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Abstract

The auditory efferent system consists of two populations of fibres. The lateral system connects with the
inner hair cells and the medial system connects with the outer hair cells. Past work has suggested that the
efferent system may act via the action of the outer hair cells to control cochlear mechanics and, in doing
so, contribute to the high degree of frequency selectivity observed in the auditory system. This hypothesis

has not, in the past, been fully examined in humans.

In this study, normally hearing human subjects were examined to see if there was a link between efferent
activity and frequency selectivity. The first experiment investigated whether there was a link between
efferent action and frequency selectivity at 1kHz. Efferent activity was assessed using the contralateral
suppression of transient and distortion product otoacoustic emissions (OAEs). Emissions were evoked by
tones and clicks and suppressed by contralateral white noise, narrow band noise and tones. The
suppression was examined in specific frequency bands as well as over the entire response range.
Frequency selectivity was estimated using the notched-noise masking technique and ‘roex’ filter shape

modelling. No conclusive relationship was found.

The possibility that the efferent system might play a part in frequency selectivity only when activated by
the contralateral ear was considered by testing the auditory filter during contralateral white noise. No
consistent relationship was found between efferent function, and either the 1kHz filter shape measured
during contralateral stimulation, or the change in filter shape. However, contralateral white noise did
cause a significant broadening of the 1kHz filter via what was thought to be the action of the efferent

system.

The timing of the onset of the contralateral efferent effect was examined using OAEs in order to allow
stimulus timings to be set so that the efferent system would be effective during filter shape testing. The

onset latency was found to be between 17 and 20ms.

Further analysis of the auditory filter shape during contralateral stimulation was undertaken by
stimulating the contralateral ear with narrowband noises at 500Hz, 1kHz and 2kHz. This also provided no

clear proof of a link with efferent activity.

Finally, the filter shape at 2kHz was considered. Significant relationships emerged between the shape of
the filter and the activity of the efferent system in this region. This implied that efferent control of

frequency selectivity is not constant over the length of the basilar membrane.

Overall, the effect of the efferent system on frequency selectivity in normally hearing humans was not
found to be straightforward, and was found to vary with frequency. However, the results were consistent
with the theory that the medial portion of the efferent system acts in such a manner as to dampen the

motion of the basilar membrane.
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1. Introduction

The auditory efferent system consists of an extensive network of neural fibres that
extend from the brainstem to the organ of Corti in the cochlea. The importance of these
pathways lies in the fact that responses to auditory signals can be modified before they
reach the brain. Although the efferent system has been the subject of numerous studies,
its exact function is still not clear. It seems unlikely that such a comprehensive system of
fibres would be redundant. Physiological and behavioural evidence suggests that its role

may be to protect the ear against damage from loud sounds (Rajan 1992) or to aid in

-localising (Fisch 1970) or attending to sounds (Giard et al. 1994). It has also been

suggested that it may help in detection of sounds in background noise. It is this latter

role that is to be investigated in this thesis.

The human ear exhibits a high degree of frequency selectivity. In other words, it is able
to pick out particular frequencies from a signal successfully. Energy input is required. in
order to enable the system to behave in this manner. The outer hair cells in the cochlea
seem to be involved in these active processes. The efferent system makes connections to
the outer hair cells. Thus, the hypothesis behind this thesis is that the efferent system
may control, or at least be involved in, frequency selectivity via the action of the outer

hair cells.

Past work has found that efferent activity is implicated in discrimination of signals in
noise, both in animals (Kawase et al. 1993; Winslow and Sachs 1988) and in humans
(Micheyl and Collet 1996). The tuning of the auditory system in animals can be
measured directly, at the level of the nerve or basilar membrane. In humans, the task is
less straightforward, although it is possible to get an estimation of the shape of the
auditory filter which is representative of the frequency selectivity present in the system.
There have however, been no studies where the frequency selectivity has been examined

in this manner and related to the functioning of the auditory efferent system in humans.

The objective therefore of this thesis is to explore the possible role of the auditory
efferent system in frequency selectivity in normal hearing humans. Measurements which
assessed the level of activity of the efferent system were compared to measurements of

frequency selectivity in the same subjects. Detailed analysis of the results from both

14



types of tests was carried out to investigate the possibility of a link that could point to an

involvement of the efferent system in frequency selectivity.

15



Chapter 2

Backghulindanheoiy;

16




A A #
# $ %
" - H A
% 3 &> # %
+ 3B C * - ==1
4
[ 4
J4 2 # #
AN J 2 2 =
33 J & & K&K  # #
J 3 J& & &
4 J 3 *3*& J& &
JJ 2 2 2 2 =
J K 0 K2 2

Eidd IMG>I) =

JJ G=N OP AO > = >% %% Q

% " A
$ # & + 6 ;%



shape of the pinna also provides clues as to the direction of the sound source. Spectral
modulation occurs due to interference of components of the acoustic wave reflected
from the walls of the pinna. This modulation varies with position of the source and thus

provides localising clues.

The sound wave travels along the external auditory meatus to the tympanic membrane.
From here the sound is transmitted to the cochlea via movement of the ossicular chain
which is composed of three bones: the malleus, incus and stapes, which are linked
together. The stapes is attached to the oval window of the cochlea. The middle ears acts
as an impedance coupler between the low impedance of the air in the external auditory
meatus and the higher impedance of the fluids in the cochlea, preventing large

transmission losses due to reflection.

Different frequencies are transmitted by the middle ear with different efficiencies. The
transfer function can be measured by comparing the pressure at the tympanic membrane
to that at the cochlear duct, behind the oval window (Nedzelnitsky 1980, see Figure
2-2).

Figure 2-2: Transfer function of the middle ear (Nedzelnitsky, 1980)
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The maximum gain is around 1kHz and away from this frequency the gain drops off,
giving a bandpass type of frequency response. Transmission is reduced above 1kHz due
to the ossicular mass and the change of vibration pattern of the tympanic membrane into
many modes. Resonances in the middle ear cavity also cause some losses. At
frequencies below 1kHz, there is reduced transmission due to elastic stiffness of the
middle ear structures, and compression and expansion of the air in the middle ear. This

18



has a greater effect at lower frequencies because the displacement of the air is greater

and therefore the forces are also greater.

The middle ear muscles, the stapedius muscle and the tensor tympani muscle, also have
some control over the amount of energy transmitted through the middle ear. The
stapedius muscle is connected to the neck of the stapes and acts to stiffen the ossicular
chain and the tympanic membrane. It is innervated by the facial (VIIth) cranial nerve.
The tensor tympani muscle is attached to the malleus and contraction again causes
stiffening of the ossicular chain and the tympanic membrane. It is innervated by the
trigeminal (Vth) cranial nerve. Activation of the middle ear muscles affects primarily
the transmission of frequencies below 1-2kHz. The reflex is activated by loud sounds
(>75dBSL), vocalisation, general movement, tactile stimulation or voluntarily in some

cases.

There are a number of hypothesised functions of the reflex: 1) protection of the inner ear
against loud sounds; 2) stabilisation of cochlea input at low frequencies for intensities of
up to 20dB above reflex threshold; 3) reduction in the masking of high ﬁequeﬁcy
sounds by those of low frequency, helping in the perception of complex stimuli; 4)
reduction in the effect of middle ear resonances on the frequency response of the middle

car.

Therefore, in summary, the only relevant effect that the middle ear has on the frequency
selectivity of the auditory system is to perform an overall bandpass transformation of the

frequency response spectrum.
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to the K flow, triggers the release of transmitter from the base of the hair cell,
instigating an action potential in the afferent auditory nerve fibres which end there. The
inner hair cells’ function therefore seems to be the conversion of acoustic mechanical
stimuli into electrical impulses, which are then transmitted to the cortex. The function of

outer hair cells is not yet certain.

The afferent and efferent nerve fibres make connections at the base of the hair cells and
provide a link to the higher centres of the brain. These pathways are described in section
2.1.3.

2.1.2.2 Transient Cochlear and Neural Potentials

Three different cochlear potentiais can be recorded at the round window or across the

cochlear partition, in response to stimuli:

(a) The cochlear microphonic

The cochlear microphonic (CM) is believed to arise from the current flow mainly
through the outer hair cells, in response to acoustic stimulus. This a.c. response

approximately follows the stimulus.

(b) The summating potential

A d.c. shift in the average potential can be measured for the duration of the stimulus
which is called the summating potential (SM). The shift can be positive or negative in
direction and is thought to be derived from the d.c. flow from both the outer and inner

hair cells.

(c) The compound action potential

The compound action potential (CAP) is recorded at the onset of a stimulus. It is the
massed synchronised contributions of the action potentials of the fibres activated by the
stimulus. The first wave of the response can be measured after approximately 1ms and is

called N;, and the second wave (N,) can be measured at about 2ms.
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2.1.2.3  Frequency Selectivity in the Cochlea

The term frequency selectivity refers to the ability to resolve sinusoidal components
from a complex signal. The high degree of frequency selectivity present in the auditory
system is essential in order to distinguish different sounds successfully. The human ear
is capable of resolving two frequencies greater than 10% of the centre frequency away
from each other. However, when tones are presented successively we are able to detect
much smaller differences in frequency (as low as 0.2-0.3% at 1kHz). This is referred to

as frequency discrimination.
(a) Basilar Membrane Mechanics

Incoming acoustic signals are transferred to the inner ear, as a hydromechanical wave,
where they are coded according to frequency for nerve transmission. Studies, using the
Méossbauer effect, of the motion of the basilar membrane (BM) during travelling wave
displacement, have shown that each portion of the BM peaks in displacement at a
particular frequency (Sellick et al. 1982). Frequencies just outside a certain band are
many times less likely to have this effect and thus a highly tuned bandpass filter is

indicated.

This variation of resonant frequency with position along the cochlear partition is
brought about by the changes in stiffness and inertia. At the base of the cochlea the
system is predominantly stiffness limited and at the apex, it is mostly mass limited. The
Htravelling wave moves from the base towards the apex and grbws in amplitude because
the stiffness limited system moves first. Resonance occurs when the stiffness limitation
equals the mass limitation. High frequencies resonate at the base because the inertial
forces are highér. The wave slows down approaching the point of resonance and
therefore damping occurs effectively, thus reducing the amplitude of the wave beyond
this point.

The most accurate mathematical models describing the tuning of the cochlea seem to
involve active mechanisms (e.g. Neely and Kim 1983). The addition of mechanical
energy to the travelling wave by an active process would increase the amplitude of
vibration of the basilar membrane at the characteristic frequency. Although the basilar

membrane provides some passive tuning, this does not account for all the tuning effects
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seen. For example, Sellick et al. (1982) have shown that after death, the cochlea is only
broadly tuned (see Figure 2-6).

