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SUMMARY

There has been ongoing concern that prolonged fugé8 players can lead to noise-induced
hearing loss. Acoustic exposure is the produchirisity and duration of exposure. Previous
work has utilised measurements of maximum headplbotgut and output during listening
tests to determine acoustic intensity; whilst doratof use is currently assessed with
guestionnaires and interviews. The subjective satfithese latter methods has led to a wide
variation in figures for device use, restricting thcope of media player risk assessment. A
need was therefore identified for an improved metbb acquiring data of users’ listening
habits. This need was addressed with the designnefw data-logging device that discretely
measures voltage output from the media player, sivhil use. A calibration method is
proposed to implement the headphone transfer famétito the data-logger, to relate output
voltage to exposed pressure. It is proposed tlah&adphone transfer function is measured
using an acoustic manikin, representative of th@ufaiion of interest. The real ear
measurement is put forward as an appropriate molélidating results gained using this
approach. A data-logger was designed and a proabo€ept has been demonstrated in a
software program written for this purpose. The psgad method has the advantages that an
objective measurement can be made of the usensahdistening habits, over a long period
of time, with a resolution comparable to persor@ustic dosimetry. A number of practical
steps are required to further this work before damia be collected. A software graphic
equaliser was used to implement the transfer fanctut the chosen filter topology gave an
unsatisfactory response, an investigation is regufor further work. The device requires
migration to hardware and the experimental calibnatnd validation of the system are also
required. The worldwide population of MP3 playeetssis in the region of hundreds of
millions of people. The relationship between ugat device is becoming closer and portable
music technology is becoming ubiquitous, permittexgended listening durations. There is
therefore a strong need to continue this fieldegkarch, to increase understanding of the risks

of this aspect of recreational noise.
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1 INTRODUCTION

1.1 Problem Statement

Exposure to prolonged or intense sound pressuedsieauses damage to hair cells within the
inner ear, resulting in hearing loss. This is knaamnoise-induced hearing loss and is the
most common preventable cause of irreversible sereaoal hearing loss. There have been
recurring concerns over the decades that portabldiarplayers, such as MP3 players, have
the potential to cause noise-induced hearing I@éstk has been done to determine the
acoustic dose delivered by cassette players, Cfedaand now MP3 players, but the task of
measuring sound from within the ear canal is aiqdar challenge. Exposure dose is the
product of intensity and duration of use. Headphsemend pressure measurements are made
to determine maximum potential intensity. Currergtimods to determine duration of use
focus on subjective questionnaires. The wide vanain questionnaire responses means this
method does not provide data of sufficient resoluto permit a confident assessment of the
risks of MP3 player use. There is therefore a némdan objective and quantitative

measurement of the temporal listening habits ofisnplhyer users.

1.2 Project Aims and Objectives

It is the aim of this project to address the problef acquiring objective data from digital
media player users from within their natural ennir@nt, for the assessment of the risks of
hearing loss associated with the use of MP3 playens work has the following specific
objectives:

1. Propose a new method to measure user listeainitsh

2. Specify and design the chosen method.

3. Demonstrate successful data collection fronptioposed method.

4. Present a method of calibration, validation dath analysis.

1.3 Structure of the Dissertation

Chapter 2 details the observation, reviews thevagle science and technology and the
previous work carried out in this field. A new methis described in chapter 3 and the design
and test processes are documented in chapters 8 wagpectively. A calibration method is
discussed in chapter 6 and the validation in chiapt€onclusions are drawn from this work

and presented in chapter 8, with a brief reviefudher work and recommendations.



2 BACKGROUND

2.1 Observation

There has been concern in the media regardingdherse health effect of long-term MP3
player use [1] and [2]. With the emergence of nenspnal media player technology over the
decades, the question continues to be raised: Daljye media players increase the risk of
hearing damage? This question re-surfaced in themddia in late 2005, when the Royal
National Institute for the Deaf (RNID) called foregter awareness in the UK to the risks of
listening to amplified music through headphones T3ie issue gained wider public attention
in the United States and Canada [4], [5] and [6lewAttorneys Hagens-Berman LLP bought
a class action complaint against Apple Computer, ihe makers of the popular MP3 player
‘iPod’, on behalf of John Kiel Patterson, in Jayu2006. Patterson claims that the iPod range

of products:

“.. are inherently defective in design and not isightly adorned with adequate
warnings regarding likelihood of hearing loss ameddfically the onset of

noise-induced hearing loss, a condition which l@aeure or treatment” [7]

The verdict has not yet been reached. The focpsilolic concern can be appreciated in view
of the market size: 68 million MP3 players weredsioiternationally in 2006, 6.67 million of
those were sold in the UK [8], which equates to an# for approximately 8% of the UK
population (based on [9]). Apple alone has soldr @& million iPods worldwide since its
launch in 2001 [10]. Marketing companies use thent&ween” or “tweenager” to broadly
describe 8 - 14 year oldstleen an age governed by parental control and thatmifatfon to
popular culture, defining an entry age onto consumerkets [11]. A survey of 1855
Americans found that of the 30% of Americans whan@m iPod or MP3 player, 54% of 12 -
17 year olds are owners (39% of 18-24 year olds3&34d of 25-44 year olds), [12]. The UK'’s
Institute of Hearing Research estimates that 4ionilUK adolescents are at risk of hearing

damage from listening to amplified music [13].

In October 2006 the National Hearing Conservatigsakiation (NHCA) hosted the first
conference in America, entitled ‘Noise Induced Hwatoss - in children at work and play'.
During which, a range of papers were presentedhilgatight the risk behaviours and lack of
education of young people toward hearing damagé¢ &l [15]. A number of hearing
conservation programs have been set-up to promedecaess of responsible listening habits

among children, tweens and teenagers; such asStenti Sense” campaign in Canada [16],



“Don’t lose the Music” in the UK [13] and a wideH&ar the World” campaign organised by
hearing aid manufacturer Phonak [17]. The Ameri8arech-Language-Hearing Association
(ASHA) joined with the Consumer Electronics Asstioia (CEA) in May 2007 to launch the

“Listen to your Buds” public health and televisioampaign to promote sensible MP3 player
listening habits [18]. In a guide for MP3 playeetson safe music listening, Kasper named

the potential risk phenomenon “MP3 ear” [19].

Portnuff and Fligor measured the output level afhedevice in the iPod range for varying
volume settings and with five different earphoneety and found them to produce high
enough sound levels to pose a risk to hearing[R8Js They presented recommendations at
the NHCA conference for maximum daily listening ations (see section 2.5). The ASHA
also measured the output levels of a range ofrelgict consumer goods capable of playing
MP3 files (including laptops, PDAs and mobile phefpeonfirming the results of Fligor and
raising a concern that some devices with potegtinhrmful output levels are marketed
directly at young children, such as the “Bratz Lipgs” MP3 player and the “Disney Mix
stick” [21]. Polling company Zogby International svsaommissioned by the ASHA to look at
MP3 player usage habits of American high schoalestts and to gauge the public perception
of hearing loss from such devices. The minoritydd®f the students interviewed said they

have never experienced the symptoms of hearind2@$s

Allied to these observations is a recent campaigm fsound engineers within the recording
industry to stop the increased use of ‘peak limgitiduring the mastering process of music
production. Peak limiting reduces the dynamic raagd raises the overall loudness of the
music, by permitting greater range to the noiserfldhe campaign is aimed at what is being

called a “loudness war” in the music industry [23].

The question of whether portable music player nseeases the risk of hearing damage isn't a
new one. It was raised in the 1980s concerningitiecof tape cassette players [24], and in the
1990s concerning compact disk players [25]. Flgoggests that the nature of today’s debate
regarding MP3 players is of greater concern becaus#ern solid-state storage technology
and improved battery life permit increased playetinvhich could provide increased exposure
[26].

Before looking at how this question has been tatkieer the years, the physical principles

behind the chain of events from music generatigretception, will now be reviewed.



2.2 Path of Sound

2.2.1 Sound generation

Mechanical sound waves are rarefactions and comsipres of local particle densities,
established by the periodic motion of the particléhin an elastic medium. This motion can
be generated in air by musical instruments: byrnio¥ement of a drum membrane or other
percussive surface; the string of a guitar or piamahe reflected flow of air through a pipe
such as a flute or the pipes of an organ. The feeardg energy through a given medium is
impeded by the characteristic acoustic impedangg f@£ that medium and expressed as the
product of ambient densitpd) and the speed of sound (s), thus:=%,.s. The rate at which
energy is transferred through the medium is cadlesustic power (W), expressed in Watts.
Acoustic intensity (I) describes the acoustic power square metre (WAnand can be

defined as the ratio of the square of the rms preds the characteristic impedance:

P’ P’ .
| =X R X R e, Equation 1
PoS Zc

Acoustic power is expressed in relation to a refeeepressure @ of 20uPa (a 1kHz

sinewave with a sound pressure of 20pPa causespkckment of 7.68 x 10-8m, 1/300 the

diameter of a hydrogen molecule). For practicappges acoustic power is expressed as:

2
10|Ogl{pxz—/zcj or 20|0910(&J ...................................... Equation 2
P’/ Zc Pr

Using the units decibel sound pressure level (dBSPL

In 1933 Fletcher and Munsen studied subjective negd by comparing an increasing
intensity stimulus against a 1kHz reference torepss the physiological frequency range
(20Hz to 20kHz), the results were averaged acrdasga subject group [27]. They produced
the ‘equal loudness contour’, which is used todaynbrmalise acoustic intensity with
frequency (see Appendix A). Fletcher and Munseats dhas been added to over the years to
derive a number of filtering functions for acousdplications. Two commonly used filters in
audio measurement are the A-weighting and C-weigHhtiinctions. The A-weighting filter is
defined by International Standards Organisatio®}I&nd subsequently by British Standards
(BS) and is commonly applied to continuous timeyirag sound pressure levels. It closely
imitates the spectral response of the human eaddy¢mphasising lower and higher
frequencies (0-1kHz and 5-16kHz) and emphasizirdrnange frequencies (1-5kHz). The C-
weighting permits a broader bandpass and is appdigde measurement of impulse sounds
[28], (see Appendix A).



Figure 1 gives examples of commonly encounterechd\ @-weighted sound pressure levels,
it can be seen that the impulse sounds have arsgled pressure level than continuous and

intermittent sounds. Measures of exposure dosdistassed in section 2.3.

Typical Sound Levels

Whisper |
Rustling leaves | =
Light traffic | =]
Refrigerator |
Speech |
Office |
Alarm clock |
Vacuum cleaner |
Baby rattle |
Restaurant |
Hair dryer |
Drill, handheld |
Personal cassette player |
Karaoke |
Nightclub / discotheque |
Sporting event |

Activity

Rock / pop concert |

International Space Station (inside) |
Jet airliner (cockpit) | =
Automobile (inside) |
Train

Subway | e
Tank (inside) | E——
Jet takeoff (external) | :
Firecracker* |
Rewolver (.357, .38, .41, .44 caliber)* | =
Shotgun* | ==
Howitzer* —

0 20 40 60 80 100 120 140 160 180
Sound pressure Level (A-Weighted)
*C-Weighted

Figure 1 Typically encountered sound pressure $hasl]

2.2.2 Music, sound or noise?

To many, including the American essayist Ambroser@t, noise is “a stench in the ear.
Undomesticated music. The chief product and auittegirig sign of civilisation” [30]. Sound
may be an unwanted noise to one person, or muditet@ars of another. No distinction is
made here between noise and music delivered bydiarpéayer, because the pressure wave
reaching the eardrum is the result of the totahaigoutput from the device in use.
Acoustically, noise is classified as continuoustransient (impulse or impact). Continuous
noise remains relatively constant for at least $€2onds [31]. Impulse noise consists of a
single positive pressure peak followed by a ragitinn to atmospheric pressure; transient
impact noise is a series of positive and negatigakp that slowly dampen. In audio
production, noise appears in the form of clicksmeuand residual low level sound heard
between tracks. In the frequency domain the shafigecspectral response is used to classify
continuous noise into colours: white noise contageal energy per cycle (a flat response).
Pink noise has equal energy in logarithmic bands ¢kample 20-40Hz contains the same

amount of energy as the 200-400Hz band). From aiolagical point of view, damage is



caused by the quantity of energy delivered to #e rot the nature of the sound [31] (see
section 2.2.7).

