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Summary

The hearing organ in mammals is a complex and interesting system which per-
forms a whole range of tasks in the transmission of acoustic signals from the
external environment to the brain. On their path through the auditory system,
the acoustic signals first pass through the external ear as pressure waves, and
move on to the middle ear where they induce the mechanical vibration of the
eardrum and the ossicular chain. Then, the acoustic signal is passed on to the
inner ear, where it propagates as pressure waves in the cochlear fluid. The hair
cells in the inner ear convert these pressure waves in electrical neural pulses,
which are transmitted through the nervous system to the brain where the final
processing takes place. During all these steps, the auditory system tries to pre-
serve the temporal structure and shape of the signal. Nonetheless, a compression
takes place between the seven orders in sound pressure magnitude a human can
hear and the two orders of magnitude in number of neural pulses the nervous
system is capable of processing.

The main function of the external and middle ear is to increase the pressure of
the acoustic signal that enters the inner ear. Because of the acoustic impedance
mismatch between air and the cochlear fluid, a large portion of the acoustic
signal is reflected back in the direction of the middle ear when it enters the inner
ear. Therefore, a prior impedance matching is required to counter this loss. In
the perfect case, the sound transmission through the external and middle ear
should be linear, such that no non-linear distortions are introduced in the signal
entering the inner ear. Previous research with less sensitive methods found no
clear evidence of non-linearity in the vibration of the middle ear system in the
acoustic range for sound pressures up to 130 dB SPL (90 Pa). However, at quasi-
static pressure changes, which can go up to a few kPa, a strong non-linearity of
the middle ear has been demonstrated. This shows that non-linearity is present
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Summary

in the middle ear, which might also detectable at sound pressures in the acoustic
range.

The main objective of the work presented here, is to detect and quantify the weak
non-linear behaviour of the middle ear in its acoustic pressure and frequency
range. Knowledge of this weak non-linear component could improve modern
hearing aids, which typically operate at higher sound pressures where the non-
linearities could distort the signal going to the inner ear. It is also important to
know the contribution of the middle ear non-linearity to the otoacoustic emissions,
which are non-linear distortions caused by the active feedback amplifier in the
inner ear. These are detectable in the external or middle ear, so they might
experience an influence of the middle ear distortions.

This work consists of five chapters, which can be divided in two parts. The first
part (chapters one and two) is a general overview of the hearing organ, and the
different measurement methods and techniques to study the weak non-linearity
of a system. The second part (chapters three to five) presents the experimental
work on the measurement set-up and method used to detect weak non-linearity,
and the application of this set-up to the middle ear system.

The first chapter, divided in four larger sections, is a thorough description of
the anatomy and physiology of the mammalian ear. The first section is a short
survey of the hearing organ, which is composed of the external ear, the middle
ear, the inner ear and the central auditory system. It discusses how the sound
transmission through these different parts works, and which general functions
the auditory system performs in this process. The other three sections treat
in more detail the anatomy and functioning of the external, middle, and inner
ear. The external ear consists of the auricle and the ear canal and performs
mainly two functions: amplification of the incoming sound waves, and aiding
in the localization of sound sources. The eardrum and the ossicles (hammer,
anvil and stirrup) form the middle ear, which function is to increase the sound
pressure entering the inner ear. The auditory part of the inner ear is the cochlea,
where the vibration of the basilar membrane, caused by the acoustic signals, are
converted to electrical nerve pulses. The sections on the middle and inner ear
also review the non-linearity present in these parts of the hearing organ.

The second chapter contains a summary of the existing methods to detect the
presence of weak non-linearity in a system, together with a more detailed ex-
planation of the method used in the experiments on the middle ear. The first
section discusses linear time-invariant systems and their most important prop-
erties, the following section deals with non-linear and time-varying systems and
how they differ from linear time-invariant systems. One of the properties of a
linear time-invariant system is that its response to a sine excitation is a sine
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with the same frequency, only the amplitude and phase might be different. In
a non-linear system where extra harmonics are introduced in the output signal.
The third section is an overview of the different types of signals and methods
used to study weakly non-linear systems. In the final section, the used method
for the detection of middle ear non-linear distortions based on odd random phase
multisines is explained in more detail. Basically, a multisine excites the system
at a whole range of harmonics, but some harmonics are left unexcited. At these
positions, the distortions, introduced by the non-linearity of the system, can be
detected.

Chapter three describes the measurement set-up used to detect non-linear dis-
tortions in the vibration of (bio)mechanical systems. In this set-up a test object
is excited acoustically by a loud-speaker, and the incoming sound waves are
measured with a probe microphone right in front of the test object. Then, the
resulting vibration of the test object is measured with a heterodyne vibrometer.
Specially designed odd random phase multisines are used as excitation signals to
investigate the system non-linearities. This method allows to determine with one
single experiment the vibration response, noise level and the level of the non-linear
distortions. The measurement set-up was validated with measurements obtained
on the membrane of an earphone speaker, a latex membrane and a high quality
microphone membrane (diaphragm). In case of the earphone speaker, a slightly
different set-up was used, where the acoustic output of the speaker is compared
with the vibration of the speaker membrane, both in response to an electric input
signal to the speaker. The two measurements yield comparable results, indicat-
ing that the optical measurement method is suited to detect non-linearities. The
measurement on the latex membrane demonstrated that the described method
can detect extremely small non-linear distortions present in the vibration of an
acoustically driven elastic membrane, up to 80 dB below vibration response. The
measurement on the high quality microphone membrane was used to verify the
effectiveness of the correction method for non-linear distortions in the excitation
signal caused by the speaker. The results indicated that the correction works
perfect for sound pressures up to at least 120 dB SPL. So, the distortions caused
by the speaker in the set-up do not influence the measurements.

For measurements on slowly time-varying systems, some problems occur in the
correct estimation of the noise level with the multisine excitation method, which
are discussed in the fourth chapter together with some improved noise estima-
tion methods. With the classical method the noise level is estimated with the
standard deviation over different periods of the multisine. A slow time-variation
of the system introduces some non-periodicity in the response, which contributes
to the output signal as an elevated noise level, certainly at the excited harmonics.
One way to solve this problem is to take the difference between subsequent peri-
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ods of the output signal, which reduces the time-variance, but keeps the random
variation of the noise. These differenced signals can then be used to estimate
the noise level with the classical method. Another approach is to calculate the
spectrum over all the periods, and to use the frequencies between the different
harmonics for the noise estimation. The random variations between nearby fre-
quencies can be used to get an estimate of the noise level, after the removal of
any trends with differencing. In this chapter, the effectiveness of both methods
is first demonstrated in a simulation with a known noise level. Then, in a first ex-
periment on a time-invariant high quality microphone membrane, the improved
methods and the classical method were found to give the same results. The
next experiment was performed on the middle ear of a gerbil. A comparison of
the classical noise estimation method with the improved methods showed clearly
that the latter give a more accurate estimate of the real noise level, whereas the
classical method is clearly influenced by the time variation. Another measure-
ment was performed on a speaker generating a high sound pressure level. Under
these circumstances the speaker signal shows non-linear distortions as well as the
effects of time variation. Under these conditions the improved noise estimation
methods gave an accurate estimate of the noise level.

Finally, the opto-acoustic measurement set-up is used to detect non-linearity in
the vibration of the middle ear. Measurements were performed at the tip of
the malleus of ten gerbil specimens in total. The results, shown in chapter five,
indicate that below sound pressures of 93 to 96 dB SPL the middle ear behaves
as a linear system, but starting from this sound pressure non-linear distortions
occur in the eardrum vibration. These findings are in contrast to previous re-
search where no non-linearities were found for sound pressures below 130 dB SPL.
Because of the new and sensitive analysis method weak non-linearities were re-
vealed which were previously unnoticed. To exclude the influence of cochlear
non-linearity on the middle ear response, one measurement was done with the
cochlea removed. Compared with the results on an intact ear, this experiment
showed no significant difference in the level of the non-linear distortions. Other
external influences, such as the bulla vibration and the opening of the middle ear
cavity were also checked upon, but no significant influence was found. Finally,
the influence of post-mortem artefacts, such as dehydration, was investigated
by repeated measurements on the same middle ear. A quick decrease of the
vibration response and the non-linear distortions was seen in the first minutes
after the initial measurement and a stabilization after 200 minutes, indicating
the necessity of a fast measurement method.
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CHAPTER 1

The mammalian ear

This chapter gives a general overview of the physiology and anatomy of the
hearing organ in mammals. Each section deals with a different part of the mam-
malian ear: the external ear, the middle ear, and the inner ear. The sections
about the middle and inner ear also cover the non-linearity of the hearing organ.
The chapter is mostly based on the books ‘From sound to synapse - physiology
of the mammalian ear’ by Geisler (1998), ‘Essentials of audiology’ by Gelfand
(2009) and ‘Anatomy of the human body’ by Gray (1918). A discussion of the
central auditory system is omitted, since it is not required in the scope of this
thesis.

1.1 Basics of hearing

Four main parts can be distinguished in the composition of the mammalian ear:
the external ear, the middle ear, the inner ear and the central auditory system
(see figure 1.1). Sound waves come in from the environment and enter the
external ear, which is composed of the auricle (pinna) and the ear canal. At
the end of the ear canal the sound waves hit the eardrum (tympanic membrane),
which separates the external ear from the middle ear cavity. The sound waves are
gathered by the tympanic membrane and pass as a mechanical vibration through
a chain of three of the smallest bones in the mammalian body, the auditory
ossicles. The final bone in this chain (stirrup or stapes) connects to the oval
window, the interface to the inner ear. The inner ear is comprised of two parts:
the vestibular organ, and the cochlea. The vestibular organ, consisting of three
semicircular canals, the utricle and saccule, is responsible for the equilibrium and
has no function in hearing. The spirally coiled cochlea, a fluid filled structure, is
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1 The mammalian ear

the part of the inner ear that contributes to hearing. The motion of the cochlear
fluid, caused by the stapes moving in the oval window, triggers the vibration
of the hair cells in the cochlea. The moving hair cells generate electric signals
that are conducted by the cochlear nerve further up to the nervous system and
specialized auditory centres of the brain. In this central auditory system the final
processing of the acoustic signals takes place.

external ear

middle ear
inner ear

cochlear
nerve

Figure 1.1: Basic overview of the human ear. The figure shows the external
ear, the middle ear (blue), the inner ear, and the cochlear nerve, the beginning
of the central auditory system. (L. Chittka, A. Brockmann, Creative Commons
Attribution 2.5 License)

The auditory system is more complex than most people realize. The incoming
signals undergo a large transformation before they are processed in the brain.
First, the incoming acoustic waves in air are converted to mechanical motion
of the tympanic membrane and the ossicles in the middle ear. Then, they are
transformed into acoustic waves in the cochlear fluid where the hair cells convert
them finally to electrical neural pulses. The main function of the auditory organ
is to preserve the shape of the acoustic waves that enter the ear, and this function
can be divided in three main features.

First, the ear tries to retain the temporal structure of the incoming sound waves,
which can go from 10 Hz up to 100 kHz in the auditory frequency range. For
a frequency of 100 kHz for example the changes in the acoustic wave occur
within 10 µs, and the hearing organ is adapted to such ultra-fast changes. As a
consequence, signal processing in the middle ear is a process with little memory.

2



1.2 External ear

Sound waves pass through the middle ear without adaptation to the signal that
passed just a short moment before. The ear only changes its response to signals
with a high stimulus level to avoid damage. So, in most cases the neural pulses
generated by the ear are an instantaneous reflection of the incoming acoustic
signals.

Second, the focus of the ear lies on changes in intensity level of the incoming
signal. In other words, the auditory system does not try to reproduce the abso-
lute intensity level of the incoming signal, but it tries to preserve its shape by
registering the changes in intensity level.

A third and important feature of the ear is the enormous amplitude compression
that takes place in the processing of the incoming acoustic waves to the neural
pulses in the central auditory system. The incoming acoustic waves range from
0 dB SPL to an extreme of 140 dB SPL1 for humans. This range covers seven
orders of magnitude. These incoming sound waves are finally converted to neural
pulses that can go up to 100 pulses per second and cover approximately two orders
of magnitude. The ear has to compress the incoming acoustic waves from seven
orders of magnitude to the two orders of magnitude available in neural pulses.
This requires a systematic compression during almost every stage of the ear’s
transduction process. During this process, the shape of the incoming acoustic
signals is preserved. Only some deformations occur at the highest sound pressure
levels.

1.2 External ear

1.2.1 Anatomy

Two main parts are distinguishable in the external ear as depicted in figure 1.2.
The pinna (auricle) is a single cartilaginous structure that is the external visible
part of the ear. Between species the pinna can have very different shapes. The

1The sound pressure level (SPL) is a logarithmic measure of the effective sound pressure
relative to a pressure of 20 µPa (a fluctuation of 2 · 10−10 compared to normal atmospheric
pressure), the auditory threshold in humans:

dB SPL = 20 log10

(
p

pref

)
with pref = 20 µPa RMS (1.1)

The level of 0 dB SPL corresponds with the lowest sound pressure the human ear can detect,
and the level of 140 dB SPL corresponds with the pain threshold. Sound pressures higher than
140 dB SPL would inflict irreparable damage to the ear.

3



1 The mammalian ear

pinna

external auditory meatus

bony part

cartilaginous part

bone

eardrum

Figure 1.2: Basic overview of the external ear. The figure shows the pinna (au-
ricle) and the external auditory meatus (ear canal). The latter consists of a carti-
laginous and bony part. The external ear ends at the tympanic membrane, where
the middle ear starts. (L. Chittka, A. Brockmann, Creative Commons Attribution
2.5 License)

pinna of humans and other primates has a very characteristic shape, which differs
significantly from the pinna of cats or dogs for example. Even between different
dog breeds there is a large variety in pinna shape, and some mammals such a as
dolphins even lack a pinna. The difference in shape is an evolutionary adaptation
of the pinna to the environment of the animal. The second part, the external
auditory meatus (ear canal) is a tube connecting the external ear to the middle
ear. The first third of the ear canal, the cartilaginous external auditory meatus,
is a continuation of the cartilage that forms the pinna. The last two thirds, the
bony external auditory meatus, is embedded in the skull bone. Normally, the
ear canal contains a waxy yellowish substance, earwax (cerumen), which has a
function in cleaning and lubrication and forms a protection against bacteria, etc.

Figure 1.3 shows the pinna of the human ear with its most important anatomical
features. Some pinna features are specific for humans, but others occur also in
the pinna of other animal species. The helix is the fold at the outside edge of
the pinna. The anthelix is the semicircular fold that runs partly parallel with
the helix. This fold has a Y-shape. In figure 1.3 one part of the anthelix splits
upwards, the superior crus (‘leg’), and the other part splits downwards to the
left, the inferior crus. The triangular region between those two crura is called
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1.2 External ear

Figure 1.3: The pinna of the human ear. (public domain)

the fossa triangularis. The curved depression that separates the helix and the
anthelix is known as the scapha. The concha is the lower cavity surrounded by the
anthelix. One end of the helix divides the concha in two regions: an upper part
(cymba conchae) and a lower part where the external auditory meatus is situated
(cavum conchae). The tragus is a small protuberance in front of the concha that
is curved backwards over the external auditory meatus. The rearwards position
of the tragus is useful to collect sound waves from behind. At the end of the
anthelix and opposite of the tragus there is a small forwards pointed protrusion,
the antitragus. The tragus and the antitragus are separated by the intertragic
notch. The earlobe is the soft lower part of the ear. It is the only part of the
auricle that does not contain cartilage.

1.2.2 Physiology

Two important tasks are performed by the external ear: one of them is to amplify
the acoustic pressure that is passed on to the middle ear, and the other is to
localize where the sound waves entering the ear originate from.

The amplification of the incoming sound waves is a first and necessary step to
improve the sound transmission between middle and inner ear. This step is indeed
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1 The mammalian ear

Figure 1.4: Schematic overview of the pinna functioning as a sound collecting
horn. (Geisler, 1998)

required because there exists a large difference in the acoustic impedance2 of the
air in the external and middle ear and the fluid in the cochlea (inner ear). The
mismatch in acoustic impedance causes most of the incoming acoustic energy,
about 99.9% (≈ 60 dB),3 to be reflected back out of the ear (Killion and Dallos,
1979). This loss in acoustic energy is countered by gathering sound waves on a
large surface and then concentrate them on a smaller surface, which effectively
increases the sound pressure entering the inner ear. Such a sound collection
is done by the horn shaped pinna (figure 1.4). The gradually decreasing size
of the pinna effectively reduces the reflection and absorption of sound waves
at its boundaries. All acoustic energy gathered on the 20 cm2 surface of an
average human pinna is finally concentrated on the oval window, the inner ear
entrance, with a surface of about 2.5 mm2. The difference in area results in an
amplification of approximately 58 dB, very close to the 60 dB loss caused by the
acoustic impedance mismatch between the media in the external and inner ear.

To pinpoint the origin of a sound, the ears register incoming sound waves at two
slightly different positions, hence the two ears commonly seen on the head of
almost all animals. A comparison between acoustic signals at both ears contains

2The specific acoustic impedance is defined as the ratio of acoustic pressure p to particle
velocity v . The unit of specific acoustic impedance is rayl = N · s/m

3The reflection coefficient R (Kinsler and Frey, 1966) gives the amount of acoustic energy
reflected back when a sound waves moves between two media with acoustic impedance Z1 and
Z2.

R =

(
Z2 − Z1

Z2 + Z1

)2

(1.2)

Calculating the reflection coefficient R with the acoustic impedance of air (Z1 ≈ 400 rayl)
and water (Z2 ≈ 1.5 · 106 rayl) shows indeed that 99.9% of the incoming acoustic power is
reflected.
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1.2 External ear

directional information, that is simply not available in the signal registered at a
single ear. First, there is a difference in the timing at which the sound waves
arrive at the two ears. If, for example, a sound source is located at the left from
the head, then the sound waves will first impinge on the left ear, to arrive only a
fraction of time later at the right ear, but this small difference is sufficient to aid
in the localization of the sound source. The sound waves entering the different
ears do not only arrive at different times, but they also differ in both amplitude
and spectral content. Sound waves from a source left of the head will arrive
normally at the left ear, but they will leave the right ear in the ‘sound shadow’
of the head. To reach the right ear, the sound waves must diffuse around the
head. A process that not only decreases the amplitude of the sound wave, but
also changes the frequency composition of the signal.

Figure 1.5: Sound pressure amplification of the pinna and ear canal for different
azimuth angles to the right (positive angles) and left (negative angles) side of the
head. (Shaw, 1974)

Figure 1.5 compares sound pressure at the right ear entrance with the pressure
near the tympanic membrane, for human. The curves were measured at different
horizontal source angles, with negative angles corresponding with a source at the
left and positive angles with one at the right. The sound pressure clearly decreases
as the source is moved from the right side of the head to the opposite side.
The plot also shows some other important features of the sound transmission
through the external ear. For instance, some peaks and valleys are visible in
the transformation curves at 2.5, 6 and 10 kHz, as indicated by the arrows.
The peaks are due to the quarter-wavelength resonance in the ear canal (peak
at 2.5 kHz) and the concha (peak at 6 kHz). The peak at 2.5 kHz is present
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1 The mammalian ear

in the sound coming from different source angles, since all sound has to pass
through the ear canal regardless of the source direction. The peak at 6 kHz is
only visible at source angles close to the direction perpendicular to the ear. From
this direction the quarter-wavelength resonance in the concha performs optimal.
Such spectral changes aid in the sound source localization. Besides the sound
localization features of the external ear this plot also illustrates the amplification
of the incoming sound waves. Most curves indeed lie above the 0 dB boundary
in the plot where the incoming sound pressure is equal to the sound pressure at
the tympanic membrane.

(a) human (Shaw, 1982) (b) cat (Musicant et al., 1990)

Figure 1.6: Sound pressure amplification of the pinna and ear canal for different
elevation angles above (positive angles) and below (negative angles) the horizontal
plane through the ears.

Figure 1.6 shows how spectral changes contribute to sound source localization,
contrary to figure 1.5 where only the influence of amplitude differences is ap-
parent. The plot compares again the pressure at the entrance of the ear and
the tympanic membrane, but now for sources with different elevation instead of
horizontal position. Results are shown for both human and cat. The notches in
higher frequency range of the spectrum shift their position for different source
elevations. Such shifts can help the ear in locating sound sources at different
elevation.

Sound localization by the ear seems to be the most effective when broadband
signals are used instead of single tones (Wightman and Kistler, 1992). This is
understandable since sound localization on the basis of spectral content is only
possible when a larger part of the spectrum is stimulated. Research by Heffner
and Heffner (1989) and Huang and May (1996) indicated that sound localization
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1.3 Middle ear

in the high frequency range is performed mostly using amplitude and spectral
differences, whereas temporal differences dominate sound localization in the low
frequency range.

1.3 Middle ear

1.3.1 Anatomy

tympanic
membrane

tympanic
cavity

malleus
incus stapes

(oval window)

round window

Eustachian tube

Figure 1.7: Basic overview of the middle ear. The figure shows the tympanic
membrane (eardrum) and the three ossicles (malleus, incus and stapes). The
tympanic cavity that surrounds the ossicles is connected to the exterior by the
Eustachian tube. The oval and the round window form the interface between the
middle and inner ear. (L. Chittka, A. Brockmann, Creative Commons Attribution
2.5 License)

The main structures of the middle ear are presented in figure 1.7. The first part
is the tympanic membrane (eardrum), a membrane in between the external and
middle ear. At the backside, the tympanic membrane is connected to the ossicular
chain, composed of three of the smallest bones in a mammalian body. The first
ossicle in the chain is the malleus (hammer), the second the incus (anvil), and
the final one is the stapes (stirrup).

The tympanic membrane (figure 1.8(a)) is thin and semitransparent membrane
and it is surrounded by a fibrocartilaginous ring attached to the sides of the
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1 The mammalian ear

auditory canal. At the superior4 side this ring is interrupted by a small opening,
the notch of Rivinus. The tympanic membrane is suspended from the manubrium
of the malleus (figure 1.8(b)), and pulled inwards in the direction of the tympanic
cavity. The most inward point is referred to as the umbo. The main part of the
tympanic membrane, the pars tensa, is divided into four quadrants with the umbo
at its centre: the postero-superior, the postero-inferior, the antero-inferior, and
the antero-superior quadrant. This part of the tympanic membrane is composed
of three layers: a cutaneous layer (skin) at the lateral side (side of the auditory
canal), an intermediate fibrous layer, and a mucous (‘slimy’) layer at the medial
side. The cutaneous layer extends from the skin in the auditory canal. The
fibrous layer consists of two parts: the radial part diverges from the manubrium
of the malleus to the sides of the tympanic membrane, and the circular part
is woven in circles around the manubrium. The lateral process5 of the malleus
is connected to the sides of the tympanic membrane by the posterior and the
superior malleolar fold. Those folds are attached to both sides of the notch of
Rivinus, and between those two folds, a lax (not under tension) triangular part
of the tympanic membrane can be distinguished, the pars flaccida. This part of
the tympanic membrane lacks the fibrous layer that is present in the pars tensa.

The malleus (figure 1.8(b)) consists of a head, a neck and three processes: the
anterior process, the lateral process and the manubrium. The manubrium (han-
dle) is the part of the malleus that is embedded in the tympanic membrane. The
malleus is connected to the side of the tympanic cavity by three ligaments. The
anterior ligament is connected to neck right above the anterior process. The
superior and lateral ligament both connect to the head of the malleus from re-
spectively the superior and lateral side. One muscle makes a connection with the
malleus, the tensor tympani, which attaches itself near the root of the manubrium.
The malleus is attached to the incus at the incudomalleolar joint. The facets
were the malleus and the incus connect to each other are indicated in both
figure 1.8(b) and 1.8(c).

The incus (figure 1.8(c)) is composed of a body with two crura: the short crus
and the long crus. The long crus has a circular shaped ending, the lenticular
process, the link between the incus and the head of the stapes. The incus is
connected only with one ligament to the side of the tympanic cavity, the superior

4The most commonly used anatomical directions are:

superior-inferior upper and lower

anterior-posterior front and back

medial-lateral inside and outside

5A process is defined as an outgrowth of a larger body.
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1.3 Middle ear

(a) tympanic membrane (b) malleus

(c) incus (d) stapes

Figure 1.8: Anatomical details of (a) tympanic membrane, (b) malleus, (c) incus
and (d) stapes. (Gray (1918), public domain)

ligament, and no muscles are attached to the incus.

The shape of the stapes (figure 1.8(d)) has a remarkable resemblance with a
stirrup, and its name refers to this correspondence. The head of the stapes is
covered with cartilage and articulates with the lenticular process of the incus to
form the incudostapedial joint. Below the head lies the neck of the stapes, which
splits up in two crura: the anterior and the posterior crus. These crura connect
at their end to the base of the stapes, a flat oval disc that is suspended from the
oval window (entrance of the cochlea) by the annular ligament. The stapes is
also attached at the posterior side of its neck to a muscle, the stapedius muscle.

Besides the oval window, which forms the entrance to the inner ear, the cochlea
also has an exit window that ends in the middle ear, the round window. An-
other important structure in the middle ear is the Eustachian tube, a connection
between the tympanic cavity and the nasal cavity.
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1 The mammalian ear

1.3.2 Physiology

The function of the middle ear is the same as that of the external ear, the
amplification of the incoming sound waves to bridge the mismatch in acoustic
impedance between air at the exterior and the cochlear fluid. The external ear
only uses one mechanism for the pressure amplification, i.e. to gather acoustic
energy at a large surface and concentrate it on a smaller surface. Besides this
mechanism, two other means of sound amplification are present in the middle
ear: the lever function of the ossicular chain, and the ‘buckling’ effect of the
tympanic membrane.

(a) area ratio

(b) lever action (c) ‘buckling’ effect

Figure 1.9: Overview of the amplification mechanisms that are active in the
middle ear. (a) Area difference between tympanic membrane and oval window.
(Gelfand, 2009) (b) Lever formed by the ossicular chain. (Zwislocki, 1965) (c)
The ‘buckle’ effect of the tympanic membrane. (Tonndorf and Khanna, 1970)

The first and largest gain is obtained by the difference in surface area between
the tympanic membrane and the oval window, as illustrated in figure 1.9(a). In
humans and cats the tympanic membrane is approximately 17 times larger than
the oval window, which corresponds with an amplification of around 25 dB. The
ossicular chain also acts as a lever, certainly at low frequencies, where the ossicles
move as a single rigid unit rotating around an axis through the head of both the
malleus and incus. Figure 1.9(b) shows clearly that the malleus has a greater

12



1.3 Middle ear

length than the incus, and because of conservation of angular momentum a small
force on the tympanic membrane will be converted to a larger force at the base
of the stapes. In humans the lever ratio of the ossicular chain is typically around
1.3, what delivers an amplification of about 2 dB. However, at higher frequencies
the ossicular motion becomes more complex (Decraemer et al., 1989) and the
amplification factor less ambiguous. An illustration of the ‘buckling’ effect of
the tympanic membrane is given in figure 1.9(c). To facilitate this effect, the
tympanic membrane curves from the sides to the manubrium in the middle. As
a result, tympanic membrane vibration portrays a greater displacement for the
curved membrane and a smaller displacement for the manubrium. This might be
envisioned as a ‘buckling effect’ (Timoshenko and Gere, 1961). A boost in force
accompanies the smaller displacement of the manubrium because of conservation
of angular momentum. The ‘buckling’ effect gives an increase with a factor 2 in
force at the base of the stapes, thus an amplification of approximately 6 dB. All
these effects combined give a total increase in acoustic energy of 33 dB.

impedance Z velocity v displacement x
stiffness k/ω ω/k 1/k
friction D 1/D 1/ωD
mass mω 1/ωm 1/ω2m

Table 1.1: Angular frequency dependence of acoustic impedance Z , velocity v and
displacement x for a stiffness, friction and mass controlled system. The relation
with the stiffness k , the friction coefficient D, and the mass m is also given for the
respective systems.

Nonetheless, the middle ear is not a perfect system that transmits all sound
energy impinging on the tympanic membrane to the inner ear. As all real life
mechanical systems it possesses an amount of mass, stiffness and friction. All
these factors contribute to the impedance of the middle ear. As described by
Kinsler and Frey (1966) and Geisler (1998), the impedance Z of a mechanical
system depends on the frequency of the driving pressure (or force). Table 1.1
gives the dependence of the impedance on the angular frequency ω under different
circumstances. If the system is controlled by its stiffness, then the impedance is
inversely proportional to the angular frequency, whereas in the mass controlled
region it is proportional to angular frequency, and for a system where friction is
dominant it remains constant. The relation between the angular frequency and
the vibration velocity v of the system can be derived from the impedance, since
both are inversely proportional (Z = p/v , as described in section 1.2.2). The
dependence of the displacement x on the angular frequency can be derived from
the velocity by integration, which gives x = v/ω.
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Figure 1.10: Typical displacement response of the middle ear under (a) normal
conditions, (b) with increased stiffness and (c) with increased ossicle mass. (public
domain)

The relation between the impedance and the angular frequency comes in handy
to interpret the typical vibration response of the middle ear (see figure 1.10(a)).
This response could for example have been measured at the base of the stapes
from the medial side. The plot shows the displacement amplitude of the middle
ear as a function of the frequency. The constant curve in the beginning of the plot
reveals that the middle ear system is dominated by stiffness at low frequencies,
since displacement is constant for a stiffness controlled system (see table 1.1).
So, at low frequencies the elasticity of the different middle ear structures, such as
the joints, the ligaments and the air in the tympanic cavity dominate the response.
In the high frequency range the displacement decreases with a -26 dB slope per
decade, which corresponds closely with an inverse relation (-20 dB slope). It
seems the middle ear is a friction controlled system in the high frequency range.
The small difference in slope is caused by a small contribution of the mass of
the ossicles, since the displacement is inversely proportional to the square of the
frequency (-40 dB slope). In the mid-frequency region the middle ear system
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1.3 Middle ear

works optimal (resonance). At this point the mass and stiffness component in
the impedance cancel each other out, and maximum amplitude is achieved in the
vibration of the middle ear.

Table 1.1 also shows that the impedance is proportional to stiffness k and mass
m. As a consequence, both velocity and displacement are inversely proportional
to stiffness and mass, as presented in table 1.1. Thus, if the stiffness of the mid-
dle ear is increased in some way, then the response will decrease in the stiffness
controlled region (low frequencies) as seen in figure 1.10(b). A larger stiffness
can be achieved with a smaller tympanic cavity, because the stiffness of air varies
inversely with volume. Some animals like gerbils have evolved large tympanic cav-
ities compared to their head, to improve middle ear response in the low frequency
region. In this way the gerbil is better adapted to detect predators that generate
low frequency sounds when approaching silently. If the ossicle mass becomes
larger, then the response becomes smaller in the region controlled by mass (high
frequencies) as demonstrated in figure 1.10(c). This means that larger animals
with heavier ossicles will have a lower upper frequency limit in hearing. (Hemilä
et al., 1995)

Figure 1.11: Behaviour of the stapedius muscle during the acoustic reflex. (Gallé,
1979)

The contraction of the middle ear muscles protects the inner ear from sounds
with a high intensity level (starting from 90 dB SPL), a phenomenon know as
the acoustic reflex. When the middle ear muscles pull together, the acoustic
properties of the middle ear are changed and the sound transmission through the
system is reduced. Pang and Peake (1986) found that the contraction of the
stapedius muscle pulls the neck of the stapes backwards, as shown in figure 1.11.
As a consequence, the base of the stapes is tilted in the oval window stretching
the annular ligaments what results in an increased stiffness. Such a change
reduces the amount of sound transmitted to the inner ear in the low frequency
region (see figure 1.10(b)), which was confirmed by studies of Rosowski (1991)
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1 The mammalian ear

and Kobler et al. (1992). The tensor tympani pulls the malleus and the tympanic
membrane into the tympanic cavity, but it is not very clear how this movement
changes the sound transmission through the middle ear. Most probably the
contraction of the tensor tympani changes the stiffness of the tympanic membrane
or of its suspension, analogous to the stiffness change in the annular ligament
by the stapedius muscle. The middle ear muscles are also active during sound
vocalization in humans (Borg and Zakrisson, 1975) and bats (Henson, 1965)
for example. Prior to speaking, the muscles already prepare the middle ear to
attenuate the sound transmission during speech. In humans, this mechanism
already works at a sound pressure of 70 dB SPL, lower than the pressure where
the acoustic reflex becomes active.

The round window is needed to enable sound transmission through the inner ear.
If the inner ear would lack a round window, then all acoustic signals arriving at the
oval window would be reflected back to the middle ear due to the incompressibility
of the cochlear fluid. The flexible round window membrane counters the motion
of the base of the stapes, which permits the acoustic waves to pass through the
cochlear fluid.

The Eustachian tube has a function in the pressure regulation of the middle
ear. Normally, the Eustachian tube is closed, but it opens during swallowing
and under the presence of large pressure differences. If pressure in the tympanic
cavity is higher than the environmental pressure, then the excess air is pushed
out through the Eustachian tube as a consequence of the overpressure. In the
reverse situation, the Eustachian tube is opened actively by muscles to equalize
the pressure between the tympanic cavity and the environment. The pressure
regulation is crucial to keep the middle ear in the perfect conditions to perform
its function. Pressure differences could for example push the eardrum in- or
outwards, which affects the acoustic impedance and thus the sound transmission
in a negative way.

1.3.3 Non-linearity

For a linear system, the response to a tone scales at the same rate as the stimulus
level. In other words, if the input signal increases with 20 dB, then the response
of the system also goes up with the same amount. In case of a broadband
excitation signal, the shape of the system response is also preserved with a rise
in stimulus level.

In the auditory pressure and frequency range, the behaviour of the middle ear
closely resembles that of a perfect linear system. In humans, the auditory frequen-

16
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cies range from 20 Hz to 20 kHz, and the sound pressures go up to 130 dB SPL,
the pain threshold. In this range the ear has to perform preferably as a good
linear impedance transducer, to avoid any distortions in the sound transmitted to
the inner ear. At high sound pressures, however, the sound passing through the
middle ear is attenuated by the acoustic reflex of the middle ear muscles. Then,
the sound does not longer scale linearly with the stimulus level, and the middle
ear response has effectively become non-linear.

The middle ear portrays a clear non-linear behaviour when exposed to quasi-
static pressure changes that can go up to several kPa, a lot higher than the
90 Pa corresponding with a sound pressure of 130 dB SPL in the auditory range.
These large pressure changes can be due to changes in ambient pressure (taking
an elevator, emerging head under water, etc.) and gas exchange processes in
the tympanic cavity. They cause non-linear displacements of the ossicles and
the eardrum, and the presence of high pressures might also alter the sound
transmission itself in a non-linear way.

The auditory range

The subject of middle ear non-linearity in the auditory range did not receive a
lot of attention in the past, since the middle ear is considered to be linear up to
sound pressures of 130 dB SPL. However, there exist several papers (Rubinstein
et al., 1966; Guinan and Peake, 1967; Nedzelnitsky, 1980; Voss et al., 2000; Voss
and Shera, 2004; Goode et al., 1994; Dong and Olson, 2006; Dalhoff et al., 2007)
where the linearity of the middle ear was investigated, to exclude the influence
of any non-linearities on other measurements.