Figure 2-6: Tuning curves from guinea pig cochlea in various conditions
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Thus, when alive, both the sensitive and the broadly tuned characteristics are effective.
The active mechanism suggested would act as an amplifier, increasing the energy of the
travelling wave and thus sharply tuning the response. It would also seem likely that the
production of otoacoustic emissions (see section 2.2) is linked with this active process.

The active mechanism is discussed further in section (d).

(b) Tuning of hair cells

The responses of both outer and inner hair cells to different frequencies are shown in

Figure 2-7. The form of the tuning curve, for both types of hair cell, is very similar to
that measured from the motion of the basilar membrane. The lower side of the tuning
curve tails off gradually and the upper side has a steep gradient. The tip of the curve at

the characteristic frequency has a low threshold.
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Figure 2-7: Tuning curves for inner (open circles) and outer (filled circles) hair
cells (Cody and Russell 1987)
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(¢) Tuning of auditory nerves

The frequency selectivity of the auditory nerve shows similar characteristics to that of
the basilar membrane and the hair cells. Individual fibres are sharply tuned to a
particular characteristic frequency. The tunmg curves become increasingly asymmetric
at higher frequencies. As with the hair cell and basilar membrane tuning curves, in the
asymmetric cases, the high frequency tail of the curve is very steep whereas the lower
tail gradually slopes off. Increase in stimulus intensity causes an increase in the firing
rate of the fibres, which follows a sigmoidal relationship. For lower frequency tones
(below about SkHz) there is also phase locking to the response. The neural coding of
pitch seems to depend on both temporal and spectral features i.e. both the patterns of
firing of the neurons and the distribution of firing across different neurons play a part.

(d) Active Processes and Outer Hair Cells

The presence of an active process seems essential to explain the high degree of
frequency selectivity of the auditory system. Although there are still uncertainties

regarding the workings of this mechanism, it seems clear that it is very vulnerable to |
physiological change. Figure 2-6 showed that tuning deteriorated in the post mortum
cochlea suggesting that a source of energy is required. Experiments involving the use of

kanamycin, an ototoxic antibiotic which selectively damages outer but not inner hair
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cells, have indicated that the outer hair cells play a crucial role in the maintenance of
normal tuning. Work by Robertson and Johnstone (1979), using this technique, showed
that the auditory nerve tuning curves lost sensitivity and sharpness, and shifted to a

lower frequency, when the outer hair cells were lost (Figure 2-8).

Figure 2-8: Change in tuning of the auditory nerve fibre with kanamycin
administration, which acts on the outer hair cells. From Robertson and Johnstone
(1979), adapted by Pickles (1988)
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Electrical stimulation of the crossed olivocochlear bundle (COCB) in guinea pigs and
cats was also found to degrade the tuning curves of inner hair cells (Brown et al. 1983)
and of the auditory nerve (Guinan and Gifford 1988b). The COCB predominantly makes
connections with the outer hair cells, and therefore this evidence again indicates that the

latter are important in frequency selectivity.

The motility of outer hair cells in response to stimulation has been demonstrated
(Ashmore 1987), adding weight to the theory that they may be part of a feedback
mechanism with the basilar membrane. The ability of the cochlea to actually produce
sound, or otoacoustic emissions, as mentioned earlier, is also a by-product of the

presence of an active mechanism.
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Russell and Nilsen (1997) estimated the location of the amplifier of cochlear mechanics
in guinea pigs to be a 1.25nm portion of the basilar membrane when measuring non-
linear, saturating vibrations at 15kHz. It has been suggested though, that this mechanism
may not contribute evenly to peripheral tuning along the cochlear partition. Human
auditory filters, at close centre frequencies were measured using the roex(p,”) method
(see section 3.1) and were found to be very different from each other (Fagelson and

Champlin 1997).

Therefore, in summary, it is clear that the shape of the tuning characteristics of the hair
cells and the auditory nerve are very similar to that of the basilar membrane. It is likely
thét the overall frequency selectivity of the auditory system is determined at the level of
the basilar membrane. Current evidence suggests that the fine-tuning observed is due to
an actively driven feedback loop, at the level of the basilar membrane,A which is

accomplished via the motile properties of outer hair cells.

2.1.3 Auditory Neural Pathways

The afferent pathway relays the electrical impulses from the cochlea to the brain. Each
ear has about 30,000 fibres which connect mostly with the inner hair cells (type I fibres).
One hair cell is innervated by many fibres. Only 5-10% of fibres (type II) connect with
outer hair cells (see Figure 2-9).

Figure 2-9: Connections of hair cells to afferent nerve fibres. OHC, Outer hair
cells; THC, Inner hair cells; SG, Spiral ganglion. (From Spoendlin (1978), Fig.8)
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The efferent nerve fibres carry nerve impulses descending to the cochlea. This means
that higher centres are able to have some control over the cochlea and thercfore the
incoming information. The efferent fibres make connections with the outer and inner
hair cells. Each outer hair cell has many efferent nerve connectors, with those at the base
having more than those at the apex. The projections to the inner hair cells synapse with
the afferent fibres rather than directly with the hair cell itself. The fibres terminating at
the outer hair cells tend to have large endings, which cover the base of the hair cell as

well as the afferent terminals.

2.1.3.1  The Afferent Pathways

The pathway that the ascending afferent nerves take from cochlea to brainstem is shown

schematically in Figure 2-10.
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2.2 Otoacoustic Emissions

2.2.1 Existence of otoacoustic emissions

The discovery that the cochlea actually emits sound as well as receiving it has
revolutionised research into hearing. Gold had suggested in 1948 that a feedback
mechanism, consisting of both a mechanical-to-electrical and an electrical-to-
mechanical stage, was the source of the high degree of frequency selectivity exhibited in
the cochlea. However, it was not until Kemp (1978) demonstrated that energy emitted
by the human cochlea could be recorded in the ear canal, that there was more interest in
Goid’s hypothesis. These sounds are called otoacoustic emissions (OAEs). The
argurhent that active processes control the mechanical state of the cochlea, gathered
further weight with the discovery that outer hair cells change shape as a voltage is
applied (Brownell et al. 1985). In addition, they seemed to be the source of the reverse
transduction process (electrical-to-mechanical energy) which could affect motion of the

basilar membrane (Mountain and Hubbard 1989).

The exact mechanisms, which lead to the production of OAEs from active processes
within the cochlea, are still to be elucidated. However, OAEs are proving to be a useful
tool in analysing the details of cochlear mechanics. The measurement of OAEs has the
advantage of being a non-invasive objective procedure that can easily be applied to
humans as well as animal models. The test has the benefit of examining only the sensory
elements of the hearing pathway, without confounding the results with information

about the neural pathways.

OAE:s are very sensitive to physiological changes in the cochlea. Therefore, even mild
pathological cor;ditions can abolish OAEs entirely. Many problems with hearing, such
as those due to noise exposure, may involve damage to the actively assisted vibration of
the basilar membrane and therefore OAEs provide a valuable insight into the cochlea in
these cases. Thus, the normal and the abnormal cochlea can be studied using OAEs in
order to further our understanding of the exact mechanisms involved in the hearing

process (for review see Probst et al. 1991).

There are four types of OAEs, which can be classified by whether an external stimulus
is required to evoke them and if so, what the nature of that stimulus is. Only the first
three types of OAE discussed were used in this study.
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2.2.1.1 Transient otoacoustic emissions (TOAE)

These emissions are elicited by a brief stimulus, usually a click. The response emitted by
the ear is then recorded, averaged and frequency analysed using a fast Fourier transform

(FFT) procedure.

It appears that all normally hearing adults would exhibit measurable TOAEs if tested in
ideal conditions (Probst et al. 1991). However, with hearing losses greater than 25-
30dBHL the TEOAE is unrecordable, with the most important frequency region being 1-
2kHz for TOAE generation (see Probst et al. 1991 for review). The latency of the
emissions is related to their frequency components. Lower frequencies are emitted later
than higher ones, with the frequencies around 1kHz being emitted after about 10ms (e.g.
Kemp and Chum 1980). The growth of emission amplitude with stimulus level is
approximately linear until stimulus levels of greater than about 20-30 dBSL, at which
point, the response saturates (e.g. Kemp 1978).

2.2.1.2  Spontaneous otoacoustic emissions

Spontaneous otoacoustic emissions (SOAEs) are acoustic signals generated by the
cochlea without any stimulus. They are narrow band emissions and can be found in
approximately a third of normally hearing ears (see Probst et al. 1991 for review).
SOAEs are most commonly found in the vicinity of 1-2kHz, although this may be
influenced by the transfer function of the middle ear, which is best in this frequency
range (Kemp 1980). SOAEs can be measuréd directly with no external stimulus.
However, in practice it is more convenient, since the response is more robust, to
measure the SOAEs emitted after a click stimulus. In this situation the SOAEs are
synchronised to the stimulus and are therefore often called synchronised spontaneous
otoacoustic emissions (SSOAE). SOAEs appear to be very stable in frequency with
time, and therefore it would seem likely that non-uniformities of some type at distinct

points of the organ of Corti may lead to their generation.

2.2.1.3  Distortion product otoacoustic emissions

Distortion product otoacoustic emissions (DPOAE) are produced as a result of non-
linear processes acting on the incoming acoustic signal to create signals of different

frequencies. DPOAEs were first noted by Kemp (1979) in human ears. If the stimulus
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consists of two tones, f; and f, (primary frequencies), where f;<f,, combination tones are
produced. The most common DPOAE to study because it is usually the strongest, is that

at a frequency of 2f;-f; , the cubic distortion tone.

DPOAESs have advantages when studying the details of cochlear mechanics in that the
place that the response originates is a localised area of the cochlea. There may be more
than one source of DPOAEs on the basilar membrane (Whitehead et al. 1992). Much of
the DPOAE energy is thought to come from the region around the travelling wave peaks
of the stimuli (f; and f;) and probably more predominantly from the region of f, (Brown
and Kemp 1984). It is thought that the source may be in the region of maximum overlap
of i:he travelling wave envelopes of the 2 primary tones, which would place it near to f5.
A second source may be from the DP site (Brown et al. 1996). The exact mechanism of
DP production is not defined. However, it is certain that the situation is complex, and
the interference (constructively or destructively) of the overall emission with emissions
from any part of the cochlea, will affect the outgoing signal. There are therefore many

influences on the emitted response.

2.2.1.4  Stimulus-frequency otoacoustic emissions

Stimulus frequency otoacoustic emissions (SFOAESs) can be generated by presentation
of a low level tonal stimulus. The response is a steady state emission of additional
energy at the same frequency as the stimulus. There has been much less research work
on this class of emissions in comparison with other types, especially in pathological ears
(for review see Probst et al. 1991). For this reason, SFOAEs were not tested in this study

and therefore are not discussed in detail.

