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ABSTRACT

In the sound reinforcement field, current in-eamitar (IEM) systems provide a number of benefiterov
floor wedges including hearing protection, redustabe volume and improved coverage. However, n@bl@ms
arise from occlusion caused by the tight earbutiebie old problems such as lack of personalizastll remain.

By applying digital signal processing (DSP) deriyazin the current state of the art in the heariinig(HA)
industry, these problems can be overcome. DSPpBedpto both ambient microphones located at therdiars
and the monitor audio feed. It provides multi-bgradametric equalization, compression and limitiogdach feed
and ear separately, allowing for precise tailonfithe sound, including compensation for hearirgslo

of these chips are their very small size, ultra fmwer
consumption and high fidelity audio. Investigating
other industries that would place high value ons¢he
qualities led to the professional audio and mugtdf
with particular focus on applications requiring teay

ower. Traditional professional audio systems are
powered via hard-wired alternating current, exdept
wireless technologies such as many in-ear mongorin
systems; therefore, the first research projecertaien
was in this area.

1. INTRODUCTION
1.1. Background

With the introduction of the latest generation o
firmware-based digital signal processing (DSP)he t
hearing aid industry there is now enough computatio
power and flexibility to start investigating newessfor
these processors in other fields. The core compite
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1.2. Traditional Systems unless the frequency response is adjusted to nth&ch
Target.
Even the most advanced traditional in-ear monitor
(IEM) system is little more than a set of earphoaed Another challenge that musicians face is isolatidmen
an amplifier pack as shown in Figure 1. If usedvearing IEM. The benefit of hearing protectionnfro
correctly, these systems provide the advantages &M is only realized if the ear piece is propergakng
hearing protection for the musicians onstage, lowehe eardrum from the surrounding acoustic enviramme
stage volumes to improve the overall sound of th@/hen this happens, the musicians are primarilyihgar
performance, improved audio inputs for the musiianthe monitor feed and therefore are often not able t
and both smaller and less equipment for the soumoperly communicate with people around them: othe
company to purchase and transport. musicians, the sound crew, and the audience. Some
musicians attempt to overcome this by increasirgy th
Unfortunately, the frequency response of the timolit  volume of the ambiance feeds to their monitor maof
systems is quite poor as shown in Figure 2. Thgéta microphones placed in the house or onstage. Other
shown in Figure 2 comes from Mead Killion’s datd [1 musicians try to overcome this by breaking the e
of the diffuse-field-to-eardrum transformation. iglis their IEM is making in their ear canal to let amiiie
the desired response of an IEM if the goal is wansnt sound enter or removing one of them completelyl. oAl
sound quality in a diffuse-field environment, which these solutions have the problem of not protectirgy
generally the case unless the performance is in amusician from the loud acoustic environment they ar
anechoic chamber. The other two curves in Figureifi, which is one of the key advantages of in-ear
come from data measured on what are consideretbnitors. They also prevent the musician from imegr
traditional “high-end” multi-driver and “low-end’isgle  the best possible quality of sound in the moniesdf at
driver in-ear monitors in a reverberant sound chemmbtheir ear. The monitor feed will contain too much
on the right ear of the KEMAR manikin [2] connectedunnecessary audio content with house or stage ambie
to a Zwislocki coupler [3]. As shown in the graphe microphones, they will lose the low frequencieshiéy
traditional 1IEM differ from the Target curve by neor crack the seal on the IEM and they will lose bdth t
than 20dB up to 10kHz and more than 40dB up tmonitor feed and the hearing protection if they oge
20kHz. These IEM will not produce transparent sbunthe IEM completely.
to the user and should not be considered highitfidel

RF Antenna RF Antenna
Multi-Channel
IEM at < Wireless

Musician Unidirectional Analog RF Transmissior Transmitters

Mic Snake

Mic Split
FOH Mix Console Monitor Mix Console
Microphones

T LT

Figure 1: Traditional sound system layout featusiigeless IEM system.
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Figure 2: Target diffuse-field response curvelEi devices and traditional high quality and lowatjty IEM
device response curves.

