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kenttäolosuhteissa. Kenttätesti suoritettiin käyttäjän normaaleissa arkiympäristöissä.
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VI Miikka Tikander, Aki Härmä, and Matti Karjalainen, ”Binaural positioning

system for wearable augmented reality audio”, in Proceedings of the IEEE



14

Workshop on Applications of Signal Processing to Audio and Acoustics

(WASPAA’03), New Paltz, New York, USA, October 2003.



15

Author’s contribution

Publication I: ”Modeling of external ear acoustics for insert head-

phone usage”

Author contributed to writing the literature review and the introduction, and also

to constructing the measurement devices. Furthermore, the present author took

part in the data analysis of the measurement and modeling results.

Publication II: ”An augmented reality audio headset”

The early design process for the headset and the mixer, as well as the plan for the

usability experiment, was done in collaboration with all of the authors. The mixer,

presented in the paper, was further designed and constructed by the third author,

Conduction of the usability test, data analysis and writing of the paper was done

by the author of this thesis.

Publication III: ”Usability issues in listening to natural sounds with

an augmented reality audio headset”

The present author designed and conducted the experiment by himself. Data anal-

ysis and writing of the manuscript was performed by the present author, as well.

Publication IV: ”Sound quality of an augmented reality audio

headset”

The author of this thesis designed, implemented and conducted the listening test.

The data analysis and the writing of the article was done by the present author, as

well.



16

Publication V: ”Head-tracking and subject positioning using bin-

aural headset microphones and common modulation anchor sources”

The present author contributed to writing the chapter on position and orientation

estimation. All the laboratory measurements were performed together with the first

and the present author. Implementation and data analysis was performed by the

first author.

Publication VI: ”Binaural positioning system for wearable aug-

mented reality audio”

The original idea of the method, introduced in the paper, came from the third

author. The present author implemented the algorithm, performed the laboratory

tests and analyzed the data. Manuscript was mainly written by the present author

with some contribution from other authors.



17

List of Abbreviations and Symbols

AR Augmented Reality

ARA Augmented Reality Audio

CIC Completely in Canal (hearing aid)

DOF Degrees Of Freedom

FPGA Field Programmable Gate Array

GPS Global Positioning System

HMD Head Mounted Display

HRTF Head Related Transfer Function

IA Interaural Attenuation

MARA Mobile Augmented Reality Audio

RFID Radio Frequency Identificatino

TDOA Time Delay of Arrival

UWB Ultra Wide Band

WARA Wearable Augmented Reality Audio

WLAN Wireless Local Area Network



18

1 INTRODUCTION

In this day and age, many people carry digital appliances with them continuously.

Mobile phones are no longer just telephones but access terminals for all kinds of

information channels. One can set up a meeting with multiple people even if each

participant is located at some di!erent geographical location. Many of the devices,

such as cameras, music players, mobile phones, laptops, etc., have wireless network

capabilities and can be connected to a network when in range. This enables various

application scenarios for enriching currently existing services. For example, while at

the movies an individual can check with their mobile terminal whether the cafeteria

next to the movie theater is open or not.

Thanks to the wide use of GPS-enabled mobile devices, location-aware applications

are gaining popularity among users. Information can be automatically provided

to a user based on his/her location. For example, when entering a cafeteria, a

user could automatically receive the menu of the day on their mobile terminal.

However, the above scenario still requires that the user maps the information to

their local environment. Currently, this kind of information is given merely based

on physical location data, and thus the service is not aware of the user’s current

focus of attention, unless specifically given. If the user’s head orientation could be

estimated then information could be processed and presented more relevantly.

One large application area exploiting user position and orientation data is augmented

reality (AR) where the user’s environment is enriched with virtual objects, such as

sounds and images [4, 5]. In AR the user perceives the natural surroundings just

as they are, but with the use of special hardware, virtual objects are placed in

the user’s natural environment. To provide visual augmentation, see-through video

display glasses are required. Likewise, to enrich the audio environment a special

headset is needed. At one extreme, an augmented reality system could be designed
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so that the user cannot separate virtual objects from the natural surroundings,

whereas at the other extreme virtual objects could be intentionally made to stand

out. For example, a user in a cafeteria scanning free tables next to the window could

be given information about table reservations regarding each table. Depending upon

which table the user is looking at, reservation data could be presented as a spoken

virtual note, or as a virtual visible note placed on each table.

This thesis work concentrates on the audio-related issues in AR (Augmented Reality

Audio, ARA). Furthermore, the emphasis in this work is focused towards mobile

usage of augmented reality (Mobile Augmented Reality Audio, MARA), which sets

di!erent requirements for hardware and usability of the system when compared to

fixed laboratory settings. In literature, di!erent terms have been used to refer to

mobile usage of ARA, e.g., mobile, handheld [61] and wearable augmented reality

audio (WARA). However, in this work the term mobile is used to imply small and

practically portable devices. The concept of Augmented Reality Audio is more

thoroughly introduced in Section 2.

In ARA, a special headset is needed to provide the user with virtual services. A

basic user-worn setup consists of a pair of earphones with integrated microphones

for capturing and reproducing sounds, and a unit for computing and handling the

communication between a user and the central ARA infrastructure. Of course, any

or all of the above components can be embedded in already existing devices, such

as mobile phones, or perhaps, the whole system could be integrated within a small

wireless earphone. Overall, the concept design in this work is driven by a vision of

a device and infrastructure that provides an eyes-free, hands-free, continuous, and

ubiquitous experience in ARA.

One prerequisite for ARA applications is a head tracking and positioning system.

This is since the ability to track a user’s orientation in real-time is needed for

aligning the virtual objects with the real surroundings. Currently, many devices exist
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with integrated GPS systems and are extensively used, for example, in navigational

systems. This technology can be exploited for ARA applications as well. However,

GPS-based systems do not function well in-doors and, at the time of writing this

thesis, no standardized technology exists for indoor positioning. Furthermore, the

lack of practical head tracking technology is one of the main obstacles when creating

true ARA applications for mobile usage.

ARA technology can be exploited by many di!erent application areas ranging from

telepresence to entertainment. However, the majority of the applications will most

probably be targeted for common people and for common daily activities. For ex-

ample, having a meeting with a group of people where virtually present participants

have distinct locations in relation to physically present people would be warmly

welcomed by many without doubt. One idea behind ARA is that a user would be

wearing the ARA system continuously on an everyday basis, and virtual informa-

tion layered on the real world would be a natural way of retrieving and sharing

information.

This raises a question whether the users will be willing to wear the system and

perceive their everyday life through an ARA system throughout the day. Naturally,

the sound quality of the system is an important factor but also other, non-technical,

issues will arise if this kind of technology will emerge. The only way to determine

what aspects are relevant in the overall acceptability of ARA systems, and what is

to be taken into account when designing the hardware and applications for an ARA,

is to test actual ARA systems in real-life situations.

This thesis work attempts to answer questions related to ARA as discussed above

and hopefully pave the way for practical hardware and applications. Much work still

remains to be done but hopefully a world full of potentially useful ARA applications

will make the e!ort worthwhile.
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1.1 Aims of the thesis

The aim of this work is to introduce novel methods for head tracking and positioning

and apply them to augmented reality audio. Furthermore, questions related to the

design of an audio platform for ARA is studied, and based on the results, a mobile

platform for ARA usage is developed and evaluated. Another aim of this work is to

evaluate the overall usability of ARA technology, especially in real-life situations.

The results of this work can be used to further develop and refine current ARA

hardware, and also recognize the di!erent aspects that must be taken into account

when designing ARA hardware and applications applied to real-life situations.

1.2 Organization of this thesis

This thesis is organized as follows. In Section 2 the concept of ARA is defined and

some possible application scenarios are reviewed. Section 3 introduces the acoustic

problems related to designing headsets for ARA, and in Section 4, the evaluation

of sound quality and the usability of an ARA hardware is introduced. In Section

5 the basic scenarios for positioning and head tracking for augmented reality are

reviewed, and the concept of acoustic positioning is introduced. The publications

included in the thesis work, are summarized in Section 6, and finally, in Section 7

some conclusions of this work are drawn.
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2 AUGMENTED REALITY AUDIO

Augmented Reality Audio (ARA) is a concept where a person’s natural surround-

ings is enriched with virtual sounds. The possibility to perceive the natural acoustic

environment around a user di!erentiates it from the traditional concept of a vir-

tual environment where the user is typically immersed into a completely synthetic

acoustic environment.

One of the commonly used definitions for AR is given in [4] stating that an AR

system should have the three following characteristics:

1. Combines real and virtual

2. Interactive in real time

3. Registered in 3-D

This definition is applicable to ARA systems as well. All of the three characters set

di!erent requirements for ARA system and hardware. Especially for mobile usage

there are many challenging technical problems to be tackled before a practical (and

mobile) system can be built, head tracking being among the most challenging ones.

2.1 Real, virtual, and augmented audio environments

The basic di!erence between real and virtual sound environments is that virtual

sounds are originating from another environment or are artificially created, whereas

the real sounds are the natural existing sounds in the user’s own environment. Aug-

mented reality audio combines these aspects in a way where real and virtual sound
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scenes are mixed so that virtual sounds are perceived as an extension to the natural

ones.

2.2 Interaction with ARA

ARA applications can be designed so that they do not interfere with the user prac-

ticing other activies, i.e., the application leaves the user’s hands free and does not

require visual attention from the user. However, many applications still require

some sort of interaction from the user. Naturally, a mobile terminal could be used

for interacting with the application but this would require the user to move the

attention from any other activity to the mobile terminal. For an introduction to

interfaces for mobile AR see, e.g., [37].

For obtaining the hands- and eyes-free functionality, the interaction should be han-

dled with sound- or gesture-based systems. The interaction can be divided into

two categories based on the direction of information flow: a user receiving informa-

tion from an ARA application, and a user giving information or responding to an

application.

In ARA the main interface for giving information to the user is the audio playback

system. This kind of an audio-only way of conveying information is called Auditory

display [9]. There are many ways for giving information to the user through an

auditory display. The information can be given as recorded or virtual speech, non-

speech sounds, such as earcons or auditory icons1, or a combination of all of these

(see e.g. [60, 13, 16, 15, 75, 44, 50]). Furthermore, in addition to the sound signal

design the auditory display can be spreads around the user in 3D [64].

1Earcons are structured sequences of synthetic tones that can be used in di!erent combinations
to create complex audio messages [16], whereas auditory icons are everyday sounds used to convey
information to the user [23]
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When the user has to respond or give information to an ARA application, the

sound-based interaction can be given via the microphones in the headset. Speech

recognition can be used for voice-based controlling of an application. In addition to

speech, also other sounds can be used to control ARA applications [45, 77]. When

head tracker data is available, head gestures can also be used for interacting with

services.

2.3 Rendering schemes for ARA environments

There are di!erent possibilities for producing and mixing the virtual sounds with

natural surroundings. The two obvious ways would be either by using a personal

headset or by an external loudspeaker setup.

Headphones are a practical solution for mobile ARA because the sound system is

carried by the user wherever he or she goes. A headphone-based system also enables

providing ARA applications and services without distracting others. A common way

to render audio around the user in headphone-based augmentation is to use Head

Related Transfer Functions (HRTF) [49]. In this method the sound transmission

from a certain point in the environment to a specific point in the external ear, for

example the ear canal entrance, is measured. By simulating this transmission by,

for example, HRTF filtering, an illusion of externalized and 3D-positioned sound

can be reproduced. This technique works well with individualized HRTFs and with

carefully placed and equalized headphones [32]. However, finding a set of generic

HRTFs that would work with a number of people has turned out to be quite a

challenge.

Another challenging problem with headphone based augmentation is that for render-

ing static sound objects in the environment the user’s position and orientation need

to be estimated in real time. With real-time head tracking the virtual sound objects
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can be tied to the surrounding environment and thus the virtual environment stays

in place even if the user moves. Another benefit with real-time head tracking is

that the dynamic cues from head rotation help localizing sound objects in the envi-

ronment. Especially for front-back confusion head tracking has been found helpful

[11].

Another way to augment the sound environment is to use an external loudspeaker

setup. This could be, for example, a room with speakers on the walls. As the

loudspeakers are statically placed in the environment, the augmentation is not de-

pendent on the user position or orientation. However, most of the multi-channel

loudspeaker reproduction systems su!er from the sweet-spot problem [24, 54, 55],

i.e., the accuracy of spatialization worsens when the listener moves further away

from the sweet-spot. With location tracking this phenomenon can be compensated

for but the drawback is that it only works for this specific user, whereas for the

other users in the same space the spatialization accuracy gets worse. Even though

there is no need for head tracking for keeping the sound environment static, some

positioning system is still needed for location based applications. Another drawback

with loudspeaker augmentation is that it is very hard to create personal, i.e., sounds

statically around the user, or private augmentation in public places.

Both loudspeaker- and headphone-based ARA system have their advantages and

disadvantages. Therefore, in practice, real ARA systems will included both ap-

proaches for augmenting the environment, and both methods should be supported

by the ARA devices and applications. However, this work concentrates more on the

mobile usage of ARA, and therefore the main emphasis is also kept in headphones-

based systems.
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2.4 Pseudoacoustics

Augmented reality audio can be reproduced to the user with a special headset de-

signed for the purpose. In most cases the headset interferes with listening to natural

surroundings by blocking the ear canal to some degree. In an ARA headset a pair

of binaural microphones are integrated with the earphones, and by feeding the mi-

crophone signals directly to the earphones the user is re-exposed to the natural

sounds of the surroundings. This is very similar to using a hearing aid for listen-

ing to the environment. In this thesis work, to separate this from natural listening

(without headphones), the sound environment heard through the headset is called

pseudoacoustics.

One of the main targets in designing a headset for ARA usage is to maintain the

pseudoacoustics as similar as possible to the natural hearing experience without

headphones. More on the headset design is explained in Section 3.

2.5 Application scenarios for ARA

This section reviews some application scenarios related to mobile usage of ARA. For

an extensive review on AR applications in general see for example [5, 4].

Current social network and micro-blogging services (e.g. [21, 73]) could be extended

by the application scenarios introduced in [2], where Ashbrook and Starner proposed

a system where the users’ GPS data was studied and a model was created to predict

user movements and significant places. This kind of a system would be aware of

predicted locations of other users, and with this information the user could be, for

example, prepared and notified of upcoming situations.
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Rozier et. al. [59] proposed an ARA system called Linked Audio, where a user can

create ”audio imprints” at specific locations outdoors. The imprints can consist of

layers of music, sound e!ects, or recorded voice. When other users reach the specific

area, the imprint is played to the user. Di!erent imprints can be linked together,

and once a linked imprint is found the user is guided from the imprint to other

related imprints in the area. In [31] Härmä et. al. proposed an application called

Audio post-it, where a user can leave acoustic notes in specific locations. When

other users come to the reach of the note position, the note is played to the user. A

similar application, ComMotion was suggested in [46], where a to-do list was played

to the user when he or she approaches the task-related area.

One of the most promising ARA applications is binaural telephony [31], which can

be extended to a full-blown ARA meeting. Participants of the meeting do not have

to be physically present in the meeting but rather they can be present remotely

via the communication network. Each participant can place other participants as

they wish in their own surroundings. The proposed ARA system setup for the

application, and for ARA in general, is shown in Figure 2.1. This is also the system

platform that has been used as a basis for the work introduced in this thesis.

There are many task areas, such as driving, surveillance, gaming, etc., where it is

important that the user’s visual attention is not distracted. In [20], Dicke et. al.

compared audio-only interface to visual interfaces in driving conditions. In general,

both interface types were found to function equally well for operating the system.

However, the audio-only interface was found less distracting for driving performance,

thus resulting in fewer errors in driving performance. Another eyes-free application,

Auditory Calendar, is proposed by Walker et. al. in [82], where the events in a

personal calendar are rendered around the user based on the scheduled times. A

meeting at noon would be announced in front of the user, whereas an announcement

for an event at 3:00 p.m. would be rendered to the right.
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Figure 2.1: An ARA-system introduced in [31].

One application area in ARA are audio-only games [3]. In [57] Röber and Masuch

present an overview of audio-only games, and discuss the methods and techniques

to play and design such auditory worlds. One example from their review is a classic

Frogger game where the user has to cross a busy street, and while crossing the street

the user has to avoid getting hit by a car.

The microphones in the headset enable analyzing the sound environment around the

user. This opens another line of possible applications. The headset of a remote user

could be used for surveillance purposes, or locally the ARA system could be used

for analyzing the surrounding environment [58, 30], and possibly warn the user of

approaching vehicles. And, if someone is interested in identifying birds, for example,

the system could be tuned to look for di!erent bird species in the environment [22]

and announce the user whenever a new species is detected.

Another important scene analysis area for ARA applications is how to estimate
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acoustic parameters of surrounding spaces [76, 78]. In mobile usage of ARA, in most

cases it must be assumed that the acoustic environment is not known a priori. For

convincing augmentation the virtual sounds should be rendered with the acoustic

characteristics of the surrounding space, and if the acoustic parameters are not

available by other means they must be estimated from the microphone signals.
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3 HEADSET ACOUSTICS

An ARA headset has two main functions. The headset should function as an au-

dio interface for ARA applications, and also, it should provide the user with an

acoustically transparent reproduction of the natural sound environment. The main

di!erence between the two tasks is how the reproduced sounds should be equalized

in order to provide a natural sound reproduction with the headset. For pseudoacous-

tics, the equalization should compensate for the artifacts created when the headset

is placed in the ear as a part of the sound transmission path. The equalization for

audio playback, on the other hand, should create an illusion that the sound signal

is originated from a certain place in a certain environment.

Designing a headset frequency response is strongly dependent on the headset type.

Roughly, the headphones can be categorized by their type of wear and by the type of

transducer technology. Figure 3.1 illustrates some examples of di!erent commonly

used headphone designs. For ARA usage, most of the headphone types can be appli-

cable. However, for mobile usage the practicability of wearing sets some restrictions

on usability of di!erent types of headphones. Also, with ARA the wearing condi-

tions di!er from traditional listening of headphones as the usage duration may be

fairly long and also the background noise conditions may vary considerably. A good

example of a challenging headset environment is airline entertainment headsets as

studied by Gilman [25].

The most popular transducer type with headphones has been, and still is, the mov-

ing coil transducer [53], which is a miniature version of a traditional dynamic loud-

speaker. The design is robust and well understood. The technology enables design-

ing a high fidelity headphone covering the whole frequency band with a reasonable

price.
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Balanced armature transducers, traditionally more common in hearing aids, have

gained popularity in in-ear (insert) headphones. The small size of the transducer

is favorable in small in-ear designs. The size of the membrane and the maximum

displacement are fairly small, and thus the design quite often su!ers from weak low

frequency reproduction.

More recently, di!erent kinds of headphones based on bone-conduction have ap-

peared in the consumer market [38, 41, 12, 67]. As the sound is conducted to the

hearing system via a mechanical bone conduction, for example by placing the ear

peace against the mastoid bone, the technology allows designing headphones that

leave the ear canal opening free. This enables an undistracted and natural listening

setup for the surrounding sounds.

The main di!erence between air-conducted and bone-conducted sound is that the

sound is transmitted to the basilar membrane through di!erent physical and me-

chanical sound paths. With traditional (air-conduction) headphones the sound is

fed to the hearing system through the ear canal, whereas, with bone-conduction

headphones the sound is fed through bone and tissue conduction. In either case

the characteristics of the sound transmission paths from the ear piece to the actual

hearing perception should be compensated for when designing the headset frequency

response. The same equalization targets cannot be automatically applied for bone

conduction headphones as used with conventional headphones [39, 83, 66].

One of the main drawbacks with bone-conduction headsets is the very poor interau-

ral attenuation (IA) due to mechanical transmission of sound waves [74]. However,

there are many studies suggesting that a stereo image could be created with bone-

conduction headsets [84, 43, 65].

From the technology point of view, hearing aids and ARA headsets are very similar.

However, there is a slight di!erence in design philosophy. Whereas ARA headset
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aims at acoustic transparency, with hearing aids the required gain (or amplification)

levels are so high that the seek for maximum gain is the primary design criterion,

and often the price paid for the gain is a narrowed bandwidth. The bandwith

rarely reaches the highest frequencies, but concentrates more on mid frequencies

to make speech as clear as possible. Of course, if the ARA headset is to be used

as a hearing aid device then the same problems would arise as with hearing aids.

There is a big industry and research going on related to hearing aids and most of

this technology can be directly used with ARA headsets. Especially the hardware

integrated with the modern CIC (completely-in-canal) hearing aids could be used

with ARA headsets as well.

In the following the basic equalization schemes are described for audio playback

and for reproducing pseudoacoustics. The derivation is based on an assumption of

using an insert-type of headset (the rightmost headset type in Fig. 3.1.). For other

headset types the equalization should be applied accordingly.

Figure 3.1: Di!erent types of headphones. From left: Circumaural, Supra-concha,
intra-concha, and insert type of headphones.
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Figure 3.2: A simplified illustration of sound transmission from a source to the
ear drum. Ps(f) is the source signal, Po(f) is the signal at the eardrum in an open
ear canal case (above), and Ph(f) is the signal at the eardrum when listening with
headphones (below).