2.2.2 How OAEs have been used to study the auditory efferent system

It has been found that the magnitude of TOAE responses can be reduced by the
simultaneous presentation of contralateral acoustic stimuli (Collet et al. 1990). This
effect was assumed to take place via the efferent fibre connections to the opposite ear
since it could occur at levels below the acoustic reflex threshold. There are many other

experiments that have studied this effect and they will be discussed in section 2.3.2.2.
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2.3  The Auditory Efferent System

2.3.1 Detailed Anatomy

As early as 1893 (Held), it was known that efferent neural pathways relayed information
from the brain to the cochlea. However, the anatomy of the pathway was described in
greater detail by Rasmussen (1946). The efferent input to the cochlea consists of the
olivocochlear bundle, which passes from the superior olivary complex structures on
both sides of the brain. The contralateral fibres (crossed olivocochlear bundle, COCB)
cross over the dorsal surface of the brainstem, below the floor of the fourth ventricle.
The crossed and the uncrossed (ipsilateral) fibres then join together. Before leaving the
brainstem, some fibres eﬁd in the cochlear nuclei and the rest travel along the vestibular

nerve until they transfer into the auditory nerve and enter the cochlea (Figure 2-12).

Figure 2-12: Schematic diagram showing the course of the auditory efferent system
(broken line) to the cochlea, and the afferent system (solid line).'

Cochlea o Cochlea

1 Abbreviations used are: LOCS- lateral olivocochlear system, MOCS- medial olivocochlear system, CN-
cochlear nucleus, SOC- superior olivary complex, TB- trapezoid body, IC- inferior colliculus, SM-
stapedius muscle, VIIMN- seventh nerve motor nucleus
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By using transport techniques, involving radioactively labelled amino acids, two

populations of olivocochlear neurons have been found (Guinan et al. 1983):-

i) The lateral olivocochlear neurons (LOC) (54% of the total number of
olivocochlear fibres) are mainly (approximately 90%) ipsilateral and synapse
with cochlear afferent neuron dendrites close to the inner hair cells. They are

thin, unmyelinated and originate from the lateral superior olivary complex.

if) The medial olivocochlear neurons (MOC) (40% of the total population)
project mainly contralaterally (80%) from the region around the medial nuclei
of the superior olivary complex and terminate beneath the outer hair cells of

the organ of Corti. These are large, myelinated fibres.
Most efferent units were found, in the cat, to have binaural inputs (Liberman 1988).

This structure suggests that it may be possible for the efferent system to exert control
over both the hair cell and the transmission of the impulse to the afferent nerve.
Moreover, it would seem likely that these two very distinct populations of fibres would

have different roles to play in the hearing process.

2.3.2 Physiology

Studies to evaluate the function of this extensive pathway of fibres have used electrical
and acoustic stimuli to activate the efferent nerves in both animal and human subjects.
This review of the physiology of the efferent system classifies current knowledge
according to the effects that efferent activation has on different levels of the auditory
pathway. Firstly, the effects to the afferent responses and cochlear potentials will be

discussed, followed by efferent induced otoacoustic emission changes.

2.3.2.1  Effects of efferent activation on afferent responses and cochlear potentials

Early experiments (Desmedt 1962; Galambos 1956) established that the crossed
olivocochlear bundle (COCB) has an inhibitory effect on the eighth nerve action
potential. Electrical stimulation of the floor of the fourth ventricle caused a suppression
in the action potential (N1), as did selective stimulation of the MOC fibres (Gifford and
Guinan 1987). These findings have also been replicated using acoustic stimulation in

cats (Buno 1978) and in humans (Folsom and Owsley 1987; Prasher and Gibson 1984).
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Kawase and Liberman (1993) found both a decrease and an increase in cochlear action
potential (CAP) for tones masked with ipsilateral noise. The effect depended on
frequency. Enhancement of CAP in the cat was largest for tones from 8 to 16 kHz and
suppression was largest for 2 to 8 kHz. Kawase et al. (1993) showed that discharge rates
to a masked tone could be increased whilst the rates to the masker decreased, by the

addition of contralateral sound, indicating a role in signal discrimination.

Some other cochlear potentials are also affected by activation of the efferent system. An
increase in the cochlear microphonic (CM) was observed under electrical stimulation in
animals (Fex 1962; Gifford and Guinan 1987; Mountain 1980) and a drop in
endocochlear potential (EP) was also found (Fex 1967; Gifford and Guinan 1987). The
CM is thought to be produced predominantly by the outer hair cells and the stria

vascularis is the presumed generator of the EP.

The discharge rate of auditory nerve fibres during efferent stimulation was found to be
reduced, (see part A, Figure 2-14) and this effect was greatest for fibres responding to
their own characteristic frequency, during electrical stimulation (Wiederhold 1970) ahd
during contralateral acoustical stimulation (Warren and Liberman 1989b),
demonstrating the frequency specificity of the effect. The tonotopic organisation of the
efferent projections is also evidenced by the work of Liberman and Brown (1986) who
found that the fibres are tuned to the region that they innervate. The decline in the
suppression away from the characteristic frequency leads to a widening of the fibre's
frequency tuning curve and therefore a reduction in the "Q" value (Guinan and Gifford
1988b). Fibres with low spontaneous rates (SR) were also found to show the greatest
reduction in discharge rate (Guinan and Gifford 1988b). Stimulation of the MOC was
found to reduce the SR activity mostly around 10kHz and to suppress responses to
sounds more at lower characteristic frequencies (CF) in cats (Guinan and Gifford
1988a). The former result was thought to be due to the fact that the greatest innervation
of outer hair cells by medial efferent fibres is at this frequency. The latter finding was
attributed to the efferents acting on the outer hair cells to damp the motion of the basilar
membrane and this effect being transmitted apically. By recording potentials from
electrodes at the round window and in the skull of guinea pigs in the presence of no
ipsilateral stimulation, the ‘ensemble background activity’ was found to be reduced

during contralateral white noise stimulation (Da-Costa et al. 1997).
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Earlier studies found that the effect that the efferent system had on auditory nerve
responses was maximal at low ipsilateral sound levels (Desmedt 1962; Galambos 1956;
Wiederhold 1970). More recently however, measurements of single afferent fibre
responses to varying levels of sound stimulation showed that the largest MOC evoked
suppression was at moderate to high sound levels (Guinan and Stankovic 1996). The
difference between this and the earlier results was thought to be due to the fact that in
the earlier studies the CAP was being measured, and this would have been dominated by
responses from high spontaneous rate fibres and from fibres responding to sounds not at
their CF. As mentioned earlier, both these conditions are not optimal for measuring
efferent effects since low spontaneous rate fibres show greatest suppression (Guinan and
Gifford 1988b) as do those fibres responding to their CF (Warren and Liberman 1989b;
Wiederhold 1970). However, the results of Guinan and Stankovic (1996) have also been
shown for basilar membrane motion in guinea pigs, measured using a laser

interferometer (Russell and Murugasu 1997).

The decrease in output from the afferent fibres seems to be accounted for by the
reduction in the mechanical responses of the inner hair cells (Brown and Nuttall 1984).
However, the increase in attenuation at higher levels discussed above, does not support
the hypothesis that changes in BM motion are solely responsible for the effect.
Nevertheless, as mentioned, it has been found that OCB activation does cause damping
of the motion of the basilar membrane (Russell and Murugasu 1997). This was also
demonstrated by measurement of the cochlear microphonic potential under contralateral
acoustic stimulation in the mustached bat (Henson et al. 1995). However, the slow
contraction of the outer hair cells produced by stimulation of the efferent system was
only found to give small deflections of the stereocilia, equivalent to a transverse
movement of the organ of Corti of less than 1.5nm (Patuzzi and Rajan 1990). It is
possible therefore that the changes in BM motion may partly explain the effects seen,

but also another, as yet unfound, mechanism may be involved.

By sectioning of the pathway at different levels in animals, some workers have tried to
deduce the effects of the olivocochlear bundle (OCB) on hearing. A section in the floor
of the fourth ventricle ipsilateral to the ear to be studied, at the vestibular nerve or at the
internal auditory meatus (see B in Figure 2-13), can eliminate the entire OCB (both

crossed and uncrossed components), whereas a midline section (see A in Figure 2-13)
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the action of the outer hair cells (Bonfils et al. 1986a; Bonfils et al. 1986b; Kawase and
Liberman 1993; Warren and Liberman 1989a).

To summarise, when activated either electrically or acoustically the olivocochlear
bundle has the effect of reducing or sometimes increasing the activity in the afferent
nerves. The effect seems to be frequency specific and thus the tuning of the cochlea can

be altered.

2.3.2.2  Effects of efferent activation on otoacoustic emissions

Although the above studies have shown that OCB activation can alter the responses of
the auditory nerve fibres to sound, the precise mechanisms subserving these effects are
not yet clear. However, information from the work on otoacoustic emissions provides

evidence that the OCB can affect the active processes involved in cochlear mechanics.

As discussed in section 2.2, otoacoustic emissions are thought to be produced by the
active processes occurring in the cochlea, probably involving the outer hair cells. Since
the MOC neurons synapse at the base of these cells, it is possible that the efferent
system can directly alter the cochlear mechanics. Thus, otoacoustic emissions have

become a useful and convenient tool in studying efferent function.

Electrical stimulation of the crossed olivocochlear bundle in animals produces changes
in the distortion product (DP) emissions from the cochlea (Guinan 1986; Mountain
1980; Siegel and Kim 1982). This is important evidence showing that the OCB can, in
fact, alter cochlear mechanics. By changing the movement of the organ of Corti, the
mechanical stimulus imparted to the inner hair cells is altered. Thus, this may indicate a
mechanism by which the incoming efferent signals can alter afferent responses to

sounds.

Contralateral acoustic stimuli have been shown to reduce the amplitude of transient
evoked otoacoustic emissions (TEOAEs) (Collet et al. 1990), and spontaneous
otoacoustic emissions (SOAEs) (Mott et al. 1989; Moulin et al. 1992) in humans. This
reduction in response implies that the MOC alters the activity of the outer hair cells in
such a way as to dampen the production of otoacoustic emissions. Lesions to part of this
feedback loop should in theory then reduce the suppression of OAEs. This was in fact

found to be the case, when inner hair cells were selectively damaged in chinchillas using
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carboplatin, and the TEOAE amplitude was enhanced, even though hearing thresholds
were elevated (Wake et al. 1996). Distortion product otoacoustic emissions (DPOAEs5)

seem to show an increase or a decrease in response amplitude in humans (Moulin et al.
1992).

The effect of contralateral auditory stimulation on DPOAEs was found to be stronger in
the vicinity of spontaneous otoacoustic emissions (Moulin et al. 1992) which seems to
disagree with the theory that SOAEs are produced at an area of low efferent damping
activity. Tests on TEOAEs have shown that greater levels of efferent suppression occur
with lower levels of ipsilateral stimulation (Hood et al. 1996; Ryan and Kemp 1996;
Veuillet et al. 1996). This has also been shown with DPOAEs as well as finding that
mid frequency regions give the greatest suppression (Moulin et al. 1993). The variation
of efferent effect with stimulus levels agrees with the earlier studies of afferent nerve
responses but not the more recent work (see section 2.3.2.1) which found that there was

a larger effect at higher levels.