2. IEM WITH DSP The purpose of the DSP circuitry was to allow the
ambiance feed to be blended with the monitor feed,
2.1. First Prototype compensate for the less-than-ideal frequency respon

of the traditional IEM, provide parametric equaliaa
Based on knowledge and research derived from titeat would be customizable by the user and provide
hearing aid field, a prototype IEM system wagompression-limiting to aid the hearing protectisrhe
constructed to see if it would be possible to ogere user. A powerful DSP circuit which could provid& s
some of the shortfalls of traditional IEM. Theme é&wo fully parametric equalization filters and multi-lshn
main differences between the prototype and trauifio compression for each of the microphone and monitor
IEM systems. First, the prototypes have a tingtede feeds, a means of combining the microphone and
microphone mounted at each ear. Second, theonitor feeds, and adjustable output limiting wasdi
prototypes have DSP circuitry to adjust thdn this prototype. This DSP circuit, the Gennum
characteristics of the sound reaching the user.e TKorporation GA3220 processor, is described morlg ful
purpose of the microphones at each ear is to gicthe later in this paper.
ambient sound at the ears of the user. This waaded
to provide a much more accurate and realistic sourfss previously mentioned, Figure 2 depicts a Target
experience than to have the ambient sound fedoim fr response for IEM as well as examples of “high-egal
microphones in the house or stage at a distancethe “low-end” IEM responses. The six parametric
user. With a microphone at each ear a much bettequalization (EQ) filters were intended to allow tiser
spatial perspective was expected regardless of tt® compensate for the difference between the
direction the user was facing or how they movetiese unequalized |IEM response and the Target response.
microphones were also intended to provide a meéns Bhis would result in a much more natural soundofoth
close range communication without the adverse &ffecthe monitor feed and the ambient microphone inputs.
of removing the IEM or any of the other methods offhe filters also allow the users to tailor the sbwof
allowing more ambient sound reach the user’s eardru their IEM to match their personal tastes. For ¢hasers
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who already have some hearing damage, this meathat higher frequency sounds that were previously
they would be able to have a personal audiogramaudible because they were being overpowered or
programmed into their IEM to help compensate fairth masked by lower frequency sounds are now in the
hearing loss. audible range of the user.

As shown in Figure 3, the multi-band compressios waf the quieter sounds are still inaudible, then tidodnd
brought into the signal path after the EQ sectioarder compression can be used to increase the perceived
to deal with the potential effect of extreme boadstthe loudness of the quieter elements while keeping the
EQ section. The compression was designed to dédal wmuch louder, potentially damaging sounds at a
keeping large boosts, especially in the Ilowereasonable level. Exposure to very loud sounds can
frequencies, from overloading other parts of ttgnal produce noise induced temporary threshold shifts
chain. The output limiter at the back end of tigmal (NITTS). The effects of NITTS wears off over the
chain addresses the important task of protectirg tltourse of a few days but, if the exposure to vend|
hearing of the user. Again, this was designed ¢o Isounds continues, noise induced permanent threshold
personalized to each user because, as is known framfts (NIPTS) can be the result. The U.S. Depantm
hearing aid research, different people have differeof Labor's Occupational Safety and Health
maximum loudness comfort levels, especially if theyAdministration guidelines recommend limiting expasu
have some pre-existing hearing loss [4]. at 105dBSPL to 60 minutes, falling to only 15 masit

at 115dBSPL [5]. Unfortunately, many musicians
With custom-fitted full ear molds tightly sealingu@h  perform on stages with volume levels that can even
ear, musicians can gain up to 25dB of protectidfhen exceed this, and for much greater durations than th
this is coupled with the reduction in stage volumeels guidelines recommended to prevent hearing damage.
accomplished by eliminating the floor monitors and
sidefill, it greatly reduces the sound pressureelev The adjustable output limiter at the end of thenalg
(SPLs) to which users are exposed. However, thmath allows the user to define their personal marim
majority of this benefit is not realized if the use loudness. The DSP has the capability of an attiawk
continue to increase the volume of their IEM torttba  of less than a millisecond thus allowing loud scuta
quieter nuances of the monitor feed that are otiserw be almost instantaneously attenuated, giving ptiotec
inaudible.  Proper frequency response shaping ama both the user and the IEM components.
multi-band compression can both help to relieves thi
problem. If the frequency response is more natoral
customized to the user’s liking, then it is quitesgible

Figure 3: IEM conceptual signal path.
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range of outputs from the electret microphones. ti@n
output side, the digital to analog converter (DiSEs a

