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Abstract

The head-related transfer function (HRTF) characterizes the spectral transformation of
sound on the path from a point sound source in free field to the eardrum. When using HRTF's
in binaural reproduction, individual measurements should be favored, since non-individual
HRTFs tend to cause coloration and errors in localization of virtual sound sources. HRTF
measurements are commonly made at the entrances of the ear canals, which are blocked with
earplugs. However, depending on the type of headphone used, this method may cause timbral
coloration in reproduction, which is caused by, e.g., the difference in the acoustic coupling of
the ear canal to the headphone in comparison to free air. An easy method of measuring HRTF's
and headphone transfer functions (HpTFs), i.e., the pressure at the eardrum rather than at the
blocked ear canal entrance would solve the aforementioned problem. In addition, HRTFs with
the eardrum as point of reference can be used in binaural reproduction with insert headphones
without the need to do additional estimations of the transfer function from the blocked ear
canal entrance to the eardrum. Probe microphone measurements of the pressure at the
eardrum are generally not considered reliable above 4 kHz, and they also involve the risk of
damaging the eardrums. Hence, a non-invasive method of measuring or estimating the pressure
at the eardrum is needed.

In this work, a miniature-sized acoustic pressure-velocity sensor is used to measure energy
density at the ear canal entrance, which in turn is used to estimate the sound pressure at the
eardrum. The reliability of the estimation method is verified through measurements with
simulators and human subjects. In addition, HRTF filters are designed using the estimated
HRTFs and HpTFs, and are used in a listening test. The result of the listening test shows that
the estimation method presented can reduce coloration in binaural reproduction. In
conclusion, the method presented facilitates the obtaining of individual HRTFs and HpTFs at
the eardrum using non-invasive measurements.

An important procedure in binaural reproduction is the equalization of headphones using
measured HpTFs. For insert headphones, however, neither the blocked ear canal nor the probe
microphone measurement methods are applicable, since the inserts themselves block the ear
canal entrance and since the transducer ports of the inserts are inside the ear canals. This study
develops an alternative method of obtaining HpTFs of inserts using measurements with in-ear
microphones, computational modeling, and electro-acoustic source models of the inserts. The
success of this approach is verified through measurements at the eardrums of simulators and
human subjects as well as through a listening test. The method facilitates individual in-situ
equalization of inserts for binaural reproduction.
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Tiivistelma

Akustisen paineen siirtofunktio vapaassa kentéssa sijaitsevasta pisteméisesta ddnildhteesta
tiarykalvolle (engl. Head-related transfer function, HRTF) kuvaa 44dnen muutosta matkalla
lahteestéd tarykalvolle.

Parhaan laadun saavuttamiseksi binauraalisessa toistossa olisi suosittava yksilollisesti
mitattuja HRTF:i4, silld ei-yksilollisilla HRTF:114 on taipumus aiheuttaa varittymaa
ddnentoistossa ja virheitd virtuaalisten dénildhteiden paikallistumisessa. Yksilolliset HRTF:t
mitataan useimmiten tarykalvon sijaan suljetun korvakaytévén suulta, jolloin mikrofoni
sijoitetaan esim. korvatulppaan. Téllainen mittausmenetelma saattaa kuitenkin myos
aiheuttaa varittymaéa danentoistossa kaytetyn kuulokkeen ominaisuuksista riippuen. Helposti
toteutettavissa oleva menetelmé mitata HRTF:t ja kuulokkeiden siirtofunktiot (engl.
Headphone transfer function, HpTF) tarykalvolta suljetun korvakédytdvan edustan sijaan
ratkaisisi edelld mainitun ongelman. Liséksi tarykalvolta mitattuja HRTF:id voidaan kayttaa
binauraalisessa ddnentoistossa tulppakuulokkeilla valttden tarpeen estimoida erikseen
siirtofunktioita korvakiytéivin suulta tarykalvolle. Valitettavasti mikrofonilla tehtyjéi
mittauksia tarykalvolta ei voi pitda luotettavina 4 kHz suuremmilla taajuuksilla ja niihin liittyy
myo0s tarykalvojen vaurioitumisriski. Nain ollen ei-invasiivinen menetelméa mitata tai
estimoida HRTF ja HpTF tarykalvolla olisi erittiin tarpeellinen.

Tassi tyossd kdytetddn erittdin pienikokoista akustista sensoria, jolla mitataan akustista
painetta ja hiukkasnopeutta avoimen korvakéytavéan suulla. Mitattua painetta ja
hiukkasnopeutta kdytetdan puolestaan tarykalvon akustisen paineen estimoimiseen.
Estimointimenetelmén toimivuus todennetaan mittauksilla simulaattoreiden ja
koehenkiléiden tarykalvoilta. Liséksi estimoiduista HRTF:std ja HpTF:std luodaan suotimet
kuuntelukoetta vasten. Kokeen tulokset osoittavat, ettd estimointimenetelmén avulla voidaan
vahentad varittymia binauraalisessa ddnentoistossa.

Tarkea operaatio binauraalisessa ddnentoistossa on kuulokkeiden ekvalisointi, eli kalibrointi,
jota varten on mitattava kuulokkeiden HpTF:t. Tulppakuulokkeiden tapauksessa HpTF:ii ei
voi mitata suljettujen korvakéytavien menetelmailld eiké luotainmikrofonilla, silld kuulokkeet
itsessain sulkevat korvakiytiavin. Tassa tyossd on kehitetty vaihtoehtoinen menetelma
estimoida tulppakuulokkeiden HpTF':t kidyttiden mittauksia korvakiytdvamikrofonilla,
laskennallista mallintamista ja kuulokkeiden sdhkoakustisia ldhdemalleja. Menetelmén
toimivuus on todennettu mittauksilla simulaattoreiden ja koehenkil6iden tarykalvoilta seka
kuuntelukokeen avulla. Menetelmé mahdollistaa tulppakuulokkeiden yksiléllisen kalibroinnin
binauraalista ddnentoistoa varten.
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1. Introduction

The first major break-through in audio reproduction took place in 1877
when Edison presented the phonograph, which could both record and
reproduce sounds. Shortly after, in Paris in 1881, the first binaural
audio system was presented by Clément Ader — using telephonic trans-
mission the Théatrophone enabled stereophonic perception of an opera
performance for an audience at a distant location outside the opera house.
Headphones and portable audio players came to general awareness in the
early 1980’s with the introduction of the Sony Walkman cassette player.
In the 1990’s, digital music reproduction developed quickly. One example
is the mp3-player that replaced the short-lived portable CD-player as
the most popular portable mobile audio player at around the turn of the
millennium. In three-dimensional (3-D) audio reproduction an important
innovation was the use of head-related transfer functions (see Section 2.4)
as filters in binaural reproduction, i.e., 3-D audio reproduction over
headphones (see Section 4). Today, the popularity of portable audio
players is steadily growing, which has given rise to a discussion on
music-induced hearing disorders. While 3-D audio reproduction is studied
extensively and has gained in popularity over stereophonic listening,
the vast majority of all audio recordings produced are still designed for
stereophonic listening.

The goal of the research presented in this thesis is to develop new
techniques that allow easy implementation of individually customized
high-quality binaural reproduction. The research can be divided into
two sub-classes, the first being related to measuring and estimating
individually the acoustical characteristics of the external ear, which
are needed to process audio signals for binaural reproduction. The
commonly used methods for measuring these individual parameters are

not suitable for reproduction with all kinds of headphones, which may
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lead to undesired coloration and localization errors in the reproduction
phase. The second sub-class focuses on the reproduction over headphones
and, more precisely, on fast, easy, and individual in-situ equalization of
insert headphones. Such equalization — or calibration — is not feasible
with known techniques, since commonly they require probe microphones
or individual ear canal models to be used. With the method presented,
the required measurements can be made using the headphone itself and
no additional equipment is needed.

Individual measurements of acoustic pressure and particle velocity at
the ear canal entrance are used to develop optimal filters for reproduction.
The measurements are carried out with miniature-sized pressure-velocity
(PU) sensors designed for the purposes of this study. New approaches
to the equalization of headphones are applied in order to calibrate
individually the headphones used in binaural reproduction. In addition
to the various measurement methods and computational models used in
the verification of the results, perceptual evaluation is finally used to test
the applicability of the methods proposed.

One of the implications of the results of this thesis is that individually
optimized 3-D audio reproduction becomes easier to implement. In
addition, high-fidelity 3-D audio reproduction becomes available to a
larger audience due to the possibility of using low-cost headphones in
the reproduction. These kinds of new techniques could generate a strong
growth in the popularity of 3-D audio amongst ordinary consumers.

This thesis consists of an introductory part and six peer-reviewed
publications. Two of these publications have been published in inter-
national peer reviewed journals and four in international peer reviewed
scientific conferences. The structure of the introductory part is as
follows. The basic concepts related to sound and binaural hearing are
presented in Section 2. Section 3 deals with measuring, modeling, and
estimating sound pressure at the eardrum. Here the emphasis is to
give a compact overview, whereas the new results of the topics can be
found in the publications. How the pressure signals obtained at the
eardrum are utilized in binaural reproduction is discussed at a general
level in Section 4. Brief summaries and the most important results of
the publications are presented separately in Section 5. Finally, cohesive
summaries of the two main research themes and the main methods of
this thesis, future research directions, and conclusions are presented in

Section 6.



2. Acoustics of hearing

In this section, a brief introduction to some of the basic concepts of
the physics of sound is given, the focus being on subjects relevant to
this thesis. One of the main themes of this thesis is the acoustics
of the external ear, which will be discussed on several occasions later
on. Nonetheless, the different parts of the external ear and some of
their characteristics are presented already in this section. Two essential
subjects or terms the reader should be acquainted with are binaural
hearing and the head-related transfer function, short explanations of
which are also given here.