2.2.3 Overview of sound recording process

The process of capturing sound varies accordiriggmature and origin of the sound (live or
studio, orchestra, animal or other), the style prederences of the engineers involved and the
available equipment (digital or analogue, PC-basedther). The process follows the same
general theme. In a typical scenario, a numberiofaphones convert sounds from different
sources, from pressure changes to voltage leveistophone selection and placement is
governed by the type and layout of sound generatousical style and/or nature of sound.
Some instrument-microphone combinations require-apnplification before the separate
channels are sent to a mixing desk. Instrumentsh(as electric guitars) with built in pickups
can be connected directly to a mixing desk. Dutimg performance the data can be either
stored immediately as separate channels (multitracording) or the separate channels are
mixed in real-time by a sound engineer and the g is stored. The choice between
digital or analogue formats has been hotly deb&eddecades amongst audiophiles and
magnetic tape recorders and valve amplifiers ditegailable in studios such as Abbey Road.
In live recording the composite sound can be medifby banks of graphic equalisers, to
compensate for room acoustics and other effects. tlhen amplified before the frequency
bands are separated (by crossovers) and sent regpective auditorium speakers, selected
channels are sent to on-stage monitor speakemnsgfdbe performers. Overdubbing is the
option of recording individual sounds one-by-ondager the final track. When the mixing
process is complete, the mastering engineer apalieEnge of post-production techniques
(such as compression and amplification, peak ligjtclick and hiss reduction) to produce a
final master, that is used as the blueprint fofuatiher recordings. It is the mastering engineer
who sets the overall loudness of an album, basetiein personal subjective experience and
comparison to previously recorded albums. Indivigagaformers or groups may employ their
favoured mixing and mastering engineers from d#ifércompanies. Others, such as the
performers Bjork or Karlheinz Stockhausen play etiva role in mastering as an extension of
the performance, this leads to a variation in dyicaange and loudness across commercially

produced albums.

2.2.4 Sampling and encoding

Data is historically sampled in multiples of 44.%HThe value arose from a need for

compatibility between digital audio and Phase Al&ting Line (PAL) video equipment; PAL



pulse code modulation adaptors take 3 samples41i@8s at 50Hz = 44.1kHz. The sample
rate was retained with the introduction of commhisks. More importantly for audio, 44.1kHz
is greater than twice the Shannon-Nyquist samglieguency for the highest physiologically
perceptible component of 20kHz. Audio data is sa@, 16 and 32-bits wide. 32-bit data
sampled at 44.1kHz generates 176.4kBytes per sesont produce song files suitable for
storage on MP3 players with limited storage cagasampled data is reduced in size using a
codec (acompressiordecompression algorithm). A codec cycle can resultaifoss or
preservation of information, hence a trade-off extsetween music quality and file size. A
range of lossless and lossy codec algorithms areemtly in use. One aim for lossy
compression is to produce highly compressed data adta transparency, this refers to the
point at which distortion is imperceptible. Subjeetlistening tests are carried out to produce
comparisons of lossy codecs, such as [32]. Popnday algorithms include: Advanced Audio
Coding (AAC), Ogg Vorbis and MP3. Popular losslakgprithms include: the Free Lossless
Audio Format (FLAC), Dolby TrueHD and the Apple Istesss Audio Codec (ALAC).

The International Electrotechnical Commission (IEB@¥ 1ISO established the Moving Picture
Expert Group (MPEG), to define a set of standandsidio and video data compression. The
group produced the following standards: “MPEG-1f ¥deo CD and MP3, “MPEG-2" for
digital television and DVDs, “MPEG-4" which is a fftimedia container format for audio,
video and mobile telephone data and “MPEG-7" andPEB-12" define various multimedia
information carrier formats. MPEG-1 layer 3 is coomly referred to as MP3, whilst the
popular MP4 and M4A audio-video formats are defimgithin the MPEG-4 part 14 standard
[33]. The phrase “MP3 player” is a popularised baatl name given to a digital audio player
capable of storing and playing back a number ef fidrmats including MP3 encoded data.
The Apple iPod can handle compressed MP3, AAC andlA Mossy data and the
uncompressed Audio Interchange File Format (AIFRY &/indows WAV data (short for

waveform).

2.2.5 Headphones

Audio playback (transduction from a voltage level & pressure wave) can be achieved
through loudspeakers or a pair of headphones. Heads are classified according to the
coupling geometry made with the ear: circumaurgscenclose the entire pinna in the same
fashion as an ear defender, supraural headphonéatsagainst the side of the head, ear
inserts are placed in the concha or outermost@ouf the ear canal and canalphones insert
into the ear canal. Audiologists Fligor and Ive8(@) compared the listening levels of four

different types of headphone in differing backgrduoise levels and concluded that although



ear inserts are capable of producing a higher séewel than circum/supraural types, they
were not used at higher levels. Some isolatiorattkpround noise was made with ear insets.
80 of the 100 subjects sampled listened to leviglsen than the recommended 85dBA (see
section 2.3). Factors that affected chosen volureeewdentified as gender and level of

background noise [34].

2.2.6 Sound reception and perception — normal anatay

The final element of the auditory path is the ¢agyre 2). Anatomically the human auditory

system can be split into two divisions, the peripheand central auditory systems. The
peripheral auditory system consists of the outé&idta and inner ear. The outer ear amplifies
incoming sound waves and assists in the localisaicound sources. The cumulative effects
of the outer ear and the shape of the head resut maximum amplification of free-field

sound by approximately 20dB at 2.5kHz [35].

Semicircular canals Malleus ' g; . Stapes
(hammer) “7ukl o —
Temporal bone % -'-.“\;l \_. (stirrup)
T, . Auditory Nerve/ !
Pinna (auricley— ' '%—‘ Tympanic Incu_sI
Concha Cochlear Membrane (anvil)
External auditon | = & (ear drum)

,_I—F__',
meatus (ear canal)\~

\ L_t'ﬁ?. Tympanic Eustachian tube
N3 membrane
Lobule '\FL“?-H (ear drum) Tympanic cavity

Figure 2 Anatomy of Ear detailing the ossicles paeld from [36]

Mechanical pressure waves enter the ear throughutiele (or pinna). The concha, a groove
in the auricle, guides sound waves through thereateauditory meatus, to strike the

tympanic membrane, causing it to vibrate. The nadelr is a space within the temporal bone
that transfers energy from these weak vibratiorts@mercomes the inertia of incompressible
fluid of the inner ear. This is achieved using thechanical advantage of the ossicles. The
ossicles are the smallest and first fully formeddsin the human body and comprise: the
malleus, incus and stapes. Due to the relative differences, the footplate of the stapes
pushes against the membrane of the oval window avftirce 15 to 20 times greater than that
on the tympanic membrane [37]. Two mechanisms prokee middle ear from some damage
caused by high acoustic pressures: 1) air is espdhlvia the Eustachian tube and 2) a
damping action on the stapes by the tensor tympadi stapedius muscles, in a feedback

process known as the acoustic reflex. The innerheaises the transducers required for



balance (semicircular canals and vestibule) antiéaring (cochlear). The cochlear is defined
by a bony wall spiralling 2 % turns around a cdntoee. The space within the wall contains
three fluid-filled channels: the scalas vestibuledia and tympani, separated from each other
by the tectorial and basilar membranes. Vibratibthe oval wall is transmitted through these
channels causing the basilar and tectorial membramevibrate. The hearing transduction
mechanism (the organ of Corti) sits between thted and basilar membranes with rows of
two types of cell, inner and outer hair cells (FeyB). Each hair cell supports bundles of
stereocillia (gm long x 0.2um wide) [37], which protrude into the tectorial memane and
synapse with a complex network of afferent (senang efferent (motor) neurons. Inner hair

cells form two rows along the length of the spoajan and support 50-60 stereocillia.

Scala Medi — Tectorial membrang, -
o ey ol — N \':aﬂ;;
Stereocili

L Phalangeal
process

—Inner hair cells
—Quter hair cell

Figure 3a Figure 3b  igufe 3c
Figure 3 (a) Components of the organ of Corti;givouter hair cell; (c) scanning electron
micrograph of a portion of the organ of Corti shogvrows of outer hair cells, magnification
x2500 [37].

Outer hair cells outnumber the inner cells by 31d aupport up to 100 stereocillia arranged in
three or four rows, forming V' or ‘W’ shapes (Figu3c). The differential vibration between
the basilar and tectorial membranes causes theostfia to move and create an action
potential. 90-95% of the 30000 sensory neurons itivervate the cochlear innervate inner
hair cell stereocillia. The outer hair cells arscainnervated by motor neurons, which cause
the stereocillia to change length, this impacts tba deflection geometry of the two
membranes, which in turn has the effect of enhanttie sensitivity of inner hair cells [38],

[39]and [31].

The central auditory system has an analytical fanatather than one of transduction [40]. It
is defined by the auditory structures medial to ¢behlear nerve. Afferent nerve cell bodies

are found in spiral ganglia of the cochlear. THed$ make up the VIlI cranial nerve and



travel through the temporal bone to synapse with tegions of the cochlear nucleus (the
ventral and dorsal regions). These regions lie iwitlhhe medulla of the brainstem. The
afferent pathway ascends to the superior olivanyegowithin the medulla, the location of
efferent nerve cell bodies and the origin of theonpathway of the middle ear muscles. The
afferent pathway continues superiorly through #teral lemniscus, a structure that covers the
superior olivary cortex, pons and the inferior iollus of the midbrain. Afferent signals then
conduct to the medial geniculate body, before rgacthe primary auditory cortex, located

within the superior temporal gyrus of the cerelbratex [40].

2.2.7 Excessive noise and hearing loss

Hearing loss or deafness affects approximately @ people in the UK [41]. A third of the

population will have significant hearing loss by thge of retirement [42]. A loss of the ability
to discriminate different sounds is attributed ensorineural loss (inner ear and/or nerve
pathology) [43], whereas a loss of perceived losdr{®ss in sensitivity) can be attributed to

sensorineural or conductive hearing loss (outefaandiddle ear pathology) [31] and [44].

Noise remains the most common preventable causecgérsible sensorineural hearing loss
[31]. The adverse effects of noise on the bodyarkk documented and include noise-induced
hearing impairment [45], interference with speedmmunication [46], disturbance of rest
and sleep, psychological, mental health and pedaoom effects, and effects on residential
behaviour and annoyance [47], [48] and [49]. Theuraof damage varies according to the
nature of the noise, brief noise exposures or anditatigue result in a reversible noise-
induced temporary threshold shift (NITTS), A surnaypapers show a mean NITTS of 8-
26dB following acoustic exposure of 1 to 2 hour8][4.onger duration exposures result in an
irreversible noise-induced permanent thresholdt SINIPTS). The relationship between
NITTS and NIPTS is unclear. Repetitive episodesNOTTS result in NIPTS. NIPTS is
masked in the presence of NITTS and is thereforéehdo detect. An acute exposure such as
a sudden impact or head trauma may result in acowauma — tympanic perforation and
ossicular damage, in which a mild hearing loseensat 4kHz and progresses with severity of
trauma to major threshold losses from 500Hz, tier@so a loss of speech discrimination.
Chronic exposure over a longer duration (days #rg)emay result in noise-induced hearing
loss (NIHL). During noise exposure, blood supplthe cochlear is reduced, which has been
found to progressively damage outer hair celldpvatd by the inner hair cells. After hair cell
loss, nerve and ganglion cell loss occurs, reguliimpermanent loss of hearing. There is
currently no effective management beyond cochleavenstimulation. The patient history of

exposure duration may be vague, making early ifieatiion of NIHL difficult. Tinnitus is
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seen in early stages and is followed by a bilatdidliz loss and speech discrimination
problems. The loss then extends to below 4kHz. Nttdes not progress after the noise has
been removed. Points A-D in the following audiogréfigure 4) show increasingly severe

NIHLs, with point E representing a complete los$igh frequency perception.
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Figure 4 Audiogram of typical differing severitieSNIHL [31]

Bjorksten et al. (2005) summarises that “the evidefor an association between noise
exposure of children and adolescents and eacteddfthcts specified [above] is strong” [49].
For further reviews see [45], [50] and [51].

2.3 Noise Exposure Standards

Current exposure level standards were devised ay®pcess of development since the late
1950s, to meet the needs of occupational heario@gion. They are based on an exposure-
risk model that compares epidemiological data ddring threshold losses for an 8-hour
occupational exposure, during a forty year workifegagainst acceptable risk percentages in
the population. Acceptable risks percentages amedan the preservation of speech
discrimination. The equal-energy hypothesis wap@sed by Eldred et al in 1955 (for a
history see [52]), and suggests that two noise &x@s are expected to produce equal hearing
loss if the product of the exposure intensity argdosure time are equal, irrespective of the
distribution over time. This rule allows a 3dB dmgse in sound pressure level for each
doubling of duration. The hypothesis was experimintverified in the 1970s and 1980s,
independently by Passchier-Vermeer [53] and [54hv6[55], and Burns and Robinson [56]
and it is used as the basis for current models 468 [57]. A large number of regulations are
in place throughout the world today and many Coestihhave more than one regulatory body,
for example: in Canada six organisations set lifigtsvarious areas of occupational activity.

For the purposes of this work, the following stamidaand bodies will be referred to:
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* The Control of Noise at Work Regulations 2005 frora United Kingdom’s Health
and Safety Executive (HSE)

* European Union (EU) Directive 2003/10/EC

» International Standards Organisation (ISO) docunfe@t999:1990

Reference is also made to American standards frarNational Institute for Occupational
Safety and Health (NIOSH) and Occupational Starglamtl Health Organisation (OSHA).
The following terminology can be found in comparatiforms, across noise standards

documents:

e Criterion level (dB): Is the sound level that ifpdipd for 8 hours would produce
100% exposure. Also called Recommended Exposuréd (R&EL) by NIOSH.

* Exchange rate (dB): The number of decibels requdthlve or double the allowable
exposure duration. For example: an exposure foow@shat 80dB, a 3dB exchange
rate at 16 hours gives 77dB.