. . class D switching power supply amplifier to achieve
The current state-of-the-art DSP system in theihgar :
instrument industry is the Gennum Corporation GA(BZZrESpECtable 85dB of dynamic range. The advantage o

utilizing the ultra efficient class D architectui® that

hybrid processor shown in Figure 4. The DSP chip ihe IEM can be o A

. o . . . perated at full output for betw860
this hybrid is a mixed-platform chip that incorpas :
dedicated hardware engines for both the time domaffllnnOI 400 hours, yet still have enough output from th

S L .5V source to drive most IEM transducers to 120dB.
and frequency domain filters, as well as five firarer
based DSP cores for executing any desired softwa
code. Figure 4 is a block diagram of the GA322
displaying the main features of the chips. Theecfiae
crosspoints in the DSP chip as indicated by an {tX”
the diagram. These crosspoints allow the DSP thip
be arranged into many different configurations. taro
time delay through the system is less than 2m
therefore meeting the tightest latency constraifitse
hybrid runs off a 1 to 1.5V source with power
consumption ranging from tenths of a milliwatt téeav
milliwatts depending on the extent of syste
utilization.

2.2. DSP

%suming that it is desirable to keep the IEM otitatu
ess than 115dBSPL in the ear canal to help preséer
hearing of the user, the 85 dB of dynamic rangt¢hef
D/A would have a corresponding noise floor of
30dBSPL in the ear canal. Given an average isolati
level of 20dB, the noise floor would only be audilif
the environmental noise were less than 50dBSPLghwhi
is the level of quiet speech. Thus, while the D/A
dynamic range is somewhat limited, it is certainly
sufficient for the high noise floor environmentvhich
Mhe 1EM operates. The field tests discussed iaténe
paper confirm this assessment. This D/A is alse on
area that is being considered for further invesitigain

The integrated analog to digital converter (A/D} e the technology.

95dB dynamic range. It is capable of handlingftik

Figure 4: GA 3220 Schematic layout.
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2.3. Field Trials

Once the first prototypes were built, the DSP
configured, and the software written to modify @lthe
programmable parameters, it was time to test tiv il
the field with professional musicians and their ftmm
engineers who were both experienced in using IEM on
regular basis. The primary artists consulting ba t
project and performing the field tests were Haydain
Neale, lead vocalist with Jacksouwhfw.jacksoul.corp
and Brent Fitz rww.brentfitz.con), who was drummer
and keyboard player for Vince Neil of Motley Crusda
who now plays with Theory of a Deadman.
(www.theoryofadeadman.cgm

The first part of the system to be evaluated was th
microphone. The first microphone used was a stahda
low-noise hearing aid microphone capable of hagdlin
115dBSPL maximum inputs. It was necessary to te
whether or not this type of microphone would besabl

handle the high SPLs found on a concert stageanin
extreme example, the highest recorded sound peess
level on stage was 122dBSPL, which was beyond wh
the low-noise hearing aid microphone could handl
without clipping. A new, high headroom microphon
with 125dBSPL maximum input was then tested an
found to be able to handle even the most demandi
peaks without clipping. @ These microphones ar
available in very small sizes and can be foundhat t
Knowles Electronics wyww.knowlesacoustics.cgmor

. ) . . B . H . .
Sonion (ww.sonion.com websites. Certain models OfThe users wanted to have the option to switch betwe

these microphones are essentially flat from 20Hz tgtored resets of all the proarammable parametads a
12kHz and were used in these prototypes. P brog P

to have control of the volume for both the ambiandl
The second aspect of the. field testing.vx_/z.:\s to examitmhgnt;tg(;ysgggi_s V}’E:Leléndaltgt?rl::nugsg jfmaagljgﬁ:g:;:e
the form factor of the dewcg. As the initial pipe igital encoder. It allows the user to change both
was not to be. wireless, it had to b.e capable. %olumes by rotating either the inner or outer dialhe
functlonlng as either a_stand-alone Qe_wce hard}dwr encoder shaft also has a push momentary switcheso t
into the sound board or it had to be efficientliegrated stored presets can be accessed by a push of tameol

with existing radio frequency body packs. Giveatth nob. With the dual-concentric design, the useatie
many users wear the body pack of the IEM attacbed Fo determine which parameter they are adjustinpouit

g}%{,vc'g;@;gégcilssg ?(?datltlj ?r?ebztcrslga?;d::?rftrﬁ; ah ving to look. The encoders are digital infiniiation
cables from a single side, with all other switclaesl d vices so that changing the. preset WI.” not aftaet
connectors safely protectea funct!on qf the encoder. By incorporating all bese
: functions into a single control, the footprint betbody

pack was kept small as can be seen in Figure 6.

