signals used in the aural perception experi-

ments to follow.



2.6 Discussion of ITD and IAD and their relation to
binaural fusion and cross-correlation

2.6.1 Introduction

The process through which sound vibrations are translated
into neural impulses and then coded in such a way as to enable a
listener to localize sound images is known as binaural fusion and
cross—correlation. This process occurs in the cochlea of each
ear, where a neural transduction process changes mechanical energy
into a neural signal, as well as in various centres along the audi-
tory pathway to the hearing centres in the brain. There is a neural
link-up between both ears at the superior olivéry nucleus, the
lateral lenmiscus, the inferior calliculus and in other centres of
the braiﬁ itself ~ all of which would indicate that a process of
‘comparison is involved. A consideration of the type of comparison
which is performed at the higher centres on the way to the brain
will be included in the following section along with a discussion
of previous work done on the factors which influence lateralization

judgements of sounds.

2.6.2 Inter-aural time differences and inter-aural-
amplitude differences

Most of the work in this area has been done b& Sayers

(53)

and Toole

(28)

and Monro « The first facts to be understood

process by Lynn(35)

were the effects of ITD on the peripheral neural activity and the

relation between ITD and a corresponding movement of the basilar

(17, 18)

membrane. Flanagan presented a mathematical model, follow-

(1)

ing the measurements of'Von Bekesy ~’, to describe the movements of

the basilar membrane when stimulated by an acoustic input. It is

51.

with more in depth studies of the neural transduction -



possible to present a binaural signal with an ITD and calculate the
response of each membrane. The differences in the displacements
can then be related to differences in neural firings and some mech-
anism proposed for interpreting the neural signals. Inter-aural
amplitude differenqgs were more difficult to relate to membrane
movement but it was known that a given time delay can compensate
for a corresponding amplitude shift. The concept of a time inten- -
sity trading ratio comes from this fact and this ratio is studied
to relate IAD to ITD and hence to determine the basilar membrane

response to IAD.

The translation of time and amplitude differences into
spatial co—ordinates indicated the need for a cross~comparison
mechanism which involved some form of time-to-space transformation.

(7

Sayers and Cherry proposed such a model, using a running cross~
correlation on the signals from the two ears with the assumption
that TAD and ITD are spatially mapped on to a conceptual surface.
(45) (53)

Sayers and Toole showed that the crossecomparison of neural
activity arises from corresponding parts of the cochlea and that
multiple images of filateral but essentially monaural origin can

be fused in this way. The images to which a listener attends are
associated with regions of the basilar membrane which show peaks

of response relative to neighbouring regions. When multiple images
of bilateral rather than binaural origin are encountered, more than
one peak is present along the basilar membrane. The brain is able
to attend to a lower peak, as it does when picking up a low sound
amidst many loud disturbances. However, this selective process is

still a mystery as is the efferent nerve mechanism in the ear which

might conceivably play an important role in the process.

52,
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2.6.3 A model of binaural fusion

(28)

Monro has taken the hypotheses of Sayers and Toole con-
cerning the cross-correlation and auto-correlation of the neural
signals formed from various acoustic inputs and, using recent physio-

logical advances, has postulated a model of binaural interaction.

The model consists of discovering the basilar membrane dise
placements to an acoustic input, translating the displacement to a .
neural response and correlating the response, thus enabling a pre-
sentation on a spatial diagram of the position of a sound image due
to a given ITD, IAD. The membrane response is determined using
Flanagan's model for basilar membrane displacement as well as models
of the oﬁter, inner, and middle ear responses. Most of the physio=-
logical data for this part of the model was documented by Von
Bekesy(l) in his experiments on cadavers. The next part of the
simulation involves the mechanical to neural transduction processe.
The majority of the physiological data for this part of the model
comes from the work of Kiang,who measured the spontaneous neural
activity to click stimuli in single afferent fibres in the auditory
nerves of cats. Taéﬂd?%as also reported on the response of single
units to tones and from both of their work a model of neural res—

"ponse to different stimuli can be postulated. In order that a
neural transduction model may be successful, certain requirements
must be met. At the least, the model must accurately describe the_x
probability of firing of an auditory nerve fibre for a click
stimlus in such a way as to correspond with physiological data.

lonro's model uses a combination of elements from the models of

bl (35) (48a)

Gray, Lynn to describe the probability of

, and Siebert

nerve cell firing and then extends this to a cross-correlation of
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the results in such a way as to predict the ITD, IAD effects on an

observer's judgements.

Many different acoustic input situations have been dis=-
cussed. Response to single clicks and click pairs have been investi-
gated and are well documented by Monro in his work. Parts of his
model will be applied to various acoustic inputs in spatial listen-
ing and the result compared with listener observations to see if '
the process of binaural fusion in spatial listening is the same as

that in headphone listening.
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CHAPTER 3

THEORETTICAL ANALYSIS OF SPATIAL LISTENING

3.1 Theoretical investigation for spatial listening

3+1e1 Introduction

The chapter which follows contains both a detailed theo-
retical framework and a simplified theoretical analysis of the
effect of room acoustics in spatial listening. In a closed room
of irregular shape, with various types of absorptive material, the
effect of echo, reverberation, and resonance on the acoustic input
signal must be considered; however, before proceeding to deal with

such factors, a few brief definitions would seem to be in order.

Echo is defined as a sound which has been reflected and is
perceived by the observer with such a magnitude and time delay
after the direct sound as to be distinguishable as a reflection of
it. The phenomenon is usually encountered whére sounds are reflec-
ted from surfaces a considerable distance away from the observer and
thus, while it is rare to find echoes in a small room, large audi-
toria, unless properly damped, have very noticeable echoes. Damping _
or absorption is the capacity of different materials to absorb, as’
opposed to reflect, the energy contained in sound waves. This is
achieved by both changing the sound energy to heat and by passing

the energy through the material.

Reverberation time is defined as the time it takes for a

sound to 'die down' 60 dB from its initial level. When the time



involved in this process is long in comparison tc the period of the
input signal, there is a great deal of overlap between sounds,
making it very difficult for a listener to localize a sound imagee.
Since in the present experiment, clicks have been presented to the
observer at a rate of 20 per second and the reverberafion time is

longer than 1/20 of a second, as is the case in most non-anechoic

rooms, the listener must use his ability to mask unwanted sound in

order to localize a single image.

3«ls2 Theoretical acoustics

In order to properly analyse the effec£ of high frequency
sounds in rooms, it becomes necessary to turn to a description of
acoustics in terms of acoustic rays and average intensities. This
field of study is called geometrical acoustics by Morse and

Ingard(36).

The first major assumption in this analysis is that the
room walls are sufficiently irregular in shape to produce a uniform
distribution of acoustic energy density w. On the basis of this
assumption, it is p;ssible to compute the pressure vaveform at a
point in the room a distance r from the origin; and it is necessary
to adopt a comﬁination of plane waves where direction is specified
by 8,1, with a pressure amplitude A(¥ /0\f), and intensity
A(1'/byf)2/§c . 'Therefore, the pressure at r may be described as-

a summation of all the contributing amplitudes.

2n s
P(r) = f a0 f ACr/o ) T8 i pany
o 7o

where k¥ .= a vector of magnitude w/c
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density of the medium

¢ = speed of sound in the medium.
Following from this, the mean energy density w(r) is:
n

2n '
wir) = 12 fde fA(r/GV)Z sinf ay
§e 0 0

and hence, the power per unit area perpendicular to the 8, Y/ axis

is:

25 n/2 -
I(r) = -S,—l-; Ofde szax(r/ey)2 cosy siny ay

Therefore, I = 1/4 cw where
W = mean energy density

I

power flux on any unit area in the room

and assuming uniform density.

To account for absorption by the walls of the room, the rate

of loss of acoustic energy is represented by al = 1/4 acw vhere

a = f[ a(rs)ds

a surface integral where a is the coefficient of absorption and a is

57.

the absorption of the room in Sabines. The total acoustic energy in .

a room is, therefore, vw where v is the volume of the room, vw =
4vI/c. The value of I(t), the sound intensity at time t, can be
calcuiated by rz2lating the rate of change of the intensity to the
power output of a sound source and the energy dissipation due to

absorptive properties.
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Thus L] -

a4 C(w (T(8))

T S = TI(t) - aI(%)

where II(t) power input by one or more sound sources .

al(t) = energy absorbed in the room

£
I(t) = -f;;r- mact/hv fe’“’t/"“’ 1I(t)at
0

is obtained by solving the above differential equation for time and
yields a relation which gives the intensity at any point in the room
as & function of output power. If the power oﬁtput is continuous,
as in pure tones, the intensity may be approximated by I = Ezéil
and if TI(t)> 10726 watt/on® by T = 10 log (%) + 90 dB. If, on
the other hand, the power input is not continuous, as with click
pulses, then the intensity will not follow the fluctuations in
powver output and thus, the sound which results is blurred. If

the sound is cut off at t = 0, the subsequent intensity is repre-

sented by I = IO e-aCt/hv an exponential of intensity versus time

with an intensity level of I'= 10 log T, + (90 - k.3t 9—%) aB.

This blurring effect is the property of reverberation which
is common to all rooms and is related to the fact that the intensity
level of a sound in the room does not drop to zero at the instant the
power is cut off. The length of time for a decay of 60 dB is used:
as a measure of the fidelity wifh which a room follows the transient

fluctuations in speaker output and is called the reverberation time

T.

T = .049-3 = —=0l9v the Sabine relationship where
a ZuéAs
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Z&SAS iz the total absorption of the room surfaces. It is impor-
tant to note that the reverberation time is different for different
frequencies and hence, a transient input, such as a click, which
covers the complete frequency spectrum, develops different decay
times for each frequency. This is another reason for filtering the
transient input; as filtering eliminates some of the decay overlap

and improves the listener's ability to localize an image.

The previous relationships are valid for rooms in which the
intensity of the sound is uniform; however, for a small sound source
such as a loudspeaker, the assumption of uniform energy density and
isotropy of power flux cannot be made. A new set of relationships
is developed for positions close to the sound source as well as for
positions far enough away as to approach the uniform intensity
situation., If the power output II is in watts, the distance"r'
from the source in feet, and the absorption 'a' in square feet,
then close to the sound source the intensity equals: (T = II/4000
nRa) and for r large the intensity may be related to the absorptive
properties of the room by: I = IT/1000a. In practice, however, the
sound intensity is not measured but is represented by obtaining the
mean-square pressure. In the case of sound intensity in only one
direction, in front of a sound source, the relation is Pims = fCI

Ja = density of the medium; while for intensity in sll directionms,

as at the back of a room, the mean square pressure is: Pims = QY'CI. )

Following the previous derivation, the intensity may be cal-
culated as a function of the power output and distance 'r', for
distances close to the source, as I = 10 log (II) - 20 log(r) +
49 @ for ro <: a/50 and in terms of power output amd absorption for

distances far away from the source.



I = 10 log (II) - 10 log (a) + 66 dB for 2 :> a/50

This has been a brief consideration of some of the relation=
ships which are derived from a mathematical description of sound
distribution in a room. It is by no means a complete discussion
of sound acoustics and only attempts to describe certain factors

most relevant to the consideration of room accustics.

3.2 Simplified theoretical discussion

3.2.1 Introduction

In order to thoroughly analyse the experimental situation
from a theoretical point of view, it'is necessary to approach the
problem from the theoretical framework of the previous section and
to calculate the resultant pressure waves formed at the ears of
the observer. From this calculation, it would then be possible to
relate the actual stimulation of the basilar membrane to the per=-
ception judgements of the listener. Howeve%, this calculation
becomes unnecessarily lengthy, since it is possible to record the
waveform with the use of microphones in a dummy head and obtain a
more accurate 'picture' of the actual situation. The latter method
has been used and the recorded signal digitised by an IBM 1800 com-
puter and averaged to eliminate noise. The resultant waveform was
plotted and compared to the input waveform, and then applied to a -
digital version of Monro's model of the auditory system. The model

results were then correlated with the listener's judgements.

A much simplified theoretical discussion of free space
listening is presented for the purpvose of clarifying certain basic

principles about the way in which sound combines. However, it is
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not to be considered as an accurate representation of the real situ-

ation; for it has been necessary to make many assumptions.