» Threshold level (dB): Above this level sound pressteadings are used within an
exposure dose assessment. Below, sound pressaledatlings are taken as zero.

* Response time: The time constant applied to cootisusampling measurement
equipment: (F)ast is 0.125 seconds or (S)low iscbisd.

* Ceiling level: Maximum permissible exposure.

* Fence: The hearing threshold level (HTL) at a numifeaudiometric frequencies,

above which hearing impairment is said to have oecu

The ‘ISO model’ is enshrined in the 1SO1999:19%nhdard [57] and culminates in a method
for producing an estimate of the mean potentialM8RN, 5o for a given exposure level, for a
given age. NIPTS statistical distributions and remive values are provided, based on
epidemiological data. The following equation isanformat that extrapolates for exposure

times less than ten yearsgd\):

log,,(©+1 C) .
N s00<10 = %l:[u + Vloglo(G_OD(LEX’Sh -1, )Z:I (dBA)...coevviiiiiin. Equation 3

Where: |y is a cut-off sound pressure level defined as atfan of frequency
u and v are given as a function of frequency
O is the exposure time in years

0, is the reference duration (1 year)
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Lexgn is the exposure level normalised to a nominal 8rlwaorking, such that:

Lex gn = Lagyr, +10|0910(%j (ABA) oo Equation 4

0
Where: T = exposed duration (hours)

To = reference duration (8 hours)

The parameter Aeq 1, iS known as the A-weighted equivalent continusasnd pressure level,
defined in 1S01999:1990 (clause 3.5) and represtssound the person is exposed to
during a working day. It is the average incrememassure over a chosen measurement

window and is calculated from:

2
Lpeq.T =1OIogm{iJ‘:2p—A2dt} (ABA) oo, Equation 5
-4 p,

Where: Ris the reference pressure of 20uPa
P, is the rms pressure

ty and t are the capture start and stop times respectively

Direct measurement of slqr can be made whether the noise is steady, intemnitt
fluctuating or includes impulsive components. TB®Istandard does not specify frequencies,
frequency combinations, criterion levels, threshiddels or ceilings levels. It has been
adopted by the European Union under EU Directiv@3200/EC “on the minimum health and
safety requirements regarding the exposure of werke the risks arising from physical
agents (noise)” [58], which does specify criteriand ceiling levels. The EU directive is

harmonised across member states.

The Control of Noise at Work Regulations 2005 [B9%he respective standard effective in the
United Kingdom as of April 2006, aimed at limitirgxposure during defined risk-assessed
tasks in the workplace. Two “action levels” andedliag level are defined for daily or weekly
exposure. The choice of a daily or weekly measuntmindow is left to the discretion of the
risk assessor, for example: the continuous nathiroise emitted during routine production
turning may be assessed using a weekly measuremietdw, whereas the range of varied
tasks of a mobile service engineer may be ass@ssaddaily basis. No guidance is given to
make this judgment. No exchange rates or threstaiglspecified and the response time is
slow.
The lower or 1st action level requires:
Criterion level (dB):  Personal exposure level{l) = 80dB(A) per day / per week
Ceiling levels: Peak level gea) = 135dB(C)
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The upper or 2nd action level requires:
Criterion level (dB):  Personal exposure level{l) = 85dB(A) per day/week
Ceiling levels: Peak level @eead = 137dB(C)

Peak (with hearing protection device) not to becexed:
Criterion level (dB):  Personal exposure level{l) = 87dB(A) per day/week
Ceiling levels: Peak level @oea) = 140dB(C)

The term ‘action level’ emphasises the respongjbidimployers and employees have, for
ameliorative actions associated with a task. Thegyof action are specified in [59] and

among others, includes aspects of: elimination @rdrol of noise, maintenance and use of
equipment, health surveillance, training, and tee af personal protection equipment. The
daily personal exposure leveldq equates to 1ISO gy gn (equation 1), the UK durations are

stated in seconds. If the daily exposure consiste/@ or more periods with different sound

levels, the daily personal noise exposure levep §Lfor the combination of periods is given

by:

Lepy = :|_0|ogm{_|_i Z (TI 100'1(LAS"’T6)i )} (ABA) ..o Equation 6

0 i=l

Where: n is the number of individual periods ia thorking day
Ti is the duration of period i
i=n
ZTi =T, the duration of the person’s working day, in &t
i-1
For example: for n = 1 exposure event:

i=n

. T
10Ioglo[_l_i2('l'ilo°'l‘“e“)' )} = Lpegr, +1OIogm[T—ej = Lep g

0 i=l 0

The weekly personal noise exposurep-for a nominal week of five working days, is

expressed as:

Lepw =10|Oglo{%2100'1(LEp‘d)‘ } (ABA) e Equation 7

i=1

Where: m is the number of working days which tlegspn is exposed to
noise during a week

(Lep,gi is the Lep 4 for the i'th working day
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The peak sound pressure level is given by:

P
Le,, = 20|0g1{ (;eak :I (ABC) oo, Equation 8

0

Where: Rpeak IS the maximum value of the C-weighted sound presgin
Pa), to which a person is exposed to during th&ivgrday

P, is a reference pressure of 20uPa.
2.4 Sound Measurement

The simplest implementation of a sound level mgé&M) is shown below (Figure 5).

Filter selector Time constant selector

Microphone l l

TN | RMS
bﬁ Preamplifier %ighti"ﬁgﬂ Amplifier Ipeak Display

- Filters-\ detector

Figure 5 Sound level meter block diagram

The exponentially averaging SLM converts the a@uatic pressure wave to a DC voltage
within the RMS circuit stage and produces a timéghied measurement of sound level
according to the chosen time constant of integnatieast 0.125s, Slow 1s, Impulse 0.035s)
and weighting filter (A, C or none). The resultdsplayed in decibels referenced against
20uPa. The exponentially integrating sound levelemsimply produces a sum of pressures
over a defined time and displays the result in &ascThe averaging SLM reports the
equivalent continuous sound pressure level definedquation 5. A peak level meter reports
the peak value in Pa or dBCs, as defined by equ&ticSome SLMs such as personal sound
exposure meters (PSEM) or dosimeters log a disseates of |, values over a shorter time
frame, known as shortyl, values. Dosimetry is the preferred choice over Shithen there is

a high variability in noise level, when there ispuse noise and when the worker moves
about. PSEMs face the problem of microphone plaoénamd artefacts generated by

interaction with the wearer. UK and European Sdewdl meters are specified in [28].

2.5 Previous Research into Portable Music Exposure

The first personal radio/cassette players (PCPsrbe available to consumers in the UK in

1979, with the Sony “Walkman”. Fearn and HansorB@)9measured maximum sound level
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output by placing the microphone of a sound leve@ten next to the headphone [60].
Measurements were made of user selected volunoes, 16 subjects, after listening to music.
They concluded there was no evidence of a riskeafing damage, but the wide variation of
headphones and population size were an issue &noiy reliable data. Catalano and Levin
(1985) were among others to use an artificial ®amprove the method. They measured the
output across whole number octave bands. 190 peegp@nded to a questionnaire for usage
data and responses were compared against an gudiér criteria (ARC) (85dBA for
8hr/day, 40days/week 20 years). Response times adrapolated from 10 to 20 years to
match the ARC. 31.4% of respondents exceeded the [AR]. A Knowles Acoustic Manikin
for Acoustic Research (KEMAR) was used by TurunéseRand Tvete (1991) to assess
different headphone types [62]. They concludedetheas a low risk of hearing loss, but
guestioned the risks associated with percussivendsouRice, Breslin and Roper (1987)
conducted a multi centre study [63] and [64], usingEMAR with a Zwislocki artificial ear
simulator to measure maximum PCP output from sapral headphones across 1/3 octave
bands. User selected levels of 2 songs were maehsueesound booth and in the street with
70dB of background noise. Usage habits of 500 users assessed by questionnaire. They
concluded that “whilst definitive population stéts on the use of PCP devices are not
available, there is sufficient evidence to warranstatement of their potential for causing
auditory hazard”. Results for all papers are sunsedrin Table 2, Table 4 and Table 4

(overleaf).

Sony placed the first compact disk player (CDPg, ‘tliskman”, on the market in Asia, in
1984. Hellstrom and Axelsson (1988) used a KEMAR&asure maximum output across 1/3
octave bands with pure tones and white noise stifdi@Ps and CDPs were tested on subjects
wearing supra-aural headphones, probe tube micrgshwere placed inside the ear canal.
Audiometry was conducted before and after one lbdistening, to assess TTS. Subjects
were interviewed for usage statistics [65]. Hetistr Axelsson and Costa (1998) repeated the
measurement ten years later, sampling data evesgcénds using a probe tip microphone,
audiometry was conducted before and after one dbuser-selected volume music listening
to assess TTS [66]. Both studies found high exmogsates and a threshold shift and
recommended the need for protective marking andhesigal limiter. However Hellstrom
(1991) also interviewed and carried out audiomefr$68 subjects and found higher rates of
high frequency loss in a non-user group [67]. Btyak (1998) used a Head And Torso
Simulator (HATS) to measure the maximum output afoanbination of CDPs with supra-
aural, and ear insert headphones across 1/12 antigo music samples and a programme
signal noise [68]. The results were compared toa@@m occupational limits (87dBA for

8hrs, with a 3dB exchange rate), time to exceedithi¢ varied from 8 minutes to 4 hours.
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Five of the eight devices exceeded the rate inuk.lthe most sensitive device combination
exceeded the limit in 45 seconds. Passchier-Versweeyed a sample (un-stated size) of the
Netherlands population over a two year study. Assuilthen undertook a listening test and
pure tone audiometry [69]. Passchier-Vermeer goestli the applicability of 1ISO1999:1990
suggesting that music-induced hearing loss is bettecribed with a maxima occurring at
6000Hz, half an octave lower than the relationsdgscribed by 1SO01999:1990. He estimates
that 6.5% of the Netherlands population (aged 120johave a music-induced hearing loss of
3dB at 4000Hz and 6000Hz. Fligor and Cox (2004)suezd the maximum output levels of
different CD player-headphone combinations and ugjenre combinations. A
recommendation of 1 hour per day use was sugggsdedwilliams (2005) took a KEMAR
onto the streets of Australia and measured 2 misataples of output level in variable
background noise [71]. A difference in mean outpats found for gender (males 80.6dB,
females 75.3dB) and 25% of those sampled were derex at-risk according to WHO [48]

guidelines.

The first digital audio player, the “MPMan” appeadmn the US Market in 1998. Pereira et al
(2006) measured the output from an iPod, usingetlear inserts and a HATS with a
combination of volume and equaliser settings [A2vide output variability was found across
different EQ options, with a maximum 27.3dB diffiece between Jazz and Lounge. Fallah
and Pichora-Fuller (2006) conducted an iPod lisignest with 24 faculty students, listening
to two 30 second samples under five backgroundcenmsditions [73]. The work showed an
increase in volume with background noise. Curioasiyean increase of 2.7dB was found in
the right ear. Garrido and Pichora-Fuller (2006)diccted pure tone audiometry in relation to
music-induced hearing loss and found no incideridesaring loss in the sample group [74].
Trask et al (2006) captured ten-second samples tfhencurrent MP3 player music selection
of 95 students, in addition to a seven questiovesuof listening habits [75], the work

highlighted the need for further work on listentmapits.

