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Abstract

This thesis concerns models of the inner ear’s cochlea and their imple-
mentation using analogue VLSI circuits. The cochlea is the sensory or-
gan which transduces the incoming acoustical signal into neural pulses on
the auditory nerve. As a first step in modeling auditory processing with
analogue VLSI, a VLSI cochlea provides the necessary interface with the
outside world, in the same way as electronic retinae are used for model-
ing neural processing in vision. Natural applications of such low-power
acoustic sensors include cochlear implants and hearing aids.

An existing model, Lyon & Mead’s cochlear filter cascade, is first anal-
ysed at a system level. An improved version of this circuit was integrated;
it features a novel implementation of a frequency-selective automatic gain
control mechanism. This mechanism models the local control of the me-
chanical properties of the cochlea. Unlike most models of active cochleae
in which a saturating feedback creates the required non-linearity of the
automatic gain control mechanism, the present version performs this with
a feedback gain control from higher levels of neural processing. However,
analysis of this circuit, confirmed by chip measurements, shows that de-
spite its potential for large input dynamic range compression, the cascade
structure is insufficient to model faithfully the frequency selectivity of the
biological cochlea.

A second model is thus proposed, which emulates the hydrodynam-
ics of the cochlea using a dense network of resistors and a bank of res-
onators. This model performs a computation of the cochlear dynamics in
a much more collective fashion than the cascade structure. Characteris-
tics much closer to those measured on live cochleae can be obtained, the
most interesting of which is the extremely sharp frequency cutoff (200-
300dB/octave).

The implementation envisaged for this model on silicon relies on re-
sistors modeled by single transistors, which work linearly with respect to
current and to logarithmically compressed voltage. A novel implementa-
tion of a log-domain transcapacitor has been proposed as a building block
to design resonators compatible with the log-domain resistive network.
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Résumé

Cette these traite de la modélisation de la cochlée et de son émulation
au moyen de circuits électroniques intégrés VLSI analogiques en technolo-
gie CMOS. La cochlée est ’organe de l’oreille interne qui opere la trans-
duction du signal acoustique en impulsions nerveuses sur le nerf auditif.
Dans le cadre d’un modele analogique VLSI du systeme auditif dans sa
totalité, une telle cochlée artificielle procure I’interface nécessaire avec le
signal sonore extérieur, similairement aux rétines artificielle utilisées dans
les modeles de traitement neuronaux dédiés a la vision. Une des appli-
cations les plus naturelles de ce type de capteur bio-inspiré a tres basse
consomation concerne les protheses auditives et les implants cochléaires.

Une cascade de filtres cochléaires originellement proposée par Lyon &
Mead est d’abord analysée au niveau fonctionnel. Un version améliorée du
circuit électronique est proposée, auquel un systeme de controle automa-
tique de gain sélectif en fréquence est rajouté. Ce mécanisme modélise
le controle local des propriétés mécaniques de la cochlée telle qu’effectué
par son équivalent biologique. A la différence de la plupart des modeles
de telles cochlées, dites actives, le mécanisme proposé est basé sur une
boucle de contre-réaction incluant des étapes de traitement situées en
amont du systeme auditif, au lieu de simples non linéarités locales aux
filtres cochléaires. Cependant, ’analyse du circuit montre, ainsi que ’ont
confirmé des mesures sur le circuit intégré, que malgré son potentiel de
haute compression de niveau du signal, la structure en cascade est insuf-
fisante pour une modélisation fidele de la sélectivité fréquentielle telle que
mesurée sur la cochlée biologique.

Un second modele est donc proposé, qui émule la dynamique des fluides
de la cochlée a I’aide d’un réseau serré de résistances et de résonateurs
électriques. Ce réseau effectue le calcul des équations hydromécaniques
dans la cochlée d’un maniere plus collective que la cascade de filtres. Des
charactéristiques plus proches de celles mesurées dans la cochlée biologique
ont pu étre obtenues, parmi lesquelles la plus remarquable est la coupure
tres abrupte (200-300dB/octave) du signal a la fréquence de coupure du
filtre ainsi réalisé.

Dans le but d’une réalisation efficace de ce modele sur silicium, 1’u-
tilisation d’un réseau résistif dont chaque résistance est remplacée par un
unique transistor est préconisée. Ce réseau reste linéaire par rapport aux
courants et a des tensions compressées logarithmiquement. Un nouveau
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type de circuit réalisant une transcapacité travaillant linéairement dans le
domaine logarithmique est proposé. Ce circuit est assez général pour étre
utilisé comme élément de base permettant de réaliser des résonateurs com-
patibles avec le réseau résistif travaillant dans le domaine logarithmique.
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2 CHAPTER 1. INTRODUCTION

1.1 General context

1.1.1 Auditory perception

Hearing is one of the five senses that link us (and most vertebrates) to
our environment. Acoustic information from the outside is processed by
the auditory system, together with the information provided by the other
senses (vision, smell, taste, and touch), to build an internal representation
of the present state of this environment. This perception of the environ-
ment allows us to interact optimally with it, in order to survive and to
procreate.

Since acoustic information is transmitted by pressure variations in the
air, hearing could be seen as a specialised subclass of the sense of touch.
However, the pressure variations of an acoustical signal are much faster
than the mechanical stimuli usually sensed by touch, and they are above
all perceived very differently: in addition to its intensity, we are very
sensitive to the fine temporal structure of this fast-varying stimulus. An
acoustical signal having a regular temporal structure (or more generally,
a stationary signal) is perceived as a constant stimulus rather as than a
time-varying intensity, and this for stimulus frequencies spanning up to 3
orders of magnitude (20Hz-20kHz for human hearing).

The auditory system, able to extract stationary characteristics of the
acoustical signal, is thus similar to a bank of specialised filters, each of
which responds best to a specific temporal structure of the sound. In the
inner ear, the cochlea is the first stage where the physical nature of the
sound is transformed. The way the representation of the auditory signal is
further transformed into a subtle sensation all along the auditory pathway
is still mysterious and subject to intense investigation. Early stages of this
processing chain are now fairly well understood, but not so for the higher
levels of the auditory pathway.

1.1.2 Pattern recognition

Humans (and more generally animals) recognise and classify external stim-
uli in ways that rely on signal processing strategies very different from the
ones used by engineers. These strategies are much more efficient than any
man-made systems dedicated to similar pattern recognition tasks. The
“hardware” on which this biological signal processing “runs” is also very
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different and its optimal exploitation evolved by the trial-and-error process
of natural selection.

In a general approach, artificial pattern recognition systems are based
on the extraction of relevant features from the raw stimulus and manipu-
lation of these features as symbols by classification algorithms. If a one-
to-one correspondence between features and symbols were available, the
problem would be straightforward. However for natural stimuli this one-to-
one correspondence cannot be postulated. The reason is that the stimulus
corresponding to a given symbol may suffer more variability than stimuli
corresponding to different symbols. In other words, as an example from
speech recognition, the acoustic stimuli of a given word pronounced by
different speakers and/or in different environments may differ more than
distinct words pronounced by an unique speaker in identical conditions.

There are two ways to eliminate this ambiguity: extraction of distin-
guishable features from the raw stimulus, and context-dependent symbol
classification. The latter relies on prior knowledge of the meaning of the
symbols and their mutual relationship. From a known context (syntax, se-
mantics for speech recognition), the classifier guesses the next most plau-
sible symbol, which is confirmed or discarded by the incoming stimulus.
Natural systems do this by learning the required knowledge and logic,
resulting in a perception which is, from a somewhat oversimplified point
of view, just the confirmation of what is expected to be perceived. The
implementation of such technique in artificial pattern recognition system
is feasible, but depending on the amount of knowledge required to elimi-
nate all ambiguity in a given context, it can lead to very complex systems,
usually based on artificial intelligence techniques.

At the other extreme of the stimulus-to-symbol processing chain, fea-
tures should be extracted from the raw stimulus that are as relevant as
possible for the recognition task. In speech processing, for example, the
features necessary to extract invariant symbols among speakers for speech
recognition would be almost orthogonal to those required for speaker iden-
tification. In biological systems, this seems to be performed by extracting
several parallel feature maps among which the appropriate ones are se-
lected by higher processing levels according the recognition task to be
performed. A preprocessing stage that extracts similar features from the
raw input signal is thus likely to filter out efficiently the undesirable vari-
ability degrading the performance of artificial pattern recognition systems.
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1.1.3 Cochlear-like speech processing

The stimulus used for speech recognition comprises both an auditory part
and a visual part. The visual information of lip movements features rel-
evant clues for speech recognition, but the main information channel is
auditory. This auditory portion is exclusively transmitted by the auditory
nerve from the cochlea to higher processing levels. It is therefore reason-
able to assume that the processing performed by the peripheral auditory
system already extracts the adequate features to build the appropriate
perceptive maps used for speech recognition, or more generally for sound
recognition.

The cochlea is the stage in the peripheral auditory system that per-
forms the most important transformation of the auditory signal. It must
be modeled faithfully enough to ensure the appropriate behaviour further
in the auditory pathway. This gives at least two reasons for modeling
the cochlea: to understand the biological processing performed at this
level, and to emulate it efficiently, either in order to provide models of
higher level of neural processing with a realistic input signal, or to use
as an auditory-like speech processing stage. In the case of preprocess-
ing for an automatic speech recognition system, however, compatibility
with what the classifier expects as relevant features is a key issue which
is often neglected. On the contrary, speech preprocessing performed by
cochlear implants already yields remarkable recognition results despite a
rather crude processing of the raw acoustic signal, because it relies on
an extremely high performance flexible classifier: the human brain. How-
ever if hearing and recognition ability can be recovered by deaf people with
hearing aids and cochlear implants in a good acoustical environment, their
performance severely degrades in adverse hearing conditions. The same is
true in automatic speech recognition. Therefore the field of auditory-like
speech processing is still wide open to further research and development.

1.1.4 Analogue VLSI modeling

The auditory system has been shown to be extremely efficient even at
its early stages. From an engineering point of view, understanding the
processing it performs might be a rich source of original signal processing
techniques. Inspiration from biological signal processing is especially ex-
pected to be fruitful in the domain of analogue VLSI circuit design because
this technology shares with the live substrate the potential to exploit opti-
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mally a large number of noisy and imprecise available processing elements:
the transistor and the neurone, respectively.

Before the era of powerful digital computers, analogue processing was
an interesting alternative for computing large systems of nonlinear dif-
ferential equations. Several attempts to model the hydrodynamics of the
cochlea were based on such a technique. This approach was revived 10
years ago by Carver Mead [1] who suggested using analogue VLSI cir-
cuits in MOS technology to model biological systems. Thanks to the rich
computational potential of a single MOS transistor [2], this approach can
integrate a large amount of processing cells onto a few square millimetres
of silicon. This integration is facilitated if their design is based on a cel-
lular architecture where the processing elements are arranged into regular
networks performing a collective computation.

However, biological and electronic substrates are still rather different.
It would be more appropriate to opportunistically exploit the functions and
strategies identified in biological processing than to attempt to replicate
the structure of the biological system that performs it. Moreover, an
additional distinction must be pointed out concerning the modeling of
the mechanical transduction performed in the peripheral auditory system.
The first neurones in the auditory pathway are located in the auditory
nerve. Up to this point, there is no neural processing to be emulated, but
rather a micro-mechanical system. For cochlear modeling, the term “bio-
inspired engineering” is therefore preferred to the term “neuro-morphic
engineering” often used for this emerging domain. The cochlear models
implemented in this thesis are closer to the domain of analogue filters
and analogue emulation of hydromechanical systems than to the domain
of analogue neural networks. Nevertheless, the advantages of analogue
implementations, such as continuous-time collective processing and low
power consumption still yield important benefits.

1.2 Presentation of the thesis

1.2.1 Background

An early objective of this research was to connect an existing analogue
VLSI model of binaural hearing [3] with a standard speech recognition
system in order to evaluate the improvement that auditory-like processing
could bring to automatic speech recognition. A cochlear-based interfac-
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ing system inspired by auto-regressive filtering techniques used in digital
speech processing was proposed [4]. Although the results obtained from
this first attempt were encouraging, they were still far from those obtained
with state-of-the-art digital speech preprocessors based on more classical
signal processing techniques. The conclusion was that in order to exploit
the full potential of auditory-like processing, the recognition algorithms
had to be adapted consequently [5]. This was beyond the scope of the
thesis research, whose principal axis was analogue VLSI speech prepro-
cessing. Another possibility would have been to adapt the auditory-like
preprocessing for an optimal compatibility with the classifier, but the bio-
logical plausibility would have had to be sacrificed at an early stage of the
auditory pathway, which was also the fundamental interest of this research.

The objective of this research was thus restricted to the study and im-
plementation in analogue VLSI of processing performed in the peripheral
auditory pathway related to speech feature extraction in adverse condi-
tions. In a parallel thesis [6], some aspects of the neural processing per-
formed in the cochlear nucleus and the inferior colliculus were modeled
using analogue VLSI networks of spiking neurones (see also [7]). Since the
input of these processing stages originates exclusively from the auditory
nerve, an appropriate and compatible analogue VLSI model of the cochlea
was necessary, the topic of the present work.

1.2.2 Objectives

Two apparently contradictory objectives are sought in this thesis: a faith-
ful model of the cochlea that permits a simple and efficient implementation
using analogue VLSI techniques.

“Faithfulness” means that the model must capture all the required
functionality of the live cochlea, according to its use. Since one of the pur-
poses is to produce an input signal for models of higher levels of auditory
processing, potential processing performed at higher levels should not be
excluded by the absence of the required functionality at the level of the
cochlea.

“Simplicity and efficiency” must permit low-power, low-voltage and
real-time operation in a small volume. These requirements are of primor-
dial importance in using the model as a speech processor, either in portable
systems or as hearing prostheses. Small integrated area is also required to
possibly implement on a single chip a cochlear model together with models
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of higher levels of the auditory pathways, avoiding so the need of off-chip
communication.

The constant search for an optimal trade-off between faithful modeling
and efficient implementation is therefore the guideline of this engineering
research thesis.

1.2.3 Contribution

The original contribution of this thesis is summarised in the following
points:

e Active cochlea: the first analogue VLSI model of an efferent-
controlled active cochlea, featuring frequency selective automatic
gain control was implemented on silicon. The original contribution
of the present work resides in the simple efferent gain control mech-
anism, which augments an existing analogue VLSI cochlear model.

e Filtering technique: the 2-D hydromechanics of the cochlea sug-
gests new temporal filtering techniques based on distributed tempo-
ral filters including spatial processing.

e Pseudo-transcapacitor: a novel circuit that allows time process-
ing in the log-domain is proposed. It is based on the dynamic
translinear principle for CMOS transistors in weak inversion. This
pseudo-transcapacitor is general enough to be used as a building
block in a collection of reactive components compatible with resis-
tors implemented by a single transistor, bridging the gap between
linear spatial processing performed by networks of transistors and
linear temporal processing using log-domain filters.

e Log-domain 2-D cochlea: the potential of log-domain spatio-
temporal processing is exploited in a novel implementation of a 2-D
hydrodynamic model of the cochlea, for which the required building
blocks are proposed and analysed.

1.2.4 Overview

Chapter 2 summarises the anatomical and physiological properties of the
biological cochlea. The basic transduction mechanisms on which most of
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the state-of-the-art models rely are explained together with a taxonomy
of these models.

Chapter 3 embraces as a whole the design, analysis, and computer
simulations of the model of an active cochlea, together with its analogue
VLSI implementation from circuit analysis to chip measurements.

In chapter 4 cochlear modeling is attacked on a different front, which
consists of emulating the hydrodynamics equation of the 3-D cochlea as a
network of dipoles.

Chapter 5 is split into two main parts. In the first two sections, the
basics of linear spatial processing in the log-domain are presented together
with a proposal and analysis of a circuit that may be used as a basic
block to extend analogue log-domain spatial computation with temporal
processing. In a third section, the implementation in the log-domain of
the 2-D model of the cochlea is proposed and analysed.

Chapter 6 summarises and discusses the thesis developed in this work.
Directions for further research and application in the domains related to
this thesis are also proposed.



Chapter 2

The biological cochlea
and its models
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2.1 Introduction

The cochlea is the organ in the inner ear which transduces the mechan-
ical vibrations induced by the acoustical signal into neural pulses on the
auditory nerve. The outer and middle ears transform the raw pressure
signal of the outside into a form that can be processed efficiently by the
cochlea. The cochlea then transforms the resulting signal into vibrations
on an elastic membrane. The transduction gain between input pressure
and vibration amplitude at different positions along this membrane de-
pends on different frequency components of the input signal. The re-
sulting mapping from sound frequency to position, called the tonotopy,
thus originates from the cochlear transduction. Tonotopy is maintained
through higher levels of neural processing in the auditory system. This
transduction mechanism is still at the heart of current research, because
its incredible performance in terms of level sensitivity, dynamic range and
frequency selectivity can hardly be explained by simple passive mechanical
processes. It is performed by an intricate system that includes the micro-
mechanics of a structure much more complicated than a simple elastic
membrane. The mechanical properties of the structure are controlled by
several layers of feedback loops involving mechanical, chemical and elec-
trical processes. Each section of this structure interacts with the others
through a liquid which surround them and whose hydrodynamics play a
key role.

Understanding of the cochlear mechanisms is made more difficult be-
cause of the role of active processes present only in live cochleae. These
make the performance of the cochlea very sensitive to aggressive investiga-
tion techniques. Modeling has become a key investigative tool. Research
is done in an iterative loop were models are refined as the understanding of
the biological system progresses (and as computational resources allow),
and the findings obtained using these models suggest new biological ex-
periments. In addition, cochlear models may also be used to generate the
appropriate input signals for models of auditory processing at higher levels
and for systems that require a cochlear-like preprocessing (e.g. auditory-
based automatic speech recognition systems). Finally, cochlear models
may find a stand-alone application in cochlear implants or hearing aids.

In section 2.2, the present anatomical and physiological knowledge on
the cochlea is summarised, preceded by a brief description of the outer
and middle ears. When not cited explicitly, information given in this
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section is drawn from [8, 9, 10, 11]. After a description of the transduction
mechanisms hypothesised to date, section 2.3 then reviews, discusses and
classifies some existing models and their implementations.

2.2 Anatomy and physiology

2.2.1 Outer and middle ear

The outer ear concentrates acoustical pressure on the tympanic membrane
(eardrum) on which the middle ear’s ossicular chain is attached. The
ossicular chain is made from three ossicles, the malleus (hammer), the
incus (anvil) and the stapes (stirrup). Transduction performed by the
cochlea relies on a pressure difference between its two openings. The
purpose of the ossicular chain is to generate this pressure difference: it
performs an acoustic impedance adaptation which increases the pressure
to one cochlear opening, the oval window, whereas the second one, the
round window opens directly to the atmospheric pressure through the
eustachian tube (see figure 2.1a). This impedance adaptation is performed
by the system of levers formed by the ossicles. The amplitude of the
input pressure at the oval window is also increased by the large area ratio
between the tympanic membrane and the oval window.

Except for the slow active control performed by contracting the liga-
ments attaching the stapes to protect the ear at very high sound levels, the
transduction chain from outside pressure to oval window pressure is mainly
passive and linear. Its gain is frequency-dependent, with a broad peak at
30 dB around 1 kHz. Direction-sensitive filtering performed by the pinna
(visible part of the ear), might be used as a cue for sound localisation.

2.2.2 Anatomy of the cochlea

The cochlea is a coiled bony duct filled with a liquid. Its length is about 30
mm, coiled in 3.5 turns (figure 2.1a,b). It is divided into three chambers,
the scala vestibuli, the scala media and the scala tympani. These chambers
run along the cochlea (x-axis in figure 2.1c) from its base (entrance of the
coil) to its apexr (dead end of the coil). The scala media, as its name
suggests, is located between the two other scalae. It is separated from the
scala vestibuli by the Reissner’s membrane and from the scala tympani
by the cochlear partition. The scala vestibuli communicates with the scala
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Figure 2.1: a) Anatomy of the peripheral auditory system; b) cross-section
A-A’ of the cochlea in a); ¢) schematic views of an uncoiled cochlea.

tympani through an opening in the cochlear partition at the apex of the
cochlea, the helicotrema. Its purpose is to equalise the static pressure
between the two chambers. The oval window is located 1-2 mm before
the base on the outer wall of the scala vestibuli; the round window opens
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Figure 2.2: a) Cross-section of the cochlear duct; b) detail of the organ of Corti;
c) schematic view of the hair cells

through a compliant membrane to the middle ear cavity on the basal-most
5%-10% of the outer wall of the scala tympani.

The scalae vestibuli and tympani are both filled with the same fluid,
the perilymph, whereas the scala media is filled with a different one, the
endolymph. The electrical potential in the endolymph (endocochlear po-
tential) is 90 mV higher than in the perilymph. This electrical potential
difference is supplied by ionic pumps located in the stria vascularis cov-
ering the outer wall of the scala media. The Reissner’s membrane has a
negligible influence on the hydromechanics of the cochlea. All the mechan-
ical properties on which the cochlear transduction rely are concentrated
in the cochlear partition, which is made of the elastic basilar membrane
on which sits the organ of Corti (figure 2.2a).

The inner edge of the basilar membrane is attached to a helicoidal bony
shelf, the spiral lamina, whereas its outer edge is attached to the bony wall
of the cochlea by mean of the spiral ligament which is a specialised tissue
able to maintain the basilar membrane under radial tension (z-axis). This
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radial tension is such that the stiffness of the basilar membrane decreases
approximately exponentially from the base to the apex. Basilar membrane
stiffness is the dominant parameter determining the position dependent
characteristic frequency at which the cochlea vibrates best. The width
(z-axis) of the basilar membrane increases almost linearly from 100um at
the base to 400um at the apex. The organ of Corti is built around a rigid
framework made from two rows of pillar cells, whose feet are anchored
on the basilar membrane and whose tops support a plate like structure,
the reticular lamina. This framework is arranged so that when the inner
side of the basilar membrane pivots around its attachment to the spiral
lamina, the reticular lamina follows this rotational movement. The basilar
membrane movement is detected and amplified by the hair cells embedded
in the reticular lamina (figure 2.2b).

On the inner side of the reticular lamina (relative to its attachment to
the pillar cells), a single raw of inner hair cells runs along the cochlea,
whereas the outer hair cells are arranged into three parallel rows on the
outer side of the reticular lamina. The hairs, or stereocilia, of the hair cells
protrude from the reticular lamina. The stereocilia of a single hair cell are
arranged in parallel rows (V- or W-shaped for the outer hair cells, see top
view of figure 2.2c), following the longitudinal dimension of the cochlea
(x-axis). The stereocilia in each row are of the same height. This height
increases from row to row in the radial direction (z-axis) toward the outer
wall of the cochlea. The top of each stereocilium (except in the tallest row)
is attached to its neighbouring stereocilium in the next taller row by a tip
link which is stretched when the hair bundle bends toward the outer wall of
the cochlea (side view of figure 2.2c). The stereocilia of the inner hair cells
float in the endolymph, whereas the tallest stereocilia of each outer hair
cell is attached to the tectorial membrane, a gelatinous structure covering
the reticular lamina all along the length of the cochlea. The narrow space
left between the reticular lamina and the tectorial membrane is called the
tectorial gap.

2.2.3 Innervation

All the nervous connexion of the cochlea are bundled together in the au-
ditory nerve. About 95% of the afferences (toward the brain) innervate
the inner hair cells. They are made from type-I neurones whose large cell
bodies are located in the spiral ganglion and that synapse onto the inner
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hair cell bodies. Each hair cell is innervated by 10-30 such afferent fibres,
each of which originates from a single type I neurone. The remaining 5%
of the afferences innervate the outer hair cells via type II neurones having
a smaller cell body than type I neurones. Each outer hair cell is con-
nected to about 5-15 afferent fibres, which implies considerable branching.
The outer hair cell innervation path is different from that of the inner
hair cells: the latter project radially directly to the inner hair cell bodies,
while the former turns basally after a similar radial projection and follows
the cochlear spiral for about 0.6 mm before synapsing on the outer hair
cells. At the output of the cochlea, afferences from inner hair cells are
thus topologically paired with afferences from outer hair cells sensitive to
a higher characteristic frequency (see figure 2.3).

As for the efferences (from the brain), the organ of Corti receives an
innervation from the superior olivary complex. The lateral olivocochlear
system innervates the afferent fibres of the inner hair cells and the me-
dial olivochochlear system projects to the outer hair cells. Very little is
known about the inner hair cells’ efferences, whereas the efferences of the
outer hair cells are believed to control the transduction mechanism of the
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Figure 2.3: Innervation of the cochlea’s hair cells
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cochlea by means of the motile properties of the outer hair cells (see para-
graph 2.2.4). The medial olivocochlear fibres branch to innervate outer
hair cells spanning 1-2 mm along the cochlea.

2.2.4 Hair cell physiology

As mentioned in paragraph 2.2.2, the hair cells are embedded in the reticu-
lar lamina, with their bodies on the basilar membrane side of the reticular
lamina and their stereocilia emerging in the tectorial gap. Because the
basilar membrane is quite permeable to ions whereas the reticular lamina
is not, the hair cell’s body is in the perilymph-like medium and its stere-
ocilia in an endolymph-like liquid having a 90mV higher electrical poten-
tial. As a consequence, ionic current can penetrate the body of the hair
cells through ionic channels situated on the hair cell’s surface in contact
with the endolymph. The conductance of these channels is controlled by
the bending of the stereocilia and the subsequent tension in their tip links
(paragraph 2.2.2). The accumulation of ions in the cell body increases its
intracellular potential. Due to the asymmetric structure of the hair bun-
dle, the transfer function between hair bundle deflection and intracellular
potential is asymmetric.

In turn, the hair cell intracellular potential controls the spike genera-
tion of the auditory nerve neurones through the synaptic connection which
links them. When the hair cell’s intracellular potential increases, its mem-
brane depolarises and neurotransmitters are released in these synapses.
This process is based on several pools where vesicles are filled with neuro-
transmitter, stored and transmitted to the afferent neurone.

In addition to the stereocilia-driven ionic channels, the inside of the
hair cell’s body is connected to its surrounding medium by voltage-driven
conductances and chemically driven conductances (called “ligand-gated
conductances”). The latter are present only in outer hair cells and are
associated with their efferent synapses. The variation speed of the hair
cell’s intracellular potential depends on the dynamics of its ionic channels.
The efferent-controlled variations of the intracellular potential are quite
slow (100 ms time constant), whereas the stereocilia-controlled variations
are usually assumed to be limited by the membrane capacitance of the
cell, according to a first-order low-pass filtering having a cutoff frequency
at about 1kHz.

In addition, the outer hair cells possess electro-motile properties. When
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a cell’s membrane potential increases, its body shortens. The length can
change by up to 2um for a membrane potential varying over 200mV. This
motility was shown to be fast enough to vibrate at frequencies up to 25kHz

12].

2.2.5 Measurements of basilar membrane vibrations

The transduction performed by the basilar membrane has been shown only
recently to feature almost all the characteristics measured at the level of
the auditory nerve. This performance can be observed only in live and
healthy cochleae. It is measured on animals under anaesthesia, usually
in the basal region of the cochlear duct, which is the most accessible.
Figure 2.4a shows the rms velocity in the y-direction of the basilar mem-
brane for different input sound levels (in dB SPL, i.e. referred to 20uPa)
measured on a live chinchilla (an exceptionally sensitive one, according
to the author [13]). At low input pressure levels the transduction gain
is very large and highly frequency-selective. As the input level increases,
this gain diminishes and its frequency selectivity broadens around a peak
at a slightly lower frequency (figure 2.4b). This proves that a frequency-
selective level compression —from an 80dB input dynamic range into an
output dynamic range down to 20dB (figure 2.4c)— is already performed
at the level of the cochlear mechanics. This compressive non-linearity, as
well as the high sensitivity and selectivity, are shown to be very physi-
ologically vulnerable. When the responsiveness of the outer hair cells is
inhibited (by poisoning or electrical dc stimulation), the transduction gain
is brought back to the linear, much less selective and sensitive one mea-
sured in dead cochleae. Together with other experimental evidence, such
as acoustic emissions by the cochlea [14], motility of the outer hair cells
[15], electrically induced basilar membrane movement [16] or two-tone sup-
pression measured on the basilar membrane [17], this suggests strongly an
active non-linear process performed by the outer hair cells [18].

2.3 Mechanisms and models

2.3.1 Transduction mechanism

Both perilymph and endolymph are usually assumed incompressible. The
pressure variations induced by the stapes’ movement are thus applied al-
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Figure 2.4: Measurement results (redrawn from [13]) of basilar membrane ve-
locity for different input pressure level (a), resulting transduction gain (b) and
frequency-dependent compressive input-output transfer function (c).

most instantaneously across the cochlear partition along its full length.
The mechanical properties of the cochlear partition, together with the
interaction with the liquid, yield a wave of vertical displacement of the
partition that travels from the base to the apex. This travelling wave
would exist even if each segment of cochlear partition was separated from
the next (like piano strings), as is often assumed to simplify the models,
because the energy is transmitted between segments through the liquid.
The propagation of this wave is mainly governed by the compliance of the
cochlear partition and the mass of the liquid (while the mass and the vis-
cosity of the partition has an effect on the finer detail of this propagation).

At each position, the volume velocity of the liquid is determined by the
local acoustic impedance, which makes it proportional to pressure gradi-
ent. The perpendicular and longitudinal impedances define the compo-
nents of the volume velocities perpendicular (y-axis) and parallel (x-axis),
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Figure 2.5: Transduction chain from cochlear liquid force to auditory nerve
spikes.

respectively, to the cochlear partition. This directional impedance is also
frequency-dependent. At a given frequency, the perpendicular impedance
has a minimal value which corresponds to the resonance of the cochlear
partition. It is dominated by the partition stiffness basally from the reso-
nant position and by the partition mass and the vertical liquid load api-
cally. In the longitudinal direction, however, the impedance is only mass-
dominated by the longitudinal liquid load. If the perpendicular impedance
were perfectly resonant, it would act as a hole in the partition at its res-
onance frequency: all the liquid flow would virtually cross it at this po-
sition, leaving the liquid immobile apically. Since in reality the partition
is damped, a fraction of the longitudinal velocity survives after the reso-
nant point, where the perpendicular impedance is mass-dominated. The
cutoff of the travelling wave is therefore determined by the ratio of the
cochlear partition’s mass and the liquid load at this position. The volume
velocity perpendicular to the cochlear partition corresponds to its vertical
movement (y-axis), induced by the pressure difference across the parti-
tion. This movement is sensed and amplified by the hair cells, as depicted
schematically in figure 2.5.

The force Fy;4 resulting from the pressure difference across the cochlear
partition (CP) produces the up-and-down movement of the basilar mem-
brane which is transmitted to the reticular lamina by the rigid pillar cell.
The bodies of the hair cells, embedded in the reticular lamina, thus move
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laterally. This lateral movement zgry, induces the bending zy g of the inner
hair cells’ stereocilia, dragged by the reticular lamina in the liquid in which
they float. The displacement of the hair bundle (HB) is thus proportional
to the velocity of the reticular lamina. The tip links joining neighbouring
stereocilia are stretched and released according to the movement of the
hair bundle, opening and closing ionic channels (IC) of the cells. The re-
sulting modulation of the ionic current ¢ penetrating the cell body causes
its intracellular potential v to follow the movement of their hair bundle,
with a time constant that depends on the membrane capacitance (MC)
of the cell. Due to the asymmetric mechano-electrical transfer function of
the hair cells [19], the intracellular potential is roughly proportional to the
half-wave rectified hair bundle displacement at low frequency. Finally, the
dynamics of the vesicle pools in the afferent synapses (AS) of the hair cells
result in a spiking probability p(s) of the afferent ganglion cells (GC) that
is proportional to the intracellular potential of the hair cell. In addition,
the dynamics of the synaptic transduction yield an adaptation mechanism
which enhances the auditory nerve response at the onset of an excitation
[20]. The efferent synapses (ES) on the inner hair cells are represented in
figure 2.5, but their function has not yet been identified to date.

The transduction chain for the outer hair cells is roughly similar. In
addition two fundamental features are responsible for the active control
of the cochlear mechanics: the motile properties of the outer hair cell
body and the attachment of its tallest stereocilia to the tectorial mem-
brane. The former allows the outer hair cell to feed energy back to the
mechanical structure through the latter. The outer hair cells shorten un-
der the influence of an internal force Fpogc = kAl when their intracel-
lular potential v increases [15]. This force Fomc is therefore caused by
the displacement of the cell’s hair bundle (HB), which corresponds to the
relative displacement Zgr; — Zry between the reticular lamina and the
tectorial membrane, where the cell’s tallest stereocilia are attached. The
force Fpopco is thus applied within the cochlear partition, whose articulated
framework’s structure transforms it into an internal rotational force which
adds to the force Fj;4 induced by liquid pressure. This feedback loop is not
yet fully understood because it involves the dynamics of the entire micro-
structure of the cochlear partition (CP) together with that of the outer
hair cell’s motile transduction (M, k). The effect of the outer hair cell’s
force Fpopyc on the partition’s mechanical properties depends on its phase
relation with the liquid force Fy;,. It is usually assumed that the coupling
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of partition’s resonant structures by outer hair cells applying their force
with the appropriate delays yields an undamping of the cochlear partition
[21, 15, 22, 23, 24].

It is hypothesised that the efferences of the outer hair cells control this
undamping using the non-linearity of the transduction M from intracel-
lular potential v to hair cell’s length variations Al [15]. A dc, or slowly
varying, intracellular potential offset might be adjusted by the outer hair
cell’s efference through its synapses (ES). This dc intracellular potential
ve determines the operating point on the non-linear transduction curve
M, so controlling the linear motility gain for small ac signals [18]. In vitro
measurements of guinea-pig outer hair cells showed that their motility is
fast enough theoretically to amplify ac signals up to 25kHz [12], confirming
the plausibility for the outer hair cells to act as a “cochlear amplifier”.

2.3.2 Models

There are two major goals in modeling the biological cochlea: under-
standing it and emulating it. The former requires structural models that
capture and explain the functions performed by the real structure of the
biological cochlea, whereas the latter only needs functional models that
are able to perform these functions efficiently. Structural models rely on
the biological knowledge provided by anatomical dissections and physi-
ological experiments of every constituting part of the cochlea, whereas
functional models are intended to replicate the behaviour of the cochlea.
The purpose of emulating the cochlea is to replace it in larger systems
where real-time is often required. As a consequence, structural models
are much more complicated than functional models. Of course, a struc-
tural model becomes more convenient when simplifying assumptions make
it work faster enough, and a functional model will better reproduce the
required behaviour if it is based on the real structure of the cochlea. The
border between structural and functional models is thus not well defined.

Structural models

Structural models implement the cochlear mechanisms as described in
paragraph 2.3.1, in which several unknowns still remain. The hydrody-
namics in the 3-D structure of the cochlea can be simplified into 1-D or
2-D descriptions. As suggested by the description of the hydrodynamics
using longitudinal and perpendicular acoustic impedance, a 2-D model
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seems most appropriate. The calculation of the 3-D hydrodynamics is too
difficult to implement efficiently when compared with the refinement it
adds to the models. 1-D hydrodynamical models follow the longitudinal
(x-) axis of the cochlea; they do not take into account the vertical lig-
uid movement near the resonant position of the cochlear partition, which
is very relevant for the shape of the frequency response in its peak and
cutoff slope [25]. Alternatively, geometry-dependent parameters of the 3-
D hydrodynamics can be estimated separately and lumped into a kernel
depending only on the longitudinal dimension [24].

The continuous hydrodynamics of the cochlea are advantageously de-
scribed by a spatially quantised network of acoustical impedance, which
can be solved numerically [26] or emulated using analogue electrical dipoles
[27]. In such macro-mechanical models, the cochlear partition is described
by a parallel bank of impedances. As the understanding of the micro-
mechanics of the organ of Corti progresses, the principal effort focuses
on micro-mechanical models of the cochlear partition impedance, which
has been shown to be active and nonlinear and which is now accepted to
explain much of the performance of cochlear transduction.