Rubinstein et al. (1966) investigated, in human cadaver ears, the vibration of the
base of the stapes with the help of capacitive probes. Swept sines going from
100 Hz to 10 kHz were used at different sound pressures ranging from 84 to
114 dB SPL. At the time, the use of capacitive probes enabled the measurement
of the small vibration amplitudes in the lower pressure range, which could not
be measured with other techniques. In earlier experiments, the middle ear re-
sponse was measured at higher sound pressures (above pain threshold) to obtain
detectable vibration amplitudes. The results of these experiments were extrap-
olated to lower sound pressure levels, assuming that the response of the middle
ear was linear at the higher levels. Rubinstein et al. verified this assumption,
and found the middle ear to be linear only up to sound pressures of 104 dB SPL,
as shown in figure 1.12. The plot shows the change in vibration amplitude as a
function of sound pressure at various frequencies. Below 104 dB SPL the plot
shows a linear increase, but above this sound pressure a small deviation from lin-
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Figure 1.12: Average displacement amplitude of the base of the stapes as a
function of sound pressure. (Rubinstein et al., 1966)

earity is seen. Results from other papers, discussed below, show no non-linearity
at this sound pressure, and it is unclear why it was found by Rubinstein et al.

Guinan and Peake (1967) used stroboscopic illumination to measure stapes dis-
placement in response to sinusoidal sound signals. The main goal of their paper
was to calculate the transfer characteristic of the cat middle ear, but they also
checked the linearity of the middle ear up to sound pressures of 150 dB SPL. They
found stapes displacement to be linear for sound pressures up to 130 dB SPL
and frequencies below 1.5 kHz, and for higher frequencies the linear range often
extended up to 140 or 150 dB SPL. Figure 1.13(a) shows the waveforms of both
stapes displacement and sound pressure at 120, 130 and 140 dB SPL, all three
compared with a perfect sinusoid. At 120 and 130 dB SPL there is a clear corre-
spondence between the sinusoids and the measurement data, indicating a linear
response. At 140 dB SPL the displacement of the stapes deviates from the linear
response when it moves medially. This shows that the movement of the stapes
into the cochlea is limited somehow, whereas it moves normally in the opposite
direction. This non-linear behaviour of the middle ear is attributed by Price and
Kalb (1991) to the annular ligament holding the base of the stapes in the oval
window. They constructed a non-linear model of the middle ear and tested it
on the displacement data from Guinan and Peake, as shown in figure 1.13(b).
This plot shows clearly that the displacement of the stapes start to deviate from
the linear response somewhere between 130 and 140 dB SPL, and there seems a
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(a) Guinan and Peake (1967) (b) Price and Kalb (1991)

Figure 1.13: (a) Stapes displacement for cat in response to a 300 Hz tone.
Triangles, squares and circles are displacements at 140, 130 and 120 dB SPL
respectively. Superimposed on these points are three sinusoids whose amplitudes
differ in 10 dB steps. (b) Stapes displacement versus sound pressure for a 315 Hz
stimulus tone. Data is fitted with both a linear and non-linear model of the middle
ear.

good correspondence between the data and the non-linear model.

Non-linearity of the middle ear over a wide frequency range was investigated
for cats by Nedzelnitsky (1980). Instead of measuring stapes displacement like
Guinan and Peake, Nedzelnitsky recorded sound pressure in scala vestibuli of the
cochlea (see section 1.4.1). This sound pressure is caused by the vibration of
the stapes in the oval window, and thus relates to middle ear vibration. The
measurement data indicated that the intracochlear pressure is related linearly to
the pressure at the eardrum at least as high as 105 dB SPL. Figure 1.14(a) shows
both phase and magnitude of the sound pressure measured in scala vestibuli at
input levels going from 15 to 105 dB SPL in 15 dB intervals. All the phase
curves overlap and the shape of the magnitude curves remains unchanged with
increasing stimulus level, a clear indication of linearity. Figure 1.14(b) shows that
up to 140 dB SPL departures from linearity are small (less than 3 dB). The plot
shows the ratio of intracochlear pressure to pressure at the tympanic membrane,
and for a linear system the magnitude curves should completely overlap. This is
not the case, but deviations are very small, and were attributed by Nedzelnitsky
to uncertainties in the measurements, such as sound source non-linearity.

Voss et al. (2000) measured stapes velocity in humans with laser vibrometry, and
found the middle ear response to be nearly constant up to 130 dB SPL, as shown
in figure 1.15(a). The plot shows the ratio of the stapes velocity to the sound
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(a) (b)

Figure 1.14: (a) Sound pressure in scala vestibuli in response to tones at sound
pressures ranging from 15 to 105 dB SPL. The upper plot shows the phase as
function of frequency, and the lower plot the magnitude. At the low end the curves
are disturbed by the noise level. (b) Ratio of sound pressure in scala vestibuli to
sound pressure at the tympanic membrane for sound pressure levels of 105, 120,
130 and 140 dB SPL. (Nedzelnitsky, 1980)
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(a) (Voss et al., 2000) (b) (Voss and Shera, 2004)

Figure 1.15: (a) Middle ear forward transfer function in human, i.e. ratio of stapes
velocity to ear canal pressure. The top plot shows magnitude, and the bottom plot
shows phase. (b) Middle ear reverse transfer function in cat, i.e. ratio of ear canal
pressure to stapes velocity.
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pressure in the ear canal for stimulus levels from 85 to 135 dB SPL (5 dB steps).
All curves overlap, only the curve at the highest stimulus level deviates from the
linear response. In cats, Voss and Shera (2004) also checked the linearity of the
middle ear for sounds transmitted in the reverse direction from the oval window
to the tympanic membrane. These measurements used sounds generated in the
inner ear: distortion product otoacoustic emissions (see section 1.4.3). These
signals are generated in response to externally applied sounds, and they saturate
at relatively low stimulus levels. So, for the experiments only stimulus levels up
to 95 dB SPL were used, and the corresponding emissions are even lower (up to
50 dB SPL). Although deviations are quite large, the results in figure 1.15(b) show
that the middle ear behaves linearly for reverse sound transmission. According to
the authors the deviations are caused by the low level of the otoacoustic emissions
(close to the noise level) and the difficulty in maintaining stable otoacoustic
emissions.

Goode et al. (1994) measured umbo and stapes displacement in human temporal
bones using laser vibrometry for use in models of the middle ear and found little
evidence of non-linearity for sound pressures up to 124 dB SPL. Dong and Olson
(2006) measured intracochlear pressures in gerbil and found the middle ear to be
linear in response to single tones between 50 and 90 dB SPL No measurements
were performed above the sound pressure of 90 dB SPL. Measurements in the
low sound pressure range were also done by Dalhoff et al. (2007). For these ex-
periments, umbo displacements were measured with laser vibrometry in response
to a single tone with stimulus levels from 20 to 65 dB SPL. For these low sound
pressures, no non-linear behaviour of the middle ear was found.

Quasi-static pressure changes

Large quasi-static pressure changes in the middle ear result in relatively large
tympanic membrane and ossicle displacements, that lie beyond their normal op-
erating range. These limits cause a clear non-linear component and asymmetry
(Guinan and Peake, 1967) in the movement of the middle ear structures. This
has for example been observed by Hüttenbrink (1988), Dirckx et al. (2006), and
Gea (2010).

Displacement of malleus, incus and stapes at pressures6 of 50, 100, 150, 200 and
400 mmH2O were measured by Hüttenbrink using microscopy. Results for malleus
displacement are shown in figure 1.16. Between pressures of -50 and 50 mmH2O

6A pressure of 100 mmH2O corresponds with approximately 1000 Pa, so measurements
were performed at 0.5, 1, 1.5, 2 and 4 kPa.
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Figure 1.16: Inward-outward movement of the malleus, as induced by static air
pressure. (Hüttenbrink, 1988)

the malleus displacement seems linear, but above and below these pressure a
strong reduction of the movement of the malleus becomes apparent. The clear
compression in the displacement of the middle ear ossicles is attributed to a
slippage in the joint between incus and malleus. Whereas the ossicles normally
move as a single rigid body, the slippage now reduces the motion of the chain.

These measurements were repeated by Dirckx et al. (2006) on the umbo and
stapes of the rabbit middle ear, this time with laser vibrometry. Stimulus signals
had an amplitude of 2.5 kPa and pressure change rates of 0.2 kPa/s (20 mHz)
to 1.5 kPa/s (150 mHz). Umbo and stapes displacement in response to 30 and
50 mHz pressure signals are shown in figure 1.17. The displacement of both
umbo and stapes show the same limitation in the movement of the ossicles at
large sound pressures as seen by Hüttenbrink. The plots also reveal hysteresis
in the displacement of the ossicles, thus a dissipation of energy throughout the
entire cycle. According to Dirckx et al., the hysteresis is caused by the non-linear
viscoelasticity of the eardrum and the ligaments joining the ossicles.

Displacements in the human and gerbil middle ear at different static pressures
have also been measured by Gea (2010). At static pressures ranging from -5 to
5 kPa, the displacements were calculated from data obtained with µ-CT scans.
The results are shown for human in figure 1.18. The plot shows the displacement

23



1 The mammalian ear

Figure 1.17: Stapes displacement (left column) and umbo displacement (right
column) as a function of pressure and for frequencies of 50 mHz (0.5 kPa/s) and
30 mHz (0.3 kPa/s) obtained in one ear. (Dirckx et al., 2006)

Figure 1.18: Displacement of malleus, incus and stapes in response to static
pressures ranging from -5 to 5 kPa. (Gea, 2010)
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of the malleus tip, and the incus and stapes at the incudomalleolar joint. The
flattening of the curves at higher pressures is again a clear demonstration of the
non-linear behaviour of the middle ear at static pressure changes, similar to the
compression seen by Hüttenbrink (1988) in figure 1.16.

1.4 Inner ear

1.4.1 Anatomy

(a) bony labyrinth (b) membranous labyrinth

Figure 1.19: (a) The bony labyrinth and (b) the membranous labyrinth of the
inner ear in human. (Gray (1918), public domain)

Figure 1.19 shows a sketch of the two different environments that can be found
in the inner ear: the bony and the membranous labyrinth.

The bony labyrinth is a series of cavities embedded in the skull bone, which are
filled with perilymph, a clear fluid rich in sodium ions. The three large cavities
forming the bony labyrinth are the cochlea, the vestibule and the semicircular
canals. The cochlea is the spiralling cone on the right. The ovoid shaped
vestibule is the central part of the bony labyrinth, and is situated in front of
the semicircular canals. At the side of the tympanic cavity there is an opening
in the vestibule, better known as the oval window (fenestra vestibuli). In a
normal ear this opening is sealed of by the base of the stapes and the annular
ligament. There are three semicircular canals: the superior, posterior and lateral
semicircular canal. They have a circular shape, and all three of them are oriented
perpendicular to each other. They open into the vestibule by five orifices instead
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of six, since the posterior and superior canal share a common crus. Each canal
has a dilatation at one end, called the ampulla, which measures more than twice
the diameter of the canal itself.

The membranous labyrinth, as shown in figure 1.19(b), is lodged within the
cavities of the bony labyrinth, and has the same general form as the latter. It is,
however, considerably smaller, and separated from the sides of the bony labyrinth
by the perilymph. In certain places it is fixed to the cavity walls. Within the
vestibule the membranous labyrinth does not follow the general shape of the bony
cavity, but consists of two membranous sacs, the utricle and the saccule. There is
no direct connection between the utricle and the saccule, but an intermediate duct
exists between the two. The semicircular ducts are embedded in the semicircular
canals, and they open by five orifices into the utricle. The cochlear duct is
wound up along the canals of the cochlea. Contrary to the bony labyrinth the
membranous labyrinth does not contain perilymph, but endolymph, a fluid rich
in potassium ions. Hair cells can be found in the membranes of the utricle,
the saccule, the ampulla of the semicircular ducts and the cochlear duct. The
hair cells in the inner ear function as detectors that pick up fluid vibrations and
displacements and convert them to neural pulses.

The semicircular canals, the utricle and the saccule do not perform an auditory
function, but are a part of the equilibrium organ. The cochlea is the only part
of the inner ear that plays a role in hearing, so in the following paragraphs only
the cochlea will be discussed in more detail. The discussion is also limited to the
non-nervous structures of the cochlea, since the nerves and the detailed structure
of the hair cells are less important in the scope of this thesis.

The cochlea consists of a conical shaped central shaft, the modiolus. In human
and in gerbil the canal of the cochlea turns two times and three-quarters around
the modiolus, and diminishes gradually in diameter from the base to the summit,
where it terminates in the cupula, which forms the apex of the cochlea. The bony
spiral lamina protruding from the modiolus follow the windings of the canal and
divide it partially into two. A close-up of a section through the cochlear canal
is shown in figure 1.20. The cochlear canal is divided in three section: scala
vestibuli, scala tympani and scala media. Both scala vestibuli and tympani are
part of the bony labyrinth of the inner ear, and are filled with perilymph. Scala
vestibuli start at the base of the cochlea where the oval window is situated,
and it spirals upwards to the apex of the modiolus. At the cupula there is a
small opening, the helicotrema. This opening is the connection between scala
vestibuli and scala tympani, and from this point the latter spirals downwards
around the modiolus to the base of the cochlea, where the round window is
located. The name of the scala vestibuli is derived from its proximity to the
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Figure 1.20: Section of the cochlear duct. (Fawcett, 1994)

vestibule, and the name of the scala tympani stems from its ending at the round
window in the tympanic cavity. Scala media lies between the two other scalae,
and it is a part of the endolymph filled membranous labyrinth of the inner ear.
At the top it is separated from scala vestibuli by the Reissner’s membrane, a thin
membrane of only two layers of epithelium cells. The separation between scala
media and scala tympani is formed by the cochlear partition, a larger structure
composed of different parts. The first part is the bony spiral lamina that extends
from the modiolus and splits the cochlear duct partly in two. The other part
is the basilar membrane, which continues from the bony spiral lamina to the
outside wall of the cochlear duct. Resting on the basilar membrane is a small
but complicated superstructure, known as the organ of Corti, which contains the
hair cells. Another important structure is the tectorial membrane. It starts at
the tip of the bony spiral lamina, and at the other ends it covers the top of the
organ of Corti.

Figure 1.21 gives a detailed overview of the organ of Corti, and its most important
cellular structures. The organ of Corti is built up around the column-like pillar
cells, that come in two rows of differently shaped cells: the inner and outer pillar
cells. The trunks of these cells are composed of dense matrices of interlaced
microfibrils and microtubules, which makes the pillar cells a relative rigid structure
compared to the surrounding structures. Every inner pillar cell is paired with an
outer pillar cell, where their apical surfaces are joined together and their bases
connect to the basilar membrane at widely separated positions. In this way the
pillar cells form a triangular structure with a cell-free space in between. This
set-up of pillar cells is continued in the longitudinal direction, creating a smooth
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Figure 1.21: Detailed view of the organ of Corti on the cochlear partition. (1)
inner hair cells (2) outer hair cells (3) Deiters’ cells (4) inner pillar cells (5) outer
pillar cells (6) tunnel of Corti (7) Hensen’s cells (8) bony spiral lamina (9) basilar
membrane (10) tectorial membrane (11) inner phalangeal cells (Kiang, 1984)

surface on the top and the tunnel of Corti underneath. At the left of the pillar
cell pair, in the direction of the modiolus, lies one of two sound-sensing cell types,
the inner hair cell. These pear shaped cells are completely surrounded by the
inner phalangeal cells. The inner hair cells form a single uninterrupted row from
the base of the cochlea to its apex. The other sound-sensing cells, the outer hair
cells, can be found at the opposite side of the pillar cell pair. There are three
rows of outer hair cells that run from base to apex, just like the inner hair cells.
The cylindrical outer hair cells are not surrounded by other cells, they are only
supported at their base and apex by specialized Deiters’ cells. This leaves the
sides of the outer hairs cells free from cellular contact. Both types of hair cells
have stereocilia protruding from their apical surface. The cilia of the inner hair
cells are arranged on a line, while those of the outer hair cells are organized on a
semicircle. The apical surface of the organ of Corti is the separation between the
endolymph in scala media and the perilymph in scala tympani. Therefore, the
cilia of the hair cells are embedded in an endolymphatic environment, while the
other parts of the hair cells are surrounded by perilymph. Beyond the outer hair
cells there are several types of supporting cells, but figure 1.21 only shows the
Hensen’s cells. The gelatinous tectorial membrane attaches to the organ of Corti
at the Hensen’s cells and the outer hair cells, but there is no direct connection
between the inner hair cells and the tectorial membrane.
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1.4.2 Physiology

Figure 1.22: Schematic overview of sound transmission through the cochlea.
(Geisler, 1998)

(a) (b)

Figure 1.23: Oscillation of the cochlear partition in the dead human cochlea.
(a) Cochlear partition response to a tone of 200 Hz. The dot-dashed curve was
measured one quarter of a period after the solid curve. The envelope of the
displacement wave is marked with dashed lines. (b) The upper plot shows the
envelopes of the cochlear partition response to four different frequencies. The
bottom plot shows the phase angles relative to stapes movement. (Von Békésy,
1947)

Figure 1.22 demonstrates the basics of the sound detection in the inner ear. The
simplified cochlea representation shows the spiralling cochlear duct as if it were
unwound. Scala vestibuli is shown on top, scala tympani at the bottom and
the helicotrema connects both scalae. Between these perilympathic ducts lies
the endolymphatic scala media. Scala vestibuli is separated from scala media
by the Reissner’s membrane. Scala tympani is separated from scala media by
the cochlear partition, the structure composed of the basilar membrane and the
organ of Corti. The vibration of the stapes sets the cochlear fluid in motion at
the oval window, and the pressure waves move through scala vestibuli and scala
media, because of the negligible acoustic impedance of the Reissner’s membrane.
The acoustic energy is absorbed by the vibration of the cochlear partition as
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the sound wave passes along its surface. For each frequency the absorption of
acoustic energy reaches a maximum at a well defined position of the cochlear
partition: close to the stapes for high frequencies and close to the helicotrema
for low frequencies. The vibration of the cochlear partition and the embedded
organ of Corti sets the hairs cells in motion, which converts the vibration into
neural pulses.

Cochlear partition vibration in the dead cochlea

Figure 1.23 is an example of the passive frequency tuning capacity of the cochlear
partition as discovered by Von Békésy (1947) in measurements on the dead
human cochlea. Figure 1.23(a) shows the displacement of the cochlear partition
in response to a 200 Hz tone. The solid and dot-dashed curve were recorded one
quarter of a period apart. The dashed line shows the envelope of positions with
maximum up- and downward displacement. The measurements show a travelling
wave moving along the cochlear partition, since each extremum of the initial
wave moved to the right (away from the stapes) one quarter of a period later.
The maximum of the envelope gives the position at the cochlear partition most
sensitive to the frequency of 200 Hz, approximately 28.5 mm away from the
stapes. Figure 1.23(b) shows the displacement envelopes in response to tones
of different frequencies ranging from 50 to 300 Hz. As can be seen, each tone
produced a localized response at a different position of the cochlear partition.
Higher frequencies show a maximum response close to the stapes, while lower
frequency responses lie further away. The phase change of the cochlear partition
displacement relative to the stapes movement is also a clear indication of a
travelling wave.

The vibration of the cochlear partition is driven by the difference in pressure
between scala vestibuli and scala tympani. Figure 1.24 gives the intracochlear
pressures measured in cat by Nedzelnitsky (1980). The plot shows the pressure
in both scala vestibuli (solid curve) and scala tympani (dashed curve) relative
to the pressure at the eardrum. In scala vestibuli the pressure rises more or less
linearly in the low frequency range, and after 1 kHz it settles at a constant level.
This corresponds with the sound transmission through the middle ear described
in section 1.3.2. At the resonance frequency, sound energy is transmitted in the
most efficient way to the cochlea. Below the resonance frequency the influence
of stiffness on the acoustic impedance of the middle ear increases and incoming
sound waves are reflected. The sound pressure in scala tympani is clearly lower
than that in scala vestibuli and the difference between both forms the effective
sound stimulus for the inner ear (Voss et al., 1996; Puria et al., 1997).
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Figure 1.24: Ratio of intracochlear sound pressure to pressure at the eardrum
as a function of frequency. Solid lines shows pressure in scala vestibuli near the
stapes, and the dashed line shows pressure in scala tympani near the round window.
(Nedzelnitsky, 1980)

Figure 1.25: Mechanical model of the cochlear partition. Each section of the
cochlear partition is represented by a plate with a certain mass, suspended from
the side of the cochlea with springs and subjected to friction. The motion of the
plate is driven by the pressure difference above and below. (Geisler, 1998)
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The passive response of the cochlea can be described with the simple model
presented in figure 1.25. Each section of the cochlear partition is represented
as a thin rigid plate with a certain mass. The plate is suspended from the side
of the cochlea with springs, and the motion of the plate is impeded by friction.
The acoustic impedance of the Reissner’s membrane is negligible, so the pres-
sure in scala media can be assumed equal to the pressure Pv in scala vestibuli.
The difference in pressure between scala vestibuli (Pv ) and scala tympani (Pt)
is the driving force on the cochlear partition. This type of models is capable of
producing travelling waves with maxima at certain positions of the cochlear par-
tition depending on stimulation frequency (Geisler and Sang, 1995). Therefore,
the models have to assign exponentially decreasing stiffness’s to each section,
as seen in the measurements of Von Békésy (1960). So, sections close to the
stapes have a large stiffness, which decreases quickly for sections further away.

Figure 1.26: Mechanical model of the cochlear partition showing three represen-
tative sections. All three plates have the same mass M, only the stiffness K of the
springs differs between sections. The stiffness K2 of the middle section is tuned to
the frequency of the stimulating tone (ω0). The left section has a higher stiffness
(10K2) and is tuned to higher frequency, and the right section with a lower stiffness
(K2/10) is tuned to a lower frequency. (Geisler, 1998)

Figure 1.26 shows three representative sections of such a model, driven by a
single tone stimulus with radian frequency ω0. All sections have the same mass
M and friction coefficient D, but a different stiffness K . The middle section
has a stiffness K2, the stiffness of the left section is ten times larger, and the
stiffness of the right section ten times smaller. The acoustic impedance |Z | of
the different sections is given by the following equation.

|Z | =
1

A2

√(
Mω0 −

K

ω0

)2

+ D2 (1.3)
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Assume that ω0 has a value equal to
√
K2/M , then equation 1.3 shows that

the reactive component Mω0 − K/ω0 goes to zero for the middle section. The
stiffness and mass term cancel each other, and the section is in resonance. The
impedance drops to its lowest value (D/A2). For the left section with a higher
stiffness (K1 = 10K2) the stiffness term becomes dominant in equation 1.3.
This section would be in resonance at a frequency of

√
10K2/M , approximately

three times larger than the resonance frequency of the middle section. The right
section on the other hand has a smaller stiffness (K3 = K2/10), and in this
case the mass term becomes the most important factor governing the acoustic
impedance. The resonance frequency is around three times smaller than that of
the middle section.

To recapitulate, an acoustic stimulus with a frequency ω0 =
√

K2/M entering
the cochlea first encounters sections with a stiffness larger than K2. The large
stiffness causes a large acoustic impedance, and only a little acoustic energy
is absorbed by cochlear partition displacement. The acoustic wave moves on
with only a slightly decreasing amplitude until it encounters the resonant section
with the lowest acoustic impedance where the largest part of the acoustic energy
is absorbed. What little energy is left in the wave is quickly dissipated in the
mass-dominated sections lying beyond.

Cochlear partition vibration in the living cochlea

The experiments of Von Békésy (1947) demonstrated that the cochlear partition
vibrates with maximum amplitude in different regions depending on the frequency
of the stimulus tone. However, responses are not limited to a small region, but
are spread out over a larger area (see figure 1.23). The vibration of the cochlear
partition is thus tuned to the frequency content of the stimulus, but it is poorly
localized. Von Békésy used stroboscopic flashes of white light to record the
displacement of the cochlear partition, which limits the detectable amplitudes to
the wavelengths of the used light (500 nm). High stimulation levels were required
to obtain responses of this amplitude on the cochlear partition. His measurements
were performed on a dead and thus inactive cochlea. So, the measurements of
Von Békésy were experimentally limited to a non-physiological range. More
recent measurements on the living cochlea with more sensitive techniques such
as the Mössbauer effect (Rhode, 1971) and heterodyne interferometry (Ruggero
et al., 1992a), show a lightly damped and well localized deflection peak at low
sound pressure levels.

Figure 1.27(a) shows peak velocities of the chinchilla cochlear partition, at a high
frequency position close to the stapes, and in response to tones with different
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(a) Peak velocities (Ruggero and Rich, 1991) (b) Level response curves (Ruggero, 1992)

(c) Response ratio (Ruggero et al., 1992b)

Figure 1.27: Responses of the chinchilla cochlear partition (near stapes) to various
tones. (a) Peak velocities of responses elicited by tones of various frequencies. (b)
Level response curves, i.e. response amplitudes plotted as a function of sound level.
(c) Ratio between cochlear partition and stapes response. In figures (a) and (c)
the curves are plotted at different sound pressures (dB SPL) and in figure (b) at
different frequencies (kHz).
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frequencies. The solid lines connect the velocities obtained by tones with the
same sound pressure level. At high levels, a broad response peak is seen similar to
the results of Von Békésy, but at a sound pressure of 3 dB SPL the response peak
is narrow and well-localized around 9 kHz. At this frequency the peak velocities
do not increase linearly as a function of applied sound pressure. For example, at
3 dB SPL the peak velocity lies around 0.1 mm/s and at 80 dB SPL it has not
even risen to 1 mm/s. So, an increase in sound pressure of 80 dB (104) does
not even result in a ten fold rise (< 20 dB) in velocity of the cochlear partition.
At frequencies distant from 9 kHz, the cochlear partition does respond in a
linear manner. Around 5 kHz for example the vibration velocity is approximately
0.005 mm/s for a stimulus level of 40 dB SPL and grows to a value of 0.05 mm/s
for a stimulus level of 80 dB SPL. Thus, an increase of 40 dB in stimulus level
gives an hundred fold (40 dB) rise in vibration velocity.

This effect is seen more clearly in the level response curves of figure 1.27(b). Here,
the cochlear partition velocity is plotted as a function of applied sound pressure
for different frequencies. For frequencies close to 9 kHz, the velocity amplitudes
of the cochlear partition increase slowly with sound pressure. Only the 5 kHz
curve follows the linear increase indicated in the plot. Some kind of compression
seems to be present at the characteristic frequency of the measurement position
on the cochlea. Actually, the vibration responses of the cochlear partition are
not compressed, but at low sound pressures a strong amplification mechanism
is present that reaches its limit at higher sound pressures. If the amplification
mechanism would still be active at higher sound pressures, then the vibration
amplitudes would become too large and cause damage to the cochlear partition.

The extraordinary nature of this amplifying system is highlighted in figure 1.27(c).
The plot shows the ratio of the cochlear partition response relative to the corre-
sponding linear response of the stapes. For a weak 9 kHz stimulation, the cochlear
partition’s response was ten thousand times larger than that of the stapes, but
that ratio drops quickly with increasing intensity. Rhode (1973) demonstrated
that the amplification is only present in a living and active cochlea, and disappears
rapidly post-mortem.

Cochlear partition vibrations have also been measured in the apical part of the
cochlea by Rhode (1978); Ulfendahl et al. (1989); Gummer et al. (1995); Rhode
and Cooper (1996). Contrary to the amplification in the basal turn, apical turn
amplification is relatively small (< 20 dB) and is not confined to frequencies near
the characteristic frequency. In short, the responses to all low-level tones are
boosted a bit, with little change in frequency selectivity as intensity is increased.
This dramatic difference in the mechanical behaviour of the two cochlear regions
has no theoretical explanation as yet.
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The cochlear amplifier

Figure 1.28: Motion of the basilar membrane and the reticular lamina elicited
with electrical excitation in the apical portion of the guinea pig cochlea. The left
part shows a section through the cochlear partition with the measurement positions
indicated with dark circled B’s. The right part shows the basilar membrane and
reticular lamina responses to the applied stimulus current. BM: basilar membrane,
RL: reticular lamina, IHC, OHC: inner and outer hair cells, TC: tunnel of Corti,
TM: tectorial membrane. (Mammano and Ashmore, 1993)

Amplification of low level acoustic signals in the basal part of the cochlea is not
fully understood, but there are strong indications that contraction of the outer
hair cells play an important role in the augmentation mechanism. In vitro mea-
surements on the guinea pig cochlea by Mammano and Ashmore (1993) revealed
that a brief current through the cochlear partition causes the basilar membrane
and the reticular lamina to move towards each other (see figure 1.28), where
the reticular lamina are the tightly joined tops of the outer hair cells and the
phalangeal processes of the Deiters’ cells. The specific orientation between the
outer hair cells and their supporting Deiters’ cells is the cause of the large retic-
ular lamina displacement compared to the small basilar membrane displacement.
There are also in vivo experiments using sinusoidal (Nuttall and Dolan, 1993;
Nuttall and Ren, 1995; Xue et al., 1995) or direct (Nuttall et al., 1995) electrical
stimulation that support the contracting outer hair cell hypothesis. Sinusoidal
stimulation, for example, results in basilar membrane displacement patterns sim-
ilar to the ones generated by an acoustic stimulus with the same frequency.

The cochlear amplifier seems to favour tones with frequencies near the charac-
teristic frequency of a given location on the cochlear partition. Near resonance
the stiffness impedance is nearly equal in magnitude to the mass impedance, but
both are of opposite phase. Thus these two reactive impedances nearly can-
cel each other out, and only the friction component remains. If somehow that
resistance could be reduced, larger responses would occur near resonance.
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Figure 1.29: Possible mechanism behind the cochlear amplifier. Contraction of
the outer hair cells generates upward forces on the basilar membrane that counter
the downward friction forces. (Geisler, 1998)

Figure 1.29 illustrates how the contraction of the outer hair cells attributes to
the reduction of friction in the cochlear partition vibration. It shows the vibrating
cochlear partition just as it moves through its rest position towards scala vestibuli.
For sinusoidal oscillations, this position occurs at the moment of maximum up-
ward velocity. Because the forces generated by viscous friction are proportional
to velocity, the friction forces are also maximum at that moment, resisting the
upward movement. But the contraction of the outer hair cells at this exact mo-
ment, pulls the basilar membrane upwards, which counters the downward friction
forces. This compensation of friction (negative damping) is fundamental to al-
most all recent cochlear models (de Boer, 1995; Hubbard and Mountain, 1996),
in order to produce responses that are in agreement with the experimental results
shown in figure 1.27.

1.4.3 Non-linearity

If a linear system is presented with a single frequency stimulus tone, then the
response will be a tone with the same frequency. The only changes that occur
in the output signal are amplitude changes and phase shifts that depend on the
dynamics of the stimulated system. In case of simultaneous stimulation with
two tones of different frequency, the output will just be the sum of the system
responses to the individual tones. In other words, the two tones presented to the
system do not influence each other, they both interact independently with the
system. The situation is completely different for a non-linear system, because
here tones of a different frequency will affect each other. The output will not
just be a linear combination of the responses to the individual input tones, but
one tone could alter the amplitude and phase of the other and vice versa, and
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other tones are introduced in the output signal.

Contrary to the middle ear, which shows only weak non-linear behaviour in the
auditory range, the cochlea exhibits strong non-linearity. The two most promi-
nent expressions of the cochlea’s non-linearity, are response suppressions and
otoacoustic emissions. Both seemingly unrelated phenomena can be attributed
to the mechanism responsible for the cochlear amplifier (section 1.4.2), since
models incorporating this mechanism (Geisler and Sang, 1995) are also capable
of producing these non-linearities.

Response suppressions

(a) (b)

Figure 1.30: Two-tone suppression of responses of the basilar membrane in the ex-
treme base of the cat cochlea. (a) Suppression of a probe tone (34 kHz, 54 dB SPL)
as a function of suppressor tone level. The different curves represent results ob-
tained with different suppressor tone frequency. The solid curves have a suppressor
frequency below the probe frequency, while the dashed curves have a suppressor
frequency above the probe frequency. (b) Suppression of a probe tone (34 kHz) as
a function suppressor tone level, for a 1 kHz suppressor tone. The dashed curves
show the suppression for different probe tone intensities, and the solid curves show
the evolution of the suppressor tone. (Rhode and Cooper, 1996)

Response suppression is a phenomenon where the various components of an input
signal interact in a suppressive manner. There is no limit on the number of tones
that can be present in the input, but most relevant studies concentrate on two-
tone suppressions. In such experiments, a probe tone is presented at a constant
amplitude, and in the meanwhile a suppressor tone of different frequency is varied
over a series of intensities. The results of such experiments on the cat cochlea are
presented in figure 1.30(a), where the probe tone was set to the characteristic
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frequency (34 kHz) of the measurement position at the extreme base of the
basilar membrane. The suppressor tone was presented at different frequencies
above and below the probe frequency. Above a suppressor level of 50 dB SPL,
the influence of the suppressor tone on the probe tone manifests itself, and the
pattern of the suppression is the same, regardless of the suppressor’s frequency.
In the experiment, there was an upper limit of approximately 41 kHz to suppressor
tone frequency, but there seemed no lower frequency limit. Figure 1.30(b), for
example, shows the suppression exercised by a 1 kHz suppressor tone on the
response of a 34 kHz probe tone at 54, 64 and 74 dB SPL.

Otoacoustic emissions

Otoacoustic emissions are sounds generated within the inner ear of almost all
vertebrates. They were discovered by Kemp (1978), and can occur with or with-
out any stimulation of the ear. Sounds generated within the inner ear without
any external stimulation are known as spontaneous emissions. Evoked emissions,
on the other hand, are generated in response to externally applied signals. A
distinction is made depending on the type of excitation signal: two-tone signals
(distortion product emissions), short clicks (transiently evoked emissions), contin-
uous sounds (stimulus frequency emissions) and electrical stimulation (electrically
evoked emissions).

Figure 1.31: Frequency spectrum of the spontaneous otoacoustic emissions
recorded in the ear canal of a normal human subject. (Martin et al., 1990)

Spontaneous otoacoustic emissions These are generated by most human
ears in the frequency range from 0.5 to 6 kHz, and they typically consist of
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groups of pure tones. A spectrum of spontaneously generated emissions in a
human ear can be seen in figure 1.31. Three more or less equidistant peaks are
visible above noise level. These kind of emissions are generated by the cochlear
amplifier working as a feedback loop. Indeed, the outer hair cells contract in
response to basilar membrane displacements, but these contractions in their turn
cause new basilar membrane displacements and the consequent outer hair cell
contractions. Such feedback loops are known to become unstable and produce
sustained oscillations. However, this instability would cause emissions over the
entire frequency range. Irregularities in the hair cell arrays are probably the reason
why spontaneous emissions are only seen at some closely tuned frequencies.
Spontaneous emissions do for example not occur in rodents, which have smooth
outer hair cell arrays (Engström et al., 1967).