Other methods used for the assessment of recrahtdifiL include the use of Auditory
Evoked Potentials (AEPs) and Otoacoustic emisqiOAsEs). Fabiani et al (1998) correlated
the high frequency hearing loss of 38 sports sheatéth an absence of a brainstem response
and increased wave V latency [76], characteristidAindings of sensorineural hearing loss.
LePage and Murray (1998) reported a reduction ile®&om PSP users [77], suggesting that
OAE strength forewarns the premature hearing losstereo player use. An Internet-based
survey was also carried out by Chung et al (200b)thtee perceptions of music-induced
hearing loss [78]. In 3 days 9693 people respondegrting that 61% had experienced

tinnitus or a hearing impairment following a vigita concert or nightclub.
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The following recommendation for maximum daily déising durations were presented by
Portnuff and Fligor (2006), who measured the outpuel of each device in the iPod range

for varying volume settings and different earphtypes:

Table 1 Maximum listening time per day using NIO&kinage-risk criteria, from [20]

Maximum listening time per day
% of Volume 5od
Control Earbud Isolator Supra-Aural ’
stock earphones
10-50% No limit No limit No limit No limit
60% No limit 14 hours No limit 18 hours
70% 6 hours 2.4 hours 20 hours 4.6 hours
80% 1.5 hours 50 minutes 4.9 hours 1.2 hours
90% 22 minutes 12 minutes 1.2 hours 18 minutes
100% 5 minutes 3 minutes 18 minutes 5 minutes
Table 2 Summary of results from listening levetges
Study Sample Mean SPL Max SPL
size
I[élir]as and Findlay (1974) from 88-93dBA 122dBA
Fearn and Hanson (1984) [60] 16 66dB(A) 82dB(A)
, 72 M 94.67+8.38 dB(A)| 110 dB(A)
Catalano and Levin (1985) [61] 17E 97.06+7.03 dB(A)| 110 dB(A)
Bickerdike from [64] 84
Royster (1985) from [64] 81dB
Rice, Breslin and Roper (198 7)61 85 98
[63]
Bradley (1987) from [64] 77dB(A) 90dB(A)
Hellstrom and Axelsson (1988)15 112dB
[65]
E%I]Istrom and Axelsson (1988)154 92dB 112dB
E%I]Istrom and Axelsson (1998)21 93.50B(A) 109.7dB(A)
Passchier-Vermeer (1999) [69] Not stated 75dB 94dB
Williams (2005) [71] 55 86.1dB 104.2dB
Eag;ah and Pichora-Fuller (200 3)24 67.6dB(A) 73.3dB(A)
Trask et al (2006) [75] 95 89.32dB 111.33dB
Fligor and Ives (2006) [34] 100 75.4dB 89dB
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Table 3 Summary of results from listening duratiests

Sample | Measurement| Measurement
size method resolution

Questionnaire
untested for | Hours per week

Study Listening duration

8.04+10.01 hrs/wk
13.97+10.31 hrs/wk

Catalano and 72 M
Levin (1985) [61] 17F

reliability
“on average how
Rice, Rossi and 294 Mulit-study many hours per| 4.3mean (0.1min,
Olina (1987) [64] questionnaire| week do you use 80max) hrs/wk
your PCP?”
Hellstrom and
Axelsson (1988) 154 interviewed Hours per weel Mean <1hr/wk
[65]
Passchier- .
Vermeer (1999 NotOI Questrl]onclad at Not stated 13 t;]rs/dalt(y (9.1
[69] state schoo rs/wk)

40 mins — 13 hours

Williams (2005) Questionnaire| “hours of use per

55 . . per day
2
[71] in street day” (4.6 - 91hrs/wk)
Trask et al (2006 . . 2.2 hours/day (15.4
[75] 95 Questionnaire Hours per week hrsiwk)
Table 4 Summary of results from maximum outputstest
Study Headphone type Max SPL
Fearn and Hanson (1984) [60] Not stated 102dB(A)
Catalano and Levin (1985) [61] Not stated 112dB(A)
Hellstrom and Axelsson (1988) pure ton8upra aural (doff) | 111dB
stimulus [65] Supra aural (worn) | 128dB
Hellstrom and Axelsson (1988) music stimu u§upra aural (worn) |  136dB(C)
PCP [65]
Hellstrom and Axelsson (1988) music stimu
CDP [65] u§upra aural (worn) | 113dB(C)
: Semi aural 103dB(A)
Turunen-Rise and Tvete (1991) [62] Supra aural 107dB(A)
Bly, Keith and Hussey (1998) [68] Supra aural and e )5 qg(a)
Fligor and Cox (2004) [70] Supra-aural and ear; 5,5
insert
100.3dB(A)
Pereira et al (2006) [72] Ear insert (mean of highest

volume range)

Many of the papers suggest a requirement for greahecation and awareness in the public,
to the risks of habitual media player listening][g68], [70], [71], [73], [75], [77] and [78].
For further reviews of music-induced noise expostueies see Clark [79], Axellson [80] and
Fligor [81].
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2.6 Shortfalls and Limitations of Previous Work

As described in section 2.3, acoustic exposure wauct of intensity and time. The
emphasis of previous work to-date has been on teasarements: 1) The maximum acoustic
output of headphone/media player combinations, wdtious combinations of equaliser and
volume settings and 2) Acoustic exposure levelinduistening tests. The listening tests have
generally been limited to short duration testingngssamples from 20 seconds to 1 hour.
Some studies have determined the duration anddreguof real-life listening sessions, with
the use of subjective questionnaires. Reported rig@ning durations have varied from less
than 1 hour per week to 91 hours per week, (a mininof 6 minutes to a maximum of 13
hours per day, see Table 3). This is a clearly miagjatation to determining risk. With the
exception of [71] and [63/64], the listening tekesve also been conducted in an artificial
laboratory environment, with the subjects spediffcasked to determine a comfortable
listening volume. It is suggested that volume sgimay not be made with such a conscious
effort in everyday use, the level may graduallyeprep during non-cerebral activities, such as

window shopping or jogging.

2.7 Requirement for Future Work

As suggested by the above appraisal and previaaesnrmendations [51], [74], [75] and [81],

there is a lack of quantitative data about expodoee, particularly the habitual use (duration,
frequency and intermittency of use) over definedqos of time. This is particularly pertinent

in view of Fligors suggestion that MP3 player teglogy has the potential to playback audio
files over much higher continuous durations thassette or compact disk players [26]. For
example: many MP3 players have the facility to gaylists which can enable continuous
back-to-back output for the entire battery durati®evices are also getting smaller and
ergonomics improving, the relationship between wm®t media player therefore warrants

further detailed investigation.

3 APPROACH PRESENTED IN THIS WORK

3.1 Overview

To address the lack of knowledge outlined in sesti®.6 and 2.7, a data-logging device is

proposed, to monitor the listening habits of MP&ypl users. The associated protocols for
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calibration, validation and data analysis are @isssented. The products of this work could
form the basis of a larger study of digital med&ypr user habits and exposure dose rates and
could also facilitate a range of studies in a nunadbeonsumer and public health fields. These

are not limited to, but could include addressingfthilowing types of questions:

General:

1. When and how often do different user groupstigb music from an MP3 player?

2. What acoustic exposure is delivered from a MRR8gr during typical listening?

Relating to probable cause:

3. What proportion of noise, during situations ilwitag an MP3 player, is attributable to the
MP3 player?

4. Does the use of an MP3 player increase noisesexp from external noise sources? For
example: by preventing the adequate or correcofipersonal protection equipment?

5. Does the use of an MP3 player reduce noise expdsom external noise sources? For
example: by protectively occluding the ear canat?eXample of this possible effect was
suggested following a bomb explosion in Londonuty 2005. It has been suggested that
the ear inserts, worn by an MP3 player user orafgeted bus, saved his hearing from the
bomb blast noise [82], other survivors sufferedustic trauma.

Relating to potential effect:

6. Does MP3 player use increase risk of hearingf2los

7. What proportion of damage is caused by an MBgeplin the presence of other noise?

8. What is the incidence emergence pattern for cAnsiuced hearing loss over a long period
of time?

Relating to preventative measures:

9. Do listening habits fall within recommended quational guidelines?

10. How effective are public health education pamgmes at improving user listening habits?

Before the proposed data-logger is described amddtentific basis discussed, a typical long-

term study is introduced, to place the device aaotext.
3.2  Study Aims
These aims represent a study using the proposedatgger, to address the question: What

sound level exposure is delivered from an MP3 playeing typical listening?

Primary Aims:
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» To collect temporal data and acoustic pressuresidteient for the determination of
exposure, based on the calculations provided withén Control of Noise at Work
Regulations 2005 (section 2.3).

» Toidentify if the noise limit regulations have Ineexceeded and if so, by how much.

* To sample a group representative of the populatfonedia player users.

Secondary Aim:

* If the limits are exceeded, an estimate may be nuidde NIPTS shift based on

1SO01999:1990 and the proposed modification by Péss®/ermeer [69].

3.3  Scale of Study

3.3.1 Target population

The target population of media player users caditided by a number of factors, such as:
media player brand, candidate age and region dfysflihe task of determining the target
population size is compounded by the lack of ugdte data on the number of current active
MP3 player users. Sales figures do not represenfiattt that some users may own and/or use
a number of different player brands; or represdatistics for users of loaned or borrowed
devices. The figures for one year do not refleetrtite of device turnover in the market. As a
guide to the magnitude of figures involved, Tablsunmarises global unit sales of MP3

players by region, from 2001 to 2006.

Table 5 Portable MP3 player retail volume - '00@suf8]

Year

_ 2001 2002 2003 2004 2005 2006
Region
Western Europe 422.99 834.45| 2122.95/ 10750.57| 20056.10] 23394.75
Eastern Europe 133.46 218.99| 311.95 636.02 1121.51| 2597.49
North America 778.70 1705.80| 3218.00, 6488.10| 17168.90, 18535.60
Latin America &

_ 37.50 57.15 84.81 450.67 1351.48| 2522.60
Caribbean
Asia Pacific 931.30 1880.34| 3791.72| 8110.21| 14007.74) 18021.21
Australasia 2.34 4.30 31.90 593.40 2431.30| 2729.05
Africa and Middle

135.90 185.50 164.20 242.40 325.80 424.80

East
World (total) 2442.19| 4886.53| 9725.53| 27271.37| 56462.83| 68225.50
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3.3.2 Sample population

For a sample size (n), representative of the ptipulaCochran’s sample size formulae for
continuous data can be used:
2
_| £2,%
ng =
E

(SAMPIES) e Equation 9

Where: Zo/ is known as the critical value: the positive zueafor the area@/z on
2

the tail of the standard normal distribution
E is the margin of error expressed as a decimal

o, is the population standard deviation.

Ny

The correction factorn = ( ................................................ Equation 10

1+ n,/ population)
is applied to determine the minimum sample rateafgiven population size [83]. The central
limit theorem states that the sample distributidl tend towards the normal distribution for
large sample sizes (>120) spis replaced with the sample standard deviasipand is set to
0.5 for unknown population standard deviations [$ge Table 6 for a range of sample sizes.
As a rule of thumb a 3% acceptable margin of eisoadvised for continuous data and a
confidence of 95% for most studies, whilst 99% aarice is used for work with greater

implications, such as public health work, or workhwitigious considerations [83].

Table 6 Sample sizes for varying confidence anorenargins, calculated using t-tables [85]

Confidence
Margin of Error 95% 98% 99%
5% 384 543 666
4% 600 848 1040
3% 1067 1507 1849
2% 2400 3391 4160
1% 9592 13549 16606

Individuals recruited through specific channels|dobias the data, for example recruiting
from schools could result in skewing the data talsaheavy device use. A number of
sampling selection methods exist to determine thkesup of a representative sample group.
A suggested approach is to use stratified sampdintjvide the user population by gender and
age, and to randomly sample within each stratas Wil ensure an even inclusion of possible
high-risk groups such as “tweens”.
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3.4 Study Method

3.4.1 Review of the measurement problem

Reuvisiting the components of interest (as illugtdain Figure 6), a voltage v(t) is converted to
a pressure Pat the ear canal entrance by the headphone (anssat is shown as the most
challenging case). Losses occur through the impedagpaths: transducer «(Z bone
conduction (£) and headphone-ear coupling gap)(ZA diffuse sound field travels through

the canal presenting a pressupdd’the tympanic membrane.

Zs

Zy
Membrane resonant
frequency

Media Zs

Canal resonant
Player

Applied frequency

voltage v(t)

Figure 6 Components of interest

Measurement locations within the regulations do ta&e into account the above coupling,
requiring that “the locations and durations of theasurement shall be chosen so as to
represent the exposure to noise experienced dartggical day” [57]. Earlier measurements
used the unobstructed free-field equivalent soerdl[60], some authors have corrected data
from the free-field to the eardrum entrance, athdiffuse level within a measurement point
in the canal. In addition to measuring.4in the diffuse field, Bly et al. calculated forusw
incident normal to the forehead. Reporting a diffee of less than 1dB from corresponding
diffuse levels. Other factors that could impact tbe exposure level include: The power
supply of the media player against output voltagerdime, for example cassette player
volume level drops with decreasing battery levied headphone type as discussed in section
2.2.5; the nature of the stimulating sound, thisasmalised using the A-weighting filter, see
section 2.2.1; the total external noise reachirggeArdrum and the geometry of headphone

placement or the repeatability of earpiece insertio
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3.4.2 Proposed measurement methodology

It is proposed to separate the measurement prabkentwo parts: The first task is to log the
voltage output v(t) during pre-defined exposurengsavithin the users normal environment,
over a long period of time (Figure 7a). Secondlyramsform v(t) to an appropriate acoustic

parameter suitable for the determination of noigmsure (Figure 7b).

Data logger v(t)
Voltage logger Sound level
clock (oscilloscope) v(t) meter (dB)
A
Media Test
Player signal
Figure 7a Figure 7b

Figure 7 (a) Proposed logging of user listeningtsakb) Calibration to acoustic parameters.

By capturing data in the users natural environmesppposed to structured sound booths, the
method will have the major advantage of capturgajistic exposure patterns. The resolution
of data will be dramatically improved compared toltirquestion subjective surveys, to near-
continuous real-time objective sampling. It is assed that any subject effects associated with
using the device will either diminish over timelm minimised by the design. For example:
an obtrusive data-logger may cause the user tecensciously reduce MP3 player use. To
relate output voltage to acoustic pressure, thaiogiship will be found experimentally for the
headphones in use. One possibility is to makehibaphone classification process automated
and as simple as possible, in order to assess#rsawn headphones during the briefing. An
alternative is to permanently fit the data-loggeoia pair of chosen headphones, of known
transfer characteristics before issue to the uBke headphone transfer function(tj =
Pc(t)/v(t), will be applied to the incoming data if3loctave bands (from 20Hz to 20kHz)

using a digital filter (as shown below).