Understanding the basics of binaural hearing and the behavior of sound
in and around the ear helps the reader to appreciate the results of this
thesis. Due to the concise format used, many important details are not
discussed here, but complementary reading can be found, e.g., in [1, 2, 3,
4, 5].

2.1 Sound and hearing

Sound can be defined as wave motion in a medium that causes an
auditory sensation in the brain. An event that evokes audible sound
pressure waves that propagate in air is determined as a sound event. The
frequency range of sounds audible to humans is approximately 20 Hz —
20 kHz.

When a sound pressure wave reaches the external ears and propagates
through the ear canal it undergoes spectral transformations, which are
discussed in Section 2.2. The eardrum and the ossicles convert the small
variation in air pressure in the ear canal to vibrations in the fluid inside
the cochlea, where different frequencies create resonances at different

traveling wave excitation positions on the basilar membrane [6, 7]. Hence,
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the cochlea operates as a time-frequency analyzer that can be modeled
as a bandpass filter bank, that divides the audible frequency range into
critical bands. [8, 9].

The hair cells transform the vibrations of the basilar membrane to nerve
impulses in the fibers of the cochlear nerve. An auditory event emerges in
the brain when these nerve impulses reach the central auditory system
and the primary auditory cortex. Attributes describing the perceived
auditory event are, e.g., direction and distance, which will be discussed
further in Section 2.3. Based on the frequency contents of the sound
entering the ear canals, the auditory system translates the frequency to
a subjective measure called pitch, which is related to how high or low
perceptually a sound is on a musical scale. Another quality of an auditory
event is loudness, which is related to the amplitude of the sound wave
entering the ears of the listener.

While the mean atmospheric pressure is approximately 105 Pa, sound
pressure level (SPL) is defined as the magnitude of the pressure relative
to 2 x 10 Pa, which is approximately only 1010 standard atmosphere.
Hence, audible SPLs (approximately 0 dB and louder at 1 kHz) represent
extremely small variations of the static pressure. The ratio between the
SPL of the sounds that bring pain to the ears and the weakest audible
sounds is more than 1012.

Next, some essential physical quantities related to sound are presented
due to their importance in this thesis. Sound pressure p and particle
velocity u are the two physical quantity measures of sound. Particle
velocity is the velocity of the molecules in air, which is caused by sound
wave motion. Particle velocity should not be confused with the speed of
sound, i.e., the speed of propagation of a sound wave. The specific acoustic
impedance of an acoustic component, such as the eardrum, is Z = p/u,
where p and u are pressure and particle velocity at the connection point,
respectively. The characteristic impedance of air is defined as Z, = pc,
where c is the speed of sound and p is the density of air. Volume velocity
q is related to particle velocity through the cross-sectional area A of an
acoustical duct in which a sound wave propagates: ¢ = uA. The wave
impedance of a wave propagating in a duct is defined as Zw = p/q. Finally,

acoustic energy density in an acoustical waveguide
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Figure 2.1. Outline of a typical (right) ear canal as seen from the front and from above.
The shaded area represents the approximate location of the eardrum.

2.2 Acoustics of the external ear

From an acoustical perspective the external ear comprises the torso, the
head, the pinna, the concha, and the ear canal up to the eardrum, since
all these parts of the human body have at least some effect on hearing.
For some directions of sound incidence and especially at frequencies
above 1 kHz the pinna behaves like a reflector as it directs sound waves
toward the ear canal. One of the most important acoustical parameters
of the external ear is the physical dimensions of the concha that connects
the pinna to the entrance of the ear canal. The pinna and the concha
cause phase cancellation, or a “pinna notch”, which is usually located at
frequencies between 7 kHz — 10 kHz [10, 11], where the difference in the
total path length between the direct sound entering the ear canal and the
sound reflected from the pinna is half a wavelength.

An average human ear canal is approximately 26 mm in length and
7 mm in diameter. The canal usually has two bends close to the entrance
as depicted in Fig. 2.1. The tube-like structure and small dimensions of
the canal consequently makes it an acoustical waveguide for sound waves
up to the highest audible frequencies. The ear canal is terminated by
the eardrum, which means that the ear canal behaves acoustically as a
quarter-wave resonator having its first resonance approximately at 3 kHz
for adult humans.

In addition to the frequency content of the sound entering the ear canal,
both the length of the ear canal and the compliance! of the eardrum
are very important factors in the formation of the pressure frequency
response at the eardrum Py.q, as reported in PI. The length of the ear
canal determines the frequencies of the quarter-wave resonances. The
compliance of the eardrum has a strong effect on the sharpness of these

resonances and the quarter-wave minima found in frequency responses

IThe inverse of mechanical stiffness and acoustical impedance.



Acoustics of hearing

measured along the ear canal. A rigid eardrum yields sharp resonances
whereas a compliant eardrum results in a smooth Pg.,. The frequencies
of the quarter-wave minima depend not on the length of the ear canal but
on the distance from the point of measurement to the eardrum.

When the ear canal is blocked with a headphone that is inserted into the
ear canal (insert headphone), the quarter-wave resonances disappear and
half-wave resonances emerge instead, the frequencies of which depend
on the residual length of the ear canal. In the measurements for this
thesis (PI, PIII, PVI) these resonances have been found at approximately
6 kHz, 12 kHz, and 18 kHz. However, the strength and sharpness of
the resonances depend not only on the compliance of the eardrum but
also on the acoustic impedance of the insert headphone used. Hence, the
acoustics of an ear canal blocked with an insert headphone should always
be studied together with the acoustic characteristics of the headphone.

The eardrum, or tympanic membrane, is a thin membrane that trans-
mits sound from the ear canal to the ossicles. The height of the eardrum
is approximately 10 mm and the width 8 mm. There is no definite border
between the eardrum and the ear canal wall; instead, the eardrum can
be considered as being a continuation of the ear canal wall that forms the
innermost part of the ear canal. Often the eardrum curves inward by a
few millimeters. The handle of the malleus ossicle, the Umbo, forms a
small bulge outward at the center of the eardrum [12]. According to Fay
et al. [13], the complicated structure of the eardrum serves to transfer
more energy to the ossicles as compared to a flat structure, especially at
high frequencies. The angle between the bottom part of the ear canal wall
and the eardrum is on average approximately 40°, as depicted in Fig. 2.1.
Hence, the area of the eardrum is larger than the cross-sectional area
of the ear canal, which can increase sound transmission to the ossicles.
In addition, its asymmetric shape creates multiple resonances at high
frequencies and smoothens the power flow to the ossicles [13].

There are large differences between the impedances of human ear
canals [14], and the topic has been studied extensively, e.g., for hearing
aid fitting purposes [15, 16, 17]. The large interindividual variability of
the impedance of the ear canal is an essential topic in this thesis. Acoustic
impedance measurements of the human ear canal are useful not only with
respect to headphones and hearing aids but also in the recognition of
possible dysfunctions and in the studying of the function of the middle

and the inner ear [18].
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2.3 Binaural hearing

The ability of humans to perceive the surrounding soundscape in three
dimensions is based on binaural hearing, i.e., using two ears for listening.
Direct sounds, early reflections and reverberation of the space provide the
auditory system with information on the direction, distance, and loudness
of sound sources. The binaural and monaural cues used to localize sound
sources are based on the magnitudes and phases of Pgq at both eardrums.
The interaural differences in magnitude and phase of Pg,.q are interpreted
by the auditory system to formulate the binaural cues while the monaural
cues are based on the instantaneous magnitudes of P4 [3].

The binaural cues are commonly categorized to interaural time differ-
ence (ITD) and interaural level difference (ILD) [19]. The ITD is the
difference in the amount of time it takes for a sound signal to reach the
eardrums. This difference is sometimes referred to as interaural phase
difference (IPD) — especially when periodic signals are discussed — in
which case the IPD is determined as the difference in the phases of the two
signals at the eardrums [20]. The ILD, i.e., the level difference between
the signals at the two eardrums, is very much dependent on frequency.
Hence, it describes the difference between the magnitudes of Pg.q at the
two eardrums. With a plane wave the ILD is caused by the shadowing
effect of the head and has typically larger values at high frequencies and
values close to zero at the lowest audible frequencies. The importance and
dominance of the ITD and ILD cues are affected by the familiarity of the
sound source, the frequency content of the source, the plausibility of the
cues, as well as the coherence of the cues across different frequencies [21].
However, ITD is usually considered the dominant cue at low frequencies,
whereas ILD is considered more salient at high frequencies.

The magnitude of Py..q provides the auditory system with information
on the elevation angle of sound incidence and helps to differentiate audi-
tory events in front from those behind the head. If there is no interaural
difference in the phase or the magnitude of Pg.q, the auditory event will
then appear in the median plane or close to it. In such situations, the
magnitude response only is used in solving for the elevation angle of
sound incidence [3]. In this thesis, the magnitude frequency responses
at the human eardrum are discussed with respect to elevation perception

and front-back confusion in binaural reproduction (PIV, PV, and PVI).
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2.4 Head-related transfer function

The head-related impulse response (HRIR) describes how a sound wave
excited by a point sound source in free field is filtered by the reflections
and diffractions of the torso, head, and the external ear before reaching
the eardrum. The Fourier transform of the HRIR is defined as the head-
related transfer function (HRTF). The HRTF can also be characterized as
the complex ratio between Pp.oq in free-field conditions and the free-field
pressure frequency response in the same position (without the subject),
when both are evoked by the same point sound source.

One problem with the definition of the HRTF is that the pressure over
the surface of the eardrum is not constant at high frequencies [13]. Hence,
the expression “pressure at the eardrum” is ambiguous. From a purely
hearing perspective knowing the frequency response of the signal that is
transmitted by the eardrum to the ossicles and further to the auditory
system is important — this question, however, falls beyond the scope of
this thesis.

In free-field conditions with one point sound source, the auditory system
formulates the binaural and monaural cues based on the HRTFs. Hence,
in such circumstances the ILD cues and the ITD cues are generated based
on the magnitude responses and the phase responses of the HRTF's of both
ears, respectively. In a reverberant environment, however, not only the
HRTFs but also the acoustics of the space contributes to the formation of
the ITD and ILD cues.