Figure 1.32: (a) Frequency spectrum of the distortion product emissions recorded
in the ear canal of a normal human subject. (Lonsbury-Martin and Martin, 1990)

Distortion product emissions This type of emissions are produced by the
inner ear in response to a two-tone excitation signal. For the example shown in
figure 1.32, an excitation with two primary tones of equal amplitude was used.
The signal consisted of one tone with a lower frequency (fL, 3.16 kHz) and
one with higher frequency (fH , 3.82 kHz), and caused a small distortion product
emission at 2.5 kHz. This frequency corresponds with the cubic distortion product
2fL − fH . In humans these distortions product emissions have their frequencies
in the 0.5 to 5 kHz range, and are typically three orders of sound pressure
below the primary tones. To produce otoacoustic emissions, the frequencies of
the lower and higher tone have to be close to each other. For example, in
humans (Harris et al., 1989) and rhesus monkeys (Park et al., 1995) maximum
emission amplitudes occur when the ratio fL/fH of the primary frequencies is
about 1.2. Theoretically, there are different types of non-linear mechanisms that
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could produce these distortion product emissions, but models indicate that the
cochlear amplifier is responsible for them. In the cochlear models, the distortion
product emissions are generated between the lower and higher frequency region
on the cochlear partition, and from there on they move out of the ear as travelling
waves. Here also lies the reason why distortion products with frequencies above
fL and fH , such as 2fH and 2fH−fL, are not detected as emissions. They originate
in a region of the cochlear partition that lies beyond their respective resonance
points, in a portion where they are strongly attenuated and cannot propagate as
travelling waves.

(a) (b)

Figure 1.33: (a) Transient emissions evoked in the human ear by tone bursts of
three frequencies (top three traces) and a click (fourth trace down). The average
of the three tone bursts is given in the bottom trace. (b) Respective frequency
spectra of the transient emissions. (Probst et al., 1986)

Transiently evoked emissions Clicks or short tone bursts are used to gener-
ate this type of emissions. Responses obtained for three short tones burst with
different frequencies and one click are shown in figure 1.33. The responses right
after the end of the evoking signal are shown on the left, and their respective
spectra on the right. The emissions evoked by each tone burst had a sharp peak
at the excitation frequency, indicating sustained ringing at that frequency (as is
visible in the waveforms). The emissions evoked by the click tended to produce
all of those ringings simultaneously, as can be seen in the comparison of the
spectrum of the click response (fourth curve) and the average spectrum of the
short tone burst responses (bottom curve). Six spontaneous emissions were also
present, their frequencies indicated by lines and arrowheads. Although excitation
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signals are presents, this type of otoacoustic emissions shares many similarities
with spontaneous emissions, such as the different tones in the response that are
more or less equidistantly spaced. Apparently, both phenomena are caused by
the instability of the feedback amplifier in the cochlea.

Stimulus frequency emissions Although difficult, it is possible to measure
otoacoustic emissions in response to a continuous stimulus. The problem is
to separate these stimulus frequency emissions from the simultaneously applied
excitation signal. The technique is to compare the response spectra at low and
medium sound levels. Since emissions saturate at low amplitudes, the difference
in the shape of the respective spectra is a measure of the emissions present at
low intensities. As parallels between the behaviour of stimulus frequency and
transient emissions exist for almost every aspect compared, it is thought that the
two types of emissions must be produced by the same mechanism (Probst et al.,
1991).

Electrically evoked emissions Mountain and Hubbard (1989) demonstrated
that cochlear stimulation with an alternating current generates otoacoustic emis-
sions of the same frequency in the external ear. The voltages created within
the outer hair cells by the applied current sets the cochlear feedback ampli-
fier in motion, that initiates travelling acoustic waves in the cochlea. Electrically
evoked emissions share many of the characteristics of acoustically generated emis-
sions. Indeed, emissions produced by the two types of stimulation interact readily.
Acoustic stimulation enhances electrically evoked emissions (Xue et al., 1995),
and electrical stimulation can modulate the amplitude of acoustically evoked
emissions (Hubbard and Mountain, 1983).
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CHAPTER 2

Non-linear systems and detection methods

The first section in this chapter describes linear time-invariant systems and their
properties, a necessary step to understand the non-linear systems studied in the
scope of this thesis. Then, the next section gives a description of the non-
linear systems. However, not all types of non-linear systems will be discussed
since the range of non-linear systems is actually very large. The focus will lie
on time-invariant weakly non-linear systems and slowly time-varying weakly non-
linear systems. The third section gives a short overview of the different existing
methods commonly used in the detection of system non-linearities. The final
section focuses on the odd random phase multisine analysis method that is used
in the experiments presented in this thesis.

The most important sources used for this chapter are the book ‘System identifica-
tion: a frequency domain approach’ by Pintelon and Schoukens (2001), the book
‘Nonlinearity in structural dynamics: detection, identification and modelling’ by
(Worden and Tomlinson, 2001), the thesis ‘Distortions analysis of weakly non-
linear filters using Volterra series’ by Cherry (1994), the paper ‘Summary and
comparing overview of techniques for the detection of non-linear distortions’
by Vanhoenacker et al. (2002) and the paper ‘Experimental characterization of
operational amplifiers: a system identification approach - part I: theory and sim-
ulations’ by Pintelon et al. (2004b).
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2 Non-linear systems and detection methods

2.1 Linear time-invariant systems

2.1.1 Definition

A linear time-invariant system is a system that satisfies both conditions of linearity
and time-invariance.

Linearity

A system is called linear if it satisfies two conditions on how it responds to specific
combinations of input signals. The additivity condition describes how the system
reacts to the summation of different input signals, and the homogeneity condition
describes the response of the system to a scaled input signal.

Additivity Consider two arbitrary input signals x1(t) and x2(t) that produce the
respective output signals y1(t) and y2(t) when applied to the system. Now, a
system is additive if the its response to the sum of these two input signals is
equal to the sum of their individual responses.

x1(t) + x2(t) −→ y1(t) + y2(t) (2.1)

This has to be valid for every input signal x1(t) and x2(t).

Homogeneity Consider an arbitrary input signal x(t) that evokes an output
signal y(t) when applied to the system. The homogeneity condition is met when
the input signal scaled by a factor α results in the output signal y(t) being scaled
by the same factor.

αx(t) −→ αy(t) (2.2)

This has to be valid for every input signal x(t) and scale factor α.

These two conditions can be combined in the more general superposition princi-
ple.

Superposition Consider two arbitrary input signals x1(t) and x2(t) that produce
the respective output signals y1(t) and y2(t) when applied to the system. A
system fulfils the superposition principle if a linear combination of these two
input signals with scalars α and β results in the same linear combination of the
output signals y1(t) and y2(t).

αx1(t) + βx2(t) −→ αy1(t) + βy2(t) (2.3)

This has to be valid for every input signal x1(t) and x2(t) and every scalar α and
β.
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2.1 Linear time-invariant systems

Time-invariance

A system is called time-invariant if its response does not change as a function of
time.

Time-invariance Consider an arbitrary input signal x(t) that generates an out-
put signal y(t) when applied to the system. The system is time-invariant if a
time shift t0 of the input signal results in the same time shift of the output signal.

If x(t) −→ y(t) then x(t − t0) −→ y(t − t0) (2.4)

This should be valid for every input signal x(t) and time shift t0.

2.1.2 Properties

The conditions that define linear time-invariant systems make it very easy to
describe and study them. Only the system response h(t) to a Dirac delta function
δ(t) needs to be known to describe the response to any other type of input signal.
Consider for example a discrete function x(t) written as a sum of delta functions
at different times ti , each multiplied with the value of x(t) at that time instant.
The response of a linear time-invariant system to this signal can be written in
the following form.

x(t) =
∑
i

x(ti)δ(t − ti) −→ y(t) =
∑
i

x(ti)h(t − ti) (2.5)

The input signal is a linear combination of delta functions, and because of the
superposition principle the output is a linear combination of the responses to the
delta function with the same coefficients x(ti). If the response h(t) to the delta
function δ(t) is known, then the response h(t − ti) to the time-shifted δ(t − ti)
is also known, because of the time-invariance property. For continuous signals
this response can be generalized in the following way.

x(t) =

∫ +∞

−∞
x(τ)δ(t − τ) dτ −→ y(t) =

∫ +∞

−∞
x(τ)h(t − τ) dτ (2.6)

The expression on the right is a convolution of the input signal x(t) with the
impulse response function h(t), noted as x(t) ∗ h(t). This demonstrates nicely
how the properties of a linear time-invariant system enable a simple description of

45



2 Non-linear systems and detection methods

the system. In the frequency domain the expression becomes even more simple,
because the Fourier transform converts the convolution operator into a simple
product.

F {y(t)} = F {x(t) ∗ h(t)} =⇒ Y (ω) = X (ω)H(ω) (2.7)

One of the characteristics of a linear system is that the output can only have
tones at the same frequencies as the input signal. Calculating the response of
the system to a single frequency tone nicely demonstrates this property. Con-
sider for example a linear time-invariant system defined by a certain impulse
response function h(t) and an input signal x(t) = cos(ω0t) with angular fre-
quency ω0 = 2πf0. The Fourier transform of the input signal gives the spectrum
X (ω) = π [δ(ω − ω0) + δ(ω + ω0)]. This input spectrum has a two peaks, one
at the frequency f0 and the other at −f0. The latter is a consequence of the
Fourier transform, so the signal clearly has one tone at a frequency f0. According
to equation 2.7 the response of the system to this signal is calculated by mul-
tiplicating the input spectrum with the Fourier transform H(ω) of the impulse
response function h(t).

Y (ω) = X (ω)H(ω) (2.8)
= π [δ(ω − ω0) + δ(ω + ω0)]H(ω) (2.9)
= π [H(ω0)δ(ω − ω0) + H(−ω0)δ(ω + ω0)] (2.10)

The multiplication returns the same spectrum with two peaks at f0 and −f0, only
the amplitudes are shaped by the impulse response at ω0 and −ω0. If it is valid
for a single tone then it is also valid for a signal containing different frequencies,
as a consequence of the superposition principle.

2.2 Non-linear and time-varying systems

2.2.1 Non-linear systems

All systems that do not meet the superposition principle fall in the category of
non-linear systems. For example, a system with a quadratic component f (t) =
x2(t) does not follow the superposition principle. If a linear combination of two
different input signals x1(t) and x2(t) is applied to such a system, then the output
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2.2 Non-linear and time-varying systems

will not be the same linear combination of the respective output signals x21 (t)
and x22 (t), as can be seen in the following equation.

αx1(t) + βx2(t) −→ α2x21 (t) + 2αβx1(t)x2(t) + β2x22 (t)

6= αx21 (t) + βx22 (t)

A cross term is present and the squared terms are also multiplied with squared
coefficients α2 and β2, which completely differs from the expected output of a
linear system, as shown in the last line.

Weakly non-linear systems

x(t)
- LS - ly(t)

- NLS

?
+

Figure 2.1: General set-up of a weakly non-linear system, consisting of a main
linear part (LS) and a smaller non-linear part (NLS). (Pintelon and Schoukens,
2001)

A lot of systems studied in physics and engineering are linear time-invariant sys-
tems, but the class of non-linear systems is a lot larger. The non-linear systems
can range from linear time-varying systems with only a small non-linear com-
ponent to systems that display bifurcation or chaotic behaviour. In this thesis,
systems of the first kind, known as weakly non-linear systems, will be studied.
Figure 2.1 shows the basic set-up of such a system, where the response to a
signal x(t) consists of the sum of a linear component yl(t) and a non-linear
component ynl(t). The system is considered to be weakly non-linear if the linear
contribution dominates the non-linear one for sufficiently small inputs, as shown
in the following expression.

lim
xrms −→ 0

(ynl)rms

(yl)rms
. (2.11)
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2 Non-linear systems and detection methods

Properties

As seen in section 2.1.2 (equation 2.6), the response of a linear time-invariant
system is given by the convolution of an input signal x(t) with the impulse
response function h(t) describing the system.

y(t) = x(t) ∗ h(t) =

∫ +∞

−∞
x(τ)h(t − τ) dτ (2.12)

Linear and non-linear functions that are infinitely differentiable in the neighbour-
hood of a real or complex number, can be represented by a Taylor series.

y(t) = f (x(t)) =
+∞∑
n=0

f (n)(x0)

n!
(x(t)− x0)n =

+∞∑
n=0

cnx
n(t) (2.13)

A combination of the Taylor series and the convolution results in a series suited
to represent weakly non-linear systems, a Volterra series.

y(t) =
+∞∑
n=1

∫
· · ·
∫ +∞

−∞

n∏
k=1

x(τk)hn(t − τ1, · · · , t − τn) dτ1 · · · dτn

=

∫ +∞

−∞
x(τ)h1(t − τ) dτ

+

∫∫ +∞

−∞
x(τ1)x(τ2)h2(t − τ1, t − τ2) dτ1 dτ2

+

∫∫∫ +∞

−∞
x(τ1)x(τ2)x(τ3)h3(t − τ1, t − τ2, t − τ3) dτ1 dτ2 dτ3

+ · · ·

With x(t) the input signal, y(t) the output signal, and the functions hn(t −
τ1, · · · , t − τn) the Volterra kernels of the system. For n = 1 the Volterra kernel
corresponds with the impulse response function h(t) of a linear system, and for
n > 1 the Volterra kernels can be seen as a ‘higher order impulse responses’ that
describe the non-linearities in the system.

One of the characteristics of a non-linear system is that the output does not
scale with the input, since the system does not comply with the homogeneity
condition. This means that an input signal x(t) scaled by a factor α does not
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2.2 Non-linear and time-varying systems

result in the output signal y(t) being scaled by the same factor α. In a system
with a quadratic non-linearity, for example, the output will scale by a factor α2

when presented with an input signal αx(t).

αx(t) −→ α2x2(t)

6= αx2(t)

There exist, however, non-linear systems where the output signal scales with the
input signal, which are called non-linear homogeneous systems. Such systems
fulfil the homogeneity condition, but not the additivity condition.

Another characteristic of non-linear systems is that different tones will be intro-
duced in the output in response to a single tone input signal. Take for example
a quadratic system and a sinusoidal input signal with angular frequency ω. The
output of this system in response to this sinusoid can be calculated in the fol-
lowing way.

sin2 (ωt) =

(
e iωt − e−iωt

2i

)2

=
e i2ωt + e−i2ωt − 2

(2i)2

= −1

2

e i2ωt + e−i2ωt

2
+

1

2

= −1

2
cos (2ωt) +

1

2

= −1

2
sin (2ωt + π/2) +

1

2

In this case the output consists of a DC-component and a tone with double the
frequency of the input signal. Different tones are clearly introduced by the non-
linear system, and in this case the original tone is even lost in the response. A
weakly non-linear system has, however, a large linear component that will retain
the original tone, but still additional frequencies will be introduced in the output
signal
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2 Non-linear systems and detection methods

2.2.2 Time-varying systems

A time-varying system does not fulfil the condition of time-invariance. This
means that a time shift t0 of an input signal x(t) does not result in a time shift
of the output signal with the same step t0, x(t− t0) 9 y(t− t0). This could, for
example, be a system subject to temperature changes that alter the dynamics of
the system, which results in different responses at different times.

2.3 Overview of non-linear system detection
techniques

A typical way to study the dynamical properties of a linear time-invariant system
is to measure its frequency response function. This function describes the rela-
tionship between the in- and output of a system as a function of frequency, and
it is defined as the ratio of the Fourier transform of the output divided by the
Fourier transform of the input. In a mechanical system it could be a measure of
how much displacement, velocity or acceleration response a structure has per unit
of excitation force or pressure, and in an electrical system the frequency response
function consists of the ratio of the out- and input voltage. The frequency
response function is a fundamental measurement that portrays the dynamical
properties of a system. Experimental parameters such as resonance frequency,
damping, mode shape, etc. can be obtained from a frequency response function
measurement.

-
x(t)

X (ω)
test system -

y(t)

Y (ω)

y(t) = x(t) ∗ h(t)

Y (ω) = X (ω)H(ω)

Figure 2.2: Block diagram of the frequency response function.

Figure 2.2 gives the block diagram of a system with input x(t) and output y(t) in
the time domain, and their respective spectra X (ω) and Y (ω). As demonstrated
in section 2.1.2, the output y(t) of a linear time-invariant system can be written
as a convolution of the input signal x(t) with the impulse response function h(t),
where the latter is the response of the system to a Dirac delta function δ(t). In
the frequency domain the output spectrum Y (ω) is just a product of the input
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2.3 Overview of non-linear system detection techniques

spectrum X (ω) and the spectrum H(ω) of the impulse response function. Since
the frequency response function is defined as the ratio of the out- and input
spectra of a system, it is obvious that the spectrum of the impulse response
function H(ω) = Y (ω)/X (ω) is the frequency response function of the system.
Thus, only the response of the system to a Dirac delta function needs to be
known to completely describe its dynamical properties.
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Figure 2.3: Overview of the different types to plot the frequency response func-
tion.

A frequency response function is a complex valued function of frequency that
can be displayed in various forms, as shown in figure 2.3. The co-quad plot in
figure 2.3(a) plots both the real and imaginary part of the frequency response as
a function of frequency. It is well known that complex values can be interpreted
as a magnitude and a corresponding phase factor, and for the frequency response
these values can also be plotted as a function of frequency, as shown in the Bode
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2 Non-linear systems and detection methods

plot in figure 2.3(b). The real and imaginary part or the magnitude and phase
of the frequency response function can also be combined together in one plot,
as shown respectively in the Nyquist plot in figure 2.3(c) and the Nichols plot
in figure 2.3(d). All these plot types contain exactly the same information, but
they emphasize different features of the frequency response function.

A frequency response function can also be determined for a weakly non-linear
system, but it has no simple interpretation such as with the frequency response
function of a linear system. The non-linear component, although small, can alter
the frequency response in different ways: e.g. shift of the resonance frequency
without a change in the underlying linear dynamics, changes in the mode shapes,
etc. These changes do not only depend on the characteristics of the system itself,
but they are also influenced by the type of excitation signal and the excitation
levels that are used. For example, a system with a small non-linear quadratic
component reacts differently to a single tone signal at different amplitudes. At a
low amplitude the non-linear contribution is still small, but with increasing stim-
ulus level, the non-linear component will rise faster than the linear component
because it is quadratic. Another example is an input signal exciting different
frequencies. In a linear system, the response at one tone remains separated from
the response at the other tones, but in a non-linear system one tone can influence
the response at the other frequencies as described in section 2.2.1. This demon-
strates that for a non-linear system there is no single frequency response function
completely describing the dynamics of the system, which is a real problem in the
study of non-linear systems.

So, if an unknown system is to be studied, it should first be known whether
it is linear or if it displays some weak non-linear behaviour. Second, if the
system should contain a non-linear component, then it should be known how
large these non-linear distortions are in order to identify their influence on the
frequency response of the system. Several techniques exist to detect and quantify
non-linearities present in a test system, which will be described in the following
sections. The first section contains a discussion of the most commonly used types
of broadband excitation signals to study linear time-invariant or weakly non-linear
systems. The second section gives a short overview of the the different methods
that exist to check for the presence of non-linearities in a test system, and the
final section discusses in more detail the multisine excitation method used further
on in this thesis.
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2.3 Overview of non-linear system detection techniques

2.3.1 Broadband excitation signals

Impulse excitation

Theoretically, the Dirac delta function δ(t) is the best excitation signal to obtain
the frequency response function of a system. The Dirac delta function is defined
infinitely large at t = 0 and zero at every other time instant.

δ(t) =

{
+∞ if t = 0
0 if t 6= 0

(2.14)

The Fourier transform of the Dirac delta function reveals why this is such an
ideal excitation signal.

∆(ω) = F {δ(t)} =

∫ +∞

−∞
δ(t)e−iωt dt = 1 (2.15)

The spectrum of the delta function is exactly one at every frequency, so the use
of this type of excitation signal will stimulate the test system at all frequencies
in an equal manner. Only one small pulse excites the system over an infinitely
large frequency range.

The use of this type of signal is, however, not possible in a practical situation.
Indeed, such a stimulus has to be concentrated on an infinitesimally small time
period, and has to have an infinite amplitude. But, there are signals that can be
used to approximate a Dirac delta function, like impulse excitations with a certain
width but nonetheless very short, and with a finite amplitude. Take, for example,
an input signal with the shape of a Gauss function 1/

√
πσ2e−t

2/σ2 with its width
defined by the parameter σ. Its spectrum is given by the Fourier transform, as
shown in equation 2.16.

x(t) =
1√
πσ2

e−t
2/σ2

=⇒ X (ω) = F {x(t)} = e−σ
2ω2/4 (2.16)

The spectrum of the Gaussian input signal is also a Gauss function but with
an inverse width 1/σ. If the input signal becomes smaller, then the output
will become wider, as shown in figure 2.4. A Gauss function with a relatively
large width only excites a small range of frequencies, thus only in this range
it is possible to determine the frequency response function. However, if the
excitation signal becomes smaller, then a larger frequency band is excited and
the frequency response can be calculated over a wider range. Figure 2.4(c) also
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2 Non-linear systems and detection methods

demonstrates nicely that the Gauss function approaches the Dirac delta function
when it becomes infinitesimally small. So, in a way it is a good approximation
of the theoretical perfect excitation signal.
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Figure 2.4: The Gauss function (black) and its spectrum (grey) for different
widths.

The Gauss function was just used as an example, but practical examples of
impulse excitation signals are a short impact by a hammer on the test system,
or a short sound burst (click), etc.

Stepped sine excitation

A system can also be excited by a sine signal, the spectrum of which consists of a
single peak as demonstrated in section 2.1.2 (equation 2.10). As a consequence,
the frequency response can only be determined at a single frequency. A solution
for this problem is to repeat the measurement with a series of sines each with a
different frequency. In this way, the frequency response function of the system
can be reconstructed from the individual responses in the frequency band excited
by the different input sines. This is a time consuming process if the frequency
response needs to be determined in a large frequency band. First, because the
measurements have to be repeated at each individual frequency, and secondly
because at each measurement some time is lost before transients die out. Another
problem is the fact that the frequency response is only measured at discrete
positions, and as a consequence some of the characteristics of the frequency
response function might be missed. If there, for instance, is no excitation at
the resonance frequency of a system, then this important parameter can only
determined by approximation. An advantage of this method is that with a single
tone excitation a high signal-to-noise ratio can be obtained, since all energy is
concentrated at a single frequency.
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2.3 Overview of non-linear system detection techniques

Swept sine excitation

Using a swept sine is an alternative approach to excite a certain frequency band,
instead of going step by step through the range with single tone signals. This
type of excitation signals goes from an initial frequency f0 at time t0 = 0 to a
frequency f1 at the end time t1. So, within a single period a swept sine excites
all frequencies between f0 and f1. Such a signal can be defined easily as a sine
with a frequency fi(t) that changes as a function of time instead of a constant
frequency, as shown in the equation below.

sweep(t) = sin(2πfi(t)t) with fi(t) = f0 +
f1 − f0
t1

t (2.17)

For this particular swept sine the frequency sweeps linearly from the frequency
f0 to the frequency f1, since the time-varying frequency fi(t) is defined as a
linear function of time. Other types of sweeping frequencies can also be used,
such as quadratic, logarithmic, etc. With a linear sweep, however, the excitation
energy is divided equally over all frequencies, whereas with a quadratic sweep,
for example, the excitation energy is concentrated at the lower frequencies. The
latter is beneficial if the system has a low response in this frequency range, in
which case a higher signal-to-noise ratio can be obtained in the output signal by
this type of swept sine.
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Figure 2.5: Representation in the time and frequency domain of a swept sine
excitation signal going from 1 to 10 Hz.

Figure 2.5 shows an example of a swept sine linearly sweeping from 1 to 10 Hz.
The left plot shows the signal in the time domain, and it is clear that the signal has
a low frequency in the beginning and that the frequency increases as a function
of time. For this specific signal there is a mismatch between the beginning and
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the end of the signal. At t = 0 the amplitude of the signal equals 1 and at t = 1
it has a value of -1, and this discrepancy will cause spectral leakage (Verhaegen
and Verdult, 2007; Pintelon and Schoukens, 2001). So, if this type of signal is
used in experiments, then window signals could be beneficial to reduce the effects
of this phenomenon. The signals can also be generated in such a way that there
is no mismatch and thus no spectral leakage. The spectrum of the swept sine in
figure 2.5(b) demonstrates that the excitation energy is not equally divided over
the entire frequency range. There are clear amplitude oscillations between 1 and
10 Hz around an amplitude value of 0.35, and at 1 and 10 Hz the amplitude
is only 0.15 as indicated by the dashed lines. As a consequence, the signal-to-
noise ratio will not be same over the entire frequency range. The amplitude
of 0.35 at each frequency is lower than the amplitude of 1 the signal has in
the time domain, which shows that the energy is spread out over the different
frequencies. This reduces the signal-to-noise ratio at each frequency compared
to a measurement with a single tone signal with the same amplitude. This can be
improved by averaging multiple measurements with the same excitation signal.
This increases measurement time, however, which was one of the advantages of
this type of signal compared to stepped sine excitation. An advantage of this
type of signal is the fact that all frequencies between the first and last one are
excited, so the frequency response will be more detailed compared to the stepped
sine method which excites only at discrete frequencies. Swept sines can certainly
be used to obtain the frequency response in a larger frequency band, but a good
understanding of their specific weaknesses is required.

Random excitation

A very popular kind of excitation signal is the random signal, which can be
synthesized with a random number generator. They are non-repeating random
sequences, and all frequencies are excited in their spectrum. If excitation is only
required in a certain frequency band, then a low-pass or band-pass filter can be
used.

This type of excitation signals has some advantages in reducing the influence
of non-linearities, but they also have some disadvantages. One of the problems
is the non-periodicity, which makes them susceptible to spectral leakage, and
the signals have to be windowed in the time domain to improve results. Also, a
random signal does not excite each frequency in the same amount. The amplitude
of the signal at each frequency varies randomly, so the signal-to-noise ratio is
not the same over the entire frequency range. This problem can be improved by
RMS-averaging different measurements, as demonstrated in figure 2.6. Initially,
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Figure 2.6: The spectrum of a random excitation signal (a) without RMS-
averaging, (b) with 10 averages, and (c) with 100 averages.

the amplitudes show a large variability, but this is reduced with an increasing
number of averages. A disadvantage of the averaging is that the measurement
time increases, but it also has advantages, for example, in the measurement on
non-linear systems. Indeed, the different realizations excite the non-linear part
of the system in a random way, and as a result the averaging will reduce the
effects of the stochastic non-linearity on the frequency response, but the bias
non-linearity remains.

Multisine excitation

With stepped sines the excitation occurs stepwise with different tones, but all
these tones can be combined in a single signal to perform faster measurements.
Of course, in a combined signal the excitation power is divided over the different
frequencies, so averaging is needed to obtain a better signal-to-noise ratio. This
method has the same disadvantage as the stepped sine method, since excitation
also takes place at discrete frequencies. The fact that the signals are periodic is
an advantage over the random excitation method, because they are not subjected
to spectral leakage. A typical multisine excitation signal is defined in the equation
below.

s(t) =
1√
N

N∑
k=1

Ak sin(2πkfft + ϕk) (2.18)

The signal is a sum of different sines with their frequencies all harmonics of a
fundamental frequency ff. The amplitudes Ak of the different harmonics can be
chosen by the user, which is one of the advantages of this type of signal. Indeed,
with the swept sine or the random excitation method there is no exact control
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over the power that is generated at each frequency, but with multisine excitation
signals this can be done very easily. The phases ϕk can all be the same, but it
is better to choose them randomly, for example uniformly distributed from 0 to
2π.
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Figure 2.7: Example of a multisine excitation signal with excited harmonics rang-
ing from 20 to 50 Hz. (a) The amplitude spectrum of the multisine signal. (b)
The multisine in the time domain where all the harmonics have the same phase.
(c) The same multisine but with random phases. The single phase multisine has a
crest factor of 7.9 and for the random phase variant it has a value of 2.6.

The reason for the random choice of the phases is demonstrated in figure 2.7.
This figure shows two multisines with the same flat amplitude spectrum and
excited harmonics ranging from 20 to 50 Hz. One of the signals has the same
phase at all harmonics (figure 2.7(b)), while for the other the phases are randomly
distributed between the harmonics (figure 2.7(c)). The single phase variant has
the characteristics of an impact excitation with a large peak up to an amplitude of
30, while the amplitudes of the random phase variant are nicely limited between
values of -10 and 10. If a signal generator was limited to an amplitude of 30,
then the first signal would already be at its maximum while the second one could
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2.3 Overview of non-linear system detection techniques

still be increased by a factor 3 to obtain a better signal-to-noise ratio in the
measurements. The suitability of a signal x can be quantified by the crest factor
C , defined as the ratio of the largest peak xpeak in the signal to the overall power
xRMS of the signal, as shown in the equation below.

C (x) =
xpeak
xRMS

(2.19)

So, for low values of C the peaks in the signal deviate less from the overall power
of the signal, and the signal exhibits less ‘impact like’ behaviour. A comparison
of the crest factor of the single phase signal (C = 7.9) with that of the random
phase signal (C = 2.6) shows clearly that the latter has smaller peaks and
is better suited to be used as excitation signal. It generates the same overall
power, but the smaller peaks make it the better signal.

2.3.2 Non-linear system detection techniques

Superposition principle

An easy test to verify if a system behaves non-linearly is to see if the superposition
principle holds. This can be tested by performing three measurements on a
test system. In the first two experiments the responses y1(t) and y2(t) to the
respective input signals x1(t) and x2(t) need to be measured, and in a final
experiment the system response to the combined input signal αx1(t) + βx2(t).
If the system is linear then the response to the final signal should be equal to
the linear combination αy1(t) + βy2(t) of the responses to the first two input
signals, but not so for a non-linear system. The non-linearity of the system
can be revealed by comparing the spectrum of the system response to the input
αx1(t) + βx2(t) with the linear combination of the output spectra measured in
response to the individual input signals.

Homogeneity principle and overlaid bode plot method

Instead of working with the superposition principle, it is also possible to verify
only the homogeneity principle to check if a system is non-linear. There are, how-
ever, systems that are non-linear but nevertheless homogeneous (Szemplińska-
Stupnicka, 1980), and this method will not work for them.

Two measurements on a system are required for this method. First, the response
y(t) of the system to an input signal x(t) has to be measured, and then the
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system response to an increased input signal αx(t). If the system is linear then
this response should be equal to αy(t), and the frequency response function
measured with both signals should be equal, as demonstrated below.

H(ω) =
Y (ω)

X (ω)
and Hα(ω) =

αY (ω)

αX (ω)
=

Y (ω)

X (ω)
(2.20)

If the frequency response functions determined with both experiments are plotted
together, and there are differences, then the system is non-linear. If the frequency
response functions are plotted on a Bode plot for comparison, then this method
is referred to as the overlaid bode plot method.

Nyquist plot distortions

(a) quadratic damping (b) Coulomb friction

Figure 2.8: Example of Nyquist plot distortions obtained from (a) a system
with quadratic damping and (b) a system with Coulomb friction. The frequency
response functions of each system are plotted at a low (full lines) and high (dashed
lines) excitation level. (Worden and Tomlinson, 2001)

The Nyquist plot distortions method is another non-linearity detection technique
that inspects the frequency response function of a system at different excitation
levels. Figure 2.3(c) nicely demonstrates that for a linear system the Nyquist plot
has a circular locus around the resonance frequency, but this is not true anymore
for a non-linear system. As an example, the effect of system non-linearities such
as quadratic damping or Coulomb friction on a Nyquist plot is demonstrated in
figure 2.8. Here, frequency response functions are plotted for both a low (full
lines) excitation level and a high (dashed lines) excitation level. The system with
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2.3 Overview of non-linear system detection techniques

quadratic damping (figure 2.8(a)) behaves still linear at low excitation levels,
but at higher excitation levels the damping component becomes larger, which
is reflected in the Nyquist plot losing its circular shape. In the system with
Coulomb friction (figure 2.8(b)) the friction changes at low excitation levels
until it saturates at a certain point. So, the system behaves non-linear at low
excitation levels, and becomes linear at higher excitation levels, which is again
reflected in the Nyquist plots. The sort of changes that occur in the Nyquist
plots are an indication of the type of non-linearity that is present in the system.

Carpet plots

Figure 2.9: Reference points for the damping value estimation procedure using
Nyquist plots. (Worden and Tomlinson, 2001)

The Nyquist plot described in the section above can be used to estimate the
damping values D of a system. Consider, therefore, the geometry shown in
figure 2.9, with ω1 and ω2 frequencies above and below the resonance frequency
ωn of the system, and θ1 and θ2 the angles on the Nyquist circle between these
frequencies and the resonance frequency. With simple trigonometry the following
relations can be derived.

tan

(
θ1
2

)
=

ω2
n − ω2

1

Dω2
n

(2.21)

tan

(
θ2
2

)
=

ω2
n − ω2

2

Dω2
n

(2.22)

These can be combined in one single expression to calculate the damping value
D of the system.
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D =
ω2
1 − ω2

2

ω2
n

(
1

tan
(
θ1
2

)
+ tan

(
θ2
2

)) (2.23)

Damping values can be estimated for different values of θ1 and θ2, and plotted as
a function of both values on a 3D Carpet plot. For a linear system the damping
value should be constant, and the Carpet plot should be a flat plane. For a non-
linear system, on the other hand, the damping value estimates will not necessarily
be the same for different angles θ1 and θ2, which results in Carpet plot that differs
from a flat plane. An example of the Carpet plots obtained for a system with
quadratic damping and Coulomb friction is shown in figure 2.10.

(a) quadratic damping (b) Coulomb friction

Figure 2.10: Example of Carpet plot distortions obtained from (a) a system
with quadratic damping and (b) a system with Coulomb friction. (Worden and
Tomlinson, 2001)

Complex stiffness method

The motion of a mechanical system with mass m, stiffness k , damping coefficient
D and driven by a force F is described by the following differential equation.

F = mẍ + kx + Dẋ (2.24)

With a sinusoidal driving force e iωt the system velocity ẋ and acceleration ẍ relate
to the displacement x respectively with a factor iω and −ω2, thus ẋ = iωx and
ẍ = −ω2x . Using this relation, equation 2.24 can be rewritten in the following
fashion.

F

ẍ
= m + k

x

ẍ
+ D

ẋ

ẍ
= m − k

ω2
− i

D

ω
(2.25)
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If this equation is split up in its real and imaginary part, the following expressions
for the stiffness k and the damping coefficient D can be derived.

k = mω2 − Re
{
F

ẍ

}
ω2 (2.26)

D = −ωIm
{
F

ẍ

}
(2.27)

For a linear system these parameters should remain constant when plotted as a
function of displacement (stiffness k) or velocity (damping D). If a non-linear
system with a known or estimated constant mass m is studied, where the stiffness
is only dependent on the displacement magnitude and the damping is only de-
pendent on the velocity magnitude, the plot of stiffness versus displacement and
damping versus velocity can be used to get an idea about the type and degree
of the non-linearity.

Inverse receptance method

Plots of the inverse receptance of a system with mass m, stiffness k and damping
coefficient D can be used to reveal the presence of non-linearities in a system.
The receptance α of a system is defined as the ratio of its displacement x to the
driving force F . The inverse receptance 1/α = F/x of the system can be related
easily to the mechanical impedance Z = F/ẋ , with the relation ẋ = iωx between
velocity and displacement, which gives the expression 1/α = iωZ . Using this
relation and the well known expression Z = D + i(mω − k/ω) of mechanical
impedance, an expression for the inverse receptance can be derived.