3.2¢2 Simplified analysis using pure tones -

Following Fig. 3.2, the case is presented of a paired sound
source with pure tones of low frequency and different amplitude.
This produces inter-aural amplitude differences at the ears of the -
observer. Assuming that there is neither echo nor reverberation,

the amplitude at the left ear is represented as:

SL = AL sin wt + BL sin w (t - Ta) where Ta =-§ sin ©

and 8 = angle of loudspeaker off the median plane

AL = amplitude of pulse from left speaker to the left

ear
BIl = amplitude of pulse from right speaker to the left
ear
BR = amplitude of pulse from right speaker to right ear
AR = amplitude of pulse from left speaker to right ear
t = time
w = input frequency
SL = total signal amplitude at left ear
SR = total signal amplitude at right ear

and re-~arranging the relation for SL it may be written in the form:

SIl :\//AE + BE + 2AﬁBL cos w Ta sin (¢t - TL)

‘where




748’

fa Sk

Figure 3.1. Experimental Arrangement

Figure 3.2. Cross Over of Sighals
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similarly at the right ear,

2 2 .
Sp ='V/ Ap + Bp + 2ApBy cos v Ta sin (t - TR)
assuning that AL=AR=a and BL = BR = B which is true for low
frequency sounds, then one can see that the amplitude of the signal

at each ear is equal and that each is independent of frequency. If

w Ta is small, then the time of arrival at the left ear

R T
L AL + BL
and at the right ear
A
R
T = .Ta
R AR + BR

Working out the difference for the resultant time delay

A -B
A+ B

T =T - T =( )T&

s R L
it can be observed that the original amplitude difference has pro-
duced at the observer's ears, not an amplitude difference, but
rather a time delay. Furthermore, it is possible to relate this
time delay to the time delay produced by an image at an angle « off

the median plane. Thus, -

22B8 no - o
a+Bv T v )
sin a = : : g sin 0 giving the required relationship.

Taking the case of an inter-aural time delay between the loud-

speakers Te but equal amplitude, the calculations of signal amplitude



6k,

are:

SL = AL sin (Wt) + BL sin (W(T - Ta - Te))
Sy = A sin (WE) + Bsin (W(T =T ~T))
a e =
SL = 2P sin W(t - Te/2 - Ta/2) cos W/Z(Ta + Te)
S. = 2P sin Wit - Te/2 - Ta/Z) cos w/z(Te - Ta.)

It can be seen that as a result of an initial time difference,
there is no time delay at the ears, as the time dependent terms are

equal; but that there is an amplitude difference.

cos W/2(P + T )
- e a S
L cos W/Z('l‘e - Taf T

Thus, the most important basic principle that can be obtained
from this simplified situation is that IAD signals produce time
differences at the ears of a listener; while ITD signals result in

amplitude differences.

3.3 Experimental method for analysing acoustic signals

3e3.1 Introduction

In the following section, consideration will be given to the
problem of how one can relate the output signal of a set of loud- -
speakers, in conjunction with the effects of room acoustics, to the~
input signal of the system. The input signal is produced by a pulse
generator which has the capacity to generate four separate pulses of
100 psec width and three volt amplitude at a rate of 20 pulse per
sece The pulses are filtered at 2 kHz and played througk two stereo

amplifiers to a pair of headphones and loudspeskers located as in
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Fige 3.3. Because of the crossover effect, see Fig. 3.2 the number
of signals reaching the ears of an observer is twice the number of
speakers and if one adds to this the effect of room acoustics and

reverberation, the resultant signal becomes very distorted.

The best method of approach to the above-mentioned problem
is to record the input signal from the pulse generator and the input
signal to the ear of an observer and then to compare the signals.

To do this, it was necessary to obtain a dummy head and a set of
suitably located

condenser microphones,through which the factors of head masking and

distortion might be investigated. The signals.thus obtained were

balanced and then fed to an amplifier which boosted the strength of

the signal to a level which would be acceptable to the analogue in-

put of an IBM 1800 computer.

One of the major concerns in this operation was to trigger
the computer and the pulse generator with the same trigger pulse
in order to assure the periocdicity of the recorded signal. In this
way, an averaging process could be performed by merely adding each
period of the signal to the previous sample and dividing by the
total number of samples. For this purpose, a clock pulse was used,
set at 10.24 kHz, as the trigger and sampling rate for the analogue
to digital conversion proéram on the 1800 computer. With the use
of a series of bistable circuits, the clock pulse was divided by
512 to yield the required 20 pulses per second to trigger the pulse
generator., Hence, both the computer and pulse generator are
triggered by the same pulse, thus ensuring that the recorded data

will be in phase with the periodic output of the pulse generator.
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. Pulse
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Generator
Computer
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Loud Speakers
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Microphones
Amplifier
Headphones

Figure 3.3. Hardware arrangement for digitizing
accoustic inputs to listening experiments.
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3.%.2 Practical methods of recording (Fig. 3.3)

In most instances of analogue to digital conversion the
normal procedure is to record the signals on a precision instrument
tape recorder and then to feed this signal into the computer; such
that there is no direct link between the computer and microphone
signal. However, the use of the tape recorder in the system adds
yet another source of noise, as well as the possibility of distor=-.
tion due to filtering, hence it was felt that a direct link between
the room in which experiments were being conducted and the computer
was necessary. Five coaxial cables were laid between the two rooms
and with the use of an intercom system, communication between the
computer operator and the listener became possible. The trigger
pulse from the clock was fed to the pulse generator down one of
the cables and the two microphone signals were sent up the cable
to be recorded directly by the computer. The computer was loaded
such that as soon as it started recording, the trigger pulse would
be sent to the pulse generator. The first 5 seconds of recording
were disregarded in order to allow the signal in the room to
stabilise. Blocks of data, 2400 words long, were recorded in the
computer at 512 samples per pulse. The digitised signal was then
averaged by adding 200 pulses together and continually finding a

new averagee

A table is presented in Fig. 3.4 of the various pulses o~
"that were recorded. It should be noted that there are two separate
categories, one of which takes into account.only headphone record=
ings where there is little distortion of the signal due to room

acoustics and crossover effects, while the other includes both loud-

speakers and headphones for ITD and IAD experiments. It can be seen
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TABLE OF RECORDED AND DIGITISED PULSES - 3.4

Experimental Series

Description of the experimental con-
figuration under which the acoustic
waveforms were recorded. All pairs
of pulses are cophasic,.

Inter Aural Time Delay
Experiments

Headphones with no ITD.
Headphones with 200 psec ITD.

Inter Aural Time Delay
Experiments

Loudspeakers with no ITD.
Loudspeakers with 300 psec ITD.

Inter Aural Time Delay
Experiments

Headphones with no ITD and a fixed
central image on the loudspeakers.

Headphones with 300 psec ITD and a
fixed central image on the loud-
speakers.

Inter Aural Time Delay
Experiments

Headphones with no ITD and a fixed
left image on the loudspeakers.

Headphones with a 300 psec ITD and
a fixed left image on the loud-
speakers.

—

—
-—

Inter Aural Amplitude
- Difference Experiments

Headphones with no IAD.
Headphones with 4 dB IAD.
Headphones with 12 dB IAD.

Inter Aural Amplitude
Difference Lxperiments

Headphones with no IAD, fixed
central image on loudspeakers.

Headphones with 4 dB IAD, fixed
central image on loudspeakers.

Headphones with 8 dB IAD, fixed
central image on loudspeakers.

Headphones with 12 dB TAD, fixed
central image on loudspesakers.

Inter Aural Amplitude
Difference Experiments

Headphones with no IAD, fixed left
image on loudspeakers.

Headphones with 4 dB JAD, fixed left
image on loudspeakers.

Headphones with 8 dB IAD, fixed left
image on loudspeakers.

Headphones with 12 dB IAD, fixed
left image on loudspeakers.
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Inter Aural Amplitude
Difference Experiments

Loudspeakers with no IAD.
Loudspeakers with 4 @B IAD.
Loudspeakers with 12 dB IAD.

Inter Aural Amplitude
Difference Experiments

Loudspeakers with no IAD, fixed
image on the headphones.

Loudspeakers with 4 dB IAD, fixed
central image on headphones.

Loudspeakers with 8 dB IAD, fixed
central image on headphones.

Loudspeakers with 12 dB IAD, fixed
central image on headphones.

Inter Aural Amplitude
Difference Experiments

Loudspeakers with no IAD, fixed left
image on headphones.

Loudspeakers with 4 dB IAD, fixed
left imags on headphones.

Loudspeakers with 8 dB IAD, fixed
left image on headphones.

Loudspeskers with 12 dB IAD, fixed
left image on headphones.
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by comparing Fig. 3.6 and Fig. 3.7 that there is a great deal of
difference between the two. The digitised version of a simple
square wave pulse filtered at 2KC is presented in Fig. 3.5 and it
is possible to compare the input to the system with the input to

the ears of the observer.

3e3+.3 Discussion of recorded signals

A discussion of the recorded signals involves two major

topicse. The first one, which will be postponed until later in the

70.

paper, deals with the application of Monro's model of binaural inter-

action to the signals recorded at the ears of fhe observer. An
analysis is made of the basilar membrane displacement produced by
this input, and a correlation is performed betweer the basilar mem-
brane displacements in each ear. From this correlation, it is
possible to produce contour plots on which are shown peaks of acti-
vity that one hypothesizes to correspond to images present in a
listener's field of perception. Multiple imasges are represented on
these contour plots and a comparison has been made between the
localization judgements of a listener and the image patterns pro-

duced by the physiological model.

The second of these topics is concerned with.the effect of
room acoustics on the signals. An investigation of this effect in-
volves a comparison of the time domain representation of the acou-.
stic signals to the original signal in order to isolate the changes
which have occurred followed by an investigation of the amplitude

spectra of the signals to determine the frequency components which

are present.

The square wave pulse generated by the pulse generator and
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filtered at 2 kHz was used as the input signal for the loudspeaker
system. TFig. 3.5 represents this pulse at the output of the pulse
generator and the amplitude spectra shows the 2 kHz cut—off.fre-
quency and demonstrates the way in which the complete frequency
spectrum up to 2 kHz is covered. Fig. 3.6 represents the signals
produced by the headphones for a pair of cophasic pulses, clearly
indicating that the headphones do not have exactly the same res-
ponses. The amplitude spectra again shows the 2 kHz cut-off fre=
quency, but the range of frequency components is not the same as
that for the click pulses, as it only covers the 1 to 2 kHz range.
Fig. 3.8 represents two headphone pulses delayéd 300 sec from each

othere.

Fig. 3.7 indicates that the introduction of loudspeaker
signals produces a much more complicated situation, although the
peak response remains fairly clear. It must be remembered that
reverberation causes overlap between signals and that the final
signal is the acoustic pressure waveform resulting from all possible
spatial factors. The amplitude spectra of the signals indicates
that there are many frequency components around 800 c.p.s. demon-
strating that the acoustics of the room have éreatly affected the
acoustic signal. This effect is well described by cqmparing the
amplitude spectra of the click pulse, the headphone pulse, and the

loudspeaker pulse.

In the situation where a combination of headphones and loud-
speaker is used, it is possible to see how the signals add alge-
braically with one another, Fig. 3.9. The amplitude spectra seems
to be dominated by the loudspeaker signal and displays areas of

greater and lesser activity up to the cut-off frequency of 2 kHz.
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From these signals, one is able to observe not only the effect of
room acoustics in changing the acoustic waveform but also the reson-

ance frequency which is most dominant in this particular room.

In the case of the IAD signals, plots are presented which
describe the acoustic waveform at each ear due to O and 12 dB ampli-
tude difference. From Figs. 3.10, 3.11l, 3.12, it is
possible to see the effect on the signal of a change in the ampli- A
tude. Since the two signals continue to interact with each other
before they are recorded, the change in one signal causes a change
in the other. From the combination of headphones and loudspeakers
comes the most complicated of waveforms, but, nonetheless, it is
still obvious that a summation of the two signals takes place.

The amplitude difference causes both a resultant amplitude and
time shift, as can be seen from the fact that ths shape as well as
the amplitude of the éurve changes for the O, 4 and 12 dB cases.
Leakey has demonstrated that for pure sine waves of low frequency,
an amplitude difference produces only a time difference at the
ears of the subject. However, a signal having many components
with a range of 2 kHz and affected by room acoustics, does not

follow this very simplified analysis.

3.4 Analysis of reverberation time

In order to gain some insight into the effect of reverber-
ation on a signal in a closed room, experiments were performed to
measure the reverberation time in one of the three rooms used.

The room is irregular in shape, see Fig. 3,16, with windows along

one wall, a blackboard covering part of the front wall, and plaster
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on the remaining wall space. The floor is vinyl on .concrete and .
the ceiling vault is covered by acoustic tiles. Given these con-
ditions, it is obvious that there will be a large reverberation
time constant and an asymmetrical arrangement of standing waves
for each of the various frequencies of sound present. To measure
the time it takes for a sound to decay 60 dB from its initial
level, a system similar to the one used for recording the acoustic

input to the ears of a listener was employed.