Contralateral sound has also been shown to produce a shift in phase of TEOAEs (Ryan
et al. 1991), a shift in frequency of SOAEs (Mott et al. 1989; Moulin et al. 1992) and a
decrease in the latency of DPOAESs (Giraud et al. 1997b). No signs of efferent fatigue
were found for stimuli of up to 4 minutes duration (Giraud et al. 1997c), measured using
TEOAEs. The frequency specificity of the contralaterally evoked suppression was
demonstrated, at least for middle frequencies, with both TEOAEs (Rossi et al. 1993;
Veuillet et al. 1991) and DPOAEs (Chery Croze et al. 1993). Amplitude modulation of
contralateral stimuli (a phenomenon common in environmental situations) has also been

found to alter the ipsilateral TOAE response (Maison et al. 1997b).

Low level contra;lateral stimuli were found to decrease the variability in the amplitude of
TEOAE between tests, and the variability during contralateral stimulétion was found to
be related to the suppression in the response (Maison et al. 1997a). Since other methods
of attenuating the response, such as reducing the stimuli level, also increased the
variability, the MOC was assumed to be the cause of the variability decrease by
stabilising active processes in the cochlea. The argument was strengthened when no
effect was found in patients who had undergone a vestibular neurectomy and who would
have had their efferent fibres cut at the same time as the vestibular nerve. This result fits

in with the hypothesis that the efferent system acts via the outer hair cells to dampen the

40



motion of the basilar membrane. With a dampened basilar membrane, the whole system

would be tightened and there would be less possibility of variability in the response.

There is some disagreement concerning the existence of a gender or laterality effect. A
smaller suppressive effect was noted in right ears and in females by McFadden (1993) in
his review paper, whereas the olivocochlear system was found to be more active on the
right side, without any effect of gender, by Khalfa and Collet (1996). Large intersubject
variability has been observed with normals (Collet et al. 1992; Norman and Thornton

1993).

The evidence that the above effects are mediated via the efferent system is quite
convincing. In animals, Puel and Rebillard (1990) found that the DP suppressive effect
was eliminated by a midline section of the brainstem involving the COCB and Kujawa
et al. (1993) inhibited the suppression with strychnine, curare and atropine, antagonists
of olivocochlear efferent activity. Similarly, gentamicin administration in guinea pigs
abolished contralateral suppression of DPs (Avan et al. 1996). Gentamicin is thought to

block medial efferent action at the level of the outer hair cell synapses.

Few studies have investigated ipsilateral suppression of OAE responses. The
ipsilaterally responsive loop consists of the crossed OCB and thus contains 2/3 of the
OCB population rather than the 1/3 of fibres that are activated in the majority of efferent
studies using contralateral stimulation. It is important to separate out any suppressive
effects that may be due to processes occurring in the cochlea other than those which are
induced by the efferent system. After the first few milliseconds a longer latency
suppression was observed in TEOAEs (Tavartkiladze et al. 1996) and this was assumed
to be evidence for a MOC ipsilateral effect. However, only one subject was tested in this
study. Analysis ;)f DPOAE:s over time in cats showed that there was a rapid adaptation
of the response by 6dB caused by the primary tones (Liberman et al. 1996). Sectioning
the COCB abolished the effect and thus it was attributed to action of the ipsilateral
MOC reflex.

By suppressing DPOAEs with a third ipsilateral tone, which was swept across
frequency, a suppression tuning curve was measured. This has been thought to be an
indicator of frequency selectivity and it was found that contralateral stimulation did

indeed broaden the tuning curve (Williams and Brown 1995).
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Further research has addressed the question as to whether the efferent system only
affects cochlear mechanics when stimulated or continuously in a tonic level of control.
TOAEs were measured in chinchillas before and after COCB section (Kakigi et al.
1997) and it was found that the amplitude of most frequency components of the
response (except that at 1kHz) increased i.e. the suppressive effect of the COCB had
been removed. Similar results were found when measuring DPOAEs after COCB
section in cats (Liberman et al. 1996). There have however, been reports of no change in
DPs after OCB section in the guinea pig (Littman et al. 1992). If the efferent system
does indeed provide a tonic level of control of cochlear mechanics it may either
originate via a feedback loop from the ipsilateral stimulus or from a spontaneous level

of activity continuously present in the OCB system.

Chang and Norton (1997) suggested that activation of the efferent system might cause
modulation of adaptive processes in the cochlea via shifts in the dc operating bias of the
outer hair cells. They found that in guinea pigs the quadratic distortion product £-fj,
which decays over time (Kirk and Johnstone 1993), declined at a faster rate and with a

greater magnitude in the presence of contralateral broadband noise.

In patients who had had a vestibular neurectomy, no suppression of TEOAEs was found
(Williams et al. 1993; Williams et al. 1994). Patients with lesions affecting the efferent
pathway in the vestibular nerve or at the superior olivary complex have also been shown

to have reduced or absent suppression (Prasher et al. 1994).

Some interesting results have come from examining efferent function in certain clinical
groups. In a subject with hyperacusis, the normal suppression of TEOAEs was not
observed (Collet et al. 1992), suggesting an inefficient efferent system failing to dampen
responses to auaitory signals. A study of a group of noise induced tinnitus patients
showed abnormal suppression of TEOAEs compared to a normal group (Attias et al.
1996). Tests of efferent function may therefore prove to become useful in clinical

diagnosis.

The ability of otoacoustic emissions to give a non-invasive insight into cochlear
mechanics has meant that the popularity of OAEs as a tool for examining the OCB has
increased dramatically over the last few years. The work so far has provided important

evidence that OCB activation does actually affect cochlear mechanics. This has been
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shown by reductions in TEOAEs and SOAEs and changes to DPOAEs in both animal

and human subjects. The effect was also found to be frequency specific.

2.3.2.3  Effects of efferent activation on efferent fibres themselves

There have been only a few studies on acoustically evoked responses of the efferent
fibres in animals. These studies are informative in that they give specific information
about the timing of activation of fibres under certain stimulus paradigms. Fex (1962)
demonstrated that in response to contralateral sound the efferent fibres, recorded in the
vestibulocochlear anastomosis, produced regular spike trains. The fibres were found to
have a high degree of frequency selectivity similar to that found in afferent fibres (Cody
and Johnstone 1982a; Liberman and Brown 1986). The latter also established that most
of the fibres measured were excited by only one ear and had no spontaneous activity.
Binaural units were often found to have spontaneous discharge activity and were

normally associated with low CF regions of the cochlea.

Differences were noted between the electrical properties of the MOC and the LOC
neurons using cell patch recordings (Fujino et al. 1997). In response to depolarising
current pulses, LOC fibres were found to exhibit a long first interspike interval, whereas

MOC fibres had a long latency until the first spike.

2.3.2.4  Possible Influence of the Acoustic Reflex Pathway

Stimulation of the olivocochlear bundle electrically or acoustically could also stimulate
the nerve fibres innervating the stapedius muscle. Contraction of this muscle would
cause attenuation of the signal passing through the middle ear. This may be a
confounding factor in studies where recording of efferent function involved
transmission of sound through the middle ear i.e. not those where measurements were
taken directly from the efferent nerve fibres. In order to be sure that results observed in
the above studies were due to the olivocochlear bundle rather than the acoustic reflex,
many of the workers either cut the tendons, paralysed the muscle or tested subjects with

no acoustic reflex.

The suppression of OAEs has been demonstrated in subjects with absent acoustic reflex

(Veuillet et al. 1991). It has also been suggested that features of the effect, such as
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frequency specificity and the ability to be activated by low contralateral intensities, rule
out the possibility of the effect being caused by the middle ear muscles alone.

2.3.2.5 Neuro-transmitters

The lateral and medial efferent nerves were defined anatomically, but have also been
found to have differing neurochemistry. At the synapses between the medial efferents
and the outer hair cells acetylcholine (ACh), calcitonine gene related peptide (CGRP)
and, at the cochlea apex, y-amino-butyric acid (GABA) have been localised. The lateral
efferent synapses with the afferent auditory nerve beneath the inner hair cells have been
found to contain not only ACh, CGRP and GABA, but also enkephalins, dopamine and
dynorphins (for reviews see Eybalin 1993; Pujol 1994). Since so many neurotransmitters
have been found to be present, it has been suggested that the lateral efferent system be
further subdivided into populations dependent upon their neurochemistry. Release of
combinations of these neurotransmitters in differing physiological conditions may well

be indicative of both efferent systems playing a variety of roles in audition.

2.3.2.6  Summary

Although direct electrical stimulation of the olivocochlear bundle provides a convenient
way of studying the effects on the cochlea of efferent activation, it is not without its
problems. Firstly, although it may appear a good method of specifically stimulating the
nerve in question, it is hard to rule out spread of the stimulation to other fibres, for
example specific stimulation of the LOC or MOC in certain locations. Secondly, one
must be careful when interpreting results from electrical stimulation with regard to the
'real life' situation of acoustic stimulation. The stimulus rates and intensities used in
some of these studies may have been markedly different from those encountered
physiologically. It is also worth noting that the results from work involving acoustical
stimulation have the advantage of being more readily comparable between animal and
human models. However, some valuable information can still be acquired from the
studies using electrical stimulation, and acoustical stimulation results have in general

agreed with those findings.

It must also be noted that the use of anaesthetics can reduce tonic activity in the efferent
nerves as measured by studying TOAEs (Harel et al. 1997). Increases in OAE level may

therefore occur and so results from experiments involving anaesthesia must be treated

44



with caution. One study has also examined the relative strengths of the olivocochlear
reflex in humans and anaesthetised cats (Puria et al. 1996). It was found that the human

OCB reflex was at least as strong, if not stronger, than the reflex in cats.

Bringing the work of the previous sections together, we can get a clearer picture of how
the efferent system operates. In summary, the MOC when activated seems to be able to
alter afferent responses, via the outer hair cells and their ability to alter cochlear
mechanics. Generally the MOC seems to inhibit responses in auditory nerve fibres and
the most common hypothesis about this mechanism is that it occurs via a damping of the
motion of the basilar membrane by the outer hair cells. There is however, evidence that
other mechanisms may also play a part in MOC evoked inhibition. Electrical stimulation
of efferents in cats attenuated the afferent responses to tone bursts and the equivalent
attenuation was found to be largest at mid dBSPL levels (Guinan and Stankovic 1996).
If reduction of basilar membrane motion was the only cause of the inhibition observed
then one would expect the equivalent attenuation to be greatest at low sound levels. This
is because reduction in the motion of the basilar membrane is a result of the
Xcompressive non-linearity of the system tending towards linearity. The reduction in

basilar membrane motion is therefore greatest at low sound levels (Sellick et al. 1982).