In a study by Fels et al. [22] the effects of various anthropometric
parameters (excluding the ear canal) on the individual HRTFs are
reported. The depth and the breadth of the concha, the distance between
the ear and the shoulder, and the breadth of the head were shown to
be important parameters with regard to differences between individual
HRTFs. The height of the head and the pinna were found to have
only a very slight influence on the HRTF's, which is congruent with the
findings presented in PI, Section 3.1.3. The usage of HRTF's in binaural

reproduction is discussed in Section 4.



3. Obtaining pressure signals at the
eardrum

For successful implementation of binaural reproduction (BR), all that is
needed are a binaural recording or HRTFs as well as the headphone
transfer function (HpTF) of the headphone used in the reproduction. The
point of reference of the recording, the HRTF's, and the HpTF's can be
the eardrum, the blocked ear canal entrance, or some other point in the
ear canal. Different methods of obtaining these pressure signals are
presented in this section, the focus being on obtaining HRTFs and HpTFs
at the eardrum. The practical steps in the reproduction are discussed in
Section 4.

If individual measurements are not feasible, HRTF and HpTF filter
banks [23, 11] can also be used in BR, but perceptually authentic
reproduction is best achieved with individual HRTFs and HpTFs [24,
25, 26, 27]. These non-individual HRTFs and HpTFs can be measured
using human subjects or dummy heads, or they can be constructed using
computational modeling or parametric HRTF models [28].

In the reminder of this thesis, both the free-field HRTF's at the eardrum
and the HpTF's at the eardrum are denoted, when possible, as Pp. The
difference between Py..q, which was presented earlier, and Pp is that the

responses of the source(s) and the space are included Pfq, but not in Pp.

3.1 Measurements and recordings

Because of the large interindividual variety in the acoustical features
of the external ear, individual HRTFs, HpTF's, and binaural recordings
should be preferred to HRTF databases or, e.g., dummy head recordings
in BR. The differences in the magnitudes of HRTFs and HpTF's between
different individuals can be as high as 20 dB at high frequencies. Using

non-individual recordings or HRTFs may result in localization errors



Obtaining pressure signals at the eardrum

regarding the direction and distance of the sound sources [24]. It has
also been suggested that improved quality in BR can be achieved with
“optimal”, but non-individual HRTF's, at least in terms of localization
accuracy [29]. No conclusive results supporting this theory have been

presented, however.

3.1.1 HRTFs and HpTFs

In practice, individual free-field HRTFs are obtained by measuring?! Prpreq
and dividing it with the free-field reference that includes the loudspeaker
and the microphone frequency responses only. HpTFs are obtained in
a similar manner, but only the response of the microphone is removed
from the measurement result. Regardless of the choice of HRTF and
HpTF measurement technique, the HpTFs need to be measured using
the same point of measurement and the same measurement setup used
in the HRTF measurements. Failure to do so leads to spectral coloration
in BR.

The problems included in measuring Pp with a probe tube microphone
[33] or a probe microphone has long been recognized [34, 35]. If the
probe measurement is made at a point further away than approximately
3 mm from the innermost part of the ear canal, i.e., the lower part of
the eardrum, the reflection from the eardrum starts to attenuate the
measured response at audible frequencies as discussed in PI and PIV.
According to Stinson et al. [36], even pressure minima can exist on the
surface of the eardrum. In addition, the introduction of a probe tube
microphone at the eardrum can disturb the sound fields close to the
eardrum and thereby cause measurement error [37].

Consequently, probe microphone or probe tube microphone measure-
ments are not generally regarded as reliable above approximately 4 kHz.
However, if the distance between the microphone and the innermost part
of the ear canal can be estimated, the reflection from the eardrum can be

compensated to some extent as presented in PIV.

3.1.2 Binaural recording

The simplest method for obtaining binaural audio for reproduction is to
do the recording with microphones positioned at the ears of a real person

or an acoustic manikin (dummy head). The differences in the spectral

1Frequency response measurements are most commonly performed using the
swept-sine technique [30, 31, 32].
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structure of individual binaural recordings are large when the recording
is made at the eardrums or some other positions in the open ear canals
[24, 38]. Hence, if a binaural recording is intended to be used by more
than one individual, the blocked ear canal recording method should be
preferred. In addition, due to the problems related to probe microphone
positioning and the quality of such microphones, a high-fidelity individual
binaural recording is probably easiest to obtain by using the blocked ear

canal method.

3.2 Physical simulation

It is convenient to use dummy heads and ear canal simulators as
replacements for human test subjects for many reasons. Measuring Pp
of live subjects is difficult and risky, and the result of the measurement
is unreliable due to positioning problems. Physical (tangible) simulators
can never mimic the human external ear precisely, but they are useful in

the design of headphones and hearing aids.

3.2.1 Ear simulators

Ear simulators designed to mimic the acoustical impedance of real ears
were originally meant for calibration of hearing aids and audiometric
headphones. Simulators, or couplers, that only provide simple volumetric
coupling are normally small volumes with a reasonable load for hearing
aid or insert headphone measurements. The pressure frequency response
evoked by a headphone at the eardrum position of the simulator is usually
not what it would be at a human eardrum. For example, ear simulator
measurements with insert headphones often exaggerate low-frequency
levels because the insert headphone can be coupled to the simulator
tighter than to human ears, which excludes the effect of leakage.

Since the compliance of the ear canal walls have only a minor effect on
Pp [18], a straight rigid-wall tube, i.e., an acoustical waveguide, can be
used to simulate the ear canal with reasonable accuracy. Instead of using
a rigid termination, an eardrum model the impedance of which is similar
to that of the human eardrum can be used, which improves the simulator
significantly. Most of the ear simulator measurements for this thesis were
performed with a purposely-built ear canal simulator, the “adjustable ear

canal simulator” (Adecs) [39]. The device has rigid canal walls and both
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damped and rigid ‘eardrums’. Ear simulators are described in more detail
in the ANSI S3.25 [40] and IEC60711 [41] standards as well as in PI.

3.2.2 Acoustical dummy heads

Acoustic manikins (artificial heads, dummy heads) have been used, e.g.,
for binaural recordings for at least 70 years [42, 43]. According to
Firestone [20], an acoustic dummy head was used as a recording device
for the first time at the end of the 1930’s.

The HRTFs of acoustical dummy heads are commonly used in BR. One
of the greatest advantages with using dummy head HRTF's is that the
measurement grid can be made extremely dense, since there is basically
no upper limit to the duration of the measurements. A dummy head built
as a copy of an individual human can be almost as good for individual
binaural recordings as the original human head in terms of the spectral
content of the recording [44, 45].

Many of the reports on the effects of variable headphone positioning on
Pp and headphone characteristics in general are based, at least partially,
on measurements with standard dummy heads [26, 46]. The applicability
of these measurements to human ears is not self-evident as the ear canal
of a dummy head rarely mimics exactly the ear canal of the average or
individual human subject. For example, pressure division ratio values
(see Section 4.3.1) of headphones are most likely very much different with
dummy heads as compared to humans.

An acoustic dummy head was built specifically for some of the measure-
ments presented in this thesis. The “dummy head with adjustable ear
canals and interchangeable pinnae” (Dadec) is presented in PI. Thorough
and enlightening reports on dummy heads and binaural recordings have
been presented by Vorldnder [47] and Paul [42].

3.3 Computational modeling

Physics-based computational models are often used in parallel with actual
acoustical measurements. There are many benefits involved in having
an accurate computational model of the external ear that can be used
together with a tangible simulator or with measurements from human
test subjects. A computational model can save time and money as the
behavior of an acoustic system can be first investigated computationally

before conducting laborious measurements.
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The distributed-element-based modeling methods are used widely in
the field of acoustics. These methods include, amongst others, the finite
element method (FEM), the boundary element method (BEM), and the
finite difference time-domain modeling (FDTD). The methods can be
used to estimate HRTFs using 3-D models of the head and the pinna
and to study the characteristics of HRTF's in detail, or to visualize the
diffractions and reflections of the wavefronts on the pinna surface [10].
One additional advantage of these methods is that it is possible to change
the shape of the external ear or the head in ways that are not possible with

real subjects and to study the effects of the deformations analytically.

3.3.1 Lumped elements

One straightforward method of modeling an acoustical system is to
transform the system under investigation to a lumped electrical circuit.
Physical components with acoustical properties can be modeled as their
electrical analogies such as capacitors, resistors, and inductors or simple
combinations of these. Lumped element models are considered valid
whenever L. << \, where L. is the characteristic length of the circuit, and
A is the operating wavelength of the circuit. For example, Bravo et al. [48],
using a lumped parameter approach, modeled the ear simulator specified
in TEC 60318-1 [49], which has been designed to mimic normal human
ears in terms of the acoustic load, or acoustic impedance, of the human ear
when coupled with a headphone. They showed that the lumped element
model becomes less valid as the acoustic wavelength approaches the
characteristic dimensions of the simulator, which supports the principle
that the external ear should be modeled as a distributed rather than a

lumped system for improved accuracy especially at high frequencies.

3.3.2 Ear canal simulator as waveguide

In physics-based modeling of the ear canal it is important to take into
account that its size is of the same magnitude as the sound wavelengths
of interest and that its geometry can be complex. A sophisticated
individualized distributed element model of the ear canal, however, can
be used for a large frequency range with good accuracy.

The sound pressure and volume velocity at different points inside a tube
with constant cross-sectional area can be estimated using transmission
line modeling, where the transmission line is an acoustic waveguide

[50, 51]. A waveguide is a duct with a small diameter compared to the
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wavelength of interest, e.g., an ear canal simulator with constant cross-
sectional area A. A computational model of such an ear canal simulator is
composed of a termination impedance, a lossless acoustic transmission
line, and an external pressure sound source with an internal acoustic
impedance. In the case of an unblocked simulator the source impedance
is equivalent to the radiation impedance of the simulator’s canal entrance
due to the reciprocity principle. When an insert headphone is used as the
sound source in the model the source parameters need to be estimated
separately as presented in PI and PIII.