A condenser microphone was placed in the centre of the room
and connected to the computer in the same way as for the digitising
experiments, see Fig. 3.14. A sharp sound was made by striking two
blocks of wood together and the response of the room was recorded.
The exponential decay of the sound pressure waves in the room is
clearly seen in Fig. 3.13, and the time of deéay can be read
directly from the time scale on the plotted response. For this
particular room, with the above-mentioned absorptive properties
and dimensions, the reverberétion time was .7 seconds. If one
realises that the pulses are presented at a rate of 20 per second,
one can picture the resultant pressure wave as a combination of 14
pulses in various stages of decay; yet even under such conditions
the human auditory system is able to localize images and to mask

the unwanted noise and reflections.
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Figure( 3.13 ) A measure of the reverberation time
for one of the rooms used at Imperial
College. Shown above is the decaying
responce of the system to a sharp
sound produced by two blocks of wood
struck together. Total record is one
second showing re¥erberation time

of .7 seconds
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CHAPTER L

EXPERIMENTAT, PROCEDURE AND APPARATUS

4.1 Location and description of spatial listening experiments

L.1l.1 Introduction

The objective of this work has been to investigate the rela=-
tion between a listener's ability to localize sound in spatial situ-
ations and the known physiology of hearing. In order to obtain as
general a description of spatial listening as possible, three

spatial listening situations have been considered.

L.,1.2 The vartially anechoic room

The first room was used to investigate the similarities
between spatial and headphone listening, in terms of a listenef's
response and for this reason, a partially anechoic room, which
would eliminate many of the difficulties encountered in spaéial
listening, e.g., reverberation, etc., was chosen. This»room,
available at the National Westminster Hospital, was a close approx-
imation to an anechoic chamber - with the floor of the room covered
in a layer of rubber, and the walls and ceiling with acoustic tileé.
Thus, although the room was not a true amechoic chamber the rever-
beration time in it was far less than that in any of the other

rooms used.

Four subjects were tested each in four different positions

in the room, along the median line of the two loudspeakers, see

85.
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Fig. It.1, and their results compared to those of similar experiments
carried out by previous workers, in which headphones had been used.
Judgements made by a listener included both a lateral displacement
of the image from the centre and a component of elevation in order
that the sound envelope formed in each position might be determined.
As headphone listening produces only intra-cranial images, there is
no vertical displacement of the image and hence, this phenomenon
has no effect on the horizontal judgements of the listener. How=-
ever, this is not the case in spatial listening where it becomes
necessary to investigate whether or not the vertical displacement
of the sound image exercises an effeét on 1atefalization judge~-

ments.

L.1.3 Experimental procedure for the partially anechoic
chamber

A listener was asked to sit as quietly as possib;e, without
moving his head, and as soon as the image was perceived, to position
it as best he could on the wall in front of him, which was covered
with labeled squares, each having a horizontal as well as a vertical
identification mark. As soon as the subject made his judgeﬁent it
was recorded by a second person in the room. The test lasted
approximately forty minutes with 128 judgements being presented
each for a 20 second period, followed by a 4 second pause. The
click pulses of various time delays and amplitude differences were'’
pre-recorded on a Revox tape recorder (see section on generation of
the acoustic image), and the same series of pulses was played for
each experiment. The results of the sixteen interchannel time
delay experiments will be discussed at a later point when conclu-

sions with respect to the differences between headphone and spatial
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listening can be drawn.

One of the major problems with the room at the Westminster
Hospital stems from the need to use pre-recorded signals. As an
IBM 1800 computer was needed to process the signals and produce the
proper time delays, and since it was not possible to have a direct
link between the computer and the room, it was necessary to record
the signal. This process not only introduced excess noise into the‘
system, but also served to operate as a partial filter on the input
signal. Furthermore, despite the fact that judgements were often
made in less than 20 seconds, the subject was nonetheless forced to
listen to the remainder of the clicks, a situation which produced

unnecessary fatigue.

In order to improve upon such conditions two rooms were
obtained at Imperial College, where it was possible to run a set
of cables from the IBM computer to each of the rooms and thus to

eliminate the need for pre-recorded signals.

L.l.4 Normsl listening rooms

Two normal rooms were used in the Electrical Engineering
building at Imperial College. One room was used for two speaker
listening experiments in order to simulate the work done in the
partially anechoic chamber and to study any effects on a listener's
ability to localize sound that arises from an alteration in the ‘
spatial conditions. This room was rectangular in shape with windows
in one wall and plaster on all the others. Four subjects were
tested three times each, in an effort to determine the similarity

of localization ability vis-a-vis the results of the experiments

in the partially anechoic room.
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In the other room experiments were performed using a four
speaker system which enabled one to produce intra-cranial, as well
as extra-cranial, sound images. This room was asymmetrical and
had few sound absorptive properties as demonstrated by a rever-
beration time in the order of .7 seconds, see Fig. 3.13. Both of
these rooms were connected to the computer room by means of an
intercom system and the listener could communicate with the com-
puter operator. The listener was asked to sit in a chair with a
pair of headphones, located about three inches from his ears.

His head was held in place by metal bars and a cushioned headrest,
and he was asked to position the sound image aé soon as he had
perceived it by referring to numbered boxes drawn on a strip of
paper and suspended between the two loudspeakers. As he called
out the position of an image the computer operator would record
the judgement and a new sound image would be presented. (Discussion
of the presentation techniques of the acoustic image may be found
in the following section.) Along with the position judgement, the
time taken to make each judgement was automatically calculated by
the computer. This is another advantage of having the computer in
a direct link up with the room; for important information is
obtainable from the time versus accuracy of judgement curves that

can be derived from such a situation.

~.

Furthermore, as the input signal is sent directly from the.
computer to thé loudspeakers, the problems of pre~recording are
eliminated. The use of the computer as an on-line device also
allows for the immediate turn—-over of data, as the judgements are
recorded by the computer and stored immediately both on tape and

cards for future use.



4.2 Presentation of the acoustic signal (Fig. 4.2)

L.2.1 Apparatus: The pulse generator

The most important piece of apparatus used in the presen-
tation of the acoustic signal is a pulse generator designed §y_
M. Bertrand for use in headphone listening experiments. The con-
version of the apparatus for use in spatial listening is easily
accomplished and many of the same Fortran programs, with slight
alterations, may be used to present the acoustic signal. As separ-
ate pulses are needed for the four speaker configuration, it vas
necessary to use four separate pulse generators, as well as a clock
pulse, to trigger the pulses at the appropriaté time. The pulse
generator, designed for auditory work, consists of five output chan-
nels each with its own width, amplitude, and time control. There
are facilities for the use of an internal or external clock to
trigger the pulses and each pulse can be delayed in time from the
clock pulse or from each of the other pulses. A counter is used
to measure the time between a start and stop pulse and can be con-~
nected to each channel in turn. Divisions as fine as one psecond
can be obtained and delays as long as seconds can be produced if
necessary. The rate of firing and amplitude of the trigger pulse,
as well as the positive or negative triggering edge, can be varied;

and each pulse may be presented in a positive or negétive manner to
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obtain the cophasic and antiphasic pulses used in acoustic experi- = -

mentsea

The time delay of each signal is voltage controlled and
thus, it is possible to calibrate and derive a voltage time curve,
from which selected times can be fed to the pulse generator by

adjusting the voltage accordingly. After the curve has been cali-
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brated, it is stored by the computer and a random set of time delays
is derived from a random variable program. Each time delay is con=
verted to the required voltage and is displayed on a Vener counter.
Only one pulse is controlled by the computer; the others are fixed
at the start of the experiment, relative to the clock pulse or to

each other.

Connected to the pulse generator is a mixer which has the
capacity to combine two or more pulses and present them to the same
headphone or speaker output. As only one pulse is sent to each
speaker in spatial listening, no use is made of any facilities pro=-
vided by the mixer other than the relay switch which mutes the sig-

nal for the four second rest period between each image.

The signal then goes to an attenuator which varies from 1
to 60 dB attenuation in steps of 1 dB. The attenuator is used when
a constant intra-aural amplitude difference is required and the
setting remains the same for the duration of the experiment. From
the attenuator, the signal passes to an Allison ALZb variable
' filter, where it is filtered at the appropriate level. From the
work of éayers and Toole, it has been established that filtering
transients at 2 kHz is most effective for eliminating multiple
images which are formed when unfiltered transients stimulate the
couplete length of the basilar membrane. The pulse is then moni-
tored and set to the required level by adjusting the pulse amplitude

and the filter and finally, the pulses are matched to ensure that

each speaker is receiving the same input.

At the beginning of each experiment, a voltage time curve
is calculated and the pulses adjusted to the correct level. One

hundred and twenty-eight images are presented and the listener's
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judgements are recorded on tape, along with the time taken to make
the judgement and the time delay or amplitude difference between
the input signals. The data is punched on to cards and plotted ta
facilitate the analysis, see following section for discussion of

analysis techniques.

4.2.2 Design of a voltage controlled attenuator for
use in IAD experiments

To automate the intra-aural amplitude difference experie
ments, it was necessary to design a two-channel, voltage controlled
attenuator which would attenuate both channels to produce'the
necessary difference, while still maintaining the same overall inten-
sity level. A circuit diagram is presented of one channel of the
attenuator, in Fig. 4.3, along with a photograph of the circuit and
apparatus. A list of components and specifications is given in
Appendix A. A calibration curve is derived to relate voltage and
attenuation and the coefficients of the curve are stored by the com-
puter. Each chanmnel is calibrated separately due to possible
differences in the manufacture of the components used. A relay is
used along with the attenuator to provide the necessary four second
mute between images. The levels of attenuation are calculated such
that the image movement will cover the complete scale used in the
experiments{ for this purpose, a range from plus to minus 15 dB

was found to be most adequate.

4.2.3 Loudspeakers and amplifiers

Whether the experiment involves time delay or amplitude
difference, the signals are fed to the same pieces of equipment

for amplification and presentation. In the two loudspeaker experi=
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ments, a Radford SCA 20 amplifier was used along with two matched
Radford Beaumond speakers. In the four speaker experiments, how=-
ever, a second Radford amplifier was not available and in its place
the built-in amplifiers of the Revox tape recorder model 77a were
used as well as a pair of Sharp H-A1O headphones, which were dis=-
mantled and used as loudspeakers placed three inches from the ears
of the subject. For further reference, specifications on each

piece of equipment can be found in Appendix A.

L.3 Exverimental vrocedure for time delay and amplitude
difference exneriments

h.3.1 Inter-aural time delay experiments

This type of experiment is conducted in order to determine
the ability of a listener to localize sound images formed in spatial
listening vhen time delays are introduced between the input signals.
The results of this experiment are compared with the results of a
model analysis on the input signal and a relationship is derived

between the perception of sound and the physiology of hearing.

The first set of experiments consisted of two loudspeaker
experiments, performed in the partially anechoic room at the
National Westminster Hospital. Investigations were carried out
using signals filtered at 1 kHz and band pass filtered between one
and three klz. On the basis of the results obtained in both of
these experimenté, it was decided to test the 2 kHz filtered pulses
and it was ultimately established that filtering clicks at 2 kHz
yielded the most consistent results. Four different positions were
tested, see Fig. 4.1, and the effect of position change on judge~

ment accuracy was observed.



When the four speaker configuration was used, it was
necessary to delay the time of arrival of the headphone image by
eight seconds in order to ensure uniform arrival time of the acou-
stic signal at the listener's ear. The eight second value.was
determined both from the geometry of the experimental configuration
and from the judgements of five listeners. These listeners were

.asked to judge the point at which a central image on the headphones
and the one formed by the loudspeakers fused. The centrsl image on
the headphones was moved about in time, with respect to the loud-
speaker image, until a satisfactory result was obtained. The five
judgements were then averaged and once again aﬁ elght second time
delay between the signal to the headphones and from the loudspeakers

appeared to be the one required.

Since the headphones were placed only three inches from
the ears of the observer, they produced inter-cranial images;
whereas the loudspeakers,on the other hand, produced external ones.
The use of more than one sound image in a localization experiment,
serves to provide information about the nature of the fusion process
which occurs in such a situation and in order to investigate this
process, variations of the experiment using more than one sound
image were attempted. Thus, a moving image was introduced to the

headphones and a fixed central image to the loudspeakers; while

these images were produced by signals with the same characteristics,
the frequenc& response of the loudspeakers and headphones differed,

thus producing sound images with’different tonal qualities.

Fixed loudspeaker images on the left were achieved by intro-
ducing a 600 psecond delay between the signals, completely shifting

the image to one side of the listener's field of perception. The

96.
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time delays used in all the experiments varied between plus and
minus 600 psecond since it had been previously established that
this range was sufficient to cover all possible positions on a
scale suspended between the two loudspeakers,

Before each experiment, the subject was presgnted witﬁ a set of
sample judgements which had been specifically selected to cover
the listener's entire field of perception in order to facilitate
the formation of a mental reference table. Once the listener felt
confident that his field had been scaled to match the numbered

vositions displayed, the experiment began.

The amplitude of each pulse was fixed at three volts and
before each experiment all signals were checked on the oscilloscope

to see that they matched each other in amplitude as well as shape.

Five subjects were asked to indicate a comfortable listening
level and their results were averaged to obtain the value at which
the amplifiers should be kept throughout the experiments. Once the
experimental parameters were determined for each of the three
listening rooms they were kept constant, thus ensuring the repro-
ducibility and ease of comparison one peeds for physiological.

experimentse.