As presented in paragraph 2.3.1, the framework of the cochlear parti-
tion mechanisms is understood, but several unknowns remain in the micro-
mechanics as well as in the dynamics of the motile outer hair cell’s feed-
back loop. In macro-mechanical model, the cochlear partition is simply
described by a serial mass-dashpot-spring system (L-R-C in its electrical
analogue), whose damping can be non-linear, active (negative damping),
and/or controlled by higher level of neural processing. On the contrary,
micro-mechanical models attempt to describe the dynamics of the micro-
structure of the organ of Corti with various levels of refinements (see [9]
for a review).

Functional models

Functional models (called “signal processing models” in [9]) lump all the
parameters of the structural models into a transfer function between the
input pressure signal and the cochlear output required by the use of the
model. In some cases, internal variables in the implementation of the
transfer function can be identified as internal variables of the structural
model [28], which illustrates the fuzziness of the limit between functional
and structural modeling. Some other models, like the widely used “gam-
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matone filter”, are derived from the impulse response measured on the
auditory nerve fibres [29, 30].

Functional models can roughly be split into parallel and cascade struc-
tures, with an intermediate class of cascade-parallel structure. A parallel
structure consists of a bank of filters having a common input and several
output channels with frequency responses that reproduce those measured
in the cochlea [30] or obtained from psychoacoustic experiments [31]. The
propagation of the travelling wave is mimicked by a growing time constant
in a bank of filters having characteristic frequencies that decrease in the
direction of the propagation. It might be thought that a cascade structure
would better reproduce this propagation, but in this case the propagation
delay would depends on the spatial resolution of the cascade [32]. In the
cascade-parallel structure, the wave propagation is supported by a filter
cascade whereas the fine detail of the frequency responses is adjusted by
a parallel bank of filters whose inputs are picked along the cascade [33].

Implementation

With the computational power available nowadays, most of the models are
implemented on computers, digital signal processors or dedicated digital
filter circuits which permit fast design and flexible use by a large commu-
nity of researcher. However, analogue emulation of cochlear dynamics is
also investigated on alternative media, including electronic VLSI circuits
(with which the present work deals) [34, 35, 27, 33, 36, 37, 38] or even
micro-machined electro-mechanical systems [39]. The expected advantage
of the analogue VLSI approach is the possibility of emulating cochlear
functions in real-time on a tiny device with low power consumption, for
applications where these issues are of highest priority such as portable
auditory-like speech processors [40], hearing aids or cochlear implants.
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3.1 Overview

An analogue VLSI model of an active cochlea is proposed, whose key
feature is a frequency selective automatic gain control mechanism. This
model is based on Lyon and Mead’s cochlear filter cascade structure [34]
and its most recent improvement [37]. In section 3.2, the model is care-
fully analysed. After a brief description of the functions required to model
a single section of the cochlea, its analogue VLSI implementation is out-
lined in order to estimate its crucial parameters. This analysis shows
that an individual cochlear filter could not support the quality factor re-
quired to match the physiological data measured on biological cochleae.
The pseudo-resonance, which yields frequency selective high gains despite
limited quality factors in the individual stages is then presented and anal-
ysed in order to design an appropriate pseudo-resonant gain control loop.
In section 3.3, experiments performed by a computer model of the entire
cochlea on synthetic and natural speech signal demonstrate the validity of
the concept. Section 3.4 proposes the analogue building blocks required for
a VLSI implementation of the model, while the effect of the major techno-
logical limitations of a standard CMOS process are discussed together with
chip measurements results. The fundamental advantages and drawbacks
of the filter cascade structure are finally discussed in section 3.5.

3.2 The model

3.2.1 Functional model

The cochlea is modeled by a cascade structure where each stage emus-
lates the wave propagation along the basilar membrane in a section of the
cochlea [41]. As a functional model, the transfer function of each stage k
can be emulated by a second-order low-pass filter

1
$212 4 571, /Qr + 1’

Hy(s) = (3.1)

where the characteristic frequency and the resonant property of the cochlea
at the corresponding position are characterised by the filter’s cutoff fre-
quency fer = 1/27m7, and quality factor Qg, respectively [34, 35, 37].

As a structural model, each stage can be interpreted as a section of the
cochlea as shown in figure 3.1. The second-order low-pass filter models the
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Figure 3.1: Active cochlear filter cascade, with functional block diagram de-
tailed for one stage.

basilar membrane (BM) whose damping is actively controlled by the outer
hair cells’” motile properties (OHC). The input and output signal of the
filter models the local basilar membrane displacement dy,, that propagates
from the base (first stage) toward the apex (last stage) of the cascade.
Because the inner hair cells’ stereocilia are in a viscous medium, they
detect the velocity of the basilar membrane movement relative to its sup-
porting structure. The inner hair cell model (IHC) thus includes a scaled
differentiator
Dy.(s) = sty (3.2)

that converts the basilar membrane displacement d,, into basilar mem-
brane velocity vp,, [35, 37]. In addition, the transmitter release in the
inner hair cells’ afferent synapses happens only when its stereocilia bend
in one direction. The inner hair cells perform therefore to a first approx-
imation a half-wave rectification of the basilar membrane velocity signal
Upm, vielding the inner hair cell output y;x.. In this first approach, the
temporal adaptation of the transmitter release [20] was neglected, assum-
ing for simplicity the effect of the outer hair cells’ active process to be
dominant for temporal adaptation and transient enhancement.

It is reasonable to assume that, in the auditory pathway, the mean
value of the basilar membrane velocity V4, can be estimated at a higher
level as a mean spiking rate (MSR) on the afferent nerve fibres projected
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from the inner hair cells at the corresponding basilar membrane position.
As the dynamics of transmitter release has been neglected, the instanta-
neous spiking rate (or spiking probability) is roughly proportional to the
inner hair cell output y;n., thus a measure of the mean basilar membrane
velocity ymsr X Vpm may be available at the outer hair cells’ efferent nerve
fibres [42].

The adaptive loop is closed by controlling the quality factor of the
basilar membrane, assumed to be the action of the outer hair cells (OHC),
using an appropriate quality factor modulation by this measure ,,s, of
the mean basilar membrane velocity.

3.2.2 Quality factor modulation

The effect of the outer hair cells is modeled by controlling the quality
factor Qp of each stage Hi(s). On a single stage H(s)D(s), a sine wave
input signal at frequency f and with a peak amplitude X produces an out-
put signal having a peak amplitude Y = ||H(f)D(f)||X. At a frequency
f close to the characteristic frequency of the stage, the amplitude gain
|H(f)D(f)|| = @, thus the output signal has a peak amplitude ¥ ~ QX.
Modulating the quality factor with a power X of the peak output amplitude
Y,

Q x Y, (3.3)

yields
Y x X7, (3.4)

where A < 0 produces the desired compressive input-output function.

3.2.3 Analogue model

The analogue VLSI implementation of the active cochlea is depicted in fig-
ure 3.2. In the analogue model proposed in [34, 35, 37], the cutoff frequency
fer = 1/277y, of a second-order stage Hy, is determined by 7 = C/gmrk-
The capacitances C; of the BM block are identical for every stage and
the transconductances g,,,r of its operational transconductance ampli-
fiers (OTAs) are controlled by the bias currents I.;. The quality factor
Q1. of any stage k is controlled by the ratio between the transconductances
ImQk and gm, - of its OHC OTA and its BM OTAs, respectively. As the
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Figure 3.2: Analogue model of one stage of the active cochlear filter cascade.

differential pair of all OTAs operates in weak inversion, their transconduc-
tance g, -, is proportional to their bias current I, g. The quality factor
is given by

1

Q=—— 3.5
2(1 - af2) (3-5)
where
_ gmQ Ir
a = 2y g (3.6)

is a constant.
A quality factor varying between Q,.in and Q.. can thus be con-
trolled by means of a translinear loop which imposes

IQ . IQmaa:
. L+1,

(3.7)

Using normalised currents i, = I./Iy and iQmaz = IQmaz/lo, €qua-
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tion (3.5) can be expressed as

2Qmaw -1

I+ . :
2Qmaxzc + 1

(3.8)

1
©=3

where
1

2(1 — Ol'éQma:c)
is obtained for 7. = 0 and @),,;» depends on the maximal available value
of 7.

The quality factor control signal i, is made proportional to the peak
amplitude V., of the basilar membrane velocity analogue signal,

Qmaw —

(3.9)

ie = FVypm, (3.10)
by the feedback gain
gmaArng
F=——" 3.11
gaIO ( )

which takes into account the transconductance g,,, of the IHC OTA, the
[HC rectifier gain A, between the dc component of the rectified basi-
lar membrane velocity signal and its peak amplitude vam, the dc gain
gmF/ga of the MSR low-pass filter which extracts this dc component and
the normalising current Ij.

The peak basilar membrane velocity Vipm 18 given by the amplitude
gain of the BM stage ||H(f)|| and its differentiator ||D(f)||, for an input
signal at frequency f having a peak amplitude Vigin:

Voom = [|H(f)D(f)||Vain- (3.12)

The differentiation D(s) = s7 is simply performed by taking the difference
between the output voltages of the two BM OTAs [37], which yields a
second-order band-pass transfer function

ST
212 +s7/Q + 17

H(s)D(s) = (3.13)

3.2.4 Level compression

Except for the shift of variable limiting the quality factor between Qmin
and ()y,qez, With 7. proportional to the peak amplitude V,,, of the output
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signal after stage H(s)D(s), equation (3.8) respects the form of equa-
tion (3.3) with A = —1. The required compressive input-output relation
expressed by equation (3.4) is thus obtained and the output peak ampli-
tude Vipm is proportional to the square root of the input peak amplitude
de’n-

The limited quality factor range implies that the square root compres-
sion is performed only on a limited input dynamic range. Under the same
assumption as in section 3.2.2, equations (3.8), (3.10), and (3.12) yield

X -1+ \/(1 — X)* + 8Qmaz X
Y = . : (3.14)

where X = QmmFVdm and Y = QmawFVme. This function has an
asymptote limx ., Y = X/2 and a slope Qnq, at the origin X = 0. The
square root compression is thus active between the corresponding gains
Y/X =1/2 and Y/X = Qmaz. According to physiological data [43], an
input sound level of 60 dB SPL corresponds to 1 nm basilar membrane
displacement at frequencies below the characteristic frequency of the mea-
sured basilar membrane position, thus where ||Hg|| ~ 1 according to the
model. On the other hand, at frequencies close to the characteristic fre-
quency, the amplitude of the basilar membrane displacement divided by
the filter’s time constant equals the amplitude of the basilar membrane
velocity since ||Dg|| ~ 1. A good correspondence between the physio-
logical data [43] and equation (3.14) can be obtained for a peak basilar
membrane displacement lower than 10 nm (figure 3.3). At higher intensity
values, a saturation that does not stem from the quality factor control loop
appears. This saturation will correspond to the saturation of the physical
devices used for the VLSI implementation of the model. At lower inten-
sities, the model fits the physiological data with a maximal quality factor
Qmaz ~ 180, allowing an amplitude gain up to 45dB at characteristic
frequency for low input level.

3.2.5 Pseudo-resonance

The quality factor required to match physiological data cannot be safely
implemented on a single analogue second-order filter, because the mis-
match of its internal components are likely to drive it into instability.
Nevertheless, amplitude gains corresponding to such a high quality factor
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Figure 3.3: Compression curves; the boldface curve plots equation (3.14) for
a quality factor @ = 180; physiological data [43] are given as function of input
acoustic pressure relative to 20 pPa (dB SPL).

can be achieved using the pseudo-resonance of the cochlear filter cascade.
The control is made locally at every cascade stage in a narrow range of
quality factors (between 1/4/2 and 2), but the accumulation of these effects
along the cascade can yield gains up to 45dB for low intensity input levels.
The compression of an 80dB input dynamic range into the 40dB output
dynamic range corresponding to the physiological data of figure 3.3 is thus
possible with reasonable individual quality factors. The frequency selec-
tivity, however, cannot be as sharp as measured on biological cochleae,
since it is determined by the quality factor of a single stage.

The pseudo-resonance results from the accumulation of the individual
second-order low-pass filter gains Hy(s) all along the cascade [34]. If their
characteristic frequencies are close enough to each other to allow their res-
onant bumps to overlap, their multiplicative effect can lead to high overall
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gains at frequencies close to the pseudo-resonant frequency fpgr. Since the
cascade consists of filters with decreasing characteristic frequency, this cu-
mulative effect occurs only on a limited number of filters, for which the
individual gain is substantially greater than unity. Stages with a character-
istic frequency much higher than the signal frequency have no effect on this
signal (gain close to unity), whereas the stages with a characteristic fre-
quency lower than the signal frequency rapidly attenuate the signal since
their individual gain drops by 12dB per octave. The pseudo-resonance
therefore

e strongly amplifies frequencies f ~ fpg,
e sharply attenuate frequencies f > fpr, and
e has no effect on frequencies f < fpg.

The cutoff frequency of each stage in the cascade models the corre-
sponding characteristic frequency of the cochlea. It is set to decrease
exponentially along the cascade by one octave every b stages from f.y at
stage 0, which is expressed by

fck = ch2_k/b- (315)

The transfer function between the input vibration at stage 0 and the basi-
lar membrane displacement at the output of stage k is given by the product
of the transfer function of all individual stages between the cascade input
to the output of stage k.

These transfer functions are advantageously expressed as functions of
frequency normalised to the characteristic frequency of stage k. Using
equations (3.1) and (3.15), the transfer function between the input of the
first stage in the cascade and the output of stage k is thus expressed by

k

k
Gr(Q) = HHI(Q) = H Q(Z_kl) —, (3.16)
l =0

g 1-Q27 5 4227

where Q = f/f. is the frequency normalised to the characteristic fre-
quency of stage k.

The normalised pseudo-resonant frequency €2pr at the output of stage
k can be estimated by finding the maximum Gpgr = ||Gr(Qpr)|| of the
amplitude gain function ||Gk(€2)||. The pseudo-resonance involves a lim-
ited number L of basal stages, since all stages [ < k— L have a gain H;(Q2)
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close to unity. Therefore the product in equation (3.16) can start with the
index | = k — L if k > L and 0 otherwise.

By a simple change of variable, the transfer function Ggi4(f2) after
stage k + d can be expressed by G (Q2%/%) using equation (3.16) in which
the quality factors ); must be shifted to QQ;+4 and the product must start
with the index [ = —d instead of 0. Hence, provided that the stage k
(or k+d if d < 0) is far enough from the base to allow full pseudo-
resonance to build up, and with the same quality factor for all stages
participating to pseudo-resonance, G(x) = Gr(Q2 = 2%) expresses either
the pseudo-resonant gain at stage k, at a frequency x octaves away from
its characteristic frequency, or the pseudo-resonant gain at stage k + bz,
at the characteristic frequency of stage k.

Figure 3.4 shows the accumulation of the individual amplitude gains
|H;(Q)|| on a growing number of basal stages and the accumulated gain
|G (2)]| for several cases of resolution b and quality factors Q. An impor-
tant point to notice is that for 4 < b < 10 and for any resonant (), the nor-
malised pseudo-resonant frequency 2pg is about 0.4 octaves higher than
the normalised peak frequency €, of the stage k alone. Since G(Q2) also
measures the gain of the stage k 4 blog, () at the characteristic frequency
of stage k, this implies that the stage k+ dpgr with highest amplitude gain
at the characteristic frequency of stage k is located dpg stages toward the
apex from stage k, where

dpr = b (o.4 +logy /1 — 1/2@2) (3.17)

is the pseudo-resonant distance. For an individual quality factor ) between
1.5 and 2, the pseudo-resonant distance lies between 0.22b and 0.306, while
the pseudo-resonant gain G'ppr easily reaches the 45dB required to match
physiological data as shown in section 3.2.4.

3.2.6 Quality factor control loop

In order to locally control the pseudo-resonant gain G(2) at the out-
put of stage k, only the quality factors of the stages participating to the
pseudo-resonance have to be controlled. A natural way of doing this, is to
distribute the signal controlling the quality factor over this range.

The spatial distribution of the quality factors Q(d) = Qgrq on the
pseudo-resonant region around stage k depends on the distribution of the
control signals i.(d), in response to the distribution vam(d) of the peak
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Figure 3.4: Pseudo-resonance; a) accumulation of amplitude gain of L individ-
ual stages toward the base from stage k (G = Hf:k_L H;), as a function of
normalised frequency = f/fck; resulting amplitude gains for several b) reso-
lutions (stages per octave b) and c) quality factors (as a function of frequency f
normalised to peak frequency fpy of individual stage k).

basilar membrane velocity signals at the output of stages k + d. Similarly
to the single stage presented in section (3.2.3), the control signals i.(d)
are made proportional to the peak amplitude vam(d) of the differentiator
outputs, but they can interact between stages, which is expressed by the
spatial convolution product

oo

ie(d) =Y F(d—d)Vopm(d), (3.18)

d'=—o00

where F(d) represents the spatial distribution of the feedback gains around
any stage k in the cascade. In the single stage control loop of section 3.2.3,
F(0) = F and F(d #0) = 0.

As mentioned in paragraph 3.2.5, the spatial distribution around stage
k of the cascade’s output responses at the characteristic frequency of stage
k can be expressed using the gain function of equation (3.16) in which Q44
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must be used instead of ();. Since the equivalence between stage index shift
d and relative frequency ) applies also to the differentiators, the spatial
distribution Vp,, (d) around stage k can be expressed by

vam (d) — ||GD (d7 Q) Hvdinm (319)
where
IGp(d, Q)] = |G (22%/7) || 2%/ (3.20)

is the amplitude gain of the cascade after stage k + d, including the dif-
ferentiator Dy, 4, at frequency €2f.x, while Vigino is the peak amplitude of
the cascade input signal.

Hence, using equations (3.8), (3.18), and (3.19), the distribution of the
quality factor Q(d) on stages k + d can be calculated by

1 2Qmaw —1

Q(d) B 5 ! " 2Qmadein0GOL(d) + 1 , (321)
where -
Gor(d)= )Y F(d-d)|Gp(d,Q) (3.22)
d'=—o0

is the open loop gain distribution resulting from the spatial convolution of
the feedback gain distribution F'(d) with the distribution ||Gp(d, Q)| of
the amplitude gains in the cascade.

Since ||Gp(d)||—and, thus, Gor(d)—depends on the quality factors
distribution Q(d), equation (3.21) has the form of a nonlinear system of
equations

Q(d) = Q(d, Vaino, Q(—L), ...Q(M)). (3.23)

The size of the system to solve is given by the range —L > d > M for
which VyinoGor (d) substantially modulates the quality factors Q(d).
The amplitude gains distribution ||Gp(d)|| with identical quality fac-
tors Q(d) = @ all along the cascade can be approximated using a nor-
malised gain
gp(d) = Q7P¢||Gp(d+ dpr)l (3.24)

which has its maximum at d = 0 (figure 3.5a). The modulation of the
quality factors by control signals i.(d) having the same distribution as
the normalised gain gp(d) and amplitudes varying on the expected 40dB
output dynamic range (figure 3.5b) yields its maximal effect at a quality
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factor modulation distance dgas close to the pseudo-resonance distance
dpr. Figure 3.5¢ shows that on a b = 6 stages per octave cascade, the
amplitude gains of the stages k + 1 and k + 2 are most attenuated. This
quality factor best modulation distance dgps between 1 and 2 is similar to
the pseudo-resonance distance dpg lying in this case between 0.22b = 1.32
and 0.30b = 1.8.

This means that the stage k+dpg has the best response vam(dpR) to
an input signal at the characteristic frequency of stage k, whereas the same
stage k + dgas is the most sensitive to a control signals i.(d) having the

same distribution as the peak basilar membrane velocity signals vam(d),
but shifted by —dpg in order to have its maximum i.(0) at stage k. Since
the most efficient quality factor adaptation is performed for the highest
open loop gain, the feedback gain’s spatial distribution F'(d) should have
its maximum at d = —dgy. In conclusion, the output of any stage in
the cascade must control the quality factor of a stage located at a basal
distance —dgnr, corresponding to an increase of characteristic frequency
between one sizth to one third octave (Figure 3.6).
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Figure 3.6: Cascade quality factor control loop; the feedback gain distribution
F(d) shifts toward the base at a distance dgm ~ dpr the output signal with
highest peak amplitude occurring at stage k + dpr.
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As mentioned in section 3.2.3, the feedback gain distribution F'(d) mod-
els the IHCs and the MSR blocks. The distribution of F'(d) can thus model
interactions between stages that may occur at higher levels of auditory pro-
cessing, such as lateral inhibition, diffusion and nonlinear spatial filtering.
As for the basal shift —dgas, its biological counterpart is plausible, since
afferent fibres of the inner hair cells are paired with the afferent fibres of
the outer hair cells located where the characteristic frequency is one sev-
enth to one third octave higher [18]. The operating point of the outer hair
cells is likely to provide the auditory brainstem with information relative
to the signal level, which has been lost by the gain adaptation.

3.2.7 Closed loop amplitude gain

The closed loop analysis of the ()-control scheme consists of solving the
system (3.23). In this analysis, the simplest feedback gain distribution
is imposed, i.e. F(—dp) = F and F(d # —dr) = 0, where dp is an
integer such that 1/6 < dp/b < 1/3, according to the conclusion about
the best quality factor modulation distance dgas (paragraph 3.2.6). The
term Gor(d) in equation (3.21) equals in this case F||Gp(d+dp,Q)|| and
it depends on the quality factor distribution Q(d), since ||Gp(d+dr,Q)|| is
the product of amplitude gain functions of stages with the quality factors
that follow the distribution @Q(d). An iterative loop must estimate the
distribution @(d) on a range of stages for which Q(d) is substantially
modulated by the feedback loop.

This iterative loop can advantageously be driven by the averaging per-
formed in the MSR blocks. The MSR is estimated by averaging the IHC
output Vjx. of every stage in the cascade according to a first order low-
pass filtering 1/(s7, +1). Using equation (3.18), the quality factor control
signal i.(d) can be described in the time domain identically for each stage
by

Oic(d,t)
ot

where the distribution Vpm, (d,t) of the differentiator outputs is controlled
in time by the input peak amplitude Vdmo(t) and in space and time by the
distribution at time ¢ of the amplitude gain ||Gp(d, 2,t)|| of the cascade,
according to equation (3.19).

Figure 3.7 shows the simulation result of such a closed loop analysis,
performed on a b = 6 stages per octave cascade with a quality factor

= FVypm (d + dp,t) —ic(d, 1), (3.25)
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limited at Qe = 1.8. In figure 3.7a, the amplitude gain after stage k+d
at the characteristic frequency of stage k is represented as a function of the
stage shift d relative to stage k. The index d equivalently represents the
frequency in b-th of an octave relative to the characteristic frequency of
stage k. The peak amplitude gain adapts from 40dB at -80dB input level to
nearly -10dB at 0dB input signal, yielding the 50dB dynamic compression
also measured on biological cochleae. The shift of the peak frequency Q2pgr
from 1/3 octave to -1/2 octave relative to the characteristic frequency as
well as the frequency selectivity decrease for an increasing input level are
also in accordance with physiological data. Figure 3.7b, in addition to
the level adaptation, shows the level transition enhancement which might
improve the detection of relevant features in the speech signal and help its
segmentation into phonemes.

3.2.8 Cochlear filter stability

Instability can occur locally in a single stage k if aigmaez > 1 in equa-
tion (3.9) leads to a negative value of @Q,q,- In this case, according to
equation (3.8), the quality factor @) of this stage becomes negative with
i. = 0, that is, in absence of any input signal. As a result, the real part
of the poles of the transfer function Hy(£2) becomes positive. Any pertur-
bation would cause its output signal Vg, to oscillate with an amplitude
growing exponentially. Thanks to the quality factor control loop, as the
amplitude of Vg, grows, the control signal i, grows proportionally until
it yields a quality factor () = —oo for which Vy,, stabilises to a peak
amplitude VOSC. This amplitude is directly related to the control signal
icose = —1/2Qmaz yielding @@ = —oo. The resulting output oscillation at
the output of the second-order stage Hy 4, has therefore a peak amplitude

> O47:@771(197; —1

Vosc - T (326)
This oscillation does however not propagate apically in the cascade. Since
its frequency equals the characteristic frequency of the oscillating stage, it
is rapidly attenuated by the sharp cutoff at the following stages.

This sustained oscillation caused by a misfunction of the outer hair
cells was observed in the biological cochlea as an otoacoustic emission,
which strongly suggested that an active process performs the automatic
gain control in the cochlea.
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Figure 3.7: Closed loop analysis; a) amplitude gains Gp after stages k + d for
an input signal at the characteristic frequency of stage k with input levels X
between -80dB and 0dB; b) time evolution of the output level Y for an input
level X increasing then decreasing by steps between -80dB and 0dB (time ¢
normalised to the time constant 7, of the MSR low-pass filter).
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3.3 Time simulations

3.3.1 Computer model

In order to verify the behaviour of the model in the time domain and
by this the stability of the @-control loop (not taken into account by
the frequency description of paragraph 3.2.7), a computer implementation
of the model was written in C. The computer model features for each
stage the digital implementation of the linear second-order band-pass filter
H(s)D(s) of equation (3.13), the full wave rectification of its output and
then its averaging with a digital implementation of a first order low-pass
filter F/(s74 + 1), yielding the Q-control signal i.. The @-control loop
is closed by adjusting continuously the quality factor () of the band-pass
filter located dp stages toward the base using equation (3.8).

All the results below were produced using a filter cascade set with a
characteristic frequency decreasing by one octave every b = 6 stages. The
Q-factor of each stage was controlled between 0.5 and @), = 2 by the
MSR output of the stage located dp = 2 stages toward the apex. The
feedback gain was set to F' =1 and the MSR time constant to 7, = 16ms
(10Hz cutoff frequency).

3.3.2 Level compression and transient enhancement

In order to illustrate the level compression and the frequency selective tran-
sient enhancement performed by the ()-control in the entire cascade, the
computer model was excited with a 1kHz tone having step-varying levels.
Figure 3.8a shows that an 80dB input dynamic range is compressed into
a 30dB output dynamic range thanks to a pseudo-resonant gain varying
between 40dB and -10dB. The frequency selectivity of this gain is shown
in figure 3.8c, where the stage index axis equivalently represents the fre-
quency of an input tone (numbered in sixth of an octave decreasing from
the characteristic frequency of the first stage); this plot represents thus
also the frequency response of the most sensitive stage (marked by the
vertical line). Figure 3.8a and c, obtained from the time simulation, are in
quite good accordance with figure 3.7a and b, respectively, obtained with
the frequency model of paragraph 3.2.7. Since the gain is adjusted with
the large time constant of the MSR block, abrupt level changes in the in-
put signal result in strong over- and undershoots of the basilar membrane
velocity, as detailed in figure 3.8b. The delay between the input level
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Figure 3.8: Time simulation results: a) peak basilar membrane velocity (solid
line) of the best responding stage to an input basilar membrane peak displace-
ment (dashed line); b) full wave rectified basilar membrane velocity (IHC output)
for the transient marked in a); ¢) amplitude gains between input basilar mem-
brane displacement and stationary basilar membrane velocities at each stage for
several input levels.

transition and the reaction of the output is due to the accumulation of the
individual stage’s delays all along the cascade, not taken into account by
the frequency model.

Moreover, the (Q-control loop was verified to keep the entire system
stable even without MSR low-pass filter.
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3.3.3 Two-tone suppression

The frequency selective automatic gain control is well illustrated by the
two-tone suppression effect which was also shown in live cochleae [13].
The response to a probe tone is reduced when a suppressor tone is simul-
taneously presented. This reduction depends on both suppressor level and
frequency. The two-tone suppression curve, as well as the closely related
tuning curve, are usually drawn from the neural response measured on the
auditory nerve. They represent the input tone level needed, as function of
its frequency, to obtain a given output level.

Figure 3.9a shows the tuning curve at the output of the stage which
best responds to a 1kHz reference tone at a level of 0dB (according to the
experiment of section 3.3.2). Each curve follows an isoamplitude of basilar
membrane velocity in the plane of the input tone’s level and frequency.
Figure 3.9b shows the two-tone suppression curve, which is the tuning
curve of the basilar membrane velocity component at the frequency of the
probe tone in the plane of the suppressor tone’s levels and frequencies. The
isoamplitudes are given as percentages of the basilar membrane velocity in
response to the probe presented alone. The probe tone had the same level
and frequency as the reference tone of the tuning curve 3.9a. The increas-
ing levels needed for the suppressor to notably suppress the probe when the
suppressor frequency moves away from the probe frequency demonstrate
that the suppression performed by the frequency selective automatic gain
control is active in a limited frequency range.

3.3.4 Speech cochleogram

One of the ultimate goal of a cochlear model is to preprocess efficiently
speech signal for recognition by man (cochlear implants and hearing aid)
or by machine (automatic speech recognition system). The potential ef-
ficiency of the processing performed by the active cochlear filter cascade
model must therefore be evaluated on such natural signals. In automatic
speech recognition, in order to be insensitive to the speaker-related pitch,
the effect of the glottal pulses remaining in the band-pass filtered envelopes
of the speech signal at the IHC output of the cochlea has to be removed.
This can be done by low-pass filtering these envelopes. Such filtering must
have a cutoff frequency below the pitch frequency, but the large integration
time constant of such a filter would also remove the transients occurring
at the plosives, which contain relevant speech information. The automatic
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Figure 3.9: a) Tuning curves: loci of the isoamplitude of the basilar membrane
velocity (relative to its value in response to a reference input tone) in the plane
of the input tone’s level and frequency; b) two-tone suppression curve: loci of
the isoamplitude of the basilar membrane velocity component at the frequency
of the probe tone (relative to its value in response to the probe tone presented
alone) in the plane of the suppressor tone’s level and frequency.

gain control solves this problem by enhancing the transients that appear
once in a while in the envelopes of the speech signal, whereas the regular
pitch pulses are filtered out by the MSR estimator.

The utterance “print preview” pronounced by a female speaker across
a telephone line was given as an input to a 42 stages cascade. The level
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compression performed by the ()-control is illustrated in figure 3.10, where
the MSR output of stage 30 (having a characteristic frequency CF=425Hz)
is compared to two cases with constant quality factors. The (-control
also reduces the level difference between the transients (“p”, “t”) and the
slowly varying parts of the signal (“i”, “e”, “iew” ), by about 20dB for this
utterance. Transients are thus enhanced relatively to the average level of
the signal. In utterances where the transients were better pronounced,
they even rose to levels exceeding by far the level of the stationary parts
of the signal. Such high level transients would however be truncated by
the saturations of the VLSI implementation.

Figure 3.11 shows cochleograms for the same utterance, which con-
sist of the MSR outputs of stages 13 to stage 42, spanning characteristic
frequencies from CF=3400Hz to CF=106Hz. The first 12 stages have char-
acteristic frequencies above the telephone band, but they are needed to
accumulate the individual stage’s gains. In the cochleogram 3.11a, the Q-
factor is controlled between 0.5 and 2.0, whereas in the cochleograms 3.11b
and c the Q-control was disabled, with a @)-factor fixed at Q = 0.8 and
@ = 2, respectively. This illustrates how the transients without ()-control
would appear only weakly on a cochleogram, which can be considered as
the visual equivalent of the perceived speech. In addition to the transient
enhancement, figure 3.11 clearly shows that the )-control also reveal more
structure in the cochleogram.

Although suppression of the pitch pulses might improve speaker in-

100
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Figure 3.10: MSR output of stage 30 for the utterance “print preview” pro-
nounced by a female speaker across a telephone line.
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Figure 3.11: MSR cochleogram for the utterance “print preview” pronounced
by a female speaker across a telephone line a) with Q-control; b) with a constant
quality factor @ = 0.8 and ¢) Q = 2.0.

dependence for automatic speech recognition, it would also suppress a
relevant cue that helps source separation in the well known “cocktail par-
ty” problem. Nevertheless, pitch pulses are suppressed at the level of the
MSR output, but they are still present at the inner hair cell output of the
cochlea projecting on the auditory nerve. Different higher-level processing



48 CHAPTER 3. VLSI ACTIVE COCHLEA

stages parallel to the MRS block may still use this pitch signature of an
individual speaker to help focusing on its speech stream.

3.4 VLSI implementation

3.4.1 Second-order stage with differentiator

The second-order stage cascade modeling the basilar membrane displace-
ment as well as the differentiators converting its outputs into the basilar
membrane velocity all along the cascade are the same as described in
(35, 37]: the mirrors copying the currents of the OTA’s differential pair to
its output node in the first BM OTA and in the OHC OTA are merged,
and the scaled differentiation st is performed by taking as an output the
voltage difference between the outputs of the first and the second BM
OTA. However, in order to minimise the systematic dc offset of the filter
due to the output conductance of the transistors in the OTASs’ mirrors
and differential pair, large output range OTAs with cascoded output were
preferred (figure 3.12). The cascode transistors reduce the output con-
ductance of the OTA’s output mirrors whereas the structure of the wide
output range OTA symmetrizes the drain voltage of the differential pair
transistors and, thus, their output conductance, reducing the systematic
dc offset voltage of the follower-connected OTAs. Systematic dc offset ac-
cumulates along the cascade and might bring the operating point of the
apical stages out of their operational domain; reducing it allows thus to
implement longer cascades.

Because of the limited slew-rate of the BM OTAs due to their load
capacitance C, a limit-cycle oscillation may occur when the OTA’s out-
puts saturate to their bias current. According to the analysis shown in
[1], this large signal oscillation occurs if Io/I; > (1 ++/5)/2 = 1.618. Us-
ing the definition of « in equation (3.5), the second-order stage prevents
this oscillation if ¢,,¢0/2gm- < 1.618 . On the other hand, small signal
stability is ensured if gmg/2¢gm, < 1. Therefore, with 1.618 « > 1, the
limit-cycle oscillation is prevented as long as the small signal stability is
ensured. This condition is imposed by degenerating the differential pair of
the BM OTAs using diode connected transistors, yielding for these OTAs
a linear input voltage range (n + 1) times larger than the OHC OTA, and

thus
n—+1

2 Y

(3.27)

o =
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Figure 3.12: Second-order low-pass filter; the differential pair of the BM OTAs
are degenerated by the transistors 7y; the current mirrors copying the OTA’s

differential pair currents to its output node are shared between the OTAs BM1
and OHC.

where n is the slope factor of the diode-connected transistors Ty [35, 37].
The slope factor n is always greater than unity, which implies that the
small signal instability occurring when I reaches 21, /(n + 1), and which
is limited to this value by the quality factor feedback loop, never allows a
large signal oscillation to persist.

3.4.2 Quality factor control

A remarkable improvement in the regularity of the frequency character-
istics along the cascade can be obtained using compatible lateral bipolar
transistors (CLBTs) [44, 45] to impose the bias currents I, decreasing
exponentially along the cascade, while ensuring a constant I,/Ig [37].
Using this technique, the ratio I /I, modulating the quality factor inde-
pendently for any stage can be controlled by a translinear loop including
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these CLBTs. The circuit proposed in figure 3.13 generates Ig and I;
from the currents Igmaz, I + Ip and I, according to equation (3.7). The
currents Igmqe and I.+ 1o are imposed at the collectors of the CLBTs Ty,
and T, respectively, whereas I is imposed by the voltage V. at the base
of T}, tapped on the resistive line controlling the exponential decrease of
the characteristic frequency along the cascade. The common voltage Vg at
the emitters of the CLBTs Ty and Ty, is controlled by the MOS transistor
T, which sinks these emitters with a current that allows their respective
collectors to sink the required currents Ig and Igmaz-

The output conductance of each CLBT is reduced by cascoding it using
a MOS transistor. A compact layout can be obtained by sharing the base of
the CLBT with the bulk of this cascode transistor. The cascode transistor
is biased using an additional cascoded CLBT, as shown in the base and
apex bias generation circuit of figure 3.13 [45].

base bias bias generation apex bias
generation of stage k generation
Vi
Irbase It IQ IQmax IC+IO Itapex

\_ J/ translinear loop

resistive poly line Yy

Figure 3.13: Translinear loop; the emitter current of transistors T, and Tym
is sinked by the transistor T.; inset: in each cascoded CLBT, the bulk of the
cascode MOS transistor corresponds to the base of the CLBT, and the emitter
of the parasitic vertical transistor is connected to substrate (V. ); the gate of
the MOS transistor implementing the CLBT is connected to the lowest voltage
(V_) to set it in the accumulation regime.
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An important point to analyse is the effect on the quality factor of
the dispersion of the translinear loop input currents. According to equa-
tion (3.9), for a maximal quality factor Q.. > 0 at every stage, the
condition aigmaes < 1 must be respected for every stage. Allowing vari-
ations of o/ = aigQmaq, within the range eomae.@’ leads to a nominal
maximal quality factor

1 + €amaw

Qmaaj — y (328)

2€amam

so that €4 < €amaz ensures Quaz(a’ + e4a’) > 0. However a negative
variation within the same range can be shown to reduce Q.4 by up to a
factor two: Qmaz (@ — Camaz@’) = Qmaz(')/2.