An ear canal or an ear canal simulator with variable A can also be
modeled using the transmission line approach, if the model is constructed
of several consecutive short waveguides with different A. In order to
model an individual ear canal using the transmission line approach the
area function of the ear canal and the impedance of the eardrum need to
be estimated first as discussed below.

In this thesis, the transmission line equations have been used in PI and
PII to model an ear canal simulator having constant cross-sectional area
and a rigid termination. In PIV the transmission line equations were
applied only to probe measurements made with a probe microphone very
close to the eardrum, namely, to compensate for the attenuation caused
by the (small) distance between the probe microphone and the eardrum

at frequencies above approximately 10 kHz.

3.3.3 3-D imaging

Individual 3-D models of the ears, the heads, and the torsi of human
subjects can improve significantly the accuracy of computational models
as compared to non-individual models. One method that has been used
for 3-D imaging of external ears is X-ray computed tomography (CT) [18].
The usage of CT scans for research purposes in living humans, however,
has been limited due to the high exposure to radiation [52, 53].

Laser scanning [10], on the other hand, is an accurate method of
obtaining a 3-D model of the pinna, head and torso, and it involves
practically no risk to the health of the test subject. The greatest
disadvantage with laser scanning is that it is impossible to use it directly
for ear canal and eardrum imaging. In addition, the rendering of narrow
regions, such as the cavities in the pinna and the volume between
the pinna and the head, may result in poor resolution unless optimal

triangulation techniques are used [54]. The ear canal and the eardrum
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can be added to the laser-scanned 3-D model of the head and torso if
an alternative imaging method is applied to the ear canal. The 3-D
model of the replica of the human ear presented in PIV, Section IIIB was
constructed by laser scanning a silicone casting of the pinna and the mold
of an ear canal and combining these into a single 3-D model using CAD
software.

Magnetic resonance imaging (MRI) has also been used for imaging of
the head, torso, and external ear for modeling purposes. The greatest
advantage with MRI is that a model of the complete ear canal can be
obtained, assuming the proper techniques are used. One of the future
directions of the research of the present author is to use complete 3-D
models that include the ear canal and the eardrum for modeling HRTF's
with the BEM modeling technique.

3-D images of the pinna can also be constructed from photographs or
from video sequences using shape from shading [55], but constructing a

high-resolution model from two-dimensional images is far from trivial.

3.3.4 Finite element method

In FEM modeling, the acoustical system to be solved is divided into
small elements each of which describes a simple mechanical system such
as a mass and spring. These physically simple elements are linked
together and the conditions at their boundaries are solved, which results
in a complete FEM model of the system. FEM models have commonly
been used to solve mechanical and aeronautical problems, but nowadays
also in acoustics, especially to solve problems related to low frequencies.
FEM requires a large amount of computational power since the boundary
conditions between elements are difficult to solve and due to the large
amount of elements needed.

FEM was used by Fay et al. [13] in their computer simulation of the
ear canal, eardrum, and ossicles for the analysis of the significance of
anatomical features of the human eardrum. In their model they used
not only finite elements but also rigid bodies and asymptotic methods
to ensure accuracy over a frequency range of 200 Hz to 20 kHz. Other
successful studies using FEM include models of the human ear canal
and middle ear cavity as presented by Gan et al. [56], the IEC 60318-1
artificial ear by Bravo et al. [48], and the Briiel&Kjer Type 4157 occluded
ear simulator by Jonsson et al. [57]. In addition, Schmidt et al. [17] have

recently studied the accuracy of measurements of the acoustic impedance
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of the ear canal by using a FEM model consisting of the ear canal and the

coupling tubes used in the actual measurements.

3.3.5 Boundary element method

In BEM modeling, a computational mesh of the surfaces of the target
model is required only, i.e., free air does not need to be modeled. This
makes BEM often more efficient than other methods, including finite
elements, in terms of computational resources for problems where there
is a small surface-to-volume ratio.

BEM has been used for modeling of HRTF by several scientists. In 2007
Huttunen et al. [59] made a simulation of the acoustics of a head-and-
torso model for frequencies ranging from 20 Hz to 20 kHz. The simulation
tool was based on the parallelized ultra-weak variational formulation
method and the unbounded physical problem was truncated with perfectly
matched layers. In a later study they used a model of the head and torso
of the present author, which included the ear canals all the way to the
eardrums. The head, shoulders, and the pinnae were laser scanned and
the ear canals were added to the model after laser scanning molds of
the canals. The computational mesh used consisted of 24,000 elements
and 12,000 nodes, which was dense enough for modeling up to 6 kHz.
Fig. 3.1 depicts the computational mesh as well as the computed pressure
distribution on the surface of the model at 3 kHz and 6 kHz when a plane
wave approaching from the right side was used as sound source.

Katz et al. have also presented interesting computations of individual
HRTFs obtained with BEM [60, 61]. New fast multipole BEM methods

and the applying of the reciprocity principle by placing a source in the ear

Figure 3.1. From left to right, the BEM mesh on the surface of a model of the head and
torso of the present author; pressure magnitude distribution at 3 kHz and
6 kHz. Reprinted with permission [58].
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and computing the sound field outside of the head are among the recent

directions of development in head-related BEM technology [54, 62].

3.4 Estimation of pressure at the eardrum

The new method of estimating Pp presented in this thesis is based on
measurements of acoustic pressure and particle velocity at the ear canal
entrance. Other methods to achieve the same goal have been presented,
but none of these have utilized direct measurements of particle velocity. In
most of the solutions presented, however, estimates of the volume velocity
or impedance at the ear canal entrance have been used to solve Pp.
The motivation of an accurate estimation method is in the unreliability
and risks related to probe microphone measurements at the eardrum, as
described in Section 3.1.1.

One common approach for estimating Pp is to first solve the individual
ear canal parameters, i.e., the area function [63, 53] and the length [35]
of the ear canal and the impedance of the eardrum. The pressure at the
eardrum can then be solved with physics-based computational modeling
as presented in [51]. Hudde has presented a variety of methods to solve
the ear canal parameters, such as the estimation of the area function
by sound pressure measurements [64], and measurement of the eardrum
impedance of human ears [65] using, for instance, an acoustic measuring
head [66]. Voss et al. [14] as well as Keefe et al. [67, 16] have also
published important results on eardrum and ear canal impedance and
reflectance measurements, as have Cirié et al. [15], who used a four-
microphone impedance tube coupled to the human ear canal to measure
the impedances the of ear canals. In addition, sound intensity and the
forward wave component of the sound pressure wave have been used to
estimate Pp [68]. These methods include separating the incident acoustic
intensity in the ear canal from the reflected intensity [69], or using
forward pressure level to avoid the effect of standing waves [70].

According to Hudde et al. [51], direct measurements of both the pressure
and the volume velocity at the ear canal entrance can be used to solve
the chain matrices (PI, Eq. 1; PIV, Eq. 3) of individual ear canals and
thereby also Pp. Particle velocity measurements at the ear canal entrance
could be applied to other methods to solve Pp than the energy-based

method presented in this thesis. For example, applying pressure-velocity
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measurements to the pressure-minima or the reflectance phase methods
[51] is an interesting task for the future.

The acoustics of the occluded ear canal has been studied mostly from
a hearing aid point of view [71, 72], albeit not all hearing aids occlude
the ear canal completely. The goal there is to calibrate the hearing aid
individually to achieve best possible correction for the hearing impaired.
In the design of insert headphones the goal is often to produce the best
possible overall perceptual quality of sound. Hence, knowing the acoustic
behavior of the occluded ear canal is very beneficial in the design of
inserts as well as in binaural reproduction with inserts. To mention a few
examples of studies by other scientist in the field, Voss et al. [73] published
results related to the ear-canal sound pressures generated by earphones
and Sankowsky-Rothe et al. [74] used a joint model of the source and the
individual ear to predict Pp in occluded human ears with an accuracy of
approximately +5 dB in the frequency range of 100 Hz — 10 kHz.

A detailed presentation of the energy-based estimation method used in
this thesis can be found in PIV, Section IIB. The method is based on the
assumption that the total acoustic energy density, which is the sum of the
kinetic energy density and potential energy density, is preserved in an
acoustic waveguide with constant A.
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Because of the relatively high impedance of the eardrum the particle
velocity is very small at close proximity to the eardrum, hence,
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which means that most of the energy density is concentrated on the
potential energy component. If pressure and particle velocity is measured
at the ear canal entrance with a pressure-velocity sensor [75], the
magnitude of the pressure can be estimated using Eq. (6) or (7) in
PIV. The applicability of the method to human ears with variable cross-
sectional areas was studied in PIV by comparing the estimation results to
measurements from the eardrum with a probe microphone.

Because the estimation method yields only the magnitude of the pres-
sure, the phases of the velocity and the pressure at the ear canal entrance
can be disregarded. This makes the method more robust than the
transmission line equations (Section 3.3.2), e.g.,, when the estimated
source parameters of an insert headphone are used to compute the

velocity at the ear canal entrance as in PIII.
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4. Binaural reproduction

The process of reproducing a binaural recording or simulated 3-D audio
through headphones is called binaural reproduction (BR). Hence, the term
binaural audio may be defined as being two-channel 3-D audio intended
for reproduction over headphones. However, binaural audio may be
reproduced over loudspeakers as well, but in most cases it is self-evident
that headphones are used when speaking of BR. The binaural sound to
be reproduced is obtained by recording or through binaural synthesis.
Binaural recordings are usually made using acoustic dummy heads that
have microphones in both ears or with microphones attached to the ears
of an actual human listener. In binaural synthesis a multi-channel audio

signal is processed so as to mimic a two-channel binaural recording.