3.1 Equalization for audio playback

The sound signal at the ear drum is di!erent from the sound signal that was orig-

inally emitted from the sound source. The outer ear (the parts from the tympanic

membrane outwards) and the surrounding space modify the sound signals while

transmitting sound waves from the source to the ear. Fig. 3.2 shows a simplified

comparison of di!erences in sound transmission paths when listening to sounds in

the environment without headphones, and with headphones. In order to reproduce

a natural sound perception the headphones should replicate the open-ear sound

pressure signals at the ear drum, i.e., Po(f) should equal to Ph(f).
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As an acoustic system, the ear canal can be considered as a quarter-wave length

resonator. The resonance characteristics are determined by the geometry of the

ear canal and the impedance of the ear drum. For a typical adult ear the first ear

canal resonance occurs at around 2-4 kHz [29]. When an earphone blocks the ear

canal, this resonance disappears and, as such, the sound field is perceived unnatural.

Furthermore, as the ear canal is closed from both ends, it starts to act more like a

half-wavelength resonator. This shifts the lowest resonance up to around 5-10 kHz

further distorting the sound signal.

Outside the ear canal, the human body (the shoulders, the head, and the pinnae)

causes reflections to the impinging sound signal. The modification to the signal due

to di!raction from the user’s body is called the Head Related Transfer Function

(HRTF) [49], which is strongly user-specific and also depends on the angle of sound

arrival.

One practical question is, what kind of listening condition should the headphone

listening replicate. In addition to the user itself, the reflections from surrounding

surfaces add an acoustic signature to the sound signal. Of course, depending on

the surrounding space the amount and nature of reverberation vary. In a free-field

(anechoic) condition there are no reflections at all, whereas in a big hall most of the

sound energy comes from the reverberation field. Commonly there have been two

specific equalization targets for headphones, di!use field and free-field equalization

[48, 80, 69]. Free-field equalization tries to replicate the ear signal in a case where a

user is listening to a frontal sound source in anechoic conditions. This equalization

scheme is often preferred in studio monitoring situations as it resembles a near-

field monitor listening conditions. The di!use-field equalization, on the other hand,

assumes that the sound field is completely di!use. The most natural environment

lies somewhere between these two extreme cases.

When an earphone is placed on the ear, all of the above di!raction phenomena
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Figure 3.3: Free- and di!use-field equalization targets for headphones. Measure-
ments are derived from blocked ear canal measurements. Data adapted from [48].

are bypassed, and for natural reproduction, this must be corrected somehow. In

the literature there are many studies suggesting optimal equalization curves for

di!erent listening situations [48, 47, 40, 10]. Fig. 3.3 shows design targets for free-

and di!use-field equalizations [48]. The responses in the figure are derived from

blocked ear canal measurements with a frontal sound source in free-field (anechoic)

and in di!use-field (sounds arrive from all directions) conditions.

3.2 Equalization for pseudoacoustics

Equalization for pseudoacoustics di!ers from playback equalization. Fig. 3.4 shows

the sound transmission path when a user is listening to pseudoacoustics. Comparing

to natural listening without headphones, as shown in Fig. 3.2, the sound transmission

seems very similar. The spatial cues and di!raction from external parts of the ear

are always present in the sound signal, thus for natural sound reproduction these

should not be artificially added anymore in the headset or mixer. Only the distortion

due to the headset being on the transmission path should be compensated for.
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Figure 3.4: Sound transmission from a source to the ear canal with an ARA
headset.

The natural sound environment is captured by the microphones outside the earphone

casing. In order to maintain the transparent sound transmission, the headset should

be equalized so that the sound signals at the ear drum are equal to the ear signals

in a natural listening situation (Po(f) in Fig. 3.2). As stated in the previous section,

an open ear canal acts as a quarter-wave length resonator and boosts the sounds in

the 2-4 kHz range. When the ear canal is closed by the earphone, the quarter-wave

length resonance is no longer existent, but rather, a half-wave resonance is created

at around 8-10 kHz [33].

A straightforward way to compensate for the misplaced resonances is to use a res-

onator filter to recreate the quarter-wave length resonance, and a band-stop filter

to remove the half-wave length resonance [56]. This, of course, assumes that the

frequency response of the headset is otherwise flat and does not need to be corrected.

Another phenomenon distorting the pseudoacoustics is the sound leakage around

and through the headset. Insert earphones, in general, attenuate surrounding sounds

quite e"ciently in the mid and high frequencies. However, there is always some leak-

age through and around the headset and also a portion of sound field is transmitted
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to the ear canal as bone and tissue conduction [34, 35, 71, 53]. Low frequencies can

leak through the earphone quite e!ectively. The leaking from the real environment

sums up in the ear canal with the pseudoacoustic representation delivered by the

headset. This summing causes coloration especially at low frequencies and deterio-

rates the pseudoacoustic experience [31]. The amplification of low frequencies has

to be equalized, as well as other spectral colorations caused by the headset design

itself.

One thing to be noted is that the leakage path has no delay, other than the delay

caused by acoustic transmission2, and therefore only very little latency is allowed

also in the electric signal path between the microphone and the earphone. Any

latency would result in comb-like filtering distortion in the pseudoacoustic sound

environment. In practice this requires using analog circuitry for processing the mi-

crophone signals prior to feeding then to the earphones. As for a digital alternative,

FPGA -based audio processors might o!er an alternative for signal processing as

they are capable of very low latency signal processing.

3.3 Occlusion e!ect

One common complaint with hearing aid users is the boomy or hollow sound of

the user’s own voice. This is due to the occlusion e!ect caused by the earpiece

closing the ear canal [53]. At low frequencies the acoustic impedance of an open ear

canal is mainly determined by the radiation impedance of the ear canal entrance.

The low impedance of the ear canal entrance practically ”short circuits” any low-

frequency sound that is mechanically transmitted to the ear, thus no extra pressure

is generated in the ear canal. However, when the ear canal is closed by an earphone,

2The distance from a microphone to the transducer in an insert-type of ARA headset is in
the range of 1-2 cm. pseudoacoustics is transmitted as an electric signal whereas acoustic leakage
travels around the headset with a speed of sound. For 1.5 cm the acoustic travel time is about
45 µs.
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which equals to a fairly high impedance [81], the ear canal now resembles a high

impedance (pressure chamber). For this reason, any sound that is mechanically

transmitted to the ear canal will generate sound pressure that will be heard by the

subject. The phenomenon is more pronounced at low frequencies.

This same problem exist with in-ear type ARA headsets as well. One way to over-

come the occlusion e!ect is to use some venting system with the headset, which

would lower the acoustic impedance of the headset or simply use more open type

headsets. Another way to decrease the occlusion e!ect, as used with hearing aids,

is to use deeply inserted earmolds. When the earpiece reaches almost the ear drum,

less sound is transmitted to the ear canal via bone conduction. Though, this solution

might be little too unpractical for ARA usage.

3.4 Microphone placement for binaural audio capture

A typical ARA headset configuration has microphones outside of the earphones, and

these signals are combined with the virtual sound objects. However, for users to

feel comfortable being immersed in ARA space, the perception of the natural sound

environment should not be altered by the system.

Depending on the headset type the outer ear geometry is changed from an open ear

when the headset is placed in the ear. The microphone placement in the headset

should be designed so that the microphones captures as much of the spatial cues

as possible. According to Algazi et. al. [1, 49], HRTFs measured slightly outside

a blocked ear canal still include all the spatial information that would exist at the

ear drum in an unoccluded case. Thus, small earplug- or insert-type headsets would

still provide all the necessary spatial information. D’Angelo et al. studied how

CIC (completely in the ear canal) hearing aids a!ect the localization ability [18]. A

group of normally hearing people were wearing a CIC hearing aid that was equalized
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to have an identical transfer response compared to an unoccluded ear. In the test

the testee’s head was fixed and there was no visual clues available. According to

results there was a small degradation in localization ability. Brungart et. al. [17]

performed a similar study with di!erent types of insert hear-through headphones.

It was found that the wide enough bandwidth of the system had more e!ect on the

localization accuracy, than microphone placement. The subjects were allowed to

move their head during the test. With ARA headsets, the users are also able to

move their head while listening to the sound environment, thus being exposed to

real-time acoustical and visual cues together with pseudoacoustic signals.

The results presented in Publication III also reveal that a good spatial accuracy

can be obtained even with non-individual equalization of headphones. In the study,

subjects wore an ARA headset, where a generic equalization was applied to provide

a natural reproduction of surrounding sounds. The spatial accuracy was graded very

good by all the subjects. Humans adapt to modifications in hearing system fairly

rapidly [42, 62, 63], which is actually quite essential as our hearing environment is

changing all the time for example by using hats or standing close to a surface.

3.5 Contribution of this work to ARA headset acoustics

In Publication IV, first studies on optimal equalization for an insert-type ARA head-

set were performed. A generic equalization target curve for insert-type headsets was

subjectively introduced. In Publication II the work was further continued and based

on the results, a generic system for ARA applications comprehending a headset and

a mixer unit, was introduced. Also, the results of a preliminary test on overall

quality (sound and usability) of the system in real-life situation was presented. A

more thorough test on the sound quality of the system was performed and docu-

mented in Publication III. In the study, a group of test subjects evaluated the sound

quality of the ARA system in laboratory conditions, and also in real-life situations.
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Furthermore, the adaptation to the pseudoacoustics in lengthened use was studied.

The acoustic behavior of the external ear together with an insert type headphone

was studied in detail in Publication I. The e!ect of di!erent parameters, such as

the length of the ear canal, acoustic impedance of the headset and the impedance

of the ear drum, was studied. Based on the results, a physical model of the outer

ear and the headset was also introduced.
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4 USABILITY OF ARA HEADSETS

Most of the application scenarios mentioned in this work and in the literature are

aiming at usage in everyday life situations. Applications, such as virtual tourist

guide or getting augmented product information in a grocery store, mean that users

are expected to wear an ARA system in the practical activities of their normal

life. The usage is mostly voluntary and motivated by the benefits provided by the

applications and services. Therefore it is essential that the usability of the system

is in balance with the added value gained by the user. This is also what separates

the usability question of ARA systems, for example from hearing aids or other

health-related devices. With hearing aids the added value, i.e., the ability to hear,

overpowers minor usability issues and thus people are very motivated to wear them

[26, 51], despite of possible usability issues, whereas with ARA applications users

are free to choose whether to wear the system or not.

As a design point of view, designing an ARA headset for high-quality sound is a

good starting point. Most probably the users want to hear the surrounding sounds

as unaltered as possible. However, in public and in lengthened use, and especially

among the users who are not used to wearing earphones, other issues may rise to

be important factors in overall acceptability of the system as well. Grinter and

Woodru! studied the preference for a headset type for museum tours [27]. In the

study, a group of naive subjects, between 40-60 years of age, were instructed to use

di!erent types of headsets for a tour-like situation. It was found that, apart from

the sound quality, issues such as ease of use and conspicuousness turned out to be

important factors in choosing the headset type. Another, non-audio related factor in

usability was pointed out in [52], where Park et. al. studied how personal preference

a!ected the usability of a system. It was found that users trust or a!ection for a

brand a!ects favorably the results of a usability study, i.e., the test subjects had

less audio quality related demands for a preferred product.
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Currently existing ARA applications are still only a promising possibility waiting

for practical hardware and applications, and therefore there is no experience on how

the general public will receive the technology, and what will be the probable ”killer

applications” in the future. The only way to get insight into the matter is to perform

usability tests in real-life situations with working prototypes. The outcomes of real-

life tests will reveal information on the usability aspects of ARA systems, as well as

other non-technical issues that will arise when using the system publicly.

4.1 Contribution of this work to ARA headset usability evalua-

tion

The Publications II-IV study di!erent aspects of usability of an ARA headset. In

Publication IV, a perceptually optimal equalization curve for an insert type of head-

set was measured. Furthermore, the overall sound quality and user acceptance of

pseudoacoustics, with an equalized headset, was evaluated in laboratory settings.

The results of a pilot usability study are reported in Publication II. In the study,

a group of subjects wore an ARA system in their daily routines and reported their

observations in a diary. After the field test part the subjects were interviewed

and the diary notes were discussed. Based on the results, the sound quality of

the prototype system was found good enough for practical situations, and the main

critique arouse from handling noise, and limitations caused by the wires. Also, some

other non-technical issues, such as social ambivalence while wearing the headset,

were discussed.

Publication III reports the results of another usability study where the usability of

the system was further evaluated with a test group. Similar to the test, introduced

in Publication II, the subjects wore an ARA headset in real-life situations and
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reported observations in a diary. Furthermore, the sound quality (timbre, spatial

impression, and location accuracy), and the annoyance factors of some practical

activities were evaluated at the beginning of the test, and also after the field test

period. The evaluations were performed at both ends of the test period to study if

any adaptation would occur leading to improvements in perceived sound quality or

usability during the field test period.
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5 HEAD TRACKING AND POSITIONING

Locating a user’s head and tracking its orientation is one of the key points and also

one of the major challenges in augmented reality audio. When the users’ position

data are available, virtual sound objects can be designed to have distinct places in the

environment. The audio objects can be rendered in relation to di!erent coordinate

systems. For example, some applications may use the natural environment as a base

coordinate system for placing the sound objects, whereas some applications could

use a user-centric coordinate system as the basis for rendering the sound objects

around the user.

Depending on the application there are di!erent requirements for user positioning.

Personal virtual objects are produced with the user’s own headphones, whereas

public augmentation could be created with an external loudspeaker system. If the

augmentation is produced with an external loudspeaker system, a plain location

data (without head tracking) is su"cient to produce static augmentation. How-

ever, personal augmentation (with headphones) requires that also the user’s head

orientation is estimated in order to enable static augmentation of the environment,

i.e., the virtual sound objects stay in place in the environment even when the user

moves. Furthermore, there are application areas where only the orientation, without

location tracking, might be su"cient for augmentation. For example, when using

a vending machine or an on-line banking terminal, the user position could be pre-

dicted fairly well, and only the orientation needs to be tracked separately for the

augmentation.

The term positioning is sometimes understood as only estimating a subject’s loca-

tion, perhaps due to the popularity of GPS navigation devices. However, the term

positioning, in it’s full extent, includes locating an object and also estimating it’s ori-

entation. This is called 6-DOF (degrees of freedom) positioning. The six degrees of
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Figure 5.1: Directions of rotational vectors in positioning, when heading, shown
by the dotted arrow, is in positive y-direction. z-axis is pointing upwards from the
surface.

freedom are the location coordinates, for example, x, y, z, and the orientation data,

pitch, yaw, and roll, in three di!erent rotational directions, as shown in Fig. 5.1.

For ARA the object to be positioned is the user’s head.

Nowadays, estimating the location, especially outdoors, is fairly straightforward.

Practical and a!ordable GPS units are already available, and in increasing numbers

embedded in existing mobile devices. With GPS the positioning is performed with

a help of the satellite system in the orbit of the earth. However, the general GPS-

based systems do not work well indoors, and other means are required for indoor

use. In addition to GPS there are also other similar systems for global positioning.

Table 5.1 lists the currently existing most common global positioning systems.

For indoor positioning there are still no practical solutions available, as far as mobile

ARA usage is considered. Di!erent kinds of custom and ad-hoc systems have been

developed, but none of the methods o!er the usability, for example, compared to

current GPS systems. Most common technologies for indoor (or local) positioning
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Techology Maintained by

GPS USA

Galileo European Union

Glonass Russia

CNSS (BeiDou 1) China

WAAS USA, based on GPS

Table 5.1: Most common global positioning systems utilizing a satellite network.

are listed in Table 5.2.

Compared to location tracking, head tracking is the harder part in the positioning

problem, especially for mobile AR. Position tracking benefits from the fact that the

positioning device can be carried quite freely, for example in a pocket or in a bag,

and still get good positioning accuracy. Head tracking on the other hand, requires

the device to track the user’s head position and orientation in order to be usable in

augmented reality audio. In practice this means that the device should be attached

somewhere around the user’s head. In ARA, one possible place for attaching the

head tracker is the headset that is carried by the user anyway. The obvious benefit

in integrating the head tracker with the headset is that the headset automatically

follows the user’s head orientation. However, the small size of the earphone might

pose some challenges for designing a head tracker in a su"ciently small casing.

For augmenting the natural surroundings, the head tracker should be able to of-

fer absolute coordinates of the user continuously, and in real-time, for keeping the

virtual sound objects in their right places in the environment. Furthermore, it is

essential that the positioning and head tracking data does not drift over time [36].

Most of the head tracking research has been motivated by visual augmentation of
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Techology Available position data

Video based location, orientation

Acoustic lcoation, orientation

Extented GPS position

WLAN position

Bluetooth proximity

Wibree proximity

RFID proximity

UWB proximity

Zigbee proximity

Magnetic location, orientation

Accelometers location, orientation

Gyros location, orientation

Table 5.2: Technologies for indoor positioning.

surroundings, and the AR is often provided with a see-through HMD (head mounted

display) [5, 85]. The required accuracy for aligning virtual visual objects with real

visual surroundings is much higher compared to aligning virtual audio objects with

the natural surroundings, especially when sound is used to augment real physical

objects. Even the smallest misalignments in visual augmentation can be easily

noticed. For audio, the visual cue of a real physical object helps considerably to

make virtual sounds perceived to originate from the target object [11].

There is no single technology that would give an answer to an all-around positioning

and orientation tracking system. Therefore, a practical system will take advantage

of multiple sensors (sensor fusion) and networks to estimate the user’s location and

orientation, based on currently available data (data fusion). This is called hybrid

tracking [8, 6, 28, 85, 68, 86]. In addition to sensor data, the positioning system
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could also try to predict the user movement, based on human physical constraints

and movement models [7] or by a user navigation model [2].

5.1 Acoustic positioning and head tracking

Acoustic positioning and head tracking is one way of estimating the user position,

among the methods mentioned above. Using sound signals for detecting objects is

nothing new, and the method has been widely utilized, for example, in underwater

radars. An overview of di!erent acoustic positioning systems is given in [79].

For ARA usage, there are mainly two basic approaches for acoustic positioning.

Microphone arrays can be placed in the space in known locations, and by analyzing

the captured sound field the person within the area can be tracked. Alternatively,

known sound sources (anchors3) can be placed in a room and the sound sources can

be detected with the microphones within the ARA headsets [72]. For practical usage

the anchor signals must be designed so that they are not (disturbingly) audible to

the users.

Using a microphone array to detect the user movement requires the user to wear a

sound source for the tracker system to ”hear” the user continuously. The tracking is

performed based on detecting the microphone signals in the array, and as a result

the system gives the most probable direction for the sound source in relation to the

array. The benefit of this approach is that the user-worn system only needs to emit

the tracking signal, and the infrastructure takes care of the signal processing. For

separating di!erent users, the signals should be individualized somehow. There is

a lot of literature on signal processing techniques for microphone arrays, and for an

overview, see, e.g. [14, 19].

3In literature, the term beacon is often used for noting signal-emitting devices in the environ-
ment, used for navigation purposes.
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Another way to perform acoustic tracking is to turn the microphone array setup

the other way around and let the user wear the array, which is used to track sound

sources in the environment. In ARA, the user is wearing a headset with an integrated

microphone pair (a binaural microphone pair/array) that is continuously following

the user’s location and orientation. By placing static sound sources, known as

anchor sources, in the environment the binaural microphone array could be used to

detect the sources, and to estimate the user’s location and orientation [58, 72]. The

signals for the anchor sources could be specifically designed for the tracking system,

or alternatively some other unknown signals with a distinct spectral, for example

ventilation channel noise, could be used as well.

Acoustic tracking has its drawbacks, as well. Naturally, when using anchor signals

within the audible frequency range, the signal levels must be kept low. This, of

course, decreases the signal-to-noise ratio of the whole system, which lowers the

accuracy of the tracking system. One idea to improve the situation is to use smart

anchors that, for example, filter the anchor signal so that it is masked by the back-

ground noise. Using anchor signals that are above or at the limits of a human hearing

threshold enables increasing the anchor signal levels. However, high frequencies have

the downside that they are easily shadowed by even the smallest objects. Especially

the user’s head may shadow the microphone that is further away from the sound

source. One way to overcome this is to have enough anchor loudspeakers (or micro-

phone arrays) in the environment, so that several of them is always visible to each

ear.

Figure 5.2 shows a schematic view of a generic positioning setup with n+1 loud-

speakers in the environment and a user wearing a binaural microphone pair. For

basic positioning, for example, starting with the anchor 0 at position (x0, y0), an

anchor signal is played from the anchor loudspeaker and then captured by both

microphones. If the playback and the recording systems are in synchrony the po-

sitioning system enables estimating the signal propagation times from the anchor



50

to both microphones (t0,l and t0,r in Fig. 5.2), which can be further converted to

distances. If there is no synchrony between the playback and the recording system,

only the angle of arrival can be detected by calculating the time delay of arriving

(TDOA) signals between the microphones (tdi!,0 in Fig. 5.2). When this is repeated

for multiple known anchor sources, the user position and orientation can be esti-

mated, for example, by trilateration [70].
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Figure 5.2: Schematic view of an acoustic positioning system.

5.2 Contribution of this work to head tracking and positioning

Publication VI introduces a novel method for head tracking and positioning for

AR usage. The method utilizes a pair of binaural microphones worn by the user

(integrated with the ARA headset), and a number of anchor sound sources in the

environment. The sound sources emit a known sound signal that is captured by the

headset microphones. By estimating the time delay (via cross-correlation computa-

tion) between the emitted and captured sound signals, the orientation in reference

to the loudspeaker can be estimated. Di!erent loudspeakers (anchors) are sepa-

rated by dividing the anchor signal in smaller frequency bands, or by polling the
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loudspeakers with the anchor signal.