Because the room used at Imperial College was not symmetrical
and had a cavity in one cornmer, one set of ITD results is repeated,
see Fig.3.16; that is, the ITD experiment was done twice, once with
the subject facing the cavity and again with the cavity behind the

subject.

Le3.2 Method of judgement pcsitioning

The subject was asked to position the sound images he per-~
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ceived in space as opposed to centring the image, which is a common
technique of judgement anslysis used in headphone experiments. The
main advantage of centring experiments lies in the ease with which
one can judge the centre of one's field of perception as opposed to
the comparatively more difficult task of discriminating between the
rightness or leftness of an image. This accounts for the greater
reproducibility of centring experiment results from subject to
subject. The difficulty, however, in adopting the centring tech-
nique for spatial listening becomes evident when one considers that
miltiple images are formed as a result of reverberation such that
should a subject have to listen to these images for any length of
timé, it would become very difficult for him to position the primary
image. In genéral, a subject, presented with a series of clicks,
will be able to position the image in spéce almost immediately as
a result of the dynamic nature of the initial presentation; for

the auditory system tends to focus on a moving image more easily
than it does on a stationary one. Once the image has been fixed
in one place for a few seconds, the subject finds it more difficult
to judge its position. A measurement was made of the length of
time taken by a subject to make each judgement and a relationship
was derived from the difference between the deviation of each
judgement from the computed average and the time taken to make

that judgement. (See following section for full description of
these results.) It can be seen from Fig. 5.6 , that as the time
taken to make a judgement increases so, too, does the standard
deviation and hence that attempting a centring technique can only

lead to a wider range of results in spatial listening.

. All subjects were asked to give the position of the first
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image they perceived as opposed to any subsequent ones that might
appear. This technique serves to prevent fatigue and confuéion in
the listener by shortening the length of presentation time of the
acoustic signal. Finally, the four second rest period after each
judgement allows the subject to reorient himself for the next series'

'of pulses.

he3e3 Inter-aural amplitude difference experiments

Since sound images can be moved across a listener's field
of perception by altering the amplitude as well as the time between
the input signals, it was decided to investigafe the effect of
amplitude difference on localization ability. It is known that for .
a particular acoustic signal there exists a specific amplitude
difference which will produce the same displacement of the sound

image. This is the trading ratio between time and amplitude.

The need to produce an amplitude difference between the
two signals while still keeping the overall intensity constant made
the design of a two channel voltage controlled attenuator necessarye.
An amplitude difference was randomly selected and then the ampli-
and A_ were selected such that A 2,02 - a constant.

1 2 1 2
Once the amplitude level for each channel was calculated, the equi-

tudes A

valent voltage was selected from the voltage versus amplitude
calibration curve. The experimental procedure for this type of
experiment was identical to the ITD experiments and the results
_were recorded in the same way. The series of TAD experiments cone
sisted of seven sessions for each of four subjects and the experi-

ments consisted of the following:

(a) IAD experiment using a pair of Koss electrostatic



(b)

(c)

(a)

(e)

(£)

(g)

headphones to establish a base against which to compare
other judgements. The image moving on the headphones.
IAD experiment using a pair of Sharp HA-10 headphones
acting as a pair of speakers placed 3 inches from the
ears of the subject. The sound image moving on the
headphones.

JAD experiment using headphones as speakers with a
central image on a pair of loudspeakers. The sound
image moving on the headphones.

IAD experiment using headphones as speakers with a
fixed image on the left from a pair ofiloudspeakers.
The sound image moving on the headphones.

JAD experiment with a moving sound image on a pair of
loudspeakers.

IAD experiment with a moving sound image on a pair of
loudspeakers and a fixed central image on a pair of
headphones acting as speakers.

JAD experiment with a moving image on a pair of loud-
speakers with a fixed image on the left from a pair of

headphones acting as speakers.

100.

In all, 28 experiments were carried out with a variable ampli-

tude difference between the input signals forming the moving images.

By using a four speaker system, it was possible to reproduce the
effect of multiple images on a listener's localization ability and

to illustrate that beyond a certain point, the interaction between

sounds is so great that it becomes extremely difficult to concentrate

on any one specific image.
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L.t Discussion of the Bekesy audiometric test for determining
a listener's sound threshold level

The experiments performed in this work were done with four
subjects, all of whom had had their hearing thresholds measured at
the Nuffield Institute, London, The test performed was the standard
Bekesy audiometric test, in which a listener is presented with a
pure tone and is asked to indicate the point at which he just per-
ceives the presence of a sound. As soon as he chooses the appro- |
priate level a new frequency is selected and the process is repeated
through a complete range of frequencies. All the results are
related to a standard level, zero dBs, established from the norm of
a’large population. The sound level, above and below the norm, at
which a subject perceives the sound is recorded and it is possible
to determine whether a subject's hearing is more or less sensitive
at various frequencies than that of the average person. There is
a tendency to lose one's ability to perceive high frequency sounds
as one gets older, but all the subjects used in the experiments
were between 23 and 32 years of age and all showed normal hearing
at all frequencies. Plots of the sound threshold for each subject
are presented in Fig. L.4, and it can be clearly seen from the
graphs that none of the subjects shows any loss of hearing along
the basilar membrane. The final sound level at which the images
were presented was determined by computing an average comfortable
level for all subjects and this level was then kept constant through;\

out the experiments.
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CHAPTER 5

ANALYSIS TECHNIQUES FOR EXPERIMENTAL DATA

5.1 Introduction

The purpose of this work is to extend understanding éf
sound localization and to relate its features to the physiolog@Cal
mechanisms thought to be involved. Consequently, it is advantage-
ous to present the results of auditory experiments in such a way
that common features can be emphasised. For this reason the
results obtained are presented as averaged over all the subjects
involved. The analysis of the results is reported here in two
ma jor sections. The first section discusses the results obtaiped
from subjects in binaural localization experiments, in which case
statistical analysis is used to enable comparison of resultg from
different experiments. The second section presents a different
method of analysis, which examines in frequency terms the response
of the auditory mechanism to various acoustic inputs, and attempts
to relate the physiological evidence to the subject's localization
performance. To accomplish this, a computer simulation of the
basilar membrane and other parts of the peripheral auditory mech— ‘
anism is used to produce simulated images in a representation of

the listener's auditory field.

These methods of approach enable comparisons to be made
between the available physiological data, as used in the model of

the auditory system, and the actual experimental response of the
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subject to various acoustic inputs. The model analyses the acoustic
input and predicts the location of the sound image, while the sub-
ject listens to the sound image and locates it in space. This
approach indicates that the available physiological data is suffi=~
cient to account for perception in spatial listening situations in
the same way as it explains perception in headphone listening situ-

ationse.

5.2 Statistical analysis of binaural listening judgements

The first method of analysis discussed in the introduction
involves data obtained from sixty binaural localization experiments
using four different subjects, two naive and two who had previous
experience in binaural listening experiments. As each subject per-
forﬁed the same experiment, it was a simple matter to average all
the results from similar experiments and hence to produce a curve
consisting of 512 judgements instead of 128. The averaged curves
were then used in comparing the results of one expefimental situ-

ation to another.

Bach experiment consisted of 128 judgements in which the
listener was presented with various combinations of acoustic wave=
forms with interaural time delays ranging between -600 and +600
microseconds and interaural amplitude differences between =15 and
+15 dB. The subject was asked to position the acoustic image in
relation to a scale ranging from -5 on his extreme left to +5 on
the extreme right, with zero corresponding to a centred image and
the following data was recorded for each judgement: time delay or

amplitude difference of the acoustic input signals, the Judged
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position of the binaural sound image, and the time taken to make

each judgement.

The first step in the analysis consisted of plotting the 128
judgement positions against the time delay or amplitude difference
of the input signals in the form of a scattergram, Fig.5.la. This
type of plot presents an overall picture of the judgement positions
as a function of the acoustic input parameters and any relations

present are readily displayed.

To determine whether there is any relation between the
judgements and the acoustic inputs in terms of the judgement distri-
bution, a histogram of judgements is plotted, Fig.5.lb. This is a
graph which shows the number of judgements made at each image posie-
tion. Recalling that the input time delays and amplitude differ-
ences were randomly selected to present a uniform distribution of
samples over the entire range, it is possible to determine from the
histogram of judgement positions whether large deviations from a
uniform distribution of results is present. If a particular judge-
ment position is favoured, it is assumed that this can be attributed

to the interactions that occur between the acoustic signals due to

the room acoustics.

From the histograms, it was possible to investigate whether
there was any correlatior between the different results for an indi- __
vidual subject and between the results of different subjects during
the same experiment. The existence of a correlation was indicated
by applying a chi-squared (X2) test to the series of histograms and
referring the results to a set of‘)C tables. _The results of this

. Linvestigation were not conclusive and hence no further use was made of

this technl
oFter to racilitate 1nterpr°tat*on of the scattergraphs

in a more detailed way, the data can be presented in a more compact
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form. This was achieved by dividing the input scale into twelve
bins corresponding to either 100 microseconds per bin in ITD experi-
ments or 2.5 dB per bin in IAD experiments, and calculating.the
arithmetic mean of position judgements for each bin, along with

the arithmetic mean of the acoustic input in each bin. A graph was
then plotted of averaged position versus averaged input for the
twelve groupings, see Fig. 5.16. To determine the deviation between
the averaged value of the judgement position in & bin and the judge~
ments from which the average was formed, as well as to take into
account the number of judgements used to produce each average, a
confidence limit curve was computed using the student T test. The
95 per cent confidence limit was plotted and this curve indicates
that 95 per cent of all position judgements for a particular bin
can be expected to lie within the boundaries of the curve. A come
parison of the results from each experiment is now possible and

the effect different acoustic configurations have on both the

averaged curve and the accuracy of judgement is clearly observed.

5.3 Model analysis of the acoustic input signals used in
spatial listening experiments

5e3.1 Introduction

The second approach to the analysis of the experimental data‘
uses a physioiogical model of the peripheral auditory mechanism to
predict the position of an image to a given acoustic input. For
this purpose, a simulation of the 1istener's-auditory mechanism
was developed; the same acoustic signals used in the experiments
were then applied to the model and the image position determined.

At this point, a comparison was carried out between the actual -
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judgement position and the position predicted by the model analysis
to see if the model adequately described spatial listening situe

ationse.

The model used in this work was a modified version of Flana-

(28)

gan's model, presented by Monro s, of the mechanical response of

the peripheral auditory system. The particular implementation used
here calculates the ti&e response of the basilar membrane in each of
a subject's ears to any repetitive acoustic waveform by a frequency

domain manipulation using the frequency response of the basilar

membrane as derived by Flanagan from Von Bekesy's measurements.

(48)

Sayers in his work on binaural interaction, postulated
that a form of running cross-correlation could describe the inter-
action which takes place between the inputs to each ear in order
to position a sound image. This is a cross comparison of the neural
activity generated in the organ of corti in each ear and is believed
to take place largely in the superior olivary complex. A represen-
tation of neural response can be obtained from basilar membrane
response and a cross~correlation of the rectified membrane response
would provide much of the same information as does cross-correlating
the neural response. This follows from Kiang's results, in which it
is clear that neural firings occur only during rarefaction motions

of the basilar membrane, and hence each rarefaction displacement is

1/
!

represented in the neural response of the organ of corti. This indi
cates that a cross-correlation of one direction of membrane dise
placement will display the same time information as would a cross
comparison of the neural response from each ear. There is, however,
no clear cut relation between the amplitude of displacement along

the membrane and the strength of the neural firing and the factors
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involved in this relation must be investigated at the neural level
where information of both a monaural and binaural nature is com=

bined to enable localization of amplitude difference signals.

Thus to predict the location of a sound image, it is neces-
sary to determine the displacement of the basilar membranes and then

to cross-correlate these membrane displacements.

Contour plots are used to present the basilar membrane dis-
placements and the cross-correlation function calculated from these
displacements, see I'ig. 5.2 . These plots represent levels of
equal basilar membrane displacement and display the levels as a
function of time at the appropriate place frequency. The input
signals have a period of fifty milliseconds and the membrane res-
ponse plotted covers this period. The real time scale is repre-
sented on the x axis, and the y axis describes the place frequency
at which the membrane displacement occurs. Points on this axis
were spaced logarithmically since place frequencies are distributed
logarithmically as a function of distance down the membrane. The
high frequency loci occur at the basal end and the low frequency
places, physically much more spread out, toward the apex of the
cochlea. Only positive displacements are represented in the basilar
membrane. In the contour plots of the cross-correlated signals only
positive components are present because only positive displacements

were used in the correlation operation.

5.3.2 The frequency response of the outer ear

The outer ear response is represented by the transfer

function:
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P(s) _ 1
S(s) =~ (s - 1000n + 3j7875%) (s - 1000% - 37875m)
where S(s) = laplace transform of the sound pressure waveform

in air.

P(s)

1

Laplace transform of resulting pressure at the

eardrume.

This was derived by Monro from Bekesy's results and the

investigations of Weiner and Ross.