The variations ¢, of o’ depend on the matching of n, Igmq. and I
all along the cascade, which may result in important variations of «'.
Equation (3.28) shows that a 33% variation of o/ allows a nominal Q4. =
2, with a worst case Qqx = 1 while ensuring (.. > 0 in any case.

3.4.3 IHC rectifier

The function of the rectifier is to generate a dc component from the basilar
membrane velocity signal. The basilar membrane velocity is available at
the level of the BM second-order filter as the voltage difference Vi, -
Therefore an OTA suffices to generate a current I,p = gmaVebm. This
current can be half-wave rectified using a single diode at the output of this
IHC OTA, but in order to limit the large voltage swing at the output of
the THC OTA resulting from its large load resistance when the diode is
blocked, the current wave blocked by the diode is sinked through a second
diode. Full-wave rectification can be performed by mirroring this negative
current wave to the output of the rectifier (figure 3.14a).

The delicate points to master in this circuit are related to its need
to rectify a very small current varying at frequencies up to the highest
characteristic frequency of the cascade (at least up to bkHz, for speech
signal processing). The rectified current must be as small as possible
because it will determine the large time constant 7, of the MSR low-pass
filter together with its capacitance C,, which must in turn be small enough
not to waste chip area.

The time to switch from a negative current —I,p, to a positive one
Ipm depends on the charge accumulated on the parasitic capacitance C,,
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at the output of the IHC OTA. This switching time t,, can be estimated
by

_ CRAV,
B Ivbm

where AV, is the excursion of the IHC OTA output voltage. The para-
sitic capacitance C,, is minimised by connecting the source of the diode-
connected transistor 7;, (NMOS) and T;, (PMOS) to the output of the IHC
OTA, eliminating so the gate capacitance of these transistors. The excur-
sion AV, is estimated using figure 3.14b, which represents on a logarithmic
scale i’ = In(I/Ipoy) the currents I, and I,, (whose sum equals the rectifier
output current I;;.) as a function of V,,, for fixed V,, and V,,. All voltages
are normalised to the thermal voltage, v' = V/Ur. The reference current
Ipon = Ignexp(—vron/n,) depends on the technological parameters of
the transistor T7,, whereas the term A = In(Ipop/Ipon) — vy (np — 1)/np
expresses those of transistor T}, relative to transistor 7;,. The voltage vari-
ation AV, of the IHC OTA output node when its current switches from
+Lypm t0 —ILypm is thus given by

, (3.29)

sw

I’U m
AVy, = 2Ur In Ib : (3.30)

p0O

where I, is the current leaking through the diodes when I,3,, = 0. This
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Figure 3.14: a) IHC full wave rectifier; b) forward (Irp,n) and reverse (Irp,n)
currents in the diode-connected transistors 1), and 7}, are represented on a log
scale as function of the IHC OTA output voltage normalised to Ur.
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leakage current I,o is determined by the voltage difference V,, — V},. The
rectifier output voltage V},, may be assumed almost constant if the large
capacitor C, of the MSR low-pass filter loads directly the output of the
IHC rectifier, shorting so the ac component of the rectified current I;..
As for the voltage V,,, it is imposed independently from I, by the cur-
rent conveyor T7-T>. The value of V,, is advantageously imposed by the
required leakage current I,o using an identical current conveyor (75-T)
and a current mirror (77-Ty).

Imposing a leakage current I, less than 1% of the amplitude of 4,
and a switching time shorter than a quarter of a period at a characteristic
frequency of 5kHz and assuming a capacitance C,, = 0.1 pF, the amplitude
of the IHC OTA output current I, must be larger than 0.5 nA.

3.4.4 MSR low-pass filter

In order to estimate the mean value of the basilar membrane velocity, the
MSR low pass filter separates the dc component I, from the harmon-
ics generated by the rectification of the basilar membrane velocity signal
Ivbm - gmavvbm-

The @Q-control loop has been shown by time simulations to maintain
the system stable even without filtering the ac components of the IHC
output block. However, it reinjects the harmonics generated by the THC
rectifier into the BM block. These harmonics do not propagate apically
in the cascade thanks to the sharp pseudo-resonant cutoff, but they still
affect locally the signal to be processed. Moreover, in order to enhance
the transients in the band-pass filtered envelopes of the speech signal, the
automatic gain control loop must react more slowly than the temporal evo-
lution of these envelopes. Since these envelopes vary with a time constant
of several milliseconds, the MSR block controlling the reaction time of the
(Q-control loop must have a maximal cutoff frequency at a few hundreds
hertz. This low-pass filtering is also intended to remove the periodic pitch
pulses remaining in the band-pass filtered envelopes of the speech signal,
whose frequency can descend down to 100 Hz for some speakers.

The MSR low-pass filtering is implemented by injecting the rectifier
output current I;;. into a capacitance C, in parallel with a conductance g,.
The voltage V, across g, or the current I, flowing through it is proportional
to the mean basilar membrane velocity signal (see figure 3.2). It will thus
be used to generate the current I. to be injected into the translinear loop
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controlling the quality factor as described in paragraph 3.4.2.

The conductance g, can be implemented by a single MOS transistor
(figure 3.15a) or by an OTA (figure 3.15b). In both cases, the value of
the linearised conductance g, is determined by the dc current I, flowing
through it, thus in weak inversion

Iy : :
i single transistor
n
ga(I) = IBT 72 (3.31)
1——5 OTA,
2nUr Iz

where Ip is the bias current of the MSR OTA g, and the dc current I,
corresponds to the mean rectifier output current I;j., which is proportional
to the mean basilar membrane velocity. The MSR time constant 7, =
Cy/gq will thus depend on the mean basilar membrane velocity.

It can be shown that the OTA implementation reduces by almost a fac-
tor two the variations of this time constant with the dc current level, within
the operation range of the model; moreover, since the OTA transconduc-
tance is halved compared to a single MOS transistor biased with the same
dc current, the large time constants can be implemented on a half-sized
capacitor, saving area if the capacitor is much larger than the OTAs.

The degeneration of the OTA’s differential pair by diode-connected
transistors decreases once more the transconductance g¢,,,, —and thus
decreases the required capacitor area for the same time constant, by a
factor n+1 at the price of four additional transistors (since in this case the
differential pair of the feedback OTA g¢,,» must be degenerated similarly to
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Figure 3.15: MSR low-pass filter; implementation using a single MOS transistor
(a) and an OTA (b) for the conductance g,.
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keep the transconductance ratio g,,r/g, independent of the mean basilar
membrane velocity).

Using degenerated OTAs with a capacitance C, = 10pF, a 200Hz cut-
off frequency can be obtained with a bias current Ig = 1.76 nA. With
a maximal mean rectifier output current I;pemaez = 0.5315 (which corre-
sponds to a MSR OTA output current I,(V,) 10% lower than its value
94V, with a transconductance g, linearised around I, = 0), the expected
40dB dynamic range of the basilar membrane velocity permits to estimate
a minimal mean current Ijjemin = 9 pA at the output of the rectifier,
which reaches the limits of the leakage current of MOS transistors.

Since the input current I;,. of the MSR block is directly produced
by the rectification of the IHC OTA output current I,p,, the minimal
peak value fvbmmz'n of the IHC OTA output current, assumed here to be
a sine wave, amounts to A,Iinemin, Where A, is the ratio between the
dc component of a full-wave-rectified sine wave and its peak amplitude,
thus A, = 7/2 and jvbmmin = 15pA. In section 3.4.3 it has been shown
that the current I, must equal 0.5nA to rectify signals at 5kHz. The
leakage current I,p was set 100 times smaller, thus only 3 times smaller

than the minimal peak IHC OTA output currents fvbmmm = 15pA. With
this minimal value, equations (3.29) and (3.30) give a switching time that
properly rectifies a signal at a maximal frequency of 630Hz in the same
conditions. Such a maximal frequency is too low at the basal stages of the
cascade where the characteristic frequency is higher.

The IHC OTA has its minimal output current imposed by the high fre-
quency limit of the rectifier given by the highest characteristic frequency
in the cascade. On the other hand, the maximal mean rectifier output
current is imposed by the minimal MSR time constant required to aver-
age signals having a frequency corresponding to the lowest characteristic
frequency in the cascade. This situation may be exploited by grading the
currents biasing the IHC and MSR OTAs along the cascade similarly to
the bias current I.- defining the characteristic frequency of the BM second-
order stage (see paragraph 3.4.6). Doing so, high frequency are rectified
properly and averaged with a higher cutoff frequency, whereas low fre-
quency components can be averaged with a larger time constant since
slower switching can be tolerated for their rectification.

Exploiting further the structure of the filter cascade, an additional so-
lution is implemented to better remove the ac oscillation of the rectified
basilar membrane velocity signal. Since the BM sections are modeled by
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second-order stages, the basilar membrane velocities measured at adjacent
stages have a phase difference close to m/2 near their characteristic fre-
quencies, for which they also have the largest amplitude. Summing the
output currents of full-wave-rectified sine waves shifted by a quarter of a
period yields a signal whose first ac component has a frequency four times
higher than the one of the input sine wave: a twofold attenuation can
be obtained with the same first-order MSR low-pass filter. This “double-
wave rectification” increases thus the ratio between the dc components
of the mean basilar membrane velocity and its ac components. This ad-
ditional attenuation reduces the ac components reinjected into the filter
cascade through the ()-control loop, but it does not increase the MSR time
constant. Assuming the MSR filtering to be linear, this summing of MSR
inputs of adjacent stages is equivalently performed on their outputs, where
the current levels are more important. Doing so, this interaction between
stages is performed together with the feedback of the MSR output of a
stage k to the (Q-control block of the basal stage k — dp, as it will be
described in paragraph 3.4.5.

3.4.5 Feedback gain distribution

According to equation (3.18), the current I. at the output of the MSR
of the stage & must control the quality factor of the cascade through the
distributed feedback gain F'(d) having its maximal value at d = —dg. The
simplest distribution F(—dpr) = F and F(d # —dr) = 0 is implemented
by connecting the output node sourcing I. in the MSR block of stage k,
to the collector of the CLBT transistor 7, in the translinear loop of stage
k—dp.

The disadvantage of this fixed connection is its limited flexibility, since
dr has been shown in section 3.2.6 to lie between b/6 and b/3 for the most
efficient quality factor control loop. The number of stages per octave b
can be adjusted by the characteristic frequencies of the first and the last
cascade stage through the resistive line [37], but it should therefore not
extend too far outside the limits 3dr and 6dp.

Figure 3.16 shows the implementation of such ()-control loop at a feed-
back distance dp = 2. It includes the summing of adjacent stage’s MSR
output reducing the remaining ac oscillations of the @-control signal i,
(see paragraph 3.4.4).
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Figure 3.16: Implementation of the Q-control loop at a feedback distance dp =
2, including the summing of adjacent stages’ MSR output current reducing the
remaining ac oscillations in the @)-control signal.

3.4.6 Bias currents generation

Figure 3.17 shows the generation of the different bias currents within a
stage k£ and at the level of the full circuit. The bias currents Iz of the
IHC and MSR OTAs ¢,,., and g, are identical since the output current of
the latter is the mean rectified output current of the former. According

base

|Bbase

Itbase

Q-control
(translinear loop)

Tbase Vi Viapex

V- \

Figure 3.17: Implementation of bias currents for one stage of the cascade; for
illustration clarity, in this diagram the MSR output of stage k£ controls the OHC
of the same stage k (feedback distance dp = 0); for the same reason CLBTSs are
not shown cascoded.
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to the conclusion of paragraph 3.4.4, the value of Ig is scaled with the
characteristic frequencies of the BM filters using an additional resistive
line.

The bias current I controlling the transconductance g,,r of the feed-
back OTA is scaled with the normalising current Iy in order to have a
controlling variable i. = I./Iy independent of Iy. The control variable
. saturates thus at a value M corresponding to the gain of the mirror
generating Ir from Ij.

Finally, in order to minimise the dispersion of the maximal quality
factors Qmaz along the cascade, the bias currents Iy and Igy,q, are dis-
tributed among stages using CLBTs. The dispersion of the current in
identical MOS transistors set in weak inversion and having the same gate
voltage depends exponentially on the dispersion of their threshold voltage,
which can have important gradient on the chip surface. The long dis-
tance distribution of Iy and Igmq, along the cascade is thus performed by
CLBTs, whose current is independent from this threshold voltage thanks
to their bipolar mode of operation. In most CMOS technologies, only one
type of CLBT can be implemented. MOS mirrors cannot be avoided to
give the currents Ip and Igmq. the appropriate polarity. However, these
mirrors are local and the mismatch of their threshold voltage is expected
to be less important on this short distance; moreover, its effect can be
reduced by layout techniques that cancel locally the threshold voltage
gradients (common centroid geometries [52]). Note that the CLBTSs im-
plementing this long distance current distribution are cascoded and biased
as in figure 3.13 (not shown in figure 3.17 for clarity).

3.4.7 Effect of internal noise

The automatic gain control can theoretically compress a 80 dB input dy-
namic range into a 30dB output dynamic range, but this input dynamic
range is limited between the internal noise generated by the circuit and
the saturation of its elements. The BM OTAs saturate at voltages above
Vabm ~ 75mV (which corresponds to a 10% deviation from the linear
transconductance ¢,,,). Since in this case the cascade gain is lower than
unity, this value defines the maximal input level. At a given output of
the cascade, the minimal input level must produce a power equal to that
resulting from internal noise. The noise V,;,,n at the basilar membrane
velocity outputs when no input is present must therefore be estimated.
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This estimation will be performed with the Q-control loop disabled. Since
this estimation is done for low level signals, its value will be almost iden-
tical as the one resulting from the ()-controlled cascade.

The major contribution of this noise results from the accumulation
along the cascade of the internal noise generated by each stage. The input-
referred noise of each OTA of the second-order filter is represented by its
noise resistance Ry which generates a voltage noise vy having a power
spectral density sy = 4kgT Ry, where kg is the Boltzmann constant
and T the temperature in Kelvin. This input noise resistance is split
into two components, Ry = Rr + Rp, where Ry produces the thermal
contribution of the noise and Ry its flicker contribution. The thermal
resistance depends on the OTA transconductance, Ry = 7yr/gm. For
the BM OTAs, it can be expressed in terms of filter’s time constant and
capacitance,

T

RTT = ’)/TTC—T, (332)

whereas for the OHC OTA it also depends on the quality factor,

_ rq T
Rrq = 2-1/0 170 c (3.33)

The flicker resistance is frequency dependent,

YF
= — .34
RF CFQTI'f, (33 )

where Cr has the dimension of a capacitance. The noise factors 7,4
and yp,, of the OTAs, as well as the flicker capacitance Cp are con-
stants which depend only on the design of the OTAs and technological
parameters.

The thermal and flicker noise power contribution V7 p(n,d) of the
second-order filter of the stage n — d at the differentiated output of stage
n is calculated by integrating over frequencies the sum of the noise power
spectral density generated by each noise resistance in the stage n —d mul-
tiplied by the squared transfer function between the noise resistance and
the differentiated output of stage n. The small signal analysis of the noisy
cascade in figure 3.18 yields (see details in appendix A.1):
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Figure 3.18: Noisy cochlear filter cascade
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0
where
Gna(@) =[] IHi(s=35/m)l (3.37)
l=n—d

expresses the gain accumulated on a b stages per octave cascade from the
stage n — d to the stage n, as a function of frequency normalised to the
characteristic frequency of the stage n. All integrals converge, included for
the flicker noise since its 1/f dependency yields an output power spectral
density proportional to f thanks to the differentiation performed in the
stage n. The factors I'r p(Q) include the noise factor of both BM and
OHC OTAs and depend on the quality factor:

Tr(Q) = vrr |1+ (1-1/Q)
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+ re (2-1/Q) (3.38)
Tr(Q) = vpr |1+ (1-1/Q)
+ re(2-1/Q)°. (3.39)

Equations (3.35) and (3.36) do not apply for d = 0 because the noise
contributions V7 pp, = V7 p(n,0) of the stage n itself is different (see
appendix A.1):

Vi 2 [ 5
e = @2 [ @I a0
b L@ [ @ E@P, (340
0
VEp  _ 2 [ |HO)?
kgT/Cp FFDl(Q);/QO Q “
s Te(@2 [ eE@[Pa, @Ay

where

Prow@ = 9rr [2+(1/Q -1 +(1/Q -2

+ 270 (2-1/Q), (3.42)
Lrp2(Q) = 2yrr +7710 (2-1/Q), (3.43)
Crpi(@) = rr [24(1/Q = 1% +(1/Q -2

+ 29rq (2-1/Q)°, (3.44)
Trp2(Q) = 2yrr +7rq (2—1/Q)%. (3.45)

Note that the first integral of equation (3.41) has its lower limit set to
2y instead of 0 in order to make it converge. It is the only contribution
where the 1/f dependency of the flicker noise is not compensated by the
differentiation D(s) performed by the IHC. The value of the lower limit
Qo is practically determined by the observation time window used for
measuring the noise.

The internal noise power V.2 .\ (n) generated by the entire cascade at
the basilar membrane velocity output of the stage n is given by summing
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the noise power contributions of every stage,

Vimn (M) =Vip + Vip + > [Vi(n,d) + Vi (n,d)] . (3.46)
d=1

Equation (3.35) shows that the thermal contribution decreases expo-
nentially with d. Since the accumulated gain G, 4(€2) also reaches a value
that does not anymore depend on d for large enough d, the thermal noise
at the stage n will reach a constant value, even for n growing to infin-
ity. This is explained by the fact that the thermal noise power generated
by each filter H (s) is the same (Q(T'r(Q) + yr-)ksT/C;), and since the
bandwidth of the filter increases exponentially toward the base, the ther-
mal noise power spectral density decreases at the same rate. The power
spectral density of each filter having to be integrated within the bandwidth
of the cascade after stage n, which is narrower than the one of the basal
stages n — d, the thermal noise contribution of basal stages will decrease
exponentially, resulting in a thermal noise power independent of the length
of the cascade. The situation is different for the flicker noise. The first
term in the right hand-side of equation (3.36) does not decrease exponen-
tially with d. The reason is that each stage generates a flicker noise with
the same power spectral density, since Rr depends only on fixed layout
parameters (the area of the transistors). After the build up of the cascade
gain, the flicker noise at the output of the stage n increases linearly with
n.

Figure 3.19 shows the dynamic range of an input tone at the frequency
at which a stage n best responds, yielding a basilar membrane velocity
lying between the saturation of the second-order filter’s OTAs and the
rms noise at this stage. It was computed for a b = 6 stages per octave
cascade with realistic design and technological parameters (yr, = 2.55,
Yrq = 3, Yrr = 19, yprqy = 4, C; = 10 pF, Cr = 1 pF). The effect
of the ()-factor on the dynamic range becomes negligible when it reaches
@@ = 2. In this case, the build-up of the cascade gain together with the
accumulation of the noise along the cascade yields a peak dynamic range
of 52dB after the first b stages. The input dynamic range then decreases
linearly (logarithmically on the dB scale) due to the growing effect of the
flicker noise. In a cascade having characteristic frequencies spanning 6
octaves, an operational input dynamic range of nearly 50dB is possible,
which is however smaller than the 80dB on which the automatic gain
control is effective in a linear and noiseless cascade.
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Figure 3.19: Input dynamic range yielding a response between the internal
noise and the saturation at the output of stage n, for a cascade set to b = 6
stages per octave of characteristic frequency.

3.4.8 Chip measurement results

The circuit was designed for a standard CMOS process (ES2 0.7u). Since it
is a N-well process, only PNP-type CLBTSs are available. As a consequence,
the translinear loop, the second-order filters, the IHC and MSR OTAs
as well as the biasing transistors are the complementary version of the
diagram shown in figures 3.13, 3.12 and 3.17, respectively. For the same
reason, the inputs of the feedback OTA g,,r in figure 3.15 are reversed.

A 36 stages cascade, 7 additional test stages and circuitry for scanning
the cascade outputs on a single pin was integrated on a 4mm? chip (2.2mm?
for the cascade alone, where more than half the area is used by MSR and
BM capacitors).

The measurements made on chip confirmed the critical points identified
during the design, namely the dispersion of the individual stages’ quality
factors and the effect of the internal noise. As for the MSR time constant,
it was impossible to set it large enough to noticeably enhance transients
without degrading the performance of the IHC rectifier, due to the too
small currents required at its output.

The effect of the dispersion of the quality factors is illustrated in fig-
ure 3.20, which shows the maximal cascade open loop gains that could
be obtained. The dispersion of the individual quality factor, and to a
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Figure 3.20: Open loop gain measured every 3 stages along the 36 stages cascade
chip (Q-control loop disabled).

lesser extent its influence on the regularity of the exponential decrease of
the characteristic frequencies, is more important than in the VLSI cochlea
[37], where the bias currents I, was controlled by a common voltage on
the emitter of every corresponding CLBTSs. In the active cochlea presented
here, however, this current depends locally on the currents Ig,q, and Io,
which are locally copied by MOS current mirrors, much more sensitive to
mismatch than CLBTs (paragraph 3.4.6). As a consequence, the peak gain
between the basilar membrane displacement at the input of the cascade
and the basilar membrane velocities along the cascade is limited by the
maximal individual quality factor, which has to be set to a value smaller
than the theoretical Q.42 = 2 in order to ensure the stability of the most
sensitive stage (around stage 34 for the measured chip). Instead of the
expected 45dB, a peak gain larger than 20dB is hardly obtained from the
chip.

This reduced open loop gain, together with the internal noise accu-
mulated along the cascade limits also the input dynamic range effectively
compressed by the automatic gain control, as illustrated in figure 3.21.
Even for very low input level, the closed loop gain saturates to a value
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Figure 3.21: Closed loop gain measured at three different position on the
36 stage chip (Q-control enabled), for different input levels (in dB relative to
1004V).

lower than the 20dB open loop gain, because the internal noise generated
by the cascade yields a mean basilar membrane velocity large enough to
reduce the quality factor, and thus the closed loop gain. At high charac-
teristic frequency (CF=6kHz), the open loop gain has not yet accumulated
to its nominal value, and at lower characteristic frequency (CF=1.5kHz)
the accumulated noise has become too important. The maximal closed
loop gain was obtained at medium characteristic frequency (CF=3kHz),
but instead of compressing the 80dB input dynamic range into a 30dB
output dynamic range, only a 40dB to 20dB dynamic range compression
could be obtained. This 40dB input dynamic range over which the level
compression is active is within the order of magnitude of the maximal
input dynamic range estimated to 50dB in paragraph 3.4.7.

Although not as efficiently as in its computer model, the 4mm? low-
power analogue VLSI chip was shown to implement in real-time a 36 stages
cochlear filter cascade featuring a frequency selective automatic gain con-
trol.
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3.5 Conclusions

The model of the active cochlea proposed in this chapter relies on the as-
sumption that the gain between the vibrations of the basilar membrane at
the base of the cochlea and its vibrations at each position along the cochlea
is modulated by a local measure of the amplitude of these vibrations. This
modulation is performed by controlling locally the damping of the basilar
membrane such that at positions where the amplitude of the vibrations
is small, the basilar membrane resonates with a high quality factor and
inversely. Thanks to the tonotopy of the cochlea, this local modulation of
the quality factor results in a frequency selective automatic gain control.

This gain control can be obtained with the simplest feedback loop,
i.e. a single connection from the averaged ITHC output at each position of
the cochlea to the OHC’s Q-control input at a slightly more basal posi-
tion. Since the averaging (MSR) and feedback connection is assumed to
model higher level of neural processing, more complicated spatio-temporal
processing can be envisaged in the MSR block.

This feedback loop is implemented on a cochlea modeled by a cascade
of filters, which permits to obtain large open loop gain with small indi-
vidual quality factors. Level compression from 80dB input dynamic range
into 30dB output dynamic range could be obtained on a computer model,
thanks to an accumulated gain varying from -10dB to about 40dB.

This model was integrated on a 4mm? low power analogue VLSI chip,
and performed successfully the expected frequency selective automatic
gain control. However, due to internal noise and technological parame-
ters variations, the VLSI implementation could not reach the performance
of the computer model. If the automatic gain control scheme has proven
to bring a valuable improvement in analogue VLSI cochlear modeling, the
filter cascade structure limiting its performance must be questioned.

The inherent properties of such serial structure is the accumulation of
the characteristics of its individual components:

e the reduced gains of relatively low quality-factor filters multiply,
yielding accumulated gains that could theoretically reach very high
values.

e the internal noise generated by individual elements accumulates along
the cascade.

e the delays introduced by individual stages add.
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As a consequence, the structure is very sensitive to the performance of
its individual components. A misfunction of one of them has a dramatic
effect on all further components in the cascade.

In the particular case of the cochlear filter cascade, the key character-
istics of its stages vary exponentially. The accumulation of exponentially
decreasing characteristics are bounded, even for an infinite-length cascade.
For this reason, the pseudo-resonant gain involves a limited number of
low-pass filters having decreasing cutoff frequencies. Its limit peak value
depends on the decrease rate of the cutoff frequencies. The same applies
for the accumulated thermal noise, which depends on the same decrease
rate. This implies that the input dynamic range over which the pseudo-
resonant gain is modulated by the ()-control loop cannot be increased by
introducing more filters to span a given range of characteristic frequency.

At the other extreme, the gain of the individual filters cannot be in-
creased using higher individual quality factor, because this would also
sharpen their frequency response, making more difficult the setting of a
cutoff frequency decrease rate that ensures the appropriate overlapping of
individual frequency response necessary to build a regular pseudo-resonant
frequency response. Another reason for a limited quality factor is the sen-
sitivity to the mismatch of the components in a VLSI implementation. The
consequence of this relatively low individual quality factor is that despite
a theoretically large pseudo-resonant gain, the pseudo-resonant frequency
selectivity corresponds to the one of a an individual stage, which is much
smaller than the one measured in live cochleae for low sound level. Nev-
ertheless, the high frequency side of the frequency response has a much
steeper slope than the 12dB per octave of an individual second-order low-
pass filter.

Since the cutoff frequency of the filters decreases exponentially, their
time constant increases at the same rate. Each second-order low-pass
filter in the cascade, loaded be the infinite input impedance of the next
stage, adds a phase lag of 7/2 at its cutoff frequency. Imposing more
filters to span a given range of cutoff frequencies would increase the delay
accumulated along the cascade, which depends therefore on its spatial
(and, thus, frequency) resolution. In a cascade model of the cochlea,
each stage should therefore not be seen as a structural model of a the
cochlear duct section, but as an emulation of the propagation of the basilar
membrane displacement along this section [32]. Although, such description
assumes a wave propagation without reflections, it does not model properly
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the coupling between sections.

The filter cascade models thus sequentially the propagation of the basi-
lar membrane vibration along the cochlea. The interaction between stages
consists only of the transmission from a stage to the next of the result
of the local emulation of this propagation in a section of the cochlea. In
reality any segment of the cochlear partition is connected to any other seg-
ment through the cochlear liquid, which transmits almost instantaneously
the acoustical input signal all along the cochlea.

A parallel bank of filters having a common input would therefore better
model the cochlea. However such purely parallel model does not take into
account the interaction between neighbouring stage through the liquid.
The propagation of pressure waves induced by the stapes, as well as by
the cochlear partition itself must be included in the model, which is the
case of the 2-D model presented in the next chapter.
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4.1 Introduction

In the previous chapter we concluded that a filter cascade model of the
cochlea suffers from several drawbacks, all of them related to its purely
serial structure. In this chapter, a quantised 2-D model of the cochlea
is proposed, derived from on the hydrodynamics of its continuous 3-D
description. The two dimensions taken into account are the longitudinal
axis which runs along the basilar membrane from the base to the apex,
and a vertical axis perpendicular to the basilar membrane surface.

The practical advantage of the 2-D model is that it may be emulated by
a dense network of linear dipoles which performs the analogue computa-
tion of the cochlear hydrodynamics in real-time. Moreover, the equivalent
cross-section of the cochlea can be mapped onto a network having the
same shape, which is hard to achieve using numerical computation.

As opposed to the cascade model, the cochlear partition is modeled by a
parallel structure since it is implemented by a bank of resonators. However,
these resonators are connected together by the network modeling the liquid
and since they are not high input impedance stages, they interact with
each other. The strength of these interactions depends on the proximity
of the interacting resonators and the ratio between their impedance and
the local impedance of the network.

Compared to 1-D hydrodynamic models, which considers only the lon-
gitudinal axis, the 2-D model additionally takes into account the liquid
movements perpendicular to the basilar membrane. These vertical move-
ments are necessary to describe the different regimes of wave propagation
along the cochlea (long-wave far before, short-wave around and cutoff after
the best responding position [34, 27]), and they are important to faithfully
model the sharp cutoff observed in live cochlea [9].

In section 4.2 the 3-D model of the cochlea is simplified into a 2-D con-
tinuous electrical equivalent, whose quantisation into a network of dipole
is analysed in section 4.3. This network is simulated in section 4.4, result-
ing in the determination of the relevant parameters for faithfully modeling
the 3-D hydrodynamics of the cochlea, summarised and discussed in sec-
tion 4.5.
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4.2 2-D model of the cochlea

4.2.1 3-D hydrodynamics of the cochlea

In a liquid of density p assumed to be non-viscous, neglecting gravitational
forces, the motion of each element of liquid is given by the Euler equation:

—grad p(.’l?,y,Z) = pa(a:,y,z) (41)

where a(z,y, z) and p(z,y, z) are the acceleration field and the pressure in
the liquid, respectively, described in the rectangular coordinates x, y and
z as shown in figure 4.1.

Moreover, if the liquid is incompressible, time differentiation of the
continuity equation div - v(z,y, z) + dp/dt = 0 imposes

div-a(z,y,z) = 0. (4.2)

Equations (4.1) and (4.2) mean that the acceleration potential p(z,y, z)/p
in the liquid satisfies the Laplace equation

(7,9,2)

AP@Y2) g erad?

; =0 (4.3)

with the boundary conditions a(z,y, z), or p(z,y, z), imposed at the co-
ordinate (z,y, 2) of the surface enclosing the liquid. In the cochlea these

stapes Ay helicotrema

oval window

scala media +
scala vestibuli

basilar membrane

scala tympani

Figure 4.1: 3-D uncoiled cochlea.
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Figure 4.2: Acceleration vectors along a flow line in the cochlear liquid.

boundaries consist of the bony shell, the oval and round windows and
the basilar membrane. Due to the negligible mechanical influence of the
Reissner’s membrane, the scala media and vestibuli are merged in this
analysis.

At each position (z,y,z) the acceleration vector a is the sum of a
component a; = dv/0t tangential to the flow line, where v is the local
liquid velocity vector, and a component a,, = ||v||?r/||r||? normal to the
flow line, where r is its local curvature radius vector (which points from
the flow line to its centre of curvature, see figure 4.2). Each frequency
component of the normal acceleration a,(w) = w?{|d(w)||?r/||r||* may be
neglected with respect to those of the tangential acceleration a;(w) =
w?d(w) if the local curvature radius ||r|| is much larger than the amplitude
||d(w)]| of the local liquid displacement along the stream line.

Liquid displacement perpendicular to the inflexible wall of the bony
shell surface is impossible, thus the flow lines are tangential to the bony
shell boundary. Since we can reasonably assume that the curvature radius
at any position on the bony shell boundary is much larger than any liquid
displacement along this boundary, the acceleration component normal to
the bony shell boundary can be neglected, yielding for the bony shell
boundary condition of equation (4.3):

an(xayaz)BS = 0. (44)

Note that this assumption may appear not to be valid at the helicotrema,
where the curvature radius of the flow lines is shorter due to their U-
turn from the scala vestibuli into the scala tympani. Moreover, the liquid
displacements are more important there because the flow lines compress
in crossing the opening of the helicotrema. Nevertheless, at this position
of the cochlea no filtering is performed; the validity of this assumption is
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likely to have little effect on the effective cochlear processing.

In absence of any displacement imposed by the stapes on the oval and
round windows or by the basilar membrane reaction, the assumption 4.4
applies to these boundaries as well. This means that the only acceleration
component normal to the oval window is imposed by the input accelera-
tion ag of the stapes, resulting in the oval window boundary condition of
equation (4.3):

an(xayaz)OW = aSen(x)yaz)OW (45)

where e, (z,y, 2)p is the unit vector normal to the considered boundary at
its position (z,y, z)p, defined positively when pointing inside the volume
enclosed by this boundary.

Similarly, the acceleration component normal to the basilar membrane
surface is due only to its reaction to the difference of pressure between its
two faces. Since the basilar membrane is incompressible, the acceleration
component normal to its surface on the scala media side is opposite to
the acceleration component normal to its surface on the scala tympani
side. The boundary conditions of equation (4.3) at the basilar membrane
surface facing the scala media (z, y, z) sas and the scala tympani (z,y, 2) s7
are thus imposed by the basilar membrane acceleration agy(z,y, 2) B,
defined positively from scala media toward scala tympani,

an(xayaz)SM — _aBM(xayaz)BMen($ayaz)SM (4 6)
an(x’yﬁz)ST = GBM(x,y,Z)BMen(JJ,y,Z)ST -

where (z,y,2)sm = (z,y,2)sT = (2,y, 2) gy if the basilar membrane is
assumed to have no thickness.

Finally the acceleration component normal to the round window, which
opens to the pressure of the outside, is determined by integrating equa-
tion (4.2) on the whole boundary. Since the acceleration components nor-
mal to basilar membrane boundary facing the scala media and the scala
tympani cancel and the acceleration component normal to the bony shell
boundary is negligible, the round window boundary condition of equa-
tion (4.3) becomes:

S
an(z,y,2)rRw = _SZZ asen(z,y,2)rw (4.7)

where Spow and Sy are the areas of the oval and round windows, re-
spectively.
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Hence, the boundary conditions are entirely determined by the stapes
acceleration ag, which is given as an input signal to the cochlea, and
the acceleration agys(z,y, 2) gy normal to the basilar membrane, which
responds to the forces applied by the liquid onto it.

The local acceleration apy(z,y,2)py of the basilar membrane de-
pends on the pressure difference between the scala media and the scala
tympani, just above and below the basilar membrane:

ZE.’L‘,y,z)BM{aBM(.’B, Yy, Z)BM} =
psm(®,y,2)BMm — PsT(2,Y, 2)BM (4.8)

where Z Ex,y,z)BM {-} is the impedance function per unit area expressing the
local mechanical properties of the basilar membrane.

The pressures psy(z,y, 2) v and psr(z,y, 2) gy are determined by
solving the Laplace equation (4.3) and its boundary conditions (4.4), (4.5),
(4.6) and (4.7), but the boundary condition (4.6) depends in turn on
the pressure through equation (4.8). The problem can be solved using a
Green’s function computed from the geometry of the cochlea which links
the force at any position on the boundary with the acceleration at any
other position on the boundary [24] (see also appendix A.3). Alterna-
tively, a numerical solution of the problem can be obtained using a finite
difference approximation of the Laplace equation and its boundary condi-
tions [26].

This calculation may be emulated in real-time in an electrical equiv-
alent, as proposed in [27]. In order to calculate the acceleration field
efficiently, the 3-D model is reduced to a 2-D model without sacrificing
the important characteristics of the cochlear hydrodynamics.