4.1 Multichannel vs. binaural reproduction

There are several techniques for the creation of sound fields such that
the listener experiences being in a real 3-D sound environment. The goal
with spatial sound reproduction is most commonly to give the listener the
impression of being in the space and position where the recording of the
original sound was made. A straightforward approach to 3-D audio repro-
duction is to use multiple loudspeakers and pan the audio signals in to the
desired direction. A well-known example of multichannel reproduction
with multiple loudspeakers is the 5.1 surround sound system that can be
found in many home theaters [76]. The number of loudspeakers used in
multichannel reproduction can be anything from two upward. Therefore,
techniques, such as Ambisonics [77, 78, 79] and Directional Audio Coding
(DirAC) [80, 81] that allow reproduction of multichannel audio with an

arbitrary number of loudspeakers have been developed.
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Synthesizing a perceptually realistic 3-D soundscape using multichan-
nel audio and multiple loudspeakers is technically easier compared to a
single pair of speakers or a pair of headphones. One of the most important
goals of this research is to develop techniques that enable BR with the

same level of quality that is achieved with multiple loudspeaker systems.

4.2 Binaural synthesis

Binaural synthesis can be defined as the process where the audio to
be reproduced is processed in such a way that a 3-D soundscape is
generated when the sound is played back over headphones. If the binaural
audio signals are designed to be played back over loudspeakers, a more
descriptive term would be transaural synthesis [82, 83].

In binaural synthesis, the most straightforward technique to produce a
perceptually plausible virtual 3-D soundscape is to filter a multichannel
sound signal with appropriate HRTFs according to the nominal angle of
sound incidence of each channel. The filtered channels are then rendered
to two stereo channels for reproduction.

Recently Laitinen et al.[84], presented the technique to implement BR
for DirAC. In their method, a plausible spatial impression was achieved
by simulating virtual loudspeakers using HRTF's and head tracking.

HRTF filters for BR can be obtained through computational modeling
or real measurements with a dummy head or a human test subject as
described in Section 3. With measured HRTFs the alternatives are to use
blocked ear canal HRTF's or HRTFs measured at the eardrum. Depending
on the quality of the HRTF measurement, smoothing of the magnitude
response might be required before filter design [85].

A method commonly used in the design of HRTF filters is to decompose
the HRTF into a minimum-phase representation using the cepstrum
analysis and then model the phase, or the ITD, as a constant delay
[86, 87]. One method of estimating the ITD is to calculate the delay
corresponding to the maximum of the cross-correlation of the original left
and right ear HRIRs [88]. Frequency sampling finite impulse response
(FIR) filter design is one applicable method of constructing filters from
HRTF measurements [86, 89]. The order of the filter is determined by
windowing the measured HRIR with a desired window.

A comparison of FIR and infinite impulse response (IIR) filter design

methods was presented by Sandvad et al. [90]. The FIR filters were
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generated directly from measured HRIRs and the IIR filters using a
modified Yule-Walker algorithm. Listening tests showed that an FIR
of order 72, equivalent to a 1.5 ms impulse response, was capable of
retaining all of the desired localization information, whereas an IIR filter
of order 48 was needed for the same localization accuracy. Small order
filters can reduce computational load and thus be useful in binaural
reproduction with mobile audio devices [88].

If the angle between adjacent HRTFs measured is large and there-
fore a small number of HRTF filters are used in binaural synthesis,
smooth and continuous movement of sound sources cannot be achieved.
Interpolation of HRTF filters for obtaining new filters at intermediate
directions is then necessary [87]. Most of the previously reported methods
use the magnitude responses of minimum-phase reconstructed HRTF's
in the interpolation after which a new HRTF filter is designed from
the magnitude response obtained [91]. Linear [92], spline [93], or
triangular interpolation can be used to obtain an interpolated magnitude
response between the magnitude responses of two or several HRTFs. The
perceptual consequences of different HRTF interpolation methods in 3-D
sound reproduction have been studied by Wenzel et al. [92], Huopaniemi
et al. [94], and Runkle et al. [95].

4.3 Headphones in binaural reproduction

Having recorded or synthesized high-quality individual binaural audio for
reproduction does not guarantee the success of the reproduction. There
are several technical details to be accounted for in the actual reproduction
phase, namely, proper equalization of the headphones, the effects of
headphone positioning, and the overall characteristics of the headphones

used.

4.3.1 Headphone characteristics

The choice of headphone type is an essential task in BR since the quality
of the reproduction is affected by the acoustical coupling of the headphone
to the ear canal. A method for obtaining HpTFs for one headphone
type might not be applicable to others. Circumaural headphones, or full
size headphones, encompass the ears completely whereas supra-aural
headphones only cover the pinnae [96]. Circumaural and supra-aural

headphones may be designed with closed or open backs of the earcups.

21



Binaural reproduction

Open-back circumaural headphones are often preferred in BR using
blocked ear canal HRTF's, since they can have almost free-air equivalent
coupling to the ear (FEC). With FEC-type headphones, the pressure
division of the Thévenin pressure at the open ear canal entrance is not
affected by the headphone, i.e., the pressure division ratio (PDR) is close
to one [97, 98]. According to the results published by Mgller et al. [98],
headphones that are completely free from the ear are likely to have a
PDR close to unity in a large frequency range. The open-back circumaural
headphones tested could also be considered to have FEC properties within
a reasonable tolerance. However, headphones that are mounted closer or
inside the ear cannot be considered having FEC properties.

A major part of this thesis (PI, PIII, PVI) concentrates on reproduction
with headphones that are inserted to the ear canal and thus seal the
ear canal completely. This headphone type is called “insert headphones”
(inserts), “in-ear headphones”, “in-ear phones” [99], and “in-ear monitors”.
In reproduction with inserts, the occlusion of the ear canal results in a
good bass response due to the pressure chamber effect [96, 99] and it
allows low sound levels to be used because of increased background noise
attenuation. As a result, the sound quality of inserts can be relatively

good even in the more affordable models.

4.3.2 Equalization of headphones

In order to achieve high perceptual plausibility, the headphones used in
BR must be calibrated, i.e., equalized individually [26, 100, 101]. With
appropriate individual HpTFs available, the headphones are equalized
using the HpTF's as filters to produce a flat frequency response at the
eardrum. The filtering process is similar to the HRTF filtering described
in Section 4.2. In other words, the binaural signal is filtered with the
HpTF filters. Consequently, an audio signal having a flat spectrum will
produce a flat frequency response at the eardrum after the HpTF filtering
and playback through the headphones in question.

If blocked ear canal HRTFs and HpTF's are used, the ear canal responses
are not included, but their filtering effects are naturally added in sound
reproduction through headphones, assuming the headphones used have
FEC as described above. Hence, with blocked HRTFs and HpTFs the
headphones are equalized with the blocked ear canal entrance as the point
of reference instead of the eardrum. If the headphones used in BR do not

have completely FEC and blocked ear canal HRTFs are used, measured
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PDR of the headphone can be used to compensate for the errors caused by

the headphone’s coupling to the ear [98, 102].

4.3.3 Effect of headphone positioning

Especially at frequencies above 4 kHz, the HpTF's are very much depen-
dent on the positioning of the headphone and even a small displacement of
the headphone after equalization causes errors in the frequency response
at the eardrum [100, 46]. According to Wightman et al. [103] and Pralong
et al. [26], these errors can be significant even at 200 Hz and above.
However, recent studies indicate that the standard deviation of the HpTF's
are significant generally only above 8 kHz — 9 kHz [104, 105], which is
consistent with the results in this thesis (PV, Section 2.1). The errors
are caused mainly by the movement of sharp dips in the HpTFs, which
means that frequency smoothing can be used to remove a portion of these
errors. In addition, the type of headphone used has a strong influence on
the magnitudes of the errors.

Martin et al. [106] have studied the effect of headphone positioning on
localization accuracy by using individual equalization based on a single
HpTF measurement. The results suggested that headphone positioning
has only a small influence on localization accuracy. Their test subjects
were able to localize virtual sound sources accurately with eight different
consecutive headphone placements. Hence, even though the changing
of headphone position also changes the position of sharp dips in the
frequency response, these changes do not seem to deteriorate the ability

to localize virtual sound sources.

4.4 Perceptual aspects

If a binaural recording or synthesized binaural signal is reproduced over
headphones so that the time-domain pressure signals at the eardrums are
exactly the same as they would have been in the location in space where
the original recording was made, all spectral attributes as well as binaural
cues would also be identical. In BR it is often difficult to verify that the
eardrum signals are exactly what they are expected to be, in which case
the evaluation needs to be made using listening tests, as in this thesis
(PV and PVI). In binaural reproduction-related research, listening test
are commonly used to study aspects related to overall quality, timbre and

localization [107].
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Timbre is a very important attribute in audio reproduction, closely
related to the magnitude frequency response at the eardrum. Timbre
can be defined as the attribute of an auditory event that can help the
listener to differentiate two sound events with similar pitch and loudness
[108]. In BR the goal is to produce the same frequency response at the
eardrum of the listener as the original sound source, and failure to do so
causes a perception of timbral coloration. In binaural synthesis, the use of
HRTF filters is reported to be a source of timbral coloration. A method of
reducing these artifacts without losing accuracy in localization has been
presented by Merimaa et al. [109, 25]. In this thesis, the differences
in the magnitude frequency responses of different HRTF filters and the
effect of these differences on perceived timbral coloration is discussed in
PV. Smoothed frequency responses, i.e., frequency resolutions similar to
that of the auditory system, are used, which means that very narrow dips
in the frequency responses are smoothed out [110].