5.3.3 The frequency response of the middle ear

The middle ear response is represented by the transfer

function:

X(s) _ 1/(s + a)((s +.a)2 + 1)

P(s) :
where P(s) = ILaplace transform of pressure at the eardrum.
X(s) = laplace transform of the resulting displacement
of the stapes footplate.
b =

2a = 2% x 1500 radians/second.

This was derived from the results of Bekesy, Zwislocki and
Moller with the main emphasis on the results of Zwislocki, who made
measurements of the impedance of the tympanic membrane and inferred
an electrical analogue of the middle ear response from which he

derived the response of the middle ear.

5¢3.4 The frequency response of the inner ear

The results of Von Bekesy's work in measuring the inner ear

responses in cadavers were used by Flanagan to derive the following

111.
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transfer function for the response of the basilar membrane to stape=

adal volume displacement:

) _ gk (2000m 31)0'8 < o=3™ s/liBy
X(s) 11 (B, + 2000m)°°° & + B ((s + 02+ Bl)2
where Y(s) = Laplace transform of basilar membrane
‘ displacement.
x(s) = Laplace transform of stapeadal volume
displacement.
B1 = 2a = place frequency in radians per second
e"3 sn/LBy = The time delay'to fit the travelling
wave characteristics. This relation
shows that the time delays vary as a
function of place frequency
Cl = A constant term used to form an

absolute measurement of the displace=

ment.

0.8
(2000% B.)) = A gain correction to fit Bekesy's

"1 (8, + 2000m)°-°
1 observations of the ratio of stape~

adal volume displacement to peak

displacement of the basilar membrane.

As a result of the fact that the time delays.for the frequency
response of the inner ear vary as a function of place frequency, it is
necessary to determine the response at various loci along the membrane
and to choose an adequate number of places to be representative of the

membrane's movement.
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5.4 Computer techniques used in the implementation
of Flanagen's model

An IBM 1800 data acquisition computer, programmed in Fortran,
was used tp process the acoustic data, calculate the basilar membrane
response, and then plot the required contours. Because of thé’
limited core size of the 1800 computer the program used to perform
these functions had to be divided into stages and the intermediate .

information stored on tape.

The basilar membrane response is calculated using Flanagan's .

model and with the addition of the outer ear response the movement

of the membrane due to the sound pressure waveform in air can be
calculated. To obtain the sound pressure waveforms in a form come
patible with computer manipulation, the signals were recorded using
microphones located in a dummy head at the same position the

listener occupied during the experiments. The recorded signals

were sampled into the 1800 computer and the sample values punched

on computer cards for convenient processing.

The acoustic signals used in the experiments were sampled
at a rate of 10.24 kHz. This rate was chosen so that 512 samples
completely described one period, fifty milliseconds, of the input
waveform. In order to work conveniently with this signal, it was
decided to transform it into the frequency domain, as- the model
of basilar membrane displacement was presented in frequency terms .
by Flanagan. To do this the Cooley-Tukey Fast Fourier algorithm

(29)

as implemented by Monro was used. This algorithm takes a
signal, sampled say at 512 points in the time domain, and effici=-
ently transforms the signal into the frequency domain where the

frequency spectrum of the signal is presented. Since it takes a

minimum of two samples per cycle to represent a frequency component,



and since the input signal was sampled at 10.24 kHz, the highest

frequency represented in the spectrum is 5.12 kHz.

The frequency response of the basilar membrane was also cal=-
culated for 256 frequencies over a range of 5.12 kHz to coincide
with the frequencies derived from the transforms of the acoustic
signals. Complex multiplication of the signal spectrum with the
frequency response leads to the spectrum of the predicted basilar
membrane displacement waveform. To take this signal back to the
time domain, it was necessary that the form in which the complex
spectrum is stored in computer core was compatible with the require-
ments of the Fast Fourier algorithm. A mirrorlimage of the 256
spectral values (real and imaginary) had to be formed about the
257th harmonic, and the signal then inverse transformed. This
exercise was carried out for each of the 46 place frequencies along
the membrane and an array of 512 by 46 signal values representing
basilar membrane displacements at 46 loci, was stored on tape. Thq
place frequencies were chosen, using the formula 15000/K where K
varied between 5 and 50 to give a range of place frequencies between

300 and 3000 CeDeSe

To display the displacement pattern of the basilar membrane
in time and then be able to locate the position on the membrane and
the time at which maximum displacement occurs, necessitated the use
of a contour plot which enables one to display three parameters in\:
a two-dimensional representation. Only the positive or rarefaction
part of the displacement was plotted as only positive displacements
of the basilar membrane produce neural firings. TFive levels were
contoured, equally spaced from the maximum displacement, and the

point on the plot which displays five levels is the point at which

114,



the maximum displacement occurred. It must be remembered that
this is not necessarily the point at which an image will form as
it is necessary to combine the information from both basilar mem-
branes before it is possible to determine where the sound imgge
will be located. This combination of information is achieved by
performing a cross-correlation of the positive displacements of
both membranes and then determining the centre of gravity of the
correlated signal, in order to assess the point in time of maximum

overall correlation.

5.5 The procedure followed for developing the contour plots
of the cross—correlated signals

(a) The acoustic signal to each ear was recorded digitised
at 10.24 kHz on to a digital magnetic tape, and the data
later punched on data cards.

(b) The basilar membrane frequency response was computed for
L6 place frequencies, along the membrane, using Flanagan's
model and the results were stored on digital tape.

(¢) The acoustic input signal was transformed using FFT into
the frequency domain and multiplied by the membrane res-
ponse and the result was transformed back to the time
domain to give the computed basilar membrane displacement
and stored on tape.

(d) The computed membrane displacements due to the input sig-
nal were then read on to disc and a contour plot made of
equal levels of basilér membrane displacement.

(e) The response of the positive components of the basilar

membrane at each ear due to the acoustic input in the

115.
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listening room was cross-—correlated and the results of
the correlation stored on tape.

() The cross-correlation functions were then transferred from
tape to disc and plotted, using the XY plotted with tpe,

e

analogue output channels.

5.6 Cross—correlation of basilar membrane response

The ability to localize sound and accurately position it in
space is attributed to the binaural nature of human auditory per-
ception. The interaction of the information réceived by a listener's
two ears enables him to determine the properties of a sound source.
Sayerscug) and others established that binaural images arise as a
result of interactions of neural activity emanating only from
corresponding regions of the left and right cochleae. The most
peripheral region of the brain involved appears to be the Superior
Olivary Complex and many workers have reported the sensitivity of
the cells in this region to time and amplitude differences in the
acoustic stimulus. Some form of cross-—comparison is necessary to
obtain any meaningful information from two sets of stimuli and
it is possibly this type of process, a cross-correlation of the
neural activity from both cochleae, that enables a squect to
position a sound image. : T~

In that there is a relation between the rectified membrane
displacement and neural activity, a cross-correlation is performed
on the positive components of the displacement and then the correl-
ation is investigated to determine what information is available to

help a subject localize a sound image. To perform this exercise,
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use was made of Monro‘s(39> Fast Fourier program to transform the
membrane displacements into the frequency domain, whence a complex
multiplication between omne épectrum and the conjugate of the other
produces the spectrum of the cross-correlated signal. Performing
the inverse transform of this spectrum, results in the cross-
correlation signal of the basilar membrane displacements. It must
be remembered that the basilar membrane displacement is computed
for 46 different place frequencies and that it is the corresponding
place frequency displacements which are correlated. The correl=-
ation results are presented in contour form, covering four millie
seconds of the complete 50 millisecond period about the T = 0
position, as images outside this range could not be fused by the
subject, and are, therefore, not of interest. Plots are also made
of the cross~correlation at individual basilar membrane place fre-
quencies to see if there is any change between the correlations

over the frequency range of maximum activity. The centre of gravity
of the weighted correlation of individual place frequencies was cal=-

culated to obtain the most likely point at which an image will

appear.

A weighting function was introduced to the correlation
function to account for the effect of amplitude difference signalse.
As mentioned previously in this chapter, Kiang(zga) ﬁas shown that
a relation exists between the rarefaction motion of the basilar mem;\*
brane and the neural response of cells in the organ of corti, in that
they both have the same time representation. Thus inter{f"raural
time delayed signals, which produce small amplitude differences, can

be analysed by cross-correlating the positive response of both basi-

lar membranes. Inter aural amplitude difference signals, however,



can not be analysed simply by looking at a cross-correlation of
basilar membrane response as this can oﬁly display time shifts and
will not indiéate any differences in the amplitude response of the
membrane. d4ero displacement of one ear and a large displacemegt
of the other produces a zero correlation; yet an image is fo;med
at the ear with the signal, thus indicating that monaural, as well
as binaural processes, are involved in localizing images with
amplitude differences. Hence, to simulate the process of the
higher centres in a very elementary fashion, a weighting function
is proposed, varying with amplitude difference, which when applied
to the cross-correlation of basilar membrane displacements, des-

cribes the movement of the sound image and enables one to predict

the position of the sound image from a given acoustic input.

5.7 Analvsis of the time taken to perform a localization
judrement versus the mean deviation of the judgement
for ITD and TAD experiments

5.7.1 Introduction

In this section, it is shown that there is a correlation
between the time taken by a subject to make and report a particular
judgement and the deviation of that judgement from the arithmetic
mean of the ensemble of his judgements. This type of analysis was
made possible through the use of the 1800 computer in which the
time taken by a subject to perform a localization judgement was
automatically recorded. This time measurement includes perception
and neural processing of the acoustic signal in addition to the

time taken to physically record the judgement.

The listener performs his judgement by choosing a position

118.
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for the apparent sound location which varies from =5 to +5 on a
scale in front of him. The input ITDs and IADs vary from =600 to
+600 microseconds and =15 to +15 dB respectively and once the judge-
ment times and positions have been recorded, it is a simple matter
to divide the judgements into twelve bins (chosen for convenience)
according to the input time delays or amplitude differences. That
is, a group Bf judgements in an ITD experiment will include all
judgement values whose acoustic input delay were between say =600
and -500 microseconds. Hence, in each of the twelve groups, there
is a series of judgement values from which the arithmetic mean is
extracted. The mean deviation is then calculated for each judgement

value in this group using the formula:

N
mean deviation = 2:'IX - il = X= X = X=X
j N
=1
where X = the arithmetic mean and Xj - X is the absolute value

of the deviation of Xj from X. In this case N = 1 and the mean of
each individual judgement in the group is computed. Once this is
done, all the judgements over each of the twleve groupings which
took one second to perform are combined and the arithmetic mean of
all the computed mean deviations is calculated from this new group
of samples. Tﬁe 'two second' case is then conmsidered and so forth
until judgements taking as long as six seconds are investigated. T
This represents the way in which the 128 judgement values in a |
single experiment are analysed to determine the relation between
the time taken to perform a localization judgement and the mean
deviation of that judgement. A set of six judgement times and six
deviations are computed from each experiment and each of the 28 IAD

experiments are analysed in this way. The results from all the
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experiments are then averaged and a graph plotted which represents
the judgement times versus the averaged deviations. This procedure
is repeated for the 19 ITD experiments and the results presented in

a sinilar mamnner. Fige 5.5, represents the curves obtained from

-~

this work.

572 Results of the time versus standard deviation analysis-

Following the graphs of Fig. 5.6, it is possible to see that
the curves in both the ITD and IAD results are similar in shape
which would indiccte that the same mechanisms of auditory perception
and judgement are being employed. As the time.increases from zero
to six seconds the average standard deviation of the judgements
increases indicating a loss in accuracy of localization as the time
from the initial presentation of the sound image increases. The
ITD experiments show a marked increase in deviation between one and
three seconds into the judgement time with a levelling off of the
rate of increase from three to six seconds. The IAD results show
a similar pattern, with an increase in judgement error up to the
three second point though not as marked as the increase for the
ITD results, after which a levelling off takes place. Within the
first three seconds, then, it is clear that the longer it takes to

make a Jjudgement the greater the likelihood of error;

The deviation reported is given as the number of bins the_-
subject is off from the average value of judgements for that parti-
cular range of input delays. As both sets of results, ITD and IAD,
are plotted on the same scale of bins it is possible to compare the
deviations found in each set of results. The deviations in IAD

range between 2.5 and 3.4 bins off the average while the ITD results

vary from l.4 to 3 bins deviation. The range is larger for the ITD
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results but overall deviation smaller than for the IAD results.

The averaging was done with four subjects doing five sets of ITD
results and seven sets of IAD results making a total number of 2560
ITD and 3584 IAD judgements. These figures indicate the reproduc-
ibility of the results as well as the weight one can give to the

conclusions.

5.7.5 Discussion of results and conclusions

The information that is available from these analyses leads
to the conclusion that judgements made almost immediately, in terms
of the time taken to localize an image and cali out the judgement,
are more accurate than those on which a subject hesitates. This
supports the discussion in the previous section concerning the

methods used to judge the input data and further indicates that
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centring judgements for free field listening are less accurate than -

direct localization judgements since the increased amount of listen-
ing time serves only to introduce a more complicated acoustic signal

and to decrease the subject's accuracy of judgement.