In Publication V the acoustic positioning system was further developed by intro-

ducing new methods for sound signaling between the anchor sound sources and the

microphones. The usage of high audio frequencies for anchor sources was intro-

duced. Using high (> 10 kHz) frequencies has many advances, such as background

noise being less disturbing, the user’s own speech does not interfere with the signals,

and also the highest frequencies are inaudible to humans. One idea, also introduced

in the publication, is a method, where the anchor signal is modulated to a higher

frequency range. With multiple anchor sources each loudspeaker can be separated

using di!erent modulation frequencies for di!erent loudspeakers. Signal from each

loudspeaker is revealed by demodulation by multiplying the microphone signals with

complex-valued carrier followed by low-pass filtering.
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6 SUMMARY OF PUBLICATIONS

This thesis comprises six publications, two of which were published in international

reviewed journals and four in international full-paper reviewed conferences. The

articles are divided into two main topics. Publications I - IV discuss sound quality

and usability as well as modeling of an ARA headset, and publications V - VI

address binaural acoustic positioning for AR applications.

Publication I: ”Modeling of external ear acoustics for insert head-

phone usage”

This papers studies the e!ect that the ear canal length and the ear drum impedance

have on the earphone-generated sound pressure inside the ear canal. Two di!erent

ear canal simulators with adjustable ear canal lengths were constructed, one with

a hard and one with a damped ear drum simulator. Furthermore, a dummy head

with di!erent sized pinnae, to be used together with the ear canal simulators, was

constructed to study the e!ect that the external parts of the ear have on the sound

pressure inside the ear canal. The measurements were also repeated with real ears to

validate the simulator measurements. Based on the measurements a physical model

of the earphone to ear canal interaction was formulated.

Publication II: ”An augmented reality audio headset”

This paper introduces a generic ARA system, comprehending of a headset and a

mixer, and also a preliminary usability evaluation of the system. The mixer unit

enables individual equalization for di!erent users. For minimum latency, the system

was built by using analog circuitry. The usability of the prototype system was



53

evaluated with an evaluation performed in real-life situations. A small group of

subjects wore the headset from four days to a week in everyday life situations. The

subjects kept diary on their usage of the headset, and after the field test they were

interviewed for comment on the usage and issues that had possibly risen during the

field test period. The sound quality of the prototype headset was found good and

applicable for practical usage in everyday-life situations. Some usability issues in

real-life case are also discussed in the paper.

Publication III: ”Usability issues in listening to natural sounds with

an augmented reality audio headset”

This paper reports the results of a usability study, which evaluates the overall us-

ability and sound quality of an ARA system (introduced in Publication II). The

evaluation was performed both in laboratory settings, and in real-life situations.

The test consisted of three parts: sound quality and usability evaluation in the

beginning of the test, the field test part in a real-life environment, and the sound

quality and usability evaluation at the end of the usability test. The first and the

last parts were performed in laboratory settings and the main focus was to evaluate

the sound quality (spatial impression, timbre, and location accuracy), and the an-

noyance factors on performing some practical daily activities, and also to see if any

adaptation would happen during the field test period. In the field test, the subjects

were given the headset with them and they were instructed to wear the headset as

much as possible in their daily activities, and to write down any observations in a

diary. This part lasted from four to seven days and during this time each subject

wore the headset from 20 to 40 hours.

The sound quality of the headset was found good, and especially the spatial sound

qualities were found very good. It was also found that some adaptation to the
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sound quality of pseudoacoustics occured during test period, whereas for annoyance

of practical activities, such as eating, drinking and speaking, no adaptation was

discovered. Furthermore, other practical usability issues are discussed in the paper.

Publication IV: ”Sound quality of an augmented reality audio

headset”

In this paper a subjective measurement was performed to yield a perceptually opti-

mal equalization curve for an insert-type of headset. In the test the subjects listened

to sinusoids with a pair of circumaural headphones, and under the headphones, the

other ear was left open and the other ear had an insert earphone placed in the ear

with a directly coupled miniature microphone (functioning just like a hearing aid).

Frequency by frequency the subjects had to match the sound pressure levels on each

ear. A group of nine testees performed the measurement, and based on the resulting

individual equalization curves a generic target equalization filter was formed. The

filter was formed by taking the average of the individual measurement data. The

sound quality of the equalized headset was further evaluated for sound quality by

the same test group.

Publication V: ”Head-tracking and subject positioning using bin-

aural headset microphones and common modulation anchor sources”

The acoustic positioning system introduced in Publication VI was further developed

by introducing new methods for sound signaling between the anchor sound sources

and the microphones. The usage of high audio frequencies for anchor sources was

introduced. Using high (> 10 kHz) frequencies has many advantages, such as back-

ground noise being less disturbing, the user’s own speech not interfering with the

signals, and the highest frequencies being inaudible to humans.
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Also, a method to use multiple anchor sources with the same anchor signal simul-

taneously was introduced. The method was based on modulating the anchor signal

using a unique modulation frequency for each loudspeaker. At the reception, signal

from each loudspeaker was revealed by demodulation by multiplying the microphone

signals with a complex-valued carrier followed by low-pass filtering.

Publication VI: ”Binaural positioning system for wearable aug-

mented reality audio”

An acoustic positioning system for ARA was introduced. The positioning system

was comprised of a set of known anchor sound sources in the environment and

a binaural headset with microphones integrated with earpieces. The time di!er-

ence of the arriving sound between the microphones was measured by taking the

cross-correlation between the known anchor signal and the captured microphone

signals. The distance between the peaks in the cross-correlation functions between

the microphone channels was used to determine the orientation of the user. The

movement of the user was estimated by detecting the movement of the peaks in the

cross-correlation functions. For multiple simultaneous anchor sources the sources

were separated in the frequency domain by having a specific frequency band for

each anchor.
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7 CONCLUSIONS

The concept of augmented reality audio was introduced already decades ago and

the demos and application scenarios presented in the literature (and in movies, of

course) are fascinating. The idea of layering an interactive virtual world on the real

world appeals to the imagination of curious minds, and most probably there will

be a demand for this technology. The technology for providing and building full-

blown ARA systems is already available. However, real applications and systems

for common people are still waiting to be discovered.

This thesis work has studied di!erent aspects of ARA, and also introduced methods

and techniques for ARA systems that should shorten the path towards practical

ARA applications and hardware.

Undoubtedly, one of the main obstacles to widespread use of ARA applications,

especially in the mobile realm, is the lack of practical head tracking systems. User

position and orientation tracking is essential for many ARA applications, and there-

fore this is the area that needs to be tackled first. The widespread use of GPS is a

good example of what might happen with ARA once base technological issues are

solved. At the moment there is a myriad of applications utilizing GPS technology,

and the same could be possible with ARA. The binaural head tracking system in-

troduced in this work o!ers one possible solution to the user head tracking problem.

Specifically, in local and smaller area installations, this approach o!ers a plausible

solution.

For a common user, the most tangible part of the ARA system is the headset.

Preferably, the headset should be the only ARA device for the user to wear. The

headset has a central role in the entire ARA system, as its function is to provide all

the audio services for the user, namely producing and capturing sound, and to repli-
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cate the surrounding sound environment, i.e., pseudoacoustics. Humans develop

continuously in retrieving and perceiving information from their aural environment.

Humans can detect where sound events originate from, while certain sounds auto-

matically raise our attention level (for example a baby’s cry). This happens auto-

matically within a human’s life-long trained hearing system. If an ARA system is

assumed to be worn for longer periods in everyday-life, it is obvious that the sound

quality of pseudoacoustics must be su"ciently good. Determining what is su"cient

is not an easy question to answer since not only does it depend on the user and the

equipment, but also on the added value the user gains from an application.

The sound quality of the generic ARA system introduced in this work was found to

be good for most practical situations. However, for critical listening situations, such

as sound quality evaluation, there is still room for improvement. Every user has a

unique pair of ears, and this should be taken into account while tuning the headset

system for some particular user. How this should happen is still an open question.

Insert earphone acoustics is still a fairly new topic in the area of audio research,

though similar topics have been studied in context with hearing aid equipment and

earplugs. This is an area that still requires further research. Naturally, the design

ideas utilized for ARA headsets could be exploited and applied to hearing aid and

headphone design, as well.

Once ARA technology finds its way into widespread use, there will be many in-

teresting issues to be considered. Apart from professional usage, such as medical

or military applications, most of ARA usage will probably occur in everyday life

situations. ARA has potential to radically change the way in which people com-

municate and are present with each other. A comparable example is the mobile

phone and how it altered the manner of communication and reachability. There

will also be many usage etiquette issues to be solved once ARA technology emerges.

For example, how to notify others that the user is listening to them (through the

headset) and not something else from the headset? The usability studies reported
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in this work gives some insight into the subject, but more studies are required with

working ARA applications in real situations.

ARA, in one form or another, will be an inevitable part of humanity’s future way

of living. When this will occur still remains to be seen. Meanwhile, we are left to

enjoy reality.
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Errata

In Eq. 2, in both Publications V and VI the integration limits are wrongly noted as

[! ! T, ! ]. The integration should be evaluated over the available frequency band.
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ABSTRACT

Although acoustics of the external ear has been studied extensively for auralization and hear-

ing aids, the acoustic behavior with insert headphones is not equally well known. The present

research focused on the effects of outer ear physical dimensions, particularly to sound pressure

at the eardrum. The main factors of interest were the length of the canal and the impedance

of the eardrum. Ear canal simulators and a dummy head were constructed, and measurements

were also performed from human ear canals. The study was carried out both with unblocked

ear canals and when the canal entrance was blocked with an insert earphone. Special insert

earphones with in-ear microphones were constructed for this purpose. Physics-based computa-

tional models were finally used to validate the approach.
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1 Introduction

It is well known that the outer ear contributes to the spectral shaping of sounds we hear in

everyday life [1]. Humans have different ears and different ear canals, hence the sound pressure

responses at the eardrums of human test subjects are not similarly distributed. In part therefore,

people perceive sounds differently.

In normal listening situations, the whole outer ear contributes to the spectral shaping of

sounds before they reach the eardrum. An unblocked ear canal acts like a quarter-wave resonator

and hence amplifies the resonance frequencies. The locations of these resonance frequencies

depend mainly on the effective length of the ear canal. The shape and size of the pinna and the

curvature of the ear canal also have an effect on the pressure frequency response at the eardrum.

Insert type earphones are increasingly popular when listening to music and together with

mobile phones, yet their behavior has not been studied thoroughly. The sound transmission

path from the insert earphone to the eardrum is different from listening to loudspeakers or

acoustically open headphones. The sound wave travels through the ear canal only, an ear canal

that is suggestive of a half-wave resonator. The half-wave resonance frequencies are pronounced

at the eardrum, and the locations of these frequencies depend once again on the length of the ear

canal. In addition, the overall structure of the ear canal has an effect on the frequency response

at the eardrum [2, 3]. Furthermore, the pressure chamber effect and the occlusion effect are

important factors regarding insert earphones.

1.1 Goal of the study

Physical simulators, such as ear canal simulators and dummy heads, have been used widely

as substitutes of human test subjects, first studies dating back to 1930’s1. The accuracy to
1Studies on directional hearing, which included a fabricated dummy head with realistic ear canals, were published by the Finnish scientist

Alvar Wilska in 1938 [4, 5].
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which physical simulators can imitate the behavior of the outer ear and the ear canal depends

on how well different physical details have been taken into account. Many methods have been

developed to measure the ear canal or eardrum impedance of real ears [2, 6–18]. An overview

of currently used ear simulators is presented in Subsection 1.2.

The goal of our research2 was to learn what kinds of effects the differences in physical

parameters of the outer ear have on its frequency response, both for open and occluded canal.

We aimed at constructing a physical dummy head with adjustable ear canal features and having

as accurate human-like acoustical behavior as possible. Furthermore, we aimed at putting up

physics-based computational models for mathematical understanding of the problem.

Simple tube-like adjustable ear canal simulators were found useful in determining the effect

of the ear canal length (details in Section 3). The frequencies of the ear canal resonances and

antiresonance notches found in measurements were the same as those calculated with physics-

based formulas. The acoustic behavior of a simulator equipped with a damped eardrum was

much like that of the human ear canal.

In addition, a custom-designed dummy head used in our measurements proved to be a fairly

accurate model of the human peripheral hearing (details in Section 3). We were hence able, with

good accuracy, to study the effect of the differences in human ear canal lengths and eardrum

impedances.

Physics-based computational modeling with lumped and distributed elements was also ap-

plied to open and closed ear canal simulation (details in Section 4). For a simplified open ear

canal, such model is very accurate. In the case of an insert earphone feeding the canal the main

problem is to estimate a good acoustic Thévenin equivalent for the earphone driver. With dif-

ferent model calibration techniques we managed to get close to the behavior measured from the

physical simulators up to 20 kHz.
2Parts of this paper are based on the MSc thesis of M. Hiipakka [19].
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These modeling efforts help us to understand better how the insert earphones work for indi-

vidual listeners.

1.2 Overview of ear simulators

Originally, ear simulators were primarily targeted for hearing aid and audiometry headphone

calibration. All calibrators were designed to mimic the acoustic load of real ears, or at least

provide a load in the same range with a real ear. Nowadays, ear simulators are increasingly

used for headphone and mobile handset calibration as well. Ear simulators should be separated

in three different categories: couplers, ear simulators, and head and torso simulators (HATS).

Couplers are normally small volumes offering a reasonable load for hearing aid and insert

type of headphone measurements. The sound pressure developed by an earphone is not, in gen-

eral, the same in the coupler as in a person’s ear. However, these kinds of coupler measurements

offer a practical and simple way to compare different earphones. Most of the couplers do not

simulate the ear canal and the measurements do not show the resonance behavior of a real ear.

This limits the usable upper frequency for the coupler measurements for some applications. One

common problem with couplers, for insert headphone usage, is that the coupling is assumed and

designed to be very tight, with no leaks. For insert headphones in real usage, this is rarely the

case, and therefore coupler measurements tend to exaggerate low-frequency levels.

Ear simulators for insert type of headphones and hearing aids offer a more realistic represen-

tation of a human ear. Ear simulators are designed to have standing wave patterns similar to that

of a real ear. The impedance is also designed to mimic the real ear impedance. Occluded ear

simulators (commonly based on the ANSI S3.25 [20] and IEC60711 [21] standards), define the

acoustic transfer impedance at the eardrum. The standards are defined in the frequency range of

100 Hz - 10 kHz, thus the corresponding commercial simulators are calibrated in this frequency

range as well. The simulators offer a fairly realistic representation of a human ear characteristic
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but one of the main problems with these simulators is the lack of a realistic ear canal entrance.

ITU-T has published a recommendation (ITU-T P.57 [22]) that extents the IEC60711 stan-

dard by combining different types of pinnae with the simulator. The ear canals recommended in

the ITU-T P.57 are comprised of a 10 mm long uniform tube, and as they are designed for tight

coupling of hearing aids, measurement results for insert headphones yield exaggerated bass re-

sponse. There are also recommendations for leakage in the headphone coupling but due to the

recommended construction, the leakage simulators are only suitable for supra-concha or larger

headphones.

2 Adjustable simulators

In order to measure the effects of the differences in physical parameters of the outer ear a variety

of different ear canal simulators, different kinds of artificial pinnae, and a dummy head were

constructed. The main focus of this study was on the effect of the length of the ear canal and the

effect of the eardrum impedance. Therefore, only the simulators constructed for these purposes

are presented in this article.

2.1 Ear canal simulators

The main reason why ear canals are often modeled as straight rigid wall tubes is related to

the wavelength of audible sound waves. The diameter of the ear canal is smaller than the

wavelength of the highest audible frequencies. The skin on the canal walls has little or no effect

on the acoustics of the canal. Hence, a straight rigid wall tube acts as a good starting point when

building physical ear canal simulators.

For better understanding of the acoustic behavior of the ear canal, we needed to study the

frequency responses of a large variety of different sizes of artificial ear canals.

5



Figure 1: The adjustable ear canal simulator (ADECS) mounted to a microphone stand. The eardrum microphone

has been moved from the eardrum towards the canal entrance.

‘Ear canal’!

Cable!Microphone! Cavity!Neck!Microphone!

Eardrum"

piston!

Neck!

Microphone!

Movable piston!‘Ear canal’!

Cable!

‘Ear canal’!

Microphone!

Eardrum"

piston!

Movable pistons!

UNDAMPED!

DAMPED!

Figure 2: A diagram of ADECS with undamped eardrum (upper part) and damped eardrum (lower part). Cross-

sections from the front (left) and from the side (right).

The ‘ear canal’ is made of a hard plastic tube with a diameter of 8.5 mm and a total length

of 49 mm. The canal entrance is simply an open round hole. The ‘eardrum’ is made of a

movable plastic piston so that the simulator canal length can be adjusted from 0 mm to 39 mm.

A millimeter scale is attached to the side of the canal for easier control of the canal length.

In the center of the piston is a round hole, where a miniature microphone is fitted. The

position of the eardrum microphone is adjustable by hand. It can be located at the eardrum

piston level or pushed out as far as 57 mm into the canal towards (and outside of) the canal

entrance. The exact position of the microphone is supervised with a millimeter scale at the back

end of the simulator.

A simulator with a stiff eardrum has a frequency response that is slightly different from that

of a human ear. Resonance frequency peaks and antiresonance notches are sharp when mea-
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sured with rigid wall simulator, whereas with real ears they are smoother. For achieving a better

analogy with the human ear a damped artificial eardrum was fabricated. The movable plastic

eardrum piston used in the undamped ADECS was replaced with a movable piston made of

aluminum and consisting of the microphone and an adjustable Helmholtz resonator. An open-

ing for the resonator’s neck was drilled on the piston and the resonator’s cavity was mounted

behind it. A diagram of the eardrum (and the ear canal) is depicted in Fig. 2. Contrary to the

undamped eardrum, the position of the eardrum microphone is not adjustable. The volume of

the resonator’s cavity can be changed by sliding the back wall of the cavity. The Helmholtz

resonator acts as a damper at the eardrum as some of the sound energy inside the ear canal is

dissipated in the resonator. Its resonance frequency was initially set to approximately 2 kHz. In

order to spread the damping effect to a wider frequency range, absorbing material was added

inside the resonator’s cavity.

2.2 Dummy head with adjustable ear canals

An ear canal simulator without pinna and head is suitable only for occluded ear measurements.

For measurements in free field and a listening room, the next step in our research was to build

a complete dummy head. A torso with dimensions of an adult human was added to a manikin

head. Acoustically realistic artificial pinnae with different sizes and shapes were fabricated and

mounted to the head so that they were exchangeable. The ADECS ear canal simulator with

undamped and damped eardrums was attached as ear canal. The Dummy head with ADjustable

Ear Canals (DADEC), depicted in Fig. 3, was later used in various free-field and listening room

measurements.

In the present research, the total length of the ear canal of DADEC is defined as the length

of the simulator’s canal added with approximately 6 to 12 mm since the artificial ear extends

the ear canal as depicted in Fig. 4.
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Figure 3: Dummy head with adjustable ear canals and exchangeable pinnae (DADEC).

ADECS 
length!

~ Total length!

ADECS 
length!

~ Total length!

Figure 4: A simplified diagram of the ear canal of DADEC, the total length of which is the length of ADECS

extended by the artificial ear. Open ear canal on the left and ear canal blocked with an earphone on the right.
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Figure 5: A pair of earphones with fitted in-ear microphones (EFIM).

ADECS 
length!

Microphones! Cable!

Eardrum piston!

Earphone!

Figure 6: Diagram of measurement setup where EFIM is fitted to the undamped ADECS and the length of the

canal is adjusted by moving the eardrum piston.

3 Measurements of the acoustic properties of the outer ear

The acoustic behavior of the outer ear and the ear canal were studied through extensive mea-

surements with ear canal simulators, a dummy head, and human test subjects. The goal was to

learn how the outer ear behaves with and without insert earphones.

For measuring the frequency responses of a blocked ear canal, a special earphone was con-

structed. A Knowles FG-23329 miniature microphone was fitted in front of the transducer

port of a Philips SHN2500 earphone as depicted in Fig. 3. When the acoustic behavior of a

blocked ear canal or ear canal simulator was studied, this Earphone with Fitted In-ear Micro-

phone (EFIM) was placed at the canal entrance as depicted in Fig. 6 and 4. Impulse response

measurements were made with exponential sine sweep technique [23].

The transfer functions from the transducer to the in-ear microphone in different situations

(attached to a small cavity, attached to a long tube, and in free field) are depicted in Fig. 7. The

strong peak in the frequency response at 6 kHz is the earphone’s self-resonant frequency peak.
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Figure 7: Transfer functions (frequency responses) from EFIM’s transducer to its microphone when attached to a

small cavity, attached to a long tube, and in free field conditions.

3.1 Frequency responses of open ear canals

An open ear canal, closed at the other end by the eardrum, acts as a quarter-wavelength res-

onator. The resonance frequencies of a cylindrical tube open at one end, such as the ear canal,

are [24]

fn =
nc

4(L + 8r
3! )

, (1)

where n is an odd number (1, 3, 5...), L is the length of the tube, r is the radius of the tube and c

is the speed of sound.

When studying the pressure frequency responses of ADECS, the simulator was mounted to

a microphone stand (as in Fig. 1) in an anechoic chamber and pointed towards a loudspeaker

at a distance of 2 meters. The responses at different points along the ear canal were measured

using the movable eardrum microphone of the simulator. The free-field transfer functions at the

ADECS ear canal entrance (with canal lengths 20 mm and 25 mm) are depicted in Fig. 8. The

first two peaks of the resonance frequencies of the quarter-wave resonators are at 3 and 9 kHz

for the 25 mm canal. In the frequency domain, directly after the peaks follow the anti-resonance

notches. The frequencies at which these notches are located correspond to the distance between

the measurement point and the eardrum, from where the reflected sound wave arrives.