1

α
= iωZ (2.28)

= iω

[
D + i

(
mω − k

ω

)]
(2.29)

= iωD −mω2 + k (2.30)

For a linear system, a plot of the real part of the inverse receptance against ω2

yields a straight line with slope −m and intercept k , and a plot of the imaginary
part against ω results in a straight line through the origin with slope D. This is
however not true for non-linear systems. In this case, the plots are not straight
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lines, but they contain distortions characteristic of the non-linearity. If the system
has a constant mass that has no influence on the non-linearity of the system, then
stiffness non-linearity will reveal itself in the real part of the inverse receptance,
and the damping non-linearity will become apparent in the imaginary part.

Coherence functions

If a signal x(t) applied to a system results in an output signal y(t), then the
coherence function γ2(ω) between both signals is given by the following equation.

γ2(ω) =
|SYX (ω)|2

SXX (ω)SYY (ω)
(2.31)

With SXX (ω) and SYY (ω) the power spectral density of the in- and output signals
x(t) and y(t), and SYX (ω) the cross spectral density.1 The term in the numerator
gives a measure of the linear dependence between the two functions x(t) and y(t)
as a function of frequency, and the power spectral densities in the denominator
are used for normalization. Hence, the coherence function is a dimensionless
value ranging from 0 to 1. When the coherence function has a value of 1 there is
a perfect linear relationship between the in- and output signal, which is the case
for a linear system without any noise disturbances. When the coherence function
is 0 there is no relationship between the two signals. For measurements on a real
system the values of the coherence function will lie somewhere between 1 and 0.
A low coherence can be due to extraneous noise in the measurements, leakage
errors of the discrete Fourier transform, other inputs besides X (ω) contributing
to the output Y (ω) or non-linear distortions. If measurements are performed

1The cross spectral density SFG (ω) of the function f (t) and g(t) is defined as the Fourier
transform of their cross-correlation function Rfg (t), which is defined as the convolution of f (t)
with g(−t).

Rfg (t) = f (t) ∗ g(−t) =
∫ +∞

−∞
f (τ)g(τ − t) dτ

The cross-correlation Rfg (t) is a measure of the similarity between the functions f (t) and
g(t) as a function of a time-lag applied to one of them. The Fourier transform of the cross-
correlation function Rfg (t) is the product of Fourier transform F (ω) of f (t) with the complex
conjugate of the Fourier transform G (ω) of g(t).

F (Rfg (t)) = F (ω)G (ω)

The power spectral density SFF of a function f (t) is just the cross spectral density of the
function with itself.
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2.3 Overview of non-linear system detection techniques

in such a way that the first three effects are reduced to a minimum, then the
coherence function can be used to detect non-linearity.

Bispectral analysis

Bispectral analysis techniques, as described by Choi et al. (1984) and Chang
et al. (1985), can be used to detect quadratic non-linear behaviour. The nor-
malized measure of the degree of statistical dependence between the output
Y (ωm) and the quadratic interaction of the inputs X (ωi)X (ωj) is given by the
cross-bicoherence squared.

b2XXY (ωi ,ωj) =
ε
{
Y (ωm)X (ωi)X (ωj)

}2
ε
{
|X (ωi)X (ωj)|2

}
ε
{
|Y (ωm)|2

} , ωi + ωj = ωm (2.32)

If there is a complete statistical dependency (i.e. Y (ωm) = αX (ωi)X (ωj)) then
b2XXY will equal one. If there is no statistical dependency , then b2XXY will equal
zero. Bispectral density functions are very sensitive to quadratic non-linearities.
These non-linearities form, however, only a small part of all mechanical non-
linearities. In order to generalize the detection and identification method, higher
order density function should be considered.

Correlation tests

There exists a whole range of correlation tests (Billings and Fadzil, 1985; Billings
and Tsang, 1990) between time domain in- and output signals x(t) and y(t) of
a system that can reveal its non-linearity. An example of such a correlation test
is shown in the following equation.

φy ′y ′2(τ) = ε
{
y ′(t + τ)y ′2(t)

}
(2.33)

Where y ′(t) is the output signal y(t) with its mean subtracted. For linear systems
and under certain conditions on the input signal x(t), this correlation function is
proven to be equal to zero (Haber and Keviczky, 1999). For non-linear systems
this function will be different from zero. In practice, these functions will never be
identically zero, not even for linear systems, but confidence intervals for a zero
result can be calculated easily for these correlation tests.
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(Power weighted) Hilbert transform

The Hilbert transform is an integral transform of the same family as the Fourier
transform, the difference is in the kernel function. The complex exponential e iωt

is replaced by the function i/π(Ω − ω). Thus, the Hilbert transform H of a
function G (ω) is defined in the following way.

H(G (ω)) =
i

π

∫ +∞

−∞

G (Ω)

Ω− ω
dΩ (2.34)

= − 1

π

∫ +∞

−∞

Im {G (Ω)}
Ω− ω

dΩ +
i

π

∫ +∞

−∞

Re {G (Ω)}
Ω− ω

dΩ (2.35)

The integral in this equation is the Cauchy principal value, and it is needed since
the integrand is singular, i.e. has a pole at ω = Ω. For a causal signal h(t), which
is zero for all t < 0, the Hilbert transform has a special property (Worden and
Tomlinson, 2001). In this case the Hilbert transform of the Fourier transform
H(ω) is again the Fourier transform H(ω), thus H(H(ω)) = H(ω). The impulse
response function h(t) of a linear system is such a causal signal. Indeed, it is the
response to a Dirac delta function at t = 0, so there is no response present in the
signal before this time. The frequency response function H(ω) of such a system
remains unchanged under the Hilbert transform. This is, however, not true for
the frequency response function H(ω) calculated for a non-linear system. In this
case the inverse Fourier transform of the frequency response H(ω) introduces
non-causality in the impulse response function h(t), as demonstrated by Kim
and Park (1993). A comparison of the frequency response function H(ω) of a
system with its Hilbert transform can reveal the presence of non-linearity in the
system. It is important to note that the non-coincidence of a frequency response
function and its Hilbert transform is not a characteristic for non-linear systems,
but for non-causal systems. This non-coincidence is a measure for the inability
of linear system theory to describe non-linear systems.

In the calculation of the Hilbert transform truncation errors can arise, which will
give incorrect results. Correction terms for these errors can be calculated (Worden
and Tomlinson, 2001), but the Hilbert transformation can also be adapted with
the power weighting technique (Tomlinson, 1985) to reduce the influence of these
truncation errors. With the power weighted Hilbert transform, the truncated data
regions of the Hilbert transform tend to zero, thus minimizing the truncation
errors, whereas the regions of importance are accentuated.
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Corehence

The corehence of a system with frequency response function H(ω) is defined in
the following way.

λ2 =

∣∣ε{H(H(ω))H(ω)
}∣∣2

ε
{
|H(H(ω))|2

}
ε
{
|H(ω)|2

} (2.36)

It is a measure of the degree of statistical dependence between the frequency
response function H(ω) of a system and the Hilbert transform H(H(ω)) of the
frequency response. Similar to the the coherence, it is a normalized parameter
that ranges from 0 to 1. For a linear system the frequency response function H(ω)
and its Hilbert transform are the same and as a result the corehence is equal to
1. For a non-linear system, on the other hand, there is a difference between both
functions and the corehence departs from unity. The corehence is more sensitive
to non-linear distortions than the coherence, and it is almost immune against
any other influences acting upon the measurement, such as noise, leakage, etc.

Non-causal power ratio

As described two sections above, the Hilbert transform is used to detect the
non-causal part introduced by the inverse Fourier transform in the time domain
frequency response function h(t) for a non-linear system. The Hilbert transform
is, however, rather complicated and time-consuming to calculate, and the pres-
ence of this non-causal part can also be revealed by a much simpler calculation,
the non-causal power ratio (Kim and Park, 1993). This value is calculated as the
ratio of the non-causal power Pn present in the frequency response h(t) in the
time domain to the total power Pt present in the frequency response function
H(ω), as shown in the following equation.

NPR =
Pn

Pt
=

∫ 0

−∞ |hn(t)|2 dt
1
2π

∫ +∞
−∞ |H(ω)|2 dω

(2.37)

With hn(t) the non-causal part (h(t) for t < 0) of the inverse Fourier transform
of the frequency response function H(ω). For a linear system the non-causal
power ratio equals zero, and for a non-linear system the ratio will have a positive
value. The ratio values can be used to measure the level of non-linearities within a
system or structure since it grows with increasing non-linearity. The non-causal
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power ratio is a function of the excitation amplitude. The advantage of this
method is that it does not need a priori information of the system and can be
applied without limitations of the non-linearities.

Harmonic detection function

If a non-linear system is excited by a single tone signal x(t) = sin(ωt), then the
non-linearity will introduce several harmonics in the output signal y(t) that are
not present in the input signal. These harmonics and their amplitudes are an
indication of how large the non-linearities present in the system are. Their size
can be described by the harmonic detection function hdf(x) (Wyckaert, 1992),
which describes the energy content of the harmonics in the output signal that
were not excited in the input signal, and this relative to the total energy of the
output signal.

hdf(ω) =

∫ T

0
(y(t)− yf(t))2 dt∫ T

0
y 2(t) dt

(2.38)

With yf(t) the fundamental component of the output signal that contains only
the excitation frequency ω, and T an integer number of excitation periods. For
linear systems the harmonic detection function is equal to zero, but in practice
small deviations from zero are seen due to noise contributions. The influence
of noise can, however, be reduced by performing several measurement, and av-
eraging the results. A high degree of non-linearity results in high values of the
harmonic detection function at particular frequencies. To obtain results in a
broader frequency range, stepped sine excitations can be used. With the result-
ing information it is possible to localize the frequencies where the non-linearities
in the system originate.

Linearity factor

If the frequency response function H(ω) of a non-linear system is known under
linear working conditions (low excitation levels), then this reference data can
be used to determine the amount of non-linearity present in frequency response
functions measured at higher excitation levels. This can be done by plotting
a measured frequency response function Hmeas(ω) against the reference linear
frequency response function Hlin(ω). For a linear system this plot is a straight
line through the origin with slope 1, since both response functions are the same.
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However, for non-linear systems the measured response Hmeas(ω) will not be
identical to the linear response Hlin(ω). Consequently, the plot of Hmeas(ω)
versus Hlin(ω) will deviate from the straight line with slope 1 representing the
ideal linear response. The amount of deviation can be represented by a single
value, the linearity factor (J-factor), ranging from 0 to 1, where a value of 1
stands for perfect linearity.

Higher order frequency response function methods

The higher order response functions Hn(ω1, · · · ,ωn) are the Fourier transforms
of the Volterra kernels hn(τ1, · · · , τn) that describe the non-linear response in the
time domain (see section 2.2.1).

Hn(ω1, · · · ,ωn) =

∫
· · ·
∫ +∞

−∞
hn(τ1, · · · , τn)

n∏
k=1

e−iωkτk dτ1 · · · dτn (2.39)

Different methods (Schetzen, 1980) exist to obtain these higher order frequency
response functions, but typically they require a whole series of measurements and
a lot of computation time (Storer and Tomlinson, 1991, 1993). The higher order
frequency response functions Hn can, however, be estimated from the transfer
functions TFn measured in response to a sinusoidal signal x(t) = A cos(ω0t).
Besides the original harmonic at ω0, the non-linearity of the system introduces
other harmonics 2ω0, 3ω0, . . . , nω0 in the output, and the transfer functions TFn

describe the system response at each harmonic nω0. In the case of a sinusoidal
input signal, these transfer functions can be written as a sum of the higher order
frequency response functions of the system, as shown below.

TF1 =
Y (ω0)

X (ω0)

= H1(ω0)

+ C3,1H3(ω0,ω0,−ω0)X 2(ω0)

+ C5,1H5(ω0,ω0,ω0,−ω0,−ω0)X 4(ω0)

+ · · ·
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TF2 =
2Y (2ω0)

X 2(ω0)

= C2,2H2(ω0,ω0)

+ C4,2H4(ω0,ω0,ω0,−ω0)X 2(ω0)

+ C6,2H6(ω0,ω0,ω0,ω0,−ω0,−ω0)X 4(ω0)

+ · · ·

TFn =
2n−1Y (nω0)

X n(ω0)

= Cn,nHn(ω0, · · · ,ω0)

+ Cn+2,nHn+2(ω0, · · · ,−ω0)X 2(ω0)

+ Cn+4,nHn+4(ω0, · · · ,−ω0)X 4(ω0)

+ · · ·

The first transfer function TF1 at the excited harmonic ω0 consists of the fre-
quency response function H1 of the linear part of the system. But, higher order
frequency response functions also contribute to this transfer function, for exam-
ple the cubic non-linearity since the sum of the harmonics ω0, ω0, −ω0 results in
a response at ω0. In general, the first term in each transfer function TFn consists
of the frequency response function of the same order, while the following terms
consist of frequency response functions of higher order multiplied with a power
of X (ω0), the amplitude of the input signal. If the amplitude of the input signal
is sufficiently low, then these higher order terms remain small, and the trans-
fer functions are approximately equal to the frequency response functions of the
same order. In this way the higher order frequency response functions at ω0 can
be estimated from the transfer functions measured in response to a signal with
a frequency ω0. With stepped sine measurements the higher order frequency
response functions can then be obtained over a larger frequency range.

2.4 Multisine excitation method

This section describes the multisine excitation method in more detail. First,
an overview is given of the advantages of the multisine excitation method in
comparison with the other non-linearity detection techniques. The next section is
a description of the specific odd random phase multisines used with this method.
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Following this, an overview is given of two measurement strategies, described by
Pintelon et al. (2004b), using these odd random phase multisines to obtain the
frequency response function, non-linear distortions and noise level of a system.
Finally, the adaptations made to this method for the experiments presented in
this thesis are discussed.

2.4.1 Non-linearity detection methods comparison

As broadband excitation signals, multisines have several advantages over other
signals such as swept sines, stepped sines or random noise. With a swept sine
or random noise the excitation energy is never evenly divided over the entire
frequency range. With a multisine, on the other hand, the user has exact control
over the amplitude spectrum of the signal. Multisines are also periodic signals,
and have thus no problems with leakage such as swept sines or random noise.
An advantage of random noise signals, is that averaging over different measure-
ments reduces the influence of stochastic non-linear distortions on the frequency
response measurements. This behaviour can however be reproduced with multi-
sines by changing the phases of the different harmonics randomly between dif-
ferent measurements. If the same signal-to-noise ratio needs to obtained with
a multisine exciting the same frequencies as a stepped sine, then the multisine
measurement has to be repeated several periods. In theory, both measurements
should take the same amount of time to get the same end result, but in practice
the stepped sine takes a longer time. First, the measurement has to be stopped
and restarted at each frequency step. Each step is also influenced by transients,
which requires extra measurement time to remove them. The multisines are only
disturbed by transients in the beginning, after which all periods can be measured
consequently without stops. The fact that the multisine excites only discrete
frequencies is a disadvantage compared with swept sines and random noise if the
frequency response function needs to be obtained with much detail. However,
in the case of the detection of non-linear distortions this can be used as an ad-
vantage. As will be shown in the next sections, multisines can be constructed in
such a way that non-linear distortions are detected at non-excited harmonics, and
a distinction can be made between odd and even degree non-linear distortions.
Random noise and swept sines, on the other hand, excite an entire frequency
band, and as consequence the linear response will always be mixed with non-
linear distortions. So, the multisine is clearly a broadband excitation signal with
a series of advantages.

The multisine excitation method described in the next sections is a very fast
technique, thanks to the use of multisine excitation signals. It requires one
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single measurement at only one excitation level. It gives information about the
frequency response function together with the amount and position of the odd
and even degree non-linear distortions in the investigated frequency band. All
this information is combined in one single plot, where the non-linear distortions
and frequency response can be compared to the noise level. The method is easy
to implement and requires little computation time. These are all advantages the
other methods, described in the previous section, lack in one or the other way,
as shown in the following table from a comparison article by Vanhoenacker et al.
(2002).

Method / Criterion M
ea
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en
t
tim

e

C
om

pu
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n
tim

e

Lo
ca
tio

n

Q
ua
nt
ifi
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tio

n

Im
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em

en
ta
tio

n

Su
bj
ec
tiv

ity

Superposition principle - ++ - -- -- +
Homogeneity principle - ++ - -- -- +
Overlaid bode plot method - ++ - -- -- +
Nyquist plot distortions -- ++ -- -- -- --
Carpet plots -- ++ -- -- -- --
Complex stiffness method - ++ -- -- -- -
Inverse receptance method - ++ -- -- -- +
Coherence functions ++ ++ ++ + ++ +
Bispectral analysis + -- + + 0 +
Correlation tests ++ + -- -- ++ ++
Hilbert transform + ++ -- + + ++
Corehence ++ + ++ + ++ +
Non-causal power ratio ++ ++ -- ++ ++ ++
Harmonic detection function - ++ -- -- -- ++
Linearity factor ++ ++ -- ++ ++ ++
Higher order FRF methods - + -- -- -- -
Multisine excitations ++ ++ ++ ++ ++ ++

Table 2.1: Overview of the performance criteria for different non-linear detec-
tion techniques (++: very good, +: good, 0: moderate, -: bad, --: very bad).
(Vanhoenacker et al., 2002)
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2.4.2 Odd random phase multisines

Random phase multisines are periodic signals consisting of the sum of N har-
monically related sines with user defined amplitudes Ak and random phases ϕk .

s(t) =
1√
N

N∑
k=−N
k 6=0

Ake
i(2πk fmax

N
t+ϕk) (2.40)

The phases ϕk are randomly chosen such that the expected value ε
{
e iϕk

}
is

zero, for example, uniformly distributed in [0, 2π[. In Pintelon and Schoukens
(2001, 2002) and Schoukens et al. (1998) it has been shown that the frequency
response function of a wide class of non-linear systems, obtained using such a
random phase multisine with N sufficiently large, can be written as follows.

G (fk) = G0(fk) + GB(fk) + GS(fk) + NG (fk) (2.41)

Where G0 is the frequency response of the true underlying linear system, NG

the measurement noise, and fk = kfmax/N . GB is the bias or deterministic
non-linear contribution, which occurs when the phase of the input signal at one
harmonic and the phases of the harmonics contributing to a non-linear distortion
at that same harmonic cancel each other. In this case, only the amplitudes of the
different harmonics contribute to the non-linear distortion. Take, for example, a
multisine with excited frequencies ωk = 2πfk with k ranging from -3 to 3.

s(t) =

k 6=0∑
k=−3,··· ,3

Ake
i(ωk t+ϕk )

To get a real signal, the following conditions are required: ϕ−|k| = −ϕ|k| and
A−|k| = A|k|. If this signal is presented to a system with a cubic non-linearity,
then a distortion can be found at the harmonic ω2 by combining ω3, ω−3 and
ω2, which results in the following contribution to the frequency response at that
frequency.

G (ω2) = GB(ω2)
e i(ω3t+ϕ3)e−i(ω3t+ϕ3)e i(ω2t+ϕ2)

e i(ω2t+ϕ2)

All the terms in the division cancel each other, and only the bias contribution
GB of this specific distortion remains, which consists of the amplitudes of the
different harmonics contributing to the distortion. For even degree distortions
an even number of terms is present in the numerator of this expression, so no
distortion can be found where all terms cancel each other. There always remains
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2 Non-linear systems and detection methods

at least one term in the expression of which the phase varies randomly between
different phase realizations of the multisine. Thus, the bias contribution depends
only on the odd degree non-linear distortions and the power spectrum of the
input signal.

GS is the zero mean stochastic non-linear contribution, which occurs when the
phases of the different harmonics do not cancel each other. This contribution
has the following properties.

ε {GS(fk)} = 0 (2.42)

ε
{
|GS(fk)|2

}
= σ2

G (fk) (2.43)

ε {GS(fk)GS(fl)} = O
(
N−1

)
(2.44)

ε
{
GS(fk)G S(fl)

}
= O

(
N−1

)
for (k 6= l) (2.45)

The expected values are taken with respect to the different random phase re-
alizations of the excitation signal. Because of these properties, the stochas-
tic non-linear contribution GS acts as circular complex noise for N sufficiently
large. Hence, over different random phase realizations of the multisine, GS can-
not be distinguished from the measurement noise NG . This leaves the sum
GR(fk) = G0(fk) + GB(fk) as the best linear approximation to the non-linear sys-
tem for the class of Gaussian excitation signals2 with a given power spectrum
(Pintelon and Schoukens, 2001, 2002; Schoukens et al., 1998).

Since the even degree non-linear distortions do not affect the bias term GB while
they increase the variance of GS, the variability of the frequency response function
measurement can be reduced by using random phase multisines which excite the
odd harmonics only (Schoukens et al., 2002; Vanhoenacker et al., 2001). This is
accomplished by setting all the amplitudes A2k in the multisine to zero. These
so-called odd random phase multisines allow to detect the presence and the level
of even degree non-linear distortions by looking at the even harmonics in the
output spectrum.3 To detect the presence and the level of the odd degree non-
linear distortions, some of the odd harmonics in the odd random phase multisine

2Gaussian signals have a normal or Gaussian distribution of the amplitudes in the time
domain. Examples are normally distributed noise, periodic Gaussian noise and random phase
multisines.

3Even degree distortions are formed by an even number of harmonics. For a multisine
exciting only the odd harmonics, a combination of an even number of excited harmonics will
always result in an even harmonic (e.g. 1+3 = 4). For the same reason odd degree distortions
will only be present at the odd harmonics.
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2.4 Multisine excitation method

should be left unexcited. The optimal strategy consists of splitting the odd har-
monics in groups of equal numbers of consecutive lines and eliminating randomly
one line out of each group. This can be done for a linear, as well as a quasi-
logarithmic4 frequency distribution (Vanhoenacker et al., 2001). The resulting
excitation signal, an odd random phase multisine with random harmonic grid
(quasi-logarithmic frequency distribution), is used in the experiments presented
further on in this thesis.

Two measurement strategies can be used to obtain the frequency response func-
tion of a system and estimate the level of non-linear distortions. The first strategy
uses only one phase realization of the odd random phase multisine, while the sec-
ond uses different phase realizations (same frequency grid).

2.4.3 Measurement strategies

Single phase realization

The first strategy to measure the frequency response function G (f ) and its un-
certainty consists of the following steps.

1. Choose the amplitude spectrum A2k−1 and the frequency resolution fmax/N
of the odd random phase multisine (A2k = 0).

2. Split the excited odd harmonics in groups of equal number of consecutive
lines, and randomly eliminate one harmonic out of each group. For exam-
ple, 100 excited odd harmonics are split in 25 groups of four consecutive
excited odd harmonics, and one out of the four odd harmonics is randomly
eliminated in each group.

3. Make a random choice of the phases ϕk of the excited harmonics, and
calculate the corresponding time signal s(t).

4. Apply the excitation s(t) to the test system and measure P ≥ 6 consecutive
periods of the input signal spi (t) and output signal spo (t), with p = 1, ... ,P .

From the P noisy input spectra Sp
i (f ) and output spectra Sp

o (f ) the average
frequency response function Ĝ (f ) and its sample variance σ2

Ĝ
(f ) can be calculated

4A linear frequency distribution is defined by the harmonics of the fundamental frequency
fmax/N. However, not all of these harmonics need to be excited. The excited frequencies
can, for example, be separated logarithmically. A perfect logarithmic distribution is however
not possible since the excited frequencies have to coincide with the harmonical grid defined by
the fundamental frequency. This type of frequency distribution is called a quasi-logarithmic
frequency grid.
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2 Non-linear systems and detection methods

at the excited harmonics fex.

Ĝ (fex) =
1

P

P∑
p=1

G p(fex) with G p(fex) =
Sp
o (fex)

Sp
i (fex)

(2.46)

σ2
Ĝ

(fex) =
1

P(P − 1)

P∑
p=1

∣∣∣G p(fex)− Ĝ (fex)
∣∣∣2 (2.47)

Since the sample variance σ2
Ĝ

(f ) is calculated over P consecutive periods of
one particular realization of the random phase multisine, it is clear that it only
contains the contribution of the measurement noise to the frequency response
function measurement: ε{σ2

Ĝ
(f )} = var(NG (f ))/P .

The presence and level of the odd and even degree non-linear distortions is re-
vealed by analysing the non-excited frequencies in the output spectra Sp

o (f ).
However, straightforward interpretation of the output spectrum is impossible.
Indeed, the output spectra Sp

o (f ) could be contaminated by non-linear distor-
tions from the signal generator or from feedback of the test system itself, and
consequently, the signal at the non-excited frequencies in Sp

o (f ) could be par-
tially due to the linear feed through of the distorted input Sp

i (f ). Since the test
system is dominantly linear, a first-order correction Sp

oC(f ) can be obtained by
subtracting the linear contribution of the test system from the output at the
non-excited harmonics fnex.

Sp
oC(f ) =

{
Sp
o (fex)

Sp
o (fnex)− G p(fnex)S

p
o (fnex)

(2.48)

The frequency response function G p(fnex) at the non-excited frequencies fnex can
be obtained by interpolation of the frequency response function G p(fex) at the
excited frequencies fex. No correction is required at the excited frequencies, since
any distortions present in the input signal at these frequencies are just a part of
the excitation. Further, the sample mean ŜoC(f ) and sample variance σ2

ŜoC
(f ) of

the corrected output spectra Sp
oC(f ) are calculated.

ŜoC(f ) =
1

P

P∑
p=1

Sp
oC(f ) (2.49)

σ2
ŜoC

(f ) =
1

P(P − 1)

P∑
p=1

∣∣∣Sp
oC(f )− ŜoC(f )

∣∣∣2 (2.50)

76



2.4 Multisine excitation method

Within the measurement uncertainty σŜoC(f ) the presence and the level of the

even and non-excited odd harmonics in ŜoC(f ) reveals the presence and the level
of respectively the even and odd degree non-linear distortions at the non-excited
frequencies fnex. The level of the non-linear distortions So,nl(fex) at the excited
odd harmonics fex is obtained by linear or cubic interpolation of the level at the
non-excited odd harmonics. Finally, calculating Gnl(fex) at the excited harmonics
gives the level of the stochastic non-linear contribution to the frequency response
function G (f ).

Gnl(fex) =
So,nl

Ŝi(fex)
(2.51)

The bias non-linear contribution GB(fex) at the excited harmonics can be esti-
mated from this stochastic non-linear contribution, as described by Pintelon et al.
(2004b).

Multiple phase realization

The first four steps of the second measurement strategy are basically the same
as those of the first strategy. A fifth step is added which describes the repetition
of the measurement in the fourth step with a multisine with a different phase
realization. This results in the following measurement sequence.

1. Choose the amplitude spectrum A2k−1 and the frequency resolution fmax/N
of the odd random phase multisine (A2k = 0).

2. Split the excited odd harmonics in groups of equal number of consecutive
lines, and randomly eliminate one odd harmonic out of each group.

3. Make a random choice of the phases ϕk of the excited harmonics, and
calculate the corresponding time signal s(t).

4. Apply the excitation s(t) to the test system and measure P ≥ 2 consecutive
periods of the input signal spi (t) and output signal spo (t). Calculate the
frequency response functions G p(fex) from these in- and output signals.

5. Repeat the third and fourth step M ≥ 6 times. This results in the mea-
surement of M series of P frequency response measurements, where for
each m = 1, 2, · · · ,M the excitation multisine s(t) has a different random
phase distribution, but the same frequency grid.
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2 Non-linear systems and detection methods

From the M × P noisy frequency response functions Gm,p(fex), the average fre-
quency response function Ĝm(fex) and its sample variance σ2

Ĝm(fex) can be cal-
culated at the excited harmonics.

Ĝm(fex) =
1

P

P∑
p=1

Gm,p(fex) (2.52)

σ2
Ĝm(fex) =

1

P(P − 1)

P∑
p=1

∣∣∣Gm,p(fex)− Ĝm(fex)
∣∣∣2 (2.53)

An additional averaging over m gives the final frequency response function Ĝ (fex)
of the whole measurement procedure together with its sample variance σ2

Ĝ
(fex).

Ĝ (fex) =
1

M

M∑
m=1

Ĝm(fex) (2.54)

σ2
Ĝ

(fex) =
1

M(M − 1)

M∑
m=1

∣∣∣Ĝm(fex)− Ĝ (fex)
∣∣∣2 (2.55)

Equations 2.41, 2.53 and 2.55 give the following expectation values for σ2
Ĝm(fex)

and σ2
Ĝ

(fex).

ε
{
σ2
Ĝm(fex)

}
=

var(NG (fex))

P
(2.56)

ε
{
σ2
Ĝ

(fex)
}

=
var(GS(fex)) + var(NG (fex))

P

M
(2.57)

Hence, if the system is linear (GS = 0), then σ2
Ĝ

(fex) should be approximately
equal to the mean value of σ2

Ĝm(fex) divided by M .

σ2
Ĝn(fex) =

1

M2

M∑
m=1

σ2
Ĝm(fex) (2.58)

If σ2
Ĝ

(fex) is larger than σ2
Ĝn(fex), then this is and indication that the system

behaves non-linearly (GS 6= 0), which can be used to calculate an estimate of
var(GS).
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2.4 Multisine excitation method

σ2
ĜS

(fex) =

{
M
(
σ2
Ĝ

(fex)− σ2
Ĝn(fex)

)
σ2
Ĝ

(fex) > σ2
Ĝn(fex)

0 otherwise
(2.59)

The bias non-linear contribution GB(fex) at the excited harmonics can then be
estimated from this stochastic non-linear contribution, as described by Pintelon
et al. (2004b).

2.4.4 Output response measurements

The detection of non-linearities in the middle ear system requires quick measure-
ments to reduce the effects of the post-mortem artefacts, such as dehydration,
etc. These artefacts make the system time-varying, which causes problems in
the correct estimation of the noise level with the multisine measurement method
(see chapter 3). A first way to minimize the influence of the time-variability, is
to make the measurement time as short as possible. Therefore, the single phase
realization measurement strategy was chosen.

The method was changed slightly in such a way that the output response of
the system is measured instead of the frequency response function. The output
response is just the spectrum Y (ω) of the output signal, thus not divided by
the input spectrum X (ω). In this way the vibration amplitude of the middle ear
system can be derived directly from the plots. With this approach, the input
signal needs to have a flat amplitude spectrum, so that all information contained
in the frequency response function is also present in the shape of the output
response. Additionally, with a flat amplitude spectrum, the system is stimulated
by the same amount at each frequency, and each harmonic contributes with the
same amount to the distortions. A signal generator, such as a loud-speaker,
has a frequency response function Ggen of its own, which shapes the signal it
generates. To obtain the required amplitude spectrum from the signal generator,
a correction of the applied input signal is thus needed. Therefore, the signal
generator frequency response Ggen needs to be measured first. Then, its inverse
can be used to determine which frequencies of the applied input signal need more
or less stimulation. For a linear signal generator, this correction only needs to
be performed once to obtain the required amplitude spectrum. This is, however,
not true for a signal generator with some non-linearity, where the response not
only depends on the system but also on the input signal. But, in this case the
correction process can be proven (Schoukens et al., 1993) to converge after a
few iterations if the linear term of the signal generator is dominant.
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2 Non-linear systems and detection methods

With these requirements the single phase realization method is adapted in the
following way.

1. Choose the amplitude spectrum A2k−1 and the frequency resolution fmax/N
of the odd random phase multisine (A2k = 0).

2. Split the excited odd harmonics in groups of equal number of consecutive
lines, and randomly eliminate one odd harmonic out of each group.

3. Make a random choice of the phases ϕk of the excited harmonics, and
calculate the corresponding time signal s(t).

4. Apply the excitation s(t) to the test system and measure one period of the
input signal si(t). Calculate the frequency response function Ggen(fex) =
A(fex)/Si(fex) of the signal generator and use its inverse to correct the
amplitude spectrum of the excitation s(t). Repeat this process until an
excitation signal sC (t) is obtained, which generates a flat amplitude spec-
trum at the requested excitation level.

5. Apply the corrected excitation sC (t) to the test system and measure P
consecutive periods of the input signal spi (t) and output signal spo (t).

From the P noisy output spectra Sp
o (f ) the average output response Ŝo(f ) and its

sample variance σ2
Ŝo

(f ) (noise level) can be calculated at the excited harmonics
fex.

Ŝo(fex) =
1

P

P∑
p=1

Sp
o (fex) (2.60)

σ2
Ŝo

(f ) =
1

P(P − 1)

P∑
p=1

∣∣∣Sp
o (fex)− Ŝo(fex)

∣∣∣2 (2.61)

The level of the non-linear distortions So,nl(fex) at the excited harmonics can
be determined in the same way as described for the single phase realization
measurement strategy. Only the last step in equation 2.51 is not needed, since
it converts the output response distortions to frequency response distortions.
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CHAPTER 3

Validation of the opto-acoustical measurement set-up

For the measurement of non-linear distortions in the vibration of the middle ear
system an opto-acoustical measurement set-up was constructed, which imple-
mented the measurement method using the odd random phase multisines de-
scribed in section 2.4.2. The acoustical component of this set-up consists of a
speaker and a probe microphone. The speaker is used to generate an acoustic
excitation signal that triggers the vibration of the test object, and the probe
microphone is used to record the sound pressure in the vicinity of the test object.
The resulting vibration is registered with a heterodyne laser interferometer, which
forms the optical component of the set-up. The measurement method was first
validated on an earphone speaker and a latex membrane, and the results of these
experiments were published in ‘Measurement Science and Technology’. (Aerts
and Dirckx, 2007) Measurements on the earphone speaker were performed to
compare the acoustic response of the speaker with the vibration response of the
speaker membrane, in order to validate the optical part of the measurement set-
up. The latex membrane was used as an example of a weak non-linear system
‘somewhat representative’ of an eardrum. This chapter is based for the largest
part on this paper, but some measurement results on an high quality microphone
membrane (diaphragm) were added. In the experiment on this linear system,
the analysis method was tested for its ability to filter the output signal from
non-linear distortions that are present in the acoustic stimulus.

This chapter is based on:

J.R.M. Aerts and J.J.J. Dirckx. A fast full frequency range measurement of
nonlinear distortions in the vibration of acoustic transducers and acoustically
driven membranes. Measurement Science and Technology, 18:3344–3350, 2007.
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3 Validation of the opto-acoustical measurement set-up

3.1 Introduction

Analysis of the motion of vibrating membranes has its applications in many dif-
ferent fields such as loud-speakers, microphones and hearing. In the past, studies
were mainly aimed at the measurement of linear response characteristics. (Jenk-
ins and Korde, 2006) Non-linear distortions present in the sound field produced
by a speaker or in the vibration of a microphone membrane are commonly used
as a measure of the acoustic quality of the device. Till now the measurement of
non-linear distortions in membrane vibration has however drawn limited attention.
(Chobotov and Binder, 1964)

In hearing, the vibration of the eardrum is transduced by the auditory ossicles to
the cochlea. Up till now this system is treated as being perfectly linear. Since
the system does not produce an analogue electric signal like a microphone, its
transfer function has to be measured by stimulating the eardrum acoustically and
measuring the vibration of the drum and the ossicles.