It is noticed that a maximum deviation is reached in judgement

fﬂregults and -that after a certain time Ehere is no increaéé,iﬁ'the

mean deviation as the time to perform a localization judgement increases.

The peak mean deviation and levelling off time are identical for
the ITD and IAD results indicating that the learning process is

similar for the two types of signal, and so the judgement accuracy
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is dependent upon the type of experiment being performed. The latter
is clearly demonstrated by the large differences in the mean devi-
ation between the ITD and TAD results, a fact which leads ocne to
conclude that it is far easier to localize input signals having time
differences than it is to localize those same input signals with
only an amplitude difference. These results serve to quantitatively
support the observations of many workers in the field of auditory
research, concerning the increased difficulty encountered in judging
amplitude differences as opposed to time differences, Toole,53
Bertrand.5 The results also suggest that there is more than one type
of hearing analysis involved and that though the process of neural
transmission to the higher centres must be the same, the nature of
the information to be analysed is determined through a cross-
correlation process. This proves to be the case as a weighting
function has to be introduced into the cross-correlation of basilar
membrane response, to amplitude differing signals, in order to pre-
dict the location of the sbund image, whereas a weighting function

is not needed to analyse inter-aural time delayed signals.

Further evidence of this difference in localization ability
between signals differing only in amplitude or time can be observed
in the first few seconds of the time versus standard deviation curves,
Figs. 5.5, 5.6. The initial difference in deviation between IAD
and ITD in the first second of judgements is 1.1l bins whereas after
three seconds the difference has dropped to .5 of a bin. That is,
as initial responses are the most accurate ones, it is far easier
to localize ITD inputs than JAD ones; however, after a short period
of time, two seconds, the difference decreases, an indicator of the

common effect of multiple images and reverberation on a subject's
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ability to localize sound in spatial listening. The longer the time,
the larger the number of images that are bullt up and thegreater the
confusion of the listener. In conjunction with this it must be
remembered that a subject must position a sound on an imagina?y,
scale in front of him and if he responds immediately to a sound

image the time elapsed between his previous Jjudgement and the present
one is a 4 second period of no sound plus the time taken to make the
new judgement. The previous judgement is a reference point through
which the subject defines his perceptive field. The longer it takes
to perform a judgement,the weaker the previous reference point
becomes, and hence, the increased difficulty in iocalizing the sound

image.

This work should be continued, using many different input
signals as well as a time analysis for describing the judgements
of different listeners. By comparing the various time versus
accuracy results, it would then be possible to describe the effect
of different types of signals on various functions of the auditory

mechanisme.

In comparing the results of binaural spatial listening
experiments to those of headphone listening experiments, it is
possible to see that differences exist between the two in terms of
the perception mechanisms of the observer. In the work of Bertrand(s)
on headphone listening it has been shown that for headphone 1isten-.\
ing, as the time taken to make a Judgement increases, the accuracy
of that judgement does not decrease. It is hence possible to con-
duct centring experiments in headphone listening whereas these are

impossible in spatial listening, due to the effects of multiple

images and reverberation. The judgements that are made in spatial
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listening are, however, compared with those of headphone listening
and the differences and similarities in the auditory process will

be discussed in the following section.



CHAPTER 6

PRESENTATION OF RESULTS

6.1 Introduction

In the previous chapter two methods of data analysis were
discussed. The first, in relation to localization experiments,
describes the procedure used to average and present that data in
a form thought to be most suitable with respect to the information
. required. The second method analyses recorded acoustic signals
through the use of a computer model to obtain a set of theoretical
results paralleling the results of the localizétion experimenfs.
Both sets of results are presented in this chapter, along with the

information obtained from combining this experimental data.

6.2 Results of binaural listening exveriments in the partially
anechoic chamber

Ihe first set of experiments was performed to investigate the
changes in a listener's ability to localize sound imaées as the
listener moved farther away from the sound source. The question of ~
the similafities between spatial and headphone listening was also
investigated and, in fact, the first position, in which a pair of
loudspeakers is placed at ear level on either side of an observer's
head, approaches headphone listening in spatial conditions. The
sound images produced in this configuration formed a sound envelope

about the listener's head with a central image located directly above
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the observer and side images formed at ear level. All images were
reported as extra-cranial, though their distribution in this parti=-
cular experimental configuration paralleled that of intra-cranial

images formed using headphones.

The plot of averaged results, Fig. 6.2, is an average of
512 judgements from four different subjects and indicates that a
linear relation exists between a subject's judgements and the inpuf
time delays. These results are similar to those found in headphone
localization experiments, thus suggesting that there are similarities
between the two mechanisms of perception. However, it must be
remembered that these spatial listening results were obtained in a
partially anechoic room and do not, therefore, simulate more common
spatial listening situations. Although it becomes more difficult
to localize sound images in a non~anechoic room, one must conclude
from the results in the anechoic room that this does not arise from
a different method of perception, but rather from a more complicated

listening situation.

The vertical as well as horizontal judgement positions of
the sound images were recorded and though there is vertical movement
of the image in a semi-circular fashion, this phenomenon has little
perceptible effect on the horizontal judgements of the listener.

The loudspeakers were kept in position while the listener was moved _
along the centre line between them, as shown in Fig. 6.1, for the '
four positions investigated. The speakers were rotated, however,
such that they faced the ears of the listener at all times. From
Fig. 6.2, which shows curves of average judgement position versus
inter speaker time delay, it is possible to see that there is no

difference in the subject's ability to localize the sound images as
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POSITION 1. The listener is sitting on a chair with speakers situated
sixty inches away on either side,

60“ @ 60“

POSITION 2.
139"
65 05"
POSITION 3.
POSITION 4.

Figure 6.1. Position of listener and speakers in two
click listening experiments.
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he moves farther away from the sound source.

Though the subject's results for the horizontal position of
the sound image did not change, the vertical position no 1ongér
described a path above and to the side of the listener's head, but
was now reported to be following a smaller semi-circular trajectory
in front of the listener. As no change in the subject's perform-
ance was observed when he was moved farther away from the sound
source, within the dimensions of the room, it was concluded that
further work need only be done for one position, thus reducing the

number of experiments to be conducted.

Some tests were carried out to determine suitable bandwidths
for the acoustic signals used in this study and it was found that a
2 kHz low pass filtered pulse produced the sharpest images, and this
is physiologically reasonable since the basilar membrane responds
best around the 2 kHz place frequency. On the other hand, higher
cut off frequencies, which stimulate larger areas of the basilar
membrane and introduce multiple images, make it more difficult for

the. subject to localize a sound image.

6.3 Results of binaural listening experiments in spatial
listening situations

6.3%.1 Introduction -

As described in the section on experimental procedures, ITD
experiments were performed in a non~anechoic room for the purpose
of simulating normal spatial listening conditions. .While the
results of the preceding section had been done under artificial
conditions, it was felt that a more complicated listening situation

was needed to investigate some of the effects of reverberation,
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masking, and perhaps multiple images on the localization ability of
an observer. The first set of experiments carried out duplicated
those done with loudspeakeré in the anechoic room in order to
investigate what direct changes would result in the new listening
environment. Despite the fact that subjects reported that the

image was more difficult to localize, the judgement curves plotted
showed the same results as in the anechoic room. Hence, a four
speaker system was set up, in a completely asymmetrical room, con=
sisting of a pair of headphones used as loudspeakers and placed
three inches from the ears of the observer, as well as a pair of
loudspeakers placed in front of the subject. The purpose of this
investigation was to study the ability of the auditory system to
select and attend to certain sound images and to block out or
diminish the effect of others presented at the same time. It is also
of interest to measure the response of the auditory mechanism to a
sound system which incorporates sound sources which, if presented
separately, would generate an intra-cranial image in one case, and
an extra=cranial image in the other. Once these experiments are per-
formed it will be possible to compare the results from headphone and
loudspeaker listening in order to determine whether any differences

are present in the mechanisms of auditory perception.

6+.3.2 Discussion of results

Fig. 6.3 represents a plot of judgement positions versus
input delay for the experimental configuration in which only the
headphone speakers were used. The straight line indicates that there
is a linear relation between the interaural time delays and the
listener's judgements and it must be noted that this is similar to

the curve obtained in real headphone listening situations as well as
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‘The fact that the curve does not pass through the origin is possibily \
‘due to unbalanced headphone speakers which cause a shift in- the results..
with loudspeaker listening in the partially anechoic chamber., Though
there were comments from the observer to the effect that it was

easier to judge purely intra-cranial images than any others, the

accuracy of judgements was consistent in all three experiments.

The curves in Fig. 6.3a, running parallel to the curve of
Judgement versus delay, are confidence limits which indicate that
95 per cent of all judgements lie within these boundaries. TFive
hundred and twelve points have been averaged to produce the judge-
ment curve and as most of these points lie close to the mean judge~
ment value, the confidence limits are close together. The infor-
mation derived from each e#periment is compared and one is able to

' determine under which experimental conditions the scatter of a

listener's judgements increased or decreased.

Tke next figure in this series, Fig. 6.3b, describes the
judgements reported when a fixed central image is introduced by means
of a pair of loudspeakers and an additional image due to the head-
phone speakers is moved by altering the time delay between the head-
phﬁne input signals. The effect of adding the central image on the
listener!s response is to reduce the accuracy with which he judges
image position. It becomes more difficult for him to discriminate
between different input delays and hence, the same position judge-
ment is given for a much wider range of inputs than was the case
without the fixed central image. There are points, however, where:
a jump to a new judgement position occurs and then the same Judge-
ment position over a range of input delays is given. An example of
this can be seen by following the judgement curve between time
delays of 200 to 40O microseconds, where the position -2.00 is

given as the position of the image in all cases. Thus, it can be
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observed that the central image influences the linear relation of
the previous experiment. Though the complete range of judgements

is covered and there is no overall shift of images to the right or
left, the ability to accurately discern the image position for a
given input delay is reduced. From this, it may be concluded that
the fixed image activated both membranes in such a way as to reduce
the selective process of the mermbrane, causing it to be less sensi-
tive than it would be if no central image were present. Whether

the loss of acecuracy occurs at the membrane level or at the level of
neural correlation is difficult to surmise, but it can be confidently
said that a central or secondary image does affect the listener's

perceptive abilities.

In looking at the confidence curves, it is clearly seen that
the limit within which the majority of judgements falls is considerw-
ably wider than it was for the headphone experiment; there is a
larger scatter of results, and so, greater deviation from the mean.
It would appear that it is more difficult for the subject to decide
on the correct image position, which leads to the increased judge-

ment time and results in a loss of accuracy.

The third plot in thié series, Fig. 6.3c, represents the
response of an observer to a fixed image from the loudspeakers on
the left, and to a moving image due to the headphones. It may be
noticed that the whole curve is shifted down, or that each time
delay results in an image position which is closer to the left than
in the initial test where there was no fixed image. The image posi-
tioning to the right of the curve is linear and shows the same
pattern as that of the first plot. The left side, however, demon~

strates a marked effect of the fixed image; for all judgements appear
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to be in the same position or nearly so, while the input delays cover
a range of 600 microseconds. This result leads one to question some
of the present ideas on the effect of multiple images. It is felt .
that images in the centre of a listener's field have the greatest
effect on his perception and that those on the side are of less
importance. However, the results presented here would indicate

that images on an extreme edge of a listener's perception field play
a very important role in sound localization. As soon as the right
headphone image leads the left, it becomes possible to separate the
moving and fixed images. However, once the left headphone image
leads the right, the fixed image becomes dominént. This would indi-
cate that the stimulation of both ears leads to the separation of
images; while it is very difficult for one ear alone to differenti-
ate between different images. The implications of this fact are
particularly relevant to the design of auditoria and sound systems

and will be discussed in detail in the chapter of conclusionse.

The confidence curves for this experiment are closer to the
judgement curve than in the experiment with a fixed central image,
indicating that there is less scatter of results and that the effect
of the image on the left is very definite, while that of the central
image is not as prominent, producing a more confusing situation for
the listener.

N : —~

6.3.3 Investipation into the effect of working in
an asymmetrical room

The room vwhich was used in the interaural time delay experi-
ments, as shown in Fig. 3.16, was asymmetrical and it is of interest
to establish the nature of the changes which would occur in a

listener's ability to localize sound images if the physical arrange-
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ment of the subject and loudspeakers were to be altered. A second
series of tests was performed with the subject in the front (as
opposed to the back) of the room, facing the cavity, as in Fig. 3.16.
Two experiments were repeated: the headphone experiment with no fixed
images and the combination of headphones and loudspeakers with a
fixed image on the left. The results are presented in Fig. 6.4a,

for the headphone images alone and in Fig. 6.4b for the fixed image
on the left. Fig. 6.4a shows the linear relation expected between
position judgement and ITD along with the narrow band of confidence
limits. Fig. 6.4b, with the fixed image on the left, shows the same
results as Fig. 6.4c. All the judgements are éhifted to the left,
whereas those on the right, show the same linear relation as before
and those on the left show the flattening out of response with time
delay. FKEach of these curves is, again, an average of 512 judgements
and hence, 1024 judgements have been made in each case. As the
results are consistent between both sets of experiments, conducted
in two different positions in the room, it is obvious that altering
the subject's position in this room does not have a noticeable

effect on his localization ability and that the results of the
interaural time delay experiments with multiple images are repro~

duciblee.