4.2.2 2-D electrical equivalent

The 2-D model shown in figure 4.3a consists of a longitudinal cross-section
along the basilar membrane of the uncoiled cochlea shown in figure 4.1.
The z-axis runs along the basilar membrane, which is assumed to have no
thickness, whereas the y-axis is normal to the basilar membrane surface.
The width of the basilar membrane (in the dimension ignored by the 2-D
model) is given by w(x), as shown in figure 4.3b. The 3-D model is reduced
to a 2-D approximation by assuming that each cross-section perpendicular
to the longitudinal x-axis is a rectangle having the same width as the
basilar membrane, w(x), and whose height is given by the longitudinal
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Figure 4.3: a) Longitudinal cross-section of the uncoiled cochlea; b) shape of
the basilar membrane; c¢) equivalent electrical circuit, d) simplified 3-D cochlea
used for 2-D reduction.
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cross-section of the cochlea (figure 4.3d). This means that only the mass
of the liquid above and below the basilar membrane is taken into account.
Moreover the pressure and the acceleration field in the liquid are assumed
constant along the width of the membrane, i.e,. along the z-axis dropped
in the dimension reduction, as well as the mechanical properties of the
basilar membrane.

Doing so, the liquid density p in the 3-D model becomes a surface
density pw(z), which is scaled in the z-direction by the width w(x) of
the basilar membrane. Similarly, the pressure p(x,y, z) becomes a force
per unit length p(z,y)w(x). According to equations (4.5) and (4.7), the
acceleration flow entering the cochlea through the oval window and es-
caping the cochlea through the round window is given by aglow, where
low = Sow /wow is the 2-D equivalent of the oval window area Sow .
Similarly, the acceleration flow of a basilar membrane segment of length
dz is given, using equation (4.8) by

agy (x)dr = Z’;l{[pSM(:L', 0) — psr(z,0)]w(z)}dz, (4.9)

where Z',{-} is the impedance function per unit length of the basilar
membrane at position .

The electrical analogy shown in figure 4.3c is now straightforward. The
liquid is modeled by a resistive sheet having a sheet resistivity 1/o(z) (in
[Q] = [VA™']) proportional to the surface density pw(z). The relationship
between the sheet current density J (in [Am™1]) and the electric field E
(in [Vm™!]) in a resistive sheet obeys the conduction equation

J(z,y) = oz, y)E(z,y), (4.10)
where the electric field E(z,y) derives from the potential V(z,y):
E(z,y) = —grad V(z,y). (4.11)
The continuity equation applies also for sheet current densities,
div - J(z,y) =0, (4.12)
resulting in the Laplace equation
o(z,y)AV(z,y) =0, (4.13)

with the boundary condition J(zp,ys) or V(zp,ys) imposed at the edge
(xp, yp) of the resistive sheet.
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According to the 3-D hydrodynamics described in paragraph 4.2.1, the
stapes acceleration ag imposing the oval window boundary condition 4.5
should be implemented by injecting a constant surface current density Jg
along the edge of the resistive sheet corresponding to the oval window.
In many computer models, the stapes’ acceleration ag is also given as an
input because it simplifies the calculation of the solution. However, the
input of the auditory pathway is the acoustical pressure. The stapes’ ac-
celeration is determined from this input through the equivalent impedance
of the outer and middle ear together with the impedance of the cochlea.
Assuming a constant pressure pow at the oval window, an alternative so-
lution easier to implement in an electrical model consists of imposing an
input voltage Vow proportional to the force per unit length powwow at
the oval window. This can be obtained using a metallic contact all along
the corresponding edge lpw. At the round window, which opens onto at-
mospheric pressure, a similar contact allows the circuit to be closed with
a voltage source V;, between the oval and round window contacts.

Finally the mechanics of the basilar membrane reaction is modeled by
a bank of infinitesimal dipoles connecting the scala media and the scala
tympani. Each dipole is crossed by an infinitesimal current digy(z) =
Jen(x)dr imposed by the voltage difference Vgps(x) — Vgr(z) between
their two poles:

g (z) = dYe{Ver (z) — Ver(z)} (4.14)

where dY,{-} is the admittance function of the infinitesimal dipoles at
position x.

Comparing equations (4.3) and its boundary conditions, (4.2) and (4.9)
with equations (4.13) and its boundary conditions, (4.12) and (4.14), re-
spectively leads to the correspondences listed in table 4.1.

The hydrodynamic quantities and the electrical quantities are related
to each other by scaling factors. The force per unit length pw is related to
the voltage V by the woltage scaling factor F, = V/pw (in [Vs’kg™']) and
the acceleration a is related to the sheet current density J by the current
scaling factor F; = J/a (in [As°m™2]). As a result, the sheet conductivity
above and below the basilar membrane is given by

Fj 1

O'(J}) - Fv pw(x) )

(4.15)
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Hydrodynamics quantities Electrical quantities
pw kgm™"s*][m] || V V]
a ms™] || J [Am~']
pw kgm~°)[m] || 1/ VA~
apy(z)dex [ms™2]|[m] || dIga(z) [A]
Z', {}da dYe{-} = Y {-}dz

Table 4.1: Analogy between the hydrodynamic equations of the cochlea and its
2-D electrical equivalent.

and the basilar membrane admittance function per unit length becomes

vivy=rzt {

(4.16)

4.2.3 Micro-mechanics in the organ of Corti

Neglecting any interactions between them (such as shearing resistance and
longitudinal stiffness), each section of the cochlear partition (basilar mem-
brane and organ of Corti) reacts to the force dF'(x) applied onto it with a
displacement y(z) in the direction of the force according to

_ 9%y(z) y(z)

dF (xz) = 52 M (z)dx + Wh’(x)dx +y(2)k (z)dx

(4.17)

where m/(z), h'(x) and k' (z) are the mass, viscosity, and stiffness by unit
length of the basilar membrane and its overlying organ of Corti. The
viscosity term may appear to be in contradiction with the assumption of
negligible viscosity stated in writing equation (4.1). It turns out that, the
viscosity cannot be neglected in the complicated micro-structure of the
organ of Corti, where the up-down displacement of the basilar membrane
is transformed into a lateral displacement of the reticular lamina relative
the tectorial membrane (figure 4.4). The viscosity of the endolymph in
the narrow space between these two surfaces causes energy losses which
damp the basilar membrane movement. The force term dF'(z) (defined as
positive in the direction of positive y) is the sum of the forces dFpy(z) =
—[psm(z,0) — psr(x,0)]w(x)dr due to the pressure difference between
the scala media and tympani, and a force dFppc(x) caused by the active
reaction of the outer hair cells.
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Figure 4.4: Cross-section of the cochlear partition showing the conversion of the
vertical basilar membrane movement into a shearing movement between tectorial
membrane (TM) and reticular lamina (RL).

The outer hair cells have motile properties which are believed to be
responsible for a positive feedback of the force applied on the basilar mem-
brane through the following mechanism, depicted in figure 4.5:

1. The basilar membrane is pushed (pulled) toward the scala media
(tympani) by the force (—)dFpy.

2. The organ of Corti follows the vertical displacement y of the basilar
membrane. Due to the rigid framework of the pillar cells and the
reticular lamina and since the ends of the tallest stereocilia of the
outer hair cells are firmly anchored in the tectorial membrane, this
vertical movement would be transformed into a lateral movement d
of the attachment point of the stereocilia on the tectorial membrane,
if the stereocilia were infinitely stiff.

3. Due to the flexion stiffness of the stereocilia, the radial compression
stiffness and the mass of the tectorial membrane, as well as the resis-
tances of the stereocilia in the endolymph, the movement d induces
a flexion of the stereocilia characterised by the displacement ¢ of its
attachment point on the tectorial membrane.

4. The flexion of the outer hair cells’ stereocilia opens (closes) trans-
ducer channels allowing a potassium current to depolarise (hyperpo-
larise) the cell by increasing (decreasing) its intracellular potential
v.
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2 2
B

Figure 4.5: Outer hair cell feedback mechanism.

5. The body of the outer hair cell shortens (elongates) as the intra-
cellular potential increases (decreases), resulting in the force Fppyco
pulling (pushing) the basilar membrane further up (down). The
length variation Al has been shown to be a saturating function of
the intracellular potential v [15].

The detailed mechanisms of this feedback loop have been investigated
([21], [18], [25], [15], [22], [46], [24], [47]) but too many unknowns remain
in these mechanisms and in the order of magnitude of their parameters
(often measured on animals of different species). Although these analyses
are sometimes based on quite different assumptions, they all conclude that
this feedback would result in an undamping term h], imposing:

dFopc(z) = a%(t“’) h! (z)dz. (4.18)

This term permits to reproduce closely the frequency characteristics mea-
sured on live cochleae. It is beyond the scope of this work to investigate
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further the mechanisms of the outer hair cell’s feedback loop, and this
model is based on the commonly accepted undamping paradigm (4.18).
Equation (4.17) thus yields in the Laplace domain:

1 dFBM ({E)
y(z)  dx

where the undamping ratio u = hl, (z)/h'(z) is hypothesised to be slowly
controlled by the efferent innervation of the outer hair cells which would
bias the operating point of the saturating transfer function Al(v) of the
feedback stage 5 [18]. This bias would modify the motility gain dAl/dv
with which the cell length changes in response to small intracellular po-
tential variations, controlling in this way the undamping factor hl (z) .

Since the acceleration apgys(x) of the basilar membrane (defined pos-
itively from scala media toward scala tympani in section 4.2.1) is ex-
pressed by —s?y(z) in the Laplace domain, and recalling that dFg s (z) =
—[psm(z) — psr(x)|w(x)dz, equation (4.19) can be rewritten

= s°m/(z) + sh'(z)(1 — u) + k' () (4.19)

]
[psm(z) — psr(z)]w(z) =
s?m/(x) + sh'(z)(1 — u) + k' ()

apnm(T) (4.20)

Comparing equation (4.20) and (4.9), the impedance function per unit
length Z! {-} becomes a linear impedance per unit length

)
S 52

which imposes
s () = psr(@)w(z) = Zy{apu (2)} = Z'(z)apm(2), (4.22)

Its electrical equivalent thus becomes, using equation (4.16), a linear ad-
mittance per unit length

(4.23)

4.3 Electrical model

4.3.1 Longitudinal symmetry

Figure 4.3 shows that the 2-D equivalent of the cochlea is almost sym-
metric about the z-axis. Imposing a perfect symmetry of both scalae
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and splitting the basilar membrane admittances dY (z) into two identi-
cal serial admittances 2dY (z), the equivalent admittance between any
point (x,y) in the scala vestibuli and any resulting splitting node («’,0)
is the same as the admittance between a symmetrical point (z, —y) in the
scala tympani and the same splitting node. With a current flowing from
one scala to the other through the basilar membrane admittances (and
the helicotrema, which can be considered as a degenerate basilar mem-
brane admittance), the voltage drop between any points (z,y) and any
splitting nodes (z’,0) is equal with opposite sign to the voltage drop be-
tween any symmetrical point (z, —y) and the same splitting node (2’,0)
(both voltage being defined positive from scalae to basilar membrane).
This applies for the input voltage at the oval and round windows, thus
vow — v(z',0) = —vrw + v(2’,0), where v(z’,0) is the voltage on any
splitting node («’,0), which equals thus (vow + vrw)/2 for all ’. Split-
ting the input voltage v;, = vow — vrw into two identical sources v;, /2,
one between vpyw and a reference Vj and the other between vy and V),
imposes thus v(z’,0) = Vj on all the splitting nodes (z’,0). The entire
cochlea can therefore be modeled using the scala vestibuli alone with the
admittances dY (z) doubled and the input voltage divided by two, all of
them (including the helicotrema) being grounded at a the reference voltage
Vo. Note that equivalently, the input voltage and the basilar membrane
admittances can be kept at their original value, but in this case the sheet
conductivity must be halved, in which case equation (4.15) is rewritten.

Pl
7 = F, Spwla)’

(4.24)

Such a perfect symmetry is of course not achieved in the real cochlea,
and this assumption will affect the tonotopical mapping of the cochlea.
Nevertheless, since the tonotopy is mainly determined by the basilar mem-
brane stiffness which is not affected by the symmetry assumption, this is
an acceptable price to pay for decreasing by a factor two the large number
of resistors required to model the liquid.

4.3.2 Spatial quantisation

The resistive sheet could be implemented directly as a resistive layer avail-
able in some VLSI analogue processes. However such layers are not avail-
able in all processes and their sheet conductivity, imposed by the technol-
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ogy, cannot be adjusted. Moreover a continuous model of the basilar mem-
brane admittance per unit length would require a continuous medium to
implement the continuous admittance per unit length modeling the graded
mass, viscosity and stiffness per unit length, which is unfeasible using the
available VLSI processes.

Therefore, a solution consists of spatially quantising the continuous
electrical model using a network of dipoles. This network is designed such
that it implements exactly the finite difference approximation of the differ-
ential equations governing the continuous electrical model, i.e. the Laplace
equation (4.13) and its boundary conditions, in particular the basilar mem-
brane’s admittance per unit length, described by equation (4.23).

Appendix A.2 shows how the finite difference approximation of the
Laplace equation performed on a rectangular grid,

AV (ilg, jA,) (4.25)

o Vie i+ Vi, —2Vi;  Vija+ Vi —2Vi; 0
~ A2 * A2 -
z v

where A, and A, are the grid spacing in the z- and y-direction, respec-
tively, can be modeled by a rectangular network of resistors. Each node
(¢, 7) of the network is mapped onto the coordinates (x = iA,,y = jA,) of
the resistive sheet. Each node pair (7,j) — (¢ — 1, ) is connected together
by an horizontal resistor R;(i,j) and each node pair (i,5) — (i,j — 1) by
a vertical resistor R,(%,7). The current flowing in these resistors corre-
sponds to the current density in the resistive sheet. This current density
being a vector field, its components in the z- and y-directions at coordinate
(1A4, jA,) are given by the average current flowing in the resistors R, (3, j)
and R;(i+ 1,j), and the average current in R,(4,7) and Ry(¢,j + 1), re-
spectively. Since the conduction equation derived from equations (4.10)
and (4.11) imposes

—o(z,y)grad V(z,y) = J(z,y) (4.26)

the value of the resistors R, (i,j) and R,(4,j) is mapped onto the local
conductivity o(z = [i — 2]A,,y = jA,) and o(z = iA,,y = [j — 1]A,)
midway between the coordinates corresponding to the nodes connected by
the resistors. In addition, the resistance R, and R, must be scaled by the
aspect ratio of the grid A, /A, and A, /A, respectively, thus:

1 A,

R R T W 2
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o 1 A,
Ry(i,j) = B = 1Ay A, (4.28)

The boundary conditions imposed as a voltage are simply implemented
by applying the required voltage at the nodes sampled on the correspond-
ing boundary. The value of the resistors connecting two successive nodes
on such boundary is irrelevant. In the particular case of constant voltage
applied on the boundary these resistors are shorted by the voltage source.

Alternatively, the boundary conditions which consist of a current den-
sity J,(zp,yp) normal to the boundary are imposed by injecting currents
into the network. The currents I (ips, jpz) and I (ipy, jby) at network bound-
aries following the x-axis and y-axis, respectively, are related to the cor-
responding current densities Jy(Zpz, Ybz) and Jy(Zpy, Yby) by

I(ib:cajbx) - Jy(lbwA:m]bmAy)A:c (429)
I(ibyajby) = Jw(lbyA:ca]byAy)Ay (430)

The resistors connecting nodes on such a boundary are twice as large as if
these resistors were inside the network. This is because the resistive path
which spread symmetrically around the line joining two nodes within the
network cannot spread outside the boundary when the two nodes lie on it
(see in figure 4.6a).

Finally the basilar membrane boundary is similar to a current density
boundary, since the current density is imposed by the grounded admittance
per unit length Y’ (z) which constitutes the boundary (z,0), as shown in
paragraph 4.3.1. This admittance per unit length Y’ (iA,) is quantised by
an bank of admittances Y (i) which connect the boundary nodes (i,0) to
ground. The value of the admittances Y (¢) is given by

Y (i) = Y (200) Ay (4.31)

The resistances R, (i,0) following this boundary are also doubled, since in
the admittance per unit length Y’(x) no current density can flow in the
z-direction.

The spatial quantisation of a rectangular resistive sheet into a network
of dipoles is illustrated in figure 4.6. In this example, the resistive sheet
has a constant voltage imposed by a metallic contact at its left boundary,
current densities imposed at its top and right boundaries and a grounded
admittance per unit length at its bottom boundary. The value of the
dipoles are summarised in table 4.2.
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Figure 4.6: Quantisation of a resistive sheet (a) into a resistive network (b).

The error caused by this spatial quantisation of the resistive sheet must
be evaluated in order to limit the amount of resistors, which will approxi-
mate the resistive sheet with the loosest acceptable grid. The quantisation
of the resistive sheet into a network of resistors corresponds to a spatial
sampling of the potential V(x,y) at the positions corresponding to the
nodes (i, j) of the network, with a linear interpolation in the resistors be-
tween these nodes. The sampled potential V (i,j) = V(x =iA,,y = jA,)
thus depends on the grid spacing A, and A, of the network. The two-
dimensional spatial Fourier transform of V' (i,7) results in the repetition
of the two-dimensional spatial Fourier transform of V' (z,y) with a spacing
1/A; and 1/A, in the z- and y-directions of the spatial frequency plane
(fz, fy)- These repeated spatial spectra are filtered out by the spatial
Fourier transform of the linear interpolation, which has a spectrum of the
form sin?(f,A) sin2(fyAy)/(f§f§). If the grid spacing A, or A, is too
large, aliasing can result from the overlapping of the original spatial spec-
trum with its frequency-shifted copies. In order to prevent such aliasing,
the frequency spacing 1/A, and 1/A, must be at least twice as large as the
highest spatial frequency f, and f,, respectively, of the voltage V (z,y).
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Ry (i, j) = (i %]ﬁx,jAy) ﬁy
Ry (i, ) = NN _1%]Ay) A.ZA
R.(M,j) = o ([M — %Q]Aw,jAy) ﬁy
Ry(M,j) = U(MAxaQ[j - %]Ay)AAz
) = = 1182 VA, ﬁz
Ry (i, N) = (,(@Awé& - %]AAw A,
R.(i,0) = (i _1%]A,,,., 0) Az
Ry(i,1) = — .

V5,0 = ARG

Table 4.2: Correspondences between resistive sheet parameters and resistive
network parameters.

The spatial Fourier transform of the potential V (z,y) should thus be
estimated to determine the grid spacing A, ,, which would require know-
ing V(x,y). But since no analytical expression of V (z,y) accurate enough
to take into account all the peculiarities of the cochlear hydrodynamics is
available, we must rely on numerical computations, themselves based on a
spatial quantisation of the variable onto a grid. This point will be further
discussed when analysing the simulation results in paragraph 4.4.3.

4.3.3 Basilar membrane resonator

The basilar membrane is quantised by a bank of resonators. Using equa-
tions (4.21), (4.23) and (4.31), each basilar membrane resonator has an
impedance

S SR SR
Y(’L) N GBM(’L) SCBM(Z) S2SBM(’L)

Z(i) = (4.32)
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whose equivalent electrical circuit consists of a branch formed by three
serial dipoles, namely a resistor

F;  Ag
) = — 4.
Gpum (i) By mi(iA,)’ (4.33)
a capacitor
: F; A, 1
=7 4.34
Con() = 7 WA 1—u (4.34)
and a super-capacitor
. Fj A:c
= = 4,
S @) = B ny) (4.35)

which is defined as a dipole whose voltage is proportional to the double
temporal integration of its current (see inset of figure 4.7).
The resonator has thus a second-order high-pass admittance

N 2 2()
Y0 =Conl) o Tor/am + 1 (430

having a cutoff frequency 1/277(i) defined by the time constant
SBM 2 ZA
4.37
Goar () \/ (4.37)

CBM() _ \/k’(zA)m’ 1A
\/GBM (¢)SBam (%) W (iA)(1 — u)

and a quality factor

Qi) = (4.38)

4.3.4 Mechanical to electrical mapping

The schematic of the 2-D electrical model is now determined, as shown in
figure 4.7. The remaining task is to map the mechanical quantities of the
biological cochlea onto the electrical quantities of its analogue model.
According to the physiological data used in [24], the mechanical pa-
rameters having important variation along the longitudinal axis are the
stiffness of the basilar membrane and the cross-section area of the cochlea.
The basilar membrane stiffness decreases exponentially from the base to
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Figure 4.7: Schematic of the 2-D electrical model of the cochlea.

the apex. The exponential decrease of the characteristic frequencies along
the cochlea is thus mostly due to this parameter. The cross-section of
the cochlea decreases quite abruptly shortly after the base, such that half
of the volume of the cochlea (and thus the mass of liquid it contains) is
located in the basal quarter of its length.

The basilar membrane width increases by a factor 4 from the base to
the apex, but it varies by a factor less than 2 from 10% to 90% of its
length. The mass of the basilar membrane together with that of the organ
of Corti vary to a lesser extent, since the width of the organ of Corti,
which is the major mass contribution, is only slightly scaled on the width
of the organ of Corti. The viscosity term was shown to decrease almost
linearly by a factor 2 from the base to the apex [24].

Using equations (4.33), (4.34) and (4.35), the electrical quantities G gy,
Cpny and S could be mapped exactly to their mechanical and geomet-
rical equivalents, provided these biological data are known exactly. How-
ever, in order to simplify the design of the electronic circuit by using similar
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mechanical quantity || electrical element
liquid densit Gy (3) Fi 1 Ay
iquid densi (1) = =———
d Y F, 2pw A,
F, 1 A
G ()= 4 _1 B
y(z) Fy}%pqg AU
BM mass GBM(Z) = EW
F, A, 1
BM eff. viscosity Ceum (i) = ﬁg Ty
BM stiffness Spum (i) = Fj, k’(g) 9i/b

Table 4.3: Position dependence of the elements of the basilar membrane res-
onator.

cells for each section of the cochlea, a constant basilar membrane width
w(z) = w, mass per unit length m/(z) = m’ and viscosity h'(x) = h' are
assumed. The variation of the basilar membrane stiffness per unit length
is set to be purely exponential by imposing k'(z) = k'(0)27%/%2=, As a re-
sult, the cutoff frequency of the basilar membrane resonators will decrease
exponentially at a rate of one octave every 2b stages:

, 1 1 [k'(0)__,
(1) = = ) L9/, 4.
fe() 2r7(1) 27 m/ (4.39)
The quality factor of the resonators
, k' (0)m'__,
QW) =2 (4.40)

also decreases exponentially along the cascade. The resulting decreasing
relative frequency selectivity towards low characteristic frequencies has
been observed on the tuning curves measured on the auditory nerve [48].
The equivalence between the mechanical quantities and their electrical
model is summarised in table 4.3.

The values of Ggyr, Cear and Sgay, as well as the values of the conduc-
tances G, = 1/R; , modeling the liquid are estimated either by match-
ing the behaviour of the resulting model with the observed biological be-
haviour or by matching them directly with the corresponding quantities
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measured in the cochlea. However, this cannot be done simply by match-
ing the characteristic frequencies and filter shapes of the biological cochlea
with the cutoff frequencies and quality factor of the basilar membrane res-
onator, because the processing performed by the cochlea depends largely
on the hydrodynamics of the liquid.

4.4 Electrical simulations

4.4.1 Simulated network

In order to estimate the values of the model’s parameters yielding transfer
functions that correspond to those measured in live cochleae, the 2-D elec-
trical model is simulated using an electrical simulator (Anacad ELDO). Be-
cause the electrical model implements the finite difference approximation
[26] exactly, the same parameter values are used as reference. These refer-
ence values are a constant basilar membrane mass m’, viscosity A" per unit
area and an exponentially decreasing stiffness k" (z) = k”(0) exp(x/dy) per
unit area. The mass m/, viscosity h’ and stiffness &’ per unit length used
in table 4.3 are obtained by multiplying m”, A" and k" by the basilar
membrane width w, which can be lumped into the scaling factor F}/F,
since it scales similarly the liquid density p. The reference values for the
simulation are summarised in table 4.4. Introducing these reference values
in equations (4.39) and (4.40) results in a cutoff frequency of 13kHz and
a quality factor without undamping (u = 0) of 60 in the basal-most basi-
lar membrane resonator. Implementing such quality factor on the VLSI
circuit appears to be somewhat challenging.

In [26], the shape of the cochlear duct is approximated by a rectangle
for computational reasons. In order to investigate the effect of the real duct
shape, the radius of the cochlear duct given in [24] and [47] (figure 4.8a)
is used as the height H(z) of the the scalae media and vestibuli merged
together. The resulting surface delimited by y = 0 and y = H(x) along
the y-axis and between z = 0 (base) and z = L (apex) along the z-axis
is then quantised to a grid imposing M points on the length L of the
cochlea and N,,;, points on the smallest height H,,;, = H(L), at the
apex (figure 4.8b), defining so the grid size A, , as given in table 4.4.
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Figure 4.8: a) Continuous shape of the cochlea; b) quantised shape to M = 100
points in length and N,,;, = 5 points in minimal height.

parameter || reference value

2pw w[m] -2 -10° kg m™*

m/ w[m] - 1.5 kg m™*

h' wlm]-2-10° kg m™ % s~ !

k' (0) w[m] - 10 - 10? kg m~2 s~ 2
dy, 0.005 m

b — In2=——1n2
A, 0T Am]

A, L/M

Table 4.4: Reference parameter values for simulation.

4.4.2 Simulation results

An AC simulation of a 20 mm long cochlea quantised to M = 100 points in
length and N,,;, = 5 points in a minimal height of 0.37 mm was performed.
Figure 4.9 shows the frequency response of the voltage V.(i) measured
on the capacitors Cgy (i) at different positions along the cochlea. This
voltage is proportional to the basilar membrane velocity vgs(7), since the
capacitor performs the temporal integration of the resonator current I (i) =
J(i,0)A, which represents the basilar membrane acceleration agps(i) =
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Figure 4.9: a) Magnitude and b) phase of the gain between the input voltage
Vin at the stapes and the voltage V.(i) on the capacitor Cpm (i) as function of
frequency, at different positions ¢A, along the cochlea (indicated in % of cochlea
length).
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J(i,0)/F}:
t
F;A F;A
V(i) = —1—"~ L, t)dt = 21— , 4.41
() = gt [ apuli )l = Z2upnit)  (4a41)
Using equation (4.34) with the undamping control term u set to zero, the
local basilar membrane velocity is thus given by:

1 1
- th'VC(’) ~ Fh'w

Expressing the input voltage V;, by the pressure p;, = Vi, /(wF,) it mod-
els, the curve 4.9a shifted by —201log(h”") = —66dB represents the acous-
tical transadmittance (in dB relative to 1 ms™!/Pa) between the input
pressure and the local basilar membrane velocity. In other words, with a
stapes pressure p;, = 2 - 107°Pa used as reference to express pressure in
“dB SPL” (Sound Pressure Level), the vertical axis represents the local
basilar membrane velocity in dB referred to 10 nm/s at 0dB SPL on the
stapes (about 30 dB SPL on the eardrum for frequencies around 1 kHz,
see paragraph 2.2.1, p. 11).

The sharp cutoff of about 300dB/octave measured in live cochleae as
well as the corresponding fast phase shift is obtained at high characteristic
frequencies. At lower characteristic frequencies the cutoff becomes less
sharp as the quality factor of the basilar membrane resonators decreases
due to the constant mass and viscosity scaling. On the phase curve, the
apparent additional phase shift of 27 after the cutoff measured at 15%
of cochlear length seems to be an artifact due to the extension of the
phase scale given between —m and +7 by the electrical simulator. The
oscillations visible on the transfer function at low frequencies are due to
reflections at the helicotrema, whose impedance is not adapted to the
local impedance of the cochlea. In the simulation presented here, the
amplitude of these oscillations was minimised by replacing the short of the
helicotrema to ground by a capacitance equal to the viscous parameter
Cpum of the resonators, which emulated so the resistance to liquid flow
when crossing the small hole of the helicotrema.

vm (1) Ve () (4.42)

4.4.3 Spatial resolution

The effect of the quantisation is shown in figure 4.10. Quantising the z-
axis too loosely with respect to the decrease of the resonator characteristic
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Figure 4.10: a) Quantisation of the z axis with M = 50, 100, and 200 points,
keeping Np.in, = 5 points at the smallest height of the cochlear duct; b) quan-
tisation of the y axis with N, = 1 and 10 points, keeping M =100 (200)
points.

frequencies causes oscillations in the frequency response. These appear at
higher frequencies, for which the characteristic frequencies of two neigh-
bouring best-responding resonators are too far away from each other. This
effect is analysed more thoroughly in paragraph 4.4.4.

The longitudinal quantisation also has an effect on the low-frequency
reflection at the apex of the cochlea: the amplitude of the oscillations in
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the frequency response at low frequencies increases with the resolution.
Since the helicotrema is quantised to a single dipole, the effect of the
impedance adaptation it performs becomes negligible when the resolution
increases. The helicotrema should therefore be modeled on a fixed length
of the cochlea apex rather than by the last resonator of the bank only.

As for the quantisation of the y-axis, figure 4.9b shows that it al-
most does not affect the magnitude of the frequency response, even with
Nmin = 1 which corresponds to only two rows of resistors at the small-
est height of the cochlear duct. The most noticeable effect is that the
curves corresponding to high characteristic frequencies feature a slight
notch before the low-frequency side steepens toward the peak frequency.
Surprisingly, this effect occurs only at higher characteristic frequencies,
where the cochlear duct is higher and thus quantised with more points.
No explanation could be found for this marginal effect.

While keeping the cochlear duct quantised to N,,;, = 1 points, the
longitudinal quantisation was increased to M = 200 points in order to
check whether the effect of the minimal y-resolution had an influence on
the z-resolution, which would be the case if the cochlear duct were modeled
by a single row of resistors. The middle plot of figure 4.9b confirms the
independence of the x- and y-resolutions, even when the latter is minimal.

4.4.4 Spatial resolution vs. frequency selectivity

A sharp frequency cutoff at a given stage corresponds to a sharp spatial
edge in the responses of the resonators at a given frequency. If these
spatial edges are sampled too loosely by a reduced number of resonators,
spatial aliasing will cause oscillations in the spatial response and thus in the
frequency response (see paragraph 4.3.2). With M = 50, these oscillations
appear at 2 kHz, which corresponds to the best frequency of the resonator
located at 55% of the cochlea length. At this position the difference of
the characteristic frequency of two neighbouring resonators is estimated
to about 170 Hz, which corresponds to the frequency difference between
two peaks of these oscillations around 2 kHz. The grid spacing A, = L/M
must therefore be chosen such that the most selective frequency peaks of
two neighbouring resonators sufficiently overlap to yield a single peak. The
bandwidth B(i) of the most frequency-selective output ¢ must be larger
than the difference Af(i) = f,(i) — fp(¢ + 1) of the peak frequencies f,
of two neighbouring outputs at position . With the peak frequencies
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decreasing at a local rate of 1 octave over a distance x(i) = b(i)A, along
the cochlea, the following condition can be stated to ensure B(i) > Af(7):

L -1
2p(1) logy (1 = 1/Q(7))

where the inverse of the local quality factor 1/Q(i) = B(i)/f,(i) expresses
the relative bandwidth and L is the length of the cochlea. It is impor-
tant to note that the terms b(i) = x4(i)/A, and Q(i) are not the cutoff
frequency rate of decrease and the resonator quality factor as given by
equations (4.39) and (4.40), respectively, but those taking into account
the effect of the resistive network modeling the liquid. As an example, the
curves in figure 4.9a shows that over 70% of the cochlea length the peak
frequencies span from 300 Hz to 7 kHz, yielding an average L/Z, = 6.5.
The relative bandwidth for 6 dB attenuation estimated at the output lo-
cated at 15% of the cochlea length is about 1/Q = 1/10, resulting in
M p,in = 42, which seems underestimated.

This particular case shows that equation (4.43) should be used care-
fully, because the minimal value of M is very sensitive to the definition of
the relative bandwidth 1/Q. Actually, the interaction between two neigh-
bouring resonators is not simply multiplicative as in the cascade of filter
described in chapter 3. On the contrary, it is governed by the compli-
cated interaction of oscillators coupled by a liquid. Equation (4.43) there-
fore simply illustrates the qualitative relationship between the frequency-
selectivity of the basilar membrane resonators and the longitudinal reso-
lution required to avoid local reflections in the model.

M > Myym = (4.43)

4.4.5 Effect of the shape of the cochlear duct

In order to estimate the effect of the shape of the cochlear duct, the fre-
quency responses resulting from the trumpet-like shape of figure 4.8 are
compared in figure 4.11 to the frequency responses obtained with two
rectangular shapes, one wide and one narrow, having a constant height
H corresponding to the height at the base (H = H(0)) and at the apex
(H = H(L)) of the trumpet-like cochlea, respectively. Each of these shapes
are quantised with M = 100 point and N,,;, = 5 points.

The effect of the shape on the magnitude of the transfer function is
visible in the cutoff region, as shown in figure 4.11a: the sharp cutoff of the
wide cochlea is followed by a notch, which increases the cutoff slope over
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Figure 4.11: a) Magnitude and b) phase of the transfer function at different
output of the cochlea for three different shapes of cochlear duct: a wide rectan-

gular duct (left), a narrow rectangular duct (centre) and the trumpet-like duct
(right).

about 40dB. Right after this notch, however, the transfer function exhibits
a much gentler slope. This notch is also present at the high characteristic
frequency outputs of the trumpet-like cochlea, whose cochlear duct has
the same height than the wide cochlea. In contrast, in the narrow cochlea
the cutoff slope is almost regular over 80dB.

This effect is more visible in the corresponding phase curves (figure
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4.11b). The phase of the wide cochlea and at the basal outputs of the
trumpet-like cochlea hardly turns more than 27w, whereas the one of the
narrow cochlea turns up to 47 at the cutoff. The additional phase shift of
27 in the high characteristic frequency output of the wide and trumpet-
like cochleae is an artifact due to the abrupt phase lead after the notch
and should be disregarded.

Another effect of the wide cochlea is to reduce the low-frequency re-
flections due to the poor impedance adaptation of the helicotrema. This
effect is not present in the trumpet-like cochlea because at the apex, where
these reflections occur, the cochlear duct is narrow.

4.4.6 Basilar membrane - liquid mass ratio

Given the geometry of the cochlear duct and independently from the res-
olution of its spatial quantisation, the shape of the frequency response of
the cochlea depends on four parameters: the liquid density, and the basilar
membrane mass, viscosity and stiffness per unit length.

Keeping the three other parameters constant, stiffness variations result
in shifts in the peak frequencies and modulation of the sharpness of these
peaks, but have no noticeable effect on the cutoff slopes. Similarly varying
the viscosity alone will affect only the sharpness of the peaks.

As shown in figure 4.12, the general aspect of the transfer function is
controlled by the ratio between the mass of the basilar membrane (modeled
by G ), and the mass of the liquid in movement (modeled by G ;). In
this simulation, the reference value 1/Gpjs was modulated by a factor r
varying from 0.01 to 100. The shape resulting from the parameter used in
[26] is an optimum between the following two extreme cases:

e The basilar membrane mass is negligible compared to the liquid
mass: in this case the peak frequency is given by the ratio of the basi-
lar membrane stiffness and the liquid mass in movement at a given
position along the cochlea. Similarly the quality factor is given by
the product of these parameter values divided by the basilar mem-
brane viscosity. Since these three parameters are kept constant, the
shape of the transfer function tends to be independent from the basi-
lar membrane mass, as shown in figure 4.12 for r» < 0.01

e The basilar membrane mass increases such that the liquid mass be-
comes comparatively negligible: in this case the basilar membrane



4.4. ELECTRICAL SIMULATIONS 99

45% of length

D

\ .
i

ANN

amplitude [dB]
~
o
A\Y
P—

-60 = Il

/
L

10 100 1k 10k 100k
frequency[Hz]

Figure 4.12: Magnitude of the transfer function at 45% of cochlea length with
the resistance modeling the basilar membrane mass varying from r = 0.01 to
100 times its reference value 1/Gpu.

resonators are no longer coupled together by the liquid. The trans-
fer function at a given position along the cochlea corresponds to the
transfer function of the resonator alone. Since the resonator’s mass
increases, its peak frequency and quality factors tend to vary ac-
cording to equations (4.37) and (4.38), as shown in figure 4.12 for
r > 100

The optimal transfer functions at » = 1 are obtained using the pa-
rameters given in [26], i.e. a basilar membrane mass per unit area m’” =
1.5kg/m? and a liquid density p = 103kg/m?3, independently from vertical
and horizontal resolutions. This means that the hydrodynamics of the
basilar membrane — liquid system depends on the ratio

m' (1) _ m’ (i) Ay
2p 2pw (i) Ay

H.(i) = (4.44)

which is the ratio of the mass of a basilar membrane segment to the mass
per unit cochlear duct height of the liquid over this bastlar membrane seg-
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ment. This ratio has thus the dimension of a distance, the characteristic
height which expresses the height the cochlear duct should have at posi-
tion ¢A, such that the local mass of the basilar membrane equals the local
mass of the liquid above and below it in the duct. With the parameters
[26] the characteristic height is 0.75 mm all along the cochlea.

