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0. Preliminary remarks 

It is hard to believe that there are people who are not interested at all in sound or in specific 
aspects of sound. Although topics of interest can differ strongly from person to person, it often 
happens that there are points of common interest. These points mostly concern a special issue 
or a common ability, such as the ability to speak or to hear. 

In consequence of these last two abilities, the majority of all human beings can talk with 
each other. This offers the opportunity to communicate with congeners. 

When studying properties of both processes, we must be aware that the verbal way of 
communication is not the only one. There are also other manners to express a message in an 
efficient but quite different way. For instance, a language based on elements such as feeling, 
smiling and smelling, or on looking and laughing is often so effective that one might doubt the 
necessity of speech. 

There are also circumstances in which a person wants to express emotions through 
sounding signals. Crying and laughing, the humming of a song or performing music are often 
appropriate means to fulfil this longing. For other people, these ways of expressing are 
clamorous. It might be that they long for a period of serene silence. 

In the world of sound, the place of speech is rather dominating. Perhaps the possibility to 
comprise a message in speech in a flexible and efficient way considerably contributes to this. 
Nevertheless, it often happens that a listener is not interested in the contents of the message. 
The only fact that the message sounds is important for him. This remarkable effect can lead to 
unbelievable situations. For instance, imagine that in a church the intelligibility of speech is 
almost completely absent. In spite of this shortcoming, the congregation only listens to the 
sound of the message of the clergy. Clearly, the content is of lesser importance. It is sufficient 
that making sound as a part of the show must go on without any hitch. 

A similar effect can be met when a pop artist enters the stage. The star comes down the 
stairs, starts the song, and the state of feeling of the audience runs extremely high. The act of 
producing sound as a part of the show again dominates the contents of the message. When, in 
addition to this, the loudness increases, it can be sometimes fit to awake the dead. This leads 
to a peculiar property of sound, which is the sound can exert an almost magical influence even 
beyond commonly accepted levels. 

Neither the serene silence, nor magical properties of sound, however, are the topics in this 
work. Those subjects belong to a hermetic philosophical world rather than to a meaningful 
scientific subject worthy of investigation. 

Even the relation between speech intelligibility and the importance of the contents of the 
clergy's message is completely beyond the scope of the present investigations. Such topics 
could better be a part of a modern course for theologists to solve pitfalls and to remove 
classical mantraps in their working field. 

We will restrict ourselves to normal circumstances in which speech can be perceived in the 
usual way and in which the ability of hearing can be used without any risk of hearing damage. 
In those circumstances speech and hearing are closely connected with each other, so much so 



that as a result of this the expression 'on hearsay evidence' has found a specific place in the 

exchange of information between people. 

This close connection between speech and hearing can be made plausible from a limited 

point of view. Let us imagine that nobody is in the vicinity of a speaker. The speaker, though, 

is still able to play the role of a listener. So, by virtue of our capability of hearing, there is 

always at least one listener to the message of a speaker. 

For some human beings this situation is quite normal, even in the presence of others. These 

people like to hear the sound of their own voice or to listen to their own words. Apart from an 

opinion on these peculiar cases, this underlines again the close connection between speech and 

hearing from a different point of view. 

An outline of the traditional roles filled by a speaker and a listener always shows the same 

image. The speaker stands for the source of speech. The listener has both to receive and to 

perceive the speech signal as well as to understand the message. When the listener has 

accomplished this task more or less successfully, he arrives at a situation in which he can react 

on the contents of the message. The listener speaks whereas the speaker listens. The role of 

source and receiver has been changed. The start of a dialogue has taken place. This situation is 

most clearly illustrated by the following example from the rich history on articulatory 

phonetics. 

Maître de philosophie: 

Monsieur Jourdan: 

I l y a cinq voyelles ou voix : A, E, I, O, U. 

J'entends tout cela. 

Maître de philosophie: 

Monsieur Jourdan: 

La voix A se forme en ouvrant fort la bouche : A. 

A, A. Oui. 

Maître de philosophie: La voix E se forme en rapprochant la mâchoire d'en bas de celle 

d'en haut : A, E. 

Monsieur Jourdan: A, E, A, E. Ma foi ! Oui. Ah ! que cela est beau 

Maître de philosophie: Et la voix I en rapprochant encore davantage les mâchoires l'une 

de l'autre, en écartant les deux coins de la bouche vers les 

oreilles : A, E, I. 