When a sound wave enters a tube that is closed at the other end, the sound pressure has its

10



!" #$%&'%()*+,-./ !0" 10"
!20

!10

!!0

0

!0

3
%
4
%
5+
,6
7
/

+

+
10+88

19+88

Figure 8: Pressure frequency responses at the ear canal entrance of ADECS with two different ear canal lengths

measured in free-field conditions.
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Figure 9: Pressure frequency responses at the eardrums of the undamped and damped ADECS with different ear

canal lengths in free field conditions.

maximum at the closed end. Antiresonance notches do not exist at the closed end, contrary

to other parts of the tube. The pressure peaks of the resonant frequencies of the quarter-wave

resonator tube are however pronounced at the closed end. The ADECS was used to study

the behavior of the resonant frequency peaks as the length of the ‘ear canal’ changes. The

length of the ADECS canal was adjusted with 1 mm steps from 0 to 30 mm while the pressure

frequency responses were measured with the eardrum microphone. Both the undamped and the

damped eardrums were used consecutively. Some examples of the measured responses with the

two different eardrums are shown in Fig. 9. There is a significant difference in the responses

measured with each of the eardrum microphones. The effect of the damping is clear at the

resonant frequencies of the ear canal, where the eardrum attenuates the peak of the resonance

frequency by approximately 10 dB.

11



!" #$%&'%()*+,-./ !0" 10"
!10

!!0

0

!0

10

2
%
3
%
4+
,5
6
/

7!8!1+9):;3%+<=99:>?(@A

+

+

1B+==+7CA

10+==+7CA

!D+==+7CA

!1+==+7CA

Figure 10: Frequency responses at the eardrum of DADEC with various ear canal lengths in an anechoic chamber

with azimuth 30!. (*) The given length is the length of the damped ADECS canal – not the total length (see Section

2.2).

To investigate responses at the eardrum of the dummy head (DADEC) with the damped ear

canal simulator (ADECS) a set of measurements was performed. The DADEC was placed at

a distance of 180 cm with azimuth angle 30! in an anechoic chamber. The pressure frequency

responses at the eardrum are depicted in Fig. 10. The second resonance at around 10 kHz has

been attenuated compared to Fig. 9. This damping is probably due to the improved impedance

matching from the ear canal through the concha and the pinna to the environment. The concha

and the pinna cause a horn-like expansion of the wavefront.

To study the effect of the pinna three different fabricated pinnae were attached to DADEC

with the undamped ADECS as ear canal in listening room conditions. In addition to the ‘normal’

pinna used in most measurements (e.g., Fig. 10), two larger pinnae (‘big’ and ‘cuplike’) were

used (see [19] for details). The overall differences in the obtained frequency response curves in

Fig. 11 are not striking considering the exaggerated differences in the physical sizes and shapes

of the pinnae.

3.2 Frequency responses of blocked ear canals

Compared to normal listening conditions with an unblocked ear canal, the acoustic behavior of

the ear canal is very different when it is blocked with an insert earphone. When the signal is
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Figure 11: The effect of the size and the shape of the pinna. Three different pinnae attached to DADEC. Responses

measured from the eardrum in a listening room with azimuth 0!.

played with a loudspeaker all of the outer parts of the auditory system act together to form the

total transfer function. In a listening room, with the ear canal left open, also the acoustics of

the room is shaping the frequency response of the system, that is, shaping the transfer function

from loudspeaker to eardrum. When using an insert earphone the effects of the head, shoulders,

pinna, and concha are absent and only the acoustic properties of the ear canal are of significance.

Nevertheless, the outer parts of the outer ear have a major role in shaping the way we are used

to hear external sound sources, which is important especially in directional hearing. These

outer parts should therefore not be completely forgotten when contemplating the acoustics of

the occluded ear canal.

The behavior of the blocked ear canal was studied through extensive measurements both

with simulators and with human test subjects. One of the most important characteristics of the

ear canal is its length, the effect of which was in the center of our research. In addition, the

effect of the impedance of the eardrum was studied with simulators and a human test subject.

During the research, several measurements were performed with EFIM mounted to an ear

canal simulator as depicted in Figs. 4 and 6. A exponential sine sweep was reproduced with

EFIM and recorded with its in-ear microphone and the eardrum microphone of ADECS. Similar

to the measurements with the open ear canal, the effect of the canal length was studied making

good use of the adjustable simulator. The length of the canal was adjusted with 1 mm steps from
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Figure 12: Frequency responses measured with the eardrum microphone (drum) and with the in-ear microphone

of EFIM (entrance) from the undamped ADECS with canal length of 25 mm.
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Figure 13: Frequency responses measured with the eardrum microphone (drum) and with the in-ear microphone

of EFIM (entrance) from the damped ADECS with canal length of 25 mm.

5 mm (minimum) to 40 mm. The responses from the undamped ADECS with a 25 mm ear canal

are depicted in Fig. 12. The graph shows the antiresonance notch at approximately 2.2 kHz at

the earphone microphone (canal entrance). The first half-wave resonance, which is marked with

an arrow, is approximately at 8 kHz. The peak at 6 kHz is caused by the self-resonant frequency

of the earphone.

A similar set of measurements was performed with the damped eardrum. The canal length

of the simulator was adjusted as frequency responses were measured using the eardrum micro-

phone and the in-ear microphone. The damped eardrum smoothens the antiresonance notch at

around 2 kHz, as can be seen from Fig. 13. The responses at the eardrum with different canal

lengths are depicted in Fig. 14. The locations of the first half-wave resonance peaks, which are

marked with arrows, are determined by the length of the canal.
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Figure 14: Frequency responses measured with the eardrum microphone of the damped ADECS (blocked with

EFIM) with different canal lengths.
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Figure 15: Frequency responses at the left and right blocked ear canal entrances of a human test subject (JV).

With the EFIM it was easy to measure the pressure frequency responses also from real ears.

The test subjects were asked to place the EFIM in their ears, and the responses were then

captured using the earphone and its in-ear microphone. Eight test subjects participated in these

measurements, both ears of whom were measured. The differences between individuals were

significant, and in addition, the differences between right and left ears were interestingly large

with some of the subjects. The responses from measurements with Subject (JV) are depicted

in Fig. 15. The lengths of the canals seem to be different, since the first half-wave resonance

peaks are located at 7.3 kHz (right) and 8.3 kHz (left).

The responses at the canal entrance obtained from real ears showed similarities with those

measured from ADECS and DADEC. As one example of this, Fig. 16 shows the responses

measured with DADEC (with damped ADECS as ear canal) and the left ear of a human test

subject (MH). The responses are similar up to 15 kHz. In this example, the ear canal length of
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Figure 16: Frequency responses at the blocked ear canal entrances of a human test subject (MH) and DADEC.

ADECS was set to 17 mm, upon which the artificial ear adds a few millimeters as described in

Section 2.2 and Fig. 4.

4 Computational Modeling

Computational modeling was applied to open and closed ear canal cases in order to test our

comprehension of phenomena involved in ear canal and earphone acoustics. This was accom-

plished by comparing modeling results against measured data from the physical simulators.

4.1 Open ear canal modeling

An open ear canal simulator without a dummy head is simply a terminated tube. It can be

modeled as a system composed of approximate eardrum impedance, practically lossless ear

canal as an acoustic transmission line, and an external pressure sound source with internal

acoustic impedance, equivalent to the radiation impedance of the tube opening [25, Ch. 5] due

to the reciprocity principle [26, Ch. 7]. The equivalent circuit applied is shown in Fig. 17.

Figs. 18 and 19 show a comparison between the measured and modeled pressure frequency

responses at the canal entrance and the eardrum, respectively, for a 28 mm long undamped

ADECS ear canal simulator with diameter of 8.5 mm. The eardrum impedance used in the

computational model was a simple RCL model of the tympanic membrane [27] and the radiation

impedance was as shown in Fig. 17. As can be seen, the measured and modeled responses agree
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Figure 17: Circuit model for the open ear canal.
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Figure 18: Measured responses at the ADECS canal entrance and at the eardrum for 28 mm canal length.

well.

4.2 Acoustic Thévenin Equivalent of the Earphone

To enable computational modeling of interaction between the earphone and the ear canal, a

model of the earpiece as an electroacoustic source is needed. Instead of trying to derive an

electro-mechanic-acoustic equivalent circuit3, it is enough to estimate a Thévenin type of source

model with voltage-to-pressure source term PS and acoustic source impedance ZS, as illustrated
3For headphone modeling in general, see [28] and [27].
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Figure 19: Modeled responses at the canal entrance and at the eardrum for 28 mm canal length.
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Figure 20: Acoustic Thévenin equivalent circuit for the earphone.

in Fig. 20. For a given acoustic load ZL, the pressure response PL delivered by the source is

PL =
ZL

ZS + ZL
PS. (2)

In principle the easiest way to obtain the two unknowns is to measure the open-circuited (ZL =

!) pressure, equal to PS, and short-circuited (ZL = 0) volume velocity QL = PS/ZS, from

which ZS is solved. In contrast to electric circuits, a problem in acoustics is that both of the

mentioned conditions are difficult to obtain, and therefore other more ideal loading conditions

need to be applied.

There are a number of published methods to measure and estimate the Thévenin source

parameters. Many of the methods have been developed for probes used to measure the ear canal

or eardrum impedance for audiology purposes [2, 6–18]. The impedance probes in audiology

typically include a sound source driver fed through a thin vent and a microphone through a probe

tube, sensing pressure at a short distance from the source radiation point. Responses measured

very close to the radiation source are not directly applicable due to near-field effects [29].

A commonly used method of calibrating the impedance probe is to load it by several hard-

walled closed tubes or cavities, for which there exists an analytically computable impedance

expression [8, 10, 13]. Using for example five different lengths of tube loads there will be five

equations to solve for two variables. This means an overdetermined set of equations, leading to

least squares optimization of both the source pressure term and the acoustic impedance [8, 10].

We tried many different methods to estimate a Thévenin source model for the Philips ear-

phone. The best results were obtained when using several approximately resistive loads, made
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Figure 21: Measured in-ear microphone pressure frequency responses in five resistive load tubes for Thévenin

model estimation.
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Figure 22: Magnitude response of Thévenin pressure source.
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Figure 23: Impedance magnitude of Thévenin model, normalized to wave impedance of 8 mm diameter tube.
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Figure 24: Modeled and measured frequency responses at the eardrum and at the entrance of the undamped ADECS

with a 26 mm ear canal.

of long tubes with different diameters, for which the wave impedance is Zw = !c/A, where A

is the cross-sectional area of the tube, ! is air density, and c is speed of sound. A tube length

of about 2-3 meters is long enough when the back-reflection from the open end is removed by

temporal windowing of the reflection function.

With M = 5 calibration loads Zi of diameters from 5 to 10 mm and measuring related

pressures Pi, the source terms PS and ZS for the earphone driver were solved in least squares

sense from the overdetermined set of equations
!

"""""""""#

Z1 ! P1

Z2 ! P2

...

ZM ! PM

$

%%%%%%%%%&

!

""#
PS

ZS

$

%%& =

!

"""""""""#

P1Z1

P2Z2

...

PMZM

$

%%%%%%%%%&

(3)

using pseudo-inverse (function pinv in Matlab). Fig. 21 shows the magnitude responses of the

measured pressures Pi and Figs. 22-23 plot the magnitude behaviors of the source pressure PS

and the impedance ZS, respectively. Due to the near-field effects of the sound source we could

not use the in-ear microphone of the earphone (EFIM), but applied a separate probe microphone

7 mm from the earphone outlet to measure the pressures Pi.

20



!" #$%&'%()*+,-./ !0" 10"
!20

!30

!40

!50

!60

!10

!!0

0

7
%
8
%
9+
,:
;
/

10+<<+)=(=9

+

+

>$'<?+<%=@'$%:

>$'<?+<A:%9%:

B(C$=()%?+<%=@'$%:

B(C$=()%?+<A:%9%:

Figure 25: Modeled and measured frequency responses at the eardrum and at the entrance of the undamped ADECS

with a 20 mm ear canal.

4.3 Interaction of driver and ear canal

Having estimated the Thévenin source model, acoustic responses to any point in the ear canal

model can be computed and compared to measured data. Figs. 24 and 25 depict the modeled

vs. measured responses at 7 mm from the earphone (‘Entrance’) and at the eardrum (‘Drum’)

with two different canal lengths. The resemblance between the modeled and measured data is

good so that the model is applicable in exploring the behavior of the insert earphone connected

to different kinds of ear canals.

5 Summary and conclusions

The aim of this study was to explore the acoustic behavior of the external ear together with

insert type of earphones. Understanding the individual features of listeners and how they affect

the earphone-reproduced sound helps in designing earphones and using them in binaural repro-

duction and auralization. Insert earphones occlude the ear canal so that the effects of concha,

pinna, head, and shoulders are excluded. These external parts need to be taken into account

carefully in detailed auralization, but in music reproduction, their individual variation is not as

prominent.

In addition to the earphone driver itself, the tone color in insert earphone reproduction is
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dependent on the acoustic impedance of the eardrum, the size and form of the ear canal, and the

leakage of the earphone fitting. The user must take great care of tight fitting, because otherwise

no full bass response is possible. From our measurement results, we conclude that the length of

the ear canal has a clear effect in determining the pressure frequency responses at the ear canal

entrance and at the eardrum. In addition, the eardrum impedance determines the sharpness of

the resonance peaks and antiresonance notches. For a realistic model of a human ear canal, the

impedance of the eardrum needs to be taken into account. According to our experiments, the

variation in eardrum impedance can have even a larger impact than the canal length.

Other physical parameters, such as the shape of the ear canal and other parts of the outer ear

were studied also [19], although they are not reported in this paper. It was found that differences

in the shape of the outer ear are a factor to be considered when modeling the outer ear. However,

in comparison to the eardrum impedance and varying ear canal length, other differences were

found to be of less importance.
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ABSTRACT

Augmented reality audio (ARA) means mixing the natural sound
environment with artificially created sound scenes. This requires
that the perception of natural environment has to be preserved as
well as possible, unless some modification to it is desired. A
basic ARA headset consists of binaural microphones, an ampli-
fier/mixer, and earphones feeding sound to the ear canals. All these
components more or less change the perceived sound scene. In this
paper we describe an ARA headset, equalization of its response,
and particularly the results of a usability study. The usability was
tested by subjects wearing the headset for relatively long periods
in different environments of their everyday-life conditions. The
goal was to find out what works well and what are the problems in
lengthened use. It was found that acoustically the headset worked
fine in most occasions when equalized individually or generically
(averaged over several subjects). The main problems of usage were
related to handling inconveniences and special environments.

1. INTRODUCTION

In augmented reality audio (ARA), natural surrounding sound en-
vironment is enriched with virtual sounds, played to the user with
a special ARA headset, which consists of a pair of headphones
with integrated microphones. In normal usage, the microphone
signals are transmitted to the earphones, exposing users to natu-
ral surrounding sounds. To separate the situation from listening
without a headset, this is called pseudo-acoustics [1]. Ideally, the
ARA headset should be acoustically transparent, with no differ-
ence between pseudo-acoustics and listening to environment with-
out a headset.

For creating a realistic augmented reality audio environment,
different kinds of external hardware is required. Fig. 1 shows an
example of a complete ARA system. The lower part includes
blocks for creating and rendering virtual sounds to a user. One of
the key concepts is position data for keeping virtual audio objects
in place while the user moves. The upper block is for transmitting
the binaural signals, e.g., for communication purposes. The head-
set and the ARA mixer in the middle are the user-worn parts. The
mixer takes care of routing and mixing all the signals involved in
the system. The headset part is similar to common headphones that
are widely used with portable players, with added microphones.

Ideally, a user should not have to wear any extra hardware for
ARA applications, just a pair of wireless headsets including all the
necessary hardware. Unfortunately, with current technology this is
not yet possible. However, hardware can already be miniaturized
enough to make practically portable ARA devices.

Although many people are fairly used to wear earplugs or
headphones throughout the day in everyday-life situations, there
are still very few studies on how people would perceive and accept
an ARA headset when worn for longer periods of time in everyday-
life situations. People wearing hearing aids naturally have experi-
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ARA ARA
MIXERMIXER
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LOCATION AND ORIENTATION

ACOUSTICS PARAMETERS

PREPROCESSING FOR
TRANSMISSION

OUTPUT SIGNAL

INPUT
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Figure 1: ARA system diagram (after [1]).

ence in listening to surrounding sounds through a "headset". How-
ever, there the primary design target is to provide enough sound
pressure to make sounds audible and to maximize speech clarity
in front of the user, whereas for an ARA headset the primary de-
sign target is to keep the sound environment as unaltered as possi-
ble. Of course, an ARA headset can be set to fit many purposes,
including usage as a hearing aid.

One of the key factors in acceptability of an ARA headset is
sound quality. If people are expected to wear a headset for longer
periods of time, the pseudo-acoustics should not differ from natu-
ral acoustics too much. Therefore, the ARA mixer combined with
the headset should be equalized to provide a transparent illustra-
tion of the surrounding sounds [2].

Another usability issue comes from the hardware portability.
Nowadays people are fairly used to carry small mobile items like
mobile phones, mp3-players, and PDAs. Also, many people listen
to music daily for long periods of time, thus carrying and wearing
a headset should not be a problem. If the usability of the head-
set is acceptable, the headset would offer a practical platform for
all kinds of applications [3] from work to entertainment. In gen-
eral the headset could be used as an all-around audio interface for
personal appliances, as well as for other services.

Among the most potential ARA applications are full audio
quality binaural telephony and audio meetings with distant sub-
jects panned around the speaker, information services and object
browsing based on position and orientation information (such as in
stores product information could be given directly to the headset),
virtual tourist guide giving location-dependent object information
by voice, audio memos and contact management, as well as audio-
based games and making of music. The pseudo-acoustic environ-
ment can also be processed in many ways such as adding audio
effects, speech enhancement, noise cancellation, hearing protec-
tion, and hearing aid functions.
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Figure 2: Left: Headset used in the evaluation. Microphone is on
the left and headphone outlet on the right. Middle: Headset fitted
in ear. Right: Prototype ARA mixer.

Although multimodal communication is in most cases pre-
ferred over a single modality, one of the strengths of ARA tech-
niques is that they can be used practically anywhere, anytime,
hands-free, and eyes-free.

This paper introduces results of a pilot study on the usability of
an ARA headset when used for longer periods of time in everyday-
life situations. In addition to general usability, the goal was also
to find out different usability aspects of such headsets. A group
of four subjects wore an ARA headset in everyday-life conditions
and reported the observations in a diary.

2. ARA MIXER AND HEADSET

An ARA mixer and headset was constructed and evaluated from
the point of view of pseudo-acoustic sound quality and usability
in practice. The headset was constructed from a noise-cancelling
headphone (Philips SHN2500) that contains insert type earphones
and electret microphones integrated together as shown in Fig. 2.
The original functionality was changed by replacing the external
electronics box for noise cancellation by an ARA mixer designed
in the project, shown also in Fig. 2.

The earphones fit quite tightly to the ear canal entrance, while
the microphones remain about 1 cm out from that point, which
could mean degradation of spatial perception and inconvenience
of using a telephone. The microphones have also some directivity
at highest frequencies, which means that sound coloration is de-
pendent on sound source direction. The main technical problem
was, however, the acoustic effects inside the ear canal and how to
compensate them as well as acoustic leakage of external sound to
the ear canal.

2.1. Coloration of Pseudo-acoustics due to the ARA Headset

The external ear modifies the sound field in many ways while
transmitting sound waves through the ear canal opening to the ear
drum. Normally, the ear canal is open and acts as a quarter wave-
length resonator with one end being closed by the eardrum and the
other end open to the air. For an open ear canal, the first ear canal
resonance occurs at around 2-4 kHz depending on the length of the
canal [4]. When a headphone blocks the ear canal, this resonance
disappears, and the sound field is perceived unnatural. In this case,
the ear canal is closed from both ends and it starts to act more like
a half-wavelength resonator [5]. The lowest resonance now occurs
at around 5-10 kHz depending on the length of the ear canal and
fitting of the earplug.

In order to make the headset acoustically more transparent,
equalization is needed to recreate the quarter-wave resonance and
to damp the half-wave resonance. Also the frequency response of
the headset causes coloration, which has to be equalized.

Figure 3: Filter sections in the equalizer.

The headset (especially an insert-type) attenuates the mid-range
and high frequencies coming from outside quite efficiently. How-
ever, there is always some leakage through the headset and also
between the skin and the cushion of the headphone [6]. Low fre-
quencies can leak through the headphone quite effectively. The
leaking from the real environment sums up in the ear canal with the
pseudo-acoustic representation produced by the transducer. This
summing causes coloration especially at low frequencies and dete-
riorates the pseudo-acoustic experience [1]. The amplification of
low frequencies has to be equalized.

2.2. Equalization Properties of the ARA Mixer

The ARA mixer of this study is presented in more detail in [2].
The mixer includes a mixing section for transmitting the micro-
phone signals to the earphones, and also for mixing external sound
sources to the pseudo-acoustic environment. The mixer includes
also an adjustable equalization section to make the pseudo-acoustics
sound as natural as possible. For lowest latency possible the mixer
was constructed with analog electronics. This is important since
the addition of the acoustic leakage and the delayed pseudo-acoustic
sound creates a comb filtering effect resulting in coloration. Even
a fraction of millisecond of latency in processing can be disturb-
ing. Typical digital audio hardware and software can make several
milliseconds of latency, and are therefore not suitable for the task.