Using the correspondences listed in table 4.3, the characteristic height
can be expressed as a function of the resistances Rpy (i) = 1/Gpa ()
and R, (i) = 1/G, (i) modeling the basilar membrane mass and the liquid
moving in the y-direction, respectively:

H,.(i) = R (i)

= Ry()/A, (449)

Expressing the vertical grid spacing A, by the ratio H(:)/N (i) of the
height of the cochlear duct to the number of vertical resistors modeling
the liquid at position x = iA, gives thus

Rpu(i) _  ml(i)A,
N@)R, (i)  2pw(i) A H(i)

(4.46)

which means, as expected, that at any position ¢, the sum of the vertical
resistances N (i)R, (i) models the liquid mass over a basilar membrane
segment of length A, while the resistance Rps(i) models the mass of this
basilar membrane segment.

4.4.7 Parameter values

As mentioned in paragraph 4.3.4, the values of the parameters can be
adjusted so that the model exhibits the required behaviour. If the model
faithfully represents the biological original, the values of the parameters
(provided they have a physical meaning) should correspond to the one
measured on its biological counterpart. In a less restrictive way, if two
different models represent the same reality, their corresponding parameters
should be in accordance.

In [26], the parameters used (and that are used also in the model
described here) are shown to be approximatively in accordance with a
collection of other models. However the corresponding parameters used in
the model [24] and [47] are different by several orders of magnitude. More
specifically, the basilar membrane mass per unit area of 2.47 - 10~ 2kg/m?
([47], p- 2253) is 60 times lower than that used in [26]. With the same
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liquid density, the transfer function using this basilar membrane mass per
unit area would have the shape of the curves for r = 0.01+0.1 in figure 4.12
which is not in accordance with the biological measurements. However,
the resulting transfer functions shown in [24] are very similar to the one
presented here, obtained with the parameters [26].

The difference between the model presented here and the model [24, 47]
lies in the computation of the hydrodynamics in the liquid. Instead of ap-
proximating the Laplace equation by finite difference equations, the effect
of the liquid is computed using a Green’s function G(x!,z5) which gives
the force per unit length at a relative position 2} = x1/L on the basilar
membrane caused by the acceleration of a basilar membrane segment at a
relative position z, = xo/L, provided that all the other segments are im-
mobile. This function, derived from the 3-D geometry of the cochlear duct,
can be related to the equivalent resistance Rg(i1,42) given by the ratio of
the voltage V;, at the node (i1,0) of the resistive network corresponding
to the relative position ) = i1 /M and the current I(i3) yielding V;, when
injected at the node corresponding to the relative position x5, = is /M. As
detailed in appendix A.3, the correspondence is given by:

F, . .
Rq(i1,i2) = ﬁG(h/M,m/M)
j

_ %W;}gmm, in/M) (4.47)

where g(z, z4), which depends only on the geometry of the cochlear duct,
is given analytically in [47].

Figure 4.13 compares values of Rg(i1,i2) derived from the Green’s
function of [24, 47] with those derived from simulating the resistive network
whose resistances are given according to table 4.3 with a constant basilar
membrane width w(i) = 10~% m, a liquid density p = 1 - 103 kg/m? and
scaling factors F, = F; = 1.

Except for the little peak before the fall of Rg which is absent from
the curves derived from the Green’s functions (and which are actually also
taken into account in [24, 47]), the general aspect of both curves is similar
(within less than 10% relative error). However, their values show that the
resistances of the network are overestimated by a factor 28. Therefore
the basilar membrane mass per unit area of 1.5 kg/m? given in [26] is
overestimated by the same factor, bringing the value it should have using
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Figure 4.13: Resistive network equivalent resistances Rq(z1,z5): a) derived
from Green’s function given in [24, 47], b) measured on a trumpet-like shape
quantised with M = 100 points X Npin = 5 points.

the Green’s functions of [24, 47] to 5.36 - 1072 kg/m?, which is only twice
the value given in [24, 47].

The mass per unit area of the basilar membrane given in [26] seems
actually too large, despite the fact that it includes the mass of the organ of
Corti: assuming it to have an homogeneous density in the order of magni-
tude of the liquid density, the cochlear partition (basilar membrane and or-
gan of Corti) would have a thickness of 1.5 kgm™2/10% kgm™3 = 1.5 mm,
which is larger than the height of the cochlear duct! Since this value still
yields appropriate transfer functions, this means that the hydrodynam-
ics of the liquid is not modeled accurately enough by the 2-D description.
This is due to the fact that the equipressure surfaces in the liquid are made
proportional to equipressure contour in the 2-D model by the basilar mem-
brane width; this means that the liquid is assumed to move uniformly over
the full width of each basilar membrane segment, which is not the case
in reality. Therefore the value of the basilar membrane width w used to
calculate the sheet conductivity o in equation (4.24) must be much lower
than the geometric width of the basilar membrane. Equation 4.44 shows
that to keep the same characteristic height, the effective width of the basi-
lar membrane, which would displace the liquid uniformly above and below
it must be 28 times lower than its geometrical width. Therefore, according
to the Green’s function computed in [24, 47], the 2-D reduction of the 3-
D geometry of the cochlear duct presented here is valid, provided that the
width of the cochlear duct is taken about 30 times smaller than the width of
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the basilar membrane. The resulting reduction of the effective liquid load
models thus its lateral movements, that do not interact with neighbouring
basilar membrane segments.

The values of the viscosity and the stiffness per unit area are difficult
to measure directly on live cochleae. Moreover it is probable that their
effective value is different from their passive value due to the control by the
outer hair cells. Actually, the effective basilar membrane mass might also
be affected by the same feedback mechanism in order to tune accurately
the shape of the frequency response. The most reliable parameter available
from the biological cochlea is the liquid load, which may be calculated from
the geometry of the cochlear duct. It is given in the present model by the
effective duct width w to be used in equation (4.24). The optimal basilar
membrane mass per unit length is obtained using the characteristic height
H. of equation (4.44) yielding the required shape of the frequency response.
The basilar membrane stiffness is then adjusted to obtained the required
tonotopy, i.e. the required repartition of the characteristic frequencies
along the cochlea. Finally the viscosity term, which is modulated by the
undamping u performed by the outer hair cell feedback, is continuously
adjusted in an automatic gain control scheme around an operating points
yielding the required frequency selectivity at maximal sensitivity.

4.5 Summary

A realistic 2-D model of the cochlea is proposed, whose most interesting
feature is its ability to reproduce the very sharp frequency cutoff of 300dB
per octave measured in the real cochlea. This requires relatively high
quality factors for the basilar membrane resonators but it also result from
the coupling of adjacent sections of the elastic basilar membrane through
the liquid.

The 2-D movements in the liquid are emulated by a resistive network
quantising the Laplace equations to which the liquid obeys. By symmetry
only half of the cochlear duct is modeled, the one merging the scala media
and the scala vestibuli. The basilar membrane boundary of the result-
ing cavity is modeled by a bank of second-order serial resonators. These
resonators macro-model the micro-mechanics performed in the organ of
Corti overlying the basilar membrane. The feedback effect of the outer
hair cells is taken into account as an undamping variable which modulates
the effective viscosity of the organ of Corti. Except for the coupling by the
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liquid, no lateral interactions such as shearing resistance or longitudinal
stiffness are taken into account in the resonator bank, as in most of the
computational models found in the literature.

The longitudinal resolution of this discrete model must be large enough
to sample without aliasing the sharp cutoffs at given frequency in the spa-
tial responses along the basilar membrane. On the contrary, the resolution
in the vertical axis has been shown to be less crucial, since the behaviour
of the cochlea is practically unaltered when quantised down to 2 points
per minimal cochlear duct height. The shape itself of the duct’s cross-
section appears not to be a relevant factor for the frequency response of
the cochlea.

Although the 2-D model is based on an unrealistic assumption of the
movements of the liquid in the dimension dropped by the dimension re-
duction, the adequate parameter’s compensation such that it models ac-
curately the 3-D hydrodynamics in the cochlear duct has been identified
as the effective width of the cochlear duct.
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5.1 Introduction

In order to achieve a compact VLSI implementation of the dense resistive
network modeling the 2-D model of the cochlea, the use of resistors im-
plemented with a single MOS transistor is envisaged. Such a use of the
transistor as a pseudo-conductance [49] has proven to be very efficient in
several signal processing systems (see [50] for a review), because in addi-
tion to its potential for very compact implementation, its current-mode
operation permits a linear range much larger than those obtained in volt-
age mode implementations. However, the concept of pseudo-conductance
is suited for spatial processing only. In order to include temporal pro-
cessing, reactive components compatible with pseudo-conductances are
needed, yielding filters which are closely related to log-domain filters [51].

Section 5.2 recalls the concept of pseudo-voltage and pseudo-conduc-
tances used in the log-domain and introduces the concept of pseudo-
capacitance. In section 5.3 a compact implementation of a pseudo-trans-
capacitor is proposed, which integrates its differential input current into
an output pseudo-voltage. It is designed to be fully compatible with
the pseudo-conductances. Using a few additional transistors, the pseudo-
transcapacitor can be used as a building block to implement grounded
pseudo-capacitors, current-mode integrators and pseudo-transinductors.
In section 5.4 the implementation in the log-domain of the resistive net-
work and its bank of resonators modeling the 2-D hydrodynamics of the
cochlea is proposed and analysed.

5.2 Spatio-temporal processing in the log-
domain

5.2.1 Pseudo-conductance and pseudo-voltage in weak
inversion

In weak inversion the channel current in a MOS transistor, defined posi-
tively when flowing from the terminal A to the terminal B (figure 5.1), is
given by:

iap = £I,e(ve—Vro)/nUr <e_”A/UT — e_”B/UT) ) (5.1)
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Figure 5.1: voltage and current definition for a) NMOS and b) PMOS transistor.

where n is the slope factor and Uy = kgT'/q is the thermodynamic voltage
[52]. The specific current Ig and the threshold voltage Vg are positive
values for both PMOS and NMOS transistors. The sign “+” applies for
PMOS and the sign “-” for NMOS transistors. The variables vg, v4 and
vp are the voltages at the gate G and at the channel terminals A and B,
respectively, referred to the bulk voltage. They are defined positively from
G, A and B to bulk for NMOS transistors (figure 5.1a) and inversely for
PMOS transistors (figure 5.1b). Defining the pseudo-voltage by

v* = £V e /U7 (+ for PMOS, - for NMOS), (5.2)

where Vj is an arbitrary positive scaling constant, transistors 77 and 75
in figure 5.2 implement a pseudo-Ohm’s law

i =G"(vy —vp), (5-3)

with a pseudo-conductance G* = I /Vp, if T1 and Ty are identical. Note
that for |[vq — vp| larger than a few Urp, the pseudo-voltage at one ter-
minal becomes negligible with respect to the pseudo-voltage at the other
terminal. A saturated transistor corresponds thus to a pseudo-resistor
connected to the pseudo-ground (v* = 0, noted 0*). This property is very
convenient to extract the current of such pseudo-grounded pseudo-resistor
using complementary transistors.

5.2.2 Current to pseudo-voltage conversion

The conversion from a pseudo-voltage to a current is performed by a sin-
gle pseudo-grounded pseudo-conductance (figure 5.3a). The reverse con-
version, i.e. from a current to a pseudo-voltage can be obtained with the
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Figure 5.2: a) NMOS and b) PMOS implementation of a pseudo-conductance
and its bias (c), where the signs “4” on Vp and Ig applies for PMOS and the
sign “-” for NMOS.

circuit of figure 5.3b. This structure can be seen as a diode-connected
transistor in which the conversion transistor implementing the pseudo-
conductance G* is embedded: a feedback loop adjusts the gate voltage
of the control transistor T such that it sinks/sources the imposed input
current 7;,, as well as the current i;,,4 loading the pseudo-voltage out-
put. Doing so, the drain voltage v,,; of the control transistor T, which
corresponds to the output pseudo-voltage v}, ,,, adjusts so that the pseudo-
conductance G* allows the input current ¢;, to flow through it.

The diagram of figure 5.4 illustrates the behaviour of an NMOS current-
to-pseudo-voltage converter. The input current ¢;, is expressed as a func-

a) b) T E_' W
: : load
O*Ol'out Vﬁ] Q VE O*Ol'in V., —> y
*
- &l | TlE, VFTGjbé .
: V. i+ —oVout
V‘* O O*Ol|0ut out < *Ol
N _|E lload 0
Te \L

Figure 5.3: a) pseudo-voltage to current, b) current to pseudo-voltage conver-
sion.
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lin(Vout)

Figure 5.4: graphic illustration of a NMOS current-to-pseudo-voltage converter

tion of the voltages v,,; at the source of transistors Tz and the voltage
vin at the gate of the transistor T, both assumed saturated, by

iin = lge™ /U1 = [gelvr=V=Vro)/nlr gy, (5.4)

where Ig is the specific current of transistor T and I; the saturation
current of transistor Tz. The diagram uses normalised voltages v’ = v/Ur
and logarithmically scaled currents ¢’ = In(|i/Is|). The voltages vg and
Uout for a given input current ¢;,, can be determined from the corresponding
curves i, (v) and i, (v),,). The curve i, (vl ) has aslope —1 and equals
It, =In(|Ig/I]) at v' = 0 (arrow a), whereas i, (v}) has a slope 1/n and
crosses i’ = 0 at v/ = V! 4+ VJ, (arrow b). The input current i;,(v})
equals 7,44 if vp decreases down to blocking T (arrow c). For a PMOS
circuit, the diagram is flipped horizontally with V_ replaced by V...

This diagram allows to determine the range [i;nmin,inmaz] Within
which the input current i;, is correctly converted into the output pseudo-
voltage vg,,;, as a function of Ig, %j0aq and the bulk voltage V_(,). The
minimal input current %;,min, is determined by the limit vy — vy ~ 4Ur
under which the transistor Ty desaturates (arrow d). The saturation of
Te is required to pseudo-ground the corresponding pseudo-conductance

G* in order to implement v¥, , = i;,/G* independently from vp. However,
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although the diagram assumes it saturated, T can work in both satura-
tion and conduction regions, as long as v,y is larger than V_ (NMOS)
or smaller than Vi (PMOS). Therefore i;pmaz, at which Tr desaturates
(arrow e), corresponds to the limit of the validity of the diagram rather
than the limit of the circuit itself.

5.2.3 Principle of the pseudo-capacitance

A linear capacitance imposes a voltage variation rate proportional to a
current. In the log-domain, the corresponding pseudo-voltage should be
defined by a voltage whose exponential has a variation rate proportional to
the same current. Such a requirement can be fulfilled by charging a linear
capacitor through a current mirror that modulates the input current with
a gain controlled exponentially by the voltage across the linear capacitor,
as shown in figure 5.5. Both transistors 77 and 75 of such a current mirror
have the same gate voltage: assuming they are identical and saturated,
they can be considered as pseudo-grounded pseudo-resistors having the
same pseudo-conductance G* = +i/v¥ (“+” for PMOS, “” for NMOS)
imposed by T} and imposing i. = VoG* by T5. The voltage vc follows the
linear capacitance law —dve /dt = i./C. The voltage shift Vyj, between v 4
and ve is constant, thus dvs/dt = dve/dt and, using the definition (5.2)
of the pseudo-voltage,

dvy  dvydva  dvy Vo—t Vo . @
ot dvg dt  dvsvy, C  CUr  C* (5:5)
a) w b
_ —Lc V.-
io* ICy :IIO—A—CIIZlVC l
\ Tq T
* J12 V.

0*
Tl T * sh
Va C I

—_— V

sh

Figure 5.5: a) NMOS and b) PMOS single current input pseudo-transcapacitor;
the bulks are connected to V_ < 0 in a) and V4 > 0 in b).
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describes the pseudo-capacitance law in terms of current and pseudo-
voltage, using the pseudo-transcapacitance C* = CUr /Vjy. The sign “+”
in the two leftmost terms of the equation applies to PMOS transistors,
whereas the sign “-” in the same terms applies to NMOS transistors. This
means that the absolute value of v% (which is negative for NMOS) in-
creases with a positive input current 7 in both cases.

In order to prevent v4 to forward-bias the bulk-source junction of tran-
sistor T7, the common bulk voltage of the transistors is set lower/higher
than ground (for NMOS/PMOS, respectively). The transistor voltages are
thus referred to ground instead of bulk voltage, so that v* = £V, when
v=0.

The voltage shift Vi, adjusts v4 close to the ground (v ~ £V}) in
order to maximise the dynamic range of the input current ¢ by keeping
the capacitor current iz within the same order of magnitude as the in-
put current ¢. Moreover, if the pseudo-voltage v is considered as the
pseudo-transcapacitor’s output instead of v%, the value of the pseudo-
transcapacitance is multiplied by a factor exp(Vs,/Ur), which can be ad-
justed by V.

5.3 Pseudo-transcapacitor circuit

5.3.1 Implementation of a pseudo-transcapacitor

The circuits of figure 5.5 can only charge the capacitor C. The pseudo-
transcapacitor of figure 5.6 solves this problem using a differential current
input. Only the PMOS version of the pseudo-transcapacitor is described
here, which can be implemented in an N-well technology. An NMOS
implementation would be functionally symmetrical.

The input i; charges the capacitor C' according to equation (5.5)
implemented by the transistors T; and 75, whereas the input ¢o, through
T3 and Ty, discharges it similarly using the mirror T5-Ts. The output
pseudo-voltage is the capacitor voltage shifted by Vi, using the follower
Ty-T1o, whereas the voltage v at the source of transistors 77 and T3 was
shifted by Vs, 4 using T7-Tg, resulting in

vl = vie” Vor/Ur, (5.6)



112 CHAPTER 5. LOG-DOMAIN VLSI 2-D COCHLEA

where Vi, = Vipa — Vsne- The circuit implements therefore

dvg ’il — ig
= 5.7
dt c* (5.7)

with a pseudo-transcapacitance

o+ = oY1 VnsUr, (5.8)
Vo

With T7; = Ty and Ty = T, the voltage shifts Vs, 4 and Vipo can be
imposed at the gate of transistors Tg and T, respectively. These voltages
must impose a bias current across T7-Tg and Ty-T7o large enough so that
the output current of the followers-shifter they implement is comparatively
negligible not to affect v} and vf. In practice, Vipa and Vipe should
set T7-Tg and Ty-Thg in strong inversion. This solution results in a very
compact implementation of a pseudo-transcapacitor, but the price to pay
is the large current biasing the follower-shifters. If power consumption is
an important issue, the bias current flowing through transistors T7-Tg can
be reduced provided that copies of the input currents ¢y and io, which
is also the output current of the follower-shifter T%-Tg, are sourced on
the node vs. The follower-shifter Ty-T1g could be similarly unloaded by
sourcing on its output node v a copy of the pseudo-transcapacitor output

current, if available (see paragraph 5.4.3).

a) v Y, = b)
Tlojb shd V»* ShAdl: Tg .
O—— Sh O c
Ve Avp

VshC

{b—a prd, |5
LI

T2 [ficr [ Tal T3

i ) e ¥ Y
e T. JHLT 24 i
6 5

Figure 5.6: a) Diagram, b) symbol of a differential current input pseudo-
transcapacitor.
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5.3.2 Range of operation

The upper limit of the range of operation of the pseudo-transcapacitor
circuit is determined by the weak inversion range of the transistors 7}, 75,
T3 and T}, outside which equation (5.5) is not valid. The lower limit is
imposed by the level of current required to exceed junction leakage and
internal noise. According to figure 5.6, at given input currents i; 2, the
currents 7.1 o charging the capacitor are imposed by the gain of the mirrors
Tl—TQ and T3—T4,

lc1,2 _ GUA/UT _ E (5.9)

* 7

2'1,2 UA

which is controlled by the pseudo-voltage v’ .

For a given common mode input current ¢; = i9 = I, the excursion of
pseudo-voltage v’ should control the mirror’s gain so that the currents ¢.; 2
stay within the limits I,,;, and I,,,, of the current range. The common
mode input current Iy is set at midway between I,,;, and I,,,, to have
the largest excursion of the differential signal. With I,,,. > Inmin, o is
thus set at about half the maximal current I,,,,: the pseudo-voltage v’
must therefore lie within the range

1 Ima:c
~ — 5.10
- (5.10)

Imin

DN | =
~
3
)
8
o
~
3
N

Outside the lower limit, the capacitor currents i.1,2 become larger than
Iaz. The upper limit is given by the minimal capacitor currents hav-
ing an influence on its charging. A small I,,,;, permits thus a very large
maximal value of pseudo-voltage v’, but its corresponding voltage v4 =
—Ur In(v’y /Vp) still has a reasonable order of magnitude since it is loga-
rithmically compressed.

The pseudo-transcapacitor functions as an integrator in the pseudo-
voltage domain. With a dc input signal, it will always reach its upper or
lower limits. For harmonic signals, it is however possible to determine the
maximal amplitude of the differential input that keeps the circuit within
its operating range. Equations (5.6), (5.7) and (5.8) result in

dvz . il — ig
dt — CUr/Vy’

(5.11)

which permits to express v%(t)/Vp when the differential input iy — i3 is a
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cosine wave at angular frequency w having an amplitude [ 4¢:

valt) _ Vi | Tac .
= t 12
VO VO + CWUT Sln(w ), (5 )

where V;,/Vo in an arbitrary value resulting from the initial conditions of
the pseudo-transcapacitor. With a constant common-mode current I =
@42 /2 at input io, and for a capacitor current i.o lying within [1,in, Imaz),
the maximal amplitude of v* /Vj variations can be found by imposing the
maximal and minimal value of equation (5.12), i.e. for sin(wt) = +1 and
-1, equal to the upper and lower limits of equation (5.10), respectively,
which yields

CWUT Imax
Tacmaz = -1, N
with a dc value of the pseudo-voltage at
VO Imaaf;
Vio= — 1]). 5.14
=) (5.14)

The differential input is imposed by varying iy with an amplitude I4¢
around the common mode input Iy = I,,4./2. The variation of the ca-
pacitor current i.; is thus given, using equation (5.9), (5.12), (5.13) and
(5.14), by

lel  _ 5 1+i40 cosoz. | (5.15)

1o (Imaz/Imin — 1)(1 4+ sina) + 2

where a = wt is the electrical angle of the input signal and igc = Iac/Ip =
21 4¢ [ Imaz is the differential input relative to the common mode. The ex-
trema of the right hand-side of equation (5.15) bound the range of the
capacitor current i.1, and these must lie within [I,,in, Imaz]. The analyt-
ical calculation of these extrema leads to a transcendental equation. The
plot of i.1/Imaz as a function of the electrical angle « in figure 5.7 shows
that, for dynamic ranges Ip,44/Imin > 20, the maximum is alway reached
at @ = 37 /2 which corresponds to the minimum of the denominator. For
this angle, the pseudo-voltage v% is minimal, the differential input equals
0 and the maximum of i.1/[n., equals unity: the maximal value of i.; is
therefore ensured not to be larger than the maximal current I,,,,. At the
other extreme, the electrical angle for which the minimum of 4.1 /1,45 iS
obtained shifts from 7/2 for ig¢ = 0 toward a = 7 for igc = 1 (where
ic1 = 0 since 43 = 0 in this case). Assuming as an initial guess that isc
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Figure 5.7: Plot of the function i.1/Imes () with a current dynamic range
imposed at Imaz/Imin = 20 for several values of differential input amplitude

1AC .

is large enough so that the minimum occurs at a ~ m, allows to obtain
for ic1 = Imin, using equation (5.15), a maximal relative differential input
amplitude

LACmaz = 721;15;” = % <1 + f:;:) ~ % (5.16)
The maximal amplitude of the differential input must be half the common
mode I,,4,/2 to ensure the capacitor current i.; not to become lower than
the minimal current I,,;,,.

The minimal frequency w;,;, of the differential input signal ensuring
the largest output pseudo-voltage variations with the largest differential
input range is finally given using equations (5.13) and (5.16):

Innn
Wmin = ——- 5.17
CUy (5.17)
Figure 5.8 shows the simulation results of the pseudo-transcapacitor of
figure 5.6 (without its output follower-shifter Ty-T19), with an excitation
i1(t) = I1 + I4c cos(wt) at input i; and a constant value I at input is.
The dc value I, ideally equal to I for a zero differential input, has been
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Figure 5.8: a) Capacitor currents i.1 2, b) pseudo-voltage output v’ /Vp and c)
output voltage —v4 in response to a cosine differential input with ¢; as in b)
and i constant (simulation results).

adjusted to compensate the effect of the circuit imperfections (i.e. the
non-zero output conductances of the transistors), avoiding a drift of the
dc pseudo-voltage V3,. The aspect ratio of Ty, T, T3 and T; was set
to W/L = 20pm/5um, which gives, with the technology simulated (ES2
0.7u), a specific current Is = 2nBU2 = 310 nA with n = 1.5. Ensuring a
maximal inversion coefficient I,,4,/ls = 1/8 imposes a maximal current
Loz =~ 40 nA. In order to minimise its current gain error, the transistors
of the mirror T5-Ty are set into moderate inversion using an aspect ratio
W/L = 2um/20um; these longer transistors have also a reduced output
conductance. (Note that using the equivalent circuit in a P-well technology
would allow larger current with the same inversion factor and a mirror T5-
T set into stronger inversion because the specific current is usually 2 to 3
times higher for NMOS than for PMOS transistors.)

The simulation conditions were set to limit the current within a 40
dB dynamic range of currents, between I,,,;, = 400 pA to I,,4. = 40 nA,
by tuning the appropriate parameters V49, [4c and I; while imposing
I, = 20 nA and w = 27 - 250 Hz with a capacitor C' = 10 pF; The
follower-shifter is implemented with transistors 7% g having an aspect ra-



5.3. PSEUDO-TRANSCAPACITOR CIRCUIT 117

parameter theoretical | simulation
—Vao = —-Urln(Vi,/Vo) 83.4mV 100.7mV

I = Imag /2 20nA 19.592nA
Tac = Tacmaz2m250H27/Wpin 10.31nA 10.38nA
Vmin/ Vo = 1/2 0.5 see Fig 5.8b
U:Zmaq;/VO — Imaw/ZImzn 50 see Flg 5.8b
—VAmin = —UrIn (v,,:,/Vo) || -18.0mV see Fig 5.8¢
—VAmaz = —Ur In (vy,,../Vo) || 101.7mV see Fig 5.8¢

Table 5.1: Theoretical and adjusted values of parameters producing the be-
haviour of figure 5.8

tio W/L = 20pm/5um, and it is sets for a voltage shift V4 = 1 V.
Table 5.1 compares the adjusted parameters with their theoretical predic-
tion, whereas figure 5.8 confirms the expected behaviour of the circuit,
except for the value of the capacitor current ¢.; which undershoots the
minimal current [,,;,; this undershoot is due to the overestimation in set-
ting @ = 7 to get the minimum of equation (5.15). The pseudo-voltage
v% /Vo was actually measured as the current in a pseudo-grounded pseudo-
conductance G* = InA/Vj connected to the pseudo-transcapacitor’s node

VA.

5.3.3 Second-order effects

Second-order effects that affect the required relationship between electrical
variables such as currents and voltages are analysed to estimate to what
extent they affect the relationship between the currents and the pseudo-
voltages.

The output conductances of transistors 77 to Ty will affect the gains of
mirrors T1-T5, T5-T4 and T5-Ts. The unity current gain of a mirrors 7;-T}
(at v4 = 0 for the pairs T3-Ty and T5-Tj) is affected by a constant error
€EEij:

ipj _ Vp;j+VE ~ 14

_ Vi, — Vb
tpi  Vpi+VE VE

: = 1—|—6E,’j, (518)

where ip;, Vp; and Vg are the drain current, drain voltage and the voltage
representing the current dependent output conductance gps = Ip/Vg (Vg
is equivalent to the Early voltage of bipolar transistors) of transistor Tj,
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respectively [52]. The drain currents are defined positively when entering
the drain for NMOS and inversely for PMOS transistor, the drain voltages
are defined positively from drain to local substrate for NMOS and inversely
for PMOS transistors, and the voltage Vg is positive for both types of
transistors. Equation (5.18) is valid when both transistors T; and 7 are
identical, i.e. they have the same threshold voltage and the same size.

The mismatch of the threshold voltage Vg and the transconductance
factor 8 = uCo W/ L between the transistors T; and T results in another
unity gain error €ps;;. Assuming these errors small enough, they are ad-
ditive, yielding a current gain (1 + €g;;)(1+ enrij) ~ 1+ €5, thus affected
by an error €ij = €Eij T €Mij-

A further imperfection to take into account is the current leaking from
the capacitor’s node. This leakage current I;, may be assumed constant
since the voltage vo has very small variations in the normal range of

operation. Therefore the net current i. charging the capacitor C is given
by

o = [i1(1+ 1) — in(1+ 62)]X—f I, (5.19)
A

where €; = €15 is the gain error of the mirror 77-T5 and €3 = €34 + €56 +
€34€56 ~ €34 + €56 is the one of the mirrors T3-T, and T5-T§; the current
gains of mirrors T7-7T5 and T3-T, are controlled by the sources of 77 and
T3 according to equation (5.9). Differentiating the pseudo-voltage v with
respect to time similarly to equation (5.5) and using the capacitor current
ic described by equation (5.19),

dv*, ic v’ | . *
h = h = (b a) - e)] - vil/Ve, (520

shows that a constant leakage current [I; acts as a parasitic pseudo-
conductance g; = Ir,/Vy in parallel with the pseudo-capacitance C* =
CUr/Vy of the circuit. Note that with a negative leakage current I,
(charging the capacitor) the pseudo-conductance g; is negative, making
the circuit unstable instead of stabilising it in presence of an input dc offset
(see paragraph 5.3.4).

The equivalent circuit for a constant common mode current io = I
imposed at the negative input and the differential input signal ¢ varying
around this common mode at the positive input is shown in figure 5.9: the
value of the pseudo-capacitance is modified by a factor C'*/C* = 1/(1+€1)
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Figure 5.9: a) Pseudo-transcapacitor with its bias and input signal and b) its
equivalent circuit in the log-domain.

and it has a constant current source ely = Iy(e2 —€1)/(1+€1) and a linear
pseudo-conductance g7 " = g% /(1 + €1) in parallel with it.

The gain errors €gi9, €g34 and egsg due to the output conductances
of the transistors depend on their drain voltages, which are not constant.
Assuming all transistors in weak inversion (although 75 and Ty are in
moderate inversion) and neglecting the second-order error terms, these
drain voltages are given by:

1 W
Vb1 = mVy +Vyror +nUr In [Z—l—E] , (521)
ISI UA
Vbe = Vi +Vspa+vg
v
= Vi+Vspa+Urln [—E] , (5.22)
Vs
12 Vo
Vbs = ngVi+ Vyos +n3UrIn [——*] : (5.23)
Vpa = Vi —-V_—Vp;s
o V.
= V_|_ —V_ - VT05 — TL5UT In [z—2 —f] y (524)
IS5 UA
Vbs = Vros +ns5Urln [Z—Qlf] : (5.25)
IS5 UA
Vbe = —V_ —Vspa —va
v
= —V_—Vspa+Urln [—f] ) (5.26)
Vs
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Using these expressions for the drain voltages in equation (5.18), the gain
eITorS €gi; = €gijo + €ri; have thus a constant term €g;;o which depends
on supply voltages V _, threshold voltages V¢ and “Early” voltages Vg,
and a term €g;; which depends on the input currents i; » and the output
pseudo-voltage v’ ; this dependent term is given by:

- UT I ’UZ ’il

= — —1)In|(-=2) —n,In| — 5.27
T Vip _(np n (Vo> " (15p>] - B2)
epse = 2T |2n)In (”—A> —2n,In (2—2>] , (5.28)

VEp L 0 ISp

- UT U:Z ’ig

= n=Dn(-2)—n,In(-—=)], 2
€E56 Vi [(n ) In (VO> N I <ISn>] (5.29)

where the indices p and n apply for the PMOS transistors 77 234 and
for the NMOS transistors 75 ¢, respectively. In parallel to the leakage
pseudo-conductance g7 an additional nonlinear pseudo-admittance func-
tion y}, (v’ ) must therefore be added, which generates the current

ig =yp(vy) =i1€m12 + i2(€g3a + €mse)- (5.30)

The pseudo-admittance yj depends actually on v} and its time deriva-
tive dv? /dt because the input currents i; 5 that appear in equation (5.30)
as well as in the expressions (5.27)-(5.29) of €g;; depend on the out-
put pseudo-voltage through the pseudo-transcapacitance law i1 — i =
C*dv?* /dt. Since the full range signal is almost as large as the range of
operation of the circuit, linearisation of y3, around its operating point for a
small signal analysis is useless and the analysis of its dynamics is therefore
not straightforward. Nevertheless, the effect of this nonlinear term might
be small in a reasonable range of operation and it will be neglected at first
approximation in further usage of the pseudo-transcapacitor circuit.

Interestingly, the above analysis shows that a constant current I; on
the capacitor C' acts in the log-domain as a linear pseudo-conductance
g7 in parallel with the pseudo-capacitance C*: constant variations of
the capacitor voltage due to constant current becomes in the log-domain
exponential variations of the pseudo-voltage due to a parallel pseudo-
conductance. Similarly, constant multiplicative error on the mirror gains
results in constant current source added to the input current in the log-
domain.
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5.3.4 Stability

The stability analysis of a single capacitor seems a nonsense since it has an
infinite number of stable points when its current is zero and it is unstable
when charged by a current, even a very small one. However, the pseudo-
transcapacitor circuit must be designed such that it does not reach a stable
point for which the input current cannot anymore control the evolution of
the output pseudo-voltage. This condition is of particular interest at the
power-on of the circuit, when the operating point is not yet established.

The state of the pseudo-transcapacitor is determined by the voltage on
the capacitor C', which imposes the output pseudo-voltage. Two situations
resulting in the loss of control are possible:

1. The desaturation of the transistors sinking the input currents 7; o.
2. A too small current gain Vj/v% of the mirrors T7-T5 and T5-T.

When used within a larger circuit, the two input currents i¢; and s
of the pseudo-transcapacitor will generally be sinked by saturated com-
plementary transistors T;; and Tjo (see figure 5.10). The drain voltage
—v1,2 — V_ of T;1,2 depends on the drain voltage on transistors 14 3, given
using equation (5.1) by

V1,2 = NVA + (’I’L — 1)V_|_ + VTO + nUT ln(il,g/IS), (531)

v

\

Figure 5.10: Pseudo-transcapacitor with its inputs controlled by complemen-
tary transistor.
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where n, Vo and Ig are the slope factor, the threshold voltage and the
specific currents of transistors 77 3, respectively; similarly to va, vy o are
defined positively from ground to the corresponding drain of 77 3. The
increase of vy o to the point where the transistors T;; o desaturates is
therefore imposed by the increase of v4, and thus the fall of the internal
pseudo-voltage v = Vpexp(—va/Ur). As illustrated by the simulation
results of figure 5.11 (performed on the same circuit as in paragraph 5.3.2
with Tj; o having an aspect ratio W/L = 5um/5um), when the pseudo-
voltage v’ falls linearly, —v4 decreases logarithmically. This means that
it is compressed as long as d(—v4/Ur)/d(v/Vo) = Vo /v’ is smaller than
1, thus when —v4 > 0. The limit —v4 = 0 corresponds to the unity
gain of the mirrors T1-T5 and T3-Ty (occurring at 0.725ms and 1.055ms in
the simulation, marked by vertical lines in figure 5.11), below and above
which this gain increases and decreases, respectively. Therefore, if the out-
put pseudo-voltage v’ falls linearly due to the constant differential input
current 41 — 42 < 0 while —v4 < 0, v4 and thus vy o will increase faster
and faster. If vy o become too large, practically vi2 = —Vpgqt + V_, tran-
sistors T;; o desaturate. But in this case the drain of transistors 77 3 as
well as the gates of transistor 75 4 would be close to V_, and since —V_
must be at least as large as two threshold voltages, transistors T5 4 would
fall into strong inversion, imposing currents ¢.; 2 much larger than their
nominal values. Transistor T would therefore have already desaturated,
at a relatively high drain voltage (vC' — V_ ~ 30Ur in the simulation) and
consequently stopped further increase of the voltage vo, because the dis-
charging current i., is not anymore applied on the capacitor C', whereas the
charging current i.; is still imposed by 75. The voltage —v4 = vo + Vipa
reaches thus a minimal value that will maintain transistors 7;; o saturated
(with a drain voltage —vq1 o — V_ of almost 20Uy in the simulation) and
thus keep the pseudo-transcapacitor controllable by its input current.