Figure 5: IEM form factor.

ﬁwe entire programming system via USB needed to be
integrated into the body pack to simplify the cortion
to the computer so that adjusting the many
ogrammable parameters would be easy for the user.
order to keep the system low power, the USB
rogramming system is powered solely through the
SB port. It is not powered during general usehaf
M as it is most likely disconnected from the cargy
ring normal usage. All of the programmable
ﬁarameter data is stored in non-volatile memorythen
GA3220 hybrid.
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3. FURTHER RESEARCH

The field trials became an iterative process rawylin
the block diagram of the final prototype shown in
Figure 7. Different parts of the system were medito
determine optimal ways of providing in-ear monitayi
with ambient microphone signals that were easysg u
light-weight, small, simple to program and durable.
Though the research has yielded positive residtsyith
any scientific undertaking there always remain aesn
for further investigation. Some of the areas #&&m to
have the most benefit for additional research aee t
D/A portion of the processor, advanced noise rednct
or feedback management algorithms that may be
derived from the hearing aid industry, occlusion
reduction, and wireless technology for both audio
transmission and control data.

Some thought has been given to the way in which
wireless technology could be used. There are three
connections of the IEM that could potentially bedma
wireless: the connection between the monitor clenso
and the body pack, the connection between the body
pack and the ear level device, and the connection
between the body pack and the computer during
programming. Traditional analog FM wireless system
are currently employed for the long distance
transmissions between the user and the offstagétanon
console, though advances in digital transmission
. technologies may yield new breakthroughs in distanc
Figure 6: [EM layout. interference and power consumption.

, ) , . The other two areas still present opportunities,radio
All of the field trials did have one thlng In COMMO  frequency (RF) components tend to be large conssimer
The ambient microphones at the users’ ears eligihat ¢ power. For example, Bluetooth technology draws
the isolated feeling that is present with tradiibfEM.  {he order of 70-100mW.  This level of power
As Edgar Shaw stated that the head, torso, and eggnsymption requires a battery so large that itlovbe
must always be seen as parts of an integrate@syst  ohipitive for an ear level device. Bluetoothégency
for it is the sound pressure transformation fromftlee oyceeds 20ms further making it unsuitable for audio
field to the ear(_jrum asa f_unc_tlon of fre_quency_edl_on signals and both its frequency response and fidali¢
and perhaps distance which is most directly linkéth g ficient for demanding listening environments.
monaural and binaural localization[6]. This isa€}y  \yhere Bluetooth may be of use is in data transonissi
what_ the ambient microphones at _the e:flrs helped {9 the body pack for programming from the computer.
provide and what the users experienced: the $patigowever, Bluetooth has a range of approximately 10m
!ocahzatlon that is lacking with a microphone hBY \ynich means that a repeater system may be needed to
in free space. transmit the signal from the stage to the monitor

console.
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Figure 7: Block diagram of IEM final prototype harare.

been proven that traditional audio processing sagh
Wireless technology is developing rapidly and ofit ocompression, output limiting and  parametric
these developments may come a methodology efjualization, which usually require racks of equimt
performing one or all of the wireless links. Imm@ott to achieve, can be programmed into algorithms and
elements to consider for an IEM application are @ow integrated into a package small enough to fit imody
size, length of transmission and cross-talk betwegrack. These devices are also relatively inexpensiv
channels. tiny, ultra low power, high fidelity and are able be

personalized to the individual's preferences inhsac

manner that would have required much more expensive
4. CONCLUSIONS and space-consuming equipment if done with trauftio

o , audio processing methods. The feedback received on

It has been proven that it is possible today to af$e e resylts of the IEM project has been very posidind
the-shelf, high performance audio DSP's to prodale ¢ncoyraging, both validating hypotheses and yigldin
exceptionally long battery life, highly personalizé-  5enyes” for further research and investigationhi t
ear monitor system that removes the isolated fgedin ¢ +,re  Most notably, the digital and low power
traditional systems. It has been found that miccoes | iajess technologies that are on the horizon ey

With_ sufficie_nt headroo_m and bandwidth exist topromising for integrating into an IEM in the curtign
provide ambient sound inputs to the IEM. It hasoal \ired facets of the existing prototype.
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