It has been shown that similar localization performance with binaurally
reproduced virtual sources can be achieved as with real sources [111,
112, 106]. There are numerous unanswered questions related to sound
source localization, however, and the subject has been studied by several
scientists. These reports are related to, e.g., multichannel reproduction
[118, 114, 115], to localization of several sound sources [19, 116], and to
the necessity to use individual HRTFs and HpTFs in BR[112, 27, 106, 45].
In PVI, the effect of the magnitude frequency response at the eardrum on
localization is studied as it has been reported that erroneous frequency
responses at the eardrum may produce errors in localization [117, 26]. As
suggested by Griesinger [44], the spectral maps used for localization are
learned over time and cannot be adapted in a short period of time. This
would mean that for accurate localization of sound sources the timbre
must be correct.

In natural circumstances people use head movement to achieve more
accurate sound source localization. It has been shown that using head
tracking in BR reduces significantly front-back and back-front confusion
and increases the probability of externalization of auditory events [118,
84].
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5. Summaries and most important
results of the publications

The peer-reviewed international journal and conference articles included
in this thesis are presented separately in this section. First, a brief

overview of the backgrounds of the publications is given.

5.1 Timeline and backgrounds of the publications

The first article, PI, was published in the Journal of the Audio Engineering
Society (Vol. 58, No. 4) in April 2010. A preliminary version of the study
[119] was published at the 126th Convention of the Audio Engineering
Society in Munich, Germany, in May 2009, where it was awarded the
Student Technical Papers Award. The research leading to the publication
was a continuum to the Master’s Thesis of the present author. The
studies were carried out between May 2008 and November 2009 under
the supervision of the late prof. Matti Karjalainen (+ May 30th 2010).

PII was presented at the IEEE Workshop on Applications of Signal
Processing to Audio and Acoustics in New Paltz, NY, in October 2009.
Inspired by a talk by Dr. David Griesinger, it was Dr. Ville Pulkki who
came up with the idea to use a miniature pressure-velocity sensor for
measurements at the ear canal entrance. The research project started
under the supervision of Dr. Pulkki in February 2009 and its first results
are presented in this publication.

PIII was presented at the IEEE International Conference on Acoustics,
Speech and Signal Processing in Prague, Czech Republic, in May 2011.
The research, which builds on PI, was carried out in the fall of 2010.

PIV was published in the Journal of the Acoustical Society of America
in May 2012. The topic of the article had been discussed earlier in a paper
presented at the 6th Forum Acusticum in Aalborg, Denmark, in June 2011

[120]. The research that led to these result is a continuum to PII.

25
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While the four aforementioned publications focus on measurements and
modeling, PV is the first of two publications in this thesis that include
results from listening tests. The article was presented at the AES 45t
international conference in Helsinki, Finland, March 2012. The research,
which was built on measurements made in PIV, was performed between
May and October 2011.

PVI was presented at the AES 13224 Convention, Budapest, Hungary,
in April 2012. Listening test results are presented as verification of the
methods discussed in PIII. The research was carried out during the fall of
2011.

5.2 Publication I: Modeling of external ear acoustics for insert
headphone usage

This publication focuses on the effects of the length of the ear canal
and the eardrum impedance on sound pressure at the eardrum and
at the ear canal entrance during insert headphone listening. Special
ear canal simulators with adjustable length and eardrum impedance
as well as an acoustical dummy head and insert headphones with in-
ear microphones were custom-made for this study. Standard ear canal
simulators or dummy heads were not suited for the purposes of this
study. Measurements were carried out both with open ear canals and ear
canals occluded with insert headphones. Eardrum measurements were
made using the simulators and the dummy head only, whereas human
subjects could be used for the measurements at the ear canal entrance.
Computational modeling was applied to the ear canal simulator with rigid

termination only using a termination impedance of 200 MQ.
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Figure 5.1. Modeled and measured frequency responses at the rigid eardrum and at the
entrance of an ear canal simulator evoked by an insert headphone. Canal
length: 26 mm, canal diameter: 8.5 mm, termination impedance: 200 M.
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Summaries and most important results of the publications

One important result of this study is the successful estimation of the
Thévenin electroacoustic source model for one of the insert earphones
used in the measurements. The Thévenin source model enables the
modeling of the pressure at the entrance and at the eardrum of the
ear canal simulator when an earphone is attached to the simulator, as
depicted in Fig. 5.1. It could also be confirmed that both the length of
the ear canal and the impedance of the eardrum can be more important
factors in the formation of the frequency response measured at the
eardrum, than the shape and size of the pinna (in free-field conditions).

The figures in PI that contain results from measurements and modeling
are presented in color and larger size in the appendix after the actual
publication in this thesis in order to facilitate the interpretation of the

results.

The main results of PI can be summarized as follows:

e Computational modeling with transmission line equations of an ear
canal simulator with constant cross-sectional area and rigid termination

in free-field is accurate up to the highest audible frequencies.

e Estimation of an insert headphone as a Thévenin equivalent electroa-
coustic pressure source can be accomplished using pressure measure-

ments and several long open tubes with different cross sectional areas.

e Computational modeling of the pressure at the eardrum and at the
entrance of an ear canal simulator using the Thévenin source model
of the insert headphone and transmission line equations is accurate up

to the highest audible frequencies.

5.3 Publication IlI: Estimating pressure at eardrum with
pressure-velocity measurement from ear canal entrance

The sound pressure signal at the eardrum is of great interest in binaural
reproduction and in audiological applications. Direct measurement from
the eardrum is unreliable and involves risk to the health of the test
subject. In this study, both sound pressure and particle velocity are
measured at the ear canal entrance of an ear canal simulator and a
dummy head using a miniature-sized PU sensor. The magnitudes of the
pressures at the eardrums are estimated from these measurements using

transmission line equations (with and without phase information) and a
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novel energy based method that does not require the length or the cross-
sectional diameter of the ear canal as parameters.

The method is validated first by using a computational model of an ear
canal simulator with constant cross sectional area and a rigid termination
impedance of approximately 200 M(2. Real measurements with the ear
canal simulator and a dummy head also showed that the estimation was

accurate, as depicted in, e.g., Fig. 5.2. No human test subjects were
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Figure 5.2. Measured and estimated pressure frequency responses at the damped
eardrum of a dummy head with canal length of 25 mm in free-field conditions.
The estimations are based on real measurements together with transmission
line modeling as well as the new energy-based estimation method (Eq. (4)
and Eq. (5) respectively). (azimuth 90°, elevation 0°)

Main results:

e The pressure at the eardrum of an ear canal simulator and a dummy
head can be estimated using a pressure-velocity measurement at the

entrance of the ear canal.
e The method is applicable both for damped and rigid eardrums.

e Both transmission line equations and a novel energy-based approach

yield accurate results up to approximately 16 kHz.

e The energy-based estimation technique can be used without informa-

tion of the length and cross sectional area of the ear canal.
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5.4 Publication lll: Estimating pressure and volume velocity in the
ear canal for insert headphones

The HpTFs of insert headphones when worn by human subjects are
extremely difficult to measure. Therefore, no individual equalization
method for insert headphones is commonly known.

In this study, a method that enables the determination of both the
pressure and the volume velocity evoked by an insert earphone in the
human ear canal is developed. The method, which is partially based on
the most important findings in PI and PII, can be used to accurately
estimate the pressure frequency response at the eardrum of human
subjects. An insert earphone equipped with an in-ear microphone is
modeled as a Norton equivalent electroacoustic volume velocity source
using five resistive load tubes. A custom-made new miniature acoustical
particle velocity sensor is used in the estimation of the Norton equivalent
velocity source parameters. For the estimation, the velocity responses of
the headphone inside five tubes with different diameters were measured
at a distance of approximately 7 mm from the headphone. This position
mismatch was removed by taking the minimum phase versions of the
impulse responses obtained.

The success of the estimation is verified through probe microphone
measurements at the eardrums of the test subjects as well as through
pressure and particle velocity measurements in ear canal simulators
with different ear canal lengths. The measurements verify that the
estimation method presented can be accurate at frequencies up to and
well above 10 kHz for human subjects, as shown in Fig. 5.3 and Figures
4.1 — 4.5 in the appendix after the actual publication in this thesis. The
method can be applied to binaural reproduction as well as to audiological

measurements.
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Figure 5.3. Measured and estimated pressure Py at a point close to the eardrum of one
test subject; measured pressure P. and estimated volume velocity Q. at the
entrance of the ear canal.
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The main results of this publication:

e A Norton type electroacoustic volume velocity source model of an insert
headphone can be estimated using particle velocity measurements and

long open-end tubes with different cross sectional areas.

e The Norton source model and pressure measurement with the in-ear
microphones of the insert headphones at the ear canal entrance can be

used to estimate volume velocity at the ear canal entrance.

e Energy-based estimation of the pressure at the eardrum yields accurate

results for ear canal simulators and human test subjects.

5.5 Publication IV: Estimating head-related transfer functions of
human subjects from pressure-velocity measurements

The most commonly used method of measuring individual human HRTF's
is that in which the ear canal is blocked with an earplug and the
frequency responses are measured in front of the earplug. This paper
presents a method that allows obtaining individually correct magnitude
frequency responses of HRTFs at the eardrum using pressure-velocity
measurements at the ear canal entrance with a miniature PU sensor.

The HRTFs of 25 test subjects with nine directions of sound incidence
were estimated using real anechoic measurements and an energy-based
estimation method. To validate the approach, measurements were also
conducted with probe microphones near the eardrums as well as with
microphones at the blocked ear canal entrances.

The comparisons between the measurements made at the eardrum,
with blocked ear canals, and with the PU sensor proved that the method
presented is a valid and reliable technique for obtaining magnitude
frequency responses of HRTFs (and HpTFs) as can be seen from Fig. 5.4.
In addition, the HRTF filters designed using the PU measurements
deviated less from the reference than the filters designed using blocked
ear canal measurements.