At the other extreme, if the capacitor C'is charged at a highest voltage
V., the feedback cannot work as long as v¢ is not pulled down to a value
that would bring the follower-shifter into its normal mode of operation,
i.e. with T7 and Tg saturated. Before this point, 7% is blocked and and T3
is in the conduction mode, imposing —v4 = V.. Anyway, in this case the
transistors T;; o are ensured to be saturated, thus theoretically capable to
control the charging of the capacitor. However, the gain of the mirrors 77-
T and T3-T) reaches in this case its minimal value Vy/v% = exp(—Vy/Ur)
which may yield currents i.1 > that are dominated by uncontrolled leakage
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Figure 5.11: Behaviour of the pseudo-transcapacitor with a step-varying differ-
ential input signal, driving the circuit beyond the lower limit of output pseudo-
voltage; voltages relative to Ur are plotted to illustrate the identical slope of
v /Vo and —va /Ur at unity gain ic1,2/i1,2 (simulation results).

currents through the bulk-drain junction of T5 and T§.

Simulations showed that the circuit was unable to reach a controllable
operating point at startup with a supply voltage V, = 1V. However, re-
ducing it down to V. = 0.5V, the circuit could be brought to a controllable
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mode of operation from any initial capacitor voltage between the power
supply rails. For higher values of initial capacitor voltage, a reset transis-
tor T'r might be necessary to discharge the capacitor after startup. This
transistor might also be used to control the leakage current I; such that
it sets a positive parallel pseudo-conductance G} ensuring the stability of
the circuit (see paragraph 5.3.3).

As a conclusion, the pseudo-transcapacitor circuit is controllable by its
inputs for any initial capacitor voltage V_ < Vg < V., provided that the
transistor Ty desaturates before the transistors sinking the input currents
and that the positive supply voltage V, ensures a minimal possible gain
of the mirrors 71-T5 and T3-T, allowing them to source currents into the
capacitor that are large enough to control its discharge.

5.3.5 Noise

The noise generated by the pseudo-transcapacitor circuit is modeled as
additional equivalent noise sources in order to estimate its effect in larger
circuits. An input equivalent current noise source will take into account
all internal noise sources yielding the noise current entering the capacitor
C. An additional output voltage noise source is then required to model
the effect of the internal noise generated by the follower-shifter, since this
noise is not integrated by the capacitor.

Fach transistor T; generates a noise current 7; having a power spectral
density sy;. The noise level is usually small enough to linearise the circuit
around its operating point, according to figure 5.12. With g¢,,6 = gms,
gm2/9m1 = Ic1/Io = gma/gms = Io2/Io = Vo/V} and ga = Ich/Ur =
gs3 = Lco/Ur = IhVy/V, the noise current iy charging the capacitor is
given by:

. 9dm4 9mé gdm2
INC = gs3 — gs1| VA
9m3 9mb dmi
+ @@m — @'éNl +1iN4 +IN2 —IN5 — ING
9m3 9ms 9m1
. . Vo . . . .
= (in3 — ZNI)W +1i1N4 +1N2 — IN5 — IN6- (5.32)
A

The thermal noise generated by each transistor 7;, when all transistors are
saturated and assumed in the weak inversion region, has a power spectral
density s;; = 2n;kgT g,mi, where kp is the Boltzmann constant and 7T’ is
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Figure 5.12: a) Pseudo-transcapacitor input circuit at its operating point and
b) its linearised version with internal noise sources.

the temperature in Kelvin [52]. Since these noise sources are not corre-
lated, their power spectral density add. The power spectral density s;o of
the capacitor current ixc due to thermal noise is given by replacing the
current +in; by their power spectral density +s7; and squaring all gains
in equation (5.32):

7%
sic = (sr3+sm1) v + 814 + S12 + S15 + S716
A

akpT . (Vo \~ Vi
= In(=2) (1+2-4). 5.33
Ur 0<VA*> ( TV (5:33)

This power spectral density must be equal to that obtained when injecting
an equivalent noise current 7y;, at input ¢; in the noiseless circuit. The
power spectral density sy;, of this input noise current iy;, must be such
that sr;,(Vo/Vi)? = sic, thus:

4kpT Vi
in = Il 1+ 2 , H.34
Sr Ur 0 < + Vo ) ( )

where Vi /Vp is determined by the dc output of the pseudo-transcapacitor
circuit. The input noise is injected at input ¢; only, but it can equivalently
be injected at input i2. It can also be injected on both input i1 and ¢5, pro-
vided its power spectral density is half the value given by equation (5.34).

The noise current iy¢ is integrated by the capacitor C, yielding an
output noise voltage having a power spectral density sy¢ = s;o /(27 fC)2.
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Figure 5.13: a) Output follower-shifter circuit of pseudo-transcapacitor at its
operating point and b) its linearised version with internal noise sources.

However, additional noise is created at this output by the follower-shifter
circuit, which can also be linearised around its operating point, according
to figure 5.13. Since transistor T has its substrate connected to va, gm7
is controlled by the voltage difference vo — v4, yielding an output voltage
va = vo+(ing—in7)/gm7- The power spectral density of the output noise
voltage is thus given by sy 4 = sy¢ + (s18 + s17)/92,7, whose second term
represents the noise contribution of the follower-shifter stage alone. Since
both transistors 77 and Ty are identical and have the same drain current,
they have the same transconductance ¢,,7 = gms; the same slope factor
ny = ng is also assumed. These transistors being set in strong inversion,
their current noise power spectral density is given by s;; = (8/3)kpTn;gmi
[52], resulting in a noise contribution vy of the output follower-shifter
having a power spectral density:

16’/17 k’BT
3 Im7 ’

(5.35)

SVout =

where ¢,,7 is also the output conductance of the follower-shifter circuit: it
can be considered as generating alone the output noise voltage of power
spectral density Yout4kpT/gm7 with a noise factor v,u¢ = 4n7/3. The
transconductance ¢,,7 = ¢gms is imposed by the shift voltage Vsp4 ac-
COI'diIlg to gdms — ﬁS(‘/shA — VT()g)/ng, where ﬁg, VT()g and ng are the
transconductance factor, the threshold voltage and the slope factor of the
transistors Ty (and 7T7), respectively.

The pseudo-transcapacitor circuit including the equivalent noise source
is shown in figure 5.14: an input noise current source iy;, with power
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Figure 5.14: Pseudo-transcapacitor with its input and output equivalent noise
sources

spectral density sy;, is added at the input ¢; and the output noise voltage
source Unout With power spectral density sy, is inserted at the output.
The output noise power v2 5 of the circuit is estimated by integrating
over frequency the power spectral density of each source multiplied by the
squared transfer function between the source and the output, thus

00 v 5 df o0

2 (20 ) 5

VAN = /Slzn <VX > (271_][.0)2 +/3Voutdfa (536)
0 0

where the first term is due to the input noise source and the second to the
output noise source. Both integrals yield an infinite value: the first one
for the lower limit f = 0, which is an intrinsic feature of a pure integrator
with a non-zero dc input noise, and the second for the limits f = oo,
because the output is not frequency limited. In practice, however, the low
frequency gain is limited by the pseudo-conductance gr* due to leakage
current I, (paragraph 5.3.3), and the output is high-frequency limited by
the output conductance g,,7 together with the parasitic capacitance at the
output node. Furthermore, as the pseudo-transcapacitor is to be used as
a building block for larger circuits, the effect of its input and output noise
sources i, and vy.,e 1S to be taken into account in the noise calculation
of the whole circuit, as will be shown in the next section (paragraph 5.4.6).

5.3.6 Circuits based on pseudo-transcapacitors
Log-domain grounded capacitor

The pseudo-transcapacitor of figure 5.6 is transformed into a pseudo-
grounded pseudo-capacitor by imposing its output pseudo-voltage on its
input with a current conveyor, as shown on figure 5.15a. With a constant



128 CHAPTER 5. LOG-DOMAIN VLSI 2-D COCHLEA

current Iy added to the pseudo-capacitor current ¢ as well as imposed on
the pseudo-transcapacitance input io, this circuit implements:

L dvg
dt

The mismatch between the two current sources Iy, together with the
internal offset source due to the imperfection pseudo-transcapacitor’s mir-
rors (see paragraph 5.3.3), results in an offset current source in parallel
with the pseudo-capacitor, which will just cause a dc pseudo-voltage offset
when the terminal vy, is loaded by a pseudo-conductance.

C

=iy — iy = (ic + Ip) — Io = ic. (5.37)

Companding integrator

Pseudo-transcapacitors are closely related to companding integrators [51],
which are based on a compression of the input current, an integration
of the compressed current by a linear capacitor and an expansion of the
resulting capacitor voltage. The pseudo-transcapacitor compresses and
integrates, but the expansion is not needed since an output pseudo-voltage
is required. Nevertheless, as shown in figure 5.15b, the expansion into a
linear current is performed with a pseudo-grounded pseudo-conductance
G* (see paragraph 5.2.2), resulting in:

* t
iout = g* / (’Ll — 22) dx. (538)
a
)y
ic ™
T5

Figure 5.15: a) Log-domain grounded capacitor, b) companding integra-
tor/pseudo-transinductor.
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Pseudo-transinductor

Using identical pseudo-conductances G*, the input currents ¢; » of a com-
panding integrator can be controlled by pseudo-voltage vi, = i1,2/G™.
The resulting pseudo-transinductor of figure 5.15b implements:

* diout
dt

where a gyrator made from the three transistors implementing the pseudo-

conductances G* transforms the pseudo-capacitance C* into a pseudo-
inductance L* = C*/G*2.

L = v] — V3, (5.39)

5.4 Log-domain implementation of the 2-D
cochlea

5.4.1 Basilar membrane resonator

The electrical equivalent of a basilar membrane section is a serial res-
onator made from a resistor, a capacitor and a super-capacitor. The super-
capacitor is a dipole whose second derivative of the voltage difference v
between its terminals is proportional to the current ¢ flowing through it,
i.e. in the frequency domain, v o i/(jw)? = —i/(2wf)2. For this rea-
son, this device is usually called Frequency Dependant Negative Resistor
(FDNR). The term super-capacitor is preferred here, because it illustrates
the fact that a serial RCS resonator is equivalent to a LRC resonator: the
inductance L becomes a resistance R’, the resistance R a capacitor C’ and
the capacitor C' a “super”-capacitor S’, provided that the current i'(t)
flowing through these elements corresponds to the time derivative di(t)/dt
of the current flowing through the LRC resonator:

o(t) = Ldil(tt)JrRi(t)—l—é / i(2)dz

t t oy
1 1
= R"é'(t)—l—a/'é'(az)—l—g/ /'é'(:l:)d:l: dy, (5.40)

where R' = L/19, C' = 19/R, S = 179C and i' = 71ydi/dt, 19 being an
arbitrary scaling time constant. Rewriting the equation of the serial RCS



130 CHAPTER 5. LOG-DOMAIN VLSI 2-D COCHLEA

le'jbi
T10]p-G*

VE V’E **iF
—> ll Il 0 i
i l
1P
15Ty - | |
T2 T3] Ts| T7}i Tlo [To|TaafTag iy [lo [T15Ta7

W N e

Figure 5.16: Log-domain implementation of the basilar membrane resonator.

resonator
t y
1| 1 ./ C’ ./
v(t) =R |i'(t) + Ol i(y) + 5 [ (x)dz | dy| , (5.41)

indicates that the RCS resonator can be implemented using two compand-
ing integrators (paragraph 5.3.6), a current-to-pseudo-voltage converter
(paragraph 5.2.2) and a current conveyor used similarly as for the log-
domain grounded capacitor (paragraph 5.3.6), as shown in figure 5.16. The
pseudo-voltage across the capacitor and the super-capacitor are converted
into currents i; and iy by the pseudo-conductances G7 and G5, respec-
tively, whereas the pseudo-voltage across the resistor is already available
as the current ¢ . These currents are summed into the current ¢z, which
is converted back into the resonator pseudo-voltage v}’ = ip/G* using
the pseudo-conductance G* and finally fed back at the input through the
current conveyor T7-13-T5-T}; that imposes vy, = v} !
Expressing the transfer function (5.38) of the companding integrator
in the Laplace domain allows one to use
1
Li(s) = —(s)—Io), (5.42)

ST1
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L(s) = ——(I(s)=Io) = ———(I(s) = Io) — ——1Iy  (5.43)

ST $271To STo

in writing the sum of the currents converted into the resonator’s pseudo-
voltage V}'(s):

G Vi'(s) = I(s)+1i(s)+ Ix(s) — Ky (5.44)
1 1 1 1
= I(s) |1+ —+ ]—hk+ +—+
ST1 S°T1T2 ST1 ST2 S°T1T2

where 7 = Cf /G and 75 = C5/G%. The current I(s) is expressed from
equation (5.44) and used to rewrite equations (5.42) and (5.43), with v}’ =
vy, ensured by the input current conveyor:

ST Ty Ks*172 + 511 + 812+ 1
I(s) = Vj(s)G" 1
() 2(5) s2T1To + 519+ 1 o s2T1To + 572 + 1 ’
(5.45)
STy (K—1)ss+1
I = V;(s)G" 5.46
() z(5) 2T+ sma+1 STyt sTo4 1) (546)
1 (K — 2) — ST1
I = V;(s)G" I . 5.47
2(5) z(s) 2Ty 5o+ 1 Us2TiTy + s+ 1 (5.47)

Since the bias current Iy is dc (s = jw = 0), the second term of the three
above equations simplifies into Iy, Iy and (K — 2)I, respectively, resulting
in

VZ*(S) ST1 1 1
= 1 =snZ" 4
Ii(s) — I G* [ STy * 827'17'2] 1127 (s),  (5.49)
‘/Z*(S) 827'17'2 1 1 2
= 1 = Z
Ir(s) — (K =2)1 G* + STy + 8271 T STZ(s)

(5.50)

where Z*(s) = V;(s)/Iz(s) is the pseudo-impedance of the log-domain
resonator. Expressing equation (5.48) in terms of the resonator input
currents Iz (s) = I(s) — Iy and comparing it with equation (4.32) (p. 86),
results in the correspondences between the electrical model of the basilar
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electrical log-domain
conductance G G*
G*
capacitance Cgs nG* = C] et
1
) CiCs G7
super-capacitance Sgy || T1GF = — *2 "
Gy G5

Table 5.2: Correspondences between the electrical model of the basilar mem-
brane resonator and its log-domain implementation

membrane resonator and its log-domain implementation listed in table 5.2.

Using the time constant 7 and quality factor () defined by

CiCs

?=mn = G}{Gz’ (5.51)
Ci G35

2= = L2 5.52

the resonator impedance Z* is expressed by:

1 22 +s57/Q + 1
o G* 327-2 '

Z*(s) (5.53)

The dc value of the currents ¢ and ¢; when no ac excitation is present at
the input vz equals Iy since they correspond to the inputs of the pseudo-
transcapacitors C7 and C5 which stabilise at a zero differential input.
Therefore, at dc the current is stabilises at a value Iy = Irp + (K — 2)I,
where I'r = V;G* is determined by the dc pseudo-voltage V; “across” the
resonator. The dc value I» must be large enough to permit the maximal
variation of i ensuring is > 0. On the other hand, the current-to-pseudo-
voltage converter T7g-Ti2 needs a minimal input current Ip,,;, flowing
through G* to function correctly (see paragraph 5.2.2). Therefore, the
input pseudo-voltage v, must vary around a dc value V; which permits
the maximal variation of v}, to maintain v;G* > Ipy,. The current io
has thus two dc components, Io = (K —2)Iy + V;G*. Setting K = 3, the
first one equals to the common mode I of the pseudo-transcapacitors, and
the second corresponds to the dc value V; of the pseudo-voltage across
the resonator, represented by the current I» — Ip = V;G".
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5.4.2 Parameter mapping

According to table 4.3 (p. 89), the conductance Gpjs(i) modeling the
basilar membrane mass is the same for each resonator in the bank. The
same applies to the capacitance Cpgyps (i), but its value is modulated by
the undamping term w, which can be local to a position ¢ if an automatic
gain control mechanism is implemented. Finally, the super-capacitance
Spa (i) modeling the basilar membrane compliance increases exponen-
tially with position ¢ in the resonator bank. The correspondences of ta-
ble 5.2 suggest therefore to map the super-capacitance Spys(i) with the
pseudo-capacitance C5 (i), and the unmodulated capacitance Cgps(u = 0)
with the pseudo-capacitance C}. Since the pseudo-conductance G* corre-
sponds to the conductance G, that is constant, the pseudo-conductance
(G7 is imposed by the undamping term u according to 1 —u o G7, whereas
the need of a constant product G2 = G%G% is imposed for each super-
capacitor Sgas(i). This choice of constraints is summarised in table 5.3.

5.4.3 Implementation of the log-domain resonator

The full diagram of the log-domain resonator is shown in figure 5.17. The
pseudo-transcapacitors (7 o have their pseudo-capacitance controlled by
a voltage imposed on their control input Vyj 4, while their second control
input Ve is kept constant (see figure 5.6, p. 112). Since C5 (i) increases

mechanical electrical log-domain
, F, A, .. F, A,
mass m/ () GBM:FZ,—’ G (z):ﬁﬁx
. . . . F Aaj 1 % /- *m
viscosity h'(i) || Ceam (i) = FZJ—'W Ci(i) = Goﬁ
o 1 = Gyt u()
stiffness k(i) || Spm (i) = —i k’(g) 9¢/2b C5 (i) = G 7 0) 9¢/2b
. Gt
Gy = —
1

Table 5.3: Mapping of the parameters between the mechanical and electrical
model of the basilar membrane resonator and its log-domain implementation
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Figure 5.17: Log-domain implementation of the basilar membrane resonator.

exponentially with the position ¢ of the resonator in the bank, the value
of Vsha2/Ur, to which the logarithm of C5 is proportional must increase
linearly, resulting in follower-shifter’s bias currents that vary quadratically
if the follower-shifter are in strong inversion or exponentially if they are
in weak inversion.

However, these follower-shifters must source an output current, which
will unbalance the current biasing their two transistors, resulting in a
modulation of their output voltage. To prevent this effect, both follower-
shifters of both pseudo-transcapacitors are unloaded by sourcing on their
output a copy of their output current. The output current of the follower-
shifter controlled by Vsp4 (at the internal node vy of the pseudo-transca-
pacitor, see figure 5.6) corresponds to the sum of the pseudo-transcapacitor
input currents, available by copying the current in the transistors that sink
them (transistors Thg, T31, Tog and T3¢ for CT and T35, T37, T3 and T3g
for C in figure 5.17); similarly, the output current of the follower-shifter
controlled by Vsneo (at the pseudo-transcapacitor output ve) corresponds
to the output current of the integrators CY 5-G7 o, available by copying
the current in transistors Ty and Ti5 using T33, T30, T34 and 139, Ty, Tho,
respectively. At the expense of 7 additional transistors for each pseudo-
transcapacitor, the power consumption mostly needed to bias the 2x2 x M
fully loaded follower-shifters will be largely reduced.

The current sources K1y (K = 3) is implemented by a PMOS mirror
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Tyg-T5o having the source of its transistors connected to the ground instead
of the voltage supply V4. This ensures the transistor T}y implementing
the pseudo-conductance G* to be saturated as long as the current K1 is
correctly imposed by Thy saturated. Without this, the case may happen
that the voltage v}’ at the source of Tig rises transitorily up to a value
for which the input pseudo-voltage source imposing v7, suddenly absorbs
the totality of the input current source Iy (transistor Tjg), setting the
conveyor T7-T5-T53-T4 in an undesirable stable operating point that do
not anymore impose vy = v}’'. The input current source Iy, however is
imposed by a PMOS mirror T74-T1¢ having the source of its transistors
connected at V,. Setting V., at a lower value than in the simulations of
paragraphs 5.3.2 and 5.3.4 (0.5V instead of 1V), prevents also the internal
pseudo-voltage v’ of the pseudo-transcapacitors to rise to a value making
it uncontrollable due to the resulting very small gain of its compressing

mirrors (see paragraph 5.3.4).

NMOS transistors PMOS transistors
name W/L Is name W/L Is
Ml—Mgg 2,um/20,um 26nA MQ, M4,
M 4- Moy,
Mog-Myo, | 2pum/20pm | 7.7nA
Meg-M32,
Maa-Mog,

Myg-Myg | 20pm/5pm | 308nA
pseudo-transcapacitors (according to diagram in fig. 5.6)

Ms, Mg | 2um/20pum | 26nA || My-M, 20pm/5um | 308nA

M~-Mig bpum/bum | 77nA

voltage sources current sources
name value name value
V_|_ +05V IO 20nA
V_ —-2.0V Iq 20nA
Vshal —0.5V — Ur In(t) I 8nA/q
Vsn A2 —0.5V — Ur In(t) Igo 8nA - q
Vsho —0.5V Igo 20nA

Table 5.4: Parameters values for simulation; note that all voltages are defined
positively terminal from node to ground.
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5.4.4 Transient simulation

The full circuit of figure 5.17 was simulated. The input pseudo-voltage v7
was imposed through a follower by a current-to-pseudo-voltage converter
Tua, Tye, Tug having a pseudo-transresistance vy, /I, = 1/Gg = Wo/lgc.
The size of the transistors and the value of the currents and voltages
sources are summarised in table 5.4.

The input signal I;, is a current switching between 10nA and 30nA,
which corresponds to an input pseudo-voltage v}, /Vo = Iin/Ig, vary-
ing between 0.5 and 1.5. The time constant 7 of the resonator is con-
trolled by the voltage V41,2 of both pseudo-transcapacitors C7 and C3.
In the simulation, these voltages are adjusted logarithmically by the pa-
rameter t, imposing t? o C7C3, thus t oc 7; the quality factor Q of
the resonator is controlled by the currents Ig; and Igo imposing the
pseudo-conductances G7 and G35. This modulation is performed to keep
the product G;G% constant to a value G = 8nA/Vp, while the ratio
G5/G% = ¢? is adjusted by a parameter ¢, imposing thus ¢ < Q. With
identical capacitor C' = 5pF in both pseudo-transcapacitors and indepen-
dently from the parameter g, the time constant 7 at ¢ = 1 theoretically
equals CUr/(GyVy) = UrbpF/8nA = 16.25us, corresponding to a 10 kHz
characteristic frequency; similarly, for ¢ = 1, the quality factor () theoret-
ically equals 1 independently from the parameter ¢.

Figure 5.18 shows the resonator input current ¢z and its internal cur-
rents ¢, 41 and ¢ representing the voltage across the resistor G'gjs, the
capacitor Cgys and the super-capacitor Sgys, respectively, in response to
the input pseudo-voltage steps vy, /Vp, for t =4 and ¢ = 1. The dc value
at which these currents stabilise is different from their theoretical predic-
tion (Iz =0, I =11 = Iy = 20nA and ix = Iy + V;/Vp = 30 <+ 50nA),
mainly because of the gain error in the mirrors copying Iy, due to the
output conductance of their transistors. This shift of dc current values
is functionally not crucial, since the output variable of the equivalent se-
rial resonator is its current (emulating the basilar membrane acceleration)
integrated over time (basilar membrane velocity), thus a current propor-
tional to 71, whose dc component is meaningless. Therefore the current
offset must just be small enough not to move the current level outside of
the operational range of the resonator circuit. For 7, 71 and i, this offset is
thus not so important. However, the dc offset Iz, ¢, of the input current
iz of all resonator Z* (i) in the bank will create a dc pseudo-voltage offset

Zof fs O the distributed load consisting of the pseudo-resistive network
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emulating the cochlear liquid. The systematic offset due to the output
conductances of the mirror would thus accumulate all along the resonator
bank and lead to local value of v} (7) that might bring the resonator out
of its range of operation. However, the random offset due to component
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Figure 5.18: Step response currents iz (top), %, i1 and i (bottom, from left to
right), for t = 4 and ¢ = 1 (simulation results).
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Figure 5.19: Frequency response of the resonator for several values of time
constant ¢t7, with a quality factor imposed with ¢ = 1 (simulation results).

mismatch will accumulate to a lesser extent, since it is the variance of
these offsets that accumulates (see paragraph 5.4.7).

The frequency response (5.48), (5.49) and (5.50) of the resonator was
verified by taking the Fourier transform of the time derivative of the
corresponding step response of figure 5.18 for several values of ¢ and
q.- Figure 5.19 shows the frequency response for several values of time
constant and a fixed quality factor set with ¢ = 1. The response ob-
tained from the positive step (v}, /Vo = 0.5 — 1.5) and the negative step
(vy/Vo = 1.5 — 0.5) are superimposed to show the low sensitivity to
current level of the resonator time constant.

Figure 5.20 shows the same frequency response for several imposed
quality factors and a fixed time constant set with ¢ = 8; similarly to
figure 5.19, the response to both positive and negative input steps are
superimposed to illustrate the insensitivity to the input dc level for the
relatively large time constant 87. For smaller time constants, however,
the sensitivity of the quality factor to the amplitude of the input level
increases, as illustrated in the curves t = 1 and ¢t = 2 of figure 5.19.

Such a level sensitivity of the quality factor to the dc input pseudo-
voltage V at relatively high characteristic frequency (> 5kHz) prevents to
implement large quality factors. Even with a fixed dc pseudo-voltage at the
input of the full cochlear model (pseudo-resistive network and resonator
bank), the local value of V(i) will vary with position ¢ due to the dc offset
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Figure 5.20: Frequency response of the resonator for several values of imposed
quality factor and a time constant set to 87 (simulation results).

I7of1s(7) of the current iz (¢) on the loading pseudo-resistive network (see
paragraph 5.4.7). The origin of this sensitivity must therefore be identified.

5.4.5 Stability

The cause of this sensitivity of the quality factor to dc input voltage resides
in the feedback block of the resonator that may make it unstable. As shown
in figure 5.21, the resonator is split into two parts. The forward block

Ap(s) = I(s)—I—I}Ez;—I—IQ(s) _s°T +2ST2/Q+1,

ST

(5.54)

is made from the integrators C; G and C5G% and the transistor T3 of fig-
ures 5.16 and 5.17. It injects the current iy = i + 4 + io into the feedback
block Ay(s), which consists of the current-to-pseudo-voltage converter T -
T19 and the current conveyor T4-T5-T3-T,. The feedback block outputs in
turn the current ¢; into the forward block. The forward block does not
need to be linearised since its current mode implementation makes it lin-
ear on the full operational current range. In the log-domain, the feedback
block consists ideally of the single pseudo-conductance G*. However, the
imperfections of the feedback block that can make the resonator unstable,
i.e. the parasitic gate capacitances and output conductances of its transis-
tors are not linear in the log-domain. The feedback block must therefore
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be linearised around its operating point, which is signal dependent. The
input voltage vz may be converted into an equivalent input current govy,
but the stability is analysed using the open loop gain Af(s)Ap(s) with a
dc input voltage V, cancelling its small signal variations.

The linearised transfer function A,(s) of the feedback block was es-
timated by an AC simulation of the current-to-pseudo-voltage block and
the current conveyor alone. The input pseudo-voltage was set to a con-
stant value V;, the ac input current 7y was sinked from the input of the
current-to-pseudo-voltage converter and the resulting ac output current
was measured at the drain of transistor 75. In order to set the appropri-
ate operating point, a DC simulation was performed with the drain of T
looped on the input of the current-to-pseudo-voltage converter (Iy = I at
dc) before the AC analysis.

This process was performed for three dc input pseudo-voltages V7 cor-
responding to a current input I;,, = GV set at 10nA, 20nA and 30nA,
according to the transient simulation performed in paragraph 5.4.4. This
simulation shows that in the frequency range of operation, the feedback

b)
Iin=10nA
T
a) 50 201A
gcVy A{s) 30nA
___>C\ 1 | L 40
J > Sﬁ A N S@ —
- 1 12 &
<
30
ib If
Ab(S) < 20

10 100 1k 10k

frequency [Hz]

Figure 5.21: Linearised resonator for stability analysis.
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block presents a first-order low-pass transfer function

o Ib(S) o A
B If(s) B STb—l—l’

Ap(s) (5.55)

whose dc gain A and cutoff frequency 1/277, vary between 53dB and 47dB
and between 100Hz and 200Hz, respectively, for a dc input pseudo-voltage
V7 set by I, varying between 10nA and 30nA (figure 5.21b).

The Nyquist diagrams of the open loop gain Ap(jw)As(jw) shown
in figure 5.22 are drawn for varying resonator’s characteristic frequency
1/27n7 and quality factors @), with a feedback block having a 200Hz cut-
off frequency and a 47dB dc gain; they confirm that the quality factor of
a resonator having a 10kHz characteristic frequency must be limited to
a maximal value of 4, and vice versa, to ensure its stability (recall that
the Nyquist stability criterion states that the point (—1,j0) must be left
on the left when following a complex locus for increasing frequencies, i.e
toward the point (0, j0) in the present diagram, since the open loop gain
has a low pass characteristic).

This analysis shows that the maximal quality factor of the resonator
will be limited by the frequency response of its feedback block. Increasing
its dc gain or its cutoff frequency would allow higher quality factor at

a) CF=10kHz Im

Re

Figure 5.22: Nyquist diagram of the resonator open loop gain ApAf(jw), for
a) varying resonators’ quality factor and b) characteristic frequency (CF); the
frequency parameter w increases toward the point (0, 50).
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higher characteristic frequency. This result, obtained from an AC analysis
of the linearised feedback circuit is in accordance with the one obtained
from the transient analysis.

5.4.6 Noise

Basilar membrane resonator

The effect of internal noise is analysed on the resonator circuit linearised
around its operating point. The operating point is set for a dc input
pseudo-voltage V7 and a zero ac input signal. The linearised circuit is
therefore valid for small signal variations, which is assumed to be the case
of noise. As detailed in appendix A.4, the noisy small-signal equivalent of
the basilar membrane resonator is a serial RCS resonator in which each
dipole

Gon = G, (5.56)
G
C = —C 5.57
BM a. ‘v (5.57)
G OGy
Sew = G (5.58)

features a parallel noise current source ing, inc and iyg having power
spectral densities

S1G = 7g4kBTG, (559)
Si¢ — ’)/04kBTG1, (560)
S — ’)/54kBTG2, (561)

respectively (figure 5.23). The values of the noise factors vg, v¢ and
~vs depends on the dc values I, I} and Is of the currents 7, ¢; and 5 at
the operating point where the circuit is linearised, and on its bias cur-
rents and voltages, according to equations (A.104) to (A.107) given in
appendix A.4. The values of the linearised conductances GG, G; and G5 as
well as the linearised input-referred capacitance C| and C% of the pseudo-
transcapacitors, are recalled in table 5.5, together with their log-domain
equivalents.
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BM

=0

Figure 5.23: noisy equivalent of the basilar membrane RCS resonator

Replacing the linearised conductances and capacitances by their log-
domain equivalents in the expression of the output noise voltage

itz +iNng lz +inc iz +INS
Vy = + 5.62
g GeMm sCpm s2Spm (5.62)
yields
v ) ) ) ) ) )
Z 4y, — vl = tz +ing |tz tinc |tz + ZNS, (5.63)
Ur BM sCEur SQSEM

where V vz /Ur expresses the small-signal pseudo-voltage v}, around a dc
pseudo-voltage V as a function of the small-signal voltage vz linearised
around a dc value Vy:

VZ* + U*Z — Voe(VZ‘H’Z)/UT — VOeVZ/UTevZ/UT
linearised log-domain
U? }/Z* Vo
G, — L G — 61
' (}T ! IVO
G, — 2 G — -G2
2 UT 2 Vo
C| = D eVin v Cr = CUT Vi /Ur
IGl V()
Cé = ECQVSM/UT C; = _CUT eVsn2/Ur
IGQ V()

Table 5.5: Linearised and log-domain conductances and capacitances
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Vz Vz
~ VoIl14+—=|=V;+V;—=—. H.64
Z< + UT) z t+ Z 7 ( )

(Note that for this equivalence, the voltages are defined positively from the
node to a reference, inversely to the definition (5.2) of the pseudo-voltage
in PMOS transistors; this is required to be compatible with the voltage
definitions used for linearising the circuit around its operating point.)
The output quantity of the resonator is the integral of the current
flowing through it, which models the integral of the basilar membrane
acceleration, thus the basilar membrane velocity. This quantity is avail-

able as the (pseudo-)voltage vg ) across the (pseudo-)capacitor C'](B*K/[. The

(pseudo-)voltage noise U](\}k)c that affects this output may be estimated in a

single RCS resonator having a dc (pseudo-)voltage VZ(*) using the equiva-
lent diagram of figure 5.23 with both end connected together (small-signal
analysis):

1 s27%ing + (1+ 827%)ine +ins

(%)
— , 5.65
UNo ch‘& 212 +s7/Q + 1 ( )

where

T = ZBM (5.66)

are the same as defined by equations (5.51) and (5.52), respectively.
Using equations (5.59) to (5.61), the corresponding (pseudo-)voltage
noise power spectral density is thus given by

sve =~ 7T | (16G +7cGh) ‘ — 5
CB(Z\/I) 1-02450/Q
1/59 2
+  (veG1+ vsG2) ‘ - 92/+ 970 , (5.68)

where ) = 27 f7 is the frequency normalised on the characteristic fre-
quency of the resonator. The corresponding voltage noise power is calcu-
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lated by integrating equation (5.68) over frequency f, using x = Q2

N kg1 T T 1/ 2dx
vne = %— (’YGG+70G1)/ ;
Ceu ™ ) x2+<@—2>az—|—1

124y

2+ (g —2)o+1

+ (G +’YSG2)/ , (5.69)
0

where both integrals converge to Q). Hence, since equations (5.66) and
(5.67) yields 7Q = Cg]{/‘,/GgJ)V‘, and since ng)w = G, the (pseudo-)

voltage noise power on the (pseudo-)capacitor ng/f becomes simply

2(x kT G G1 Go
CBM

Dynamic range of a single resonator

The output dynamic range of a single resonator may be estimated by
expressing the variation Ai; of the current ¢; around its dc value Iy. This
variation corresponds to the pseudo-voltage vy across the pseudo-capacitor
Crue

Ail = il - IO == G*UE (571)

The minimal amplitude Ali,,;, of this variation Ai;, assumed to be a
sine wave, must yield a pseudo-voltage power U%* that equals the pseudo-
voltage noise power var. (unity signal/noise ratio). Therefore, using equa-
tion (5.70) and the log-domain equivalent of equation (5.57), this condition
imposes

AT kT GG

Imin __ %2 __
2G*2 - UNC - Cik G*2 7) (5-72)
where
Gl G2 Il 12
= 2 — — = 2 — . H.73
7=06+ 20 s =6t 20 T s (5.73)

The maximal current variation Al,,,, at the input of a pseudo-trans-
capacitor was shown in paragraph 5.3.2 to have an amplitude half its dc
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value. Since the current iy is copied at the input of the second pseudo-
transcapacitor C5, a maximal amplitude Aly,,,, = Iy/2 is used to calcu-
late the dynamic range of the output current 71, which becomes, using the
equivalences listed in table 5.5:

AR gy _ 126" I CUr (5.74)
AIIszn 87 IF ge '

where q. = kgT/Ur is the charge of an electron (0.16 - 107 1%As).