6.3.4 Conclusions
It appears from these results that a fusion of the two
separate images takes place over a certain range of input deiays and
not over others, but nonetheless, an overall effect is present at
all times. Thus, the auditory mechanism does not mask the fixed
image, but rather inqorporates it into its field of perception and

gives it a weight which varies according to the position of the
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moving image presented through headphone speakers. Despite the fact .
that the tone and pitch of the fixed and moving images were differ~
ent as a result of different transducer properties, and that the
subject was able to perceive these differences, their effect on the
mechanism of perception clearly demonstrated that many of the fre~
quency components of both signals were identical and that their

effect was summed at the level of the basilar membrane response.

The objective of the four speaker experiment was to present
images both intra-cranizlly and extra-cranially in order to see what
type of sound images would result, to determine whether or not there
was fusion of the images and to establish the effect of multiple
images on a listener's accuracy of judgement. Although fusion does
occur, and there is a loss in accuracy, the subject is aware of the
fact that two separate images are being presented. The nearer the
leading signal is to a secondary image, the more difficult it
becomes to distinguish between the two, and in the case of a strong
secondary image on the left, produced by a time delay in the loud-
speaker signals, the left leading headphone speaker signal is come
pletely swamped by the fixed image. Does the result apply to
amplitude difference signals as well or is it a characteristic
unique to time delays? Questions such as this one must be answered
in order to study the auditory mechanism; hence, IAD experiments
were performed under the same conditions as the ITD ones and their-

results are presented in the following section.



6.4 Results of the inter-aural amplitude difference experiments

6.441 Introduction

Seven IAD tests were performed on each of four subJects in
which the intensity of the acoustic pressure waveforms at the ears
of the listener were different. Signals with an amplitude differ-
ence but no time delays, once subjected to the acoustics of the
room, and to interaction with one another, produce both a time
delay and an amplitude difference at the ears of the observer.

This is displayed in Fig. 3.11.  Various combinations of acoustic.

|inputs were introduced to the speaker system in order to !

present the listener with a multiple of listening situations.

6.4.2 Discussion of results

Fig. 6.5a represents the results of a headphone speaker
listening experiment with amplitude differences between the pulses
to the speakers. The curve is roughly linear-as before, and the
position judgements extend over the complete field of perception of
the subject. The results are not as smooth as the curve produced
by the 1ITD judgements; however, this is to be expected because of

the increased difficulty in localizing amplitude difference sige

nals, as opposed to time delay signals, referred to in section 5.7,'

Tig. 6.5b represents the curve of headphone speaker listen~
ing in the non-anechoic chamber, with the headphones three inches
frou the ears of the observer. The curve is linear, passes through
the centred position at zero ampliéude delay and has g very slight

rounding out at the ends. The confidence curve in both cases indi-

cates that there is very little scatter of results.

140,
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Tige 6.5c represents the case of a fixed central image on
the loudspeakers with a moving image on the headphone speakerse.
This curve is very similar to the one of Fig. 6.5b where no fixed
image is introduced. This would indicate that the two image; can
be separated by the observer and judgements made independent of the
loudspeaker image. The confidence curve is wider in places where
the curve deviates from its linear trend as observed at minus 7 and
-minus 12 4B amplitude difference. The trend, however, is seen to

be linear and no marked effect is attributed to the fixed image.

The introduction of a fixed image on the lefthand side of
the loudspeakers produces the judgement curve shown in Fig. 6.5d.
It appears that the effect of the fixed image is not great enough
to change the shape of the curve from that described in the previous
two experiments. The response of the listener is symmetric about
zero delay though the fixed image is on the left. This would indi-
cate that the subject is able to separate the two sound images and
concentrate only on the moving one. It is easier to concentrate
on the moving image because a dynamic situation presents a larger
range of input information for the auditory system to use in per-
forming a localization exercise. A moving image sets up a relation
between the present image and the previous one, such that the sub-
ject can use the previous image as a reference point'from waich to

judge the next image.

The first point that might be emphasized at this stage is
the difference in the effect of the left image between the ITD and
JAD experiments. In the former, a very noticeable change in the
judgement curve is observed; while in the latter, there is almost

no effect at all. This would indicate that time and amplitude
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effects are handled in a different way by the auditory mechanism.
The time versus accuracy analysis indicates that the subject local-
ized ITD results with greater accuracy than IAD ones, hence, indi-
cating a more sensitive system and one which is easily influenced
b& time delayed signals. A fixed image on the left, formed by a
time delay, thus affects the auditory system more than does a fixed
image generated by an amplitude difference. It is easier for the
auditory mechanism to separate images of different levels than
images of different time delays. This is particularly true in
spatial listening situations, where room acoustics and reverberation
introduce many more complicating factors into é time delayed signal
than they do to signals of different levels which can be more easily
picked up by the listener. This fact can be most fruitfully applied
in auditoria, where many speakers are used all around the room and
time delays and amplitude differences can be easily introduced
depending on the effect one wishes to introduce into the listener's

perception field.

6.4e3 Additional exveriments with inter-aural smplitude
differences

As the dominant effect of the moving image in the IAD experi-
ment served to cancel out the effect of the fixed image, the question
arose as to the effect of establishing the fixed image by means of
tﬂe headphones and of moving the image due to the loudspesakers.

Fig. 6.6a, 6.6b, 6.6c, represent three tests of this nature, with
the combinations of no fixed image, fixed image in the centre, and
fixed image on the left. The first, Fig. 6.6a, describes the judge~
ment versus delay curve when the moving image was established by the

loudspeakers. The curve is similar in shape to the headphone curve,
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linear over the central region, passing close to the centre at zero
delay and flattening out at the ends. It must be remembered that
the room is asymmetrical and that, while this did not affect the
moving image due to the headphones, its effect on the loudspeakers
may be to increase the flattening out of the curve on the lefthand
sides« That is to say, that for a larger range of amplitude differ-
ences, the same maximum left position is given as the judgement
position. This trend is noticed in all the curves of this set of
experiments and is responsible for the asymmetry in the judgement
curves. This particular effect was described by Sayers (196L4) in
his work on IAD experiments in headphones. Introducing a fixed
central image to the headphones as described in Fig. 6.6b, does not
affect the curve in any way and the observer reports that he can

separate the images quite easily.

One of the major reasons for this phenomenon is that the
fixed central image is processed in the most sensitive part of the
binaural fusion process and is thus easily identified. This image
stimlates both membranes identically and hence, any other signals
present are analysed by a balanced system which does not affect
localization of the secondary signal. In the case of a fixed central
image on the loudspeakers in the ITD experiment, timg delays and
amplitude differences were introduced due to the effect of room
acoustics and hence, a balanced system was not achieved and an effeéﬁN
of the central image from the loudspeakers on the ITD resuls was

noticed.

Fig. 6.6c represents the curve of judgement versus amplitude
difference vhen a fixed left image is produced by the headphone

speakers. There are several differences between this curve and
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curves produced in Fig. 6.6a and 6.6b; as the curve éhows, all judge~
* ments have been shifted to ﬁhe.left, the curve is no longer linear,
does not pass through the centre at zero amplitude difference and
the flattening out tendency on the left is greatly increased. Thus,
it can be seen that the left image has a marked effect on the
subject’s localization of the moving image, while the central image
does not. The subject cannot separate the left image from the
moving one as easily as he could the central image from the moving

Qn€e.

It must be remembered that in the experiments described in
this section, the moving image comes from the loudspeakers and that
due to The room acoustics, the initial amplitude difference signals
contain a combination of time delay and amplitude difference at the
ears of the observer. Given a previously unstimulated basilar meme
brane, or membranes, which are then equally stimulated, one can
process many signals and perform a localization judgement. If, on
the other hand, one membrane is stimulated in a way which is very
different from the other, it becomes much more difficult to localize
a moving image coming from the loudspeakers. It becomes evident
from this work that a fixed IAD left image on the loudspeaker has
little effect on a moving IAD image on the headphone speakers, while
a fixed left IAD image on the headphone speakers does ﬁave an effect
on the moving TAD image on the loudspeakers. The intra-cranial -
images are, therefore, more prominent than the extra-cranial ones
appear to be and are given primary attention by the auditory system.
This would indicate that speakers placed close to the ears of a
listener play a different role in sound perception than do loud-

speakers and thus, new effects could be introduced into auditoria by
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designing speakers close to the listener to be used in conjunction

with the normal onese.

6.5 Results of the model analysis on inter—aural time
delayed signals

6.5.1 Introduction

To determine whether the theoretical positions of sound
images, obtained by using a physiological model of basilar membrane
response, would correspond to a listener's judgements given the same
acoustic inputs, the acoustic pressure waveforms had to be recorded.
The amount of work involved in recording and completely processing
each pair of signals limited the number of acoustic combinations
that could be investigated. A sufficient number, however, have
been chosen to indicate whether the process of model analysis can
account for some of the listener's judgements, but a complete study
would require recording and processing a complete range of signals,
sufficient in number to generate a curve similar to those presented

in the localization experiments.

6.5.2 Discussion of results

The recorded signals have been presented in Chapter 3, along
with the frequency spectrum of the signals, to give some indication
of the frequency components used in the experiments. The signals to\
each ear are fed to the computer model of basilar membrane response
and only the rarefaction response of the membrane to an acoustic
signasl is obtained. Although it is known that neural respomnse is

effectively confined to rarefaction motion of the basilar membrane,

calculations of the amplitude of neural response is difficult and
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hence, the only information that can be gained from displacement
analysis alone, is information about the time and frequency at which

a maximum displacement is reached.

To proceed in this analysis, a cross-correlation is performed
between the rectified response of each membrane to a given acoustic
inpute The results of the correlation indicate the point in time
at which there is the largest correlation between the membrane res-
ponses. As all the time delays introduced were of the order of 600
microseconds, only 12.5 milliseconds about the zero delay point

have been described.

From Fig. 5.2, for the caée of the headphone speaker signals
with no time delay, the cross-—correlation displays a maximum at a
correlation delay of t = O, showing that a direct relation exists
between the acﬁustic input and the cross-correlation of- the resul-
tant membrane displacement. This is further supported by a study
of the cése of a 300 microsecond interaural time delay, introduced
to the loudspeaker signals, where the cross-correlation plot indi-
cates a 300 microsecond shift in the maximum correlation value,
Fige 5.3 To investigate the correlation more closely and to deter-~
mine the shift in time more accurately, the cross-correlation of the
individual place frequencies was performed for three places which
are maximally stimulated. The centre of gravity about T = O is then
computed and.the value obtained for the headphone speaker results - )
with no time delay is .034 milliseconds and for the 300 psec delay
is ~.3%22 milliseconds. It should be noted that the original centfe
of gravity describes the point in time at which a sound image is
likely to arise. Both of these results would indicate that the

response of the system clearly represents the acoustic input signal.
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The case in which a central image is presented on a pair of
loudspeakers and a moving image on the headphones is a much more
difficult one for the auditory mechanism, as is represented in the
increased activity shown in the cross-correlation, Fig. 6.7a, which,
in turn, will show many more points of correlation on the correla-
tion contour plotse. Compare Fig. 5.3a2 to Fig. 6.7a. The point of
maximum correlation is still obviously centred about T = 0. Two
cases were studied, one with no delay on the headphone speakers and
one with a 300 microsecond delay (refer té Fig. 6.7a and 6.7b).

The individual correlations of the respons from corresponding basilar
membrane points of the same place frequencies are investigated and
the calculation of the averagedcentre of gravity of the corresponding
cross-correlation at each basilar membrane place frequency indicates
the following results: In the case of no time delay, an image is
formed at 1 = +.050 milliseconds and it can be seen from the results
in Fig. 6.3a, that the judgement values range from -4 to +4 vhich
covers a range of 1200 microseconds, with centred judgement O at

T = O. Furthermore, it is seen that the curve crosses the T = 0

axis at judgement position 5 indicating a time shift and showing

that a centre of gravity of T = +.050 milliseconds accurately pre~
dicts the judgement position. In the case of a %00 microsecond shift
on the headphones, the centre of gravity is -.345 and following the .
curve of Fig. 6.%a, the judgement position for the 300 microsecond ~ -
difference point is 23, which indicates that the model analysis is‘
predicting the judgement positions from the acoustic signal quite
accuratelye As can be seen from the varying shape of the curve in
Fig. 6.3c, many points would have to be predicted in order to simu-
late the complete curve. Such a simulation, however, is of much

value in determining what is happening to the acoustic signals in
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the room at various time delays.