HRTFs and HpTFs with the eardrum as point of reference are applicable
to all types of headphones, not only FEC type of headphones. The method
presented is an accurate and straightforward technique that does not
require knowledge of the length or the area function of the ear canal. It

can be used to obtain the magnitudes of the HRTF's at the eardrum with
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good accuracy for frequencies at least up to 10 kHz. One of the greatest
advantages of the method is that the HRTFs can be obtained without

having to introduce a probe microphone at the eardrum.
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Figure 5.4. Measured and estimated pressure, Pp, at the right eardrum of one subject;
measured pressure Pr and velocity Ur at the open ear canal entrance.
Direction of sound incidence is azimuth 0°, elevation 0°.

The main results are as follows:

e HRTF’s at the eardrums of human subjects can be estimated from

measurements with the PU probe at the ear canal entrance.

e The method is applicable to ear canals with non-uniform cross-sectional

area and a compliant eardrum.

e The magnitudes of the frequency responses of the HRTF filters designed
using the PU-measurements are more correct than those designed using

blocked ear canal HRTF measurements.
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5.6 Publication V: Audibility of coloration artifacts in HRTF filter
designs

The amount of coloration introduced by HRTF filters in binaural synthesis
was studied in this work through perceptual evaluation. The goal was
to study the differences between HRTF filter design methods using
1) measurements at the blocked ear canal entrance and 2) pressure-
velocity measurements at the open ear canal entrance. Both individual
and non-individual HRTFs and HpTFs were used in the listening test.
Filters designed using individual probe microphone measurements at the
eardrum were used as reference.

The differences in the amount of perceived coloration were signifi-
cant. The method using pressure-velocity measurements at the open ear
canal entrance and the energy-based estimation technique caused least
coloration while the most coloration was caused by the methods using
non-individual blocked ear canal measurements. Non-individual HRTFs
combined with individual or non-individual HpTFs were found as most
colored.

The results show that the least amount of coloration in binaural
synthesis is obtained when individual HRTFs and HpTFs with the

eardrum as point of reference are used in the design of HRTF filters.

The main results of this publication are:

e HRTF filter design using the energy-based individual HRTF estimation
method causes less coloration than methods utilizing individual or non-

individual blocked ear canal measurements.

e Individual headphone equalization does not reduce the amount of

coloration if non-individual HRTF's are used in the reproduction.
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5.7 Publication VI: Localization in Binaural Reproduction with
Insert Headphones

Individual equalization of the headphones used in binaural reproduction
is essential. The suitability of insert headphones for binaural reproduc-
tion after individual equalization using the method presented in PIII was
studied. The ability of 14 test subjects to localize virtual sound sources as
well as externalization in binaural listening with insert headphones and
high-quality circumaural headphones was evaluated through a listening
test. The samples used were bursts of pink noise recorded individually
with microphones at the eardrum and at the blocked ear canal entrance
in an anechoic chamber. The samples were reproduced with and without
proper headphone equalization.

The overall performance regarding externalization and the likelihood
of front-back confusion using the different methods of equalization were
almost similar. Significant differences were found in the accuracy of
the elevation perception, as depicted in Fig. 5.5. Hence, individual
equalization of insert headphones proved to improve performance in the

localization task.
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Figure 5.5. Marginal means and 95 % confidence intervals of the different methods in
terms of accuracy of elevation perception. From left to right: Equalized and
unequalized inserts; equalized and unequalized circumaural headphones.

The main results of this publication:

e Equalization of insert headphones using the Norton equivalent veloc-
ity source model and the energy-based eardrum pressure estimation

method facilitates accurate localization of virtual sound sources.

e No significant difference in the accuracy of localization and the like-
lihood of externalization is found between equalized inserts and high-

quality circumaural headphones.
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6. Overview of the research, summary
of methods, future directions and
conclusions

To give the reader a clearer overall picture of the results reported in this
thesis, the two main paths of the research are presented separately. First,
the findings related to measurements and estimation of HRTFs in general
are discussed. In the second section the research leading to the new
findings in binaural reproduction with insert headphones is presented as
a complete entity. Finally, future directions are discussed and conclusions

are drawn.

6.1 New approach to HRTF measurements

The goal of the research was to find a solution for measuring HRTF's
with the eardrum as the point of reference without the need to resort
to probe or probe tube microphones. It was suggested that the task
could be accomplished through measurements with the Microflown PU
sensor, which is a relatively new device able to measure acoustical particle
velocity by utilizing hot-wire anemometer technology [75].

The idea was first tested using a standard Microflown PU sensor and
an ear canal simulator with constant cross-sectional area as depicted
in Fig. 6.1. After careful analysis of the pressure and velocity signals
measured the conclusion was that computation of the energy density at
the entrance of the simulator could be used to estimate the magnitude of
the pressure at the eardrum of the simulator. The idea is based on the
assumption that very close to the eardrum, most of the sound energy is
concentrated on the pressure component due to the high impedance of the
eardrum.

Since the structure of the standard version of the PU probe is such that
it cannot be used for measurements inside a human ear canal, two custom

made probes were designed in cooperation with Microflown technologies
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Figure 6.1. On the left: a standard Microflown PU probe and the custom-made ear canal
simulator. On the right: a custom-made Microflown PU probe.

(Fig. 6.1). The probes were equipped with a mesh that protects the very
thin platinum wires from breakage from contact with hair.

Measurements with 25 human subjects were carried out in order to test
whether the method was applicable to human ear canals, the length and
cross-sectional area of which were unknown.

The estimated pressures at the eardrums of the simulators as well as
at the eardrums of human subjects were compared to actual microphone
measurements at the eardrums. In addition, the results were verified
through a listening test where the audibility of coloration caused by
different HRTF filter design methods were investigated. The HRTF filter
design methods tested applied pressure measurements at the eardrum
and the blocked ear canal entrance as well as pressure-velocity measure-
ments at the open ear canal entrance.

The comparisons between the eardrum measurements and the estima-
tions showed that the magnitude of the pressure at the eardrum of an
ear canal simulator, a dummy head, and human test subjects can be
estimated using a pressure-velocity measurement at the entrance of the
ear canal. The method also works with various eardrum impedances and
non-uniform cross-sectional ear canal areas and not only with completely
rigid eardrums and straight ear canals. The eardrum pressure can be
estimated using the transmission line equations, too, but the energy-
based estimation is applicable without accurate information on the length
and cross sectional area of the ear canal.

The magnitudes of the HRTF filters designed using the PU measure-
ments are closer to those designed from eardrum probe measurements
than the ones designed using blocked ear canal HRTF measurements.
The listening test confirmed the findings as the filters designed using the
energy-based estimation caused less coloration than the method utilizing
blocked ear canal measurements. Part of these findings can be explained
with the fact that the open-back circumaural headphones used in the

study do not have completely free-air equivalent coupling to the ear.
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Figure 6.2. Insert headphones used in the research. On the left is the Philips SHN2500
(INS;) and on the right the Nokia HS-86 (INSg).

Regarding HRTF filter design, the approach presented proved to be at
least as effective as the traditional blocked ear canal method.

The new method of measuring HRTFs and HpTF's presented in this the-
sis is a safe and reliable alternative to probe microphone measurements
of pressure at the eardrum. The price of the PU sensor is currently sig-
nificantly higher than the price of a single pressure transducer. However,
since the manufacturing costs of a velocity transducer are even smaller
than those of pressure transducers the situation will probably change if

the technique is taken into wider use.

6.2 Individual equalization of insert headphones for binaural
reproduction

Even though insert headphones are becoming more and more popular,
they have not been commonly used in binaural reproduction, where
circumaural headphones are more popular instead. In this section, a
brief summary of the research related to insert headphone equalization
for binaural reproduction is presented.

The first insert headphones used in the research were Philips SHN2500
PI (INS;) and the second inserts were Nokia HS-86 headphones (INSy)
(PIII, PVI). Knowles FB-series miniature microphones were added in
front of the transducer gates of the inserts as depicted in Fig. 6.2. The
positioning of the in-ear microphones was improved in INSy for better
usability with human test subjects. Pressure frequency responses inside
the ear canal of simulators and human test subjects were measured with
the in-ear microphones.

One! Thévenin electroacoustic source model of INS; was estimated by
measuring the pressure signals evoked by the headphone inside five tubes
with various diameters and solving the source parameters using Eq. (3)

in PI. The pressures were measured with a separate probe microphone.

LOnly the left earphone of INS; was modeled.
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INS; was modeled as two Norton equivalent velocity sources by first
measuring the acoustic particle velocities evoked by the headphones
inside the above-mentioned tubes and then solving the source parameters
using Eq. (3) in PIII. One of the new PU probes presented in PIV was
used in the measurements.

Using INS; it was possible to compute the pressure at the eardrum
of an ear canal simulator with rigid termination and constant cross-
sectional area. Pressure measurement at the ear canal entrance and the
transmission line equations were used in the computation, which means
that the length and diameter of the simulator were used as variables
in the computation. Pressure measurements at the eardrum of the
simulators were used to validate the results. Estimating the pressure
at the eardrum evoked by an insert headphone, i.e., the HpTFs of the
insert headphones, is more complicated with human subjects than with a
simulator due to the unknown length and cross-sectional area of the ear
canal. Nevertheless, the estimation was successful with INSy by using the
energy-based estimation technique presented first in PII. The validation
of the results were made by comparing the estimated frequency responses
to those measured with a probe microphone at the eardrums of the test
subjects.

The success of the HpTF estimation was also tested with a localization
listening test where INSy was equalized individually for each test subject.
The equalization improved significantly the ability of the test subjects
to localize virtual sound sources to a level as good as when high-quality
circumaural headphones were used.

The results presented in this thesis are useful in the design of inserts
and hearing aids. In addition, this thesis presents a method that enables
individual in-situ equalization of inserts for binaural reproduction. The
methods can also be used to study the noise exposure in music playback

over insert headphones [121].

6.3 Summary of methods

A number of different measuring and modeling techniques have been
implemented in the publications in this thesis. In this section, these
techniques are revisited briefly. More detailed descriptions of the methods

are presented in the publications.
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Figure 6.3. Upper part: A schematic illustration of an insert headphone connected to a
tube load of infinite length L. The impedance to the right from the connection
point is Zw and the impedance to the left is Zs. Lower part: A circuit
model of the same situation. The pressure impulse response at the point of
measurement, which is 7 mm from the connection point, is Py = Pg + 6t,
where 6t is the time delay caused by this 7 mm distance and Py is the
response at the connection point.