In order to estimate its order of magnitude, this dynamic range is
calculated using equations (5.73) and (A.104) to (A.107) in which I =
I = Ip = I5/2 = Lihc1/4 = Lsnca/4 = o, Ig, = Ig2, Vsni = Vina, and
n = 1.5, yielding:

AIIQmaa: _ %eVShI/UT CUT (5 75)
AR, 232+ 11200 ¢Vim/Ur g -

The term (Ig1/Ip) exp(Vsp1/Ur) corresponds to the internal dc pseudo-
voltage Vi/Vy of the pseudo-transcapacitor C7, as shown by equation
(A.89) in appendix A.4. This term also corresponds to the inverse of the
pseudo-transcapacitor’s mirror gain. Its optimal value depends on the cur-
rent range over which the transcapacitor performs correctly. For a current
range spanning 2 decades, an internal pseudo-voltage V31 /Vj set to 25 at dc
ensures an optimal range of operation (paragraph 5.3.2). Therefore, with
a capacitor C = 6.4pF (CUr/q. = 10° at room temperature)a dynamic
range of nearly 40dB can be obtained. This value is 12dB lower than the
theoretical input dynamic range of the voltage-mode second-order stage
cascade described in chapter 3 (paragraph 3.4.7, p. 58). However within
this range the resonator is theoretically perfectly linear. Accepting some
distortion, the maximal amplitude of the signal variation can be increased
by up to a factor 2 (Alar = Iy, corresponding to 100% modulation of
the signal around its dc value), increasing the dynamic range by 6dB.

The bandwidth and the power consumption of the resonator are related
to its dynamic range through the factor CUr/q.. The dynamic range is
increased with an increasing capacitance (', but in order to maintain the
same frequency response, the current level must be increased proportion-
ally, increasing thus power consumption proportionally to the dynamic
range.
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Resistive network

The noise is analysed similarly in the single transistors implementing the
pseudo-conductances in the resistive network. Since a zero-dc current
flows through each resonator, the same apply in any pseudo-resistor of the
network. The transistors implementing them are thus in the conduction
mode instead of being saturated, and they are still in weak inversion.

The conduction mode can be seen as the superposition of a forward
and a reverse saturation mode (similarly to the Ebers and Moll model of
the bipolar transistor). The channel current I is the difference between
the forward saturation current /r and the reverse saturation current Ig.
For a PMOS transistor, it is expressed by

[=1Ip—Ig=Ige"/Ur — [5e"2/UT, (5.76)

where the voltage at the channel terminal V; and V5 are defined positively
from terminal to a reference, and Ig is the forward saturation current
when Vi = 0 and —V5 > 4Ur. The value of I is controlled by the gate
voltage and it can be imposed using a diode-connected identical transistor
(figure 5.24a). Linearising equation (5.76) around V; = Vo = 0, thus for
Ir = Ip = Ig, yields a small-signal channel current

i = gerV1 — gerV2 = gc(v1 — v2), (5.77)

where g. = g.r = ger = Ig/Ur is the linearised conductance of the
transistor (figure 5.24b).

a) | b) w9 i
—
o—T o 0
I A e I al = 1y
cR - *
:l > ' V, Gc

| O *
|G¢ INF IGB’_|:I_—I—O

Figure 5.24: a) Transistor in the conduction mode with its biasing transistor,
b) its small-signal and c) log-domain noisy equivalents.
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The current noise source in parallel with a transistor in the conduction
mode is thus given by summing the noise current sources iyp g due to
its forward and reverse saturation current Ir r [53]. Since the forward
and reverse noise are not correlated, their power spectral densities s;p g
add, resulting in a single current noise source ¢y having a power spectral
density

ST :SIF+SIR:2quF+2QeIR:4quG :4]€BTgc. (578)

When interpreted as pseudo-conductances (figure 5.24c), the biasing
transistor defines a pseudo-conductance
o lo_

R

(5.79)

Expressing the voltage difference Av = vy — v across the linearised tran-
sistor as a function of its currents,
T+ v+ i +in U
Ay — N _ N — *N Ur ,
gC IG Gc VO

(5.80)

is thus equivalent to express the small-signal pseudo-voltage Av* = v] —v3
around its pseudo-voltage V{; at the operating point, according to equa-
tion (5.64):
Av* = &Av = i+iN.
Ur G*
The equivalence between linearised quantities and their log-domain
correspondent yields a simple model of linear noisy resonator and network
resistors. This model is very convenient to analyse and/or simulate the full
cochlear model using only passive devices having a noise current source in
parallel.

(5.81)

5.4.7 Implementation of the full cochlea
Linear model

The major difficulty in analysing the full cochlear model resides in the
interactions between the basilar membrane resonators through the resistive
network modeling the liquid which surround them. Nevertheless, such
analysis might be facilitated thanks to the linear behaviour of the circuit
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in the log-domain. Moreover, the effect of the noise can reasonably be
assumed to be also linear, as shown in paragraph 5.4.6. This assumption
is valid provided that the noise current variation are small with respect
to the dc currents, which is the case in the class-A implementation of
the pseudo-transcapacitors. It was shown to be true also for the network
pseudo-resistors, despite the fact that a 0-dc current flows through them.

As a consequence, the analogue VLSI implementation in the log-domain
of the full cochlear model amounts to the analysis of the electrical model of
figure 4.7 (p. 88). The difference with the linear electrical model analysed
in section 4.4 and its electronic implementation resides in the imperfec-
tions of the electronic circuitry. The imperfections at the level of a single
resonator were analysed in the previous paragraphs, whereas this one fo-
cuses on their effect on the full bank of resonator loaded by the resistive
network. Since the effects of the major imperfections, i.e, noise and dc
current offset are linear, their analysis may be carried out using the rich
battery of tools applying to linear systems.

Canonic resistance matrix

The resistive network can be transformed into a canonic matrix of con-
ductances Gy, each of them connecting a pair (k,[) of nodes, restricted
to the cochlea input and the M resonator inputs. The admittance ma-
triz relative to these input nodes is obtained by injecting a current I at
each of these nodes and leaving the other ones floating. The linear system
describing the entire network is arranged such that

In | _ | Gaa Gas Va
[ 0 ] B [ Gpa GBB Vg |’ (5:82)
where I4 = [I;n, Iy - - - Ipf]T and V4 = [V;,, Vi - - - Viy]T are the current
injected at the input nodes and their voltage, respectively; the vector
Vg gather the voltages at the internal nodes of the resistive network. All

currents are defined positively when entering the network. The admittance
matrix expressing I4 = G4V 4 is thus given by:

GA:GAA—GABGE;lBGBA. (5.83)

The conductance Gy linking a node pair (k,[) is determined by imposing
a voltage V, = V at node k, while grounding the other nodes (Vix, =
0), and determining the current I; getting out from node [. Since in
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such configuration I} = —gax,;V, the conductance Gy, corresponds to the
element —gax; at column k and row [ of the admittance matrix —G 4.

Gri = —9Ak,1- (5.84)

Doing so, the element g4k corresponds to the input admittance at node
k of the network with all other node grounded.

The matrices Gaa, Gap, Gpa and Ggp needed to produce the matrix
G4 can be generated automatically for a rectangular resistive network
similar to the one presented in figure 4.6 (p. 85). Figure 5.25 shows that
on such a L x H rectangular network quantised to M x N points, G}
decreases exponentially with the distance between node k and node [ (at
a rate of about half a decade per millimetre on a network quantising a
20 mm x 1 mm rectangular, homogeneous resistive sheet). This means
that the resonators are only locally coupled by the resistive network. The
conductances G, ; also decrease with increasing longitudinal resolution M,
due to the fact that more of them are set in parallel to quantise a given
current path in the continuous resistive sheet.
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Figure 5.25: Equivalent network conductances Gy that links a) the input node
or b) the node k = (2'/Az,0) on the basilar membrane to nodes | = (z/Ax,0);
calculated from a M X N resistive network that quantises a 20 mm X 1 mm
rectangular resistive sheet having an homogeneous sheet conductance G5; the
nodes k € (¢ = 1...M, 7 = 0) are located on the bottom edge of the resistive sheet;
N =10 in all cases and the input voltage is applied on nodes (i = 0,5 = 3...7)
on the left edge of the resistive sheet, similarly to figure 4.6.
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Effect of resonator current offset

The admittance matrix G4 may be used advantageously to estimate the
effect at any node k of the offset current generated by every resonators.
A constant input voltage V;, is imposed at the input node, whereas a
dc offset current source I is injected at each node k connected to the
resonators. The system of equation describing such a setting is expressed

=G = Ln,om , 5.85
[ I ] A [ Vim Ebm,in  Gbm Vim (5.85)
where the M x M sub-matrix Gy, relates the voltages Vi, = [V1 -+ V)T
and currents Ip,, = [I1 - - - Ipy]T at the M resonator nodes when V;, = 0.
This notation permits to express the voltages Vy,, at the resonator nodes
as a function of the resonator currents I, and the input voltage V;,:
Vim = Gb_l:[bm - Gb_nlbgbm,zn‘/zn (586)

m

The mean voltage offset uy at each resonator node k£ can be estimated
using equation (5.86) in which the currents Ij are replaced by their mean
value prg. Figure 5.26a shows this mean offset voltage distribution along
the resonator bank with a constant purr, = puy Vk. It is represented as an
equivalent resistance R, = pyk/pr, normalised to the sheet conductance
G s of the resistive sheet. The effect of the horizontal quantisation is clearly
visible: if the current injected by each resonator is independent from the
spatial resolution of the bank, it corresponds to a local current density
in the continuous case. Therefore, increasing the resolution results in in-
creasing proportionally the total current injected along a given section of
the basilar membrane edge of the resistive sheet, increasing thus the local
current density. Since the resistive sheet has a sheet conductivity G, in-
dependent from spatial resolution, an increasing current density augments
proportionally the voltage offset along the basilar membrane edge.

This effect is similar for the standard deviation oy of this voltage
offset as a function of the standard deviation oy, of the resonator offset
current, assumed uncorrelated. However, in this case the elements of the
matrix Gb_wll must be individually squared before replacing the voltages Vi
by o2, and the currents Ij by ¢%, in using equation (5.86), whose second
term of its right hand-side is cancelled due to the zero standard deviation
of the imposed input voltage V;,. The equivalent resistance R, = oy /o7
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normalised on the sheet conductance G is shown in figure 5.26b, where an
identical standard deviation oy, = o7 Vk was assumed for all resonators.
As expected, the random component o; of the resonator offset currents
has less effect than its systematic component p; on the resonator input
voltage.

Figure 5.26b shows that the maximal voltage offset is reached at the
apex of the cochlea (x = L). Simulations showed also that R, scales
proportionally with the aspect ratio L/H of the resistive sheet; however it
was shown to be independent from the size of the input contact and from
the vertical resolution N. The resistance R, mq. expressing the maximal
mean voltage offset (at z = L) normalised on mean current offset injected
in the resistive network can thus be expressed by

Rymas = ~ 04— (5.87)

The parameter (in-) dependence was tested for values around L = 20 mm,
H =1 mm, M =50 and N = 10 on a rectangular 2-D duct whose input
contacted from 30% to 70% of its left edge (x = 0,y = 0.3H =~ 0.7H): it
might become invalid for parameters too far from these values. Note that
a cochlear duct modeled by a single row of M serial horizontal resistances
R, = L/HGsM and having a constant offset current p; injected between
each of them, results in a parabolic distribution of the offset voltages
pve ~ prRe[M? — (k — M)?]/2 (for M > 1), in accordance with the one
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Figure 5.26: a) Mean and b) standard deviation of the voltage along the basilar
membrane due to current offset generated by the resonators, for different lon-
gitudinal resolution M; the offset voltage are normalised on the offset currents,
assumed having a constant mean and and standard deviation for all resonator.
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shown in figure 5.26a. Its maximal value pymq, at k = M yields Rymazr =

M?R,/2 = LM/2HG,, which corresponds closely to equation (5.87).
Similarly, the resistance R;pq: expressing the standard deviation of

this maximal voltage offset normalised on the standard deviation of the

offset currents may be approximated within the same range of parameters
by

pun SH G, (5.88)

The dependence from longitudinal resolution is due to the fact that the
current injected by each resonator is independent from resolution, and so
is the sheet resistance of the network. However, it was shown in chapter 4
(paragraph 4.4.6, p. 98) that the density of the liquid (modeled by the
sheet conductance Gy) is related to the basilar membrane mass (modeled
by the resonator’s resistance G gys) such that the characteristic height H,
defined by equation (4.44) should equal 0.75 mm. Using the definitions of
the network resistance listed in tables 4.3 (p. 89) and 4.2 (p. 86), the sheet
conductance Gy, or equivalently the horizontal and vertical conductances
Gy = GsAy /A, and Gy = G;A; /A, can be expressed as a function of
the resonator conductance Ggs:

L N HM H.Ggu H,
s — T — _—— = —— = —M y .
Go=Copay =GN Az L MGsu (5.89)

yielding together with equation (5.87) and (5.88):

L’ H 1
mar «— A4 T ) .
R, A T (5.90)
IL? H 1
Romes = 0.5 (5.91)

H2H.\/MGpuy'

which equals 213/G g and 267/v/ MG g, respectively, for the ideal char-
acteristic height H. = 0.75 mm on a rectangular 20 mm x 1 mm cochlear
duct. Quantising such a cochlear duct by M = 100 horizontal points
and N = 10 vertical point, the vertical and horizontal conductances
of the network become, using equation (5.89), G, = 1.875 - Gpy and
Gy = 7.5-Gpy. Their corresponding pseudo-conductances Gy and G,
are advantageously implemented using transistor controlled by the same
gate voltage as the pseudo-conductances G g, thus by the control current
I defining G, = G* = Ig/Vo (see paragraph 5.4.3). Since the ratios
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between these conductances is imposed by the parameters L, H, M, and
N that are determined by the layout of the circuit, they can be imposed by
the aspect ratio of the corresponding transistors without loosing functional
flexibility. Doing so, the maximal systematic and random pseudo-voltage
offsets are imposed by

PV mag L? H p

— L = 04— —— 5.92
Vo H2H, I’ ( )

g I’ H 1 o

—mar = 05— ———. 5.93
Vo H? H. /M Ig ( )

Considering the 20 mm x 1 mm cochlear duct quantised by M = 100
horizontal point, a characteristic height H. =0.75 mm, a systematic cur-
rent offset puy = —5%1Iy (as shown by simulation of paragraph 5.4.4) and a
random offset o7 = 30%1p, the maximal systematic and random pseudo-
voltage offset become pi,,.../Vo = —10Iy/I¢ and o3, ../ Vo = 81y/Iq-

Interestingly, the effect of the systematic current offsets generated by
the resonators on their input pseudo-voltage when loaded by the pseudo-
resistive network does not depend on the horizontal resolution. More-
over, the effect of random current offsets decreases with the square root of
the horizontal resolution. It should be noted however that increasing the
number of resonator toward infinity would not reduce the random pseudo-
voltage offset to zero, because it would also require resonator areas that
tend to zero in order to implement the circuit in a finite area. In this
case, the random current pseudo-voltage o; cannot anymore be assumed
independent from the longitudinal resolution.

Both systematic and random pseudo-voltage offsets are proportional
to the square aspect ratio L?/H? of a rectangular cochlear duct and to
its absolute height H. Increasing H reduces quadratically the voltage
offset, and since a minor effect of the cochlear duct height was shown by
simulation (paragraph 4.4.5, p. 96), one can expect to use this parameter
for reducing the offset voltage. However, the effect of the duct height on
the voltage offset as well as on the frequency behaviour of the cochlea was
shown for duct heigh varying by 0.5 to 2 times its nominal value. Major
improvement using this parameter should thus be considered with caution.

The last option resides of course in a careful design of the resonator that
minimises its dc current offset and/or that is tolerant to large variations
of its dc input pseudo-voltage. The latter is however mainly determined
by the implementation of the exponential decrease of the characteristic
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frequency along the resonator bank.

Range of operation

The variation of the resonator input pseudo-voltage is constrained by
the variation range of the internal pseudo-voltage v%/Vy of its pseudo-
transcapacitors. This internal pseudo-voltage was shown by equation (5.10)
(p. 113) to be limited between 0.5 and half the current ratio Iq0 /Imin be-
tween strong inversion and leakage limits. The dc pseudo-voltage V; at the
input of the resonator being imposed at the output of its second pseudo-
transcapacitor (modeling the super-capacitor), it results on an internal
dc pseudo-voltage Vi, = VJ exp[Vip2/Ur|, where the exponential factor
determines the pseudo-capacitance Cj, according to equations (5.6) and
(5.8), respectively (p. 111). This pseudo-capacitance C3 models the basi-
lar membrane compliance, that increases exponentially toward the apex of
the cochlea. The variation of C5 must thus span twice the frequency range
of the cochlea, both being expressed logarithmically in decades as shown
in figure 5.27a. As a consequence, the ratio V}, .. /Vx . of pseudo-
transcapacitor’s internal pseudo-voltage limits must be larger than the
square ratio f.(0)?/f.(L)? of the highest and lowest characteristic fre-
quency of the resonators along the cochlea. An additional lower limits
V7 min 18 directly imposed on the resonators’ pseudo-voltage input, that
must ensure a feedback current ¢pp,in = v7%,,;,G* large enough to main-
tain saturated the transistor implementing G* (see paragraph 5.4.1).
The dc input pseudo-voltage V;; modeling the input pressure applied

a) b) x .
(log. scale) , V7 (lin. scale)
Y <A
AV, AV,
= A 26* (X)
A% A
VAVZ - Y -
M Az
A\ 4 l(
0 L

Figure 5.27: Operating range on the entire cochlea.
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on the cochlea must therefore be adjusted such that it ensures the maximal
variation AV of the resonator input pseudo-voltage to not trespass the
limits V, ... (z) and V. (x) all along the cochlea, taking into account
the effect of the systematic and random offset voltage as illustrated in
figure 5.27b. It appears clearly that the range of operation will be imposed
mainly by the characteristic frequency range of the cochlea that is to be
modeled and by the current range available between leakage and strong
inversion limits of the pseudo-transcapacitors.

5.5 Summary

Linear spatio-temporal systems can be emulated by VLSI electronic cir-
cuits working in the log-domain. The linear relationship between voltages
and currents of linear electrical circuits remains unaltered as long as log-
arithmically compressed voltages, called pseudo-voltages, are considered
instead of voltages. In this scheme, a pseudo-conductance can be imple-
mented using a single MOS transistor, whereas a basic circuit, the pseudo-
transcapacitor permits to implement various reactive components working
linearly in the log-domain.

The pseudo-capacitance of the pseudo-transcapacitor circuit can be
controlled exponentially by a voltage that might theoretically set it to
very large values. In practice it will however be limited by leakage cur-
rents, whose effect is similar to a parasitic parallel pseudo-conductance.
According to the polarity of the leakage, this pseudo-conductance may
even be negative. Nevertheless, provided that the leakage currents are
small, large time constants can be implemented without the need of using
just-above-leakage currents to carry the signal in the entire circuit.

The pseudo-transcapacitor circuit has a differential input current but a
single pseudo-voltage output. Differential pseudo-voltage output might be
possible using two pseudo-transcapacitors. Alternatively, a single pseudo-
voltage might control pseudo-conductances of opposite type to generate
differential output current in larger systems. In order to build compact cir-
cuits, however, a class-A implementation was proposed, in which the signal
vary around a dc current set at mid-operating range. In this scheme, the
pseudo-transcapacitor circuit was shown to be perfectly linear for signal
varying by £50% of the dc carrier. The output pseudo-voltage dynamic
range was shown to equal the current dynamic range between leakage and
strong inversion limit.
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The 2-D cochlear model is advantageously emulated in the log-domain
because each pseudo-conductance of the large network modeling the liquid
can be implemented using a single transistor, whereas the basilar mem-
brane is implemented by a 1-D bank of serial resonators, each of them
made from 2 pseudo-transcapacitors. In addition to its compact imple-
mentation, the advantage of the circuit is that it performs linearly within
a large current swing and under low supply voltage.

Each resonator is made equivalent to a serial resistor-capacitor-“super-
capacitor” circuit. Since the log-domain equivalent of these dipoles are
pseudo-grounded, the sum of the pseudo-voltages across them is performed
by converting these voltages into currents, summing them and transform-
ing them back into a pseudo-voltage that is fed back at the input of the
resonator. This feedback loop is susceptible to bring the circuit into in-
stability if the resonator dipoles have values that implement large quality
factors or high characteristic frequencies. The feedback block must be
designed such that the open loop gain including the resonator dipoles en-
sures a sufficient gain margin on the full range of characteristic frequency
and quality factor required to faithfully model the cochlea. Moreover, this
requirement must be fulfilled within the full variation range of operating
point, that vary along the cochlea due to resonators offset currents injected
in the pseudo-resistive network.

For a given network sheet pseudo-resistance, the offset pseudo-voltage
at the resonator input normalised to its offset current was shown to be
proportional to the spatial resolution of the resonator bank modeling the
continuous basilar membrane and to the equivalent longitudinal pseudo-
resistance of the network (between base and apex). However, for a given
resonator pseudo-resistance (that scales with its offset current), the model
requires a network sheet pseudo-resistance that is inversely proportional
to this longitudinal resolution, resulting in a pseudo-voltage offset that de-
pends only on the longitudinal pseudo-resistance of the network, indepen-
dently from its spatial quantisation. Moreover, the pseudo-voltage offset
due to random variations of the resonator current offset even decreases
with the square root of the longitudinal resolution.

The noise generated by the log-domain components was analysed in
order to estimate the dynamic range that may be expected from the elec-
tronic implementation of the 2-D cochlear model. At the level of a single
pseudo-transcapacitor, the output noise power cannot be integrated on the
full frequency range due to the pure integration performed by the circuit
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and to the noise source in its output follower. As for the resonator, a sim-
ple linear noise model was proposed that consists of a white noise current,
source in parallel with each of its log-domain components. The output dy-
namic range of the pseudo-voltage across the resonator’s pseudo-capacitor
was estimated to about 40dB on a single resonator.

Each network pseudo-conductance is itself noisy. The effect of all noise
sources in the resistive network and the resonator bank is not straight-
forward to estimate analytically. Thanks to the linearity of the system,
this analysis might be simplified using an equivalent network of pseudo-
resistance, each of them linking a pair of resonators or a resonator with the
network input node. This pseudo-resistance was shown to present a fast
exponential increase with the distance between resonators. This means
that a reduced number of resonators are effectively coupled, facilitating so
the estimation of their performance.

Finally it must be pointed out that the cochlear model to be emulated
has characteristic frequencies that spans several decades. This parameter
is supported by the exponentially varying stiffness of the basilar mem-
brane, that must span twice this range, expressed logarithmically. Its
electronic implementation should therefore be able to support such a vari-
ation, which is determined by the available current range within which the
pseudo-transcapacitors function correctly (if the integrated capacitor are
identical for all resonators). Such current range is restricted between the
level of leakage current and the limit of strong inversion of the transistors
beyond which the log-domain is left.
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6.1 Original results

Two analogue VLSI cochlear models were investigated in this thesis. The
first one focuses on an efferent gain control system added to an existing
analogue VLSI cochlear model. The original contribution of the present
work resides in the proposed architecture rather than in its physical imple-
mentation, except for the circuits developed for the gain control block. A
working chip proved the validity of the gain control mechanism proposed
in this thesis.

As for the second model, an original low-power analogue VLSI circuit
was proposed to efficiently emulate the 2-D hydrodynamics of the cochlea.
The novelty brought by this work thus mainly concerns implementation as-
pects. Specifically, a framework was proposed to implement linear spatio-
temporal processing in the log-domain. Such implementations exploit the
exponential relationship between the voltage at the channel terminals of
the transistor in weak inversion and its channel current.

This chapter summarises and discusses the results obtained from this
research and suggests further exploration as well as potential applications.

6.2 Cochlear models

6.2.1 Active cochlea

The active cochlea proposed in chapter 3 is based on the well-known filter
cascade proposed by Lyon and Mead [34]. The novelty proposed in the
present work resides in a simple scheme for controlling the transduction
gain of the cochlea between acoustical pressure and its neural representa-
tion on the auditory nerve.

This control loop postulates efferences originating from higher levels of
neural processing in the biological cochlea. The simplest form of such a
processing is hypothesised to yield a spatial distribution of mean spiking
rate coding tonotopically the envelopes of the input signal in the different
frequency band filtered by the cochlea. This simple “high-level neural pro-
cessing” already permits to reproduce the sound level compression, tran-
sient enhancement and two-tone suppression measured in live cochleae.

This gain control is performed by modulating the quality factor of the
individual filters, modeling the effect of the cochlea’s outer hair cells. It
is frequency-selective, as a consequence of its local action on a tonotopic
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architecture that maps the frequency components of the signal and the
position along the cascade. The tonotopic gain distribution along the
cochlear filter cascade is opportunistically exploited to efficiently distribute
the gain control signal back to its filters, so that a single low-pass filter
and quality factor control block is required per stage. Such a control
mechanism also reproduces the increased frequency selectivity at low input
level.

However, the model’s frequency selectivity is far from that achieved by
real cochleae. This is an unfortunate intrinsic side-effect of the pseudo-
resonance implemented by the cascade model, that permits high accumu-
lated gains despite the low individual quality factor of its stages. Another
drawback of the cascade structure is that the delay and the accumulated
gain for a given individual quality factor increase with spatial resolution;
similarly, the frequency selectivity for a given accumulated gain diminishes
with resolution. A minimum resolution is however imposed by the need of
overlapping the bumps of the individual filter’s frequency response.

Nevertheless, computer simulations of the model showed that a fre-
quency selective level compression from an 80 dB input dynamic range to
a 30 dB output dynamic range featuring efficient transient enhancement,
could be achieved using this simple and biologically plausible efferent gain
control mechanism.

6.2.2 2-D hydrodynamic model

The second cochlear model analysed in chapter 4 was inspired by the model
proposed by Watts in 1993 [27]. In this approach the hydrodynamics of a
2-D description of the cochlea are emulated by a network of linear electrical
dipoles. Although not analysed in this approach, the quality factor control
loop developed for the cascade model is likely to apply similarly to this
model.

The performance of the model was thoroughly analysed using electrical
simulations of the network of linear dipoles. These simulations showed that
the steep frequency cutoff of about 300 dB per octave measured in the live
cochlea could be reproduced, but that basilar membrane resonators having
a quality factor of about 60 are required. Implementing such a high quality
factor into an analogue VLSI circuit is however somewhat challenging.

Much effort was devoted to mapping the electrical parameters of the
model with realistic physical quantities of the biological cochlea. This anal-
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ysis showed that simplification of the 3-D hydrodynamics of the cochlea
can be properly mapped onto a 2-D description if the equivalent width
of the cochlea (dropped in the dimension reduction) is made smaller than
the physical basilar membrane width, in order to take into account fluid
movement in the missing dimension.

6.3 VLSI implementations

6.3.1 Filter cascade with automatic gain control

The implementation of the filter cascade itself is almost identical to the
voltage-mode implementation proposed in previous work [34, 35]. An im-
provement was brought in an early model by biasing the filters using com-
patible bipolar transistors [37]. The novelty of the design proposed in this
thesis consists of embedding these bipolar transistors within a translinear
loop to control the filter quality factors. In this way, the quality factor con-
trol block can be implemented using just two additional bipolar transistors
per filter.

A careful analysis of the effect of internal noise showed that the noise
accumulates along the cascade at the same rate as the gain, cancelling
the advantage of high accumulated gains. Moreover, in the automatic
gain control scheme the accumulated noise reduces the gain of the cascade
even in absence of input signal, when the gain must be maximal.

Chip measurements confirmed the feasibility of the proposed automatic
gain control mechanism, but the resulting level compression was less im-
pressive than the one theoretically expected and obtained from the com-
puter model. This is mainly due to the accumulated noise and to the
need for setting reduced individual quality factors. The nominal quality
factor must be reduced in order to prevent its variations due to compo-
nent mismatch along the cascade to cause local ringing. Efficient transient
enhancement of speech signals was also difficult to obtain from the chip.
The reason for this is the difficulty in creating time constants large enough
to filter the slow variations of the speech signal envelope using limited-size
integrated capacitors and above-leakage currents.

The fundamental handicap of the cascade model, as of any cascade
structure, is that the performance of the entire system is very sensitive to
the weakness of its individual components. If a single stage is defective,
the rest of the cascade does not work anymore.
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6.3.2 Log-domain spatio-temporal processing

To avoid the shortcomings inherent to the VLSI implementation of a cas-
cade structure, the 2-D model approach was proposed to emulate the
cochlear hydrodynamics in a more collective fashion, thus with a reduced
sensitivity to the imperfections of individual components.

The large resistor network that emulates the cochlear liquid is im-
plemented using pseudo-conductances, each of which consists of a sin-
gle transistor. Pseudo-conductances are equivalent to a linear dissipa-
tive component in the log-domain. The reactive components needed to
model the basilar membrane are based on an original circuit, the pseudo-
transcapacitor, which is linear in the log-domain and fully compatible with
the pseudo-conductances.

The pseudo-transcapacitor circuit, as well as the pseudo-conductance
on which it is based, exploits the exponential control of the transistor
current by its source/drain instead of its gate/bulk. This permits to
express logarithmically compressed voltages as pseudo-voltages that are
linear with respect to currents. The consequence is that the exponen-
tial relationship between voltage and pseudo-voltage is neither affected by
the slope factor nor by the threshold voltage of the transistor, making
it compatible with bipolar log-domain implementations. However, this
eliminates one of the most interesting advantage of current mode imple-
mentation, i.e. the absence of noise at zero-signal. This property does not
apply to pseudo-conductance crossed by a zero-current, because it is even
twice as noisy as it would be if crossed by a current that saturates the
transistor used to implement it.

In the proposed design, the pseudo-transcapacitors work in class A.
The signal is carried by current variations around a non-zero dc value. The
noise at zero-signal can be estimated by linearising the circuit around its
dc operating point. The internal noise of the basilar membrane resonators
can be modeled by adding a white-noise current source in parallel with
each of its log-domain components. Since the same apply to the pseudo-
conductances of the pseudo-resistive network, the noise performance of
the entire circuit can be analysed or simulated within the framework of
linear systems. The dynamic range of a single basilar membrane resonator
output (between noise floor and full operating range) was shown to reach
about 40dB for resonator input pseudo-voltages within its appropriate
operation range.

Interestingly, the pseudo-voltage offset resulting from the dc offset cur-
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rent injected by the resonators into the pseudo-resistive network does not
depend on the number of resonators. This is due to the required scal-
ing between the resonator pseudo-conductance per unit basilar membrane
length and the sheet pseudo-conductance of the pseudo-resistive network:
increasing the number of resonators having a given pseudo-conductance
increases the total current offset, but it also requires to proportionally
decrease the network sheet resistance. The effect of random offset vari-
ations (that can be important in weak inversion implementations) even
diminishes with spatial resolution. This illustrates the positive effect of
the collective behaviour of a large number of processing units.

Theoretically, the pseudo-capacitances can be set to very large values
to implement large time constants, but in practice their performance will
be limited by leakage currents. However, the current carrying the signal
can be much larger than the leakage current. A circuit implementing large
time constants need to be designed only very locally for very low signal
current.

The resonator quality factor is limited by the performance of its feed-
back loop, which must ensure a gain margin large enough over the full
range of characteristic frequencies and quality factors (up to 60!) required
for the ideal resonators. It is expected, however, that the risk that an
individual resonator becomes unstable due to random performance vari-
ation of its feedback loop is likely to be reduced by the coupling with
neighbouring resonators through the resistive network.

The design of the electronic model is facilitated if spatially varying
characteristics depend on few parameters, preferably electrical rather than
geometrical for the sake of flexibility. In the proposed log-domain imple-
mentation, the characteristic frequency (which spans nearly three decades
in the biological cochlea), is controlled by a single pseudo-capacitance,
which should therefore span 6 decades to cover the same range. Although
this pseudo-capacitance can be controlled exponentially by a linear volt-
age tilt, it was shown that the dynamic pseudo-voltage range at the out-
put of the pseudo-capacitor is equal to the dynamic range of the pseudo-
capacitance it implements. However, the pseudo-voltage dynamic range
corresponds to the available current dynamic range between leakage and
strong inversion limits, which hardly spans more than 3 decades.
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6.3.3 Analogue VLSI vs. biology

The drawback of both implementations, which is common to all analogue
continuous-time VLSI circuit, resides in the difficulty of implementing
very-large time constant, high quality factors, and parameters that vary
over several decades while allowing large signal dynamic range within the
full range of parameters. How does the biological cochlea do it so well...?

As for the large time constants and quality factors, the reason lies in
inherent differences between the substrates. Physiological and biomechan-
ical processing are much slower than their electronic counterpart due to
the large mechanical and electrochemical time constants. Biomechanical
passive spring-mass resonators can have high quality factors at low losses:
they are sure to be stable since the losses stay positive. In analogue VLSI,
the necessity to use active feedback circuitry to implement resonators ex-
cludes large quality factors: the inherent mismatches that deteriorate this
feedback loop might bring the system into instability. In fact, it has been
shown that in the biological cochlea active feedback brings it occasionally
into instability. It is surmised that the components of its active feedback
loop are finely tuned during the morphogenesis.

The design of an electronic circuit having spatially varying character-
istics is simplified if it can be implemented on a regular structure, whose
local characteristics are controlled by a small number of electrical param-
eters. On the contrary, the morphogenesis of a live system allows it to
locally tune many of its parameters in order to make it function properly
on a wide range of characteristics.

As for the very large signal dynamic range, mechanical processes are
submitted to the same constraint of thermal noise as electronic circuits.
It is probable that higher levels of neural processing deal with signals
drowned out by noise, which would extent the effective dynamic range by
tolerating signal /noise ratios lower than unity.

It is often argued that since both biological structure and analogue
electronics share the same imperfections (low precision, nonlinearity and
noise), the latter is an ideal medium to emulate the former. Several objec-
tions to this belief emerged during this research. First, biological elements
are not imprecise, because they are tuned by morphogenesis, learning and
short-time adaptation to ideally fulfill their task. As for nonlinearities, the
nonlinear behaviour of perceptive sensors is not necessarily caused by the
nonlinearities of its processing elements. This is true for the cochlea, whose
compressive nonlinearity is mainly performed by controlling the damping
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of linear filters.

The design of a faithful model of the cochlea therefore requires building
blocks that are linear over a large signal range, which is still challenging
for low-power continuous-time analogue VLSI circuits. The log-domain
design proposed in this thesis is a promising attempt to reach this goal.

Analogue VLSI is perhaps not the ideal medium to faithfully model the
cochlea. However, trying to understand the cochlea using analogue VLSI
implementations appears to be a rich source of inspiration for developing
novel engineering techniques for low power analogue VLSI circuits. As an
example drawn from this work, the frequency behaviour of the cochlea was
shown to rely on two-dimensional movements of the cochlear liquids. This
suggests novel temporal filtering techniques that exploits both temporal
and spatial processing, and are performed collectively by a large number
of elements.

On the other hand, in applications where an efficient, continuous- and
real-time, low-power and low-voltage emulation of the cochlea is needed,
analogue VLSI is still the ideal candidate.

6.4 Future work and applications

Modeling an active cochlea was prompted by problems encountered in de-
veloping a system that exploits cochlear delay to perform continuous-time
predictive filtering of speech signal for recognition [4, 5]. It was expected
that an active cochlea that could perform enhancement of transients could
segment the speech signal efficiently into relevant stationary portions of
speech. This approach, left on standby in order to develop the cochlear
models, remains to be pursued.

The development of the log-domain implementation was undertaken
too late in this research to integrate and measure a chip. Instead, a careful
analysis of the proposed design has shown its feasibility, while relentlessly
tracking its potential problems and limitations. The next immediate step
is therefore to integrate a pseudo-transcapacitor in order to measure its
performance. The same applies to the log-domain 2-D model of the cochlea
or at least a reduced part of it. The possibility to improve the log-domain
2-D cochlea with an efferent gain control mechanism may be envisaged in
a next version.

More elaborate spatial processing can be performed in the feedback
loop that models higher levels of neural processing in the efferent control
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mechanism. As an example, lateral inhibition performed in the feedback
block might yield improved spectral selectivity. Such structure would be
similar to the neural “second filter” postulated to explain the sharp tuning
measured on the auditory nerve before the discovery of the role of the outer
hair cells. The effect of such neural filtering would be measurable at the
level of basilar membrane vibrations, since it is included in the gain control
loop.