There are some other possible mechanisms by which MOC activation may cause an
inhibition in afferent nerve activity (Guinan and Stankovic 1996). Firstly, the coupling
between the basilar membrane motion and the inner hair cell stereocilia deflection may
be reduced by distortion of the organ of Corti. Secondly, movement of the outer hair
cells may cause small deflections of the inner hair cell stereocilia and efferent activation
could reduce this coupling. Finally, electrical potentials set up by MOC activation may
affect inner hair cell transmitter release. However, only the latter mechanism could
possibly produce a maximal auditory nerve inhibition at mid to high sound levels. Given
the present evidence from OAE studies though, the explanation for the efferent induced
reduction in afferent responses seems most likely to be due a change in BM motion with

the added influence of one or more other factors.

There is still little information on the functioning of the lateral olivocochlear system
(LOC), since many of the above tests involve possible activation of both the MOC and
the LOC. Gifford and Guinan (1987), by stimulating the MOC separately, suggested that
small effects which had been previously attributed to the LOC could be accounted for by
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a spread of activity to the uncrossed MOC. No other effects of the LOC have been
defined.

2.3.3 Possible roles of the auditory efferent system

So far the work discussed has been concerned with elucidating the physiology of the
auditory efferent system. Although some speculation of possible roles in hearing can be
made from this information, the following studies have examined the validity of certain

hypotheses concerning efferent function.

2.3.3.1 Protection

Past work has suggested that the efferent system could play a role in protecting the
cochlea against acoustic injury. By exposing guinea pigs to loud tones, Cody and
Johnstone (1982) found that contralateral acoustic stimulation of the same frequency
could reduce the temporary threshold shift (TTS) encountered. This was not due to
acoustic reflex pathway activation since a muscle relaxant had been used. Further
evidence that the effect was efferent mediated came from the elimination of the
reduction in TTS after the administration of efferent activity blocking strychnine.
Electrical stimulation of the OCB was found to reduce the TTS only for levels of
acoustic stimulation between 110-130dBSPL (Takeyama et al. 1992), and for high
frequencies (8 and 10kHz) and short durations (1 and 2 minutes) (Reiter and Liberman
1995). Puel and Vassout (1992) found that the CAP was changed more after loud tone
bursts at a rate of 1 per second than at 17 per second. This was attributed to full
efficiency of the protective function at 17 per second stimulation, whereas at the slower
rate there was time for the cochlea to return to its original state between each tone burst.
Cutting the OCB at the level of the fourth ventricle blocked the protective effect
providing more evidence that the MOC fibres play a role in protection. This was also
shown to be the case in chinchillas for both TTS and permanent threshold shift (PTS)
(Zheng et al. 1997a; Zheng et al. 1997b). Contradictory evidence however, came from
Liberman (1992) who failed to identify any difference in the hearing of cats exposed to
loud sounds either with or without section of the OCB or any protection against
permanent hearing damage in guinea pigs (Liberman and Gao 1995). Rajan (1992), in
his review of the protective mechanism, noted how there may be a "memory
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component” to the protective mechanism, which is activated by afferent input.
Stimulation of the brainstem, which would normally have caused a reduction in TTS for
some time, did not produce this effect after sectioning of the COCB fibres. He suggested
that the protective effect may operate via a lower brainstem reflex arc, which may be
influenced by activity from higher centres, and more recently, Rajan (1995) noted that
binaural exposure gave greater OCB protection than monaural exposure. He also found
that the activation threshold for the efferent induced protection seemed to be dependent
on the frequency of the damaging sound in cats (Rajan 1995a), and that an initial
exposure to noise was able to prime the OCB to protect the cat cochlea 35 minutes later
even when the second stimulus would not normally have evoked a protective response

(Rajan 1996).

There have been some studies in humans of possible efferent induced protection. Scharf
et al. (1994) measured the TTS in one subject who had undergone vestibular
neurectomy. After presentation of a 1kHz tone at 90 dBSPL for 15 minutes only slightly
less TTS was present in the operated ear than in the unoperated one. Otoacoustic
emission suppression, by contralateral sound, was compared in subjects with noise
induced hearing loss (NIHL) and those with other forms of sensori-neural hearing loss
by Collet et al. (1991). No difference in the efferent induced suppression was found and
no correlation was found between TTS and emission suppression in the NIHL group.
However, there was no control group with which to compare the results in the latter part
of this study and thus no conclusion about the involvement of the MOC in protection
could be drawn. The suppression of TEOAEs was also measured by Veuillet et al.
(1992) and it was noted that at frequencies around 4kHz no suppression occurred. A link
between this and the vulnerability of the cochlea in this region was suggested.

The lack of information on human subjects relates to the difficulties in testing
quantifiable noise damage. One can conclude, however, that it is possible that the
efferents may play their part in protection by altering cochlear mechanics via the outer
hair cells, thus reducing the travelling wave magnitude. Ideally, subjects prior to noise
damage should be tested and efferent function related to cochlear damage after a period
of noise exposure. Defining the degree of the efferent involvement in hearing protection

may prove to be important in industrial noise exposure.
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2.3.3.2  Improved Signal Detection and Discrimination

It is possible that the efferent system could help in signal discrimination in noise by
suppressing responses to the background noise, therefore improving the signal to noise
ratio. This theory is supported by the work of Winslow and Sachs (1987) who concluded
that OCB stimulation caused a reduction in the response of single auditory fibres to
masking noise (see Figure 2-14). Thus, the efferent system could play a role in signal
detection in noise by restoring the dynamic range of the cochlea to almost that which it

would have had without the addition of the background noise.

Figure 2-14: Rate Intensity functions for an auditory nerve fibre in response to a
tone, with (dashed line) and without (solid line) electrical stimulation of the COCB.
(A) No masking noise, (B) with continous masking. Arrow show points where the
tone increased the firing rate by 20 spikes/s. From Winsloew and Sachs (1987)
adapted by Pickles (1988).
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Early behavioural studies on animals showed that sectioning of the OCB caused a
reduction in a t1:ained monkey's ability to discriminate between vowel sounds in noise
(Dewson 1968) and between different frequencies (Capps and Ades 1968). More
recently, vowel format discrimination in noise in cats has be found to deteriorate after
bilateral OCB sectioning (Hienz et al. 1998). However, other studies on cats have
revealed that COCB section causes no deterioration in either detection of single tones in
noise (Igarashi et al. 1972; Trahiotis and Elliott 1970), frequency discrimination
(Igarashi et al. 1979b) or intensity discrimination (Igarashi et al. 1979a). The lack of
change may be due to the fact that the uncrossed olivocochlear bundle (UOCB) was not

sectioned and, as mentioned earlier, some workers consider the UOCB to be responsible
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for many of the effects reported experimentally. The discrepancy in the results could
also be explained by considering that by steepening the rate-level function shown in
Figure 2-14, COCB activation could improve the discrimination of the signal from the
background noise. However, at low levels, at the base of the function (shown by the
arrows), the initial increase in firing rate with increasing signal level would still occur at
the same point. In this way, straightforward detection of low-level tones in noise would
not show any efferent effect, but complex suprathreshold discrimination tasks would be

improved.

More recently, Kawase et al. (1993) found that a contralateral acoustic stimulus could
increase the afferent neuron discharge rates to a tone in a masker while the rate of
activity to the masker decreased, indicating a role in signal discrimination in noise.
Electrical stimulation of the COCB of a cat was found to affect intensity discrimination
in noise (Winslow and Sachs 1988). In this study, the efferent system was thought to
enhance intensity discrimination by restoring dynamic range and sensitivity to the
cochlea. When the OCB was sectioned at the floor of the fourth ventricle it was found
that intensity discrimination in background noise deteriorated only at mid frequencies

(8kHz) and not at 1kHz (May and McQuone 1995).

With normally hearing human subjects, a correlation has been observed between
detection thresholds to simple and complex multi tones in noise, and OAE suppression
(Micheyl and Collet 1996; Micheyl et al. 1995b). Detection of speech in noise was
shown to be related to MOC activity as measured by OAE suppression (Giraud et al.
1997a). This study also found that the addition of contralateral noise improved
intelligibility of speech in noise in normal subjects but not in patients whose OCB is cut
after vestibular neurectomy. This implies that the efferent system plays an anti-masking
role thus improving speech in noise intelligibility. Additionally, patients with King-
Kopetzky syndrome, where the only auditory complaint is a difficulty in discriminating
speech (particularly in background noise), have been shown to have significantly less
TEOAE suppression than a control group (Zhao et al. 1997). A decline in the function of
the efferent system with age was found using the test of OAE suppression, which may
explain the common age related complaint of difficulty in hearing against background
noise (Castor et al. 1994). These results all indicate a role for the OCB in detection of
signals in noise, however there have been studies of patients whose OCB is cut after

vestibular neurectomy, which have found no deterioration in detection (Scharf et al.

49



1997). This latter study also found no deterioration in frequency selectivity, loudness

adaptation, and intensity and frequency discrimination.

Contralateral noise altered intensity discrimination in humans and this change was
related to MOC function as measured by TEOAE suppression (Micheyl et al. 1997b),
thus agreeing with the previous studies on animals (May and McQuone 1995; Winslow
and Sachs 1988) but not the findings from vestibular neurectomy patients (Scharf et al.
1997). A study comparing groups of musicians and non-musicians found that efferent
suppression of OAEs was higher in the musicians group (Micheyl et al. 1995a; Micheyl
et al. 1997a). This interesting result raises the possibility that ‘auditory training’ could

alter physiological mechanisms, thus improving our hearing.

Another suggestion has been that the efferent system may aid in temporal resolution.
Giraud et al. (1997) found that the latency of DPOAEs was reduced during contralateral
acoustic stimulation in normally hearing human subjects. They postulated that this may
have occurred due to a shortening in the time taken for the basilar membrane to build up
a peak, and if this was the case, then it would enable the auditory system to follow

temporally fluctuating sounds more rapidly.

2.3.3.3 Lateralization

The literature is inconclusive regarding the efferent system and sound lateralization, as
there have been few studies with varying results. Early work (Fisch 1970), indicated that
subjects post vestibular neurectomy, had deficits in their ability to lateralise sounds.
However, changes in the hearing sensitivity may have accounted for this. More recently,
Scharf et al. (1997) found no defects in a subject's ability to judge the position of a

sound after vestibular neurectomy.