Common ways to describe non-linearity of acoustic transducers is total harmonic
distortion (THD) and intermodulation distortion (IMD). (Whitaker and Benson,
2002) In structural mechanics several other well established methods are used to
characterize non-linearity. (Worden and Tomlinson, 2001; Kerschen et al., 2006)
A range of excitation signals can be used to detect, characterize or quantify
the non-linearity of a system, namely steady-state sine, impact, rapid sine sweep
(chirp) or random excitation. (Worden and Tomlinson, 2001) With steady-state
sine excitation a frequency response function can be obtained by sequentially
exciting at different frequencies (stepped sine). Since the energy is concentrated
at one frequency this method has a good signal-to-noise ratio, but the method is
slow because of the stepping over the entire frequency range. Impact excitation is
a faster method since only one excitation is necessary, but several can be used for
averaging. However, the signal-to-noise ratio however is smaller for this method
since the energy is spread out over a broad spectrum. Thus large excitations
are necessary to improve the signal-to-noise or to even detect non-linearity. The
rapid sine sweep excitation is relatively fast and a good signal-to-noise ratio can
be obtained, but the response of a non-linear system to this kind of excitation
can be complicated. The random excitation has (dis)advantages similar to those
of the impact excitation.

Recently, a new method was proposed to measure non-linear distortions over
an entire frequency range using odd random phase multisines. (Pintelon et al.,
2004b) The method has been used to measure non-linear distortions in the re-
sponse of operational amplifiers. (Pintelon et al., 2004a) A single short experi-
ment suffices to obtain frequency response, non-linear distortions and noise on a
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3.2 Measurement set-up

fine grid of frequencies.

For acoustic transducers this new method allows to determine non-linear response
by using the electric signal fed into the transducer as input signal and the sound
produced by the transducer as output signal in the data analysis. This technique
is demonstrated on an earphone. Using a heterodyne vibrometer to measure the
vibration amplitude of the transducer membrane, it is possible to measure the
non-linear distortions in the actual membrane motion rather than in the generated
sound field. The heterodyne vibrometer uses a laser beam to measure vibration
velocity on a single object point. For all frequencies the vibration velocity is
divided by 2π times the vibration frequency to finally obtain the spectrum of the
vibration amplitude. As vibration velocity increases with frequency, the technique
offers sub-nanometer displacement amplitude resolution in the higher frequency
range. Heterodyne interferometry is a well established technique to measure small
vibrations and in the experiments a commercial vibrometer is used with a 0.03
µm s−1/

√
Hz velocity resolution (Polytec OFV 353 sensor head with Polytec

OFV 5000 controller). More information about the heterodyne interferometry
measurement technique can be found in appendix A.

For acoustically driven systems such as a free vibrating membrane in a sound field,
the input signal to the system is the sound field measured by a microphone. The
only output signal available is the actual vibration of the membrane and use of
an optical measurement method becomes imperative. The measurements on the
earphone enable a comparison between the acoustic and optical measurements
on the same system and show that both methods yield comparable results. Next,
the optical technique will be used to measure non-linear distortions or the lack
thereof in the vibration of an acoustically driven system, such as a latex membrane
and an high quality microphone membrane. The latex membrane will be used
effectively to measure non-linear distortions. On the other hand, the high quality
microphone membrane, considered a perfectly linear system, will be used to verify
the correction algorithm that removes the non-linear distortions present in the
acoustic signal generated by the speaker.

3.2 Measurement set-up

Experiments were performed on a low quality electrically driven earphone (Unicom
HD-500), an acoustically driven elastic latex membrane and on an high quality
microphone membrane (Brüel & Kjær 4165). In case of the earphone the non-
linear distortions in the overall sound field are measured using a microphone, but
to measure the actual vibration of a membrane optical interferometry is needed.
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3 Validation of the opto-acoustical measurement set-up

In the experiments on the high quality microphone membrane a speaker was used
as the driver (Sennheiser PMX70).

Figure 3.1: Measurement set-up. The earphone speaker (E) generates sound
in a 2cc cavity. The vibration of the speaker membrane is measured through a
viewing window with a heterodyne vibrometer (V) and sound pressure in the cavity
is measured with a probe microphone (P). A small mirror (M) placed between the
oculars of an observation stereo microscope (S) is used to position the laser beam
on the membrane.

Figure 3.1 shows a photograph of the measurement set-up. An earphone speaker
(Unicom HD-500 or Sennheiser PMX70) is mounted in a cylindrical cavity (E)
with a volume of 2 cm3 (2cc). For tests on earphones and hearing aids a 2cc
cavity is commonly used because the acoustic impedance of the ear is of the same
order of magnitude as a 2cc volume of air. Of course one ear can differ from
another and a passive air cavity does not have the same frequency response as
an entire middle ear, but in audiology the ‘2cc coupler’ is generally accepted as a
good mimic of the impedance load of the middle ear on an earphone. By coupling
the earphone to such a cavity it delivers sound in more realistic conditions than
if it was measured in free space. At the front, the cavity is closed by a window
placed under an angle of about 10 degrees to avoid optical reflections from the
window to the vibrometer. The sound generated by the earphone is measured
using a probe microphone (P) (Brüel & Kjær 4182). The membrane vibration
is measured using the vibrometer (V) (Polytec OFV 353 sensor head with OFV
5000 controller) and the laser beam of the vibrometer is directed towards the
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3.2 Measurement set-up

object with a small mirror (M). The speaker membrane can be observed with a
stereomicroscope (S) and the mirror is placed between the two front lenses of the
microscope so that the viewing direction of the microscope and the projection
direction of the vibrometer beam coincide. The mirror is mounted on a prism
table so that the laser beam can be positioned on any object point within the
field of view of the microscope.

Because the plastic earphone membrane is completely transparent, a glass mi-
crobead is needed to obtain sufficient reflection. The beads used are less than 50
µm in diameter and cause a negligible load on the membrane. They are placed on
the membrane with a fine brush and stick to it by natural adhesion forces. Under
observation with the microscope, the mirror is turned and tilted until the laser
beam exactly hits a microbead and perfect retroreflection is obtained, ensuring
a maximal signal-to-noise ratio in the vibrometer signal.

The electric input delivered to the speaker is used as input signal. Both the
sound pressure measured by the probe microphone and the vibration velocity of
the speaker membrane measured by the vibrometer are analysed as output signal.
Membrane velocity amplitude is converted to displacement amplitude by dividing
it with the angular frequency. The in- and output signals are generated and
recorded with a high quality audio A/D conversion board (RME HDSP9632 with
RME AI4S-192 expansion board).

In case of measuring non-linear behaviour of an acoustically driven structure the
method becomes slightly more complicated. The actual input signal driving the
structure now is the acoustic field coming from a loud-speaker placed in the
vicinity of the object. Apart from that, the general set-up remains the same as
before. However, due to the frequency dependent response characteristic of the
speaker and the possible occurence of standing waves, the amplitude spectrum
of the generated sound field can differ significantly from the amplitude spectrum
of the applied electric signal. Therefore, the probe microphone is used to monitor
the sound pressure in the vicinity of the object and in an iterative process the
electric input signal is backfiltered until a flat amplitude spectrum of the signal
is obtained. All experiments are performed in a sound proof anechoic booth and
after just a few iterations the generated sound field can be made to match the
required input within less than 0.5 dB. Here the signal measured by the probe
microphone is used as the input signal in the analysis and the vibrometer signal
is used as the output signal.
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3.3 Analysis

The non-linear distortions are measured using random phase multisines as de-
scribed by Pintelon et al. (2004b,a), who applied the method to measure non-
linear distortions in electronic circuits. The method is shortly reviewed here.

Random phase multisines are periodic signals that consist of the sum of N har-
monically related sine waves with user defined amplitudes Ak and random phases
ϕk , and are described by:

s(t) =
1√
N

N∑
k=1

Ak sin(2πkfrest + ϕk) (3.1)

The frequency resolution fres is determined by the measurement time and the
phases ϕk are chosen such that the expected value ε{exp(iϕk)} = 0, for example
uniformly distributed in [0, 2π[. The excited harmonics can be chosen inside a
certain frequency band ranging from fmin to fmax. Instead of a linearly spaced
grid a quasi-logarithmical grid can be used for the excited harmonics, i.e. the
harmonics are logarithmically spaced, but chosen to coincide with the frequency
grid determined by the frequency resolution fres.

Using a random phase multisine as the input signal of a weak non-linear system
gives a multisine as output signal. Every harmonic in the output signal consists
of the linear contribution of that harmonic in the input signal and of the non-
linear contribution of all the harmonics in the input signal. If a random phase
multisine that only excites the odd harmonics is used as input, then only odd
non-linearities in the system contribute to the odd harmonics. The even non-
linearities only contribute to the even non-excited harmonics. These odd random
phase multisines allow to detect the presence and the level of even degree non-
linear distortions by looking at the even harmonics in the output spectrum. To
detect the presence and the level of the odd degree non-linear distortions, some
of the odd harmonics are left out in the odd random phase multisine. The
measurement method consists of the following steps.

1. Choose the measurement time (determines fres), the desired frequency
range (fmin and fmax), the frequency grid (linear or quasi-logarithmic) and
the amplitude spectrum A2k−1 of the odd random phase multisine.

2. Split the excited harmonics in groups of equal number of consecutive lines
and randomly eliminate one odd harmonic out of each group.

3. Make a random choice for the phases ϕk at the excited harmonics of the
random phase multisine and calculate the excitation signal s(t). Send
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this signal to the test object, measure the input signal si(t) and adjust the
amplitude spectrum of the excitation signal to obtain the required stimulus
level and if necessary a flat amplitude spectrum.

4. Apply the excitation s(t) to the system and measure a number P of con-
secutive periods of the input signal spi (t) and the output signal spo (t).

From the P noisy output spectra Sp
o (f ) one can calculate the mean Ŝo at the

excited harmonics fex, which gives the output response level, and the standard
deviation of the mean σŜo , which gives the noise level.

Ŝo(fex) =
1

P

P∑
p=1

Sp
o (fex) (3.2)

σŜo(fex) =

√√√√ 1

P(P − 1)

P∑
p=1

∣∣∣Sp
o (fex)− Ŝo(fex)

∣∣∣2 (3.3)

To get the level of the non-linear distortions, the output spectra Sp
o (f ) first have

to be corrected for non-linear distortions that are present in the input spectra
Sp
i (f ). Therefore, the frequency response function has to be calculated at the

excited harmonics fex for each measured period.

G p(fex) =
Sp
o (fex)

Sp
i (fex)

with p = 1, ... ,P (3.4)

If the test object behaves dominantly linear, a first order correction is obtained
by subtracting the linear contribution of the test object from the output at the
non-excited harmonics fnex.

Sp
oC(f ) =

{
Sp
o (fex)

Sp
o (fnex)− G p(fnex)S

p
i (fnex)

(3.5)

The frequency response function at the non-excited harmonics is obtained by
linear interpolation of the frequency response function at the excited harmonics.
Using these corrected output spectra, the level of the non-linear distortions at
the excited harmonics fex can be calculated by interpolation of the signal at the
odd non-excited harmonics.
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245 435 855 1715 3585 7215

475 975 1875 3745 7535

Table 3.1: Excited frequencies of the quasi-logarithmically spaced multisine used
in the experiment on the earphone speaker. The frequencies are given in Hz, and
grouped per octave.

3.4 Results

3.4.1 Electrically driven system: earphone speaker

The test object was a low quality earphone speaker. A quasi-logarithmically
spaced multisine was used with 8 excited harmonics per octave in the frequency
band from 125 Hz to 8 kHz (see table 3.1). With a frequency resolution of 5 Hz
a single phase realization takes 0.2 seconds. To improve the signal-to-noise ratio
results were averaged over 100 measurements yielding the complete measurement
of output response, noise level and non-linear distortions over the entire frequency
range in 20 seconds. The measurements were done at different sound pressures
produced by the earphone, ranging from 90 dB SPL to 114 dB SPL in steps
of 3 dB. The scale of dB SPL is commonly used in acoustics and gives sound
pressure relative to 20 µPa (the threshold of hearing in humans). The complete
experiment over the entire frequency and amplitude range took 180 seconds.

Figure 3.2(a) shows the membrane displacement at a spot near its centre as a
function of frequency for a produced sound pressure of 114 dB SPL. The top
curve (circles) shows the vibration amplitude at the measured spot and since
the electric input signal has a flat spectrum the curve has the same shape as
the frequency response of the membrane at that spot. The curve in the middle
(stars) shows the level of the non-linear distortions at the excited harmonics. At
this sound pressure the distortions are approximately 45 dB below the response
over the entire frequency range. The lowest curve (triangles) shows the noise
level which is more than 85 dB below the response over the entire frequency
range. This shows that the vibrometer allows measurements with a large dy-
namic range. Figure 3.2(b) shows the same measurement, but now the sound
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3.4 Results

(a) displacement

(b) pressure

Figure 3.2: Output response level (◦), non-linear distortions (?) and noise level
(4) as a function of frequency of an earphone producing a sound pressure of
114 dB SPL in a 2cc cavity, (a) for optical displacement measurements on the
earphone membrane, (b) for the sound pressure measured with a probe microphone
in front of the earphone. The 95% confidence interval is indicated as a very narrow
transparent band on each curve.
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3 Validation of the opto-acoustical measurement set-up

pressure produced by the earphone is shown. Again, noise is more than 85 dB be-
low output level. The response curve has close resemblance to the displacement
curve shown in figure 3.2(a) so the optical and the acoustic technique deliver
comparable results. Sound pressure corresponds to membrane velocity and not
directly to displacement. As velocity is the derivative of displacement, the re-
lationship between both is simple for sinusoidal movements: velocity amplitude
equals displacement amplitude multiplied with the angular frequency. Hence, if
frequency doubles, velocity amplitude also doubles at constant displacement am-
plitude. Therefore, the displacement curve shown in figure 3.2(a) has a roll-off
of 6 dB per octave as compared to the sound pressure curve. Velocity curves
could just as well be shown, but displacement curves are preferred because they
show better how small the vibrations are. When giving velocities, the numerical
values are a bit less intuitive to interpret. At the higher frequencies the non-
linear distortions measured in the microphone signal are of the same magnitude
as the displacement distortions measured by the vibrometer, but at the lowest
frequencies the microphone signal shows distortions which are only 25 dB below
response.

In figure 3.3 results are shown averaged over the centre frequency octave ranging
from 500 to 1000 Hz as a function of generated sound pressure. Figure 3.3(a)
shows again the result for displacement. The noise level remains practically
constant over the entire range of generated sound pressures. At a sound pressure
of 90 dB SPL, the signal-to-noise ratio is 67 dB, while at 114 dB SPL this
ratio rises to 86 dB. From 90 to 93 dB SPL the non-linear distortions coincide
with the noise level, but at higher produced sound pressure levels they become
clearly measurable and increase nearly linearly as a function of generated sound
pressure. At 93 dB SPL non-linear distortions are 69 dB below output level,
while at 114 dB SPL they have grown strongly and are only 39 dB below output
level. Figure 3.3(b) shows the same measurements for the average sound pressure
produced in the 500–1000 Hz octave. The signal-to-noise ratio is about the same
as for the vibrometer, but non-linear distortions have an onset at a somewhat
higher level and for the higher generated sound pressures they are about 10 dB
more below output level compared to the level of non-linear distortions in the
vibrometer measurement. From these curves it is clear that the described method
allows to measure very small non-linear distortions in both the vibrometer and
the microphone signal.

Since the analysis method is fast, it was possible to measure over a large range of
both frequency and sound pressure and collect a large amount of data in a single
experiment. The previous curves showed results in detail at a single generated
sound pressure or a single chosen octave, but to represent the entire data set a
3-D representation is needed. Many figures can be shown, for instance of the
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(a) displacement

(b) pressure

Figure 3.3: Earphone output response level (◦), non-linear distortions (?) and
noise level (4) averaged over the 500–1000 Hz octave as a function of generated
sound pressure, (a) for optical displacement measurements on the earphone mem-
brane, (b) for the sound pressure measured with a probe microphone in front of
the earphone.
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3 Validation of the opto-acoustical measurement set-up

absolute level of non-linear distortions, output level and several ratios. As the
absolute value of non-linear distortions is less important, attention goes to the
ratio of the non-linear distortions to the output response.

Figure 3.4(a) shows a representation of the ratio of non-linear distortions to
output response for the vibrometer membrane displacement measurement. The
frequency is plotted along the X-axis, generated sound pressure is plotted along
the Y-axis and colour represents the value of the ratio. When the level of non-
linear distortions is less than 10 dB above noise level the figure is left blank
so that ratio data are only shown when the measured non-linear distortions are
significant. Figure 3.4(b) shows the same result for microphone measurements.
These figures can be used to describe non-linear behaviour of a sound transducer
in one single overview. When comparing both figures, once again a good resem-
blance between both methods is seen, but one very specific difference is clear: at
the lowest frequencies the microphone is able to measure non-linear distortions
at a lower level than the vibrometer, but at frequencies above 1000 Hz the vi-
brometer detects non-linear distortions at far lower levels than the microphone.
This indicates that the non-linear distortions in the vibration of a single point
on the membrane can be significantly higher than the non-linear distortions in
the overall motion and hence in the produced sound. These figures indicate that
both the vibrometer and the microphone produce largely comparable results, but
also that some clear differences are present.

3.4.2 Acoustically driven system: latex membrane
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Table 3.2: Excited harmonics of the quasi-logarithmically spaced multisine used
in the experiments on the latex membrane and microphone membrane. The fre-
quencies are given in Hz, and grouped per octave.

Next, an acoustically driven system was tested. As a demonstration, a flat
latex membrane of about 7 mm in diameter was used. Sound from a speaker
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3.4 Results

(a) displacement

(b) pressure

Figure 3.4: Ratio of non-linear distortions to output response on an earphone as
a function of frequency and generated sound pressure (a) for optical displacement
measurements on the earphone membrane, (b) for the sound pressure measured
with a probe microphone in front of the earphone. Zones where non-linear distor-
tions are less than 10 dB above noise level are left blank.

93



3 Validation of the opto-acoustical measurement set-up

was applied to the membrane through a short tube and sound pressure a few
mm in front of the membrane was measured with a probe microphone. The
microphone signal now has to be used as input signal, so only the vibrometer
signal is available for analysis. In 2 to 3 iterative steps the electric input signal to
the speaker was adjusted to obtain a sound input with a flat amplitude spectrum.
Measurements were again performed using 8 stimulation frequencies per octave
in the frequency range from 125 Hz to 8 kHz (see table 3.2) and for applied
sound pressures between 78 and 102 dB SPL. The exact stimulation frequencies
differed from the experiment on the earphone speaker, but the range and the
number of harmonics stayed the same. The range of applied sound pressures was
chosen to obtain vibration amplitudes in the same range of magnitudes as the
vibration amplitudes measured on the earphone.

Figure 3.5: Acoustic excitation signal at a sound pressure of 108 dB SPL. The
plot shows the amplitude spectrum at the excited harmonics measured for hundred
consecutive periods.

Figure 3.5 shows the amplitude spectrum of the acoustic excitation signal applied
to the latex membrane with a sound pressure of 108 dB SPL, and this for a total of
hundred consecutively measured periods. All amplitudes lie within a small range
of approximately 0.5 dB, which demonstrates that with the correction method
described in section 2.4.4 only a few iterations suffice to obtain the required
flat amplitude spectrum. The small deviation of less than 0.1 dB in amplitude
between the different periods shows that the speaker is able to maintain the
required excitation during a longer period.

Figure 3.6(a) shows the vibration response, the noise level and the level of the
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3.4 Results

(a)

(b)

Figure 3.6: (a) Vibration response level (◦), non-linear distortions (?) and noise
level (4) as a function of frequency for optical displacement measurements on an
elastic membrane acoustically driven by a sound pressure signal of 102 dB SPL
with a flat frequency spectrum. (b) The same vibration response level, but now
plotted with the non-linear distortions at the odd (×) and even (+) non-excited
harmonics.
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3 Validation of the opto-acoustical measurement set-up

non-linear distortions at the excited harmonics as a function of frequency at
an applied sound pressure of 102 dB SPL. Compared to figure 3.2(a) vibration
amplitudes are somewhat larger, the response curve is of course different. Non-
linear distortions however are significantly smaller compared with the earphone
moving with the same amplitude, which one might expect from a freely vibrating
flat non-viscoelastic membrane. Signal-to-noise ratio is once again about 80 dB
over the entire frequency range and distortions are between 38 dB and 68 dB
below vibration response. Figure 3.6 plots the same vibration response, but now
plotted with the non-linear distortions at the odd (×) and even (+) non-excited
harmonics instead of the non-linear distortions at the excited harmonics. Indeed,
the use of the specially designed odd random phase multisines as excitation signal
allows to make a distinction between the non-linear distortions at the odd non-
excited harmonics caused by odd degree system non-linearities, and the non-linear
distortions at the even non-excited harmonics caused by even degree system non-
linearities. The plot shows that the even degree non-linear distortions are higher
than the odd degree non-linear distortions in the frequency range from 125 to
350 Hz and from 700 Hz to 2 kHz, which points to the presence of a stronger
even non-linearity in the system and a weaker odd non-linear component. Only
around the resonance frequency ('450 Hz) and above 2 kHz there is some overlap
between both levels.

Figure 3.7: Vibration response level (◦), noise level (4) and non-linear distortions
(at excited (?), odd non-excited (×) and even non-excited (+) harmonics) averaged
over the 500–1000 Hz octave as a function of applied sound pressure for optical
displacement measurements on an acoustically driven elastic membrane.

Figure 3.7 shows the results for the 500–1000 Hz octave as a function of applied
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sound pressure. Figure 3.7 shows the results for the 500–1000 Hz octave as a
function of applied sound pressure. Over the entire pressure range, very small
non-linear distortions can be measured which grow slowly as sound pressure level
is increased. Over the entire pressure range, the even degree non-linear distortions
are higher than the odd degree non-linear distortions. The even degree non-linear
distortions rise approximately 20 dB for a 10 dB increase in sound pressure,
indicating the presence of a second order system non-linearity. The odd degree
non-linear distortions, on the other hand, increase slowly and there is no clear
indication of the order of the non-linearity. To show the entire measurement
result, once again a 3-D representation is used.

Figure 3.8: Ratio of non-linear distortions to vibration response on an earphone
as a function of frequency and of applied sound pressure for optical displacement
measurements on an acoustically driven elastic membrane. Zones where non-linear
distortions are less than 10 dB above noise level are left blank.

Figure 3.8 shows the ratio of non-linear distortions to vibration response as a
function of frequency and of applied sound pressure. Once again the ratio is only
shown when distortions are more than 10 dB above noise. Very low levels of
non-linear distortions can be measured, in the mid frequency range even 70 dB
to 80 dB below vibration amplitude. Compared to figure 3.4(a), the distortion
levels for the acoustically driven elastic membrane are far smaller than for the
electrically driven earphone. Non-linear distortions of more than 60 dB beneath
vibration response can be measured significantly above noise over a large range
of stimulus levels and frequencies.
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3.4.3 Correction for non-linear distortions in the input

Finally, the correction algorithm (section 3.5) for non-linear distortions present in
the input signal was tested on a high quality microphone membrane. This mem-
brane can be considered perfectly linear in its operating range, so any distortions
present in the stimulus should be removed by the algorithm. In the experimental
set-up the microphone was placed in a cylindrical cavity, with the membrane
forming the base of the cylinder. The opposite side consisted of a microscope
glass, effectively closing the cavity, but leaving the microphone membrane acces-
sible for the laser vibrometer beam. The speaker was connected to the cavity
with a small tube through the side. In this case a different speaker (Sennheiser
PMX70) was used to obtain higher stimulus levels. The sound pressure right
in front of the microphone membrane was measured with a probe microphone
placed through a small hole opposite of the speaker tube in the cavity wall.
One measurement at a sound pressure of 120 dB SPL was performed with the
same multisine excitation signal used on the latex membrane (table 3.2), and
this during 100 periods.

The acoustic signal generated by the earphone speaker, and measured with the
probe microphone right in front of the microphone membrane is shown in fig-
ure 3.9(a). The plot shows the flat amplitude spectrum (circles) that was gener-
ated by the speaker at the excited harmonics. Each harmonic has an amplitude
of approximately 102 dB SPL, and with a total of 47 excited harmonics an ex-
tra 20 log

(√
47
)
≈ 17 dB is added, resulting in a total sound pressure level of

119 dB SPL. This is 1 dB short of the applied stimulus level of 120 dB SPL, but
the remaining energy of the signal can be found in the non-linear distortions that
are clearly present in the signal (stars). The same non-linear distortions are also
present in the vibration response of the microphone membrane measured with
the laser vibrometer (figure 3.9(b)). The displacement of the microphone has
exactly the same flat amplitude spectrum as the acoustic output of the speaker,
and the level of the non-linear distortions in both plots also have the same shape.
Only the noise level in both plots differ, since the measurement noise of the laser
vibrometer is higher than that of the probe microphone. But the noise level
on the vibration of the membrane is still low enough to pick up the non-linear
distortions. The similarity in the non-linear distortion levels clearly indicates that
the distortions in the membrane vibration originate from the stimulus. These dis-
tortions should be removed in order to get correct results. Figure 3.9(c) shows
the results of such a correction. Now, the non-linear distortions coincide with
the noise level, which shows that the response of the microphone is indeed linear
as expected.
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(a) pressure (b) displacement

(c) displacement (corrected)

Figure 3.9: Acoustic output and vibration response of an high quality microphone
membrane at an applied sound pressure of 120 dB SPL. (a) Sound pressure in front
of the microphone membrane. (b) Displacement of the microphone membrane
in response to the applied sound pressure. (c) Displacement of the microphone
membrane corrected for the distortions present in the applied sound pressure signal.
The plots show the excitation level (◦), non-linear distortions (?) and noise level
(4) as a function of frequency.
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3.5 Conclusion

A novel method was implemented to detect and characterize the non-linear re-
sponse of vibrating objects. The method was demonstrated on the sound pressure
generated by an electrically driven earphone and results showed that the analysis
method allows to measure non-linear distortions over a large range of frequen-
cies and amplitudes in a short measuring time. A measurement over the entire
frequency and amplitude range takes 180 seconds, with a frequency resolution of
5 Hz and over 6 octaves of frequency and 4 ‘octaves’ of amplitude with amplitude
steps of 3 dB.

A comparison of the registered sound pressures to measurements obtained by
vibrometry on the earphone membrane showed that optical and acoustic mea-
surements yield comparable results. This validates the results from the optical
detection method allowing its use on systems where no output sound signal is
available. Next, the optical detection method was applied on an acoustically
driven membrane where the acoustic detection method could no longer be used
to measure the response. This case demonstrated that the described method
allows to measure extremely small non-linear distortions present in the vibra-
tion of an acoustically driven elastic membrane. The vibration amplitudes of
the membrane were comparable to the amplitudes measured in the earphone,
but non-linear distortions were much smaller. Measurements on a high quality
microphone membrane showed that the analysis method can remove non-linear
distortions from the output signal that are caused by distortions in the input
signals. So, the distortions caused by the speaker in the set-up do not influence
the measurements.

The results show that this method allows to detect non-linear distortions over a
full range of frequencies and amplitudes from a short experiment. It can be used
to specify the acoustic quality of for instance speakers and microphones in a much
more detailed way than merely measuring a parameter such as total harmonic
distortion. The odd random phase multisine analysis has the great advantage that
output response, noise level and non-linear distortions are measured with a high
frequency resolution over the entire frequency range from a single measurement.
The optical measurements make it possible to detect non-linear distortions in the
vibration of acoustically driven membranes, even when the non-linear distortions
are extremely small (more than 70 dB below the excited vibration level).

Apart from technical applications such as speakers and microphones, the middle
ear is another important example of an acoustically driven mechanical system.
To study the non-linear behaviour of the inner ear in detail, the non-linear con-
tribution of the middle ear has to be determined and up to date little data exist.
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Also, at higher sound pressure levels, the non-linear contribution of the middle ear
may significantly distort the signal perceived by the listener. Modern high power
hearing aids produce sound pressure levels up to 140 dB SPL, which have to pass
the middle ear before entering the cochlea. A good characterization of the mid-
dle ear’s non-linear response may be used in preprocessing of the input sound to
reduce distortion in the perceived sound. A biomechanical system such as the ear
varies over time, so fast measurement methods are needed. Also, the eardrum
is extremely thin (Kuypers et al., 2005), so a non-contacting optical technique
should be used to measure vibration. The new measurement method will allow
the non-linearity in the biomechanical middle ear system to be determined.

Measurements in biological specimens will pose additional challenges. First of all
there are stability requirements, especially in in vivo experiments where motion
is inevitable due to heart-beat and breathing. These motions have rather large
amplitudes, but they have very low frequency: since the heterodyne vibrometer is
sensitive to velocity rather than to displacement, the acoustic vibrations should
be well detectable although they have far less amplitude than the motion arte-
facts. A second problem, which may be of more concern, are slow changes in
system behaviour over time. During in vitro experiments post-mortem changes
certainly have to be expected, but also in a living organism the vibration response
may change over time. If the system changes significantly within one phase re-
alization the estimations of noise and non-linearity are no longer correct. It is
therefore important to base the estimations of noise and non-linearity on very
short measurement intervals and then average values over several measurements,
rather than to perform the calculations on one long measurement. Short mea-
surement intervals of course imply less frequency resolution, but the resolution
of 5 Hz used here, is more than adequate for a very precise determination of for
instance the response of the middle ear. The individual subsequent phase real-
izations only take 0.2 seconds and most physiologic changes evolve on a much
larger time scale, so stability over time is expected to be adequate, thanks to the
very fast procedure used by the described method.
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CHAPTER 4

Noise estimation in slowly time-varying systems

After validation, some preliminary experiments on the gerbil eardrum were per-
formed with the optical measurement set-up described in chapter 3, which re-
vealed some problems in the correct estimation of the noise level with the mul-
tisine measurement method. The measurements on the gerbil eardrum were
performed in vitro on a temporal bone completely dissected out of the gerbil
skull. Under these circumstances the specimen is liable to post-mortem artefacts
such as dehydration, which transforms the system from a time-invariant to a
time-varying system. The time-varying characteristic now causes a problem with
the noise estimation method described section 2.4.2. Different periods of the
multisine are measured and the random changes between each period are used
to estimate the noise by calculating the standard deviation. The extra changes
between periods caused by the time-varying characteristic of the system, now
results in an elevated noise level. To solve this problem, two improved noise es-
timation methods were developed in cooperation with J. Lataire and R. Pintelon
of the Department of Fundamental Electricity and Instrumentation (ELEC) at
the Free University of Brussels (VUB). On the subject of these noise estima-
tion methods a paper was published in ‘Measurement Science and Technology’
(Aerts et al., 2008), which is presented in this chapter. The paper describes both
methods and validates them in simulations and in experiments on a high quality
microphone membrane and a gerbil eardrum.

This chapter is based on:

J.R.M. Aerts, J. Lataire, R. Pintelon, and J.J.J. Dirckx. Noise level estima-
tion in weakly nonlinear slowly time-varying systems. Measurement Science and
Technology, 19–105101 (10pp), 2008.
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4 Noise estimation in slowly time-varying systems

4.1 Introduction

Recently, a new measurement method was introduced by Pintelon et al. to es-
timate the frequency response, the non-linear distortions and the in- and output
noise of a weakly non-linear time-invariant system over a wide frequency range, all
from a single experiment. (Pintelon et al., 2004b,a) The method uses multisines
as excitation signals, which have been shown to have several advantages over
noise excitations. (Schoukens et al., 2004; De Locht et al., 2004) This method
was developed to analyse time-invariant systems. In many practical applications,
however, slight time dependent variations may occur. In vibration driven systems
for instance, heating effects in the actuators or in the system itself can make
the system response and the load to the actuator time-varying. Also in elec-
tronic devices, especially at high power levels, response can change over time.
In biophysical applications, time variation is nearly always present due to the
continuous changes in physiological conditions. A good example of a complex
biomechanical system is the middle ear. Its time variation causes a problem in
the correct determination of the noise level with the classical noise estimation
method when measuring its acoustic transfer function. Noise level estimation
in time-varying systems poses problems in numerous other applications. (Long
et al., 2005; Yamashita and Shimamura, 2005; Yao and Lee, 2004; Hartveit and
Veruki, 2007; Cuoco et al., 2004; Martin et al., 2007)

Here, two new methods to correctly determine the noise level in weakly non-linear
slowly time-varying systems are presented, and compared on simulations and real
measurements. The new methods are validated on the response measurement
of a high quality microphone membrane, as an example of an acoustically driven
time-invariant system. It is illustrated that, in such a system, the proposed
methods and the classical method yield comparable results. As an example of a
system with a time-varying response, in vitro measurements obtained on a gerbil
eardrum are presented. Here, the new methods are compared with the classical
method.

4.2 Problem formulation

A schematic of the measurement set-up is shown in figure 4.1 where DUT stands
for ‘Device Under Test’. U and Y are respectively the in- and output signals.
In the practical example they correspond respectively to the acoustic pressure
applied to the test object and its resulting vibration. Measurements of U and Y
are denoted by Um and Ym, and they are disturbed by the additive noise sources
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4.2 Problem formulation

Figure 4.1: The input (U) and output (Y ) signal of the system are disturbed by
noise when measured.

NU and NY . An estimate of the power spectrum of these noise sources is required
for two main reasons. The first is that the uncertainty on the measured frequency
response of the system depends on the disturbing noise. The second is that it is
necessary to make a distinction between non-linear distortions and the noise. For
the two presented noise estimation methods, the device under test is considered to
behave mainly linearly (only some small non-linearities are present), and the time
variations should be slow compared to the dynamics of the considered system.
Multisines will be used as excitation signals, as they have already proven their
usefulness for detecting non-linearities in time-invariant systems. Here, it will be
shown how multisines are used to help distinguishing the deterministic from the
stochastic part of the signal.

4.2.1 Random phase multisines

A random phase multisine is mathematically described by:

s(t) =
1√
N

N∑
k=1

Ak sin(2πkfrest + ϕk) (4.1)

It is a periodic signal that consists of the sum of N harmonically related sines
(i.e. with frequencies all multiples of fres) with user defined amplitudes Ak and
random phases ϕk . The period of this signal equals f −1res , and determines the
measurement time. The phases ϕk are stochastic variables with respect to k
and are uniformly distributed in [0, 2π[ such that the expected value ε{exp(iϕk)}
equals 0. In figure 4.2 an example of a multisine is represented in the frequency
domain. The excited frequency band of the multisine can be chosen arbitrarily by
determining the frequency resolution fres and the amplitudes Ak of the individual
lines. Instead of a linearly spaced grid, a quasi-logarithmic grid can be used for
the excited harmonics, i.e. the harmonics are logarithmically spaced, but chosen
to coincide with the frequency grid determined by the frequency resolution fres.
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Figure 4.2: Frequency domain representation of a multisine.