7/ Function\| 1.7/ Filters\

Headghone | [/
| Transfér || Weighting, || Amplifier

Media

Storage 14— Processor
Player

Data-logger

d
<«

Figure 8 Data-logger block diagram
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The measurement of the headphone transfer funisodescribed in Chapter 6) and could
accommodate a transform from pressurg (B a free-field or a diffuse-field value. Sinceg b

definition of a diffuse sound field (at any givewimt in the field, sound travels in all

directions simultaneously and sound pressure leaedsuniform throughout), it is assumed
that R = B within the canal. A-weighting is applied to theepsure, for the calculation of

short L.eq Values (equation 5) and the C-weighting is appfedthe calculation of gpeax

values (equation 8, section 2.3).

The total logging session duration will be depemndam available battery technology and
device size constraints set out in the design s{@jeapter 4). Sampling could occur
continuously and the acoustic parameters calculafitet each track, or data could be
processed and stored continuously in real-time. giagh one channel at 44.1kHz, 32bit
generates 1411.2kbps = 176.4kBytes per secondndakitypically long recording, J.S.

Bach’'s Matthew Passion which runs for 2 hrs 43 nfors9780 seconds) and assuming it is
gapless, equates to an unrealistic single tradglagtorequirement of 1725Mbytes. Therefore
to reduce data quantity it is proposed to log ayedashort ke, and peak values at the end of

a variety of pre-defined sampling windows of vagyturations.

The sound pressure levels (SPL) shown in figurep@asent the expected shape for individual
tracks of music. A DC offset represents inter-traokse collected by the data-logger and each
track exhibits a rise-time, plateau and fall-tirdecapture threshold is manually set during
calibration, to be greater than the noise flooptevent continuous logging of insignificant
data, and lower than the threshold level definedth®y applicable Country standard. For
Countries (like the UK) which have not defined aet#thold level, the value is simply set
above the noise floor, with the assumption thathise level is lower than the criterion level.
Raising or lowering the capture threshold withiesh bounds will have no impact on the

sound exposure parameters, because they takecouarat window duration.

Start of session n
la

< -
L track 1 track 2
Sound pressurg |~ > [————»
| | |
level dB | | | |
' | | |
' | | |
' | | |
Capture ' |/ ﬂ
threshold {7, . . !“\-MIAMMJ | | N
0 60 120 180 240 300 360 420

time (sec)
Figure 9 Exposure events
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Identifying and defining individual tracks is prelohatic because of the variation of inter-track
gap widths and the option for gapless playbackctele from media player host software.
This is a general problem for music playback thioudjgital means, for example:
Rachmaninov’'s “Rhapsody on a Theme of Paganini” prises 26 variations (tracks), the
introduction timing of each is crucial to the perfance, but MP3 players with undefined
inter-track gaps, play the variations as one cowtiis audio stream. A random sample (of 20
tracks from 6 albums/genres) shows a maximum gadghvaf 15 seconds (seen during choral
music). For the purpose of semantics, a track iend is defined when the SPL drops below

the capture threshold for a period greater thatytheconds.

Tracks are clustered together as listening sesstongpresent expected periods of activity
during a waking day. Each listening session is mgwef m tracks of duration.tThe inter-
session period is also defined for descriptive psgg and is set to 900 seconds (15 minutes).
The durations and locations of clusters and intieemty is unimportant, as these windows
can be adjusted to better describe the listenirgthat a later stage. One 24-hour period

contains n listening sessions of duratiQufFigure 10).

listening listening thging = ... listening

Session 1 session 2 session 3 session n
Sound pressure — Ir—HI | |
level dB : : I | I [ I
| | Iy pl ltn [ own .
aeAmey o
Capture (o Y i T

I My I TV
threshold k,.“..m_wi Il \.,‘.:.._,\,.M,l ‘IJUWLA ——— I J\Wv»wam»wﬂf‘.ﬁwm_n

i N B B B S B B Y Y B B B B It
11213 14 15 16 17 18 1920 212224 0102 0304 (
time of day (24 hour clock)

I
9 10
Figure 10 Expected listening activity over one day purposes of nomenclature

The parameters recorded and data analysis is bdedan section 3.6.
3.5 Data Collection Process

For a 99% confidence and 3% margin of error thatd#ta is representative of the population,
approximately 2000 subjects would be required {alg for approximately 5% non-returns).

To reduce the demand for available devices, angliirogram could be used to issue and
receive devices in batches, or the study couldepeated. The following steps would be

required to receive the data:
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3.6

Risk Assessment — to be carried out by individuatkers in accordance with local
policy. It is expected that a survey be classed ks risk since the data-logger does
not have an effect on the user.

Ethical approval — to be sought by individual wosken accordance with local policy.
Information regarding the application process withhe UK’s National Research
Ethics Survey (part of the National Health Servica) be found here [86].

. Subject recruitment — randomised selection methomgld include the use of a

telephone directory, polling register or High Stneseruitment.

Briefing — the nature of the research would beinetl and discussed with the subject.
The subject would be required to sign a declaratioat the responsibilities of
experimenter-subject are understood, that theyearearticipate in the research and
give authorisation for their results to be usedpinblished work. The subject is
numbered and issued with a corresponding datasiggdevice with the calibrated
headphone. These are attached to the users MP& pilag device is demonstrated and
data downloaded to ensure correct operation. Thais asked to maintain a log of
any difficulties with wearing the device, any insta where the device is not used or
when the user is listening to a mono-channel recgrih the ipsilateral ear.

Collection phase — the subject wears the devicéhioagreed period of time, or until a
data-logger active light switches off.

Debriefing —feedback from the user and the proltegrare received and noted. Data is
then downloaded to a PC and stored for post-prowps3he device is cleaned,
inspected and receives a new battery ready fandélResubject.

Data analysis phase — post-processing (as desdsdded) would be carried for each
subject when the device is returned, and for tmepéa population at the end of the

study.

Data Analysis

The following parameters will be calculated andedtidoy the device during operation:

1. Track start time, stop time and duration (seconds)

2. A-weighted equivalent continuous SPL per trackngsi

2
L. =10log,, %Z(%j AB(A) oo, Equation 11

Aeq.ty
i=1 0 i

Where n is total number of i samples during t
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3. C-weighted peak SPL per track:

P
Lpeakr = 20|ogm[ Cpeak}dB(C) .......................................... Equation 12

As a guide, listening to JS Bach’s Mathew Passignet a day for seven days, assumed to
represent a heavy (5 %2 hour per day) listeningthalmiuld log 29kBytes of data per week.
The 2 hours 43 minute recording is broken into iGks = 1442 tracks per week. 5
parameters per track = 7210 per week. Holding eathe as a 32-bit variable requires
7210x32 = 29kBytes. The following parameters cardéeved from the logged data, after
individual device collection is complete.

Per session:
1.  Session start time, stop time and duration (seqonds
2. Total number of tracks
3. Mean track duration and standard deviation
4, Mean trackL and standard deviation

Aeg,ty

o

Mean trackl, , and standard deviation

6.  Session A-weighted equivalent continuous SPL:

Lpeqn, = 10logloLiz (Tilo“(“% ) )}dB(A) ....................... Equation 13
SESS i=1
Where:t =Y t,
i=1
7. Session C-weighted peak SBL ., o dB(C)..ooovvviviiiiiiii Equation 14

Per day:

1. Total daily listening duration ¢Iseconds)
Total number of sessions
3. Daily A-weighted equivalent continuous SPL:

n

Lpeqr, = 10|0910L_i z (Tmloo'l(LAeq"ﬁ‘) )}dB(A) ...................... Equation 15

e i=1

n
Where: T, =t

i=1

4. Laegrenormalised for 8-hour working day:
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T
Lex gn = Laeqr, +10|Oglo(_|_—ej .............................................. Equation 16

0
Where: T = reference duration (28800 seconds)

5. Daily C-weighted peak SPL¢yy gay AB(C)..ooviiiiiiii Equation 17

Per week:

Total weekly listening duration (seconds, range302400 max.)

2. Mean daily listening duration and standard deviatio

3.  Mean sessior, g, and standard deviation

4. Mean sessiof ., 4, and standard deviation

5. Relative frequency of event occurrence over eachd4 period.

Equation 3 (section 2.3) could be used to providesstimate of the amount of permanent

threshold shift with recorded listening habit.
4 DEVICE DESIGN
4.1 Overview

This chapter documents the design of the propoatatidgger. A standard design process is
followed: User requirements, system specificatiomnceptual design, detailed design and
implementation. Testing is documented in Chaptdh& user requirements are taken to mean

the requirements of the example study.
4.2 Study Requirements

The following factors are required for the purposéshe study presented in chapter 3. The
device must be:
* Low cost: to facilitate the manufacture of a maximaf 2000 units.
* Unobtrusive: the device must be small and lightiWkigo prevent distraction from
normal listening habits.
e Low power consumption: to permit a minimum recogdiime of five weeks.

» Sample rate: the device must facilitate a sampéeab44.1kHz (as section 3.4.2).
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4.3

Full scale input range: must be sufficient to ceptilne full scale voltage output of a
typical MP3 player, for simplicity the device wilonform to the function of a
standard iPod media playef{&" generation — released 2003/4/5).

Sufficient memory storage: to capture the pararsdtartlined in section 3.6).
Non-volatile memory storage: to ensure data rateriti the event of a power failure.
PC interface: to permit data download and systelmps&éom a desktop or laptop
computer.

Tamper-proof case: to ensure the integrity of ttEeament design.

Tamper-proof means of attachment to iPod: to enaiute of the listening sessions
are being recorded by the data-logger.

Rugged housing: to withstand prolonged use andstigegion by children.

The device must not impinge on the MP3 player i any that could invalidate the

user’s warranty.

Technical Specification

The above requirements were translated into thiewalg technical specification, based

around the use of a low-cost microcontroller. Théadogger is required with the following

criteria:

1.

To facilitate the manufacture of 2000 units, thi@altcomponent cost must be within the
budget of a typical funded research project.

The device must be small, lightweight and easilierfiaced to proprietary iPod ear
inserts, devices in the standard iPod range meabdBesmm x 61.0mm x 11-14mm.

To save power the device will remain in a sleep enodtil interrupted for recording. A
typical microcontroller (PIC16F8xx) requires 4.52nA to operate at 20MHz. NiMH
coin batteries (1.2V — 5V) capable of providing 80%h are typically available. This
equates to a minimum continuous running time ofraximately one week. In practice
the device will operate at a fraction of the comtins running time and is therefore
expected to be operational over a much longer idurat

An indicator light must be incorporated, to indedb the user that the battery has
remaining capacity and the device is in operation.

The device will record data from one audio channgking the assumption that the
recording level is the same for both left and righénnels. This takes into account an
assumption that cross-fading during the mixing amaktering processes average out

across the channels and that a mono recording iseiag listened to.
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10.

11.

12.

13.

14.
15.

16.

17.

18.

The measured signal will cover the maximum expeetdthge output of a standard iPod
media player (8 -5" generation — released from 2003-2005). This wasndo
experimentally, using proprietary Apple headphow@thin a range of music samples
from a fifth generation video iPod, to be 3500mVxnpk-pk. Identified from the track
“Lust for Life” by Iggy Pop.

The signal bandwidth is quoted by Apple as 20HzF2OkNnd was verified with a range
of music samples, using a Picoscope ADC-200/20 &%&db oscilloscope / spectrum
analyser.

The signal will be filtered before analogue-to-thfjiconversion to prevent aliasing. It is
expected that signals below 20Hz will have no figant energy content, so a low pass
filter will be used with a cut-off frequency éf 20kHz.

The signal will be rectified and scaled to withimtrange of the analogue-to-digital
converter.

The following functions are required to conditidw tsignhal and can be applied externally

or within the embedded software:

* Apply the headphone transfer functigf(tf, to the input voltage v(t) to determine

acoustic power: P(t) = v(t}t)

* Apply physiological filter networks (A-frequency whting filter f(t) and C-

frequency weighting filterd{(t) to the acoustic power, (as specified in [28]).
The device will become active when the voltagefues level passes a pre-defined
capture threshold.
Sampling will occur atf= 44.1kHz, (as described in section 2.2.4). Than8bn-
Nyquist sampling theorem requires>f 2f,, sampling at 44.1kHz meets this criteria and
over-samples with a factor of 1.1025Z%fy = 44.1/40).
The sampled data will be windowed into tracks astehing sessions (as defined in
section 3.4.2).
The device will be used to record the parametetaidd in section 3.6.
The device is expected to generate approximatedip@s of data per week (see section
3.6).
Non-volatile memory, such as external EEPROM wael dssed. It will have a built-in
interface bus protocol, such as th€ (inter-integrated circuit) or SPI (serial periple
interface), to match the chosen microcontrollergberal bus.
The chosen microcontroller will enable asynchronoasimunications with a desktop
computer or laptop, using the USB or RS232 standard
The data logger and means of attachment to theiRlbte enclosed in a tamper-proof

case and tested to destruction to withstand preldmgtrigue from children.
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4.4 Conceptual Design

4.4.1 Proposed designs

The following designs are proposed to satisfy theva requirements. Design 1 actively
senses the signal with an operational amplifieuinpuffer incorporated into the first filter,
the signal is then low pass filtered and modifiethwa filter network to represent the
headphone transfer function, converting it to aouatic pressure. The signal is sent through
the two separate physiological filter networks. Tweighted signals are then DC shifted
before being captured by two onboard analogue dtatliconverters. The device will apply
the capture threshold criteria in software, reagirithe microcontroller to be active
continuously, sampling the noise floor. The majdvamtage of this implementation is the
reduced code space required to apply the signalittmming. The major disadvantages are:
The continuous on-time required to threshold detd input signal. The increased
component count will increase the device size,nied for two onboard analogue to digital
converters may restrict microcontroller choice dhe inflexibility of applying fixed value

hardware filtering.