2.3.3.4 Attention

The effect of attention on hearing and its link with the efferent system has been studied
by a number of workers. The earlier work on animals by Glenn and Oatman (1977)
examined the effect of a visual task on the ABR in cats. The amplitude of the ABR was
found to decrease during the task and the latency of NI increased. Oatman and
Anderson (1977) also found a decrease in response amplitude, with mid frequency tones

suppressed more, and detected no change in the cochlear microphonic (CM).
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In more recent work with humans, Brix (1984) tested the influence of selective auditory
attention on the ABR of 100 subjects, and found a decrease in the I-V interval.
However, the length of the ABR test causes problems with regard to attention span, so
with the advent of OAE testing this has made it easier to measure the subtle changes
involved in a shorter length of time. During a visual task, a decrease in the amplitude of
the dominant frequency of evoked OAEs was measured (Puel et al. 1988), but no change
was found in DP or stimulus frequency emissions (Avan and Bonfils 1992). The latter
two studies however, involved comparing the attentional task with a passive task which
may have confounded the attentional effects with general alertness. Froehlich et al.
(1993) found a decrease in the amplitude of evoked OAEs, which was maximum at
approximately 1-2kHz for a visual task and at 2-3kHz for an auditory task, suggesting
that attention in different modalities acts on different parts of the cochlea. Using a test
where the direction of auditory attention was changed, tone evoked OAEs were found to
be greater at the target frequency when attention was directed towards that ear (Giard et
al. 1994). However, there have been other tone evoked OAE studies demonstrating no
influence of the efferent system in selective attention (Michie et al. 1996). Scharf et al.
(1997) found that after numerous tests on vestibular neurectomy patients there was
significant change in the detection of unexpected signals in noise. This was attributed to
an impairment in selective attention, and suggested that the efferent system was the

cause of the change.

It thus seems to be the case that input from higher centres can affect the level of efferent
action on the cochlea. This may prove useful when wishing to concentrate on a
particular signal in a particular ear. It is therefore clearly important to control the

attentional state of the subject when testing the efferent system.

2.3.3.5  Synchronisation

Berlin et al. (1993) suggested that the efferent system could be involved in
synchronisation of the afferent activity, after testing a number of subjects with normal
thresholds at 2kHz, robust OAEs but absent ABR and acoustic reflexes. The authors
thought however, that it was more likely that these findings were due to a deficit in

afferent function.
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2.3.3.6  Summary

Although the effects of OCB activation have been studied in detail in both animals and
humans, the role that the MOC, and especially the LOC system play in hearing, have
still to be clarified.

Past studies have demonstrated that activation of the efferent neurons leads to a
reduction in N1 response, an increase in the cochlear microphonic, a decrease in the
endocochlear potential, desensitisation of the inner hair cells and changes in cochlear
mechanics shown by studies of otoacoustic emissions. The actions of the efferent nerve
were found to be frequency specific. With regard to the role that this system plays in the
hearing process, there is evidence that it may be involved in protection of the ear against
damagingly loud sounds and the detection of signals in noise. There is also evidence that
the efferent system may facilitate a method by which the higher centres of the brain can
affect incoming signals at the level of the cochlea, for example in situations where
attention is needed to a particular input. The use of OAEs is very valuable in studying

these situations.

The function of the LOC is still particularly poorly understood. It seems unlikely that

such a system would have no influence on hearing.

2.4 Measurement of Frequency Selectivity in Humans

In animals, frequency selectivity can be investigated by measurements of nerve fibre
responses to different stimuli and by direct measurements of the motion of the basilar
membrane. Sin<;e these methods are inappropriate for human studies psychoacoustic
techniques have been developed to enable measures of frequency selectivity to be

obtained.

Frequency selectivity can be described as the ability to discriminate a particular signal in
the presence of others. Masking techniques are therefore commonly employed in tests of
frequency selectivity. Fletcher (1940) measured the threshold of a tone in masking noise
as the bandwidth of the noise was increased. It was found that the threshold increased to
a point before reaching a plateau. This was taken to indicate that only the narrow band
of frequencies close to the probe tone were effective as maskers. This bandwidth was
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named the ‘critical band’. Fletcher (1940) made the assumption that the filter which
determined how much of the masker and signal could pass, was rectangular. He
suggested that the basilar membrane was the origin of a bank of overlapping such filters

responding to different frequencies.

However, noises outside the critical band are able to mask the probe signal. This is
indicative of the fact that the auditory filter is not rectangular in shape but has sloping
sides. One method for finding the shape of the auditory filter involves measurement of
the detection threshold for a fixed level probe signal with a masker (tone or narrow band
noise) which varies in frequency. The resulting threshold graph is called a
psychophysical tuning curve (PTC). The shape of the PTC is very similar to that of the
tuning curves measured directly from nerve fibres therefore indicating that both methods

are examining the same physiological process.

In response to any stimulus, the auditory system uses the auditory filter that is best for
the input. It is important when measuring the shape of the auditory filters that all the
measurements are taken from the same filter. It may be the case that in some listening
conditions the subject automatically uses a filter of a different centre frequency since

this provides an improved signal to noise ratio. This is called off-frequency listening.

In order to minimise off-frequency listening, notched-noise can be used as the masker.
Noise is also preferable to a sinusoidal signal as the masker because it reduces the effect
of beats, which can be used as a cue. Therefore, a preferable method to use, and the one

chosen for this study, is that called the notched-noise method.

The filter shape however, is not symmetric especially at higher and lower levels. In
order to measure the asymmetry of the filter, maskers which are asymmetric about the
signal frequency are used. By measuring the threshold of the signal at various notch
widths, the shape of the auditory filter can be estimated. The details of the experimental

method used will be described in more detail in section 3.1.

Studies into the frequency selectivity of the human auditory system using
psychoacoustic techniques have shown that as the centre frequency rises the bandwidth
of the filter also rises (Glasberg and Moore 1990). The bandwidth for frequencies above
1kHz is approximately 10-17% of the centre frequency. The relationship between the
equivalent rectangular bandwidth (ERB) and frequency (F) is fitted quite closely by
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ERB = 247(437F +1)

The ERB is an approximation of a filter. It assumes its shape to be rectangular and to be

able to pass the same power as the original filter.

The bandwidth also increases with age and with level of the signal. There is an
accompanying increase in the filter asymmetry in the latter case mostly due to the lower
skirt of the filter becoming shallower. At lower levels, the filter is approximately

symmetrical on a linear frequency scale.

2.5 Thesis Rationale

The auditory efferent system consists of an extensive network of fibres running to the
cochleae. So far, there is little firm evidence about the exact nature of its function in
hearing. It seems unlikely that it has no purpose, although past studies have certainly
been inconclusive in finding a specific role. The importance of the efferent system.in
hearing is that it is able to modify auditory signals as they are received before reaching

the cortex.

As can be seen from the work discussed in section 2.3.3 studies have been carried out
which have focused on the possible role of the efferent system in protection against loud
sounds, attention, lateralisation and in signal discrimination in noise. It is entirely
possible that some of these roles may actually be combined e.g. attending to a sound in
order to increase the signal to noise ratio. This study examined the possible contribution
that the efferent system may play in finely tuning the cochlea, since there has been little

conclusive work on this subject, especially in humans.

The hypothesis under examination is that the efferent system could act, instigated by
either signals from the cortex or from the contralateral ear, stimulating the outer hair
cells to change shape or stiffness and thus changing the mechanics of motion of the
cochlear partition in response to incoming stimuli. This would then force a modification
of the travelling wave peak and thus more or less inner hair cells would be stimulated to
different degrees. The ascending signal could therefore be changed. In order to enhance
frequency selectivity, this would involve efferents modulating outer hair cell stiffening

to different extents along the length of the cochlea, to increase coupling of energy at the
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signal frequency and/or decrease coupling away from the signal frequency. We know
that active processes are involved in maintaining a high degree of frequency selectivity
(see section 2.1.2.3(d)) and that the medial efferent fibres synapse at the outer hair cells.
Since outer hair cells have been implicated in the provision of energy input into cochlear
mechanics it seems feasible that the efferent system may have some control over this
mechanism and therefore the tuning of the cochlea. Via this mechanism, it may be
possible for the cortex to control frequency selectivity, e.g. in situations where attention
to a stimulus is required, or for a brainstem level olivocochlear reflex to modify signals
in one ear after stimulation from the other. In order for this reflex loop to be useful in
aiding frequency selectivity for transient stimuli, this would have to occur quickly. Thus,
the timing of the activation of the modification to tuning is crucial and must be short.
For this reason, we also e){amined the latency of activation of the olivocochlear
response. Finding this latency also allowed us to set the stimulus timing parameters for

the contralateral sounds in the tuning experiments.

As mentioned, there has been relatively little work in linking efferent activity with
auditory tuning, particularly so in humans. However, there has been work in animals
where the COCB has been cut or electrically stimulated which has caused a degradation
in tuning. Figure 2-15 shows the effect on inner hair cell tuning curves of COCB
stimulation by electric shocks. The tuning curve is raised in threshold at the tip and
broadened slightly. Frequency selectivity changes were also found in the auditory nerve
fibre responses after electrical stimulation (Guinan and Gifford 1988b). Since tuning
curves from inner hair cells and eighth nerve responses are similar to the mechanical
tuning of the cochlear partition (Sellick et al. 1982), it is not unreasonable to expect any

effects of the efferent system to show up as changes in these studies.
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Figure 2-15: Effect of COCB electrical stimulation on inner hair cell tuning curve.
From Brown et al. 1983
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However, recently, more direct measurements of the motion of the BM have been made
using laser interferometry (Murugasu and Russell 1996). During COCB electrical
stimulation, similar results were found to those of the auditory nerve and inner hair cell
tuning, with a desensitisation of the tip of the tuning curve. A downward shift in
frequency of the tuning curve was also seen sometimes, by up to 500Hz. The broadening

of the tuning curve was not found to be consistent.

Electrical stimulation does not mimic the physiological situation very realistically,
however. Therefore, other studies have looked at the effect of sectioning the efferent

fibres or by stimulating them acoustically.

Examining the tonic efferent input (or the ongoing activity present without stimulation),
some studies have looked at the effect of cutting different portions of the nerve on the
tuning. Sectioning at different levels of the OCB pathways revealed changes in nerve
fibre tuning in guinea pigs only when the UOCB was sectioned (Bonfils et al. 1986a;
Bonfils et al. 1986b). Carlier and Pujol (1982) also found that CAP tuning curves in cats
were broadened by sectioning the OCB at the level of the vestibular nerve. However,
some similar studies have found that OCB section has no effect on the tuning (Liberman

1990; Littman et al. 1992; Rajan et al. 1990). It is unclear why the results of these
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experiments differ. One can only assume that there must have been differences in
experimental technique or incomplete sectioning of the efferent fibres in some cases. It
is hard to find an alternative explanation for the cbserved changes to the tuning though,

if they were not due to lack of efferent input.