The equalizer section has two parametric resonators and a high-
pass filter. The resonators can be used to recreate the missing
quarter-wave resonance, and to damp the added half-wave reso-
nance. The high-pass filter is used to compensate for boosted low
frequency reproduction due to sound leakage between the head-
phone and skin. Figure 3 shows a block diagram for the equaliza-
tion section of the mixer.

During the evaluation described in Section 3, two of the tes-
tees used individually tuned equalization, and the other two used
generic equalization. For individual equalization the headset re-
sponses were measured in an anechoic chamber. The transfer func-
tion from a loudspeaker in front of the testee into the ear canal of
the testee was first measured without a headset, and then the mea-
surement was repeated with a headset on. The lower plot in Fig.
4 shows the measurement results without a headset (black line)
and with a headset (grey line). There is no equalization used in
the headset in this case. The measurement data clearly demon-
strate the quarter wave resonance around 2.5 kHz when there is no
headset, and how it disappears when the headset is put on. Also,
pronounced low frequencies and the added half-wave resonance at
around 8 kHz are clearly visible. The upper plot in Fig. 4 shows
measurement data for the same subject when the equalization is ac-
curately tuned and switched on. For the generic (non-individual)
equalization, shown in Fig. 5, the equalization curve was computed
as the average of four different individual measurement data.

It should be noted that due to the simple implementation of
the equalization circuit, even the individual equalization setting
differ noticeably from the measured curve. Therefore, the individ-
ual equalizer setting is still an approximation of the real measured
curve. A small-scale quality evaluation with four listeners was
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Figure 4: A transfer function from a loudspeaker into the ear with-
out a headset (black line in both plot pairs), with an equalized
headset (grey line in upper plot pair), and with an unequalized
headset (gray line in lower plot pair).

Figure 5: Generic target equalization curve for ARA headset [2].

conducted, in which the subjects compared real acoustic sound,
the headset without equalization, the headset with generic equal-
ization, and with individual equalization [2]. There was a clear
quality difference between the unequalized and any equalized case.
In some cases the lack of equalization accuracy caused that the
generic equalization curve sounded better than the individual one,
or at least, the difference was very small [2].

3. USABILITY EVALUATION

The usability of the ARA headset was evaluated in real-life situa-
tions with a set of subjects. A group of four testees where given an
ARA headset and mixer and they were instructed to wear the head-
set for long periods in everyday-life situations. The main question
for the testees was: "Would you be willing to wear this kind of a
headset in everyday-life situations?".

The testees were instructed to keep a diary and mark down all
observations they find concerning the usage of the headset. Addi-
tionally, the test subjects were given a list of guidance questions
to ease the diary keeping. Between testees, the evaluation period
lasted from four days to a week, and the total time of usage of the
headset varied between 20 - 35 hours. The continuous usage peri-
ods varied from few minutes to eight hours. The test subjects wore
the headset in many different situations. Situations included for
example dining, conversations, walking, light exercises, driving,
public transportation, listening to music, watching movies, using
mobile phones, listening to lectures, and so on.

4. EVALUATION RESULTS

The overall comments from the users were very positive. By sound
quality the headset was found very good and applicable for most
cases of practical everyday-life situations. The most criticism arouse
from the wires that transmitted mechanical noise to the headsets,
and also the wires tend to get stuck in clothes. The following chap-

ters summarize and comment the diary reports from the testees. A
more compact summary of the diaries is shown in Table 1.

4.1. Audio quality

Audio quality of the headset was found very good. Sense of space
and directional hearing was reported to be very close to natural
hearing. The sound color of pseudo-acoustics was found suffi-
ciently good for most practical everyday-life situations. The main
complaint was that the higher frequency range was slightly atten-
uated. For critical listening situation, e.g., listening to music, this
might be slightly annoying.

It was surprising how well sound sources were externalized
also in front of the subject, because this is very difficult in HRTF-
based auralization. The reason to very natural externalization in
front is probably the co-operation of hearing and vision, as it hap-
pens in normal life. When binaural signals were recorded and lis-
tened to later without visual information, frontal externalization
was not as good anymore.

There was some audible noise present from the electret micro-
phones. At first it was noticeable but the testees reported to get
used to it very fast, and after a while the noise was not perceived.
When listening to quiet sounds in a silent environment the noise
could be heard. This phenomenon can be considered as a slightly
raised hearing threshold due to the noise. In any case, whenever
the noise was audible, it was not reported to be annoying.

One test subject reported that after a long wearing period the
sound color of the natural environment was forgotten, and the
pseudo-acoustics felt natural. Though, removing the headset re-
vealed all the possible artifacts in pseudo-acoustics, mainly inher-
ent (and mostly inaudible) noise, and spectral colorations.

4.2. Ergonomics

Some critique emerged about the handling noise and limitations
caused by the wires of the headset. When they made contact with
objects (for example the collar of the shirt or the zip of a jacket)
the noise was mechanically transmitted to the headset. The wires
tend to get stuck and limit the head motion. One way to overcome
this problem would be to use softer and more flexible wires. Blue-
tooth or other wireless techniques could be used to route the sig-
nals between the headset and the mixer, thus eliminating the wire.
Another issue for all test subjects was the unnecessarily large size
of the ARA mixer, which was found cumbersome to carry. How-
ever, the electronic circuits in the mixer could be easily fitted in a
smaller circuit layout, and thus the problem would be easily fixed.

Placing and removing the headset was found easy. Wearing
the headset did not cause ear ache even after hours of usage. Only
one testee, with smaller ear canals, had troubles fitting the headset,
and also experienced ear ache while wearing the headset.

The headset extended slightly outside the ear canal. This had
effect on using a mobile phone. All the testees reported that using a
mobile phone was a little troublesome. The mobile phone touching
the headset created unpleasant clicks in the headset. Furthermore,
due to the headset the mobile phone could not be properly coupled
to the ear and this resulted in a thin sound in the mobile phone.
A smaller and deeply inserted headset might solve this problem.
Another, and more preferred solution would be to use the headset
as a hands-free device for the mobile phone.

4.3. Communications

All of the testees reported that they had no problems in normal
conversation situations. For speech the sound quality was very
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Table 1: Summary of four diarys. ++++ = all testees found an attribute working, +++ - = all but one testee found the attribute working,...
- - - - = all testees found the attribute not working. Please, refer to text for more detailed explanation on results.

++++ +++- ++ - - + - - - - - - -
Directional hearing, Sound quality, Wind, Distortion (impulses) Distortion (continuous) Talking to a mobile
Spatial impression, Inherent noise, Ease of fitting, Running/jumping
Speech intelligibility, Ear ache, Watching TV, Concert, Strong wind
Walking Traffic noise, Listening to music Size of the mixer

good. One of the big complaints was that the users own voice
sounded very boomy and the sound was localized inside the head.
However, most of the test subjects mentioned to got accustomed to
this fairly fast and, in the end, this was not found annoying. One
test subject reported that sometimes he had trouble determining
the level of his own voice.

Wearing an ARA headset in some situation where it is not ap-
propriate or polite to wear headphones, e.g., lectures and conver-
sations, created some social uncomfort. Of course, if other people
would know that the headset transmits the sound unaltered, then
this would be no problem.

4.4. Other observations

Eating and drinking was reported to be one of the most irritat-
ing situations with the headset. Also, other similar situations like
washing teeth was found unpleasant.

Loud bangs, e.g. from doors, overloaded either the micro-
phones or the amplifier resulting in distorted sound in the headset.
Some of the test subjects found this very irritating while others
less annoying. Listening to continuous loud sounds, e.g., music,
resulted also in distorted sound, and was reported to be annoy-
ing. Distortion performance could be improved by better electric
design and by choosing mechanically less sensitive microphones.
The connectors of the wires could cause undesired scratchy noises
when there were contact problems due to movement of the wires.

At first, walking sounded uncomfortable due to boomy sound
from the foot step but test subjects reported to get accustomed to
this fairly fast. However, running and jumping was still reported to
be unpleasant due to boomy foot step sounds. Also, heavy breath-
ing, e.g., after some exercise, sounded boosted and unpleasant. In
a very windy situation the microphones got mechanically over-
loaded and this resulted in unpleasant sound in the headset. Mild
wind was not found a problem.

Some test subjects tried listening to music by using the ARA
mixer to mix music to pseudo-acoustics. Just like listening to
conventional headphone, the music was located inside the head.
However, this was found positive as it separated the music from
the pseudo-acoucstics. Also, the ability to hear surrounding sound
was found useful.

4.5. Feature suggestions

The most desired lacking feature was the ability to adjust the level
of the pseudo-acoustics, either boost or attenuate. However, the
system should have some sort of automatic gain control to prevent
hearing damage due to surrounding loud sounds, and also due to
user’s own sound sources.

Another suggested feature was the ability to use the headset
as a hands-free device for a mobile phone. In addition the headset
could function as an audio interface for any audio device. The
connection could be offered wirelessly, e.g., with bluetooth.

As for the main question whether the test subjects would be
willing to use the headset in everyday-life situation the answer was

mainly positive. The testees were willing to use the headset, even
for longer periods, in the everyday-life situations, if the headset
would offer some added value or other advance.

5. CONCLUSIONS AND DISCUSSION

As a conclusion it seems that a generically equalized ARA headset
is applicable in everyday-life situations. The sound quality is suffi-
cient and the usability was good enough in most cases of practical
situations. However, the pseudo-acoustics as such did not bring
any added value to listening to surrounding sounds. If there was
any extra advantage on using the headset, the test group would be
willing to use the headset, even for longer periods of time.

An ARA headset is naturally designed for ARA applications.
Therefore, the real usability, or rather, usefulness of the headset
comes with the applications. There are many application areas
where it is essential that a user’s perception of surrounding sounds
should not be interfered. For example, while walking in the streets
with an augmented audio guide, for sake of safety, a user should be
well aware of surrounding sounds. Analysis of surrounding sound
environment could be one attractive added value application for
the ARA headset. The system would continuously analyze the mi-
crophone signals and, e.g., warn of approaching vehicles, or based
on user preferences give information on surrounding environment.

The number of testees in the evaluation was fairly small and
an evaluation with a bigger test group would be required for more
thorough analysis on the subject. Based on the findings and sug-
gestions from this evaluation we are planning a larger scale usabil-
ity evaluation of ARA-headsets.
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An augmented reality audio (ARA) headset is described with regard to the equalization of
its response and, in particular, the results of a usability study. The usability was tested by
subjects wearing the headset for relatively long periods in different environments of their
everyday-life conditions. The goal was to find out what works well as well as any problems
with extended use. Furthermore it was tested how, during the test period, users would adapt
to certain practical activities and to the electrically transmitted and reproduced sound envi-
ronment. It was found that acoustically the headset worked well for most occasions. The
main problems with usage were related to boosted user sounds due to occlusion effects,
handling inconveniences, and mechanical noise from the wires. To some degree the test
subjects adapted to the slightly altered sound environment, whereas adaptation to physical
activities was very small or insignificant.

0 INTRODUCTION

In augmented reality audio (ARA) the natural surround-
ing sound environment is enriched with interactive virtual
sounds. Virtual sounds can be played to the user with a
special ARA headset, which consists of a pair of ear-
phones with integrated microphones. In normal usage the
microphone signals are transmitted to the earphones, ex-
posing the user to natural surrounding sounds. To distin-
guish this situation from the normal situation of listening
without a headset, this is called pseudoacoustics [1]. Ide-
ally the ARA headset should be acoustically transparent,
with no difference between pseudoacoustics and listening
to the environment without a headset. Such a headset is
seen as a basic component of future personal audio and
voice communications.

For creating realistic augmented reality audio, different
kinds of external hardware are required. Fig. 1 shows an
example of a complete ARA system. The lower part
includes blocks for creating virtual sounds and rendering
them to a user. One of the key concepts is location and
orientation data for keeping virtual audio objects in place
while the user moves. The upper block is for transmitting
the binaural microphone signals, such as for communication
purposes. The headset and the ARAmixer in the middle are
the user-worn parts. The mixer takes care of routing and
mixing all the signals involved in the system. The headset
part is similar to common earphones, which are widely used
with portable players, with added microphones.

Ideally a user should not have to wear any extra hard-
ware for ARA applications, just a wireless headset that
includes all the necessary hardware. Unfortunately with
current technology this is not yet possible in practice.
However, hardware can already be miniaturized enough
to make practically portable ARA devices.

Although many people are fairly used to wearing ear-
plugs or headphones throughout the day, there are still very
few studies on how people would perceive and accept an
ARA headset when worn for longer periods of time in
everyday-life situations. Based on a prestudy [2], the overall
usability of the headset used in this study was found accept-
able on most occasions. People wearing hearing aids natu-
rally have experience in listening to surrounding sounds
through a “headset.” However, with hearing aids the pri-
mary design target is to provide enough sound pressure to
make sounds audible and to maximize speech clarity in
front of the user, whereas for an ARA headset the primary
design target is to keep the natural sound environment as
unaltered as possible. Of course an ARA headset can be set
to fit many purposes, including use as hearing aid or hearing
protector. Furthermore, as found in the prestudy, good
sound quality as such, without any applications, does not
motivate people to wear the headset. With hearing aids the
useful application is built in, and thus people are motivated
to wear the hearing aid, even if the sound quality or user
experience is far from optimal.

Among the most promising potential ARA applications
are full audio quality binaural telephony and audio meet-
ings with distant subjects panned around the speaker, in-
formation services and object browsing based on position
and orientation information (such as in stores, where

*Manuscript received 2008 December 18; revised 2009
May 17.

430 J. Audio Eng. Soc., Vol. 57, No. 6, 2009 June

PAPERS



product information could be given directly to the head-
set), virtual tourist guide giving location-dependent object
information by voice, audio memos and contact manage-
ment, as well as audio-based games and making music
[3]. The pseudoacoustic environment can also be pro-
cessed in many ways, such as adding audio effects, speech
enhancement, noise cancellation, hearing protection, and
hearing-aid functions.

Although in most cases multimodal communication is
preferred over a single modality, one of the strengths of
the ARA technique is that it can be used practically any-
where, anytime, hands-free, and eyes-free.

One of the key factors in the acceptability of an ARA
headset is sound quality. If people are expected to wear a
headset for longer periods of time, especially in everyday-
life situations, the pseudoacoustics should not differ too
much from natural acoustics. Therefore the headset
should be equalized to provide a transparent reproduction
of the surrounding sounds [4], [5].

In addition to tonal transparency, spatial hearing should
be preserved as close to normal as possible. This means
that the headset should provide the necessary spatial in-
formation to the user. A common way to construct an
ARA headset is to place microphones outside the ear-
phones. If the microphones can be placed close to the ear
canal entrance, all the necessary spatial information can
be provided to the user [6], [7].

Another usability issue comes from the requirement for
hardware portability. Wearing an ARA system should not
interfere with normal life practices. However, nowadays
people are fairly used to carry small mobile items such as
mobile phones, mp3-players, and PDAs. Also, many peo-
ple listen to music daily for long periods of time, thus
carrying and wearing a headset should not be a problem.
If the usability of the headset is acceptable, the headset
would offer a practical platform for all kinds of applica-

tions from work to entertainment. In general the headset
could be used as an all-around audio interface for personal
appliances, as well as for other services.

Building an ideal ARA system is a great challenge, and
therefore a practical ARA system will be more a less
compromised in some areas. The headset used in the study
closes the ear canal fairly tightly, and this results in an
occlusion effect where all internal sounds (such as own
voice, biting, foot steps) are boosted in the ear canal. This
is the first, and in most cases the most annoying, effect that
is noticed when the headset is worn for the first time. One
interesting question is how well, and in what conditions,
users adapt to a slightly degraded version of natural acous-
tics, and to other issues arising from wearing the headset.

This paper presents the results of a study on the usability
of an ARA headset when worn for longer periods of time
in everyday-life situations. In addition to general usability,
the adaptation to certain practical activities and to sound
quality of pseudoacoustics was tested. A group of ten
subjects wore an ARA headset in everyday-life conditions
and reported the observations in a diary. Annoyance of
eating, drinking, speaking, and chewing a bubble gum
with the headset on was evaluated, as well as the overall
sound quality of the headset. The evaluation was per-
formed before and after the field test period to investigate
whether users adapt to any of the actions tested, or to
the sound quality of the headset. In addition to the particu-
lar ARA headset, the results are interesting from the point
of view of wearing any insert-type earphones.

1 ARA MIXER AND HEADSET

The ARA mixer and the headset used in the evaluation
were constructed and evaluated from the point of view of
pseudoacoustic sound quality and usability in practice [4].
The headset was constructed from a noise-canceling head-
phone (Philips SHN2500) that contains insert-type ear-
phones and electret microphones integrated together, as
shown in Fig. 2. The original functionality was changed
by replacing the external electronics box for noise cancel-
lation by an ARA mixer designed in the project, also
shown in Fig. 2.

The earphones fit quite tightly to the ear canal entrance,
while the microphones protrude about 10 mm from that
point, with potential degradation of spatial perception and
inconvenience when using a telephone. The microphones
have also some directivity at the highest frequencies,
which means that sound coloration is dependent on the
sound source direction. The main technical problem was,
however, the acoustic effects inside the ear canal and how
to compensate for this, as well as acoustic leakage of
external sound to the ear canal.

1.1 Coloration of Pseudoacoustics
Due to ARA Headset

The external ear modifies the sound field in many ways
while transmitting sound waves through the ear canal
opening to the ear drum. Normally the ear canal is open
and acts as a quarter-wavelength resonator with one endFig. 1. ARA system diagram [1].
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being closed by the eardrum and the other end open to the
air. For an open ear canal the first ear canal resonance
occurs at around 2–4 kHz, depending on the length of the
canal. When an earphone blocks the ear canal, this reso-
nance disappears and, as such, the sound field is perceived
as unnatural. In this case the ear canal is closed from both
ends, and it starts to act more like a half-wavelength
resonator. The lowest resonance now occurs at around
5–10 kHz, depending on the length of the ear canal and
fitting of the earplug.

In order to make the headset acoustically more trans-
parent, equalization is needed to recreate the quarter-wave
resonance and dampen the half-wave resonance. Also the
frequency response of the headset causes coloration,
which has to be equalized.

The insert earphone used in the study attenuates the sur-
rounding sounds quite efficiently in the mid and high fre-
quencies. However, there is always some leakage through
the headset and also between the skin and the cushion of the
earphone [8]. Low frequencies can leak through the ear-
phone quite effectively. The leaking from the real environ-
ment sums up in the ear canal with the pseudoacoustic
representation produced by the transducer. This summing
causes coloration, especially at low frequencies, and dete-
riorates the pseudoacoustic experience [1]. The amplifica-
tion of low frequencies has to be equalized, as well as other
spectral colorations caused by the headset design itself.

1.2 Equalization Properties of ARA Mixer

The ARA mixer of this study is presented in more detail
in [4], [9]. The mixer includes a mixing section for trans-
mitting the microphone signals to the earphones, and also
for mixing external sound sources to the pseudoacoustic
environment. It includes also an adjustable equalization
section to make the pseudoacoustics sound as natural as
possible. To avoid latency the mixer was constructed with
analog electronics. This is important since the leakage
happens without delay, and any delay in the electrically
transmitted sound would create a comb-filter effect. Typi-

cal digital audio hardware and software can make several
milliseconds of latency, and therefore is not suitable for
the task.

The equalization section of the mixer is shown in
Fig. 3. The equalizer has two parametric resonators and a
high-pass filter. The resonators can be used to recreate the
missing quarter-wave resonance, and to dampen the added
half-wave resonance. The high-pass filter is used to com-
pensate for boosted low-frequency reproduction. Low fre-
quencies are transmitted to the ear canal electronically via
the microphone and also as leakage between the headset
enclosure and skin. Furthermore the prototype headset
itself has a slightly boosted low-frequency response,
which must be compensated for as well.

The equalization target curve for the headset was
measured as follows. First a transfer function from a loud-
speaker in front of a subject into the ear canal (15 mm
from the entrance) of the subject was measured without a
headset using a miniature microphone (upper and lower
dark lines in Fig. 4). Next the measurement was repeated
with the headset on and without any equalization (lower
gray line in Fig. 4). The difference of the measured
responses was used as target equalization curve. The av-
erage of measurements on four subjects was used to create
a generic equalization curve target, which is shown in
Fig. 5. The equalization curve was found to work well in
the prestudy [2], and therefore it was chosen for this study
as well. Another option would have been to use individu-
ally tuned equalization, but because of the simplicity of
the equalization circuit there was no guarantee that it
would work any better when compared to generic equali-
zation. Also, from a practical point of view it was more
interesting to see how generic equalization would perform
for a larger group of people.

2 USABILITY EVALUATION

The usability of the prototype headset was tested in
real-life situations. The evaluation consisted of two parts,

Fig. 2. (a) Headset used in evaluation. Microphone is at left and earphone outlet at right. (b) Headset fitted in ear. (c) Prototype ARA
mixer.
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the actual field test, where the test subjects wore the head-
set in everyday-life situations, and a sound quality and
adaptation test, where the overall sound quality and the
usability of the headset in certain situations were tested
before and after the field test evaluation period.

2.1 Participants

A group of ten subjects (nine male, one female) took
part in the experiment. None of the participants reported
having any hearing-related problems. The whole group
had a technical background, and they had experience in
evaluating sound quality. Every test subject had a positive
attitude on new technical devices, including the prototype
headset.