Monsieur Jourdan: A, E, I, I, I, I. Cela est vrai. Vive la science 



Poquelin (1670) expresses his appreciation about scientific ideas of his contemporary 

Cordemoy (1667). The way in which he does this is typical for him. He prefers the dialogue. 

The professor speaks. His speech is substance. The student listens and inhales the words of 

wisdom. And once the message has cleared up his mind, a bound between the master and his 

disciple expands. Vive la science! 

The example shows that speech as the carrier of a message often functions as an important 

element in what is called a communication 'chain'. In the present example the listener, the 

interpreter, reacts on the wise words of 'le maître'. On his turn and depending on the quality 

of the reaction of his pupil, the professor extends his message and when necessary adapts his 

way of teaching. The adaptation to both the level and the enthusiasm of the pupil essentially 

means that the 'chain' is closed. This circular property of a communication process can be 

expressed quite clearly by the notion that we deal with a communication 'ring'. Therefore, it is 

better to avoid the word 'chain' at the favour of the word 'ring'. 

In phonetics the speech ring is the subject of research. Properties of particular parts of this 

ring are studied. Fundamental topics are the study of the production of speech sounds, the 

analysis and the perception of them, and the ultimate goal, of insight into the way in which a 

listener excerpts a message from the signal. 

When usual physiological conditions have been fulfilled, the communication ring functions 

well. That means there are physiological foundations on which the speech ring rests. That part 

of the ring which is responsible for the analysis of sound and speech in human physiology is 

the subject of the present study. 

In the peripheral hearing organ the speech signal is subjected to a metamorphosis that 

strikes the eye. Properties of a signal that is mechanical by nature are translated into neural 

activity. Usually, properties of such signals are described with expedients from vibration 

theory. The accuracy of those descriptions can be accomplished at every desired rate of 

precision. Possible restrictions follow from previously fixed demands or pragmatic 

considerations, rather than from limitations by the nature of the problem. 

A description in terms of neural activity is quite different. In order to explain the 

occurrence of a nerve impulse, it is sensible to use the language of probability theory. This 

means that the appearance of a neural impulse is an uncertain eventuality. Moreover, a nerve 

fibre and therefore also a bundle of fibres can only perform a finite number of impulses per 

second. Both qualities set bounds to the accuracy with which the message has been translated. 

The well-defined properties of a mechanical message are translated in terms of a language in 

which uncertainty and inaccuracy are quite normal. 

In his last work 'The computer and the brain', the mathematician Von Neumann (1957) 

recognised this problem. In that work he speculated on differences and similarities between 

computers and the nerve system. He noticed that the language of mathematics is not the 

language of the brain. In addition to this, he argued that from a purely logical point of view it 

is natural that reliable decisions are made in spite of the inaccurate translation of signal 

properties. When a listener makes decisions the accuracy of any translation is not the essential 

point. The presence of a large amount of intrinsic 'slovenly' representations of a same feature 

is sufficient to arrive at a reliable estimation. 



Thousands of nerve fibres run from the inner ear to form the cochlear nerve. The majority 
of these fibres are afferent. A rough guess leads to about a thousand nerve fibres per 
millimetre along the length of the inner ear. Thus we may expect that in the neural code a 
large number of 'slovenly' descriptions are available for a signal property. Because the brain 
looks to this quantity through statistically coloured glasses, reliable conclusions can be drawn. 

Let us assume for a moment that the accuracy of a translation is an important parameter in 
making reliable decisions. Then, when for reasons of reliability the accuracy must increase, 
the translation of the message must be improved. In general, processes or systems which 
should accomplish this become more involved and complex. Such systems are typically 
complex solutions that originate from brains of technicians. These solutions mostly lead to 
rather expensive systems and devices. That is typical for what we do not meet in nature. In 
nature we meet simplicity as a result of innumerable experiments that have been carried out 
through the course of time. 

When speech is studied from an acoustical point of view, it often appears that elements of 
the signal can be considered redundant. Here the word 'redundant' must be conceived in a 
technical sense, namely that elements are present which are seemingly superfluous. 

From the previous notes on the reliability and estimation of features from neural codes, it 
follows that such redundant elements are welcome. Their presence ensures that the amount of 
'samples', which a listener has to his or her disposal, is not too small. In consequence of this, 
we expect that the reliability of the estimates is positively influenced by the presence of so 
called redundant elements. In this sense, the use of the technical word 'redundant' reflects an 
absence of feeling for the kernel of making decisions by a listener. Therefore, in our opinion it 
would be better to replace the notion of redundancy by the notion of 'abundancy'. Because of 
abundancy in speech, the probability for making a right decision can increase. Therefore, we 
will call a signal sufficiently abundant when a listener is able to make a reliable decision on it. 