Design 1
A-weighted S”mm.mg
filter network ~ amplifiers A [
Headphone D 0
Low-pass anti- ]
'y aliasing filter % C [ CPU
A~ A~ / dad A
—1 1 >N D H
DC offset
Headphone N\ > 1T
MP3 transfer 2.5 g
Player function Storage
C-weighted DC offset
filter network Microcontrollel

Figure 11 Proposed system 1 — firmware threshdiectien

Design 2 compares the signal against the thresksidy external components, and interrupts
the microcontroller when the level has passed, h& rhicrocontroller does not operate

continuously. The input buffer is required to pretvihe data-logger loading the MP3 player.
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Design 2

Ear insert Summing
F(s) Low-pass anti-aliasing filter amplifier
7y X X
LN R A m CPU
Va4 R D H
Stage Stage n ’_> C [
MP3 input buffer  active filter stages DC offset
Player
: interrupt
capture comparator Storage
threshold
Microcontroller

Figure 12 Proposed system 2 — external threshaégttiien

Using a fixed value resistor (&) in series with a pair of proprietary Apple easarts, the
mean impedance across the frequency bands (10HXkHz? was measured for a 5th
generation iPod, as 296(see Figure 13). From the Thévenin equivalentudirthe mean
iPod output impedance was measured across theefiegands as 1X% Although quoted
as having a 20-20kHz response, outlaying signatkerregions of 10-30Hz and 20kHz were
not emitted by the inserts so the mean impedancetaken (from the band 40-10kHz) as
6.6Q2. The characteristically high input impedance okrmional amplifiers and the low

output impedance make a unity gain operational diph suitable input buffer.

iPod output impedance
45 -
40
@ 35 1
E 30
~ 25 1
S 20
B 15 1
[%]
& 10

Al HDDDDDDH

10 20 400 1000 2000 4000 10000 20000

Frequency (Hz)

Figure 13 Output impedance of fifth generation wideod

The application requires faithful representationhaf signal magnitude, not of phase linearity,
so a Butterworth filter is chosen for the charastmally low pass-band ripple. Over-sampling

will be employed to further reduce aliasing, sdarp 3-dB roll-off is not critical.
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A summing amplifier with a flat variable user-canited gain is proposed to shift the signal to
within the range of the analogue-to-digital congeriThe amplifier will receive a controlled
DC offset from a variable potential divider. Thefeatures will allow modification of the
input signal during development if an unexpectdtt ghfound, after which the values will be
fixed.

Analogue-to-Digital converter: The analogue-to-tligiconverter is expected to sample at
44.1kHz (requiring a conversion speed <22.7 us).ahmltage input range of 0-3500mV 16-
bit resolution generates 705.6kbps, with a resautif 53.4mV per sample. 32-bit resolution
generates 1411.2kbps, with a resolution of 814.8e¥ sample. The lowest output voltage
achievable using the iPod volume control, was meaksat approximately 5mV, noise at

0.24mV, giving a signal-to-noise ratio of 52dB.

A microcontroller is required to facilitate all @aprocessing and to upload data to a personal
computer or laptop via an asynchronous communiasgtiink. It is expected that the software
will be developed using a high-level language, Whigill generate ANSI c-code. The
program memory size will be determined in part b tefficiency of code generation
algorithms and by the chosen c-compiler. The cléequency of 20MHz for a typical
microcontroller (PIC16F8xx) equates to 200ns irdtam cycles, at 44.1kHz this permits 113
instructions per sample. The inter-track time mizy &e utilised for non real-time processing,
but any group of tracks with gapless playback suased to be one continuous track (the
“Dark side of the moon” by Pink Floyd for exampl&he mean inter-track gap width was
measured as 15 seconds, which permits a furthenilibn instructions between each track,

for processing. A 32-bit microcontroller is propdde simplify software portability.

The microcontroller is required to have one onboardlogue-to-digital converter (as
specified), one hardware implementation of either BSART (Universal
Synchronous/Asynchronous Receiver Transmitter) &BUUniversal Serial Bus) port.
General purpose TTL I/O pins are desirable foririgstbut not required. One interrupt on
level change is required for the threshold detectide device will have be able to facilitate
rapid prototyping with a host development packddee LabVIEW-Blackfin system, or the
MPLab-Microchip ranges are proposed.

The capture threshold will be set by a variableptél divider, setting a reference voltage for

a comparator. The unity gain amplifier will havetypically high input impedance. An

EEPROM with a minimum of 50kBytes will be usedwitl have a built-in interface such as
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the 12C or SPI bus, to match the chosen microctetrperipheral bus. The design parameters
are summarised in Table 7 below.

Table 7 Design parameters of proposed data-logger

Component Parameter Specified range
Input buffer Gain Unity
Input voltage 3500mV minimum
Input impedance >> XD
Output impedance Low

Total Harmonic Distortion | 0.1%
Gain-bandwidth product >=20kHz

Lowpass Gain Unity
Butterworth filter| Cut off frequency 20kHz
(Sallen-Key) Pass band ripple >+0.1 dB
3-dB rolloff Not critical
Order min. 2
Summing amplifier Input voltage range +1750mV
Output voltage range 0 —3500mV
Gain Unity
DC offset 1750mV
Microcontroller Clock frequency Nominally 20MHz
Program memory size Determined after code
development
Data bus width 32-bit minimum
I/O 1 x onboard AtoD converter

USART or USB port

General purpose TTL I/O pins
Interrupt pins

Analogue to Digital Analogue input voltage O — 3500mV

Converter range
Resolution 32-bit minimum
Sample rate 44.1kHz
Conversion speed >20us
Comparator Input range +1750mV
Output range 0 —3500mV
Gain 0
DC offset 1750mV
Storage External Storage 50kBytes minimum
Interface I2C or SPI bus

Design 2 is the preferred option because it miresithe tasks required of the microcontroller
by handling the threshold detection externally. Batesigns require relatively simple

components.
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4.4.2 Proof of concept design

Given the time constraints of the project it wasided to demonstrate the proof of concept
using software, rather than hardware. The manufaaifithe final data-logger would require
the time-consuming manufacture of surface mourtrielogy. Although very feasible, it was
felt unnecessary to demonstrate the methods prdpogbis work. The processing functions

of the device were therefore implemented in sofen&igure 14).

Ear insert

F(s)
5 / ;
Yy | | Headphde | | W/\ :
4 i~ Sound | ransfer \ 4, AWeighting. |
V2% Card i |+ Functiomr / Filters=—\| |
Low-pass anti- i v !
MP3 aliasing filter ' Data |
Player ' | Storage [« processing |
PC or i |
Laptop ' Software ,’I

Figure 14 Proof of concept implementation of daiggler

The sound card used is a Realtek High Definitiomidward, based on the ALC883 (value
7.1+2 HD) chipset, which supports the requiremeni&able 7. The device datasheet does not
specify the use of an anti-aliasing filter, howeites specified in a reference design. From
inspection of the motherboard it was not cleahi$ twas implemented, so the following test
was carried out to detect what, if any, anti-aligsivas in place. A simple program was
written using LabVIEW (National Instruments, UK)ti@ew samples captured from the sound
card, at 44kHz and display the signal on-screeneXternal test signal was generated and
applied to the sound card line-input. To ensuretdisé signal was a sinewave of the desired
frequency and amplitude, it was also monitored gisinPicoscope 200/20 PC-based digital
oscilloscope (with 10GS/s sampling rate, 200MHzdwéidth and 1MS buffer memory). The
frequency of the unity amplitude sinewave test @ignas increased from DC to 66kHz,
beyond the sampling rate, where an alias startegpear (Figure 15). This indicated that the

chosen sound card does not prevent aliasing.
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Figure 15 Appearance of test signal alias, produlcgihg acquisition

4.4.3 Filter design

A low pass Butterworth filter was chosen for thet fpass-band of the magnitude response. A
4-pole, unity gain configuration was chosen using Ballen-Key arrangement (as shown
below) because: the configuration produces therebsiesponse and the circuit requires a

minimum number of components, with no inductive poments.

U1 2n2
INPUT R1 ';K
© — s, | R OUTPUT
Bk 5 _ IEk_I
T FEN l
EEUpF:|: :|:
Figure 16 Anti-aliasing filter circuit
The transfer function for each pole can be foundhfstandard texts, such as [87]:
G(s) = A Equation 18

1+ w, [C1(R1 + R2)+ (1_ Ab)Ricz]S+ wc2R1R2C10252
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For unity gain, this simplifies to:

G(s) = ! 5 LI TI TR, Equation 19
1+wC (R +R,)s+w RRCC,s
Comparison with the standard equation in the fomq'.zpb—
as +bs+1

Gives: A=1,a= @ ’RRCC, and = a)(:Cl(Rl+ Rz)

Substituting into the characteristic equation amlglisg for the resister values, yields:

- a1C2 £ v "5‘12 - 4b1C1CZ

.............................................. Equation 20
Rz 47 .CC, a

To obtain real roots, the constraint is applied:

4b,

___E; .......................................................................

C,=2C, Equation 21

Butterworth coefficients can be found from standtabdles, such as [88]. For a four-pole

filter:
Table 8 Butterworth coefficients
Stage a by
1 1.8478 1.0000
2 0.7654 1.0000

Selecting stock capacitor values and a cut-offdesgy of 20kHz, the resistor values were
calculated and rounded up to stock values. Theitwas simulated using the Proteus Virtual
System Modelling (Labcenter Electronics, UK) packamnd demonstrated the following
response, with a cut-off at the desired 20kHz am@@dB/decade roll-off as expected (20n

dB/decade, where n = 4 pole).

FREGQUENZY RESFORNSE
ce.e
L2ioPy

B.op

-20.8
—-40.8
—-£0.8
-20.8

108

-1z@
0.8 108 1.88k 8.0k 188k 1.88M

Figure 17 Simulated frequency response of antsiligfilter (£=20kHz)
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4.4.4 Hardware construction and testing

The circuit was constructed on stripboard, for dioity. Two single package, standard 741
operational amplifiers were use. In the absenca bfpolar power supply, two 9-volt PP3
batteries were used for +9 and -9 volt power rdilee completed circuit was placed in a box

for convenience of use, as shown below.

Figure 18 Completed anti-aliasing filter

The circuit frequency response was measured asrstmoiiigure 19. It shows a flat pass-band
and an 80dB per decade roll-off after the 20kHzaftitfrequency. This was the desired
response and corresponded with that demonstratétehircuit simulation.

Filter Response
(unity gain, 20kHz Low pass Butterworth)

Gain (dB)

Frequency (Hz)

Figure 19 Measured frequency response of filter
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4.5 Software Design

441 Overview

A software program was written using the LabVIEWbfeéssional Development System
(National Instruments UK, version 8.0), to demaai®rthe function of the data-logger.
LabVIEW is well suited for data acquisition apptioas and was therefore chosen to develop

the proof of concept data-logger. The followingdtions are required of the program:

1. Configure the PC sound card
2. Capture data sample
3. Apply the headphone transfer function
4. Apply the physiological filters
5. Window data when capture threshold has been exdeede
a. lIdentify track start time
b. Calculate laeq and Lepeax
c. Identify track stop time
d. Calculate duration
e. Increment track counter

6. Log calculated parameters at end of each track

4.4.2 Program flow

As expected by differing levels of abstraction,réhare differences between the design of
code in a graphical high level language and assewrtdde used in a hardware product, for
example: the interrupt handling that would be rezpliby a microcontroller for the capture
threshold detection circuit is not implementedhie tabVIEW program. The flow of code is
shown in Figure 20 (overleaf). On start-up all lo¢ tvariables are initialised (set to defined
values or cleared). Again, in a microcontroller laggtion this would require very specific bits
to be set for functions, such as: timers and thialisation of an analogue to digital converter

module, these are omitted here.

1. PC sound card configuratiohabVIEW (National Instruments, UK) provides hitgwvel

support for the sound card with the options of mite or continuous 8, 16 or 32-bit sampling
of each of the stereo channels, with sample ratesultiples of 11025Hz. The card was

configured to continuously sample 32-bit data &tta of 44100Hz.
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2. Capture sampleLow level detail of algorithms for functions sucs Fast Fourier

Transforms (FFTs) and digital filter implementasorused in LabVIEW (National
Instruments, UK) is not provided by National Insients. Therefore it was not possible to
faithfully simulate the discrete nature of the datgger. Data is sampled continuously, setting
the number of samples per channel to accommodateadtitinuous flow of data through the
buffer.