One of the main goals of the study was to evaluate the
practical usability of this kind of headset, and it was
important that the test subjects were willing to wear (tol-
erate) and evaluate the headset in situations where it did
not perform optimally. It should be noted, however, that
the device is designed to be used by ordinary users, and in
all kinds of practical real-life situations. In this respect a
more naive test group would have been justified. How-
ever, the current prototype is not portable nor practical
enough for a naive test group, and the impracticalities of

the device could have drawn too much attention from the
actual usage of the device.

2.2 Field Test

The field test part of the usability evaluation was per-
formed in real-life situations. The subjects were given an
ARA headset and a mixer, and they were instructed to wear
the headset for long periods in their daily routines. The
main task for the subjects was to wear the headsets in as
many practical situations as possible, and to write down all
their observations in a diary. A guiding question for the
subjects to keep in mind during the test was, “Would you
be willing to wear this kind of headset in real-life situa-
tions?” Furthermore the test subjects were encouraged to
find and try all kinds of new approaches to using the device.

For the subjects the evaluation period lasted from four
days to a week, and the total usage of the headset varied
between 20 and 40 hours. The continuous usage periods,
within a test period, varied from a few minutes to eight
hours. The test subjects wore the headsets in many differ-
ent situations, such as dining, conversations, walking, light
exercises, driving, public transportation, listening to mu-
sic, watching movies, using mobile phones, and listening
to lectures.

2.3 Annoyance Factors

Before and after the field test period the test subjects
evaluated the overall sound quality of the headsets, and
also the usability of the headsets for certain practical
activities. Prior to the first evaluation the subjects were
given some time to get used to wearing the headsets and
to pseudoacoustics as well. During this trial period sub-
jects were given information and instructions on the forth-
coming evaluation.

Fig. 4. Transfer functions from loudspeaker into ear without a headset (black lines), with an equalized headset (grey line in upper
plot), and with an unequalized headset (gray line in lower plot).

Fig. 3. Filter sections in equalizer.
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The usability test consisted of four tasks:

T1) Reading text out loud
T2) Eating crisp bread
T3) Drinking water
T4) Chewing bubble gum.

For the text reading the test subject was given a sheet of
text, which he or she had to read out loud paragraph by
paragraph. Each paragraph (about 35 words) was read
twice, first with the headset on and then without the head-
set. The subjects were free to read as long as was neces-
sary to evaluate the annoyance of the headset in this task.
The annoyance of reading the text with the headset on
compared to reading without the headset was evaluated
with the following mean opinion score (MOS) scale:

5 Imperceptible
4 Perceptible, but not annoying
3 Slightly annoying
2 Annoying
1 Very annoying.

The grading was done with pen and paper by marking the
grade on a continuous scale from 1 to 5.

In crisp bread eating the subject was evaluating the
annoyance of eating with a headset on compared to eating
without the headset. The subjects were allowed to eat as
much as was necessary to form an opinion. Water drink-
ing and bubble gum chewing cases were evaluated with a
similar procedure. The subjects were instructed to grade
the annoyance as if they had to perform the activities in
every-day life situations.

2.4 Sound Quality

The sound quality of the pseudoacoustics was evaluated
with real-world sounds (speech and finger snaps) and with
two different stereo recordings in a standard listening
room. Subjects were asked to evaluate the following attri-
butes (using the same MOS scale as before):

A1) Spatial impression
A2) Timbre
A3) Location accuracy.

Spatial impression was described to include the overall
sense of space, especially room size and reverberation.
Timbre was instructed to mean tonal coloration, and loca-
tion accuracy was described to measure spatial hearing,
including sound source direction and distance.

The sound quality evaluation started with a human
voice. The experimenter spoke out loud in different loca-
tions in the room, and the subject was instructed to listen
without the headset and with the headset on. The subject
was allowed to ask the experimenter to move to different
positions, if needed. Next the experimenter made finger
snaps in different locations in the room. The locations
are marked with small circles in Fig. 6. In addition the
subject could ask the experimenter to snap fingers in
other positions as well. After this the subject listened to
two different music sound samples, played through a
stereo loudspeaker setup, as shown in Fig. 6. The subject
was free to listen to sound samples as long as needed to
form an opinion. Finally, based on the whole test sound
material, the subject evaluated the sound quality, points
A1), A2), and A3) in the list, of the pseudoacoustics,
compared to natural acoustics. The grading was done by
using the same MOS scale as was used with the usability
evaluations.

2.5 Adaptation Evaluation after Field Test Period

The sound quality and adaptation evaluation was repeat-
ed after the field test period. The subjects were instructed
to wear the headset continuously for at least 1.5 hours
before performing the second evaluation test. This time
the test subject had already become adapted to the pseu-
doacoustics and forgotten the natural acoustic reference, at
least to some degree.

The evaluation was first done with no comparison to an
unoccluded (open ear) case, thus the subjects did not
remove the headset during the test. The grading was done

Fig. 5. Generic target equalization curve for ARA headset [4].
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with no direct reference to natural perception without the
headset.

Then the evaluation was repeated similarly as before
the field usage period, that is, the test cases were evalu-
ated alternating wearing and not wearing the headset. The
grading and the test procedure were identical to the evalu-
ation before the field usage period.

2.6 Postevaluation Interview

After the field usage period and final evaluations each
subject was interviewed. During the interview the diary
was examined and discussed. Furthermore the subjects
were asked to evaluate numerically the annoyance of the
following usability-related attributes:

1) Cords (usability and mechanical noise)
2) Artifacts in general (such as distortion, occasional clip

pings, pops, radio interference)
3) Using mobile phone (handset on the ear)
4) Walking.

The numerical scale for the oral evaluation was the
same as that used with the sound quality and usability
evaluations.

3 RESULTS

3.1 Usability Evaluation and Adaptation

Figs. 7 and 8 show the results of the usability and sound
quality evaluations. Each attribute has three bars corre-
sponding to evaluation before the field test period (left-
most bar), evaluation after the field test without reference
to the open ear (middle bar), and evaluation after the field
test with reference to the open ear (rightmost bar). Median

values are indicated by the horizontal lines inside the
boxes. The upper and lower ends of the boxes correspond
to upper and lower quartile values, respectively, and the
whiskers extending from the ends of the boxes show the
extent of the rest of the data. Plus signs inside the boxes
denote the mean for each case, and plus signs outside the
boxes are data points considered to be outliers.

Figs. 9 and 10 show the intrasubject differences be-
tween different evaluation times for usability and sound
quality. The leftmost bars for each attribute, in both fig-
ures, correspond to differences in intrasubject results be-
tween evaluations before and after the field test period
without reference to the open ear. The rightmost bars
correspond to differences between evaluations before and
after the field test period when both evaluations were
done with reference to the open ear. Positive values corre-
spond to adaptation, that is, the test subject evaluated an
attribute to be less annoying after the field test period
compared to the evaluation before the field test period.

Results for the usability evaluation tests (Fig. 7) show a
wide individual spread of the scores, ranging from very
annoying to almost imperceptible, but the main trends are
visible. The most annoying activities were “eating crisp
bread” and “chewing bubble gum,” whereas “drinking
water” was judged less annoying. Based on the results, no
strong conclusions can be drawn about whether or not
adaptation occurred. Fig. 9 shows the intrasubject score
differences between the usability evaluations before and
after the field test period. Although the test subjects eval-
uated the annoyance with a broad scale, the intrasubject
evaluations seem to be more consistent. The results show
some tendency to adaptation to the usage of the headset
with the attributes tested. However, there was no signifi-
cant difference in the results between the evaluations
with or without reference to the open ear. One possible
reason for this might be that the user sounds of eating,
drinking, and speaking are so familiar that 1.5 hours is not
enough to fully forget the feeling or sense of these physical
activities.

Based on the test subjects’ comments during the eval-
uations, the crisp bread eating was found noisy, as it
meant biting hard bread, and every bite was amplified by
the occlusion effect. The bubble gum eating was not con-
sidered as noisy as the crisp bread eating, but the aware-
ness of the longer duration of the activity led test subjects
to grade the activity more on the annoying side. Similarly,
drinking was found mostly not annoying because the du-
ration of the event was short.

Sound quality evaluation results are given in Fig. 8. The
results show that the overall sound quality of the pseudo-
acoustics was found good. Especially the spatial impres-
sion and location accuracy were found very convincing.
One test subject reported that the sounds were nicely later-
alized but very poorly externalized during the the first
evaluation round before the field test period. However, in
the evaluations after the field test period the sound scene
was well externalized by the same test subject.

Fig. 10 shows the intrasubject differences between the
sound quality evaluations before and after the field test

Fig. 6. Listening test setup for sound quality evaluation. Numbered
circles show locations where experimenter made finger snaps.
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period. Compared to results with physical activities
(eating, drinking, speaking) there was more adaptation to
the sound quality of the pseudoacoustics. Especially when
there was no reference to open ear listening, test subjects
graded the quality clearly better after the field test period
(the leftmost bars for each attribute). Even when the eval-
uation was done against a reference (open ear), the test
subjects perceived the pseudoacoustics less annoying after
the field test period than before.

After the evaluations the test subjects were interviewed
for overall comments on the usage of the headset. In addi-
tion to verbal comments the test subjects were asked to
evaluate some usability aspects with the same MOS scale
as used in the evaluations described. The results are shown
in Fig. 11. Overall the cords were found very annoying and
impractical. The cords tend to get mixed and stuck in
clothes and in other items. Furthermore the cords con-

ducted all the mechanical noise to the headset. This was
one of the main reasons why the headset was noticed all
the time because any movement was heard in the headset.
Overall, occasional artifacts such as clipping due to very
loud bangs, occasional radio interference, or pops when
turning switches were not perceived as annoying.

Using a mobile phone (holding the phone on the ear)
was found very annoying. The headset extended slightly
outside the ear canal, and this made it hard to couple a
mobile phone to the pinna. This resulted in a very thin and
low sound to be heard from the phone. Also, the contact
noise from the phone touching the headset was found
unpleasant.

Walking, in general, was found fairly normal. Thumping
sounds from foot steps (during normal and faster walking)
were not perceived as annoying. However, this only applies
to just walking, without considering the cords, and without

Fig. 7. Usability evaluation results from each evaluation run. Leftmost bars in each triplet correspond to evaluation before field test
period, middle bars to evaluation after field test period without reference to open ear, and rightmost bars with reference to open ear.

Fig. 8. Sound quality evaluation results from each evaluation run. Leftmost bars in each triplet correspond to evaluation before field test
period, middle bars to evaluation after field test period without reference to open ear, and rightmost bars with reference to open ear.
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communication with other people (such as conversation
while walking). More comments on walking-related pro-
blems are described in the following section.

3.2 Interviews and Diaries

The overall comments from the users were very posi-
tive. The sound quality of the headset was found to be
very good and applicable for most of the practical daily
situations. The following sections review and summarize
the diary reports from the subjects.

3.2.1 Audio Quality

The audio quality of the headset was found very good.
Sense of space and directional hearing were reported to be
very close to natural hearing. The sound color of pseudo-
acoustics was found sufficiently good for most practical

everyday-life situations. Many test subjects complained
that the higher frequency range was slightly attenuated.
Some commented that due to attenuated high frequencies
it was harder to understand in “coctail party”-like events.
Also, many test subjects reported that when listening to
familiar wide-band sounds, such as air-conditioners, fry-
ing sounds, or running water, the spectral coloration at
higher frequencies was noticed. However, this was not
found disturbing. For a critical listening situation, such
as, listening to music pseudoacoustically, this might be
slightly annoying.

At the end of the test every test subject commented that
the sound sources were very well externalized, even in
front. The reason for natural externalization in front is
probably the real-time cooperation of hearing and vision,
as it happens in normal life. When binaural signals were

Fig. 9. Intrasubject differences between usability evaluations before and after field test period. Left bars evaluation without reference
to open ear; right bars—evaluation with reference to open ear case.

Fig. 10. Intrasubject differences between sound quality evaluations before and after field test period. Left bars evaluation without
reference to open ear; right bars—evaluation with reference to open ear case.
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recorded and listened to later without visual information,
frontal externalization was no longer as good. This could
be expected because the head movement cues are lost in
the recordings. One subject noted that sometimes nonvisi-
ble and unfamiliar sounds where heard inside the head.

There was some audible noise present from the electret
microphones. At first it was noticeable, but the subjects
reported getting used to it very fast, and after a while no
attention was paid to the noise. The measured equivalent
inherent noise level of the microphones together with the
mixer was 27 dB (A-weighted). When listening to quiet
sounds in a silent environment the noise could be heard.
This phenomenon can be considered as a slightly raised
hearing threshold due to the noise. In any case, whenever
the noise was audible, it was not reported to be annoying.

One frequent comment in the diaries and the interviews
was that wearing the headset made users pay more atten-
tion to surrounding sounds. Some familiar sounds, such as
a car passing by, might have sounded different with the
headset on, but upon removing the headset the user no-
ticed that the sound sounded the same with and without
the headset. Thus wearing the headset had, if not a tonal,
but some effect on the listening experience. On the other
hand some subjects reported that during the first days of
the field test period they had missed their mobile phone
ringing because the ringing tone sounded different with
the headset on.

One test subject reported that after a long wearing pe-
riod the sound color of the natural environment was for-
gotten, and the pseudoacoustics felt fully natural. For a
short while, after removing the headset, the normal acous-
tics sounded strange.

3.2.2 Ergonomics

Every test subject commented something about the
handling noise and limitations caused by the wires of the
headset. Some test subjects noted that the headset itself
could be forgotten and go unnoticed in the ears but the
mechanically transmitted noise from the wires kept remind-

ing about the headset, which was found annoying. Blue-
tooth or other wireless techniques could be used to route
the signals between headset and mixer, thus eliminating the
wires. Another criticized issue for all test subjects was the
unnecessarily large size of the ARA mixer box, which was
found cumbersome to carry. Technically the electronic cir-
cuits in the mixer could be easily fitted in a smaller circuit
layout, and thus the problem would be fixed.

Placing and removing the headset was found easy. The
majority of the test subjects commented that they had
some ear ache in the beginning of the field test period.
This commonly occurred after about 1.5 hours of usage on
the first day of the field test period. However, thereafter
most subjects got used to the headsets and no ear ache
was reported. Nevertheless some test subjects reported
that because of ear ache they had trouble wearing the
headset any longer than 20–50 minutes at a time through-
out the test period.

Some test subjects commented that after a certain pe-
riod of usage the earphones started to itch in the ear
canals, and some reported that they had the itchy feeling
after wearing the headset for a long period.

As already noted, all the test subjects commented that
using a mobile phone was found troublesome because the
headset slightly extended outside the ear canal. A smaller
and more deeply inserted headset might solve this prob-
lem. Another, and more obvious solution would be to use
the headset as a hands-free device for the mobile phone.
In fact, in preliminary tests, using the headset as a hand-
free headset for a mobile phone has been found very
practical and useful.

3.2.3 Communications

All of the subjects reported that they had no problems
in normal conversation situations. For speech the sound
quality was very good. One of the big complaints was that
the user’s own voice sounded very boomy due to the
occlusion effect, and the user’s own speech was localized
inside the head. However, most of the test subjects men-

Fig. 11. MOS values given in oral interviews after field test period.
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tioned that they got accustomed to this fairly fast and, in
the end, this was not found annoying. Some test subjects
reported that sometimes they had trouble determining the
level of their own voice.

One common complaint was that conversations were
troublesome during dinners and while walking. Due to
the occlusion effect, eating sounds were boosted inside
the subject’s ear canals, which masked the surrounding
conversations. The same phenomena occurred while
walking as the wires created mechanical noise when
moving against the clothes, and the foot steps created a
thumbing sound in the ear canal. The added noise in the
ear canal masked the sounds coming from surroundings,
thus interfering with listening to conversations. This phe-
nomenon was found somehow annoying, and also was
mentioned to be somewhat exhausting as it required more
mental focusing for listening.

Most of the test subjects reported to have felt some social
discomfort when wearing the ARA headset in situations
where it is not appropriate or polite to wear headphones,
such as during lectures and conversations. Some subjects
commented that they had a feeling that they had to prove
somehow that they were paying attention, such as by reply-
ing faster during conversations. One test subject reported
that other people had felt he was slightly isolated from the
others when wearing the headset. However, one test subject
who had been used to wearing similar types of earphones to
listen to music extensively, had not perceived any social
pressure. Of course, if other people would know that the
headset transmits the sound unaltered and enables normal
communication, then this would not be a problem.

3.2.4 Other Observations

Eating and drinking was reported to be practically
tolerable, especially if there was no need to pay attention,
for example, to a conversation. Most of the subjects
commented that they got used to eating during the field
test period. The results in Fig. 9 show that with crisp
bread eating there was very little, if any, adaption to the
annoyance factor with eating. However, crisp bread is a
fairly hard dish compared to most dishes, and a common
lunch would compare more to bubble gum chewing,
which showed some adaptation among the test group.

Some test subjects commented that brushing teeth was
found unpleasant due to boosted mechanical noise caused
by the occlusion effect. On the other hand, one test subject
reported that shaving felt more efficient, in a positive way,
because the sound was boosted due to the occlusion effect.

Loud bangs, as from closing doors, overloaded either
the microphones or the amplifier, resulting in distorted
sound in the headset. Some of the test subjects found this
very irritating while for others it was less annoying. Also
listening to continuous loud sounds (listening to a live rock
concert) resulted in distorted sound and was reported to be
annoying. Distortion performance could be improved by
better electric and acoustic design. With some test subjects
the connectors of the wires caused undesired scratchy
electric noise when there were contact problems due to
movement of the wires. This was found very unpleasant.

At first, walking sounded uncomfortable due to boomy
sound from the foot steps, but test subjects reported to get
accustomed to this fairly fast. However, running and
jumping was still reported to be unpleasant due to boomy
foot step sounds. Also, heavy breathing, such as after
some exercise, sounded boosted and was reported to be
unpleasant. Furthermore, strong wind resulted in unpleas-
ant sound in the headset, whereas mild wind was not
found to be a problem and sounded quite natural.

Some test subjects experimented with listening to mu-
sic by using the ARA mixer to mix music to pseudoacous-
tics. It was commented that it was nice to be able to hear
the full frequency range from the music, as well as the
surrounding sounds. However, the downside was that the
level of the music had to be set fairly high in order to be
heard in noisy environments. Just like listening to normal
headphones, the music was located inside the head. This
was reported to be positive as it helped separating the
music from real surrounding sounds. However, one test
subject complained that he had trouble determining which
sounds were part of the recording and which were part of
the natural surrounding sound environment.

3.3 Feature Suggestions

The most desired missing feature, according to the entire
test group, was wireless operation. Without the cords the
overall usability of the headset would increase considerably.
Another feature suggestion from many subjects was the
ability to adjust the level of the pseudoacoustics, either to
boost or to attenuate. This way a user could attenuate pseu-
doacoutics when walking in a noisy environment, and still
be able to hear, and to react to surrounding sound events.

Many of the subjects suggested using the device as a
mobile phone hands-free headset. In addition the headset
could function as a general audio interface for any audio
device. The connection could be offered wirelessly, for
example, with Bluetooth.

To the main question of whether the test subjects would
be willing to use the headset in everyday-life situations
the answer was mainly positive. The subjects were willing
to use the headset, even for longer periods, if the headset
would offer some added value or other advance; for now
the system was used only as a hear-through device.

4 CONCLUSIONS AND DISCUSSION

As a conclusion it was found that a generically equal-
ized ARA headset is applicable in everyday-life situations.
The sound quality is sufficient and the usability was found
good enough for most practical situations. However, pseu-
doacoustics as such does not bring any added value to
listening to surrounding sounds. If there were any extra
advantage in using the headset, the test group would be
willing to use the headset, even for longer periods of time.

As the results clearly indicate, when designing an ARA
headset a great deal of effort should be put into designing
a mechanically silent system. This, as well as most of the
results shown, applies to a normal headphone design pro-
cess, as well.
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An ARA headset is naturally designed for ARA applica-
tions. Therefore the real usability, or rather usefulness, of
the headset comes with the applications. There are many
application areas where it is essential that a user’s percep-
tion of surrounding sounds not be interfered with. For ex-
ample, while walking in the streets with an augmented
audio guide, for the sake of safety, a user should be able to
hear the surrounding sounds. Analysis of the surrounding
sound environment could be one attractive added value
application for the ARA headset. The system would analyze
the microphone signals continuously and, for example,
warn of approaching vehicles or, based on user preferences,
give information on the surrounding environment.

When these kinds of headsets are more common, there
will still be all types of practical issues to be solved. One
socially important issue is how to notify other people that
the user is able to hear other people normally. This was
already noted among the test group. Furthermore, binaural
recording can be made easily and unnoticed with the
headset. For courtesy, or even in some cases for legal
reasons, there should be a practical way to let other people
know when you are recording an event. A visionary idea
would be that people’s personal appliances would com-
municate wirelessly, notify surrounding people (devices),
and even ask automatically for permission for recording.

One common trend, and challenge, in augmented real-
ity audio has been how to embed virtual sounds convinc-
ingly in the real sound environment. However, another
challenge is how to embed virtual sound sources into the
environment so that the sounds are convincingly part of
the environment but still are distinguishable as virtual.
For example, in the streets it is essential that the user can
separate virtual and real sound sources.