When a neural code has reached the higher nerve centre, a decision on the contents of the 
message can be made. Hopefully, this decision reflects the intention of the sender clearly and 
unambiguously. 

The application of statistical tools in making decisions implies uncertainty. No method is 
so powerful that this element can be removed. In usual forms of communication the process 
itself can give the solution for this discomfort. In order to remove uncertainty, it is quite 
pragmatic to ask for a confirmation of the perceived contents. Thus, changing the turn 
between source and receiver is both a useful property of the speech ring as well as powerful in 
its simplicity. 

In this work it is our aim to study only one detail of the speech ring. Our attention will be 
focused on the peripheral organ of hearing and in particular on the cochlea. It is our purpose to 
arrive at a model of the inner ear that can serve as a tool in the research of speech. The model 
must comply with the terms of a classical frequency analysis. In addition to this, it must reflect 
some important results from psychophysics. This is possible only when properties from the 
physiological world are incorporated. 

The notion that the ear performs a frequency analysis is very old. In the world of musicians 
this ability is well known to almost every one who is actively involved in making music. 



Because the act of making music runs parallel to the development of mankind, the 

consciousness of the ability to listen to separate tones must be quite ancient. 

From a typical physiological point of view, insight into the origin of this ability goes back 

as far as Von Helmholtz (1877). He was the first one who related the ability of a listener to 

focus his or her attention to single tones in complex sounds to the structure of the basilar 

membrane. 

In the next chapter we will come back to this point. He recognised that the membrane 

during its motion essentially performs a frequency analysis in its length direction. When we, 

in addition to this also look at the motion of the membrane as a function of time, the spectral 

and the temporal properties can be combined into one representation. After current opinions 

(Allen and Neely, 1992) and in accordance to recent measurements (Narayan et ai, 1998) 

properties of those representations are close to the image of a sound signal in the auditory 

nerve. 

In speech research it is customary to borrow insight from a spectro-temporal representation 

of the signal. The development of an appropriate device for that purpose has a long history. 

Some of the highlights will be shortly mentioned in the next paragraphs. The discussion starts 

in the nineteenth century and again with Helmholtz as the inventor of the acoustical equivalent 

of a tuned mass-spring system. This system, which is known as the Helmholtz resonator, can 

be directly used when sound must be analysed. A system of tuned Helmholtz resonators can 

be conceived as a real time model for the frequency analysing properties of the basilar 

membrane. Koenig (1872) was one of the first people who constructed an apparatus in which 

a system of such resonators was applied. In order to visualise the air vibrations in the 

resonators, he used the so-called manometric flame method. 

An instrument that is essentially equivalent to the apparatus of Koenig is the spectrograph 

of Siemens and Halske after ideas of Freysted (1935). This analyser was built in 1937. The 

electronic device consists of twenty-seven third octave filters. The lowest centre frequency is 

16 Hz and the highest one is 16000 Hz. The frequency analysing properties of the system 

follow from tuned electrical circuits. The input of this device is sound of any kind. The output 

of the system is the momentary intensity of each filter depicted simultaneously on a x-ray 

tube. For a short description of this spectrograph and applications in the field of speech 

research we refer to Kaiser (1950). 

Just after the Second World War a different kind of sound spectrograph made its 

appearance. Essentially, the apparatus consists of only one filter that has been tuned at a 

slowly varying frequency. The input is a short segment of the speech signal that is repeated 

over a constant period of time. The output of all cycles is depicted on one graph in a time-

frequency plane. Notions for this kind of devices originate from Potter (1945). Based on his 

ideas, Koenig, Dunn and Lacey (1946) gave one of the first descriptions of this sound 

spectrograph. Until about the early seventies, the application this spectrograph was one of the 

most successful methods to analyse sound in the field of speech. In contrast to the sound 

analyser of Koenig from the nineteenth century, the spectrograph of his namesake from the 

next century is not a real time analysing system. 

In general, notions in the development of devices are not independent of ideas and 

developments in other fields of science. For instance, from mathematics it is known that the 



development of the method that describes a signal in terms of single tones goes back right to 
1822. In that year Fourier published his famous work on heat. However, for a rigorous 
foundation of his methods and for impressive extensions we have to wait until the thirties of 
the preceding century. 

In that period the first algorithms were developed that carried out, both successfully and 
relatively fast, a numerical approach to the Fourier transform. In speech research today these 
algorithms are widely applied. By application of these tools, the spectral contents of a segment 
of a signal of short duration can be studied. The chart of the spectral contents of successive 
segments can be conceived as the image of a spectro-temporal representation of the signal. 