Similarly, the potential of spatio-temporal processing for temporal fil-
tering, as performed by the cochlear hydrodynamics, can be analysed fur-
ther, in a more general approach. Such spatio-temporal processing is a
good application for analogue VLSI log-domain implementation, in which
the concepts of pseudo-conductances in weak inversion and log-domain
filters are unified in a common “pseudo-linear” framework.

As for applications, the main advantages of analogue VLSI cochlear
models, mentioned all along this thesis, makes them the ideal candi-
dates for any auditory-like processing system that requires real-time, low
power consumption and small volume. Applications that come directly to
mind are single-chip models of larger portions of the auditory pathway,
sound/speech preprocessing for portable systems dedicated to classifica-
tion/recognition, hearing aids and cochlear implants.
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APPENDIX A. MATHEMATICAL DERIVATIONS

A.1 Noise accumulated in the cochlear filter
cascade

According to the diagram of a noisy filter stage in figure A.1, the transfer
functions between the voltages vn-1, vnr2 and vyg generated by the in-
put noise resistances Ry, and Ryg of the OTAs ¢,,, and gm¢g, and the
voltages v, and vg are given by:
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Figure A.1: Noisy cochlear filter cascade
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where H (s) = 1/(s%72 +s7/Q + 1) is the transfer function of the cochlear
filter having a time constant 7 = C;/gn,- and a quality factor Q = 2 —

ImQ /gmr-
The power spectral density (psd) s, of the noise at the output v, of a

single stage is given by the sum of the noise psd sy = 4kpT Ry generated
by each of its noise resistance Ry and multiplied by the power transfer
function between the noise resistance and this output, which results in

sy = |HG)? [sne+sne2l|1/Q — 1+ s7°
+sng 12— 1/Q°| .
(A7)

Using the noise resistances as defined in section 3.4.7, the noise psd
they generate is split into a thermal component

kT 2 v,
S7r1 = S7r2 = 4kpT Ry, = g - 7; : (A.8)
kT 2 ~vpr 1
STQ = 4kBTRTQ = CB' ; 7; 9 _ 1 (Ag)
T C Q

where f. = 1/2n7 is the cutoff frequency of the filter, and a flicker com-
ponent

kT 2 v,
Spr1 = Spr2 = 4kpTRp, = %;7; ; (A.10)
F
kgT 2
spo = 4kpTRpo = CLF%WTQ' (A.11)

Since sT = jwt = jf/f., introducing equations (A.8) to (A.11) into
equation (A.7) yields s, = sy + SFy, Where

st B 21 : 2
I@T;CT = PT(Q);—CHH(Jf/fc)II
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is the thermal component normalised to kT /C" and
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is the flicker component normalised to kgT/Cp. The factors

Pr(@Q = re [1+(1/Q - 1)7]

+ e (2-1/Q), (A.14)
Pe(@Q = e [1+(1/Q-1)

+ rq(2-1/Q)° (A.15)

group the noise factors of the OTAs and depend on the quality factor of
the filter.

The thermal component st (k,d) and the flicker component sg(k, d) of
the noise psd at the differentiated output vp(k) of a stage k due to the
internal noise of a stage k — d is obtained by multiplying the output noise
psd s, of the stage k—d by the power transfer function Hf:k_dﬂ | H; (s)]?

of the stages k —d + 1 to k and the power transfer function || Dy (s)||* =
(27 fr)? = (f/f.(k))? of the differentiator of the stage k. Normalising the
frequency f to the cutoff frequency f.(k) of the stage k with Q = f/f.(k),
and exploiting the exponential decrease of the cutoff frequencies along the
cascade expressed by f.(k)/f.(k —d) = 27 yields:

sr(k,d) 2-d/bg
— 2 = TIr Hi(
e @ s :;[dn ()7 0
2—3d/b2 k-
fe( I=k—d
sp(k,d) 1 2 £
kBT/CF B FF(Q) c(k) ;l ‘;[d HHl
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where H; () is defined by equation (3.16) in section 3.2.5. The correspond-
ing thermal and flicker noise powers V2(k,d) and VZ(k,d) are calculated
by integrating equations (A.16) and (A.17) over frequency f = f.(k)Q
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(A.19)

Equations (A.18) and (A.19) do not apply for d = 0 because the differ-
entiator Dg(s) is embedded in the filter of the stage k. The noise power
at the differentiated output vp of a stage caused by its own internal noise
must be calculated separately, starting from equations (A.1) to (A.6) to
calculate the noise psd at the output vp = vg — v,. Since the internal
noise sources are not correlated, the output noise psds s, and sg add.
With s, given by equation (A.7) and s¢ calculated similarly,

s = NHGI® |snen 1+ s7]” + svr2 11/Q - 2|
+sng [|(1+57)(2 - 1/Q)|
(A.20)
the noise psd at the differentiated output vp becomes
sp o= [HG)I* |[sva(l+][1+s7])

v (1/Q — 1+ s7” + [1/Q = 2IP°)
+sna(L+ 1+ s7%) |12 = 1/QI]



176 APPENDIX A. MATHEMATICAL DERIVATIONS

(A.21)

Separating again sp into a thermal component syp and a flicker com-
ponents spp using equation (A.8) to (A.11) and using the normalised
frequency Q = f/f.(k) results in

STD 2 1 2
e = Tmoi@ s 1H@)
2 1 2
+ Proa( QL IH @I, (A.22)
SFD 2 1 2
m = FFDl(Q);QfC(k) | H(Q)]|
2 Q 2
+ Tepa(@) L IH @I, (A.23)
where
Prov@ = 9rr |2+ (1/Q 1% +(1/Q -2
+ 29rq (2-1/Q), (A.24)
Irp2(Q) = 2y +7yrg (2—-1/Q), (A.25)
Cepi(@) = rr [2+(1/Q = 1) +(1/Q -2
+ 297 (2-1/Q)7, (A.26)
Tep2(Q) = 2vrr 4710 (2-1/Q)°. (A.27)

Finally, the thermal and flicker noise power V7, and V2, at the differ-
entiated output vp of each stage due to its own internal noise sources is
obtained by integrating syp and spp over frequency f = Qf.:

2 o0
e = D@2 [ @) i
£ Q2 [ E@Pae (a)
Vip 2 [ |H®)
kgT/Cr FFDl(Q); /0 Q *

+ Te(@2 [CQIH@IPd. (a20)
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Because ||H (Q)||? is a second-order low-pass function, both integrals in
equations (A.18), (A.19) and (A.28), as well as the integral of the second
term of equation (A.29) converge. However, due to its 1/ factor, the
integral of the first term of equation (A.29) diverges if integrated from
2 =0 . This integral can be approximated by replacing its lower limit by
Q1. With Q; small enough to assume ||H(£1)]|?> = 1, this approximation

can be compensated by adding félol dQ/Q = In(Q;/Q), where g can
be as small as required by the accuracy of the approximation, which is
practically determined by the observation window used for measuring the
noise.

A.2 Finite difference approximation of the
Laplace equation implemented with a
resistive network

The two-dimensional Laplacian of a function V' (z,y) is given by
FV(ry)  OV(zy)

Ox2 oy2
The finite difference approximation of the Laplacian is obtained by locally
approximating the function V (z,y) with a second-order function V' (z,y):

AV (z,y) = (A.30)

V(z,y) = azx® + ayy® + azyry + bpx + byy + c. (A.31)

The function V is sampled spatially at coordinate z = A, and y = JAy,
which yields the values V; ;, Vi_1 j, Vit1,4, Vi j—1,and V; ;41 at the sampled
position (A, jA,) and its four neighbours. Expressing these five values
using equation (A.31) allows one to extract,

‘/;_1’]. + ‘/i‘i‘laj - 2‘/%]

20, = Az : (A.32)
Vi1 + Vigi1 — 2Viy
2a, = —22 A%* L (A.33)

The Laplacian of V is thus approximated by

AV (iAg,jA,) = 2a, + 2a, = (A.34)
Vievg tVier; —2Viy | Vij—1 4+ Vije1 —2Vi

A2 " A2 |
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Similarly, the gradient of the function V (z,y) is approximated by

OV (z,y) ; ;
- , e 20,10, + azyjA, + b
_ Oz — & z ry Y z
grad V (iA;,jA,) = [ v (z,y) ] - [ 2a,JAy + azyiAy +by |
dy

(A.35)
where both components may also be expressed using the values of V at
position (1A, jA,) and its neighbours:

Vij—Vic1; +az A2

20,10, + agyjAy + by, = A : (A.36)
Vii—Vii1+a,A2
205y + zyilds +by = T LYY (A3Y)
Yy

thus yielding, using equations (A.32) and (A.33)

Vit = Vie1j
= : 2A
grad V (iA;, jA,) = Vit _ﬁ/;,j_l (A.38)
27,

To solve the Laplace equation AV = 0, boundary conditions are re-
quired. For simplification we will consider only boundaries (xp, ys) super-
imposed on the grid, i.e. defined by (zp = iA,, yp = NA,) for a boundary
parallel to the z-axis at y, = NA, and by (z, = MA;,yp = jA,) for a
boundary parallel to the y-axis at x, = M A,. The boundary conditions
may be expressed by imposing the value V;, ;, of the function V at po-
sitions (ipA4, jpAy) sampled on the boundary (xp,ys). Alternatively, the
gradient of the function V perpendicular to the boundary may be imposed.
The component 0,V je, of grad V is imposed at position (MA,, JAy)
on a boundary parallel to the y-axis. Similarly, the component 9,V; ne,
of grad V is imposed at position (A,, NA,) on a boundary parallel to the
z-axis. The unit vectors e, and e, are defined positively when pointing
outside the boundary and the notations 0, , represent the partial differ-
entiation operators 0/0z,y. The gradient expressed by equations (A.35),
(A.36) and (A.37) allows one to calculate the parameters a, at a boundary
position (MA,,jA,):

B 8;15‘/']\/‘[,]'Aac + VM_1,J' — VM,]'
— A% :

(A.39)

Ay
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and a, at a boundary position (iA;, NA,):

_OViNAy+ Vi1 —VinN
— AZ ,

ay (A.40)

The approximation of the Laplacian Af/(w,y) = 2a, + 2b, also applies
at the boundaries, with a, given by equation (A.39) and a, by equa-
tion (A.33) at the boundary position (MA,, jA,):

o . VM—l,' - VM,' + axVM,Aa:
AV(MA,,jA,) = 2 = J

Vm,j—1+ Vi jv1 — 2V
A2 ’
y

+

(A.41)

and inversely with a, given by equation (A.32) and a, by equation (A.40)
at the boundary position (1A,, NA,):

~ i— i —2V;
AV (iA,,NA,) = Y 1’N+VA+21’N Vi,n

Vin—1 = Vin +0,VinA,
Ag '

+ 2

(A.42)

In a resistive sheet, the potential V (z,y) obeys the Laplace equation
AV (z,y) = 0. The surface current density J(z,y) is given by the conduc-
tion equation

J(z,y) = —o(z,y)grad V(z,y), (A.43)

where o(z,y) is the sheet conductivity of the resistive sheet. Modeling
the resistive sheet by a network of resistors arranged on a rectangular
grid is equivalent to performing a finite-difference approximation of the
Laplace equation of the resistive sheet. FEach node (i, j) sampled at po-
sition (iA;,jA,) on the resistive sheet is connected to its neighbouring
nodes (i — 1,7) and (i,j — 1) by resistors R;(4,7) and R,(%,7), respec-
tively.

Kirchoff law states that currents flowing into any nodes (i, j) sum to
zero, thus, for a node within the resistive sheet:

Vieng =Vij Vi = Vig | Vg = Vi | Vija = Vi

R, (4,7) R,(i+1,7) R, (i,7) R,(i,j+ 1) =0. (A.44)
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If Ry(4,j) = Ry(i+1,7) and Ry(¢,7) = Ry(i,j + 1) may be assumed,
equation (A.44) corresponds to the finite difference of the Laplace equation
AV (z,y) = 0 where AV (z,y) is given by equation (A.38), provided that

Ay A
Aw AR

The current flowing in the four resistors R, (7,j), Rz(i+1,7), Ry(4,7)
and R, (i,j+ 1) connecting the node (i, j) corresponds to the current den-
sity J(z,y) = [J(z,v), J,(z,y)]T in the resistive sheet. Both components
of J(x = iA,,y = jA,) are estimated by averaging the current flowing in
the resistors neighbouring the node (i, j), i.e. in R,(i,7) and R, (i + 1, )
for the component J, and in R, (7, j) and R, (4, j+1) for the component .J,,.
This average current at node (4, j) is thus expressed by a current vector

Vi 1,9_ w VJ_‘/H‘L]

[ L(i, ) ] =2 | v lz ]2/ , @_+21J1)1 , (A.46)
R, (i, j) R y(4, 7 +1)

L = R(i, ). (A.45)

Ry (i,§)—— )Ay

where the current components I, (¢, j) and I, (7, j) are defined to be positive
in the direction of growing ¢ and j. Assuming again R, (i,j) = R.(i +
1,7) and Ry (i,j) = Ry(i,7 + 1), equation (A.46) can be rewritten, using
equation (A.45):

I.(i,7) Vivr,j —Vicy,
.. A . 2A
_R(Z,]) Iy(l?j) = V;,j—i—l _xvz',j—l y (A47)
A, 27,

The right-hand side of equation (A.47) corresponds to the finite differ-
ence approximation of the potential gradient grad V (z,y) given in equa-
tion (A.38). Therefore, the conduction equation A.43 may be implemented
by the resistor network using the following correspondences:

1 A
,7) = — A4
) 1 A
Ry(%]) — O’(.’B y) A—y, (A.49)
I.(i,7) = AyJy (’iAx,jAy), (A.50)

Iy(iuj) - Awa(ZA:ca]Ay) (A'51)
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These correspondences are valid inside the resistive sheet. They must
now be determined at the boundaries of the resistive sheet, which depends
on the nature of the boundary conditions. These can either consist of an
imposed voltage V (xp,yp), or a voltage gradient grad V (zp,yp) imposed
by a current density J(zp, yp)-

Each node (i, N) following a boundary (x, = iA;,yp = NA,) is con-
nected to three resistors, namely R, (i,N), R;(i + 1,N) and Ry(i, N).
Similarly, each node (M, j) following a boundary (x, = M A,y = jA,)
is connected to the resistors R, (M,j), Ry(M,j + 1) and R, (M,j). If
voltages V; y and V;_; n (or Vs ; and Vi ;1) are imposed as a bound-
ary condition on two successive nodes, the resistor R, (i, N) (or Ry (M, 7))
between these nodes is irrelevant, because it only affects the current flow-
ing through it. This current is provided by the voltage source imposing
Vin — Vicin (or Viri — Vari—1) and does not affect the voltages and
currents elsewhere in the network. A constant voltage is usually imposed
on a portion of the boundary by connecting the corresponding edge of
the resistive sheet using a metallic contact. In the corresponding resistive
network, this is equivalent to shorting out all the resistors following the
boundary on which such condition apply, as shown in figure A.2b at the
boundary (zp = 0,y = jA,).

The current density Jy(xp,ys) or Jy(zsp,ys) flowing out the resistive
sheet perpendicular to a boundary (z, = MAg,yp = jA,) or (xp =
iAz,yp = NA,) is modeled in the resistive sheet by the current I, (M, j)
or I, (i, N) flowing out of the boundary node (M, j) or (i, N). Assuming
again R,(M,j) = R,(M,j+ 1) and R,(i,N) = R,(i + 1, N), Kirchoff’s
law yields

Vir—1,; — Vm,j — Ro(M, §)1,(M, 7)
VM,j—l + VM,j—H — QVM,]'
Ry(Maj) ,
Vici,n +Vigin — 2V N
R.(i,N)
Vin—1 — Vin — Ry(i, N)I, (i, N)
Ry(i,N) '

(A.52)

_|_

(A.53)

Comparing equations (A.52) and (A.53) with equations (A.41) and (A.42),
in which the left-hand side AV (z, y) equals zero because the Laplace equa-
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tion is valid at the boundary and where the conduction equation imposes

0V, = , A.54
s 7(.9) A5
Jy(iAz, NA,)
0, Vi e AL L A.55
) aN O_(x, y) ( )
results in the following correspondences:
1 A
R,(M,j) = —, A.56
(M) = s (A.56)
2
M,j) = — A.
Ry( 7.7) O'(IB,y) A:{:, ( 57)
I.(M,5) = AyJ,(MA;, jA,), (A.58)
2 A
R.(:,N) = - A.59
(i, N) @) A, (A.59)
1 A
,N) = Y A.
Ry (i, N) o(ry) A (A.60)
I,(i,N) = AyJy(iAz, NA). (A.61)

Comparing equations (A.57) and (A.59) with equations (A.49) and (A.48),
it appears that the resistors following the boundaries are twice large as they
would be if they were within the network. This is explained by the fact
that the resistive path from two positions well inside the resistive sheet
spreads symmetrically around the median line joining these two points.
On the edge of the resistive sheet, however, the resistive path can only
spread inside the sheet, reducing the width of the path by a factor of two
and thus increasing its resistance by the same ratio (see figure A.2a).

Another case of boundary conditions is possible, which consists of a
boundary connected to a grounded admittance per unit length Y/ (zy, yp).
This admittance imposes a current density J(zp,ys) = Y (25, ys)V (25, Yp)
normal to the boundary. The effect of such an admittance following the
boundary (z = iA;,0) is presented here. The current density J,(iA,,0)
flowing out of the resistive sheet perpendicular to this boundary imposes
a voltage gradient

-Aﬂ'}’ Y, 'A:E)
8,V (i, 0) — ~ Jy(iAg,0) _ (1A, 0)

() ooy o (A0
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In the resistor network, the admittance per unit length Y’ (iA,, 0) is quan-
tised to an admittance Y (¢,0) connecting the node (4,0) to ground. The
other resistors connecting the node (¢,0) to the nodes (i — 1,0), (i + 1,0)
and (4, 1) are named following the usual notation R, (7,0), R,(i+1,0) and
R, (i,1), respectively. Again, R, (i,0) = R, (i+1,0) is assumed. Kirchoff’s
law applied at node (7,0) gives

Vici,0 +Vig1,0 — 2Vipo
R, (i,0)
Vil — 1+ Ry(i, 0)Y (3, 0)]‘/;,0
R, (i,1) '

(A.63)

Comparing the right-hand sides of equation (A.63) and equation (A.42), in
which the indices N and N —1 corresponding to the boundary (¢A,, NA,)
are replaced by their equivalent indices 0 and 1 of the boundary (iA,,0),
and using equation (A.62) yields the correspondences

R.(i,0) = U(Ey)i—i’ (A.64)
Ry(i,1) = 0_(; y)i—z, (A.65)
Y(i,0) = A,Y'(iA,,0). (A.66)

It is important to note that in order to establish the exact correspon-
dence between the resistive network and the resistive sheet we had to
assume R, (i,7) = Ry (i +1,7) and Ry(4,7) = Ry (4,75 + 1), which can only
be respected using a resistive sheet having a homogeneous conductivity
o(z,y) = o. However the error made by using an inhomogeneous con-
ductivity will depend on the differences between neighbouring resistances,
which may be made as small as required by decreasing the grid size. At a
given grid size, this error is minimised if each resistor R, (7, j) and R (1, j)
which connect the node pairs (i — 1,5) — (¢,5) and (¢,5 — 1) — (4, ) corre-
sponds to the local conductivities between the positions of the node pairs,
ie. o(x=(i—0.5)A,,y=jAy) and o(x = iA,,y = (j — 0.5)A,).

The values of the dipoles and boundary currents of the network of
figure A.2b which quantise the inhomogeneous resistive sheet with the
boundary conditions shown in figure A.2a are summarised in table A.1.
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a) Ay b) 4]
resistive paths
I(AxNAY) V(iAxNAy) Rx(i,j)) Rx(i,N) ly(i,N) ViN Ry(i,N)
NAy — ! ] o N -
............................... L Rx(M,])
(iAx,jAy) V(MAX jAy) i FE*Vi,jF§4 i WM,j
......... TiMAXjAY) M T > (M)
v S 2 S A
............................... [P, ot JET Jay T Ry(i,))
R
: = %S T
metaﬁ)ic contact Y’(iAx,0) § ﬂ e s s .

Rx(i,0) Y(i,0) Vi,o Ry(i,1)

Figure A.2: a) resistive sheet and its boundary conditions; spatial quanti-
sation by a network of resistors.

A.3 Green’s function in a 2-D resistive sheet

The Green’s function G(z1, x2) used in [24] establishes the relationship be-
tween the infinitesimal force per unit length dF’(x1) applied on the basilar
membrane at position z; due to the acceleration a(z2) of an infinitesimal
basilar membrane segment of length dzo at position x5, provided it moves
alone:

dF(z1) = a(x2)G(x1, z2) dzo. (A.67)

The infinitesimal force per unit length dF(z1) is given by the difference of
the infinitesimal pressures dPgps(x1) in the scala media and dPsr(z1) in
the scala tympani multiplied by the width w(x;) of the basilar membrane
segment, thus

[dPsar(x1) — dPsp(z1)|w(z1) = a(z2)G (21, x2) dxs. (A.68)

The Laplace equation and its boundary conditions states that the pressure
difference between two positions x, and x; along the basilar membrane and
caused by the acceleration of the basilar membrane at position x5, can
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i A
O-([l T %]A:caJAy) ﬁy
Ry(i,5) = — : Y
’ o(iAg, [J — %]Ay) Ag
i A
Rx Ma ) = X ol
(M,7) o0 = HAriB) By
R.(M. i) = y
vOLD) = AL = 11a,) A,
Iw(MaJ)_AyJw(MAwaJAy)
5 A,
R, -aN -
(i, ) o(fi — 1A., NA,) A,
1 A
R.(i. N) = y
y(:N) o(ig, [N — 3A,) A,
I,(i,N) = A J, (iA,, NA,)
5 A
R (i,0) = i
([’L _1%]A:Ea 0) Ay
R, (i,1) = y
y(0: 1) o (idg, 10,) A,
Y (i,0) = A, Y (iA,, 0)

Table A.1: Correspondences between resistive sheet parameters and resis-
tive network parameters.

be calculated by integrating the acceleration along the curvilinear axis
[(x, z2) following any acceleration flow line in the liquid resulting from the
acceleration imposed at xs:

=y

Plza) — P(zy) = / pa(2)di(z, 7). (A.69)

T=x,

The curvilinear axis I(x, x2) is always orthogonal to equipressure surfaces
S(z,z2) in the liquid, and the acceleration flow integrated over these sur-
faces is constant all along [(x,x3), in particular at coordinate zo where
the basilar membrane segment of area dxow(zs) imposes the acceleration
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a(zs):
a(z)S(z,z2) = a(z2)w(ze2) dzso. (A.70)

Equation (A.69) can thus be rewritten

AP(2) — dP(zy) = a(w2)w(ws) dzs / p%. (AT1)

The infinitesimal pressure difference across the basilar membrane at posi-
tion 21 becomes thus:

dPspi (1) — dPst(x1) = a(z2)w(z2)pg(x1, 22) dzo, (A.72)
where
T=xp T=T1
dlsgn(z, x2) dlsT(z,x2)
T1,T2) = ——— 7 =7 ——- =L A.73
g, z2) Ssn(z, z2) Ssy(z, z2) (A.73)
Tr=x1 T=TIh

integrates the inverse of the equipressure surfaces Spas(x,z2) from zq
to the helicotrema at xj along the curvilinear coordinate dlgys(z,z2) in
the scala media, and then integrates similarly digr(z,z2)/Ssr(z,x2) in
the scala tympani, back from x;, to z;. If the cochlea has a longitudi-
nal symmetry, Ssar(z,z2) = Som(x,z2) = S(z,22) and digy (z,z2) =
—dlgn (x,x2) = dl(z, x2) simplifies equation (A.73) into
=z
dl(z, z2)
S(.’B, .’172) -

r==I1

g(z1,w2) =2 (A.74)

Comparing equations (A.68) and (A.72) allows one to express the Green’s
function by:

G(z1,x2) = w(zy)w(ze)pg(T1, T2). (A.75)

The function g(z1, z2) is obtained from the 3-D geometry of the cochlear
duct. In order to map it on a 2-D resistive sheet, equation (A.74) is rewrit-

ten:
T=Th

oo = [ 2pu) 72— (A76)

=1
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where the 2-D projection of the equipressure surfaces S(z,x2) become
equipressure contour L(x,zs) = S(z, z2)/w(z), assuming that the width of
the duct is equal to the basilar membrane width and that the liquid mowves
uniformly all along this width. Assuming in addition that the width does
not change enough from x; to zp to use w(z) = w(xy) allow to remove
the term 1/w(x)? from the integral, thus:

pw(z1)2g(z1,z2) = / pr(x)%. (A.77)

Using the analogy between the liquid density p and the sheet conductance
o of the resistive sheet given by equation (4.24) yields

r—x

h
F 1di(z,x
FouoPataa) = [ ZFE (AT8)
T=x1

whose right-hand side corresponds to the equivalent resistance Rg (1, z2)
of the resistive sheet which relates the current I(x5) = J(x2)dzs injected
at position zy along the basilar membrane edge and the voltage V(z1)
measured at position zj.

The Green’s function used in [24, 47] are computed from the func-
tion g(x), z5) where the positions are given relative to the cochlea length.
The nodes 7; and i5 at which the voltage is measured and the current
injected corresponds thus to relative positions | = i; /M and z}, = iy /M,
respectively. Moreover, it is important to note that the effective basilar
membrane widths used in [24, 47] to compute the Green’s function have
half their geometric values in order to take into account the bending of the
basilar membrane along its width. The equivalent resistances Rg (i1, i2)
that should be measured on the network to yield the Green’s function used
in [24, 47] is finally expressed by:

ﬂ w(zle)Q

RG(21)22) — FJ A

pg(i1/M,iz/M), (A.79)
where
olah o) = {

according to [47], p. 2254.

(1.08 — 0.2z, — 0.8825%) - 10°m~! : b > )

A.80
1.08 — 0.2z — 0.882,%) - 10°m~! : 2, <2/ ’ ( )
1 1 2 1
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A.4 Basilar membrane resonator noise

A.4.1 Integrator

The equivalent noise sources of the log-domain basilar membrane resonator
are estimated using the diagram of figure 5.17. The log-domain integrators
Cf o — Gi o with their input current sinking transistors 77 13 and output
unloading mirrors Ty 15-133 39-134,42-132, 49 are replaced by their linearised
noisy equivalents. The output vgeu: is determined from the resulting lin-
earised diagram of figure A.3:

9mo
VGout = ve A .81
o (gm3 - gm4) + gmogm?)/ng ( )

1

(gm3 - gm4) + gmogm3/932

gﬁ(iNE) —ing) + Jmo IN2 — <1 + gmo) IN3 + N4+ INo
dmé gs2 gs2

_|_

Transistors T5 to Tg are all in weak inversion and they are crossed by
the same dc current [; their corresponding transconductances are thus
all equal, gm2 = gm3 = gma = Ims = gme = I/nUr and gs2 = ngm2,
simplifying equation (A.81) into

VGout = MNUC (A.82)

+ IN5 — IN6 T Jmo IN2 — <1+ Jmo )iN3+iN4+iNo :
gmo nNGgm3
where n is the slope factor, assumed identical for all transistors.

The output noise power spectral density (psd) is calculated by replacing
the uncorrelated noise currents +in; by their psd +s7; and squaring all
gains between them and the output. Since all transistors are saturated
and in weak inversion, their noise current psd is given by s;; = 2¢.I =
2kgTng,,;. The psd sy, of the noise source iy, is twice this value since
it corresponds to the output follower-shifter of the pseudo-transcapacitor,
made from the two transistors crossed by the same bias current I,,~. Both
are also assumed here in weak inversion, thus sy, = 2qcIspc = 4kpTngmo-
The output noise psd becomes

4kgT
SV Gout — nQSVC + 7outgia (A83)
s2
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\'A b) -

Vo 9m6
$| c* i o Oma4
: \ v
i Os2 Gout
_ VGout G| Ve | No _ > O
| T | * Nln__ N5
b oy T, o0 o'is
1 |0 5 VGin IN1 *g g *
\ m3 Ym5

Figure A.3: a) Log-domain integrator and b) its noisy small signal equivalent

where the noise factor

2
Yout =N [2 <g—2> +(1+n)L2 11

A.84
ng ng ( )

depends on the ratio between the dc output current I and the follower-
shifter bias current I;,¢ since gso/gmo = nl/Isnc-

Without the output unloading transistors T4-T5-T§, the follower-shifter
requires a bias current I;pc > [ ensuring its output conductance g,
to be larger than its loading conductance, thus ¢,,, > g¢s2. In such a
configuration, g4 = gms = gme = 0, Ings = Ins = Ing = 0 and the
output noise factor can be calculated similarly:

~ n?. (A.85)

2
1
YoutL :n2 = (982> +(1+n) Js2 +1
2 \ 9mo 9mo

The noise psd sy ¢ of the capacitor voltage ve is determined by the
noise psd sy¢ of the total current crossing it:

s Yo _Sic _ SrintSn + 15V Gin
Ve T Vi (2nfC)? (2mfC")? ’

(A.86)

where s;1 = 2kgpTng,,; is the current noise psd generated by transistor
Ty and syqin is the voltage noise psd at the input vg;, of the circuit.
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The current gain Vp/V} of the pseudo-transcapacitor circuit (see para-
graph 5.3.5) is lumped into an input-referred capacitance C' = CV}/Vj.
The input-referred current noise psd of the pseudo-transcapacitor circuit
is given by equation (5.34)

VvV
0

where g,,1 = Ip/nUr is given by the dc input current Iy of the pseudo-
transcapacitor at equilibrium. The internal dc pseudo-voltage V5 is related
to the output dc pseudo-voltage V5 by the voltage shift Vy;, introduced by
the follower-shifter according to equation (5.6):

v = vgeVon/Ur, (A.88)

where V5 is determined by the pseudo-conductance G* implemented by
T>, biased using a current I = V5/G* and crossed by the dc output
current I, resulting in:

Vi I vour _ I v.jur
= s = —e’* A .89
Vo GV I ¢ ! (A-89)
thus ik )
BT Im1
SVC [SVG + 7 ml ] (27_(_]00/)2 ( )
where oF
Yin =N 3 + —eVen/Ur (A.91)
2 Iq
and Vs /
C'=0-4 = —(CeVsr/Ur, A.92
TR (A.92)

The output noise voltage psd of the integrator at the gate of transistor 73
is finally given by

2
ngmi 4kBT 4]€BT
out — in in = out A.93
SVGout (27chl> [8VG +7 gm1 ]_‘_7 ! gs2 ( )
with the noise factors

21

Yl Ia) = |5+ eVl (A9
2 Ig

nl nl

+1|. (A.95)

>2+(1+n)

Yout (Ia IshC) — ’fl2 [2 <
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A.4.2 Feedback block

The same analysis is now performed with the current-to-pseudo-voltage
converter together with the current conveyor of figure A.4a, using its noisy
small signal equivalent of figure A.4b. The input current i;, is converted
into a (pseudo-) voltage by transistor Ty (pseudo-conductance G*) and
fed back at the output node vz. At this output node a dc current Iy is
injected; this current corresponds to the bias currents of the integrators,
at which the current entering vy stabilises in the full resonator circuit.
Assuming equal transconductances ¢gm1 = gm2 = gs2/" = gm3 = gma =
Iy/nUr, an output conductance g4s6 much smaller than gs6 = I/Ur and
gms = (I + Iy)/nUr, the output voltage vy as a function of the input
current ¢;, and the internal noise sources iy; is given by

lin N1 +In2 —TN3 — 1 INg — s6lz +1
+ N1 N2 N3 N4_ N6 NlO_gdG Z N8, (A96)
gs6 gs2 gs6 gs6 gms8

V7 =

where the last term may be neglected due to the small value of g4s6.
With the current noise psd sy; of the transistors given as in the inte-
grator’s noise calculation, the output voltage noise psd becomes

Svz = 12 + = ; (A.97)
936 986
Vz
%32 %56 Gdss
\_ \/W,J\r'\[] s
TS
Oma L 9m2] ing ING
\{¢]
o |; ; .
IN3 INS IN1O
. %* * * o iin
Om1 9 *
m m_l_ gm8

Figure A.4: a) current-to-pseudo-voltage converter and current conveyor; b) its
noisy small signal equivalent
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where sy;, is the current noise psd of the input current ¢;, and the noise
factor weighting the equivalent noisy conductance g, is given by

o 31, 1
I,Ip)=—+ — + —. A.

As for the gate voltage vgout, it is simply given by
1z —IN1
VGout = —, (A.99)
gm1

having thus a voltage noise psd

srz  2kpTn 1 4kgT
SVGout = —5 + =5
Imi1 gm1 2n gma

, (A.100)
where s;z is the current noise psd injected at node vy.

A.4.3 Full resonator

Interpreting equations (A.93), (A.97) and (A.100), the noisy small signal
equivalent in figure A.5 of the full basilar membrane resonator of figure 5.16
is used to calculate the voltage noise on its node vz as a function of its
input current ¢z and its internal noise sources

1 . . .
vz = UNG Tt G (GmfV + Gmfp1V1 + gmp2va +ing +inf1 + inf2)
i
VZ<O\£Z vy
1 Omf
i 4
N
IS
C) *VNG Vi
- —C
Vnra! RNG
Vz 'mG *

Figure A.5: noisy small signal equivalent of the basilar membrane resonator
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Table A.2: Parameters of the small signal noisy resonator.
= T'mG el 17 + a UNol T G UNo2
9fm INFHiNfL T iNSf2
+ I +ung +
G UNRG T UNG G
Imr1 Imfl .
+ ee (rmaiz + vNrG + UNi1)
Imr2 Gmf2 '
+ (.UCé G ('UNol + UN22)
_|_ nglng2 gmf2 (TmGZZ + ’UNz’l + ’UNRG), (A.]_O]_)

where the values of the elements are listed in table A.2 as a function of the
currents I, Iy, Is, Iy and Ip = I + I + Iy — 31y. The currents I, I; and
I correspond to the currents i, i1 and io, respectively, in figure 5.16 at
the operating point used for linearisation. Using these values, the voltage
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noise psd at the node vy becomes:

% If Svo1 | I3 Svor
= — (S
Svz 12 ( 1z 7+ U2 n? Uz n?
I S I?
+U% ‘T/IgG UESVQ-FS[f-I—S[fl-I—S[fQ)
12 1 12 s _|_ ) 0/2 12 ]
+ 1 VRG SVil 1 SVol + Svi2
2012 1z U2 ) C12 U2 2
3 1 I? syi1+ svra
+ 202 a2z \°12 7T 2 2 ’ (A.102)
FYT W C]_ 02 T n
which may be expressed by
1
sVZ = o (srz + 4kTGq)
2
1
+ 72(312 + 4kBTG17c)
G2w2C1
G%G2
+ 5 (517 +4kpTG2ys), (A.103)
G2wi (] C’é

where G = Ir/Ur, Gy = I /Ur, Go = I3 /U7 and using the noise factors

12 I I 1 I+1 +1
= o o , (A.104
s 111F71+I72+7f+1 om? T 2, ( )
I[1 1  (Cy/G1)?
_ I ) G VASs Vv A.105
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I 1 1
_ L Al A.106
and
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nl 2 nl
S 2( 2) +(1+n)—2 41,
Isho2 Isho2
20y 3 1
= gttty

derived from equations (A.94), (A.95) and (A.98).

According to equation (A.103), the noisy basilar membrane resonator
is thus equivalent to the serial RCS resonator of figure A.6, in which each
dipole

Ggu = G, (A.107)
Cpm = GEC{, (A.108)
1
G C\C}
- Al
Spm Gy Gr (A.109)

features a parallel noise current source ing, inc and iyg having power
spectral densities

Sig = 7g4kBTG, (A.llO)
S = ’)/04kBTG1, (A.lll)
S1s = ’)/54kBTG2, (A.ll?)

respectively.

R

[ I
INC INS

Figure A.6: noisy equivalent of the basilar membrane RCS resonator
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