START

Initialise
Variables

Configure sound
card

\ 4
A
®)

Capture data

Apply headphone
transfer function

Apply physiological
filters

Window
exceeded?
rising edge

Reset gap timer
Start track timer
Log track start time
Increment track counte

Figure 20(a) General flow of instruction for datarger
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A

Calculate LAeq and Capture data
LCpeak Apply headphone
Capture data transfer function
Apply headphone Apply physiological
transfer function v filters
Apply physiological 1
filters

Window
exceeded?
falling edge

) Gap timer Stte_lrt 9ap
‘ started? Imer
v
Temp log
track end
time

seconds?

Indicate to user Reset gap counter
Log status
Calculate duration
A Record start time,
stop time, duration,
EXIT track number, LAe!
and LCpeak

Increment track
counter

B

Figure 20b General flow of instruction for datadeg

3. Apply the headphone transfer functiés outlined in section 3.4.2, the transfer fuoitis

a function of frequency, to be determined experii@én(this process is described in chapter

6). Two methods were investigated for implementimg transfer function. The first method
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combines the task of identifying and implementihg tinknown transfer function, by using a
recursive system estimation algorithm (Figure 22)vould be possible to quickly determine
the function of the users’ chosen headphones anttl ¢tberefore be carried out during the

survey briefing. The algorithm used by LabVIEW puods an estimated general-linear model

in the form expressed in Figure 21.

B C :
Ala)y(n) = %u(n )+ Dgg ) o Equation 22
K
y(n) are the system outputs
—g u(n) are the system inputs
¢ k is the system delay = 1
u_, = _,G.)_> x L 5 Y e(n) is the system disturbance

Figure 21 General-linear transfer function model

The system disturbance is zero. The resulting fanatan be directly implemented using a

Fecursive Estimation
Algorithms

digital filter.

UInifrom white noise Headphone ecursive method Build Filker from TF
test signal (unknown TF) T
koefficients of 6L model] Inplement Filter
L (=== =E
skimulus "H; T Fm «“E_E y:n-ﬁ ..J
Eey _

J e I Ll
I Fesponse] 1= El i b2 P
waveform
i 1Chan Msamp

Figure 22 Recursive estimation of unknown headphi@resfer function

In the absence of the measurement hardware, tbegeption was chosen. This is the use of
a graphic equaliser (EQ), which offers simplicity fnanually adjusting the desired frequency
response. 1/3 octave frequency bands were choghisas the frequency resolution used for
the definition of the physiological filters [28] @nis the current standard method for dividing

the audiological range. The centre frequenciesd(fibe found from:

f =(f, )llOO'l(”‘SO)] ....................................................... Equation 23

Where: fis the reference frequency 1000Hz
n is an integer from 13-43, for a range 20Hz toF20k
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If f, is the lower cut-off frequency ang.fis the upper cut-off frequency, the ratio of band

limits is given by:

L K e Equation 24

Where: k = 1/3 for 1/3 octave bands.

Full frequency tables are given in Appendix B. Tégualiser consists of a bank of 32
Butterworth bandpass filters, (five of which areowh in Figure 23). The filters are
implemented using Infinite Impulse Response (llierfs as opposed to Finite Impulse
Response filters (FIR). General comparison of Weedigital filter types is summarised:

* FIR Advantages: Can have an exactly linear phasgorese. By implication there is
no phase distortion introduced into the signal oy filter. Realised non-recursively
(by direct evaluation of the filter describing etjan) they are always stable.

* FIR Disadvantages: Require more coefficients farglcutoff filters than 1IR, hence
more processing time and storage is required fBriFiplementation. Algebraically
FIR is more difficult to synthesise.

* lIR Advantage: Analogue filters can be readily sfammed into equivalent IIR digital
filters meeting similar specifications. This is npossible with FIR filters. IIR
implementation is simpler and less demanding ofsp@ed processing time.

* |IR Disadvantage: The stability cannot always bargateed.

Ifeachor (1993) has made the recommendation to IlRewhen the only important
requirements are sharp cuttoff filters and highodighput and FIR if the number of filter
coefficients is small and little or no phase distor is desired [89]. IR filters were chosen
because the graphic equaliser requires sharp foleftween each band, and to reduce the
processing and memory demand on the final microothet implementation.
[#Butterwarth ~] 590 ”=

=

Lower Fof14.1 i I> I>
-HEH

17.8

=T 1

3]
7 ot -
Ceper ez | i

[Lower Fc]22.4 AN
[Upper Fc]25.2 r*

[Lower Fc]zs.2
[Upper Fe]3s.5

[Lower Fc]35.5 %‘I‘I [
Figure 23 Section of graphic equaliser, taken ftgm_graphic_equaliser_IlIR.vi"
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The gain for each band is manually set using tierface (shown in Figure 24). A master
gain is provided to adjust the total response,viilaes for each band are shown above the
control.

slez.28| Sle9.0z | 572,39 Sles.31 | 5[en.26 | 5[6s.99:| 551,31 | 5[es.68t|
L
Hlea.54 | HFn.03| JF2.05| Sl63.97 | Hle0.z6| HlFo.oz| ke sz | Has.45¢] headphone

Sles.33 | 570,37 | Slea.69| Sle1.95 | 5[59.59| F[52.86 | Fl6s.65| 5[29.96)

Hl67.67 | 57138 | 5l67.34 | 5l60.94:| 5[59.93 | 5[39.05 | 5[76.760| 516,18

A b bbb b bbb b bbb b bbb b hh bbbk oAbk

100=

Figure 24 User interface for control of the headghtvansfer function

4: Apply physiological filtersA and C-weighted physiological filters were appliusing the

code provided within LabVIEW. The sequence of oflens includes error checking to
ensure there is no conflict with previously appliagightings and that there are no
discontinuities in the signal waveform. The forwandd reverse coefficients are collected
from a look-up table and applied using a seconerohR filter. The two signals paths are
then separated into an error band (as shown betogive provision to the errors associated

with the determination of the headphone transfection (as described in chapter 6).

:ECF 5 |
[5. apply physiological Filkers|
=rror band width:
»
|=—= DﬁTﬂi El
VALID GET 7-;0\\
CHECK)| COEFF. AFFLY
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(CHECK)] COEFF. APFLY

:&.:

Figure 25 Filter setting and error band
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5. Window data when capture threshold has beenededeA simple limit tester is used to

determine if the input signal has passed the pieggiure threshold (as shown in Figure 26
detail 1).

. ~
7’ M AY
7/ Detail 1 )
] \
| |
: apture threshold :
| [DBLY |
| 1
' i
! False * !
| | f
| N |
| Ll |2 | FTTTTTTEETS \
! 1 !
1 : : : ow bw high krigger
1 * ! ! |Rising Fdge ™
\ —E§>? ! 1
|
|

__________

Figure 26 Detail of software showing: capture thodg (1), edge detection (2) and calculation
of the equivalent continuous sound pressure I8)el (

The equivalent continuous sound pressure levalmi@ated according to equation 5, (Figure
26 detail 3) and the signal is used by two edgedtiein algorithms (Figure 26 detail 2) to
trigger on a rising or a falling edge. The triggeiate and control timers that are used to
determine gap times and exposure times. Peak sprassure is calculated according to
equation 8 and simply checked against the prewolsld value, logging a new peak when

the previous peak has been exceeded (Figure 27).

[c-wveighted Peak SPL Upper Band {dB}]

Figure 27 Updating peak sound pressure level
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6. Log track duration and calculated parametetsen the 15 second gap time condition has

elapsed, a track is identified and the parameteoveaare logged. The LabVIEW software
opens the Microsoft Excel spreadsheet package amelvaworksheet on initialisation. On
completion of a track, the logged values are cam=ed and appended to the open

worksheet.

Figure 28 below shows the completed user interfdt® left panel is divided into three

options: configure sound card, define headphonestea function and log data. The panel to
the right presents the data in a number of graplisplays: the time-varying raw data, the
power spectrum and 1/3 octave spectrum of the chds¢éa path, and the derived sound

pressure parameters.

Media Player Output Logger 01 August

Configure Sound Card Define Headphone Transfer Function ‘ Log Data | Raw Data Pawser Spactrum \ 13 Gctave Spectrum Sound Pressure Levels
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Figure 28 Screenshot of complete user interface
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5 DEVICE TESTING

51 Overview of tests

A number of hardware tests were conducted througteudevelopment of the data-logger.
These have been documented in the proceeding iseetim include:
* Measurement of the iPod output voltage (sectioh 4.3
* Measurement of the bandwidth of different genresmoisic (Further detail of the
bandwidth test is given below)
* Measurement of the impedance of proprietary Applareserts (section 4.4.1)
» Measurement of the anti-aliasing properties ofcth@sen sound card (4.4.2)

* Measurement of the filter frequency response (#.4.4

The signal flow through the final software programas also tested, that process is

documented below.

5.2 Measurement of Signal Bandwidth

5.2.1 Test aim and method

The maximum bandwidth of a range of music signads wequired, in order to design the
filter stage of the data-logger. A range of gemas chosen to stratify the sample and cover
different music and file types, for example: liagoustic, and orchestrated and with various
bit widths and sample rates. Five tracks were ramiglchosen from within each genre. There
is no standard genre description, the tracks weosen from the authors music collection and
included: pop, rock, classical, jazz, folk and #&leaic. Electronic is taken to covambient,
chill out, or other electronically synthesised music. THeligt of track names can be found

in Appendix C.

The audio mixing and editing program Cool Edit Rwersion 2.0, Syntrillium software
Corporation, US) was used to perform Fourier amsalg$ each track. The left channel was
arbitrarily chosen. The frequency range of DC-224@as divided into 256 bands, giving a
frequency resolution (df) of 86Hz. The FFT size (s 32768, giving a sampling frequency
(fy of 2.8MHz (since £= df.N). To prevent spectral leakage, as a resdfulbhe non-periodic
signals, a window function was applied. The Hannungdow was chosen for its narrow main

lobe, which is recommended for broadband signathisfnature [90].
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5.2.2 Summary of results

The highest gain frequency response for each gersbhown below (Figure 29). The scale
used by Cool Edit Pro is the decibels full scalBR8), where the reference level is the full

scale amplitude of the signal.
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Figure 29 Frequency spectra from samples of a rahgeisical genres
5.2.3 Conclusion

The highest frequency component within the musicpdad is approximately 19kHz, found in
Folk and Rock music. In the design of the antisatfig filter, it was therefore expected that no
exposure would occur beyond this frequency. Culiputassical music (which encompasses
a broad range of instruments) demonstrated thestowaximum frequency component of
approximately 16kHz. This, like the noise floorpdads on the capture and editing, as well as

the original musical performance.

5.3 Data-logger test program

A range of test signals were generated using Cdalfo and transferred to an iPod, these
included: a full amplitude Gaussian white noisenalga 1kHz sinewave, a sequence of 10
second ascending puretones from 1Hz to 22kHz asidhalated programme signal’, which is
defined by [91] as having a mean power spectrasitiethat closely resembles the average of
the mean power spectral densities of a wide rafiggeagramme materials, including speech
and music of several kinds. The signals were rexgbiid 32-bit mono, with the maximum

sample rate of 192kHz and encoded using the Frdenbonstant bit-rate MP3 algorithm.
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5.3.1 Audio data acquisition

The noise signals and range of music clips weréuceg by the data logger to determine the
integrity of the capture process. This was a vigimdck of the data (a sample of which is
shown below), to ensure that no clipping or wauefalistortion had taken place. This test

confirmed correct operation of the capture hardvea initialisation routines.
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Figure 30 Data captured from sound card (music &mp

5.3.2 Action of headphone transfer function

A Gaussian white noise signal was captured andeapfiirough the graphic equaliser with a
range of equaliser settings. Initially each filteand was set to unity and the order and
topology of the bandpass filters were adjustede¥=ected the passband ripple reduced as the
filter order increased from"2to 4" order, (Figure 31). However the ripple re-emerg¢ed

varying levels with 6, 8" and 18 order filters. This may be caused by the attengagifect

of neighbouring filters.
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Figure 31a Figure 31b
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Figure 31c Figure 31d
Figure 31 Frequency response of filters in graplijigaliser: (a) response of white noise test
signal; (b) 2 order filter response; (cj"4rder filter response: (dj'@rder filter response
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The filters were applied individually to the nosignal to view the frequency response at each
rolloff. Figure 32 shows band passes set at 80@8Hd20Hz, 12220Hz and 20000Hz. Some
attenuation can be seen at approximately 16000t¢z1{13 octave band between 12220Hz and
20000Hz).
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Figure 32 Frequency response of four full-scaleais@r bands

There is a need to fully characterise the filterthe equaliser and to investigate different filter
types, orders and filter topologies, such as paraiid series combinations. After some simple
experimentation the filters chosen were identifiéth the flattest passband ripple, as having a

4™ order Butterworth response.