This work studied the case where the subjects were
listening only to natural sounds in their environment. For
future work the next obvious and interesting step will be
to augment the surroundings with virtual sounds and study
the effect it has on the usability and what kind of issues
will come up in this scenario.
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ABSTRACT

In augmented reality audio applications the user is exposed to a
pseudo-acoustic reproduction of the real acoustic environment. This
means that the surrounding sounds are heard through a specific
augmented reality audio (ARA) headset [1]. Ideally the pseudo-
acoustic environment should be an exact copy of the real acoustic
environment.

The acceptability and usefulness of such a headset depends
strongly on the overall sound quality of the headset. Especially if
the headset is to be worn for longer periods of time in everyday
life situations, the sound quality of the system must be sufficient.

In this paper an introduction to the aspects affecting the sound
quality of an ARA-headset is addressed. In addition, results of
a listening test for the overall sound quality of a well equalized
headset are presented.

1. INTRODUCTION

The concept of augmented reality audio (ARA) headset has been
introduced earlier e.g. in [1]. The basic idea in augmented re-
ality audio is that a person’s normal acoustic environment is en-
riched with virtual audio objects. This can be done by use of a
special headset where binaural microphones have been integrated
with headphones. When themicrophone signals are directly routed
to the earphones, the wearer is exposed to a binaural reproduction
of the acoustic environment called the pseudo-acoustic environ-
ment. Ideally the user should not be able to hear any difference
between the natural and the pseudo-acoustic environment.

This kind of a headset opens a possibility for a whole new set
of application scenarios for mobile and wearable audio, see e.g.
[2]. The headset provides a binaural audio I/O interface which can
be exploited in many ways. The system could be worn for longer
periods of time in everyday life situations, much like portable mu-
sic players that are used daily by many users. However, in order to
make this kind of a headset acceptable for daily usage, the sound
quality of the pseudo-acoustic environment must be natural if not
indistinguishable from the real acoustic environment.

This paper discusses some issues affecting the sound quality
of ARA-headsets. Also the results from a listening test, where
an overall sound quality of the pseudo-acoustic environment pro-
duced by a carefully equalized headset, are reported.

2. HEADSET

An ARA-headset has some basic requirements. First, the acous-
tic environment should be transmitted to the ear canal transpar-

ently. Secondly, the headset should provide accurate binaural sig-
nals from the user for further processing. Lastly, the headset should
provide an interface to play sounds for the user.

2.1. Pseudo-acoustic environment

One strict requirement for the headset is that it should not alter the
existing sound environment, thus the pseudo-acoustic environment
should be a good enough copy of the existing sound environment.
This way the user can interact normally with the natural surround-
ings. This sets high requirements for the binaural signals that are
captured by the microphones and reproduced in the headset.

Depending on the type, the headset more or less blocks the ear
canal and the recorded signals differ from signals that would exist
at an unoccluded ear canal [3]. According to Algazi et.al. [4],
HRTFs measured slightly outside a blocked ear canal still include
all the spatial information that would exist at the ear drum in an
unoccluded case. Thus, small earplug-type headsets would still
provide all the necessary spatial information.

D’Angelo et al. studied how CIC (completely in the ear canal)
hearing aids affect the localization ability [5]. A group of normal
hearing people were wearing a CIC hearing aid that was equalized
to have an identical transfer response compared to an unoccluded
ear. According to results there was a small degradation in local-
ization ability. Though, in the test the testee’s head was fixed and
there was no visual clues available. With ARA-headset the user
has both visual and head movement clues together with the binau-
ral signals and thus improving the spatial quality and accuracy of
the pseudo-acoustics environment.

2.2. Earphone

The user is exposed to a real-time binaural recording from his or
her own ears. The quality of the recording sets the lower limit
to the available quality of the pseudo-acoustic environment. The
next stage in the system is to play the binaural recording back to
the user.

One common problem with headphones, especially with small
earplugs that are fitted at the ear canal entrance or slightly inside
the ear canal, is that the output properties depend on the fitting
of the headset. The effect is strongest at low frequencies. This
complicates any signal processing in the system.

Another phenomenon affecting the usability of an ARA-headset
is the occlusion effect. When the ear canal is blocked the user’s
own voice tends to sound hollow or boomy. This is a common
problem among hearing aid users. Although, this is an important
usability issue, it will not be addressed any deeper in this report.
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Figure 1: Block diagram of an ARA-headset .

2.3. Sound transmission through the headset

Fig. 1 shows a block diagram of the signal flow in an ARA-
headset. The first block on the left accounts for the effect
that the microphone placement and the geometry of the headset
has on the sound field at microphone position.

The incoming sound signal goes through the headset but also
leaks between the headset and the skin ( ). The trans-
mitted and the leaked sounds are summed in the ear canal. The
leakage typically has a low-pass like characteristic and therefore
the summed sound has low-pass like characteristics as well.

and account for the microphone and the ear-
phone transfer functions, respectively.

All of the above blocks colorate the transmitted sound to some
degree, which has to be compensated somewhere in the system.
The approach introduced here is to use an equalization filter
to compensate any magnitude response errors in the system. If we
assume that , the required filter
can be written as:

(1)

It should be noticed that the leakage path is delay-free and
therefore it is essential that there should be no latency when pro-
cessing . In practice this means using analog filtering cir-
cuits, or very low latency DSP and AD/DA converters.

3. LISTENING TEST

A listening test was conducted to evaluate the overall sound quality
of an equalized ARA-headset. The test was separated in two parts.
First an equalization filter for the headset, used in the test,
was measured. Then, with this filter, the overall sound quality of
an ARA-headset was evaluated.

Fig. 2 shows the headset used in the listening test. The in-
ear headset is a Voicetronic VT-01 (Fischer Amps) and the micro-
phones are Senheisser KE-4 electret microphones. The reason for

Figure 2: Headset used in the listening test.

separate microphone and earphone unit is that originally the test
was performed with two types of headsets (on-the-canal and in-
ear), but the test data for the other headset was later found to be
corrupted and thus results from one headset only is reported here.

3.1. Estimation of the equalization curve

The goal of this part of the test was to find the equalization fil-
ter for the headset used in the test. To get more informa-
tion how required equalization differs between testees, a subjective
equalization filter estimation method was chosen. An equalization
curve was measured from each testee and the mean of these indi-
vidual equalization curves was used as in the actual test.
This non-individual filter was used to equalize the microphone sig-
nals prior feeding them to the headset, and thus (ideally) making
the headset acoustically transparent.

3.1.1. Test procedure

The upper part of Fig. 3 (dashed lines) illustrates the setup for the
equalization curve measurement test. The testee was wearing an
ARA-headset in the right ear. Then a pair of circumaural head-
phones (Sennheiser HD600) was placed over the ears (including
the ARA-headset).

With the circumaural headphones, a sequence of three iden-
tical sinusoids was played. The first and the last sinusoids were
played for the left ear and the middle sinusoid was played for the
right ear, which had the ARA-headset on (see Fig. 3). The testee’s
task was to set the sound level of the right channel to match the
sound level on the left channel. By using the keyboard the testee
was able to play the signals as many times as needed. The gain
could be adjusted in 0.5, 1, and 3 dB steps. The frequency range
covered thirty logarithmically spaced frequencies from 50 Hz to
18 kHz.

The test was first performed with both ears open (no ARA-
headset). This was defined as reference measurement and was later
used to compensate the actual measurement from any biasing due
to the measurement setup. Then the measurement was repeated
with the ARA-headset placed in the right ear.

Nine testees participated in the test. All of them work in the
Laboratory of Acoustics and Audio Signal Processing at HUT. The
testees had some experience on analytical listening. All of the
testee’s reported to have normal hearing. The fitting of the headset
varied slightly between testees due to different sizes and shapes of
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Figure 3: Setup used in the listening test. The above signaling
schematic was used in the equalization curve measurement. The
lower part illustrates the actual listening test.

the ears. For each testee the microphones were fitted as close to
the ear canal entrance as possible (See Fig. 2).

3.1.2. The equalization filter

The upper panel in Fig. 4 shows the equalization filter estimation
results in a case where the testees were wearing only the circum-
aural headphones. This measurement is used as a reference and
to check the accuracy of the estimation method. Ideally the result
should be a straight line but the curve seems to slightly decay to-
wards higher frequencies. In the test procedure the sinusoids were
played asymmetrically, twice for the left ear and once for the right
ear. Loudness integration in hearing system requires more time
at low frequencies and this could explain the emphasis at low fre-
quencies in the results.

The results for the ARA-headset are shown in the lower panel
of Fig. 4. The reference measurement data has been compensated
out from the results. This equalization curve was used in the actual
listening test. Only the magnitude spectrum was equalized.

3.2. Evaluation of sound quality

The goal of this part of the test was to evaluate the overall sound
quality of pseudo-acoustic environment produced by an ARA-head-
set when the magnitude spectrum of the headset was equalized as
described above. In other words, the goal was to determine how
transparent the headset can be made by using a non-individualized
equalizer to flatten the magnitude spectrum.

Eight persons participated in this part of the test. Seven of the
participants belong to the group who took part in the first part as
well.

3.2.1. Test procedure

The listening test setup is shown in the lower part of Fig. 3 (solid
lines). The setup is identical to the one used in the first part. The
testee was wearing an ARA-headset in one ear and the other ear
was open. Then a pair of circumaural headphones was placed
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Figure 4: Results (—) and 95 % confidence intervals (-.-) from
the equalization filter estimation test. Upper panel: The reference
case with no ARA-headset. Lower panel: Equalization curve for
the VT-01 ARA-headset.

over the ears. Now, with one ear the testee was hearing a pseudo-
acoustic reproduction of sounds played from the circumaural head-
phones, and the other ear was exposed to a natural acoustic repro-
duction of the circumaural headphones.

The test was run as an A/B paired comparison test where A
was the reference and B was the pseudo-acoustic version of A
(heard through the ARA-headset). The A/B sound sample pair was
heard twice and then the testee had to evaluate the sound quality
of B in comparison to A. The testee was instructed to consider the
following attributes when judging the impairment: timbre, clarity,
and overall sound quality. The testees were further instructed to
consider the sound quality as if they had to wear the headset for
longer periods of time in everyday life situations like going to mu-
sic concerts, doing shopping, following lectures and so on. The
only thing that was instructed not to take into account in judging
was the inherent noise due the microphones in the headset. The im-
pairment of B in reference to A was judged in a continuous scale
from 1 - 5. The slider in the interface that was used for judging
had numeric anchor points with written descriptions given by:

5 Imperceptible
4 Perceptible, but not annoying
3 Slightly annoying
2 Annoying
1 Very annoying
Values below four are considered as non-acceptable degrada-

tion of sound quality, and values from four to five are considered
acceptable. The latter includes also the case where the test case
(B) is found to sound better than the reference (A).

The equalization was done with an analog 31-band graphic
equalizer (LAAudio EQ231G). The effective equalization response
achieved with the equalizer was within 1.5 dB of the data shown
in the lower panel of the Fig. 4.

3.2.2. Test cases and sound samples

Three different cases were tested:
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Sample Dur. Abbr.
Shaking of a rattle in a steady rhythm 1.7 Ca
A hit on crash-like drum cymbal 1.6 Cy
An excerpt of rhythmic drumming 1.8 Bo
An excerpt of Danish male speech 2.7 M1
A phrase ’In language’ by an Am. male 1.0 M2
A sample of pink noise 1.1 PN
A pizzicato type trumpet playing 1.7 Tr
An accelerating bus by passing by 3.9 St

Table 1: Sound samples used in the listening test. The middle
column lists the duration of a sample and the last column lists the
abbreviations used in the figures.

Ca Cy Bo M1 M2 PN Tr St

2.5

3

3.5

4

4.5

5

left eq
right eq
right no eq

Figure 5: Mean values of the grades for each sound sample with
the ARA-headset and 95 % confidence intervals.

ARA-headset in the right ear and equalized
ARA-headset in the right ear and unequalized
ARA-headset in the left ear and equalized

One listening test session consisted of six trials, each having
24 sound samples to be graded. In one trial a set of eight sound
samples were played three times in random order. One trial corre-
sponded to one test case, so each test case was tested in two trials.
The order of trials was randomized for every testee.

The sound samples used in the test are listed in Table 1. The
samples consisted of natural sounds (musical instruments, speech,
street noise) and also of one synthetic sound sample (pink noise).

4. RESULTS

Fig. 5 shows the results of the listening test. The data shown in
the figure is the mean values and confidence intervals of the grades
for each sound sample. Prior to computing the means the data was
normalized by following the recommendation by ITU-R BS.1116-
1.

All sound samples except St (street noise) seem to have bene-
fited from magnitude equalization. However, confidence intervals
are slightly overlapping with some samples. The St sound sample
had most of its energy at frequency region where there was very
little or no equalization at all, so this result was expected and thus
gives more confidence to the results.

The equalization filter used in the test was an average of nine
testees, measured from the right ear. However, using the same

filter for each ear gave similar results. This is a good result, as the
same filtering system can be used for both channels.

Another noteworthy result is that even the worst equalization
result is still very close to grade four in MOS scale, which means
that the overall sound quality is acceptable. However, the sound
quality of the headset was fairly good to begin with and no con-
clusions can be drawn on how well this kind of equalization works
with other types of headsets.

5. CONCLUSIONS AND DISCUSSION

It was found that with magnitude equalization the overall sound
quality of an ARA-headset can be improved. In all cases (differ-
ent sound samples) the sound quality was improved close to or
above four in MOS-scale (perceptible, but not annoying degrada-
tion). This implies that this kind of a headset could be designed
to have a sufficient sound quality to be used for augmented reality
audio in everyday life situations, even for longer periods of time.

The equalization filter used in this test was an average mea-
sured from nine persons. There was a lot of variation in the indi-
vidual results, and therefore this kind filtering works well for some
subjects while for the others it may not work at all. For higher
sound quality, one could use individual equalization curves. How-
ever, the acoustic properties of a headset are very sensitive to fitting
of the earpiece. As the fitting changes also the required equaliza-
tion filter needs to be changed.

One logical step in equalization would be to use adaptive equal-
ization. This way any changes in acoustic properties of the headset
due to changes between fittings could be automatically corrected
in the equalization filter. One way to do this is to use two micro-
phones, one outside the headset and one at the ear canal side of the
headset. Naturally this requires more complex signal processing
in the system.
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ABSTRACT
A prerequisite in many systems for virtual and augmented real-
ity audio is the tracking of a subject’s head position and direc-
tion. When the subject is wearing binaural headset microphones,
the signals from them can be cross-correlated with known sound
sources, called here anchor sources, to obtain an accurate estimate
of the subject’s position and orientation. In this paper we propose
a method where the anchor sources radiate in separate frequency
bands but with common modulation signal. After demodulation,
distance estimates between anchor sources and binaural micro-
phones are obtained from positions of cross-correlation maxima,
which further yield the desired head coordinates. A particularly
attractive case is to use high carrier frequencies where disturbing
environment noise is lower and sensitivity of hearing to detect an-
noying anchor sources is also lower.

1. INTRODUCTION

An important property needed in typical virtual and augmented re-
ality applications where the subject moves is to position his/her
head in order to produce percepts related to the coordinates of the
real or virtual environment. So far the existing general techniques
for positioning, such as GPS, are limited from this point of view;
they show problems in precision and robustness, particularly in-
side buildings, and they may not detect the orientation (direction
of facing) of the subject. Examples of acoustic locating and posi-
tioning techniques are discussed for example in [1] and [2].

The present study builds on a future vision ofmobile andwear-
able augmented reality audio (MARA, WARA) [2], based on sub-
jects wearing binaural headsetswith microphones close to ear canal
entrances. In such cases there are binaural signals available which
can be utilized to position the subject in relation to anchor sound
sources [3]. Figure 1 characterizes a casewhere two (or four) loud-
speakers (S1-S4) are the anchor sources, and the subject (R) wear-
ing earplug microphones can move in the room.

Now the problem of acoustic estimation of position and ori-
entation of the subject is related to robust estimation of the sound
propagation times (or their differences) and levels at the ear micro-
phones. In section 2 we discuss different conditions of obtaining
enough information for reliable positioning of a subject.

The study reported in this paper is continuation to a previous
work [3] where a relatively general framework was dened to esti-
mate a subject’s position using binaural microphone signals in dif-
ferent acoustic conditions. In this paper we focus on two specic
ideas. First we utilize high audio frequencies radiated from anchor
sources which brings some potential advantages compared to low
and mid frequencies. Secondly we generate the anchor source sig-
nals in a way that makes them correlate after demodulation but not

S1

S3 S4

S2x

y

!

Fig. 1. An example of positioning system setup in a room.

correlate as acoustic signals propagating in the air. System level
details are discussed and studied, and experimental results from
such a positioning system are presented.

2. SYSTEM CONSIDERATIONS

The basic goal in the case of a subject wearing binaural micro-
phones in a room setup such as in Fig. 1 is to get a good estimate
of the position and orientation, with as low disturbing effect as
possible to the subject from the anchor source sounds.

Accuracy of position required depends on application but is
often within 0.1-1 meters. Desired accuracy of estimated facing
direction may vary between 5-20o. In special cases, such as scien-
tic experiments, the required accuracy can be much higher.

Anchor sources of interest in this study are loudspeakers, al-
though in a general case they may be any sound sourceswith some
known or detectable characteristics [3]. The anchor sounds may
be noise, signals with modulated data, music, etc. Because the
detection techniques are typically based on cross-correlation of re-
ceived signals, the periodicity of the anchor signals should be long
enough so that the delays in a room can be estimated uniquely.

Binaural microphones are assumed to be close to the ears
(preferably ear canal entrances) of the subject so that they capture
a binaural signal which can be utilized in various ways in MARA
systems [2]. From the positioning point of view the information
obtainable consists of the distances to the anchor sources but also
the interaural time and level differences (ITDs and ILDs) for ori-
entation analysis. The binaural microphones must capture the fre-
quency band of interest with a good enough S/N ratio.



Effects of room acoustics and acoustic noise are important
to the robustness of positioning. Any deviation from a free space,
such as reection from surfaces of the room and objects inside
the room, reverberation, diffraction and scattering, occlusion and
shadowing of direct path by objects in between (including sub-
ject’s head), brings complications to the estimation of features for
positioning. Background noise means here everything else except
the signals used for positioning, including subject’s own speech
that propagates effectively to the binaural microphones.

Perceptual factors from the viewpoint of a subject are the no-
ticeability and annoyance of the anchor sound sources. In an ideal
case the subject never perceives any anchor sound. This means that
the level is below the masked threshold of hearing due to other
sounds, or the anchor sound may be part of some desired sound
such as reproduced music. Anchor sound level needs adjustment
according to the level of background noise in the room.

Techniques for the detection of anchor sounds and analysis
of position are dependent on the signalling conditions in the sys-
tem. Signal processing may take place in a wearable unit (such
as a pda device or a cellular phone) or it may be carried out else-
where. The following two cases of anchor-related information are
of interest here:

1. Anchor source signals are known in addition to the received
binaural signals so that it is possible to estimate absolute
distances to the sources. The minimum number of sources
for unique positioning in the horizontal plane is three, not
lying on the same line. With two sources, such as S 1 and
S2 in Fig. 1, unique positioning is possible within each half-
plane divided by the line through the sources.

2. Anchor signals are not known but signals received can be
cross-correlated to obtain the differences of distances be-
tween pairs of sources. The minimum number of sources
for unique positioning in the horizontal plane is three.

Using a higher number of anchor sources than the minimum re-
quired helps to improve robustness because various techniques to
nd the optimally accurate/reliable solution are possible. Notice
also that the anchor signals may carry other useful information
than the one for positioning. They may be modulated by any data
that ts to the transmission bandwidth used.

3. MODULATED HIGH-FREQUENCY SOURCES

In an earlier work on binaural positioning [3] we studied the esti-
mation of anchor source distances by cross-correlation techniques
using both wide-bandand narrow-band (split-band) congurations.
In the present study we introduce two details to the methodol-
ogy: (1) high audio frequencies for anchor sources and (2) anchor
sources produced from the same signal by modulation.

3.1. Usage of high-frequency anchor signals

High audio frequencies, such as 8–20 kHz, show some advantages
as anchor sources compared to lower audio frequencies. Their
main benets are:

- Background noise level in rooms typically decreases toward
high frequencies so that a good S/N ratio is possible with lower
anchor signal levels, see Fig. 2(a) for typical ofce room noise.

- Subject’s own speech is one of the strongest interfering sig-
nals to conict with the anchor sounds. When high-frequency an-
chors are used, voiced sounds don’t interfere as easily due to their
low-pass behavior, see Fig. 2(b) for vowel /a:/ at a speaker’s ear.

Fig. 2. Spectra of noises interfering with anchor sounds (linear
frequency scale and no frequency weighting used for easy phys-
ical interpretation). (a) Background noise spectrum in a typical
ofce room, consisting of ventilation noise (lowest frequencies)
and computer fan noise. (b) Vowel /a:/ spectrum pronounced nor-
mally by a male subject, measured 1cm from ear canal entrance.
(c) Fricative /s/ in vovel /a:/ context, same conditions as in case
(b). Vertical axis: calibrated sound pressure level; horizontal axis:
frequency in Hz. Dotted lines for 1/3-octave spectra. Signals were
recorded through B&K 2238 sound level meter.
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Fig. 3. JND threshold of anchor sound (!f = 2 kHz) in dB as a
function of modulation frequency (a) for bandpass noise and (b)
bandpass-ltered impulse train (repetition period 100 ms). Aver-
age of two young subjects measured in an anechoic chamber.

Some fricatives may have stronger components at high frequen-
cies, but due to diretivity of mouth radiation at highest frequencies,
also they are attenuated at the ear canal entrance, see Fig. 2(c).