Cutting the efferent nerve has also been shown to affect those behavioural measures that
are reflections of auditory tuning. Discrimination of speech in noise by rhesus monkeys
was found to deteriorate after COCB section (Dewson 1968), as were pure tone masked
thresholds in cats (Trahiotis and Elliott 1970). Ablation of the COCB has also been
associated with a deterioration in squirrel monkeys’ ability to perform a frequency
discrimination task (Capps and Ades 1968), although Igarashi et al. (1979) found that
there was no difference in cats. The only similar studies in humans (Scharf et al. 1997;
Scharf et al. 1994) observed no change in tuning in patients who had had their OCB

sectioned during a vestibular neurectomy.

Recently, a study on the development of hearing in cats after sectioning the OCB (Walsh
et al. 1998) has shown that they develop broader tuning curves. |

So, the past work on animals has come to no real conclusion about the involvement of
the efferent system in frequency selectivity. Certainly, the results from experiments
involving electrical stimulation of the efferents show effects more clearly than those
with acoustic stimulation or those where the nerve was cut. Unfortunately, electrical
OCB stimulation is not an alternative when wishing to examine the effect in humans.
Therefore, in order to study the same question in human subjects the use of OAEs has
proved to be valuable as a non-invasive tool giving an objective insight into cochlear
function. The effect of efferent activation on distortion products has been examined
(Williams and Brown 1995). Assuming distortion product suppression by a third
ipsilateral tone to be a measure of frequency selectivity, they found that contralateral

acoustic stimuli produced a broadening of the suppression tuning curve.

Reviewing the work in section 2.3.2.2, it can be assumed that the contralateral
suppression of TEOAEs can be used as a measure of the strength of action of the
MOCB on the peripheral auditory system. This test gives robust results and is easy to
test in human subjects. For these reasons, it has been chosen for use in this study.
Micheyl and co-workers also used this test in order to give a guide as to the involvement
of the OCB in detection of signals in noise. A correlation was found between the degree
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of contralateral suppression of TEOAEs and detection thresholds of 2kHz tones in noise
whilst a contralateral masker was present (Micheyl and Collet 1996). Those subjects
with greater contralateral TEOAE attenuation were found to have better detection

performance.

We have chosen to look at the influence of the efferent system on frequency selectivity
measured by a psychoacoustic technique of auditory filter shape measurement. Brown et
al. (1993) compared the DPOAE tuning curve generated when one of the primaries was
swept and the other was kept constant and found that there was some correlation
between this and the psychoacoustically measured filter bandwidth. However, they
encountered problems with variability and noise in measuring the DP curve bandwidth.
An objective test of frequency selectivity would have been ideal to use in our study but
it was considered that there were no reliable such test available at present and thus

psychoacoustic tests would make a good alternative.

The only study which has combined measurement of TEOAEs and a psychoacoustic
measure of filter shape in the same subjects is that of Micheyl and Collet (1994). Tﬁey
found that quality of the tuning of the auditory filter was related to the size of TEOAEs
and to the presence or absence of SOAEs. Larger TEOAEs were associated with a lower

quality factor.

In this study, we aim to go further than this latter work. We have not only measured the
relation of active processes (measured via TEOAEs, SOAEs and DPOAESs) to frequency
selectivity, since it is important to determine this first, but have also looked at the
possible link with efferent system activity (measured via contralateral suppression of
OAEs). We have used a psychoacoustic test that is thought to give more accurate
measures of auditory filter shape than that used by Micheyl and Collet (1994). In our
method, we employed the notched-noise technique of filter shape estimation, which
reduces the effect of off-frequency listening. We have examined how contralateral

stimulation affects the auditory filter shape and have related this to efferent function.
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Chapter 3

Squipinent and General
Methods ’
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3. Equipment and General Methods

3.1  Auditory Filter Shape Measurement

3.1.1 Modelling of Auditory Filter Shape

As previously discussed, the tuning of the cochlea can be thought of as a series of
bandpass filters. The shape can be modelled fairly accurately when the skirts on either
side of the filter are approximated by an exponential function and the peak is flattened
(see Figure 3-1).

| Figure 3-1: Approximation of auditory filter sliape

Power
(linear scale)
A

>
Frequency (linear scale)

This is called the rounded exponential function (ROEX) and, according to Patterson et
al. (1982), has three forms depending on the range of the filter. The simplest of these is
given by the equation

w(g)=(1+pgle™

where the parameter p determines not only the width of the passband but the gradient of
the skirts of the filter. The parameter g determines the distance of the point of interest
from the centre frequency, and is normalised to the centre frequency. The threshold
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curve can be found by integrating the filter equation. The equivalent rectangular
bandwidth (ERB) can be found using

ERB =210
p
This single parameter filter model Roex(p) has side tails which decrease indefinitely.
Thus, in order to give a more accurate model of these tail areas, a three parameter filter

was suggested by Patterson et al. (1982). This Roex(p,w,?) filter is given by
W(g)=A-w)1+ pg)e ™ +w(l+1tg)e®

where w determines at what stage there is a change over in which term dominates and is

usually much less than 0.5. The shape of the tail of the filter is determined by .

In practice it is difficult to accurately determine w and ¢ and therefore the Roex (p,r)

model can be used.

W(g) =A-r)1-pgle™ +r

Here the parameter » imposes a limitation on the dynamic range. For each of the above
equations, the filter can be asymmetric by allowing p to have different values on each

side of the filter. Thus, p, and p,_can be substituted in to the equations for the lower and

the upper branches respectively. Patterson and Nimmo-Smith (1980) described a method
by which the filter shape could be found which best fits the measured data. Starting

values for p, and p were first assumed and then the values were altered until the

difference between the actual and the predicted values was minimised via the least

squares method.’

The computer program “Polyfit” described by Rosen and Baker (1994) was used to fit a
Roex (p,7) model to the data measured. Data was inputted via a text file containing not
only the threshold values, but the details of the maskers, the probe level, frequency and
whether a fixed probe or fixed masker paradigm had been used. The parameters

generated described the shape of the best fitting auditory filter and were as follows:
a) py - determines the rate of fall off of the lower skirt of the filter

b) p, - determines the rate of fall off of the upper skirt of the filter
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¢) k - measure of detector efficiency at filter output i.e. signal-noise ratio (dB)
d) », - gives a dyramic range limitation for the lower siope of the filter

e) 7, - gives a dynamic range limitation for the upper slope of the filter

f) The 3dB bandwidth of the filter"

In the command that ran the program, different flags could be assigned values to instruct
the fitting procedure to take certain factors into account. The number of polynomial
terms used to describe a parameter could be specified. This is useful when trying to fit
data from more than one level at one frequency (Rosen and Baker 1994), but in this case
there was only one level and therefore only one coefficient per parameter was needed.
Off-frequency listening was provided for by the fitting procedure and was allowed to
extend to +£15% of the probe frequency. For simplicity, », and r, were constrained to

being equal, although p, and p, were allowed to vary independently.

3.1.2 The Notched Noise Method

As mentioned earlier, a method of notched-noise masking was chosen to estimate the
shape of the auditory filter, whereby the detection threshold of the probe signal in
various masker notch widths was measured. By using this method, one can minimise the
effects of off-frequency listening and of additional cues gained from beats. In addition,
the use of asymmetrically positioned notches allowed the asymmetry of the filter to be

described.

The measurement of auditory filter shapes using the notched noise method can become
very time consuming when many masker configurations are used. In order to make the
test suitable for clinical use the test must be shortened in some way. Stone et al. (1992)
suggested that the 13 or 19 notch widths commonly used in laboratory studies could be
reduced to 5, allowing the asymmetry and sharpness of the auditory filter to still be
estimated with reasonable accuracy. Leeuw and Dreschler (1994) found that 5 or 7
notches gave similar standard deviations as 13 notches, but when the smaller number of

notches is used the thresholds should ideally be measured twice.?

1 Use of a bandwidth measurement at a wider point of the auditory filter (e.g.10dB bandwidth), may have provided a more accurate
estimation due to its proximity with the widths of the notches used.
2Use of only 5 notches meant that each filter skirt was effectively determined by only 3 points. However, in the interest of saving
testing time, this possible loss of accuracy was considered necessary.
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Thresholds were therefore measured with five notches. This procedure was repeated to
give two sets of data for each notch, in order to minimise the error in the bandwidth
estimation. The equipment generated an average threshold and standard deviation for
each notched noise test. A final value for the threshold was calculated from the original
data by pooling all of the data from both tests and finding the mean and standard
deviation. This allowed runs with higher standard deviations (having probable lower
accuracy) to be given less weighting in the final average, rather than giving all runs

equal weighting.

Rosen and Baker (1994) found that filter models where the parameters depended on
probe level were much more successful at describing the data than those in which the
parameters depended on masker level. Thus, for this study the experiments were carried

out keeping the probe level fixed and varying the masker level to find threshold.

The level of the notched noise masker tracked up and down automatically via the TDT
equipment. The set up was a ‘two alternative forced choice’ scenario (2AFC). The
subject listened to two stimuli (Figure 3-2) both of which contained the notched noise
(350ms in length) but only one of which contained the probe tone burst (250ms in
length, starting 50ms after the onset of the noise burst). The rise and fall times for the

masker and the probe tone were Sms."

Figure 3-2 Arrangement of notched-noise and probe tone in time

350ms notched- noise

/ \__

| 1
50ms gap 250ms probe tone

! The ramp was introduced to eliminate high frequency transients, although a 10ms ramp may have been more effective in doing

this.
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The subject then responded as to whether they thought they had heard the probe tone in
the first interval or the second. Using this method has the advantage of eliminating some
of the bias of standard threshold testing. For example, an over cautious subject, fearing
giving a false positive response, may only press the button for a signal when they are
sure they can hear it because it is some way above their threshold. In the 2AFC
procedure, they have to make a choice for each pair of responses. Likewise, the subject
who is afraid of missing any stimuli and presses the button frequently, giving many
false positive responses, will give a more accurate result with the 2AFC procedure since
they have to respond every time. The 2AFC procedure also has the advantage that
presentations that include the test signal are presented frequently. It is possible, using
other techniques, for there to be many presentations in a row where the subject cannot

hear the stimuli, and therefore may forget what they are listening for.

The occurrence of the tone burst in the first or the second interval was random and
controlled by the program. The subject was then prompted to respond by pressing a key
on the computer keyboard depending on when they thought they had heard the tone: “Z”
for the first interval, “M” for the second. Visual feedback was given to the subject via
the computer monitor showing whether they were correct or incorrect with their choice.
Since individuals’ strategies varied, it was found useful to provide visual feedback as

well as a verbal description of the task, as this often made the test easier to learn.