When the successive points of time at which the segments start differ only one period of 
the sample time from each other, it is as if we deal with a running short time Fourier 
transform. Indeed, Papoulis (1984) showed the existence of this transform as a special case of 
the continuous running equivalent. He derived, both for the continuous transform and for the 
discrete approximation, a recursive version. In addition to this, he argued that the application 
of a discrete Fourier transform according to the recursive scheme is equivalent to results from 
a system of parallel recursive digital filters. The number of filters is equal to the number of 
samples in the part of the signal under consideration. Each filter has one complex pole, 
namely a point of the unit circle in the complex plane. When well-known properties for 
complex exponential functions are used, the system can be reduced to a real second order 
recursive algorithm. In this last case, the number of components in the spectrum corresponds 
to half the number of samples in the segment of the signal. Until now this way of working is 
still rather obscure in speech research. A reason for this could be that the application of this 
algorithm costs a lot of computer time. At the time Papoulis derived this algorithm this 
problem was a rather serious one. The rapid development of the modern microprocessors 
seems to solve this problem automatically. A second reason is that the way in which Papoulis 
expresses his wisdom is not the style of a scientific lecture for the general public. 

In psychoacoustics a system of independent parallel filters is often considered as a 
rudimentary model for the basilar membrane. Schouten (1940, 1970) used some properties of 
those systems to find evidence for what he called the 'residue' in studies on pitch perception. 
It is worthwhile to note that the system of filters is exactly the same as the system that 
Helmholtz (1877) applied in his work. 

Plomp (1970) proposed to incorporate the concept of critical band in a discrete system of 
independent filters that cover almost the whole audible frequency range. In an important part 
of the audible frequency range the critical bandwidth is about one third of an octave. 
Therefore the filter system has been built up from this kind of filters. His aim was to give a 
fundamental contribution to the notion of timbre in terms of spectral energy distributions. Pols 
(1970) and other investigators after him applied that system to vowel-like speech sounds. Here 
we note that from a technical point of view this type of systems is equivalent to the Siemens-
Halske spectrograph. 

In the sixties as well as the seventies of the preceding century much work was done on 
auditory processing in relation to fundamental properties of a single nerve fibre. The 
investigations resulted in models in which attempts are made to relate observations from 
psychophysics to measured properties of nerve fibres. One of these attempts comes from 



Delgutte (1986). He proposed a model for peripheral auditory processing of signals in which 

nerve fibre modelling takes a dominant place. His way of modelling mainly follows from laws 

for the relation between the discharge rates of neurones and facts from psychophysical 

intensity discrimination. In his approach a hypothesis on a possible feedback caused by the 

efferent nerve fibres in the auditory nerve plays an essential role. 

In the modern way of looking to auditory (pre-) processing, the attention to the role of the 

inner ear is again increasing. Most investigators in the field of physics and physiology of the 

auditory system hold the view that the image of the motion of the basilar membrane is closely 

related to spike pattern in the auditory nerve. Recent observations convert these views into 

evidence (Narayan et ai, 1998). 

Therefore, partly in consequence of these facts from physiology, we expect that the 

distribution of neural activity in time and space is clearly linked to features of a sound 

stimulus. This opinion makes that the attention for the cochlea as a pre-processor even in the 

field of speech must be renewed. 

From a technical point of view it is interesting that both measured and derived impulse 

responses from experiments in living preparations clearly show chirp-like behaviour. It will 

appear that the presence of the cochlear fluid is responsible for this property. As things are, 

this means that the basilar membrane filters are not independent of each other, but coupled. 

This property combined with the classical notion of resonance is responsible for the chirp-like 

behaviour of the impulse responses. 

The framework of the present study is rather straightforward. In chapter 1, general 

properties of the peripheral auditory system will be briefly described. In the next chapter we 

will pay attention to the basilar membrane as a system of parallel beams or rods. Vibration 

properties are given in terms of a function of Green for a beam with appropriately chosen 

boundary conditions. The function of Green is composed of eigenfunctions of a fundamental 

beam problem. This general way of solving a problem is attractive because the technique is 

independent of special cases. Only the eigenfunctions can differ from case to case. However, 

the concept is always the same. The goal of this chapter is to arrive at a position from which it 

is easy to enlarge modelling by incorporating properties of the surrounding fluid. In order to 

do that we propose to restrict ourselves to properties of the lowest vibration mode. This will 

be in two slightly different ways. In the first place we will pay attention to the notion of 

effective impedance. Secondly, the concept of point impedance will be developed. This leads 

to a proposal that differs from what is used in practice. The solution of the general problem 

leads automatically to the frequency-to-place map. In accordance to known results from 

general acoustics, this map differs considerable from the standard logarithmic map. In chapter 

5 this map will be involved in the discussion on oscillating properties of the pressure along the 

membrane. 