5.3.3 Action of physiological filters

Values for the coefficients of the physiologicdieiis and the implementation algorithms used
by LabVIEW have not been made accessible by Ndtibrstruments. However National
Instruments does supply the code with a CertifiasteCompliance [92] to both sets of
standards that define the A and C weightings, manteC 61672-1:2002 in Europe [28] and
ANSI S1.4-1983 and ANSI S1.42-2001 in America. Tiliering action described in section
2.2.1 can be seen in Figure 33. The A-weightedréld signal (shown in red) is filtered from a

white noise source (white).
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Figure 33 Measured A-weighting filter response
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As expected there is attenuation from 0 to 1000itzfaom approximately 5000 to 20000Hz.
The mid-range frequencies (1000-5000Hz) as sligathplified. Similarly, the C-weighted
response (Figure 34) shows attenuation from apprately 6000Hz to 20000Hz, As
expected. The main feature of the C-weighted foncis the admittance of low frequency

signals.
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Figure 34 Measured C-weighting filter response

5.3.4 Sound level parameters

The upper and lower limits of the error band foe #rquivalent continuous sound pressure
level were plotted against the current UK criterlewels (described in Section 2.3) and are
shown in Figure 35. The peak sound pressure leaslailso plotted (not shown). The figure
shows a sample of music being captured and loggedteack fades and a new track begins.
The test highlighted an error of using an averagesdcond inter-track gap to define the
boundaries of each track. In this example the mawvktappears before 15 seconds and would

therefore be considered as a continuation of theigus track.
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Figure 35 Screenshot of equivalent continuous s@uesssure level recording

[
01:05:50.00

Track start and stop times are subjective in miesgical terms (John Cage, for example is a

proponent of removing the conscious influence efdbmposer from the work [93]), it would
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therefore not always be possible to accuratelyedsfitiate between a dip within a track and
the end of a track. A precise definition was felhecessary for the purpose of identifying that

exposure had occurred during the course of usmgdia player.

5.3.5 Report generation

The final test was to ensure the correct operaltiofie report generation function. This was

successful and is shown in Figure 36.

Music Log

Subject: Graham Webb

Day 28/07/2007

[Track number Start Time End Time Duration LAeq upper LAeq lower LCpeak upper LCpeak lower
1 12:03:56 12:05:42 00:01:46 70.20 56.16 126.51 101.21
2  12:05:47 12:09:21 00:03:34 72.35 57.88 12852 102.82
3 12:09:46 12:12:05 00:02:19 73.52 58.82 12524 100.19
4  12:12:20 12:14:34 00:02:14 68.27 54.62 126.36 101.09
5 12:14:48 12:16:42 00:01:54 65.26 52.21 124.21 99.37
6 12:16:57 12:19:14 00:02:17 59.65 47.72 124.68 99.74
7  12:19:29 12:21:23 00:01:54 60.57 48.46 12557 100.46
8 12:21:38 12:25:04 00:03:26 62.54 50.03 126.87 101.50
9 12:25:19 12:30:42 00:05:23 63.92 51.14 130.01 104.01
10 12:30:57 12:33:35 00:02:38 68.65 54.92 128.41 102.73
11 12:33:50 12:36:27 00:02:37 71.50 57.20 126.94 101.55
12 12:36:42 12:37:51 00:01:09 68.64 54.91 12573 100.58

Figure 36 Screenshot of generated report

It is important to note that values for the souentl parameters shown in this chapter are not

calibrated values and therefore no conclusion eadrawn from the samples illustrated.

6 CALIBRATION

6.1  Aims and Objectives of the Calibration Process

Calibration is required to ensure that the datgdoghas an accurate representation of the
headphone used by the wearer. The process reghieemeasurement of the headphone
transfer characteristics (from an applied voltamarnt emitted pressure) in a situation that will
reflect the scenarios during everyday MP3 playee. uBwo aspects require particular
consideration: 1) the point in space the pressimeaasured from; 2) the coupling geometry
between the chosen headphone type and the user8ath considerations highlight the
difficult challenge of measuring the energy trartgedi to the ear drum of a real subject, as
opposed to an artificial apparatus. The real cagaires a measurement from within a closed
cavity, from a device that has minimal impact oa flressure variations within that cavity.
Entrance to the cavity can only be gained (withsaurgical intervention) from the external ear.

A sensor approaching from that route will alter f@@metry of headphone placement and to a
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greater extent, the geometry of an ear insert placé Current imaging modalities do not

have the temporal or spatial resolution to captymganic membrane displacement.

6.2 Calibration Method

There are currently two methods employed to measoved pressure from sources placed
close to the ear canal. The first is described hartkpresented as the method to calibrate the
data-logger. The second method is proposed fodatitig the results. The first method is that
used in previous studies to determine the maximwund pressure level output of
headphones and involves the use of a Head and Baradator (HATS) such as the Knowles
Electronic Manikin for Acoustic Research (KEMAR)astn below (from G.R.A.S Sound and
Vibration, Denmark). Acoustic manikins are useditnations where it is not safe or possible

to place a subject in the exposure path.

Figure 37 KEMAR head and torso simulator and selratf pinna simulators, with detail
showing the microphone placement [94]

The principle of calibration involves measuring smund pressure level with an embedded
microphone at the eardrum position. The ear candl @nna simulators are chosen to be
representative of the population of interest aneehHenown transfer functions describing the
pressures from the microphone to a defined frdd-feference point. The chosen headphones
(or ear inserts) are placed on the manikin andliaraion made to take into account the
presence of any partial occlusion. A test signahen presented from the MP3 player. Real
time analysis of the sound pressure levels prowigesbility to monitor the changes seen due
to coupling geometry. The widest variation fromeated headphone placements can be used
to define the data-logger error band. To accomn®ddtee-field measurement, the frequency
response of the KEMAR is subtracted from the messgound pressure levels in 1/3 octave
bands. The resulting headphone transfer functioplemented by the data-logger can
therefore be derived from the pressure level atctim@sen reference point and the output
voltage recorded during the test. The test signatrhave a wideband spectrum to contrast

against the response of individual headphones.sithalated programme signal, defined by
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the IEC [91] as having a mean power spectral detistt closely resembles the average of the
mean power spectral densities of a wide range ajramme materials, including speech and
music of several kinds, is the suggested test kigha limitations of this method include the

deviation of the KEMAR transfer function from thegulation of interest, and the deviation

between the simulated placement of headphones hengllacement chosen by the user at
specific times. However, a wide range of pinna eadcanal simulators are available and the
deviation in simulated placement will be refleciadthe error band. The advantages of the
method are: the calibration of the users prefenestiphone can take place at any time before
or after the MP3 usage survey, without requiring tlser to be present. There is also no
requirement for ethical approval or the presenca Bhysician, when emitting high amplitude

sounds into an acoustic manikin.

7 VALIDATION

7.1 Validation Aim and Method

The validation aims to ensure the results gainethbydata-logger are a true reflection of the
physical reality. The method suggested here fadatbn is the real ear measurement (REM)
procedure. It is the method routinely carried omtaudiological clinics to objectively
determine the transfer characteristics of hearidg when fitting hearing aids to paediatric
and neonatal patients. A probe tube microphonet{as/n in Figure 38) is used and consists
of a tube, inserted into the ear canal, connedea microphone unit mounted to the side of
the head. To prevent damage to the ear canal watlse tympanic membrane a soft tube is
used and inserted by a clinician with audiologitalning, under otoscopic guidance. The
microphone is either taped to the side of the f@adorn as part of a headband or earpiece.
Following insertion, a baseline calibration takéscp to account for the background acoustic
environment. Headphones or ear inserts can thgfabed and the test signal presented to the
subject. The ear canal equivalent continuous squesisure level () is then measured for

the test signal over a defined duration.

Figure 38 Probe tube microphone in place [95]
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A measurement is also made between a free-fieldceoand the ear canal measurement
location, with and without the subject, the difiece is called the human free-field frequency
responseALg ). This is subtracted from the ear canal equivatentinuous sound pressure

level, in 1/3 octave bands, to produce a free-fegidivalent continuous sound pressure level
comparable to that determined using the KEMAR. Adhe test signal is white noise and the
voltage output of the source is recorded. The expt is conducted on a representative
sample of the population to produce a mean frequeependent pressure/voltage function.

The major advantage of this method is that it diract measurement of the sound pressure
level within the ear canal. It also has wide acedmtinical use. The limitations however are

many and include: the need for a clinically trairegberimenter to conduct a delicate and
lengthy measurement process on a potentially langeber of subjects. There is an element of
risk involved in the tube insertion and in the deodf test signal amplitude. A risk assessment

and ethical approval are therefore required far théthod.

8 CONCLUSIONS AND FURTHER WORK

8.1  Appraisal of Work

Previous studies have measured the maximum sowsdye levels emitted by headphones
of various types, and have demonstrated that heagshhave the potential to produce sound
levels that could increase the risk of noise-indubearing loss, if used for durations that
exceed those stated in current regulations. Atterhave previously been made to determine
the temporal listening habits of users listeningniasic from cassette, compact disk and MP3
players. These studies have reported a wide vamiati listening duration, ranging from a

minimum of 6 minutes per day to a maximum of 13rsoper day (see Table 2). Current

methods for recording exposure duration involve tise of subjective questionnaires and
interviews. The model used by occupational noigeoswre regulations is based on an equal
energy hypothesis which states that two noise ewpssare expected to produce equal
hearing loss if the product of the exposure intgresnd exposure time are equal, irrespective
of the distribution over time. Current methods fecording exposure duration fall short of

accurately providing data to assess the risks dfian@ayer use. A new method is proposed in
this work to objectively log the listening habitsmedia player users. The task of monitoring
the sound emitted by a transducer placed withiretlvecanal is a particularly challenging one,
given the inaccessibility of the closed measurencentty. The problem is tackled here by

effectively separating the functions of a sounceleweter, by recording the voltage variation

from the input to the transducer and re-applying titansducer characteristics as a transfer
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function within a data-logger. The applied trandianction is determined during a separate
measurement and calibration process. A typical MP&ser exposure study has been
presented as a basis of discussion for the propdediogger. To demonstrate the proof of
concept, the data-logger functionality was represgein a software program, written using
LabVIEW. A process for transfer function measuret@md calibration has been discussed, as
has a method for validating the results. The psedomethodology has advantages over
previous work in the following respects: the measwnt is an objective measurement of a
parameter directly proportional to the listeningation. The logged variables (shortel's
and peak sound levels) are used by personal soosicheters and provide a resolution of
actual exposure per track, compared to suggestedsare per day or per week. This is a
considerable improvement in view of the fact theg spread of listening durations recorded
from existing methods (see Table 3), is wider tkaa suggested duration bands currently
suggested as a guide by Portnuff and Fligor [2Bf &nvironment the data-logger operates in
is the users’ natural environment, so any incréasalume control as a result of increased
background noise will be recorded. The device widt however record the level of
background noise. This data could be gained frostaadard shoulder-worn dosimeter and
subtracted from the MP3 derived sound measuremer#, survey requires. The major
limitation of the proposed method is the demandiature of the process required to collect
and validate the results. Since the MP3 user paipuolés in the region of hundreds of millions
of users worldwide, the issue has recurring putdieccern and it is currently the cause for a
class action lawsuit in the United States - anyeyrof user habits must have a high
confidence level. A minimum of 2000 participantsrésjuired to be 99% confident that the
data is representative, with an error band of 3%.pfeviously stated, a clinically trained
experimenter is required to conduct the real eaasmement to validate the results. This
measurement has an element of risk but it is inewdlinical use. The methodology does
assume that headphones are actually worn at the tifn exposure. There may be
circumstances when the user removes the headphodd®rgets to switch the media player
off. This will result in an overestimate of noisepesure. An underestimate will be made if
the user listens to music from a friend’'s deviceothrer media playing equipment that is not
fitted with a data-logger. To produce data suffities make an assessment of MP3 player use

using this method, further work is required.

8.2 Development of Data-Logger

A review of graphic equaliser design methods isdeddo improve the design of the transfer
function implementation. This work would involvevestigation of different filter topologies,

filter types and order; the characterisation ofheéiter within the bank, the interactions
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between neighbouring filters and of the overallshasnd response. It would aim to reduce the
passband ripple and ensure the accurate simulafidghe desired response characteristic.
Migration to hardware requires board level desfgwpuring small footprint surface mount
components, to ensure the data-logger satisfieetherement for minimal interruption to the
wearer. A number of electronic devices are in wsdistening to music, these include mobile
telephones, laptop and desktop computers, persiatalassistants (PDAs) among others. To
widen the range of compatible media players withdhta-logger further work is required to
determine the specific interface requirements angitlen the proposed design to encompass
them. To ensure that output voltage does not fatetwith battery or supply voltage, a
measurement is required of output/battery voltageah extended duration. This is a simple

test that could be conducted on a number of diffedevices at once.

8.3 Further Studies

The current noise exposure standards are onlyetefor occupational noise. The distinction
between occupational and recreational noise exposas traditionally based on contractual
arrangements. For example: occupational noise pmtuwithin the employer's premises,
during contractual working hours. As more peoplekifoom home and from sites away from
the employer's premises, combined with more relaxedk attitudes and increased use of
media players whilst working, the distinction beémeoccupational and recreational noise
sources is becoming blurred. Measurements are begotask-based, which presents a
greater demand for accurate and wider dosimetrioaist Further studies are also suggested
to answer the types of questions, surrounding agioreal noise, outlined in section 3.1. To
improve knowledge underpinning the current starglamd noise exposure, further studies
could be carried out to assess the variation iacefdf intermittent, impulse and continuous

exposure, the combined synergistic effects andebevery process between exposure events.
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