An adaptive procedure was used to change the masker levels. This meant that the level
of a presentation was determined by the response to the preceding presentation. The
level of the notched noise masker was increased after 3 correct answers and decreased
after one incorrect answer. This technique of threshold estimation gave the 79.4%
correct point of the psychometric function (Levitt 1971). The step size started initially at
10dB and decreased to 2dB after 3 reversals. This allowed the threshold to be
approached quickly but found accurately, meaning that each run could start with levels
where the tone was easily detectable for the subject. Only the data acquired from the last

even number of reversals after 3 complete reversals was used to calculate the mean

threshold.
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Figure 3-3: Frequency bands of the 5 notched-noise maskers around the probe
tone at 1kHz (indicated by the vertical arrow)

(1) No notch 600-1400Hz

(2) 500-900 and 1300-1700Hz (3) 300-700 and 1100-1500Hz

A A

(4) 100-500 and 1300-1700Hz (5) 300-700 and 1500-1900Hz

The threshold of the tone was measured with five different narrow band maskers. Figure
3-3 shows the frequency distribution of the maskers around a probe tone at 1kHz. The
width of the noise bands was 0.4 of the probe frequency. All noise bands were flat in

level across frequency. Condition 1 had no-notch in the noise, and in conditions 2-5, the
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3dB. This usually meant that a couple of runs would need to be repeated. The other
criterion for accepting data was that the mean thresholds for the two runs of the same
condition were within 5dB of each other. If not, another run was performed. Thus, it
usually took approximately 45 minutes to get a complete set of data, although this did

depend on the individual subject’s response times.

3.1.2.1  Stimulus set up for measuring the auditory filter at 1kHZ

The probe signal of 1kHz was set at a level of 25dBSPL and a starting phase of zero.
This level was achieved by attenuating the maximum signal by 77.6dB.

It was decided not to vary the level of the probe tone to compensate for the differences
in individuals pure tone thresholds. The well documented microstructure in human
auditory threshold (Elliot 1958) could mean that thresholds in the frequency range of
interest may vary by up to 12dB from that measured at the standard audiometric
frequencies. In these experiments, we are interested in the auditory filter and therefore it
is important to consider how the auditory threshold would vary within this frequency
range. Zwicker (1990) measured the periodicity in continuous tonal SPL and found it to
be 0.4 Bark. The ‘Bark’ represents one critical bandwidth and relates to a constant
length along the basilar membrane of 1.1mm. Assuming the critical bandwidth that was
used to derive the ‘Bark’ is approximately equal to the width of the auditory filter, as
measured in these experiments, it can be concluded that the auditory threshold may
undergo 2.5 full cycles of variation with a possible peak-to-trough threshold difference
of 12dB within one filter width. Thus, altering the level of the probe for each subject
would only make any sense if a highly detailed auditory microstructure was determined
beforehand. It has been shown that the peak-to-trough difference of the microstructure is
less pronounced at higher levels (Kemp 1979b) but at the levels used here it is unlikely
that the microstructure would have flattened out. Another consideration is that although
using a constant dBSPL would mean that the dBSL level may differ between subjects, it
does mean that since the input level of the stimulus to the cochlea will be approximately
the same for each subject (apart from differences in stimulus level reaching the cochlea
due to outer and middle ear attenuation), the mechanics of the cochlea in each case are
operating at the same point. This will therefore minimise differences in the spread of

masking that occur with changes in level.
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provided from the mains via a transformer (PWS25) mounted on the back of the XBI1.
The AP2 used digital signal processing technology and allowed the user to program the

external devices. It had data and signal storage capabilities.

The first stage for the signal, after arriving at the XBUS via the fibre optic link, was to
pass through the digital-to-analogue converter (DA1). The DA1 could sample at 170kHz
and had 16-bit stereo conversion accuracy. The probe tone signal passed through one
channel whilst the masker passed through the other. Both signals were then fed into the
anti-aliasing filter (FT5). The FT5 consisted of two passive lowpass filter blocks with
corner frequency placement accuracy of 1%. The unit was op-amp buffered at the input
and the output allowing for impedance matching. Each signal was then passed through
one of the pfogrammable attenuators (PA4). These were single channel devices with a
range of 0 to 99.9dB. The attenuation resolution was 0.1dB and the accuracy was
0.05dB. Switching transients were almost eliminated by use of a sample and hold
amplifier, which froze the output during changes. The PA4s were programmed via the
P.C. and the XBUS, but could also be programmed manually from the front panel of the
device. After attenuation, the signals were summed in the weighted signal mixer (SM3).
The gain for each channel could be altered, but in this experiment, both channels were
kept equal. The final output stage was the headphone buffer (HB6). The input to the
headphone buffer was a BNC type cable in either the left of the right ear inputs. A cable
was constructed which consisted of a 0.25in stereo jack plug for the output from the
HB6 and two mono 0.25in sockets into which the headphone leads could connect. This
cable was passed through the small hole in the wall of the sound proof room. The
headphones were the audiometry standard type (TDHA49). Due to the very low
impedance of these headphones (~10Q2) an extra 10dB of attenuation was required at the
HB6. A switch (;n the front panel allowed this to be achieved. The HB6 also included an
extra monitor output, which allowed the tester to sit outside the booth and hear how the

test was progressing. The layout of all the above units is shown in Figure 3-4.
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experiments. The program allowed the above stimuli to be produced, defined the
tracking procedure and specified the data that should be used for finding the threshold.

In order to run the experiment a “condition file” was produced. Each condition file
contained condition blocks controlling the trials. The condition block was in turn

divided into three sections:

a) the general parameter section- e.g. number of trials
b) the variable section- e.g. parameters for tracking of level

c) the signal section- e.g. definition of signal frequency and duration

Each condition block began with the keyword COND and ended with ENDCOND.

Lines starting with a semi-colon were ineffective and for information only.

The statements that define variables were defined by a keyword followed by one or
more arguments. All statements are contained within one line except COND, TRACK

and SIGNAL. Each of these requires a few lines of statements, which are contained

within starting and finishing keywords e.g.

TRACK: 1-65.0-90.00.0
BIG STEP: -10
SMALL _STEP: -2
NUM_UP: 1
NUM_DOWN: 3
NUM_BIG_REVS: 3
NUM_TOSS_REVS: 3
ENDTRACK
The signals are defined within the SIGNAL/ENDSIGNAL keywords. The type of signal,
frequency (Hz), duration (ms), time delay (ms) and starting phase (°) can all be defined

here. In the case of the notched noise maskers, two bands of noise are defined by the

LINBAND statement, the edge frequencies of which are specified in the STEP
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command”. The level of attenuation of the noise was defined by the TRACK command
since this specified how the levels changed with each trial. The level of attenuation was

kept equal across the frequencies giving a flat noise spectrum.

The Xperimenter software includes a number of paradigms that define the way the
signals are combined and presented. The stimuli in the interval in which the signal
appears are called the “signal” and the stimuli presented when the probe signal is not
present are called the “standard”. The masker is played in channel A of the D/A
converter and the probe tone is played in channel B. The P1 paradigm was the simplest

arrangement that allowed the probe and masker to be presented as required.

P1 Paradigm
Signal :-
Channel A= Signal 1 (masker)
Channel B= Signal 2 (probe tone)

Standard:-
Channel A= Signal 3 (masker)
Channel B= Signal 4 (probe tone not present)

However, in order to present a stimulus to the contralateral ear, which was synchronised

to the ipsilateral stimuli, a different arrangement was required.

In the P2 paradigm, a third signal can be presented. This third signal was set to produce
no sound, but just to act as a time reference. The contralateral stimulus was produced by
the WG1 module and was triggered by the signals from the DA1. Thus, by use of the
time reference signal, the start time of the contralateral noise could be varied with

respect to the ipsilateral stimuli.

! The STEP statement allows parameters to vary over multiple runs. In this case each run was separated into a

different condition file and so each STEP statement contains only one set of parameters.
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P2 Paradigm
Signal :-
Channel A= Signal 1 (masker) + Signal 3 (silence/time reference)
Channel B= Signal 4 (probe tone)

Standard:-
Channel A= Signal 5 (masker) + Signal 7 (silence/ time reference)
Channel B= Signal 8 (probe tone not present)

Results were logged to disk following each set of trials and a graph of the results was
displayed. The file in which the results are saved was a text file. The subject details
were displayed along with the average dB level and standard deviation calculated from
the tracking procedure. The dB level for each individual trial was then shown with the
values used in calculating the average marked with an asterisk. Thus these values could
be noted and combined with the results from the repeat measurement to make one

average value.

Appendix 1 contains the program that ran all the 1kHz filter measurements. This
program was based on the P2 paradigm, which permitted an extra time reference to be
added. This allowed the contralateral noise to be presented before the start of the
ipsilateral stimuli. The same program was also used without any contralateral noise in
the experiment in chapter 5. For measurements of the auditory filter at 2kHz the
program in Appendix 2 was developed. This is similar to the other program except for
the frequencies of the probe and maskers and that it is based on the P1 paradigm, since

no contralateral stimulus was being used.

3.1.3.3 Calibration

Within the Xperimeter program the calibration mode can be specified. This allows the
user to calibrate at the start of the first run, at the start of every run or not at all. The
signal blocks 15 and 16 are then used to define the calibration tone for channels A and B

respectively:

; Calibration TONE for Channel-A
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SIGNAL: 15100.00.0 0.0
TONE: 0.0 1090.0 0.0
CALIBRATE LEVEL: 61
ENDSIGNAL
; Calibration TONE for Channel-B
SIGNAL: 16 100.0 0.0 0.0
TONE: 0.0 1000.0 0.0
CALIBRATE LEVEL: 102.5
ENDSIGNAL
The attenuation is set to zero and, in this case, a 1kHz tone is generated in each channel
separately. All leveis in the Xperimeter program are specified with respect to the user

defined zero dB reference and refer to “spectral level” (per hertz), not the overall level.

The relationship between overall level and spectral level is given approximately by,
Overall Level = spectral level + 10logBW
where BW is the bandwidth in hertz of the noise band.

The zero dB spectral level was therefore measured in dBSPL, and from this all other
values could be referenced back to this level. This was achieved by attaching the
headphone unit (TDH49) to an artificial ear acoustic coupler. The coupler was a Briiel &
Kjer (B&K) type 4153 with a 0.5 inch microphone and a 2.5cm’ cavity. The headphone
was fitted over the coupler so that there was no sound leakage and a weight of 550g was
placed on the top to maintain the positioning. The acoustic coupler was in turn attached

to a B&K type 2230 sound level meter, set to measure at 1kHz with a 1/3 octave filter.

Calibration of the sound level meter was achieved using a tone generator designed
specifically for calibration purposes. It produced a tone at 1kHz of 94dBSPL. The tone
generator fitted over the microphone in the acoustic coupler and the sound level meter

was adjusted until it read the correct level.

The zero dB reference tone was then measured from each channel. For measurements of
the auditory filter at 1kHz, zero dB was found to be 61 in channel A (from which the
masker was produced) and 102.5dBSPL in channel B (which produced the probe tone).
These values were found to be 63.5dBSPL and 102.5dBSPL respectively for the filter
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