In steady-state, a random phase multisine as the input signal of a time-invariant
linear system gives a multisine as output signal with the same excited harmonics
but with amplitudes and phases shaped by the frequency response of the system,
as shown in figure 4.3(a). This means that if some harmonics were not excited in
the input signal (by setting the corresponding Ak to zero), no signal is expected
at these harmonics in the output signal. This is not true for non-linear systems.
When exciting a weakly non-linear time-invariant system with a multisine, the
signal found at the non-excited harmonics is shown to be due to non-linearities.
One method for determining the level of the non-linear distortions is thus by
looking at the non-excited harmonics in the output signal. (Schoukens et al.,
2005; Wernholt and Gunnarsson, 2008)

When a multisine is applied to a linear but slowly time-varying system, the output
signal will show an even different behaviour (see figure 4.3(b)). The most impor-
tant contributions are still found at the excited harmonics but the non-excited
harmonics and the background frequencies1 also carry some energy. They form
skirt-like contributions around the excited harmonics. The faster the time varia-
tions are, the higher the skirts will get. This agrees with the fact that these skirts
are equal to zero when the variations are infinitely slow (i.e. when the system is
time-invariant).

The spectra in figures 4.3(a) and 4.3(b) were obtained by calculating the discrete
Fourier transform of the sampled and windowed output signals. A rectangular
window was used with a length equal to an integer number of the period of the
input signal. Note that, in contrary to linear time-invariant systems, arbitrarily

1A distinction is made between the non-excited harmonics and the background frequencies.
They are both non-excited frequencies in the signal, but the first coincide with the harmonic
grid determined by fres. The background frequencies on the other hand lie at frequencies
between the harmonics of this grid, and can only be seen if the spectrum is calculated from
multiple periods of the signal.
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Figure 4.3: Amplitude spectrum of the output signal of a time-invariant and
time-varying system excited by a multisine. The plots show the excited harmonics
(arrows) and the non-excited frequencies (grey dots).

time-varying systems never reach a steady-state. The response to a periodic
signal (like a multisine for example) will not be periodic. In figure 4.3(b) and in
the remaining figures of this chapter where the output spectrum of a time-varying
system is shown, a so-called pseudo steady-state was calculated. This means
that, during the simulations or experiments, multiple periods of the multisine
were applied to the system. The samples of the output signal that correspond
to the first period of the input signal were removed. In the linear time-invariant
case, this leads to the steady-state response if the transients fade out faster than
one period of the multisine. In the linear slowly time-varying case, it makes sure
that the output signal is almost periodic. As a consequence, the spectral leakage
is almost negligible.

4.3 Theory on noise estimation methods

Classically, an estimate of the noise level of a signal is obtained from variance
analysis over repeated measurements. Evidently, this assumes that the measure-
ments are repeatable. For time-varying systems, this assumption is no longer
valid. It is clear that exactly repeatable measurements are simply impossible for
such systems. This is why a noise estimation should be performed using only one
well-designed experiment.

A estimation method for noise from measurements with arbitrary (noise) excita-
tions that works fine on linear time-invariant systems is based on estimating the
coherence function and is described in Bendat and Piersol (1993). However, ap-
plying this method to time-varying systems, would require to break up the signals
into small pieces inside which the system can be considered as time-invariant.
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4 Noise estimation in slowly time-varying systems

This would lead to a poor frequency resolution of the estimate. Moreover, no
distinction can then be made between noise contributions and non-linear distur-
bances.

Two new noise estimation techniques for slowly time-varying systems are ex-
plained in the two following sections. The first technique (background frequency
method) extracts noise information from the in- and output signals at the back-
ground frequencies. The second technique (periodic difference method) uses the
difference (first or higher order) over multiple measured periods of the signal to
determine the noise at the excited and non-excited harmonics.

4.3.1 Background frequency method

As was mentioned before, when exciting a linear time-invariant system with a
multisine, the signal at the output is supposed to be present only at the excited
harmonics. Therefore, for a purely linear system, the energy at the non-excited
lines is entirely due to noise. An estimate of the frequency-dependent noise level
is thus easily extracted from these non-excited lines. However, this technique is
not directly applicable to time-varying systems because the non-excited lines in
the output are a mix of the deterministic signal and the noise, as illustrated in the
simulation shown in figure 4.4(a) (grey dots). Nevertheless, a similar technique
can be used, since for sufficiently slow variations non-excited lines will give skirt-
like contributions around the excited harmonics (as shown in section 4.2.1). The
excited harmonics correspond to regions with high signal-to-noise ratio, whereas
the signal at the tails of the skirts (in between two excited harmonics) has a low
signal-to-noise ratio. In fact, it is perfectly possible that the signal in between
two excited harmonics gets close to the noise floor (as seen in the first valley in
figure 4.4(a)) or is submerged by the noise. If one can assume that the power
spectrum of the noise is varying slowly with respect to the frequency resolution
used - meaning that the power spectrum is nearly constant inside each valley -
one can estimate its variance from neighbouring points that have a low signal-
to-noise ratio.

For this noise estimation technique the time domain output signal is sampled
and windowed such that the window length equals an integer number of periods
of the exciting multisine. The discrete Fourier transform of the whole signal
is calculated and is considered to be a good approximate of the continuous
Fourier transform, under the assumption of an adequate choice of the sample
frequency. The method then aims to distinguish the deterministic part (the
skirt-like contributions) from the stochastic part (the noise) of the signal. To
this end, the output spectrum is differenced twice to remove an important part
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(a) background frequency method
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(b) periodic difference method

Figure 4.4: Estimation of the noise for slowly time-varying systems, demonstrated
on a simulation. Both plots show the excited harmonics (arrows), the non-excited
frequencies (grey dots), the second order difference of the spectrum (grey crosses),
the actual noise level (grey line) and the noise level estimated with the classical
method (grey dashed line). The left plot shows the noise level estimated with the
background frequency method (black line) and the right plot shows the noise level
estimated with the periodic difference method (black line).
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4 Noise estimation in slowly time-varying systems

of the deterministic contributions to the signal. The first order difference of the
output spectrum is defined as:

∆Y (k + 1/2) ≡ Y (k + 1)− Y (k), (4.2)

where k is the frequency index. The d th order difference ∆dY (k) is obtained
by performing this operation d times. The motivation to perform this operation
is clear by looking at the differenced signal (grey crosses) in figure 4.4(a). It
is clear that the influence of the time variation on this signal is less important.
The valleys are deeper and are almost immediately submerged by the noise. A
theoretical motivation of using the differenced signal, is that the deterministic
part, which should be removed, is a smooth function of the frequency. As a
consequence, it can locally be approximated by a linear function of the frequency.
The second difference of a linear function being zero, applying this same operation
to the output signal’s spectrum will remove an important part of its deterministic
contributions. In practice, it is sufficient for the differenced signal to be very small
and thus below the noise floor in a substantial frequency band in-between two
excited harmonics. On the other hand, the stochastic part of the signal stays
unaffected up to a scaling factor.

The variance of Y (k) can be extracted from the variance of ∆Y (k) as follows:

var{∆Y (k + 1/2)} = E{|Ny (k + 1)− Ny (k)|2} (4.3)
= E{|Ny (k + 1)|2 + |Ny (k)|2

−Ny (k + 1)Ny (k)− Ny (k)Ny (k + 1)} (4.4)
' 2var{Y (k + 1/2)} (4.5)
= 2σ2

y (k + 1/2) (4.6)

Equation 4.5 is true when the noise is uncorrelated over the frequency (which
is asymptotically true for N −→ ∞, where N is the number of samples, see
Pintelon and Schoukens (2001, chap. 14)) and when the noise level variations
between neighbouring frequencies are sufficiently small. Following the same rea-
soning, it can be shown that:

var{∆2Y (k)} = var{∆Y (k + 1/2)−∆Y (k − 1/2)} (4.7)
= E{|Ny (k + 1)− 2Ny (k) + Ny (k − 1)|2} (4.8)
= E{|Ny (k + 1)|2 + 4 |Ny (k)|2 + |Ny (k − 1)|2

−2Ny (k + 1)Ny (k)− 2Ny (k)Ny (k + 1)}
+Ny (k + 1)Ny (k − 1) + Ny (k − 1)Ny (k + 1)}
−2Ny (k)Ny (k − 1)− 2Ny (k − 1)Ny (k)} (4.9)

' 6var{Y (k)} (4.10)
= 6σ2

y (k) (4.11)
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4.3 Theory on noise estimation methods

Extracting noise information from the differenced signal or from the original
output spectrum is thus equivalent. The variance at each frequency k is now
estimated as the sample variance of n+1 neighbouring frequencies, from k−n/2
until k + n/2, making a regularization when n is odd. The sample variance is
in fact calculated in a sliding window of n + 1 bins. Here, n = 5 was chosen as
it turned out to give a good trade-off between the frequency resolution and the
uncertainty of the estimate. Note that in the vicinity of an excited harmonic,
this method would give inaccurate results. As a consequence, these should not
be considered for the estimation. They can be omitted by using statistical tools.
(Lataire and Pintelon, 2008) Assuming a slow variation, the variance at the
excited harmonics can be calculated by interpolating the values at the non-excited
frequencies. The result is illustrated by the black line in figure 4.4(a). As can
be seen, the estimate is in good agreement with the actual noise level (grey
line). Note that, since the signal was windowed by a rectangular window and
the signal was not perfectly periodic, leakage will occur (despite the measures
taken, discussed in section 4.2.1, to keep this effect as small as possible). On the
other hand, it can be shown that leakage can be modelled as a highly structured
contribution. (Pintelon and Schoukens, 2001, chap. 5) It will vanish when taking
the difference of the signal, just like the skirt-like contributions.

4.3.2 Periodic difference method

In a second approach, multiple successive periods of the measured signal are used
to determine the noise level. When a linear time-invariant system is excited by
a periodic signal, only the noise contributes to changes in the measured signal
between different periods. Thus the standard deviation of the measured spectra
over successive periods gives a good estimate of the noise level. In the case of
a slowly time-varying system, not only the noise contributes to changes of the
measured signal between different periods. The time variation of the system is
also partly responsible for it. Under these conditions the standard deviation can-
not be used directly to estimate the noise level. It is obvious from the simulation
data in figure 4.4(b) that the noise level estimated with the classical method
(grey dashed line) does not correspond with the actual noise level (grey line).

The noise and the effects of time variation form an aperiodic contribution to
the measured signal, and they give rise to a leakage term in the spectrum of the
measured signal. The influence of this term becomes larger when the spectrum is
taken of a smaller part of the signal such as one period. Since this method works
with the individual periods, each period has to be multiplied with a Hanning
window in order to reduce the effect of leakage. Note that, this is not necessary
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4 Noise estimation in slowly time-varying systems

for the background frequency method since it works on the entire signal and is
thus less influenced by leakage.

The contribution of the slow time variation has to be removed or at least reduced
without changing the actual noise contribution. This is done by taking the
difference (first or higher order) over different periods of the signal. The first
order difference ∆Yl+1/2(k) is calculated by subtracting the spectra Yl+1(k) and
Yl(k) at two successive periods.

∆Yl+1/2(k) = Yl+1(k)− Yl(k) (4.12)

This manipulation reduces the degree of a polynomial by one (see Boole and
Moulton, 1860, chapter 2), thus it removes a linear time variation between dif-
ferent periods. The second order difference reduces the degree of a polynomial
by two, and can thus remove a quadratic variation. Higher order differences can
remove variations up to the corresponding degree. To determine the necessary
difference order, the noise level estimated with successive order is compared until
no significant change is observed. For a slowly time-varying system a second
order difference will typically suffice. The variance of the differenced signal is
equal to the variance of the original signal multiplied with a certain factor (e.g.
6 for a second order difference), which can be calculated as described in equa-
tions 4.3 through 4.6. As a consequence, the differenced signal must be divided
by the square root of this factor to correct for this difference in variance. Finally,
once the influence of the time variation is removed, the standard deviation over
the differenced signals gives a better estimation of the noise level. Figure 4.4(b)
demonstrates this method on a simulation, were a fourth order difference of the
signal was required to give an accurate estimation of the noise level. The plot
shows that the estimation with the periodic difference method (black line) is in
good agreement with the actual noise level (grey line).

The fact that this method calculates the noise level at the excited harmonics
without the use of interpolation of the noise level at the non-excited frequencies,
is an advantage over the background frequency method. This is clear for the
estimated noise level (black line) in figure 4.4(a) around the excited harmonic of
26 Hz. A disadvantage of this method is that it is influenced more by leakage
compared with the background frequency method.
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4.4 Application example

Figure 4.5: Schematic overview of the measurement set-up.

4.4 Application example

4.4.1 Measurement set-up

The new noise estimation methods are demonstrated on a time-invariant and
a time-varying system: respectively the membrane of a high quality microphone
(Brüel & Kjær 4165), and an eardrum. The gerbil eardrum was chosen as example
because the species is one of the standard animal models for basic and clinical
research of middle ear mechanics. (von Unge et al., 1995, 1999; Dirckx and
Decraemer, 2001) Figure 4.5 shows the measurement set-up: the test object is
acoustically stimulated with an earphone speaker (Sennheiser PMX70), and the
incoming sound field is registered with a probe microphone (Brüel & Kjær 4182).
The corresponding vibration of the test object is measured with a laser vibrometer
(Polytec OFV 353 sensor head with OFV 5000 controller). The test object is
mounted in a 2 ml cavity. At the front, the cavity is closed by a window placed
under an angle of about 10 degrees, such that the glass plate does not retroreflect
light to the vibrometer. The earphone speaker is connected to the side of the
cavity with a tube. The closed cavity allows to obtain high sound pressure levels,
and a 2 ml air space mimics to some extent the impedance load of the human
ear for which the speaker is optimized. The sound generated by the earphone is
measured with a probe microphone placed in the cavity, and positioned close to
the front of the test object. The vibration of the test object is measured using
the vibrometer, and the laser beam of the vibrometer is directed towards the
object by a small mirror in such a way that the test object can be observed with
a stereomicroscope. The mirror is placed in between the two front lenses of the
microscope in such a way that the viewing direction of the microscope and the
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4 Noise estimation in slowly time-varying systems

projection direction of the vibrometer beam coincide. The mirror is mounted on
a prism table in such a way that the laser beam can be directed at any object
point within the field of view of the microscope.

The membrane of the microphone is made of a metal alloy, which acts as a
retroreflective mirror for the vibrometer beam. In this case no special measures
have to be taken to improve the reflectivity of the object. This is not the case for
the measurements on an eardrum. The reflectivity of biological material is not
sufficient to obtain good reflection of the vibrometer beam. High retroreflection
is obtained by putting a glass microbead on the membrane surface. The beads
used are less than 50 µm in diameter and cause a negligible load on the test
object. They are placed on the eardrum with a fine brush and stick to it by
natural adhesion forces. Under observation with the microscope, the mirror is
then turned and tilted in such a way that the vibrometer beam exactly hits a
microbead and high retroreflection is obtained.

The input and output signals are respectively generated and recorded using a high
quality audio A/D-D/A conversion board (RME HDSP9632 with RME AI4S-
192 expansion board). The actual excitation signal driving the structure is the
acoustic field coming from a loud-speaker placed in the vicinity of the object.

Due to the frequency dependency of the response characteristic of the speaker,
and due to the possible existence of standing waves, the amplitude spectrum
of the generated pressure signal can differ significantly from that of the electric
input signal coming from the soundcard. Therefore, the probe microphone is
used to monitor the sound signal in the immediate vicinity of the object, and in
an iterative process the electric input signal is backfiltered until a flat frequency
distribution of the sound signal is obtained. All experiments are performed in a
soundproof anechoic booth, and after just a few iterations the generated sound
field is identical to the required input within less than 0.5 dB.

4.4.2 Results

In all the experiments a quasi-logarithmically spaced multisine is used with a flat
amplitude spectrum and 8 excited odd harmonics per octave in the frequency
band from 125 Hz to 8 kHz. With a frequency resolution of 5 Hz a single period
of the signal has a length of 0.2 seconds (9600 samples at a sample rate of
48 kHz). The measurements were performed at a sound pressure level produced
by the speaker of 78 dB SPL. The dB-values of the sound pressure (dB SPL) are
given relative to a reference value of 20 µPa, which is the threshold of human
hearing sensitivity at 1 kHz. The vibration velocity dB-values (dB SVL) are
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125 265 505 1005 2025 4045
145 285 545 1095 2205 4415
165 305 595 1195 2405 4815
185 325 655 1305 2625 5245
205 345 715 1425 2865 5715
225 385 775 1555 3125 6225
245 425 845 1695 3405 6795

465 925 1855 3715 7405
7735

Table 4.1: A table containing the excited frequencies (Hz) grouped per octave of
the multisine used in the measurements.

given relative to a reference velocity of 50 nm/s. The frequencies of the excited
harmonics arranged per octave are shown in table 4.1.

First, a membrane of a high quality microphone (Brüel & Kjær 4165) was used
as a test object. Such a membrane can be modelled as a linear time-invariant
system, and was chosen to investigate if the new noise estimation methods indeed
give the same result as the classical noise estimation method. In this case, 20
periods (192000 samples) of the in- and output signals were recorded, yielding a
complete measurement in 4 seconds.

Figure 4.6 shows the spectrum of the sound pressure applied to the microphone
membrane between 125 Hz and 8 kHz. In this plot a distinction is made between
the excited harmonics of the multisine and the non-excited frequencies. The latter
are divided into the odd and even non-excited harmonics and the background
frequencies. The position of the noise level is clearly visible at the non-excited
frequencies, but below 2 kHz a periodic disturbance to the signal is visible, where
some background frequencies and even non-excited harmonics rise above the
surrounding levels. This is caused by the speaker and amplifier system: it is not
present in the signal when the background noise is measured with the speaker
decoupled from the amplifier, but it is present when the background noise is
measured with the speaker attached to the amplifier but without applying any
excitation.

These contributions are also present in the output signal, and influence the in-
terpretation of the measurement results. However, the output signal can be
corrected for these contributions in the same way as in the case where non-linear
distortions are present in the input signal, as described by Pintelon et al. (2004b).
To this end, the frequency response function G is first estimated at the excited
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4 Noise estimation in slowly time-varying systems

Figure 4.6: Spectrum (125 Hz – 8 kHz) of the pressure signal applied to the
microphone membrane. The plot shows the excited harmonics (dotted line), the
odd non-excited harmonics (triangles), the even non-excited harmonics (plus signs),
and the background frequencies (grey dots).

harmonics fex as the ratio Y (fex)/U(fex). The values of G at the non-excited
frequencies fnex are determined by linear interpolation from the values at the ex-
cited harmonics. Then the spectrum of the input signal U at the non-excited
frequencies fnex has to be multiplied with the frequency response function G and
subtracted from the spectrum of the output signal Y , which gives the corrected
output spectrum YC.

YC(fnex) = Y (fnex)− G (fnex)U(fnex) (4.13)

This effectively removes the disturbances from the output signal that are caused
by the input signal, as shown in figure 4.7.

The only obvious disturbances left in the corrected output spectrum are the
50 Hz harmonics of the mains voltage. This are disturbances picked up by the
in- or output acquisition channels that do not excite the microphone membrane.
In order not to unnecessarily complicate matters with this technical issue, the
following discussion of the results is limited to frequencies above 2 kHz.

Figures 4.8(a) and 4.8(b) respectively show the spectrum of the sound pressure
applied to the microphone membrane and the corresponding vibration velocity
spectrum of the membrane between 2 and 8 kHz. Besides the excited and non-
excited frequencies, these plots also show the noise levels estimated with the
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(a) measured spectrum

(b) corrected spectrum

Figure 4.7: The measured and corrected vibration velocity spectrum of the mi-
crophone membrane. The plots show the excited harmonics (dotted line), the odd
non-excited harmonics (triangles), the even non-excited harmonics (plus signs),
and the background frequencies (grey dots).
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(a) pressure

(b) vibration

Figure 4.8: Spectrum of the pressure signal applied to the microphone membrane
and the corresponding vibration velocity spectrum in the range from 2 to 8 kHz.
Besides the excited harmonics (dotted line), the odd non-excited harmonics (trian-
gles), the even non-excited harmonics (plus signs) and the background frequencies
(grey dots), the plot also shows the estimated noise level with the classical method
(black line), the background frequency and periodic difference method (red and
blue lines).
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classical method and the two new methods. It is clear from these figures that
the two new noise estimation methods give the same results as the classical
method, since the different levels coincide with each other, and with the non-
excited frequencies.

Another measurement was performed on the eardrum of a gerbil. Vibrations were
measured at the umbo, which is the outer tip of the malleus handle. This point
is commonly used in middle ear studies as reference point for eardrum vibrations.
For this experiment, the middle ear was removed from the specimen with the
inner ear still attached. Due to small post-mortem changes the system is slightly
time-varying. In this case, 100 periods of the signals were recorded, yielding the
complete measurement in 20 seconds.

Figures 4.9(a) and 4.9(b) show respectively the spectrum of the sound pressure
applied to the middle ear, and the corresponding vibration velocity spectrum of
the eardrum umbo between 2 and 8 kHz. In the vibration velocity spectrum,
the skirts around the excited harmonics of the multisine signal are clearly visible.
This is a distinct evidence of the presence of the time variation of the tested sys-
tem. In the sound pressure spectrum, skirts are also visible around some excited
harmonics. This cannot be caused by the loud-speaker, which is time-invariant,
as can be seen in figure 4.8(a). It originates from the dynamic coupling between
the tympanic membrane and the air in the 2 ml cavity of the measurement set-
up. The vibration of the tympanic membrane changes the pressure in the 2 ml
cavity, which is registered by the probe microphone together with the pressure
variations generated by the speaker.

Looking at the result of the different noise estimation methods (see figure 4.9(c)
for more detail), it is seen that the classical method now gives an erroneous
estimate of the noise level at the excited harmonics due to the time-variability.
The estimate clearly lies above the background frequencies in the areas between
the excited harmonics. The two new noise estimation methods give better results,
and the two different new approaches mutually give comparable results.

To demonstrate that the new noise estimation methods also work well on a sys-
tem with clear non-linearities, the measurement on the microphone membrane
was repeated with an excitation signal with a total amplitude of 108 dB SPL
(an amplitude of 78 dB SPL was used in the original experiment). Obtaining a
flat spectrum of the excitation signal at this sound pressure level is not straight-
forward, as the speaker now causes effects of time variation and non-linear dis-
tortions in the acoustic excitation signal. The microphone membrane is a linear
system, so this system is expected to introduce neither non-linear distortions nor
effects of time variation to the measured signal.
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(a) pressure (b) vibration

(c) vibration, detail

Figure 4.9: Spectrum of the pressure signal applied to the umbo and the corre-
sponding vibration velocity spectrum in the range from 2 to 8 kHz. Besides the
excited harmonics (dotted line), the odd non-excited harmonics (triangles), the
even non-excited harmonics (plus signs), and the background frequencies (grey
dots), the plot also shows the estimated noise level with the classical method
(black line), the background frequency and periodic difference method (red and
blue lines).
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(a) pressure

(b) pressure, detail

Figure 4.10: Spectrum (2–8 kHz) of the pressure signal applied to the microphone
membrane, with a total amplitude of 108 dB SPL. Besides the excited harmon-
ics (dotted line), the odd non-excited harmonics (triangles), the even non-excited
harmonics (plus signs), and the background frequencies (grey dots), the plot also
shows the estimated noise level with the classical method (black line), the back-
ground frequency and periodic difference method (red and blue lines).
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4 Noise estimation in slowly time-varying systems

Figure 4.10(a) shows the spectrum of the sound pressure produced by the loud-
speaker between 2 and 8 kHz, and figure 4.10(b) shows a part of this spectrum in
detail. The non-linearity of the speaker system is clear since the signal at the non-
excited harmonics (triangles and plus signs) rises distinctly above the background
frequencies (grey dots). The large skirts around the excited harmonics and the
smaller ones around the non-excited harmonics show the time variation of the
system. It is obvious that the classical noise level estimation method gives wrong
results on the data. The two new methods on the other hand give a good estimate
of the noise level, certainly when compared with the noise level calculated in the
original experiment in figure 4.8(a)), which lies around 0 dB SPL at 2 kHz and
drops slowly to 20 dB SPL with increasing frequency. In both experiments the
noise levels are the same. At a frequency of 2 kHz the noise level lies around
0 dB SPL and decreases slowly to -10 dB SPL for a frequency of 8 kHz.

As mentioned before the time variation of the tested middle ear system is due
to short term post-mortem changes. After a period of time, the system will
therefore reach a time-invariant state. To check this, the measurements were
repeated at different moments in time.

Three consecutive measurements were made, respectively 30, 45 and 210 minutes
after the first measurement. Results are given respectively in figures 4.11(a),
4.11(b) and 4.11(c). These figures clearly show that the time variation of the
system disappears after a period of time. For the second measurement, the
skirts are already smaller compared with the first measurement, and the skirts
decrease in time as seen in the third measurement. They disappeared in the
final measurement. Waiting for three hours before starting measurements may
cause important changes in the response of the system, for instance because of
dehydration. Therefore it is important for middle ear research to work on fresh
specimens and to use analysis methods which can cope with slowly time-varying
systems. The changes in the response characteristics and the non-linearities of the
system are negligible, but the time variation can lead to a gross over-estimation
of the actual noise floor.

4.5 Conclusion

Two improved noise estimation methods were presented that give a correct es-
timation of the noise level for measurements on weakly non-linear slowly time-
varying systems when multisine excitation signals are used. When applied to
time-varying systems, the classical noise estimation method results in an estimate
of the noise level which is too high. The incorrect estimation is a consequence
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(a) 30 minutes (b) 45 minutes

(c) 210 minutes

Figure 4.11: Vibration velocity spectra (2–8 kHz) of the umbo for measurements
30, 45 and 210 minutes after the initial measurement. The plots only show the
background frequencies (grey dots).

123
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of the non-periodicity of the signals, as the classical method assumes them to be
periodic. In a first experiment on a time-invariant high quality microphone mem-
brane, the improved methods and the classical method were found to give the
same results. The next experiment was performed on the middle ear of a gerbil.
From the skirts visible in the measured spectra it is clear that this system is slowly
time-varying. A comparison of the classical noise estimation method with the
improved methods on this measurement data, showed clearly that the latter give
a more accurate estimate of the real noise level, whereas the classical method
is clearly influenced by the time variation. Another measurement was done at
a very high sound pressure level. Under these circumstances the speaker signal
also shows non-linear distortions as well as the effects of time variation. Also
under these conditions the improved noise estimation methods give an accurate
estimate of the noise level.
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CHAPTER 5

Non-linearity in the eardrum vibration of the gerbil

Chapter 4 described two estimation methods that are suitable to correctly de-
termine the noise level in a slowly time-varying weakly non-linear system such
as the middle ear during in vitro measurements. These methods enabled the
measurements of non-linear distortions in the vibration of the middle ear with
the measurement set-up that was demonstrated in chapter 3. Because of these
methods the non-linear distortions did not disappear anymore in the elevated
noise levels caused by the time-varying character of the middle ear during in
vitro measurements. Measurements on a few gerbil eardrums were performed
in preparation of the MEMRO 2009 conference at the Stanford University. In
these measurements the middle ear was found to be non-linear at sound pressures
starting from 93 to 96 dB SPL, contrary to the popular assumption of middle ear
linearity below a sound pressure of 130 dB SPL. Afterwards, these measurements
were repeated on a whole series of gerbils, in order to verify the previous results
and perform some statistical analysis. The same conclusion as before could be
drawn from these repeated measurements, and the appearance of non-linear dis-
tortions was quite similar between the different specimens. With the repeated
measurements, the influence of a range of external factors was verified, including
the influence of remaining post-mortem cochlear non-linearity. Since the middle
ear display time-varying behaviour during in vitro measurements, the evolution of
the non-linearities as a consequence of post-mortem artefacts was also studied.
These results were published in ‘Hearing Research’ (Aerts and Dirckx, 2009),
and this chapter is based on this paper together with some measurement results
presented at the OPTIMESS 2009 conference.

This chapter is based on:

J.R.M. Aerts and J.J.J. Dirckx. Nonlinearity in eardrum vibration as a function
of frequency and sound pressure. Hearing Research, In Press, 2010.
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5 Non-linearity in the eardrum vibration of the gerbil

5.1 Introduction

The main function of the middle ear is to match the acoustic impedance of air
in the ear canal to that of the cochlear fluid. Without impedance matching the
incoming sound pressure is reflected by the cochlear fluid. This system is consid-
ered linear at auditory frequencies for sound pressures up to 130 dB SPL (sound
pressure level relative to 20 µPa) as long as middle ear muscle contractions do not
occur (Guinan and Peake, 1967; Nedzelnitsky, 1980; Goode et al., 1994; Dong
and Olson, 2006; Voss et al., 2000). However, at quasi-static pressure loads,
caused for example by changes in environmental conditions and by gas exchange
processes in the middle ear, a strong non-linearity of the middle ear has been
demonstrated by Dirckx and Decraemer (1991, 1992), von Unge et al. (1995),
Hüttenbrink (1988) and Gea (2010). Considering the non-linear behaviour at
slow pressure variations, it is not unrealistic to expect small non-linear distor-
tions to be present in the middle ear vibration in the auditory frequency range.
The methods used in previous research may not have revealed the presence of
such small non-linear distortions. Here, a sensitive measurement technique (Aerts
and Dirckx, 2007) will be used to verify whether such small non-linear distortions
are present in the middle ear vibration. The technique is based on an anal-
ysis method that uses multisine excitation signals that are designed especially
for the detection of small non-linear distortions (Pintelon et al., 2004b). The
measurements are performed at the tip of manubrium mallei on the eardrum.

5.2 Materials and methods

5.2.1 Measurement set-up and specimen preparation

The set-up (figure 5.1) basically consists of a test object that is acoustically
stimulated with an earphone speaker (Sennheiser PMX70). The incoming sound
field is registered with a probe microphone (Brüel & Kjær 4182), and the corre-
sponding test object vibration is measured with a heterodyne vibrometer (Polytec
OFV 353 sensor head and OFV 5000 controller). The in- and output signals are
generated and recorded using a high quality audio A/D-D/A conversion board
with 24-bit resolution and up to 192 kHz sampling rate (RME HDSP9632 and
RME AI4S-192).

The gerbil middle ear was chosen because this species is one of the standard
animal models for basic and clinical research of middle ear mechanics (von Unge
et al., 1995; Dirckx and Decraemer, 2001). The middle ear is investigated in vitro
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vibrometer
test object

probe microphone

mirror

speaker

microscope

Figure 5.1: Schematic measurement set-up overview.

to have better access to the eardrum and the ossicles with the vibrometer beam.
In vitro measurements also remove the influence from pulse and respiration.
More importantly, the influence of the cochlea, which is known to be a non-linear
system (Kemp, 1978), is excluded. The cochlea is still attached to the middle
ear system, and post-mortem it will most likely act only as an impedance load on
the middle ear. This assumption was verified in the measurements. Adult gerbils
(weight ∼80 g) were used, and animals were euthanized with carbon-dioxide.
All experiments were conducted according to the local ethical committee rules.
During the experiments, the specimens are kept at room temperature and under
normal humidity conditions.

Figure 5.2(a) shows the preparation of the gerbil middle ear, as used in the ex-
perimental set-up. The side of the tympanic cavity opposite to the eardrum is
opened to enable the vibrometer to measure from the medial side and perpen-
dicular to the manubrium tip. A tube is glued over the ear canal and connected
at its other side to the earphone speaker. The tube conducts the sound from the
speaker to the eardrum. The sound generated by the earphone is measured with
a probe microphone placed through a small opening in the tube and positioned
directly in front of the ear canal. The eardrum vibration is measured with the
vibrometer. The vibrometer beam is directed towards the middle ear by a small
movable mirror so that the beam positioning can be observed with a stereomi-
croscope. The mirror is placed in between the two front lenses of the microscope
so that the microscope viewing direction and the vibrometer beam coincide. Fig-
ures 5.2(b) and 5.2(c) show the measurement position at the manubrium tip,
as used in the experiments. Biological material reflectivity is not sufficient to
obtain a good vibrometer beam reflection, which causes a low signal-to-noise

127



5 Non-linearity in the eardrum vibration of the gerbil

(a)

(b) (c)

Figure 5.2: (a) Preparation of the gerbil bulla, as used in the experimental set-up.
(b) Close-up of the opened gerbil middle ear cavity with the measurement position
on the manubrium tip indicated. (c) Sketch of the gerbil tympanic membrane with
the measurement position on the manubrium tip indicated. (Lim, 1968)
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5.2 Materials and methods

ratio. The amount of light reflected is improved by putting a glass microbead on
the manubrium tip. The used beads are less than 50 µm in diameter and cause
a negligible load (Voss et al., 2000). However, the beads have the tendency to
move around, especially at large vibration amplitudes. At low frequencies, the
membrane vibrates in a simple mode, but it has been shown in Akache et al.
(2007) that at higher frequencies very complex mode patterns appear. When
measuring on a specific spot, it is difficult to predict if this would be a place with
high amplitude or a nodal line. For these reasons, no measurements are per-
formed on the eardrum, but on the manubrium tip instead. Here, a well defined
measurement location is available which allows to perform measurements under
repeatable circumstances. Also, the malleus vibration is the input to the rest of
the ossicular chain. In future work, however, it may be interesting to try and
develop a set-up which makes it possible to position the vibrometer spot at well
defined places on the eardrum, to investigate the non-linearities in the vibrations
of the membrane itself.

Due to the frequency dependent speaker response, the sound signal frequency
distribution can differ significantly from the electric input signal. Therefore, the
probe microphone is used to monitor the sound signal in the immediate middle
ear vicinity, and in an iterative process the electric input signal is adjusted until
a flat amplitude spectrum is obtained for the sound signal. All experiments are
performed in a soundproof anechoic booth, and after just a few iterations the
generated sound field is identical to the required input within less than 0.5 dB.

5.2.2 Measurement method

The multisines used are described mathematically as follows:

s(t) =
1√
N

N∑
k=1

Ak sin(2πkfrest + ϕk). (5.1)

It is a periodic signal that consists of the sum of N harmonically related sines
(all frequencies are multiples of fres) with user defined amplitudes Ak and random
phases ϕk . The period of this signal equals f −1res and determines the measure-
ment time. The phases ϕk are stochastic variables and are uniformly distributed
in [0, 2π[ such that the expected value ε{exp(iϕk)} equals 0. The multisine
excited frequency band can be chosen arbitrarily by determining the frequency
resolution fres and the amplitudes Ak . To cover a large frequency range and to
sustain a sufficient high signal-to-noise ratio at each excited harmonic, a quasi-
logarithmic grid can be used instead of a linearly spaced grid. This means that
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5 Non-linearity in the eardrum vibration of the gerbil

the harmonics are logarithmically spaced, but chosen to coincide with the fre-
quency grid determined by the frequency resolution fres. Figure 5.3(a) shows an
example of a multisine in the frequency domain.

(a) multisine (b) linear response (c) non-linear response

Figure 5.3: Frequency domain representation of (a) a multisine, (b) the linear
system response, and (c) the non-linear system response with excited (•) and
non-excited harmonics (�).

A random phase multisine as the input of a linear system gives a multisine as
output with the same excited harmonics but with amplitudes shaped by the
frequency response (figure 5.3(b)). No signal is expected at the non-excited
harmonics in the output except for some noise. However, for non-linear systems
(figure 5.3(c)) there is some signal present at the non-excited harmonics, which
is shown to be due to the non-linearities in the system (Pintelon and Schoukens,
2001). At the excited harmonics the signal still consists of the linear contribution
but now combined with a non-linear contribution, which is undistinguishable from
the linear signal part. However, the non-linear distortions at the excited harmonics
can be determined from the non-excited harmonics.