6.3.1 Estimation of Thévenin and Norton source parameters

The estimation of the Thévenin and Norton source parameters of the
insert headphones presented in PI and PIII is accomplished by using 3-
meter long open-end pneumatic tubes with diameters of 5, 6, 7, 8, and
10 mm. The inserts are rigidly connected to these tubes by gluing the
interchangeable rubber caps of different sizes to the front ends of the
tubes. The inner diameter of the interchangeable rubber caps, i.e., the
tube that connects the transducer port and the load tubes, is 6 mm in
all cases. The earphones are then put to place for the measurements by
connecting them to the rubber caps and sealing possible leaks between
the rubber caps and the earphones with blu-tack. Hence, the impedance
towards the source, as seen at the connection point, remains constant with
each of the tubes, which would not necessarily be the case if a compressed
flexible seal were used in the connection point. In the study by, e.g., Huang
et al. [122] such a flexible seal was used, which changed the impedance at
the connection point when using tubes with different diameters because:
“the seal is less compressed because it fills a larger diameter”.

Another significant difference to be noted is that the method commonly
found in literature includes short closed-end tubes with rigid termina-
tions. In the present method, the back reflection from the open end of the
tubes is removed by temporal windowing of the impulse response obtained
with the miniature microphone (or the PU probe in PIII). Hence, the
windowing removes the effects of standing waves in the tubes.

The point of measurement is 7 mm away from the insert headphone

in order to avoid near-field effects. At this distance a forward traveling
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plane wave has already been formed. Having the point of measurement
not exactly at the transducer port does not mean that the short part of
the tube between the point of measurement and the headphone should
be considered to be a part of the source impedance Zg. The measured
impulse response Py (in Figure 6.3) represents perfectly the impulse
response Pg at the connection point in the theoretical situation that all
near-field effects were removed. The only difference is that a small delay
has been added to Pg. This delay is removed by using minimum phase
representations of the obtained impulse responses in the calculations
of the source parameters. Hence, in the estimation of the Thévenin
or Norton source parameters the impedance of the load is in each case
Zw = pc/A and the impedance of the source Zg remains constant.

In PIII the impulse responses at the entrances of the tubes were mea-
sured with a miniature particle velocity sensor instead of a microphone
to estimate the Norton source parameters of the inserts. This approach
is supported by Hudde et al. [51], who stated: "the volume velocity qq is
more appropriate than the corresponding pressure because the earphones
behave more like ideal velocity sources than ideal pressure sources.”

The accuracy of the Thévenin and the Norton parameters (PI, PII, and
PIII) were verified, just as in, e.g., [122] by using short closed-end tubes

with known theoretical impedance.

6.3.2 Ear canal simulators

It is customary to use standard ear simulators or couplers in studies
related to the behavior of headphones. In the research presented
in PI, PII, and PIII a custom-made ear canal simulator was used
instead. One motivation here was that the acoustical characteristics
(and impedance) of the simulator with constant cross sectional area and
rigid termination could easily be modeled computationally and thereby
be used for the validation of the Thévenin and Norton parameters as
described above. In addition, the simulator was specifically designed
for the custom made inserts with in-ear microphones used in PI and
PIII. The goal was to study the effect of the length of the ear canal
and the impedance of the termination of the ear canal simulator on the
frequency responses measured with the in-ear microphones of the inserts
as well as with the eardrum microphone of the simulator. The adjustable

impedance of the artificial eardrum was used to find a match between
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the frequency responses measured with the in-ear microphones at the ear

canal entrances of human test subjects and the simulator.

6.3.3 Estimation vs. computational modeling

In the publications, purely computational modeling, not including mea-
sured data, was applied to the simulator with constant cross sectional
area and rigid termination only. Computational modeling of individual
human ear canals is best accomplished using, e.g., FEM or BEM modeling
as discussed in Section 3.3.

In the energy-based estimation method presented first in PII, measured
pressure as well as estimated (PIII) or measured (PII) particle velocity
at the ear canal entrance is used to obtain the magnitude of the pres-
sure frequency response at the eardrum. Again, purely computational
modeling, to verify the estimation equation, was applied to the simulator
with constant cross sectional area and rigid termination only. Hence, it
is important to distinguish between pure computational modeling and
the estimation methods that use measured data with, e.g., human test

subjects.

6.3.4 Obtaining velocity at the ear canal entrance

When the particle velocity is measured at the open ear canal entrance,
information of the cross sectional area and the length of the ear canal are
not used as parameters in the energy-based estimation method presented
in this thesis. However, when the particle or volume velocity in front of an
insert headphone is estimated using pressure measurements with in-ear
microphones of the inserts, an individual estimation of the cross-sectional
area of the ear canal is needed. E.g., in PIII, the wave impedances
(Zw =pc/A) of the individual ear canals were computed individually by
using estimates of the cross-sectional areas (A) of the ear canals close to
the ear canal entrance. As reported in PIV, the varying cross-sectional
area of a human ear canal and the impedance of the human eardrum do
have an effect on the accuracy of the energy-based estimation method, but
when compared to probe microphone measurements from the eardrum,

the method yields accurate results at least up to 10 kHz.

41



Overview of the research, summary of methods, future directions and conclusions

6.3.5 High-frequency correction in probe microphone
measurements

In PIII and PIV a high-frequency correction was performed for the probe
microphone measurements from positions close to the eardrum of human
test subjects. This technique is presented in more detail in Section
IVA in PIV. The main principle, however, is that an estimate of the
effective distance between the eardrum and the probe microphone is
made first, after which its effect on the frequency response is cancelled
out. This cancellation is achieved by making an approximation of
the transfer function from the point of measurement to the eardrum
using a simple transmission line model consisting of an average ear
canal diameter and a simple eardrum model. The closer the probe
microphone is to the eardrum, the smaller the effect is on the overall
frequency response. For most test subjects, the high-frequency correction
is needed at frequencies above 10 kHz only. Hence, the probe microphone
measurements presented are uncorrected for most test subjects up to at
least 8 kHz.

However, the correction does not have any effect on the HRTF filters
designed using the measurements, since both the HRTFs and the HpTF's
used in the individual filter designs undergo the same high-frequency
correction. The effect of the correction is canceled out it the computation

of the magnitude response of the HRTF filter.

6.4 Future directions

Further analysis of the estimation methods presented in this study is
needed. Combining PU measurements and estimates of the area function
of the ear canal would most likely yield interesting results.

The PU probes used in the research are small enough to fit into the ear
canal of most human subjects. However, smaller PU probes than the ones
presented here could be used, e.g., to measure the impedance of the ear
canals of small children. Smaller and further developed probes might also
be easier to use for ear measurements in general. A thorough assessment
of the effect of the PU probe in the canal on the frequency response at the
eardrum would also be valuable. According to Blau et al. [123] there can
be effects even at frequencies below 6 kHz with obstacles of approximately

the same size as the PU probe.
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In the research related to timbral aspects in HRTF filter design,
the studies presented in this thesis should be expanded to include
all directions and a larger variety of samples. In addition, using a
larger selection of different headphone types, such as headphones with
completely FEC characteristics and headphones that are connected closer
to the ear, would give valuable information of the usability of the present
energy-based estimation method.

A more profound understanding of the sound quality and the usability
of inserts in high-fidelity binaural reproduction is called for. To design
a reliable listening test for the analysis of timbral aspects in music
reproduction with inserts would be of great interest. Such a listening
test would be applicable for further verification of the calibration method
presented in this thesis. In addition, a localization test including proper
visual cues would probably yield results with smaller errors in elevation
and azimuth and increase the likelihood of externalization. Furthermore,
using HRTF filters and binaural synthesis instead of binaural recordings,
as in PVI, would improve sound quality and thus create a more immersive
audiovisual environment.

Many reports that utilize BEM modeling of HRTF's have already been
published, but there are still new areas in that field to be covered.
Accurate models that include the torsi, the heads as well as the complete
external ears of real human subjects would be useful. With the complete
ear canal included in the model, thorough investigations of the acoustical
behavior of circumaural and insert headphones become possible.

Furthermore, an interesting topic would be to make dummy head mod-
els of actual human subjects and use them for binaural recording in order

to study the benefits of individual recordings in binaural reproduction.

6.5 Conclusions

This thesis presents significant new research results in the field of
reproduction of 3-D audio over headphones. Firstly, a new method of
obtaining individual filters needed for 3-D sound synthesis is revealed.
Secondly, a new method that allows insert headphones to be individually
equalized in-situ for binaural reproduction is presented.

According to the results presented in this thesis, individual magnitudes
of HRTFs and HpTF's of humans with the eardrum as point of reference

can be estimated from measurements made at the ear canal entrance
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using a pressure-velocity sensor. The measurements and a new energy-
based estimation method yield the magnitude frequency responses at the
eardrums. HRTF filters designed using the estimates are suitable for
binaural reproduction using headphones that do not have FEC properties,
e.g., insert headphones.

It is also shown that by using the methods presented in this thesis insert
headphones can be equalized individually for each user, e.g., to obtain
realistic 3-D audio reproduction. After the equalization, insert head-
phones can perform equally well as high-quality circumaural headphones

in binaural reproduction.

44



Errata

Publication lll

Section 2.2: In the analogue model of the ear used in the study by
Hammershgi and Mgller (ref. 6) the ear canal is presented as a two-port

but not as a transmission line.

Publication IV

Section II A: In the analogue model of the ear used in the study by
Hammershgi and Mgller (ref. 2) the ear canal is presented as a two-port
but not as a transmission line.

Section III C: The Sennheiser HD 590 headphones were not included in
the study by Mgller et al. (ref. 5).
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