- Auditory sensitivity decreases at those frequencies so that an-
chor sounds of a given level are not as easily noticeable when the
frequency is higher, as characterized in Fig. 3. Frequencymasking
also exhibits more spreading toward high frequencies, which fur-
ther decreases the detectability of high-frequency anchor sounds.

- Surface absorption in a room typically increases at high fre-
quencies, which means less reections from walls and objects.

There are also drawbacks from using high audio frequencies,
such as increased shadowing due to occluding objects, including
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Fig. 4. Typical HRTF magnitude responses at ear canal entrance
for sound arriving at 0o and ±90o angles in the horizontal plane.
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Fig. 5. Modulation/demodulation scheme for transmitting non-
correlating acoustic anchor sounds but having common modula-
tion. Two channels, received through one microphone, are shown.

subject’s own head. This lowers the S/N ratio at binaural micro-
phones in such cases. Figure 4 shows a typical case of HRTFmag-
nitude responses for sound arriving to contralateral and ipsilateral
ear (±90o) as well as to frontal sound incidence. It can be found
that the attenuation due to shadowing for !90o is 10–25 dB at
frequencies above 5 kHz.

Ultrasound (f > 20 kHz) is an attractive choice for anchors
because then their levels can be much stronger without becoming
noticeable, but the problem is that standard loudspeakers and mi-
crophones have rapidly decreasing sensitivity above 20 kHz.

One way to make the anchor sounds unnoticeable or less an-
noying is to use them as a part of informative or entertaining sounds.
When music is reproduced to the room, anchor sounds can be em-
bedded in it (possibly combined with watermarking). The anchor
level must vary dynamically according to the masking level.

3.2. Coherently modulated anchor signals
Estimation of distances based on anchor sources requires that there
is correlation between (a) the anchor and receiver sounds or (b)
pairs of received sounds. If the anchor signals are known, condi-
tion (a) is easily met. Case (b) is, however, more complicated. The
following strategy of using non-overlapping frequency bands with
coherent modulation is found advantageous in both cases.

Figure 5 depicts the modulation/demodulation scheme applied
here for anchor sounds. The original signal xmod(t) can in princi-
ple be any low-pass signal, such as band-limited noise or a periodic
signal with long enough period. The modulated anchor signal sent
to loudspeaker i is obtained simply by

xi,anchor(t) = xmod(t) cos(2!fit) (1)
Demodulation is done by multiplication with complex-valued car-
rier followed by low-pass ltering. Complex-valued demodulation
(by e!j!it) and further cross-correlation processing are needed
since the sidebands of the received acoustic signal are not mirror
images. Frequency division into non-overlapping channels makes
the anchor sounds non-correlating as acoustic signals but correlat-
ing after demodulation. Using a low-pass signal for modulation
also helps reducing computation load of cross-correlation between
signals by decimation of the demodulated signals.

Another, mathematically equivalent method of processing is
to do most of the computation in the frequency domain through
FFT and inverse FFT. In that case modulation is simply a shift in
frequency, and cross-correlation is multiplication of one spectrum
by the complex conjugate of another spectrum.

3.3. Estimation of position and orientation
After demodulation (and decimation) of signals, cross-correlation
Ri,j(") between them to obtain an estimate of delay can be ef-
ciently computed through the frequency domain:

ri,j(") =
"

"!T

E{Yi(f)Yj(f)"}ej2#f" df (2)

where E{Yi(f) Yj(f)"} is the expectation value of the cross-
spectrum between signals y i(t) and yj(t). Now a simple estimate
for delay between yi(t) and yj(t) is

di,j = maxarg
"

(|ri,j(")|) (3)

In discrete-time computation (particularly for down-sampled sig-
nals) the exact position of the peak has to be interpolated, for ex-
ample by parabolic tting to three topmost samples. Another way
to increase the accuracy of correlation peak detection is to use zero
padding in the frequency domain processing of cross-correlation
so that no peak position interpolation in the time domain is needed.

In ideal acoustic conditions the bandwidth of anchor signals
does not have direct effect on positioning accuracy. However, with
decreasing bandwidth the cross-correlation peak gets broader so
that spatial resolution is reduced because of overlapping of cor-
relation peaks of nearby objects. For example with modulation
bandwidth of 1 kHz (2 kHz transmission bandwidth) the main lobe
of cross-correlation function is 1 ms wide, corresponding to a dis-
tance of about 33 cm in wave propagation. A transmission band
of at least 1-2 kHz is desirable to avoid the effect of falling into a
narrow dip in acoustic transfer characteristics, see Fig. 4.

In practice there is need for several heuristics to improve ro-
bustness of positioning. Among features that can be analyzed
based on cross-correlation are for example the peak-to-rms ratio
ri,j(di,j)/rms(ri,j(")), the ratio of the desired peak to other ones,
etc. These can be utilized for instance to avoid abrupt jumps in dis-
tance estimate due to temporary noise bursts.

For estimating subject’s position in the case 1 of Section 2,
i.e., when anchor signals and their coordinates are known, the dis-
tances to left and right ear from an anchor can simply be averaged.
If one of related cross-correlations is weak, only the stronger ear
distance may be utilized. In case 2, i.e., when anchor signals are
not available, only distance differences to anchor pairs can be ob-
tained, separately for each ear.

Solving for the position of a subject’s head when distances
(or their differences) and anchor positions are known is a standard
geometrical problem and is not discussed here in more detail. It is
obvious that using more anchor sources makes the problem more
overdetermined, which helps in improving robustness.

Estimation of subject’s orientation angle # (see Fig. 1) is based
on interaural time difference (ITD) and possibly weakly on level
difference (ILD), although the latter one is too irregular at highest
audio frequencies to be a robust cue. ITD can be obtained from
distance differences to the ears or separately by interaural signal
cross-correlation through Eqs. (2)-(3). The facing angle $i in re-
lation to anchor i can be resolved by assuming an ITD model, such
as delay di,ITD = Rhead{$i + sin($i)}, where Rhead is the ra-
dius of subject’s head. Front-back confusion can be resolved when
two or more anchors are available.



4. EXPERIMENTS

In favorable acoustic conditions the accuracy of positioning and
orientation can easily be good enough for practical applications, as
studied and demonstrated earlier [3]. In the present work we con-
centrated on making the anchor sounds unnoticeable and studying
the reliability of the approach in reverberant and noisy conditions.

From the experiment reported in Fig. 3 we can see that the
JND threshold of anchor sound increases rapidly toward 20 kHz.
Thus it is desirable to modulate the anchor sounds to as high fre-
quencies as the responsesof loudspeakersand binaural microphones
allow. Otherwise it is difcult to nd a low enough anchor level
not audible but with good noise robustness. In experiments on
the effects of room reections reported below we used anchor car-
rier frequencies of 16–18 kHz with sound pressure levels of 35-50
dB, which makes positioning insensitive to most ambient noise,
including subject’s own speech. A loudspeaker (Genelec 1029A)
as an anchor source and binaural microphones (Sennheiser KE 4-
211-2 electret capsules) close to the ear canals of a dummy head
(Cortex MK1) were used in a room with reecting surfaces.

The effect of a strong wall reection close to an ear micro-
phone as well as a noticeable oor reection is shown in Fig. 6(a).
The direct path distance is slightly less than 3meters and the strong
reection from a wall travels a 0.5 m longer path. In this case the
peaks in the cross-correlation envelope are easily separated, the
direct path corresponding to the rst (strongest) peak.

Subplots 6(b) and (c) depict right and left ear cross-correlations
with source when the right ear is facing to the source and the left
ear is strongly shadowed by the head. In this case the right ear
response is very clean, while direct sound to the left ear is almost
30 dB lower in level, and wall reections coming later are much
stronger. By relying on robust detection of direct sound by the
right ear and searching for a correlation peak within 0.7 ms in left-
ear cross-correlation, the weak peak can indicate the ITD delay.

ILD is so irregular at high frequencies that it is generally not
useful except indicating on which side of the subject the source
resides.

The worst case of delay estimation is when both ears are shad-
owed by an object between anchor source and binaural micro-
phones, whereby wall reections may be much stronger than the
direct sound. This problem can be alleviated by using more an-
cor sources around the space where the subject moves. Detect-
ing shadowed channels is then important by giving main emphasis
to the most robust distance estimates. Sluggishness in reacting to
rapid jumps in position or orientation helps andmany other heuris-
tic rules must be applied in a realistc full scale system.

5. SUMMARY AND DISCUSSION

In this study we have shown that acoustic positioning of a sub-
ject wearing binaural microphones in a limited space can be done
by using anchor sound sources radiating high audio frequencies.
By modulation and demodulation a low-pass anchor signal can
be transmitted independently in several band-pass channels. It is
demonstrated by experiments that cross-correlation between the
received and the anchor signals yields distance from anchors to
binaural microphones realiably in relatively severe acoustic condi-
tions. Prototype tracker systems with 2 to 4 anchor source loud-
speakers have been implemented to work in real time. A full-scale
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Fig. 6. Examples of cross-correlation envelopes in a real room.
(a) Cross-correlation between anchor source and received signal
near a reective wall. (b) Right and (c) left ear cross-correlations
when head-shadowing and back wall reection are prominent in
the left ear, while the right ear is directed towards the source. Hor-
izontal axis: propagation delay mapped to distance in meters.

positioning system needs further heuristics to obtain the most ro-
bust estimate of subject’s position in varying conditions, which is
a problem outside the discussion scope of this study.
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ABSTRACT

Microphone arrays have been traditionally used for locating sound
sources. In this scenario the array is assumed to be static and the
sound sources may be static or moving. If, on the other hand,
the sound source or sources are assumed to be static and a user
is wearing a microphone array the exact position and orientation
of the user can be solved. In this paper we propose a method for
binaural positioning of a user based on binaural microphones and
known external anchor sources placed in the environment of a user.
We demonstrate that user’s location and orientation can be tracked
in many cases very accurately even if the anchor sound is at a low
level and there are distracting sources in the environment.

1. INTRODUCTION

In wearable augmented reality audio (WARA) systems the acous-
tic environment around a user is enriched by adding virtual audio
objects to the environment. Typically, the objective is to produce
an impression that virtual sources cannot be discriminated from
real sources around the user. One potential way of achieving this
is based on a system illustrated in Fig. 1 [1]. Here, the user is
wearing a specific headset where a pair of microphone elements
has been integrated with in-ear headphones. When signals from
the binaural microphones are directly routed to the headphones
the user is exposed to a slightly modified representation of the real
acoustic environment. The addition of virtual sources takes place
in the augmented reality audio (ARA) mixer in Fig. 1.

Preliminary listening tests [1] indicate that this system is very
promising for production of realistic augmented reality audio ex-
perience for a user. However, rendering of virtual sources in such
a way that they have a static location in the augmented environ-
ment requires tracking the position and orientation of the users
head. In this article we explore the possibility to track these using
the binaural microphone signals which are already available in the
system (See Fig. 4) thus avoiding the need for additional hardware
for tracking.

Acoustic head-trackers are commercially available but most of
them are based on a configuration where user is wearing an user
element emitting ultrasound and head-tracking based on process-
ing of signals from a microphone array placed in the environment.
Sometimes this is called an outside-in system for tracking [2]. In
this article, we propose an inside-out system where user is wear-
ing a binaural microphone array and the source, anchor, is placed
in the environment. The most obvious reason for this selection
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Figure 1: Wearable augmented reality audio system based on a
specific headset and signal processing architecture.

is that the power consumption of a loudspeaker is much higher
than that of a receiver (microphone array) which makes the latter
more viable for wearable devices. Secondly, tracking information
is needed in the system worn by the user.

In a typical acoustic environment we may identify many po-
tential anchors such as computers or air shafts in an office envi-
ronment. However, in the current paper we concentrate on a spe-
cial case where the signal emitted by the anchor is known. One
or more sound anchors are emitting known reference signals in the
proposed system. When the reference signal is known the rejection
to interfering sounds can be greatly improved through correlation
between the recorded and emitted signals. With multiple sound
sources the reference signal can be divided into non-overlapping
frequency regions to increase source separation. The results are
shown for an anechoic situation and for a reverberant room con-
dition. The results are also compared with a traditional electro-
magnetic position tracking device.
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2. BINAURAL POSITIONINGMETHOD

Technologies for source localization with microphone arrays have
been reviewed recently, e.g., in [3]. Binaural microphone arrays
for source localization have also been presented, e.g., in [4]. In this
article we introduce a head-tracking system based on processing of
binaural signals.

The time delays of arriving sounds are derived from peak lo-
cations of the cross-correlation functions. The generalized cross-
correlation methods [5] are very prone to interfering sound sources
as the correlation is calculated between the microphone signals.
If a source signal is known the correlation can be calculated be-
tween the known source signal and the recorded signals. This
increases the robustness of localization considerably. With one
known source the relative distance and lateral angle can be esti-
mated. With more sources the exact 2D or 3D position of a user
can be estimated.

s    (t)ref,i

s (t) s (t)l r

21 i N

Figure 2: Schematical view of a system with N static sound
sources.

2.1. Estimating the ITD

Let us assume there are N static sources, anchors, in the system
(see Fig. 2). Each anchor is emitting (looping) a known refer-
ence sound sample and all the samples are divided into smaller
non-overlapping groups of subbands with a filter Pi(f). In the
following the procedure of calculating the interaural time differ-
ence (ITD) for one anchor is introduced. For the other anchors the
calculation is identical.

The reference signal emitted by the ith anchor is given by

Xref,i(f) = Xref(f)Pi(f), (1)

whereXref (f) is the Fourier transform of the original known ref-
erence signal and Pi(f) is the filter for dividing the signal in sub-
bands.

The cross-correlation between the known reference and the
recorded signal is given by

Rl,ref,i =

! !

!!T

!i(f)Sl,ref,i(f)ej2"f!df, (2)

where
Sl,ref,i(f) = E{Xl(f)Xref,i(f)"} (3)

is a sampled cross-spectrum between the recorded left channel and
the reference signal. The weighting function !i(f) is given by

!i(f) =
Pi(f)

|Sl(f)Sref,i(f)|# , (4)

where Pi(f) is a frequency mask for the ith source and is the same
as used for filtering the anchor signal. ! is a parameter for chang-
ing the amount of magnitude normalization (GCC! PHAT) [5].
In the same manner, the cross-correlation Rr,ref,i is calculated for
the right channel as well. Now the estimate for the ITDi is given
by the distance of the maximum values of the Rr,ref,i and Rl,ref,i.

ITDi = maxarg(Rl,ref,i) " maxarg(Rr,ref,i). (5)

When the ITD is known the lateral angle of the user relative to the
i:th anchor can be solved. The ITD for the rest of the anchors is
solved the same way.

2.2. Estimating the distance

When the distance between an anchor and the microphones chan-
ges, as the user moves, the maximum values in the cross-correlation
responses move accordingly. This information can be used to es-
timate the user movement. The chance in distance relative to the
ith anchor is the average movement of the maximum values of the
cross-correlation responses. The change in distance di in samples
to the ith anchor can be estimated with

di =
1
2
(maxarg(Rl,ref,i) + maxarg(Rr,ref,i)) " c, (6)

where c is the initial value of di.
When the distances to all of the anchors are estimated the an-

gle and position of the user can be estimated via circulation. With
two anchors a 2D-position and with three anchors a 3D-position
can be estimated. Though, increasing the number of anchors in-
creases the robustness of the system and allows lower pressure
levels for the anchors.

2.3. Synchronization

Tomake anchors perceptually as unnoticeable as possible the sound
samples played from the anchors need to be made longer than the
frames used in computing. For this reason the system needs syn-
chronization.

In our system, synchronization is done as follows. Assuming
the reference signal sref,i(t) played in the ith anchor is n sam-
ples long (See Fig. 2). When the tracking system is started the
first n samples are buffered. Then a cross-correlation between the
ith reference signal sref,i(t) and the other channel of the recorded
signal sr(t) or sl(t) is calculated. Then the reference signal in the
memory is circularly shifted to synchronize the system with the
recorded signal. After synchronization the recorded frame should
match a frame from the reference signal. The same synchroniza-
tion is repeated for each anchor separately.

As the user moves the synchronization degrades and eventu-
ally when the recorded frame and the frame from the reference sig-
nal does not correlate enough the system needs to be re-synchroni-
zed. This is done the same way as the initial synchronizing. The
on-line synchronization can be performed in the background while
running the system without interrupting tracking. The on-line syn-
chronizing needs only to be done for the anchors that are running
out of synchronization. This reduces the computational load com-
pared to the initial synchronization.

3. RESULTS

The method was tested in anechoic and reverberant conditions.
Fig. 3 shows a schematical view of the measurement setup. For
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the measurements only one anchor (source 1) was used and source
2 was used for playing interfering sounds. A change in distance
is considered as a movement along the y-axis and an angle of zero
degrees corresponds to the case when the user is facing source 1
(see Fig. 2). The user was also wearing an electro magnetic (Pol-
hemus ActionTrak) motion tracker receiver which was placed on
the top of the user’s head.

In the measurement the sampling frequency was 44.1 kHz and
the frame size in the calculations was 1024 samples. A 32768 point
sequence of white noise was used as a known reference signal.

Source 1
Source 2

3.61 m

2.65 m

angle

2.45 m

Polhemus

y

x

Figure 3: Schematical view of the measurement setup. Source 1 is
used as a reference and source 2 is used as an interfering sound
source.

Figure 4: Headset used in the measurements. Arrow points at the
embedded microphone.

3.1. Rejection to interfering sounds

For measuring the sensitivity to interfering sounds source 2 in Fig.
3 was used to play steadily increasing white noise. Source 1 was
emitting (looping) the reference signal at 37 dB(A). The user was
standing in front of the anchor source and turned his head repeat-
edly to the left and right.

Fig. 5 shows the results of the measurement. Second and
third panels (from the top) illustrate cross-correlation responses
between the the reference and the recorded signals. The responses
are zoomed to show the vicinity of the maximum value of the cor-
relation. From the cross-correlation responses can be seen that
at larger angles the head is shadowing the other microphone and
the correlation decreases resulting in a decreased accuracy in the
estimate of user’s position. Especially when the interfering sound
level is high and the reference level is low this effect is pronounced.
The effect can be seen in the lower two panels where the binaural
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Figure 5: Top: Solid line is the interfering source level and the
straight line is the reference source level (37 dB(A)). Middle and
upper middle: Correlation responses at both recorded channels.
Lower middle and bottom: Estimated angle and distance. Solid
line is the binaural tracking and the dashed line is the data from
the electro-magnetic tracker.

angle and distance estimates (solid line) are plotted. The dashed
line is the electro-magnetic positioning device data.

3.2. Reverberant room

Fig. 6 illustrates the results for a measurement performed in a
reverberant room (4.5 m x 10.5 m, T60 = 0.2 s). The background
noise level in the room was 40 dB(A) and the reference signal level
was 53 dB(A). During the measurement the user walked back and
forth in front of the loudspeaker while turning his head to the left
and right. The setup is shown in Fig. 3. Source 1 was used as an
anchor and source 2 was not used in this experiment.

The two upper panels show cross-correlation functions be-
tween the reference and the recorded signals in the two ears. The
two lower panels show estimated angle and distance in the pro-
posed binaural tracking method (solid line) and in an electro-mag-
netic positioning device (dashed line).

3.3. Positioning in subbands

When multiple anchors are used, source separation can be increa-
sed by dividing the reference signals in each anchor into smaller
non-overlapping frequency regions. Fig. 7 plots the mean error
in the angle estimate when changing the frequency mask Pi. The
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Figure 6: Measurement in a reverberant room. Background noise
level was 40 dB(A) and the reference level was 53 dB(A). Top and
upper middle: Correlation responses for both recorded channels.
Lower middle and bottom: Estimated angle and distance. Solid
line is the binaural tracking and the dashed line is the data from
the electro-magnetic tracker.

upper panel shows the used frequency mask. The bins in the mask
were widened for each measurement to see the effect of the Pi.
The x-axis in the lower panel tells how many percents of the fre-
quency band were used for the anchor. The data used for the mea-
surement is the same as in Fig. 6.

4. DISCUSSION

In this article we have introduced a method for positioning of
a user by binaural microphone signals. The proposed system is
based on the use of external audio sources placed in the environ-
ment of the user. When the source signal or signals are known the
3D-position and the lateral angle of the user can be estimated. The
system was tested in both anechoic and reverberant conditions.
Tracking results of the proposed system were compared with an
electro-magnetic position device. The results of the measurements
were very promising. The system also worked well in reverberant
conditions.

The proposed system uses microphones of a specific binaural
head-set which is a part of a wearable augmented reality audio ter-
minal. No additional hardware is needed for tracking. It is also
possible to use the same binaural signals for localizing unknown
sources and estimation of the acoustical properties of the environ-
ment.

In this article, wideband white noise was used as anchor sig-
nal. It was demonstrated that the anchor sound levels can be kept
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Figure 7: Upper figure shows the frequency mask Pi used in the
measurement. The width of the bins was varied from very thin to a
totally flat response. The lower figure plots the mean deviation of
the angle estimate error as the mask changes compared to a data
from an electro-magnetic positioning device. The measurement
data is the same as in Fig. 6
.

low even if there are interfering sound sources in the environment.
However, hissing noise from the anchor source may be disturbing
in some cases. For a user with proposed headset anchor sounds
can be easily canceled because they are apriori known. One could
also use more pleasant anchor signals, e.g. music, as reference, or
hide anchor sounds into music signals utilizing masking properties
of hearing.
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