Figure 5.4: Response of a non-linear system to an odd random phase multi-
sine with the odd excited harmonics (•), the odd (�) and even (�) non-excited
harmonics.

If a random phase multisine, exciting only odd harmonics, is used as input, then
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only odd non-linearities in the system contribute to these harmonics (figure 5.4)
(Pintelon and Schoukens, 2001). The even non-linearities contribute only to
even and thus non-excited harmonics. These odd random phase multisines allow
the detection of even degree non-linear distortions from the even harmonics in
the output spectrum. To detect the odd degree non-linear distortions some of
the odd excited harmonics are left out. The non-linear distortions at the excited
harmonics is then determined with linear interpolation from the signal at these
non-excited harmonics.

To distinguish non-linear distortions from noise, it is important to have a good
noise level estimate. Therefore, multiple multisine periods are used to excite
the system. In case of a time-invariant system, the standard deviation over all
spectra gives an accurate noise estimate. Although, for time-varying systems
such as the middle ear this method is inaccurate. The middle ear response
changes slowly during an in vitro experiment because of dehydration or other
post-mortem changes. In such cases the standard deviation gives a too high
noise estimate, and an improved noise estimation method is needed to correctly
determine the noise level. Two such methods are described by Aerts et al. (2008),
and here the periodic difference method is used.

A practical problem is that non-linear distortions might be present in high ampli-
tude speaker signals. Those distortions also contribute to the output signal. This
causes an over-estimation of the test system non-linearity, hence they have to be
removed. The correction is performed by subtracting the non-linear distortions in
the input signal from the output signal after multiplying them with the frequency
response. This procedure is described in more detail by Aerts and Dirckx (2007),
and measurement on perfectly linear systems proved this method.

5.3 Results

5.3.1 Detection of non-linear distortions

To perform statistical analysis on the non-linearity measurements, the vibration
analysis was performed on five left and five right ears of 10 different gerbils in
total. A visual inspection of the ears with an operation microscope assured the
ears were in healthy condition. On average the measurements were performed
about 43 minutes post-mortem.

A quasi-logarithmically spaced multisine was used with a flat amplitude spectrum
and approximately 4 excited odd harmonics per octave in the frequency band from

131



5 Non-linearity in the eardrum vibration of the gerbil

12
5–
25
0
H
z

25
0–
50
0
H
z

50
0–
10
00

H
z

1–
2
kH

z

2–
4
kH

z

4–
8
kH

z

8–
16

kH
z

125 255 565 1195 2225 4145 9105
165 345 755 1425 2665 5385 9935
225 385 825 1705 3185 5875 11825

465 995 3475 7005 15355

Table 5.1: Excited frequencies of the quasi-logarithmically spaced multisine. The
frequencies are given in Hz, and grouped per octave.

125 Hz to 16 kHz (see table 5.1). With a 5 Hz frequency resolution a single
signal period has a length of 0.2 seconds. Twenty periods were used for the noise
estimation, yielding the complete measurement in 4 s. Each measurement was
performed at sound pressures ranging from 90 to 120 dB SPL in steps of 3 dB.
A measurement over this entire amplitude range takes 44 s.

Figure 5.5 shows the results as a function of frequency averaged over the 10
measured ears. The figures show vibration response (◦), noise level (4) and non-
linear distortions (?) at sound pressures of 90, 96 and 120 dB SPL. The averages
were calculated on the amplitudes (not on the dB-levels), and the standard
deviation of the mean was used for the error bands in the plots. The vibration
response changes very little in shape as sound pressure increases. At 90 dB SPL
the vibration response has an amplitude of 35 dB SVL (sound velocity level
relative to 50 nm/s) around 125 Hz, and increases to an expected 30 dB higher
value of 65 dB SVL at 120 dB SPL. The noise level remains around -5 dB SVL
at all sound pressures. The non-linear distortions coincide with the noise level at
90 dB SPL, and at 96 dB SPL they rise above noise level between 1 and 7 kHz.
Finally, at 120 dB SPL the distortions are clearly above noise level over the entire
frequency range.

Figure 5.6 shows the evolution of the vibration response, noise level and non-
linear distortions as a function of sound pressure for a mid-frequency octave
(1–2 kHz). The vibration response (◦) increases linearly with sound pressure and
the noise level remains constant. The plot shows that the non-linear distortions
coincide with the noise level below 96 dB SPL, and from there the non-linear
distortions rise above the noise level. The distortions rise at a stronger rate than
the vibration response.

The ratio of non-linear distortions to vibration response (figure 5.7) gives a com-
plete overview of the non-linear distortions evolution compared to the vibration
response and this both as a function of frequency and sound pressure. In the
blank regions the distortions are below noise level. Non-linear distortions rise
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5.3 Results

(a) 90 dB SPL (b) 96 dB SPL

(c) 120 dB SPL

Figure 5.5: Middle ear vibration response to sound pressures of 90, 96 and
120 dB SPL with vibration response (◦), noise level (4) and non-linear distor-
tions (?).
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5 Non-linearity in the eardrum vibration of the gerbil

Figure 5.6: The evolution of vibration response (◦), noise level (4) and non-linear
distortions (?) in the 1–2 kHz octave as a function of sound pressure.

Figure 5.7: Ratio of non-linear distortions to vibration response as a function of
frequency and sound pressure. In the white regions non-linear distortions are below
noise level.
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5.3 Results

above noise level around 96 dB SPL in the mid-frequency range from 1 to 4 kHz.
Above 4 kHz and below 1 kHz the non-linear distortions are only detectable at
higher sound pressures.

Figure 5.8: Middle ear vibration response to a sound pressures of 120 dB SPL
with vibration response (◦), noise level (4) and non-linear distortions at odd (×)
and even (+) non-excited harmonics.

The data shown above, focuses only on the non-linear distortions present at the
excited harmonics, which distort the vibration response of the middle ear. The
specifically designed multisines, used as excitation signal, also allow to study
the non-linear distortions present at the non-excited harmonics, which can reveal
information about the order and type of the non-linearity. Figure 5.8 shows
the middle ear vibration response at a sound pressure of 120 dB SPL, plotted
together with the non-linear distortions present at the odd (×) and even (+) non-
excited harmonics. Here, the non-linear distortions of odd and even degree are
clearly detectable above the noise, and they are about the same level. The even
degree non-linear distortions seem a bit higher than the odd degree non-linear
distortions.

The small difference between the odd and even degree non-linear distortions can
also be seen in figure 5.9(a), showing the evolution of the odd and even degree
non-linear distortions as a function of sound pressure in the 1–2 kHz frequency
range. Over the entire pressure range, the even degree non-linear distortions
are slightly higher than the odd degree non-linear distortions. Both levels of
non-linear distortions increase at the same rate, and the even degree non-linear
distortions rise above noise level around 93 dB SPL, a bit before than the odd
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5 Non-linearity in the eardrum vibration of the gerbil

(a)

(b)

Figure 5.9: (a) The evolution of vibration response (◦), noise level (4) and non-
linear distortions at odd (×) and even (+) non-excited harmonics in the 1–2 kHz
octave as a function of sound pressure. (b) Detailed view of the evolution of the
vibration response (◦) compared with a linear fit (--) through the first three points,
demonstrating the small decrease of the vibration response as a consequence of
system non-linearity.
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degree non-linear distortions at 96 dB SPL.

As a consequence of the non-linear distortions present in the vibration of the
eardrum, its vibration response should deviate from a straight line. However,
the evolution of the vibration response in figure 5.9(a) seems linear. But, the
detailed comparison in figure 5.9(b) of this curve with a linear fit through the
first three data points, where no non-linear distortions are detected at the odd
harmonics, shows indeed a small decrease in the vibration response.

5.3.2 External influences on the measured non-linearity

Influence of the cochlea

To check the possible remaining influence of the cochlea, the measurement on
one of the gerbil ears was repeated after removing the cochlea. Since the gerbil
cochlea is easily accessible from the middle ear side, it was possible to open two
cochlear turns and mechanically remove the cochlear inner structures.

Figure 5.10: Vibration response to a sound pressure of 120 dB SPL before (marked
lines) and after (full lines) the cochlea was destroyed. The plot shows vibration
response (◦), noise level (4) and non-linear distortions (?).

Figure 5.10 shows the measurement obtained at 120 dB SPL before (marked
lines) and after (full lines) the cochlea was destroyed. After the intervention the
vibration response decreased a few decibels in the region below 5 kHz, which
is normal since the impedance at the stapes footplate was changed. In some
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5 Non-linearity in the eardrum vibration of the gerbil

frequency bands the distortions show a decrease while in other they show an
increase in. These changes are most probably caused by a natural variation
between measurements.

Influence of bulla vibration

To check on possible mechanical vibrations of the entire set-up and of the bulla
as a whole, the measurement on one of the gerbil ears was repeated with the
laser spot focused on the outside bullar wall.

Figure 5.11 shows the vibration response at a sound pressure of 120 dB SPL for
the measurement on the eardrum (figure 5.11(a)) and the bulla (figure 5.11(b)).
At most frequencies, the bulla vibration response is more than 40 dB below the
eardrum vibration response. Between 3 and 4 kHz a mechanical resonance is
present, but also there the vibration amplitude of the bulla was 30 dB lower than
the eardrum vibration response. The noise level in both experiments are the
same. Non-linear distortions are also measured in the bulla experiment (starting
from 108 dB SPL) but they are at least 40 dB lower than the distortions in the
measurement on the eardrum.

Influence of the open tympanic cavity

For the measurements shown in section 5.3.1 the side of the tympanic cavity
opposite to the tympanic membrane was opened to enable the vibrometer to
measure from the medial side and perpendicular to the malleus tip. To check the
influence of the open tympanic cavity, a measurement was first performed with
open cavity and repeated afterwards with the tympanic cavity sealed off with a
small microscope glass window. In this way the tympanic cavity is closed but the
eardrum is still visible from the outside.

Figure 5.12 shows the vibration response of the middle ear at a sound pressure
of 120 dB SPL for both the open (marked lines) and closed (full lines) tympanic
cavity. Under both conditions, the vibration response and the noise level are more
or less the same. With an open tympanic cavity there is a dent in the vibration
response around the resonance frequency. The origin of this dent is unknown,
but it is not caused by the opening of the tympanic cavity, since it appeared and
disappeared during the measurements (not shown). The non-linear distortions on
the other hand show an increase in the mid-frequency range and a slight decrease
in the low- and high-frequency range.
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(a) eardrum

(b) bulla

Figure 5.11: (a) Eardrum and (b) bulla vibration response to a sound pressure of
120 dB SPL with vibration response (◦), noise level (4) and non-linear distortions
(?).
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5 Non-linearity in the eardrum vibration of the gerbil

Figure 5.12: Vibration response to a sound pressure of 120 dB SPL before (marked
lines) and after (full lines) the tympanic cavity was closed. The plot shows vibration
response (◦), noise level (4) and non-linear distortions (?).

The non-linear behaviour of the middle ear changes as a consequence of the
closing of the tympanic cavity. This is also clearly seen in a comparison of
the non-linear distortions to vibration response ratio for both measurements, as
shown in figure 5.13. In the closed tympanic cavity the non-linear distortions
start at a lower sound pressure, and they are higher in the mid-frequency range
and lower in the low- and high-frequency range.

5.3.3 Post-mortem evolution of non-linear behaviour

To check the influence of post-mortem changes on the non-linear behaviour, a
series of repeated measurements (5, 10, 20, 25, 30, 75, 135, 165, 195, 1165,
1225 and 1267 minutes after the initial measurement) was performed on one of
the gerbil ears. In the first three measurements an excited frequency band from
125 Hz to 8 kHz was used. In the other measurements an extra octave up to
16 kHz was stimulated, since the resonance peak in the vibration response shifted
above 8 kHz. All measurements, except for the first three, were performed at
sound pressures ranging from 90 to 120 dB SPL (108 dB SPL for the first three
measurements) in steps of 3 dB.

A first evidence of post-mortem changes is seen in the resonance frequency shift.
This is shown in figure 5.14, where the resonance frequency for each measurement
is plotted as a function of the time of measurement. At first, the resonance

140



5.3 Results

(a) open tympanic cavity

(b) closed tympanic cavity

Figure 5.13: Ratio of non-linear distortions to vibration response for (a) an open
and (b) a closed tympanic cavity as a function of frequency and sound pressure.
In the white regions non-linear distortions are below noise level.
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5 Non-linearity in the eardrum vibration of the gerbil

Figure 5.14: Resonance frequency evolution as a function of time.

frequency changes very quickly. It starts around 5.5 kHz and 5 minutes later it
already shifted above 6 kHz, and it keeps moving up to higher frequencies till
after 200 minutes it stabilizes around 10.5 kHz.

An insight into the non-linear behaviour evolution can be found in the compar-
ison of the ratio of non-linear distortions to vibration response for the fourth
and the thirteenth measurement (figure 5.15). These data sets were chosen for
comparison because they were performed over the same amplitude and frequency
range. In figure 5.15(a) the non-linear distortions start at 99 dB SPL, while in
figure 5.15(b) the non-linear distortions only rise above noise level at 105 dB SPL.

Figure 5.16 shows the average vibration response, noise level, and non-linear
distortions as a function of time at a sound pressure of 108 dB SPL. The plots
show a decrease in both the vibration response and non-linear distortions. Initially,
the vibration response decreases quickly, but after 200 minutes it stabilizes about
15 dB lower. The non-linear distortions show a similar decrease and also stabilize
after 200 minutes (approximately 20 dB lower). The stabilization time of the
vibration response and non-linear distortions is similar to that of the resonance
frequency (figure 5.14). The noise level remains more or less constant between
the different measurements. Most values are close to -18 dB SVL and all values
lie within 3 dB of this value without any noticeable trend.

5.4 Discussion

Non-linearity of the middle ear in the auditory frequency range has been investi-
gated in the past by several researchers (Guinan and Peake, 1967; Nedzelnitsky,
1980; Goode et al., 1994; Dong and Olson, 2006; Voss et al., 2000). Those mea-
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(a) 30 minutes

(b) 1267 minutes

Figure 5.15: Ratio of non-linear distortions to vibration response for (a) the fourth
and (b) the thirteenth measurement as a function of frequency and sound pressure.
In the white regions non-linear distortions are below noise level.
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(a) vibration response (b) non-linear distortions

(c) noise level

Figure 5.16: The average vibration response (a), non-linear distortions (b), and
noise level (c) as a function of time.
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surements were performed to exclude the influence of middle ear non-linearities
on other experiments. All authors found the middle ear to behave in a linear
manner for sound pressures up to 130 dB SPL.

Guinan and Peake (1967) demonstrated that the stapes movement in cats is a
sinusoidal function of time for sinusoidal sound pressures up to 130 dB SPL and
frequencies below 1.5 kHz. For higher frequencies they reported that the linear
range often extends up to 140 or 150 dB SPL. According to Nedzelnitsky (1980)
intracochlear pressures in cats are linearly related to pressure at the eardrum at
least as high as 105 dB SPL, and up to 140 dB SPL departures from linearity are
small (less than 3 dB) and attributed to uncertainty in the measurements (e.g.
sound source non-linearity). Goode et al. (1994) measured umbo and stapes
footplate displacement in human temporal bones using laser vibrometry, and
found little evidence of non-linearity for sound pressures up to 124 dB SPL.
Dong and Olson (2006) measured intracochlear pressures in gerbil, and found
the middle ear to be linear in response to single tone signals between 50 and
90 dB SPL (no measurements above 90 dB SPL). Voss et al. (2000) measured
stapes velocity in human and found the middle ear frequency response to be
nearly constant up to 130 dB SPL.

These papers checked the (non)linearity of the middle ear system in several
different manners. One method is to use sine excitation signals, and look for any
deviations from a perfect sinusoidal shape of the output. Another method is to
excite the middle ear with sines of increasing amplitude and check the amplitude
change of the output for any deviations from a straight line. The change in
the frequency response shape for broadband excitation at different amplitudes
is also used as an indicator for non-linearity. These methods do indeed reveal
non-linearity, but are not suitable to detect small non-linear distortions. Small
non-linear distortions do not change the aforementioned indicators significantly,
and remain unnoticed. The method used here is much more sensitive, and can
detect the presence of much smaller non-linearities in the output of the middle
ear system. It looks at the signal present at the harmonics of the output signal
which were left unexcited in the input signal to determine the non-linearities. The
method also determines the noise level at these harmonics, so a distinction can
be made between non-linear distortions and noise. Non-linear distortions present
in the input signal are filtered out by a specialized correction algorithm so they
do not influence the measurement.

The data plotted in figure 5.5 shows that small non-linear distortions are de-
tectable in the vibration of the middle ear. At 90 dB SPL the non-linear distor-
tions coincide with the noise level, implicating that the middle ear behaves as a
completely linear system. This does not mean that the middle ear is a perfect

145



5 Non-linearity in the eardrum vibration of the gerbil

linear system, but the non-linearities might just be too small compared with the
noise. At 96 dB SPL the non-linear distortions rise slightly above noise level in
the frequency range from 1 to 7 kHz, a first sign of non-linearity in the middle
ear vibration response. At a sound pressure of 120 dB SPL non-linear distor-
tions have clearly risen above noise level over the entire frequency range. The
non-linear distortions become apparent in the vibration of the middle ear around
96 dB SPL, which is significantly lower than the 130 dB SPL boundary found
in previous research. Notice that the vibration response shape does not change
significantly at the different sound pressures, which would indicate a linear be-
haviour. Nonetheless, small non-linear distortions are picked up by the sensitive
measurement method.

Figure 5.6 shows the evolution of the vibration response, noise, and non-linear
distortions as a function of the sound pressure. The plot shows the linear be-
haviour of the middle ear below 96 dB SPL where the non-linear distortions
coincide with the noise level. From that point non-linear distortions rise above
noise level, and the middle ear non-linearity becomes clear. Figure 5.9(a) reveals
the same image, but including the even degree non-linear distortions, which al-
ready start to rise above noise level from 93 dB SPL. The non-linear distortions
rise at a stronger rate than the vibration response, thus their influence increases
in comparison to the linear response of the system. However, the distortions
remain small since the increase of the vibration response does not deviate visibly
from a straight line, only a detailed comparison shows a small decrease as shown
in figure 5.9(a). This shows that small non-linear distortions are present but not
clearly detectable with the methods used in previous papers.

Since the cochlea is strongly non-linear, it can also generate non-linear responses
at the eardrum level. It is well known of course that cochlear mechanics are
very vulnerable, so the non-linear contribution will largely disappear after death.
On the other hand, Rhode (2007) showed that distortion product otoacoustic
emissions could be measured till even 2 hours post-mortem when high level
primaries are used (75 dB SPL). It should be noted that these measurements were
performed post-mortem, but in an intact cadaver, while here the ears are dissected
out of the animal head. To make sure that the observed non-linearities are not
in part due to cochlear activity, a measurement in one ear was performed before
and after destroying the cochlea mechanically. The eardrum vibration response
as function of frequency changed a bit due to the altered impedance load at the
stapes. The non-linear distortions remained unchanged at all frequencies and
sound pressures, except for some normal variation between measurements. As
an example, results at a sound pressure of 120 dB SPL were shown in figure 5.10.
In conclusion, the measured non-linear behaviour can be attributed entirely to
non-linearities in the passive middle ear mechanics.
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5.4 Discussion

At high sound pressures the speaker itself generates a sound signal containing
non-linear distortions. To reduce this effect a first-order correction is used, as
described in Aerts and Dirckx (2007). Nevertheless, even if effects of non-linear
distortions in the input signal are corrected, it still might be that the entire bulla
is vibrating and is introducing part of the measured non-linearity. Therefore, the
vibration of the bulla itself was measured while the sound was applied to the
eardrum. As was to be expected, the vibration amplitudes of the bulla are much
lower than those measured on the eardrum. Up to sound pressures of 108 dB SPL
no distortions were measurable in the bulla vibration. At 120 dB SPL, very
small distortions became measurable, as seen in figure 5.11(b). The distortions
measured on the bulla are at least 60 dB below the distortions measured on
the eardrum. The small distortions measured on the bulla at the highest sound
pressure are probably caused by a small remaining effect of the speaker non-
linearity.

The non-linearity in eardrum vibration was measured with an open tympanic cav-
ity. As described in section 1.3.2, the opening of the tympanic cavity ('larger
cavity) reduces the stiffness of the middle ear system, and hence the vibration
response of the middle ear should increase in the stiffness controlled region be-
low resonance. However, this was not seen in the comparison of the vibration
response measured on an opened and closed tympanic cavity, as shown in fig-
ure 5.12. Below the resonance frequency, the vibration responses measured in
both experiments overlapped completely, and above resonance the differences
were small. Around the resonance frequency there was a dip in the vibration
response with an open tympanic cavity, which indicates an increase in friction of
the middle ear system. Measurements were performed at sound pressures ranging
from 90 to 120 dB SPL and this dip appeared only at some some of the stimulus
levels. Possibly, the opening of the tympanic cavity caused an instability in the
system, but it is not clear how. Thus, the opening of the tympanic cavity did
not seem to change the vibration response of the system in a significant manner.
On the other hand, the level of the non-linear distortions increased slightly below
the resonance frequency, except for a small decrease at the lowest frequencies.
Figure 5.12 shows this only at a sound pressure of 120 dB SPL, but it also clear
at the other sound pressures, as can be seen in figure 5.13. This increase is
contrary to an expected decrease as a consequence of post-mortem artefacts
(discussion in next paragraph), since the measurement with a closed tympanic
cavity were performed after those on the open cavity. So, there might be a small
negative influence of the opening of the tympanic cavity on the non-linearity of
the system. In order to obtain optimal results, it is probably better to seal off
the tympanic cavity during the measurements.

Figure 5.14 shows that the characteristics of the vibration response of the middle
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5 Non-linearity in the eardrum vibration of the gerbil

ear change rapidly within minutes, and stabilizes after 200 minutes. Figure 5.15
shows that the non-linear distortions start at higher sound pressure for later
measurements. However, the ratio of non-linear distortions to vibration response
remains more or less constant, indicating that both the vibration response and
non-linear distortions decrease at similar rate compared to the noise level. This
is confirmed by the data plotted in figure 5.16. The first two plots show that the
vibration response and the non-linear distortions decrease in a similar manner,
where the last plot shows that the noise level remains more or less stable during
the measurements. So, it seems that the actual non-linear behaviour does not
change much post-mortem, but it becomes smaller as a consequence of the
overall vibration response decrease. Therefore, a quick measurement is necessary,
otherwise the non-linear behaviour partly disappears in the noise.

It should be clear that the middle ear is indeed mainly a linear system. The mea-
surements show however that the middle ear is most certainly not completely
linear, as has sometimes been assumed in the past, and that non-linearities be-
come measurable even at rather moderate sound pressures. When measuring
otoacoustic emissions, it is therefore necessary to exclude non-linearities gener-
ated by the middle ear, as is done in click-evoked otoacoustic emission measure-
ments by adding responses to positive and negative clicks of double amplitude.
In distortion product otoacoustic emissions, middle ear contributions can indeed
become relevant when higher levels of the primaries are used, even if the most
perfectly linear speakers are used to generate the sound input. As seen in the
measurements, the distortions grow faster than the response as a function of
sound pressure. If the curves are extrapolated up to 140 dB SPL, the level of the
distortions comes close to the response level itself. In current high power hearing
aids, sound pressures up to 140 dB SPL are indeed generated, and this sound
first has to pass the middle ear before it reaches the cochlea. In this new field
of hearing prosthesis, a knowledge of the middle ear distortions is relevant, and
may perhaps be taken into account in pre-processing to generate less distorted
perceived sound quality.

5.5 Conclusion

The non-linear component in the vibration response of the eardrum was mea-
sured and quantified for gerbil. Below sound pressures of 93 to 96 dB SPL the
middle ear behaves as a linear system, but starting from this sound pressure non-
linear distortions occur in the eardrum vibration. These findings are in contrast
to previous research were no non-linearities were found for sound pressures up
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to 130 dB SPL. Because of the new and sensitive analysis method weak non-
linearities were revealed which were previously unnoticed. Knowledge of this small
non-linear component can help to bring improved insight into the middle ear be-
haviour. To gain better knowledge of the entire middle ear non-linearity, more
measurements are needed throughout the entire ossicular chain. The necessity
of a quick measurement technique was demonstrated, since different consecutive
measurements showed that vibration response and non-linear distortions decrease
quickly in amplitude. Small non-linearities in the middle ear transfer function can
be important for correct interpretation of cochlear non-linear response. At very
high sound pressures used by modern hearing aids (> 130 dB SPL), middle ear
non-linearity may become an important source of distortion.
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General conclusion

In this thesis a method using odd random phase multisine excitation signals was
implemented to investigate the non-linearity of acoustically driven mechanical
and biomechanical systems. Heterodyne laser vibrometry was used to measure
the object motion in response to an acoustic excitation signal. The measurement
set-up was developed to perform a quick investigation of the weak non-linearity
in the middle ear response over a broad frequency range.

Validation measurements on a weakly non-linear test object, such as a latex
membrane, showed that the linearity and sensitivity of the heterodyne vibrometry
technique enables the detection of non-linear distortions which are more than
70 dB beneath the vibration response. Measurements on a high degree linear
test object, such as a high quality microphone membrane, showed that the non-
linearity of the heterodyne vibrometry technique and the sound generation is small
enough to not generate artificial non-linearities which ‘pollute’ the detection of
system non-linearity. The implementation of a first order correction method on
the input signal and the carefully designed stimulation electronics made it possible
to generate acoustic input signals with intensities up to 120 dB SPL, with a flat
frequency spectrum, and no measurable influence on the detection of system
non-linearity.

When moving to real-life systems, slow time variability of the test object lead to
an incorrect estimation of the noise floor. Improved noise estimation methods
for compensation of this artefact made it possible to use the method for mea-
surements on biologic specimens, without over-estimation of the noise floor. The
improved methods are based on the differencing between either different periods
or neighbouring frequencies to remove trends introduced by the time variance of
the system. After which the noise can be estimated in the classical way with the

151



General conclusion

use of the standard deviation, again between different periods or neighbouring
frequencies.

The new measurement set-up and the improved analysis method made it possible
to measure for the first time non-linear distortions in the vibration response of
the middle ear. In contrary to previous claims of perfect linearity up to sound
pressures of 130 dB SPL, the results showed that non-linear distortions can be
detected even at moderate stimulation levels, starting from 93 to 96 dB SPL, and
that they increase and become significant at higher sound pressures. At a sound
pressure of 120 dB SPL, non-linear distortions are 30 or 40 dB the vibration
response in the frequency range from 125 Hz to 3 kHz. Modern high-power
hearing aids even use sound pressures up to 140 dB SPL, and extrapolation of
the present results indicates that non-linear distortions caused by the middle ear
will then become significant.

Otoacoustic emissions are generated in the cochlea, which gives the cochlea a
strongly non-linear characteristic. This active cochlear feedback amplifier leads
to the generation of non-linear distortion products, which can be measured by
stimulating the ear with two different tones and measuring the activity generated
at other frequencies. The vibrations are actively generated and emerge from the
cochlea to the middle ear. The emissions can be measured in the ear canal with
a microphone as sound being generated by the ear. In recent experiments, it
even became possible to measure these emissions as vibrations on the middle
ear. These emissions are however superimposed on the passive non-linearities
caused by the middle ear itself. For this reason, measurements of otoacoustic
emissions have to be performed at low sound pressures, and even then it is not
possible to separate the pure cochlear component from the non-linear component
generated by the middle ear. As the otoacoustic emissions are generated by
an active physiologic process, they disappear completely post-mortem. In the
present work, therefore, experiments were performed on the middle ear in vitro,
so that solely the middle ear non-linear contribution could be measured. Now that
this contribution has been well quantified, it may become possible to separate it
from the cochlear response in live animals, even if higher input signals are used.
In future work, this method could also be used as a novel way to quickly measure
the otoacoustic emissions itself over a large frequency range, instead of stepping
different excitation frequencies as is currently done.
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APPENDIX A

Optical measurement of middle ear vibration

In the past, a whole range of techniques has been employed to measure the
vibration of the middle ear system. More than a century ago, measurement
of the ossicular motion with stroboscopic illumination in human cadaver ears
was already demonstrated by Mach and Kessel (1872). Later on, Von Békésy
(1941) used capacitive probes in measurements on the vibration of the tympanic
membrane. In 1972 tympanic membrane vibration in the human ear was studied
with time-averaged holography by Tonndorf and Khanna. Hillmann et al. (1964)
used the Mössbauer-effect to detect small vibrations in the middle ear. There are
other techniques, but if quick vibration velocity (or displacement) measurements
with high accuracy are required, then the laser Doppler vibrometry technique is
the best option. This technique was used first by Tonndorf and Khanna (1968),
Buunen and Vlaming (1981) and Vlaming and Feenstra (1986), and because
of its advantages it is also used in the experiments presented in this thesis.
This technique is based on the Doppler effect, which is described shortly in the
first section. In the second section a short overview is given of the heterodyne
interferometry used in the laser Doppler vibrometer. The description is based on
the documentation provided by Polytec, the manufacturer of the laser Doppler
vibrometer used in the measurement set-up of this thesis.

A.1 The Doppler effect

Most people know the Doppler effect as the effect that causes the frequency
change in the siren of a police car or ambulance if it approaches or moves away.
The sound generated by the siren has a higher frequency (shorter wavelength)
when the vehicle comes closer, and a lower frequency (longer wavelength) when
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A Optical measurement of middle ear vibration

it moves away. The same effect does not only exist for sound waves, but also
for electromagnetic waves such as light. A light source that approaches the
observer looks more blue (higher frequency) compared to the colour of the non-
moving source, and it looks more red (lower frequency) if it moves away from
the observer.

Figure A.1: Change in frequency caused by the motion of a light or sound source.
The wavefronts in front of the source are pressed together, which results in a
higher frequency perceived by the observer. The wavefronts behind the source
move apart, resulting in a lower frequency. (public domain)

This phenomenon can easily be understood with the help of the representation
shown in figure A.1, which shows a light (or sound) source moving to the right
with a velocity v . The wavefronts in front of the source are pressed together by
the movement of the source. Indeed, after a first wavefront is generated, the
source moves a bit to the right before it generates a second wavefront, which
results in the wavelength becoming shorter. The opposite effect can be observed
behind the source. Here, the wavefronts are separated because of the movement
of the source, which results in a lower frequency. The change in the frequency
f0 generated by the source, caused by the Doppler effect, can be expressed with
the following formula.

f =
c ± vo
c ± vs

f0 (A.1)

This equation is generalized for the situation were both the source and the ob-
server are in motion, respectively with velocity vs and vo. The variable c in the
equation is the propagation velocity of the wave. The plus or minus signs in the
equation indicate the direction of the velocity. The source velocity vs is negative
if it moves towards the observer, and positive if it moves in the opposite direc-
tion. The observer velocity vo is negative if the observer moves away from the
source, and positive for the opposite direction.
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A.2 Heterodyne interferometry

A.2 Heterodyne interferometry

In a laser Doppler vibrometer a laser beam is reflected on a moving object with
velocity v and then detected by a measurement system. If the moving object is
considered as a moving observer before reflection, and as a moving source after
the reflection, then equation A.1 gives the following the frequency shift ∆f of
the wave.

∆f = f − f0 = ±2
v

c ∓ v
f0 ≈ ±2

v

c
f0 (A.2)

The final approximation is made under the assumption that v � c , which is no
problem since c is the velocity of light in this case. This equation shows that
only the frequency shift ∆f of the laser beam needs to be measured, in order
to get the velocity v of the test object. This frequency shift can be measured
with an interferometer that compares the beam reflected by the object with a
reference beam.

Figure A.2: Schematical overview of the laser Doppler vibrometer set-up. (Polytec
GmbH)

A typical set-up to achieve this, is shown in figure A.2. The beam of the Helium-
Neon laser is split by the first beam-splitter (BS) into a measurement beam and
a reference beam. After passing through the second beam-splitter, the mea-
surement beam is focused onto the test object, which reflects it. The reflected
measurement beam moves back to the second beam splitter where it is reflected
in the direction of the detector. Before the measurement beam reaches the de-
tector it passes through a third beam-splitter where it is recombined with the
reference beam.

The velocity of the test object causes a frequency shift of the measurement beam
compared to the reference beam. The difference in frequency between the mea-
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A Optical measurement of middle ear vibration

surement and reference beam causes a modulation of the signal at the detector,
which can be used to calculate the velocity v of the test object. The modulation
frequency, however, contains only information about the velocity amplitude but
not its direction, since a shift by the same amount in either way (above or below
the frequency of the reference beam) generates the same modulation frequency.
To solve this problem, a Bragg cell is placed in the reference beam. The Bragg
cell is an opto-acoustic modulator that shifts the frequency of the reference beam
by a certain amount. This introduces a modulation frequency in the signal mea-
sured at the detector, even if the test object is at rest. Now, the movement of
the test object causes a change in this known reference modulation frequency.
If the object moves towards the interferometer, the modulation frequency is re-
duced and if its moves away from the vibrometer, the detector receives a higher
frequency.

156



Bibliography

J.R.M. Aerts and J.J.J. Dirckx. A fast full frequency range measurement of nonlinear distortions
in the vibration of acoustic transducers and acoustically driven membranes. Measurement
Science and Technology, 18:3344–3350, 2007.

J.R.M. Aerts and J.J.J. Dirckx. Nonlinearity in eardrum vibration as a function of frequency
and sound pressure. Hearing Research, December 2009.

J.R.M. Aerts, J. Lataire, R. Pintelon, and J.J.J. Dirckx. Noise level estimation in weakly
nonlinear slowly time-varying systems. Measurement Science and Technology, 19:105101
(10pp), 2008.

F. Akache, W.R.J. Funnell, and S.J. Daniel. An experimental study of tympanic membrane
and manubrium vibrations in rats. Audiology and Neurotology, 12(1):49–58, 2007.

J.S. Bendat and A.G. Piersol. Engineering applications of correlation and spectral analysis.
John Wiley & Sons, 1993.

S.A. Billings and M.B. Fadzil. The practical identification of systems with nonlinearities. In
Proceedings of IFAC system identification and parameter estimation, pages 117–130, York,
UK, 1985.

S.A. Billings and K.M. Tsang. Spectral analysis of block structured non-linear systems. Me-
chanical Systems and Signal Processing, 4:117–130, 1990.

G. Boole and J.F. Moulton. Calculus of finite differences. Chelsea Publishing Company, 1860.

E. Borg and J.E. Zakrisson. The activity of the stapedius muscle in man during vocalization.
Acta Otorhinolaryngologica, 79(5–6):325–333, 1975.

T.J. Buunen and M.S. Vlaming. Laser-Doppler velocity meter applied to tympanic membrane
vibrations in cat. Journal of the Acoustical Society of America, 69(3):744–750, March 1981.

J.H. Chang, R.O. Stearman, D. Choi, and E.J. Powers. Identifcation of aero elastic phenomenon
employing bispectral analysis techniques. In Proceedings of the 3rd international modal
analysis conference, pages 956–964, Orlando, USA, 1985.