In chapter 3 we look at a rather fundamental hydrodynamic model of the cochlea. The 

model differs from some other proposals. In most models the equation of motion for the 

basilar membrane is considered as a separate equation that makes no part of a cochlear 

hydrodynamic model. In our model this equation is incorporated in a boundary condition of 

the model. When this is done in the right way, it appears that the unicity of a solution can be 

proved. In addition to this, we pay attention to consequences of compatibility in relation to 



outer hair cell activity. When resonance takes place at the basilar membrane the models 
possesses singular points. From a mathematical point of view it holds that these points and the 
boundaries of the problem determine the characteristics of the solution. However, the methods 
that we apply in chapter 3 do not reckon with the presence of these points. We simply solve 
the problem as if we deal with plain cake. Therefore, the solutions from this chapter are of 
limited importance. 

The analysis of the boundary condition at the membrane shows that the boundary condition 
for the pressure at the membrane can be conceived as an equation in the complex plane in 
which we have to distinguish between 'positive' and 'negative' frequencies. When this is 
done the equation can be solved so that the classical principal of superposition is valid. This 
procedure is the subject of the first part of chapter 4. Results are discussed and used to 
determine the impulse response for an arbitrary point on the basilar membrane. 

In the second part of this chapter we extended the equations that govern the motion of the 
basilar membrane. The reason for this has a long history. More than thirty year ago Goldstein 
(1967) supposed that audible combination tones are distortion products caused by hair cells. 
Moreover, he supposed that those products travel along the basilar membrane towards the 
place that has been tuned at the frequency of that tone. At this place resonance occurs and 
properties of the tone are translated into nerve patterns in the usual way. Smoorenburg ( 1972) 
made evidence for the hypothesis that hair cells are generators of audible combination tones. 
In other words: activity of hair cells can be the cause of tone sensation. At that time, notions 
that hair cell behaviour directly influences the mechanical processes in the cochlea were still 
far from the usual way of thinking. Evidence that (outer) hair cell behaviour and mechanical 
processes are coupled to each other is found in the work of Kemp (1979) and Mountain 
(1980). However, presumably one of the most appealing discoveries is that the length of outer 
hair cells changes in response to electrical stimulation (Brownell et al, 1985). In the organ of 
Corti, electro-physiological phenomena are partly related to the motion of the membrane. This 
means that the motion of the membrane can be the origin of a stimulus for an outer hair cell 
that results in variations of the length of the cell. When this happens, contractions of the cell 
cause a disturbance of the local pressure. This disturbance has an influence on the motion of 
the membrane. That is the reason why we propose to incorporate an additional term for the 
pressure in the equation of motion for the membrane as well as in the equation for the pressure 
at the membrane. 

It will appear that the shape of the impulse response is rather sensitive to variations of the 
slopes in the amplitude characteristic of the pressure. This offers the opportunity to simulate 
rather natural responses even for medium and low level stimuli. 

Properties of the well-known long-wave or transmission line equation are studied in 
chapter 5. A first form of this equation can be found in the early work of Zwislocki (1948). 
This equation rests on an approximation in which a normal derivative at the membrane is 
replaced by a second derivative along the membrane. We are not able to prove the validity of 
this approximation near resonance. However, the shape of this equation is not extremely 
difficult. This partly explains the success of this equation in cochlear mechanics. In this 
chapter mainly qualitative properties of this equation will be studied. However, in the last 



section of this chapter we will study properties from an extended version of this equation. Of 
course, the extension is an additional pressure at the membrane. 

The first part of the last chapter gives a generalisation and an interpretation of the main 
results from chapter 3. The generalisation is used to discuss properties of methods that are 
known from literature. The chapter ends with some examples. The first one is the impulse 
response of a system of parallel filters according to the results from the chapters 4 and 5. In 
the second part some spectro-temporal patterns are given based on time domain models from 
chapter 5. This kind of pattern can be conceived as a peripheral activity pattern that is closely 
related to a nerve spike pattern in the auditory nerve. The chapter ends with conclusions and a 
short discussion on future research. 