6.6 Results of model analysis on inter-aural amplitude
difference signals

6.6.1 Introduction

Previous workers in the field, such as Sajers and Cherry
(1957), had postulated the need for the use of a weighting function
in the cross-correlation process in order to account for a neural
shift that occurs due to amplitude difference signals. Monro
developed an accurate neural model for click responses taken from his
results and presented simulated binaural images for various combina-
tions of amplitude differences. In the Figs. 6.8, 6.9, 6.10 one is
able to see the influence of changing IAD for particular pulse con-
figurations. At zero IAD, the correlation presents a symmetrical
disposition and for an increasing IAD, there is a shift to the left
and the appearance of a secoﬂd image, which in the case of a lérge
IAD difference (Fig.6.10), becomes stronger than the centred image.
It is obvious that the amplitude difference has caused a shift in
the neural response, which must be weighted through some mechanism
in order to determine the appropriate centre of gravity of the
correlation and the appropriate time delay which corresponds to a
given amplitude difference. The fact that there is a neural shift
for amplitude difference signals indicates that a simple cross=-
correlation of the basilar membrane displacements will not reveal
the appropriate amplitude effects, as the shift will not have been
taken into account. To compensate for this, a weighting function
is introduced and the centre of gravity of the correlated signal is

located for the weighted correlation to obtain the required results.
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Once the appropriate weighting function is obtained, it is applied
to all the IAD correlations and the results are presented in the

following section.

6.6.2 Discussion of results

A table of results is presented of basilar membrane corre-
lations weighted to take account of amplitude effects in Fig. 6.11
in which the averaged centre of gravity of each correlation is
recorded. The resulis of the cross-correlation are plotted on con-
tour maps, Fig. 6.15, 6.16, 6.17, and some individual place fre-
quencies of the correlated signal are presented for the weighted and
unweighted case, Fig. 6.11, 6.12, 6.13, 6.1k. The weighting function
was of the form: -(Dt+1)e‘-4£77:where T is the time and D is the co-
efficient which varies with varying amplitude. The coefficient D
was determined by establishing, in the experiment where the headphone
speakers alone were used, which coefficients yielded the appropriate
results. These coefficients were then applied to all the other IAD
cases and as the required centres of gravity were generated it was
concluded that the coefficients were the correct ones for this
particular weighting function. The headphone series of O dB, 4 dB
and 12 dB difference yields centre of gravities of -.10, -.205,

-.690 milliseconds respectively, as described in Fige. 6.11. The
coefficients used to produce these time delays were retained for
use throughout the remainder of the correlation such that all valués

could be compared with one another.

The loudspeaker series, using the same weighting functions,
produced results of =.003, -.201, -.610 for the O dB, 4 dB and 12 dB

cases respectively. It must be noted that the centre of gravity is
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TABLE OF CENTRE OF GRAVITY RESULTS DERIVED FROM THE
CROSS~CORRELATION OF INDIVIDUAL PLACE FREQUENCIES

Weighting function f(t) =

(ar + 1)*e-'hT

Description of the acoustic signal
and loudspeaker configuration

Averaged centre of gravity
(in milliseconds)

Headphones with no IAD -0.010
Headphones with 4 dB TAD -0.205
Headphones with 12 dB IAD ~0.690
Headphones with no TAD and a fixed

central image on loudspeakers -0.018
Headphones with 4 dB IAD and a fixed

image on the loudspeakers -0.210
Headphones with 8 dB JAD and a fixed

central image on the loudspeakers -0.410
Headphones with 12 @B IAD and a fixed

central image on the loudspeakers ~0.560
Headphones with no IAD and a fixed

left image on the loudspeakers -0.015
Headphones with 4 dB TAD and a fixed

left image on the loudspeakers -0.135
Headphones with 8 dB IAD and a fixed

left image on the loudspeakers -0.400
Headphones with 12 dB IAD and a fixed

left imzge on the loudspeakers -0.550
Loudspeakers with no IAD -0,003
Loudspeakers with 4 dB IAD -0.201
Loudspeakers with 12 dB IAD ~0.610
Loudspeakers with no TAD and a fixed .
central image on the headphones -0.020
Loudspeakers with 4 dB IAD and a

fixed central image on the headphones ~0.210
Loudspeakers with 8 dB IAD and a

fixed central image on the headphones =0.420
Loudspeakers with 12 d8B IAD and a

fixed central image on the headphones =0.570

Figure ( 6.11 )



Loudspeakers with no IAD and a fixed
left image on the headphones

Loudspeakers with 4 dB IAD and a
fixed left image on the headphones

Loudspeakers with 8 dB IAD and a
fixed left image on the headphones

Loudspeakers with 12 @B IAD and a
fixed left image on the headphones

-0.028

-0.294
~0.480

-0.520
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AT
&
an average of the centre of gravities for 7 place frequencies from

2500 cepese. to 1300 c.p.s. By comparing the ITD results fér the
judgement positions-given for the -.003, -.201, -.610 psec input
with the IAD results for the judgement positions given for the 0 aB,
4L 88 and 12 @B points, it becomes clear that there is a trading
ratio of 50 psec per dB as the judgement positions are equivalent

in both cases. This figure is consistent with investigations of
time-intensity loading with headphone listening as reported by Lynn.
As only three positions are presented, it is not possible to con-
struct a complete curve for comparison with the localization experi-
ments, but an indication as to whether or not fhe localization

pattern is being followed is given.

The table of results indicates that the fixed image in tﬁe
centre and the left on the loudspeakers, does not have much effect
on the correlation time, but that the fixed left image on the head-
phones does affect the resultant time delays of the acoustic image.
The values for the centre of gravity are -.128, -.294, -.180,
=520 microseconds, showing the shift to the left due to the left
image as well as the flattening out that occurs between 6 dB and
12 dB. This parallels the results of the localization experiments
although more signals must be analysed to get a complete picture of

the curvee.

From these results, it may be concluded that, with the use
of the proper weighting function, the model analysis of the acoustic
amplitude difference signals predicts images with time delays
corresponding to judgement positions equivalent to those positions
obtained from the respective amplitude difference experiments.

Hence, the physiological data on membrane displacement, along with
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cross~correlation techniques, adequately describes the subject's

localization mechanism in spatial listening.
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CHAPTER 7 .

SUMMARY AND CONCLUSIONS

The major objective of the work described here, has been to
study binaural spatial listening with similar methods to those used
for earlier binaural headphone listening studies. Some further
insight into the basic physiological mechanisms of hearing emerged
from that earlier work and the present study has established that
these insights are relevant in spatial listening situations. It is
now possible to conclude that binaural perception in spatial listening
situations, although more complicated in terms of the acoustic inputs
presented to a listener, involves the same mechanisms of auditory

processing as does headphone listening.

This conclusion is supported both by the psycho-acoustic
experiments performed and by the results obtained from applying a
model analysis.of the auditory system to the measured acoustic signals
encountered in spatial listening. The psycho-acoustic experiments
indicate that localization judgements in spatial and headphone list-
ening situations correspond, given the same acoustic inputs to loud-
speakers and headphones respectively. The localization results of
" Fig. 6.2 (Page 1320) display the same linear relation between input
éﬁd Judgement, for simple time delay experiments with two speakers,
as do headphone localization results for the same input signals. The
computer model of the auditory system, derived from physiological measure-
rments of auditory response, has been able to account for the results

obtained from localization experiments in headphone listening.
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Applying this same model to acoustic signals generated in spatial
listening experiments (effectively measured at the ears), it is
possible to predict the judged location at which a sound image will
form in a listener's field of perception. Hence, the samezmédel
describes both spatial and headphone 1istening; demonstrating sig-
nificant similarities in the auditéry processing involved in the
two situations. This is not to say‘that the same perception tech-
niques are involved in both cases, as spatial listening presumably
employs the uge of additional skills in order to localize the more
complicated acoustic signal. The effect of front and back motion
of fhe head and head rotation, differences with sound source loc-
ation, in the tone and pitch of a sound as known a priori, and the
effects of echoes and reverberation, are all additional elements
that may be relevént vhen a subject localizes sound in spatial

listening.

It has previously been shown, in headphone listening, that
it is easier to judge time delayed binaural inputs than amplitude
differing ones énd additional evidence to support this conclusion
has been obtained from spatial listening. An analysis of the time
taken to perform a localization judgement, Fig. 5.5 (Page 121),

Fig. 5.6 (Page 122) has shown that the longer a listener takes
to make a judgement the more inaccurate the judgement and that
larger inaccuracies are recorded during amplitude difference
. experiments than during experiments involving time delayed
signals alone. Additional evidence to indicate a difference in
the processing of time and amplitude differing signals has been

derived from the model analysis presented in this work; it has
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been shown that a cross correlation of basilar membrane response
is sufficient to predict the location of images formed from time
delayed signals, while a weighting function has alsoc to be intro-
duced to account for the lateralization judgements of signals that
differ in amplitude at the two ears. This neea for additional
elements in the model to account for amplitude differing signals
suggests some differences between the processing of time delayed

signals and that of amplitude differing signals.

The effect of introducing adéitional images to a listener's
field of perception, again shows that the lateralization judgement
response to time delayed signals is different from that to ampli-
tude differing ones. From Fig. 6.3b (Page 133) and Fig. 6.5b
(Page 141) it is seen that the effect of introducing a fixed central
image into a subject's field of perception yields different results
when the headphone image is moved by introducing time delays between
the signals as opposed to moving the image by introducing amplitude '
differences. The images that form are perceived both intra -~ cran-
ially and extra;cranially and in some cases there is fusion of the
two images whiie in others there is no fusion at all. This ill-
ustrates that the auditory process responds differently to diff-
erent acoustic waveforms and these differences could be analysed
by comparing the effects of time delayed and amplitude differing

signals on a subject's localization ability.

The assumptions made in this work concerning the relation

between basilar membrane response and neural firings are well

supported by the results of Kiang (29a). The need to employ a



weighting function as an integral part of the perceptual process
(éﬁe two basilar membrane responses to amplitude differing signals
are correlated and the result displayed, suitably weighted, on a
conceptual perception sample) is supported by the work of Kiang
and of Monro (35). A mofe detailed investigation of perception
than has been possible here would be needed to dévelop a weighting
function.capable of handling all acoustic inputs, but the develop-
ment of such a weighting function should shed some light on the
neural process; the neural process must presumably achieve a similar

weighting in some appropriate fashion and it would be useful to

come to some possible ideas about the mechanism.

It is recognized that this work marks but a beginning in
the investigation of the neurologlcal structure of the auditory
mechanism using spatial listening situations; however, the results
already suggest that experiments along these lines yield information
yhich is capable of contributing to an explanation of the hearing
process in 'real life' situations. In terms of further experiment-
ation, it might be suggested at this point, on the basis of diffic-
ulties encountered in the present work, that the anechoic room is
particularly well-suited to investigations in spatial listening.
For, in such a chamber, auditory perception may be examined under
more complex conditions, while the acoustic inputs remain well-
defined and the resultant pressure waveforms in the room can be

" easily described.

Although relatively little work has previously been done
in spatial listening situations, apparatus has been constructed to

produce signals with any desired time delay and amplitude

170.

(29a)
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‘kdifference, and systems have been developed to record and process
the acoustic waveforms. The groundwork has been laid and it should
now be possible to move toward the development of a new insight into

the nature of the neural structure which underlies the hearing

process.
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APPENDIX A

SPECIFICATION OF EQUIPMENT

A, The Radford SCA.Z0 Amplifier

This amplifier is a transistor integrated stereo amplifier

with input level and impedances of:

Microphone 1.5 mv 68'K

Radio 115 mv 1 megohm
Tape 115 awv 1 megohm
Aux 115 mv 1 megohm

Outovut 320 watts rms per channel

Harmonic distortion less than .l per cent .
Frequency response 20 Hz to 70 kHz

Noise level 75 dB into 12 ohms

Output impedance 3.5 to 16 ohms

B. The Radford Beaumond Speakers

These speskers have a baffle enclosure with a 13 x 9 inch
bass driver and a three inch mid and high frequency unit. Cross-
over is 2 kHz with a frequency response of 50 hZ to 14 kHz and a
handling capacity of 35 watts. The impedance is 8 to 12 ohms and
the enclosure is a one inch thick wooden cabinet. Both speakers

were tested at the Radford Laboratory on special request to esta-
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blish the degree to which they were matched in response.

C.

D.

The Revox Tape Recorder Model 77a

Frequency response
Signal~to-noise ratio

Inputs: Microphone

Aux
Output: Aux
Headphones

Amplifiers

20/c/sto 20 Kc/s

38 gB

low 50 - 600 ohﬁs .15 mv

high 100 K ohms 2 mv

1 megohm 40 mv

2.5 v/rs 600 ohms

200 - 900 ohms

10 watts per channel

distortion less than 1 per cent

output impedance 4 - 16 ohms

The Voltage Controlled Attenuator

See Fig. 4,3, for a diagram of the circuit.
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