J.A. Cherry. Distortions analysis of weakly nonlinear filters using Volterra series. Master’s
thesis, Carleton University, 1994.

V.A. Chobotov and R.C. Binder. Nonlinear response of a circular membrane to sinusoidal

157



Bibliography

acoustic excitation. Journal of the Acoustical Society of America, 36(1):59–73, January
1964.

D. Choi, J.H. Chang, R.O. Stearman, and E.J. Powers. Bispectral identification of nonlinear
mode interactions. In Proceedings of the 2nd international modal analysis conference, pages
602–609, Orlando, USA, 1984.

E. Cuoco, G. Cella, and G.M. Guidi. Whitening of non-stationary noise from gravitational wave
detectors. Classical and quantum gravity, 21:801–806, 2004.

E. Dalhoff, D. Turcanu, H.P. Zenner, and A.W. Gummer. Distortion product otoacoustic
emissions measured as vibration on the eardrum of human subjects. Proceedings of the
National Academy of Sciences of the United States of America, 104(5):1546–1551, January
2007.

E. de Boer. On equivalence of locally active models of the cochlea. Journal of the Acoustical
Society of America, 98(3):1400–1409, September 1995.

L. De Locht, G. Vandersteen, P. Wambacq, Y. Rolain, R. Pintelon, J. Schoukens, and S. Don-
nay. Identifying the main nonlinear contributions: use of multisine excitations during circuit
design. In ARFTG Microwave Measurements Conference, pages 75–84, Orlando, FL, USA,
2004.

W. F. Decraemer, S. M. Khanna, and W. R. Funnell. Interferometric measurement of the
amplitude and phase of tympanic membrane vibrations in cat. Hearing Research, 38(1–2):
1–17, March 1989.

J.J.J. Dirckx and W.F. Decraemer. Human tympanic membrane deformation under static
pressure. Hearing Research, 51(1):93–105, January 1991.

J.J.J. Dirckx and W.F. Decraemer. Area change and volume displacement of the human
tympanic membrane under static pressure. Hearing Research, 62(1):99–104, September
1992.

J.J.J. Dirckx and W.F. Decraemer. Effect of middle ear components on eardrum quasi-static
deformation. Hearing Research, 157(1–2):124–137, July 2001.

J.J.J. Dirckx, J.A.N. Buytaert, and W.F. Decraemer. Quasi-static transfer function of the
rabbit middle ear, measured with a heterodyne interferometer with high-resolution position
decoder. Journal of the Association for Research in Otolaryngology, 7(4):339–351, 2006.

W. Dong and E.S. Olson. Middle ear forward and reverse transmission in gerbil. Journal of
Neurophysiology, 95:2951–2961, 2006.

H. Engström, H.W. Ades, and A. Anderson. Structural pattern of the organ of Corti. Archives
of Otolaryngology - Head & Neck Surgery, 86(3):360, September 1967.

D.W. Fawcett. Textbook of histology. Chapman & Hall, New York, 12 edition, 1994.

H. Gallé. Anatomy & physiology. Course for audiology assistents, 1979.

S.L.R. Gea. The application of microtomography in research of middle ear mechanics of gerbil
and human at static pressure changes. PhD thesis, University of Antwerp, 2010.

C.D. Geisler. From sound to synapse. Oxford University Press, 1998.

C.D. Geisler and C. Sang. A cochlear model using feed-forward outer-hair-cell forces. Hearing
Research, 86(1–2):132–146, June 1995.

158



Bibliography

S.A. Gelfand. Essentials of audiology. Thieme Medical Publishers, 2009.

R.L. Goode, M. Killion, K. Nakamura, and S. Nishihara. New knowledge about the function of
the human middle ear: development of an improved analog model. The American Journal
of Otology, 15(2):145–154, March 1994.

H. Gray. Anatomy of the human body. Lea & Febiger, 1918.

J.J. Guinan and W.T. Peake. Middle-ear characteristics of anesthetized cats. Journal of the
Acoustical Society of America, 41(5):1237–1261, 1967.

A.W. Gummer, W. Hemmert, and H-P. Zenner. Active hearing, chapter Micromechanics of
cellular structures in the mammalian cochlea: auditory and electrical stimulation, pages
271–282. Elsevier Science, Kidlington, UK, 1995.

R. Haber and L. Keviczky. Nonlinear system structure identification, volume 2 of Nonlinear
system identification: input-output modeling approach. Kluwer Academic Publishers, 1999.

F.P. Harris, B.L. Lonsbury-Martin, B.B. Stagner, A.C. Coats, and G.K. Martin. Acoustic
distortion products in humans: systematic changes in amplitudes as a function of f2/f1
ratio. Journal of the Acoustical Society of America, 85(1):220–229, January 1989.

E. Hartveit and M.L. Veruki. Studying properties of neurotransmitter receptors by non-
stationary noise analysis of spontaneous postsynaptic currents and agonist-evoked responses
in outside-out patches. Nature Protocols, 2:434–448, 2007.

R. S. Heffner and H. E. Heffner. Sound localization, use of binaural cues and the superior
olivary complex in pigs. Brain, Behavior and Evolution, 33(4):248–258, 1989.

S. Hemilä, S. Nummela, and T. Reuter. What middle ear parameters tell about impedance
matching and high frequency hearing. Hearing Research, 85(1–2):31–44, May 1995.

O.W. Henson. The activity and function of the middle-ear muscles in echo-locating bats.
Journal of Physiology, 180:871–887, 1965.

P. Hillmann, H. Schechler, and M. Rubinstein. Application of the Mössbauer technique to the
measurement of small vibrations in the ear. Reviews of Modern Physics, 36:360–361, 1964.

K.B. Hüttenbrink. The mechanics of the middle-ear at static air pressures: the role of the
ossicular joints, the function of the middle-ear muscles and the behaviour of stapedial
prostheses. Acta Oto-Laryngologica. Supplementum., 451:1–35, 1988.

A.Y. Huang and B.J. May. Sound orientation behavior in cats. II. mid-frequency spectral
cues for sound localization. Journal of the Acoustical Society of America, 100:1070–1080,
Augsutus 1996.

A.E. Hubbard and D.C. Mountain. Alternating current delivered into the scala media alters
sound pressure at the eardrum. Science, 222(4623):510–512, November 1983.

A.E. Hubbard and D.C. Mountain. Auditory computation, chapter Analysis and synthesis of
cochlear mechanical function using models. Springer-Verlag, New York, 1996.

C.H.M. Jenkins and U.A. Korde. Membrane vibration experiments: an historical review and
recent results. Journal of Sound and Vibration, 295:602–613, 2006.

D.T. Kemp. Stimulated acoustic emissions from within the human auditory system. Journal
of the Acoustical Society of America, 64(5):1386–1391, November 1978.

G. Kerschen, K. Worden, A.F. Vakakis, and J.-C. Golinval. Past, present and future of nonlinear

159



Bibliography

system identification in structural dynamics. Mechanical systems and signal processing, 20:
505–592, 2006.

N.Y.S. Kiang. Handbook of physiology, sensory processes, chapter Peripheral neural processing
of auditory information, page 640. American Physiological Society, Bethesda, MD, 1984.

M.C. Killion and P. Dallos. Impedance matching by the combined effects of the outer and
middle ear. Journal of the Acoustical Society of America, 66:599–602, 1979.

W. Kim and Y. Park. Non-linearity identification and quantification using an inverse Fourier
transform. Mechanical Systems and Signal Processing, 7(3):239–255, 1993.

L.E. Kinsler and A.R. Frey. Fundamentals of acoustics. John Wiley & Sons, 1966.

J.B. Kobler, J.J. Guinan, S.R. Vacher, and B.E. Norris. Acoustic reflex frequency selectivity
in single stapedius motoneurons of the cat. Journal of Neurophysiology, 68(3):807–817,
September 1992.

L. Kuypers, J. Dirckx, W. Decraemer, and Timmermans J. Thickness of the gerbil tym-
panic membrane measured with confocal microscopy. Hearing Research, 209(1–2):42–52,
November 2005.

J. Lataire and R. Pintelon. Estimating a non-parametric, colored noise model for linear, slowly
time-varying systems. In I2MTC - IEEE International Instrumentation and Measurement
Technology Conference, pages 529–532, Victoria, Vancouver Island, Canada, 2008.

D.J. Lim. Tympanic membrane. Electron microscopic observations. Part I. Pars tensa. Acta
Oto-Laryngologica, 66:181–198, 1968.

C.J. Long, E.N. Brown, C. Triantafylloua, I. Aharona, L.L. Walda, and V. Soloa. Nonstationary
noise estimation in functional MRI. NeuroImage, 28(4):890–903, December 2005.

B.L. Lonsbury-Martin and G.K. Martin. The clinical utility of distortion-product otoacoustic
emissions. Ear and Hearing, 11(2):144–154, April 1990.

E. Mach and J. Kessel. Versuche über die Accommodation des Ohres. Sitzungsberichte der
Kaiserlichen Akademie der Wissenschaften. Mathematisch-Naturwissenschaftliche Classe.
Wien., 66(3):337–343, 1872.

F. Mammano and J.F. Ashmore. Reverse transduction measured in the isolated cochlea by
laser Michelson interferometry. Nature, 365(6449):838–841, October 1993.

G.K. Martin, R. Probst, and B.L. Lonsbury-Martin. Otoacoustic emissions in human ears:
normative findings. Ear and Hearing, 11(2):106–120, April 1990.

I. Martin, L. Bulaevskii, A. Shnirman, and Y.M. Galperin. Stationary and non-stationary
noise in superconducting quantum devices. Noise and Fluctuations in Circuits, Devices, and
Materials, 6600:660005, 2007.

D.C. Mountain and A.E. Hubbard. Rapid force production in the cochlea. Hearing Research,
42(2–3):195–202, November 1989.

A.D. Musicant, J.C.K. Chan, and J.E. Hind. Direction-dependent spectral properties of cat
external ear: new data and cross-species comparisons. Journal of the Acoustical Society of
America, 87:757–781, 1990.

V. Nedzelnitsky. Sound pressures in the basal turn of the cat cochlea. Journal of the Acoustical
Society of America, 68:1676–1689, 1980.

160



Bibliography

A.L. Nuttall and D.F. Dolan. Biophysics of hair cell sensory systems, chapter Basilar membrane
velocity responses to acoustic and intracochlear stimuli, pages 288–294. World Scientific,
1993.

A.L. Nuttall and T. Ren. Electromotile hearing: evidence from basilar membrane motion and
otoacoustic emissions. Hearing Research, 92(1–2):170–177, December 1995.

A.L. Nuttall, W.J. Kong, T.Y. Ren, and D.F. Dolan. Active hearing, chapter Basilar membrane
motion and position changes induced by direct current stimulation, pages 283–294. Elsevier
Science, Kidlington, UK, 1995.

X.D. Pang and W.T. Peake. Peripheral auditory mechanisms, chapter How do contractions
of the stapedius muscle alter the acoustic properties of the middle ear?, pages 36–43.
Springer-Verlag, 1986.

J.Y. Park, W.W. Clark, J.M. Coticchia, G.H. Esselman, and J.M. Fredrickson. Distortion
product otoacoustic emissions in rhesus (Macaca mulatta) monkey ears: normative findings.
Hearing Research, 86(1–2):147–162, June 1995.

R. Pintelon and J. Schoukens. System identification: a frequency domain approach. Wiley-
IEEE Press, 2001.

R. Pintelon and J. Schoukens. Measurement and modeling of linear systems in the presence
of nonlinear distortions. Mechanical Systems and Signal Processing, 16(5):785–801, 2002.

R. Pintelon, Y. Rolain, G. Vandersteen, and J. Schoukens. Experimental characterization of
operational amplifiers: a system identification approach - part II: calibration and measure-
ments. IEEE Transactions on Instrumentation and Measurement, 53(3):863–876, 2004a.

R. Pintelon, G. Vandersteen, L. De Locht, Y. Rolain, and J. Schoukens. Experimental char-
acterization of operational amplifiers: a system identification approach - part I: theory and
simulations. IEEE Transactions On Instrumentation And Measurement, 53(3):854–862,
June 2004b.

G.R. Price and J.T. Kalb. Insights into hazards from intense impulses from a mathematical
model of the ear. Journal of the Acoustical Society of America, 90:219–227, 1991.

R. Probst, A.C. Coats, G.K. Martin, and B.L. Lonsbury-Martin. Spontaneous, click-, and
toneburst-evoked otoacoustic emissions from normal ears. Hearing Research, 21(3):261–
275, 1986.

R. Probst, B.L. Lonsbury-Martin, and G.K. Martin. A review of otoacoustic emissions. Journal
of the Acoustical Society of America, 89(5):2027–2067, May 1991.

S. Puria, W.T. Peake, and J.J. Rosowski. Sound-pressure measurements in the cochlear
vestibule of human-cadaver ears. Journal of the Acoustical Society of America, 101(5):
2754–2770, May 1997.

W.S. Rhode. Observations of the vibration of the basilar membrane in squirrel monkeys using
the Mössbauer technique. Journal of the Acoustical Society of America, 49(4):1218–1231,
April 1971.

W.S. Rhode. Basic mechanisms in hearing, chapter An investigation of post-mortem cochlear
mechanics using the Mössbauer effect, pages 49–63. Academic, orlando, FL, 1973.

W.S. Rhode. Some observations on cochlear mechanics. Journal of the Acoustical Society of
America, 64(1):158–176, July 1978.

161



Bibliography

W.S. Rhode. Distortion product otoacoustic emissions and basilar membrane vibration in the
6–9 khz region of sensitive chinchilla cochleae. Journal of the Acoustical Society of America,
122(5):2725–2737, November 2007.

W.S. Rhode and N.P. Cooper. Nonlinear mechanics in the apical turn of the chinchilla cochlea
in vivo. Auditory Neuroscience, 3:101–121, 1996.

J.J. Rosowski. The effects of external- and middle-ear filtering on auditory threshold and
noise-induced hearing loss. Journal of the Acoustical Society of America, 90(1):124–135,
July 1991.

M. Rubinstein, B. Feldman, H. Fischler, E.H. Frei, and D. Spira. Measurement of stapedial-
footplate displacements during transmission of sound through the middle ear. Journal of
the Acoustical Society of America, 40(6):1420–1426, December 1966.

M.A. Ruggero. Responses to sound of the basilar membrane of the mammalian cochlea.
Current Opinion in Neurobiology, 2(4):449–456, Augustus 1992.

M.A. Ruggero and N.C. Rich. Application of a commercially-manufactured Doppler-shift laser
velocimeter to the measurement of basilar-membrane vibration. Hearing Research, 51(2):
215–230, February 1991.

M.A. Ruggero, L. Robles, and N.C. Rich. Two-tone suppression in the basilar membrane of the
cochlea: mechanical basis of auditory-nerve rate suppression. Journal of Neurophysiology,
68(4):1087–1099, October 1992a.

M.A. Ruggero, L. Robles, N.C. Rich, and A. Recio. Basilar membrane responses to two-
tone and broadband stimuli. Philosophical Transactions of the Royal Society B: Biological
Sciences, 336(1278):307–315, June 1992b.

M. Schetzen. The Volterra and Wiener theories of nonlinear systems. Krieger Publishing
Company, 1980.

J. Schoukens, Y. Rolain, I. Montecelli, and C. Delocht. Identification of linear systems in the
presence of nonlinear distortions. In Proceedings of the 11th international modal analysis
conference, 1993.

J. Schoukens, T. Dobrowiecki, and R. Pintelon. Parametric identification of linear systems in
the presence of nonlinear distortions. IEEE Transactions on Automatic Control, 43:176–190,
February 1998.

J. Schoukens, R. Pintelon, and T. Dobrowiecki. Linear modeling in the presence of nonlinear
distortions. IEEE Transactions on Instrumentation and Measurement, 51:786–792, August
2002.

J. Schoukens, J. Swevers, R. Pintelon, and H. Van der Auweraer. Excitation design for FRF
measurements in the presence of non-linear distortions. Mechanical Systems and Signal
Processing, 18:727–738, 2004.

J. Schoukens, R. Pintelon, T. Dobrowiecki, and Y. Rolain. Identification of linear systems with
nonlinear distortions. Automatica, 41(2):491–504, 2005.

E.A.G. Shaw. Transformation of sound pressure level form the free field to the eardrum in the
horizontal plane. Journal of the Acoustical Society of America, 56:1848–1861, 1974.

E.A.G. Shaw. Localization of sound: theory and applications, chapter External ear response
and lound localization, pages 30–41. Amphora, 1982.

162



Bibliography

D.M. Storer and G.R. Tomlinson. An explanation of the cause of the distribution in the
transfer function of a Duffing oscillator subject to sine excitation. In Proceedings of the 9th
international modal analysis conference, pages 1197–1205, 1991.

D.M. Storer and G.R. Tomlinson. Recent developments in the measurement and interpretation
of higher order transfer functions from non-linear structures. Mechanical Systems and Signal
Processing, 7(2):173–179, 1993.

W. Szemplińska-Stupnicka. The resonant vibration of homogeneous non-linear systems. Inter-
national Journal of Non-Linear Mechanics, 15(4–5):407–415, 1980.

S.P. Timoshenko and J.M. Gere. Theory of elastic stability. McGraw-Hill, 1961.

G.R. Tomlinson. Using the Hilbert transform with linear and non-linear multi-mode systems.
In Proceedings of the 3rd international modal analysis conference, pages 255–263, Orlando,
USA, 1985.

J. Tonndorf and S.M. Khanna. Submicroscopic displacement amplitudes of the tympanic
membrane (cat) measured by a laser interferometer. Journal of the Acoustical Society of
America, 44(6):1546–1554, 1968.

J. Tonndorf and S.M. Khanna. The role of the tympanic membrane in middle ear transmission.
Annals of Otology, Rhinology and Laryngology, 79(4):743–753, Augustus 1970.

J. Tonndorf and S.M. Khanna. Tympanic membrane vibrations in human cadaver ears studied
by time-averaged holography. Journal of the Acoustical Society of America, 52(4):1221–
1233, October 1972.

M. Ulfendahl, Å. Flock, and S.M. Khanna. A temporal bone preparation for the study of
cochlear micromechanics at the cellular level. Hearing Research, 40(1–2):55–64, June 1989.

K. Vanhoenacker, T. Dobrowiecki, and J. Schoukens. Design of multisine excitations to char-
acterize the nonlinear distortions during FRF measurements. IEEE Transtactions on Instru-
mentation and Measurement, 50:1097–1102, October 2001.

K. Vanhoenacker, J. Schoukens, J. Swevers, and D. Vaes. Summary and comparing overview
of techniques for the detection of non-linear distortions. In Proceedings of ISMA2002 -
Volume III, 2002.

M. Verhaegen and V. Verdult. Filtering and system identification: a least squares approach.
Cambridge University Press, 2007.

M. Vlaming and L. Feenstra. Studies on the mechanics of the normal human middle ear.
Clinical Otolaryngology and Allied Sciences, 11(5):353–363, October 1986.

G. Von Békésy. Uber die Messung der Schwingugnsamplitude der Gehörknöchelchen mittels
einer kapazitiven Sonde. Akustische Zeitschrift, 6:1–16, 1941.

G. Von Békésy. The variation of phase along the basilar membrane with sinusoidal vibrations.
Journal of the Acoustical Society of America, 19(3):452–456, May 1947.

G. Von Békésy. Experiments in hearing. McGraw-Hill, New York, 1960.

M. von Unge, W.F. Decraemer, J.J.J. Dirckx, and D. Bagger-Sjöbäck. Shape and displacement
patterns of the gerbil tympanic membrane in experimental otitis media with effusion. Hearing
Research, 82(2):184–196, February 1995.

M. von Unge, W.F. Decraemer, J.J.J. Dirckx, and D. Bagger-Sjöbäck. Tympanic membrane
displacement patterns in experimental cholesteatoma. Hearing Research, 128(1–2):1–15,

163



Bibliography

February 1999.

S.E. Voss and C.A. Shera. Simultaneous measurement of middle-ear input impedance and
forward/reverse transmission in cat. Journal of the Acoustical Society of America, 116:
2187–2198, 2004.

S.E. Voss, J.J. Rosowski, and W.T. Peake. Is the pressure difference between the oval and
round windows the effective acoustic stimulus for the cochlea? Journal of the Acoustical
Society of America, 100(3):1602–1616, September 1996.

S.E. Voss, J.J. Rosowski, S.N. Merchant, and W.T. Peake. Acoustic responses of the human
middle ear. Hearing Research, 150(1–2):43–69, December 2000.

E. Wernholt and S. Gunnarsson. Estimation of nonlinear effects in frequency domain identi-
fication of industrial robots. IEEE Transactions on instrumentation and measurement, 57
(4):856–863, April 2008.

J. Whitaker and B. Benson. Standard handbook of radio and audio engineering. McGraw-Hill,
2nd edition, 2002.

F. L. Wightman and D. J. Kistler. The dominant role of low-frequency interaural time differ-
ences in sound localization. Journal of the Acoustical Society of America, 91(3):1648–1661,
March 1992.

K. Worden and G.R. Tomlinson. Nonlinearity in structural dynamics: detection, identification
and modelling. IOP Publishing, 2001.

K. Wyckaert. Development and evaluation of detection and identification schemes for the
nonlinear dynamical behavior of mechanical structures. PhD thesis, K.U. Leuven, Leuven,
1992.

S. Xue, D.C. Mountain, and A.E. Hubbard. Acoustic enhancement of electrically evoked
otoacoustic emissions reflects basilar membrane tuning: a model. Hearing Research, 91
(1–2):93–100, November 1995.

K. Yamashita and T. Shimamura. Nonstationary noise estimation using low-frequency regions
for spectral subtraction. IEEE Signal processing letters, 12(6):465–468, June 2005.

K. Yao and T. Lee. Time-varying noise estimation for speech enhancement and recognition
using sequential Monte Carlo method. EURASIP Journal on applied signal processing, 2004
(1):2366–2384, January 2004.

J. Zwislocki. Handbook of mathematical psychology, chapter Analysis of some auditory char-
acteristics. John Wiley & Sons, 1965.

164



Samenvatting

Het gehoororgaan van zoogdieren is een complex en interessant systeem dat een
hele reeks van taken uitvoert bij de geluidstransmissie van de externe omge-
ving naar de hersenen. Bij doorgang doorheen het auditieve systeem, passeren
de akoestische signalen een reeks van verschillende omgevingen. Eerst gaan de
akoestische signalen door het buitenoor als drukgolven, waarna ze vervolgens in
het middenoor de mechanische trilling van het trommelvlies en de gehoorsbeen-
tjes in gang zetten. Verder wordt het akoestische signaal dan doorgegeven aan
het binnenoor, waar het zich als drukgolven voortplant in de cochleaire vloeistof.
De haarcellen in het binnenoor zetten deze drukgolven om in elektrische zenuw-
pulsen, dewelke via het zenuwstelsel getransporteerd worden naar de hersenen
alwaar de laatste verwerking plaatsvindt. Tijdens al deze stappen tracht het au-
ditieve systeem de temporele structuur en de vorm van het signaal te behouden.
Niettemin vindt er een compressie plaats tussen de zeven ordes in geluidsdruk dat
het gehoororgaan kan registreren, en de twee ordes van grootte van het aantal
neurale pulsen dat het zenuwstelsel in staat is te verwerken.

De belangrijkste functie van het buiten- en middenoor is de versterking van het
akoestische signaal dat zich naar het binnenoor begeeft. Omwille van het verschil
in akoestische impedantie tussen de lucht in het buitenoor en de vloeistof in de
cochlea, wordt bij overgang naar het middenoor een groot deel van het akoes-
tisch signaal terug gereflecteerd naar het middenoor. Een eerste versterking is
dus nodig om dit verlies tegen te gaan. In het ideale geval moet de geluidsover-
dracht in het buiten- en middenoor lineair verlopen, zodat er geen niet-lineaire
distorsies worden geïntroduceerd in het signaal dat richting binnenoor gaat. Bij
eerder onderzoek met minder gevoelige methodes kon er geen duidelijk bewijs
van niet-lineariteit in de trilling van het middenoorsysteem gevonden worden in
het akoestische bereik voor geluidsdrukken tot 130 dB SPL (90 Pa). Bij quasi-
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statische drukveranderingen, die kunnen oplopen tot enkele kPa, werd er in het
verleden echter een sterke niet-lineariteit van het middenoor aangetoond. Dit be-
wijst dat er niet-lineariteit aanwezig is in het middenoor, die ook waarneembaar
moet zijn bij geluidsdrukken in het akoestische bereik.

De belangrijkste doelstelling van het gepresenteerde werk is het detecteren en
kwantificeren van het zwakke niet-lineaire gedrag van het middenoor in het akoes-
tische druk- en frequentiegebied. Kennis van deze zwakke niet-lineaire compo-
nent kan bijdragen tot het verbeteren van moderne hoorapparaten, die werken bij
hogere geluidsdrukken waar de niet-lineariteiten het signaal naar het binnenoor
kunnen verstoren. Het is ook belangrijk om de bijdrage van de niet-lineariteit van
het middenoor tot de oto-akoestische emissies te kennen, hetgeen niet-lineaire
distorsies zijn als gevolg van de actieve terugkoppelingsversterker in het binnen-
oor. Deze emissies zijn detecteerbaar in het buiten -of middenoor, en kunnen
dus een invloed van de niet-lineaire distorsies in het middenoor ondervinden.

Dit werk bestaat uit vijf hoofdstukken in totaal, dewelke kunnen opgedeeld wor-
den in twee grote delen. Het eerste deel (hoofdstukken een en twee) is een
algemeen overzicht van de gehoororgaan, en de verschillende meetmethodes en
technieken om de zwakke niet-lineariteit van een onbekend systeem te bestude-
ren. Het tweede deel (hoofdstukken drie tot vijf) bespreekt het experimentele
werk aan de meetopstelling en de methode die gebruikt werd voor de opsporing
van zwakke niet-lineariteiten, en de toepassing van deze meetopstelling op het
middenoorsysteem.

Het eerste hoofdstuk, verdeeld in vier grote delen, is een grondige beschrijving van
de anatomie en fysiologie van het gehoororgaan van zoogdieren. Het eerste deel
is een kort overzicht van het gehoororgaan, dat is samengesteld uit het buitenoor,
het middenoor, het binnenoor en het auditieve gedeelte van het zenuwstelsel. Er
wordt besproken hoe de geluidstransmissie verloopt doorheen deze verschillen-
de gedeeltes, en welke algemene functies het auditieve systeem vervult bij dit
proces. De andere drie delen bespreken in meer detail de anatomie en werking
van het buiten-, midden- en binnenoor. Het buitenoor bestaat uit de oorschelp
en de gehoorgang en voert hoofdzakelijk twee functies uit: versterking van de
inkomende geluidsgolven, en lokalisatie van geluidsbronnen. Het trommelvlies
en de gehoorsbeentjes (hamer, aambeeld en stijgbeugel) vormen het middenoor,
waarvan de functie is om de geluidsdruk te verhogen die naar het binnenoor gaat.
Het auditieve gedeelte van het binnenoor is het slakkenhuis (cochlea), waar de
trilling van het basilaire membraan, veroorzaakt door de akoestische signalen,
wordt omgezet naar elektrische zenuwpulsen. De delen over het midden-en bin-
nenoor bespreken ook in meer detail de niet-lineariteit aanwezig in deze gedeeltes
van het gehoororgaan.

166



Samenvatting

Het tweede hoofdstuk is een samenvatting van de bestaande methodes om de
aanwezigheid van zwakke niet-lineariteit op te sporen in een systeem. Daarnaast
bevat dit hoofdstuk ook een meer gedetailleerde uitleg over de methode die werd
gebruikt in de experimenten op het middenoor. Het eerste deel handelt over
lineaire tijdsinvariante systemen en hun belangrijkste eigenschappen, terwijl het
volgende deel dieper in gaat op niet-lineaire en tijdsvariërende systeem en hoe
ze verschillen van lineaire tijdsinvariante systemen. Eén van de eigenschappen
van een lineair tijdsinvariant systeem is dat de respons op een sinusexcitatie een
sinus is met dezelfde frequentie, waarbij enkel de amplitude en fase kan verschil-
len. Dit is echter niet het geval voor een niet-lineair systeem waarbij er extra
harmonieken geïntroduceerd worden in het uitgangssignaal. Het derde deel is
een overzicht van de verschillende soorten excitatiesignalen en methodes die ge-
bruikt worden om zwakke niet-lineaire systemen te bestuderen. In het laatste deel
wordt de uitverkozen methode voor de detectie van niet-lineaire distorsies in het
middenoor, dewelke gebruik maakt van oneven willekeurige fase multisinussen,
in meer detail besproken. Kort, een multisinus stimuleert het systeem op een
hele reeks harmonieken, waarvan er sommigen niet worden geëxciteerd. Op deze
posities kunnen dan de niet-lineaire distorsies veroorzaakt door de niet-lineaire
systeemcomponent worden gedetecteerd.

Hoofdstuk drie beschrijft de meetopstelling die gebruikt wordt om niet-lineaire
distorsies op te sporen in de trilling van (bio)mechanische systemen. In deze
opstelling wordt een testobject akoestisch gestimuleerd door een luidspreker, en
de inkomende geluidsgolven worden vlak voor het testobject opgemeten met een
probe-microfoon. Vervolgens wordt de resulterende trilling van het testobject
gemeten met een heterodyne vibrometer. Speciaal ontworpen oneven willekeuri-
ge fase multisinussen worden gebruikt als excitatiesignalen om de niet-lineariteit
van het systeem te onderzoeken. Deze methode maakt het mogelijk om met
één enkel kort experiment de vibratierespons, het ruisniveau en het niveau van
de niet-lineaire distorsies te bepalen. De meetopstelling werd gevalideerd met
metingen verkregen op het membraan van een oortelefoonluidspreker, een la-
tex membraan en een hoge kwaliteits microfoonmembraan. In het geval van
de oortelefoonluidspreker, werd er een iets andere opstelling gebruikt, waar de
akoestische uitgang van de luidspreker werd vergeleken met de trilling van het
luidsprekermembraan, beiden als reactie op een elektrisch aangelegd signaal. De
twee metingen geven gelijkaardige resultaten, waaruit kan besloten worden dat
de optische meetmethode geschikt is voor het detecteren van niet-lineariteiten.
De meting op het latex membraan toonde aan dat de beschreven meetmethode
het mogelijk maakt om zeer kleine niet-lineaire distorsies op te meten in de tril-
ling van een akoestisch aangedreven elastisch membraan, en dit tot 80 dB onder
de vibratierespons. De meting op het hoge kwaliteits microfoonmembraan werd
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gebruikt om de efficiëntie te testen van de correctiemethode voor niet-lineaire
distorsies in het excitatiesignaal veroorzaakt door de luidspreker. De resultaten
toonden aan dat de correctie perfect werkt voor geluidsdrukken tot ten minste
120 dB SPL. Dus, de verstoringen als gevolg van de luidspreker in de opstelling
hebben geen invloed op de metingen.

Bij metingen op langzaam tijdsvariërende systemen, kunnen er problemen optre-
den bij de correcte schatting van het ruisniveau met multisinus excitatiemethode,
dewelke worden besproken in het vierde hoofdstuk, samen met enkele verbeter-
de ruisschattingsmethodes. Met de klassieke methode wordt het geluidsniveau
geschat met behulp van de standaardafwijking over verschillende gemeten peri-
odes van de multisinus. Een langzame tijdsvariatie van het systeem introduceert
niet-periodiciteit in de repons, dewelke bijdraagt aan het uitgangssignaal als een
verhoogd geluidsniveau, zeker ter hoogte van de geëxciteerde harmonieken. Eén
manier om dit probleem te verhelpen is om het verschil te nemen tussen de ver-
schillende periodes van het uitgangssignaal, wat de tijdsvariantie zal verminderen,
maar waarbij de willekeurige veranderingen van de ruis zullen behouden blijven.
Deze verschilsignalen kunnen vervolgens worden gebruikt om het ruisniveau te
bepalen aan de hand van de klassieke methode. Een andere benadering is om
het volledige spectrum te berekenen over alle gemeten periodes, en de frequen-
ties tussen de verschillende harmonieken te gebruiken voor de ruisschatting. De
willekeurige veranderingen tussen nabijgelegen frequenties kunnen dan gebruikt
worden om een schatting te maken van het ruisniveau, na het verwijderen van
aanwezige trends door het verschil te nemen. In dit hoofdstuk wordt de effeci-
ëntie van beide methodes eerst gedemonstreerd voor een simulatie waarbij het
ruisniveau gekend was. Dan, in een eerste experiment op een tijdsinvariant hoge
kwaliteits microfoonmembraan, werd aangetoond dat de verbeterde methodes
en de klassieke methode hetzelfde resultaat geven. Het volgende experiment
werd uitgevoerd op het middenoor van een woestijnrat. Uit een vergelijking van
de klassieke ruisschattingsmethode met de verbeterde methodes bleek duidelijk
dat de laatste een meer nauwkeurige schatting van het werkelijke ruisniveau ge-
ven, terwijl de klassieke methode duidelijk beïnvloed wordt door de tijdsvariatie.
Een andere meting werd uitgevoerd op een luidspreker bij het genereren van ho-
ge geluidsniveaus. Onder deze omstandigheden vertoont het luidsprekersignaal
niet-lineaire distorsies, en eveneens de effecten van tijdsvariatie. Ook onder deze
omstandigheden geven de verbeterde methodes een nauwkeurigere schatting van
het ruisniveau.

Ten slotte werd de opto-akoestische meetopstelling gebruikt om niet-lineariteit
op te sporen in de trilling van het middenoor. Metingen werden uitgevoerd op
het uiteinde van de hamersteel en dit voor een totaal van tien woestijnratten.
De resultaten, weergegeven in hoofdstuk vijf, tonen aan dat bij een geluidsdruk
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lager dan 93 tot 96 dB SPL het middenoor zich gedraagt als een lineair sys-
teem, maar voor hogere geluidsdrukken treden er niet-lineaire distorsies op in de
trilling van het trommelvlies. Deze bevindingen zijn in tegenstelling tot eerder on-
derzoek waar geen duidelijke niet-lineariteit werd gevonden voor geluidsdrukken
tot 130 dB SPL. Door de nieuwe en gevoelige analysemethode werden zwakke
niet-lineariteiten zichtbaar die voordien onopgemerkt bleven. Om de invloed van
cochleaire niet-lineariteit op de middenoorrespons uit te sluiten, werd een me-
ting uitgevoerd waarbij het slakkenhuis werd verwijderd. Bij vergelijking met de
resultaten op een intact oor, toonde dit experiment geen significant verschil aan
in het niveau van de niet-lineaire distorsies. Overige externe invloeden, zoals de
trilling van de bulla en het openen van de middenoorholte werden ook nagekeken,
maar hierbij werd wederom geen significante invloed gevonden. Ten slotte werd
ook de invloed van post-mortem artefacten, zoals uitdroging, onderzocht door
herhaalde metingen op éénzelfde middenoor. Een snelle daling van de vibratie-
respons en de niet-lineaire distorsies werd hierbij opgemerkt in de eerste minuten
na de initële meting met een stabilisatie na 200 minuten, wat de noodzaak van
een snelle meetmethode aantoont.
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