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ABSTRACT 
In the sound reinforcement field, current in-ear monitor (IEM) systems provide a number of benefits over 

floor wedges including hearing protection, reduced stage volume and improved coverage. However, new problems 
arise from occlusion caused by the tight earbud seal while old problems such as lack of personalization still remain. 

By applying digital signal processing (DSP) derived from the current state of the art in the hearing aid (HA) 
industry, these problems can be overcome. DSP is applied to both ambient microphones located at the users� ears 
and the monitor audio feed. It provides multi-band parametric equalization, compression and limiting for each feed 
and ear separately, allowing for precise tailoring of the sound, including compensation for hearing loss. 

 

1. INTRODUCTION 

1.1. Background 

With the introduction of the latest generation of 
firmware-based digital signal processing (DSP) in the 
hearing aid industry there is now enough computational 
power and flexibility to start investigating new uses for 
these processors in other fields.  The core competencies 

of these chips are their very small size, ultra low power 
consumption and high fidelity audio.  Investigating 
other industries that would place high value on these 
qualities led to the professional audio and music field 
with particular focus on applications requiring battery 
power.  Traditional professional audio systems are 
powered via hard-wired alternating current, except for 
wireless technologies such as many in-ear monitoring 
systems;  therefore, the first research project undertaken 
was in this area.   
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1.2. Traditional Systems 

Even the most advanced traditional in-ear monitor 
(IEM) system is little more than a set of earphones and 
an amplifier pack as shown in Figure 1.  If used 
correctly, these systems provide the advantages of 
hearing protection for the musicians onstage, lower 
stage volumes to improve the overall sound of the 
performance, improved audio inputs for the musicians 
and both smaller and less equipment for the sound 
company to purchase and transport.   

Unfortunately, the frequency response of the traditional 
systems is quite poor as shown in Figure 2.  The Target 
shown in Figure 2 comes from Mead Killion�s data [1] 
of the diffuse-field-to-eardrum transformation.  This is 
the desired response of an IEM if the goal is transparent 
sound quality in a diffuse-field environment, which is 
generally the case unless the performance is in an 
anechoic chamber.  The other two curves in Figure 1 
come from data measured on what are considered 
traditional �high-end� multi-driver and �low-end� s ingle 
driver in-ear monitors in a reverberant sound chamber 
on the right ear of the KEMAR manikin [2] connected 
to a Zwislocki coupler [3].  As shown in the graph, the 
traditional IEM differ from the Target curve by more 
than 20dB up to 10kHz and more than 40dB up to 
20kHz.  These IEM will not produce transparent sound 
to the user and should not be considered high fidelity 

unless the frequency response is adjusted to match the 
Target.  

Another challenge that musicians face is isolation when 
wearing IEM.  The benefit of hearing protection from 
IEM is only realized if the ear piece is properly sealing 
the eardrum from the surrounding acoustic environment.  
When this happens, the musicians are primarily hearing 
the monitor feed and therefore are often not able to 
properly communicate with people around them:  other 
musicians, the sound crew, and the audience.  Some 
musicians attempt to overcome this by increasing the 
volume of the ambiance feeds to their monitor mix from 
microphones placed in the house or onstage.  Other 
musicians try to overcome this by breaking the seal that 
their IEM is making in their ear canal to let ambient 
sound enter or removing one of them completely.  All of 
these solutions have the problem of not protecting the 
musician from the loud acoustic environment they are 
in, which is one of the key advantages of in-ear 
monitors.  They also prevent the musician from hearing 
the best possible quality of sound in the monitor feed at 
their ear.  The monitor feed will contain too much 
unnecessary audio content with house or stage ambient 
microphones, they will lose the low frequencies if they 
crack the seal on the IEM and they will lose both the 
monitor feed and the hearing protection if they remove 
the IEM completely.    

 

Figure 1: Traditional sound system layout featuring wireless IEM system.   
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Figure 2:  Target diffuse-field response curve for IEM devices and traditional high quality and low quality IEM 
device response curves.   

 

2. IEM WITH DSP 

2.1. First Prototype 

Based on knowledge and research derived from the 
hearing aid field, a prototype IEM system was 
constructed to see if it would be  possible to overcome 
some of the shortfalls of traditional IEM.  There are two 
main differences between the prototype and traditional 
IEM systems.  First, the prototypes have a tiny electret 
microphone mounted at each ear.  Second, the 
prototypes have DSP circuitry to adjust the 
characteristics of the sound reaching the user.  The 
purpose of the microphones at each ear is to pick up the 
ambient sound at the ears of the user.  This was intended 
to provide a much more accurate and realistic sound 
experience than to have the ambient sound fed in from 
microphones in the house or stage at a distance from the 
user.  With a microphone at each ear a much better 
spatial perspective was expected regardless of the 
direction the user was facing or how they moved.  These 
microphones were also intended to provide a means of 
close range communication without the adverse affects 
of removing the IEM or any of the other methods of 
allowing more ambient sound reach the user�s eardrum.   

The purpose of the DSP circuitry was to allow the 
ambiance feed to be blended with the monitor feed, 
compensate for the less-than-ideal frequency response 
of the traditional IEM, provide parametric equalization 
that would be customizable by the user and provide 
compression-limiting to aid the hearing protection of the 
user.  A powerful DSP circuit which could provide six 
fully parametric equalization filters and multi-band 
compression for each of the microphone and monitor 
feeds, a means of combining the microphone and 
monitor feeds, and adjustable output limiting was used 
in this prototype.  This DSP circuit, the Gennum 
Corporation GA3220 processor, is described more fully 
later in this paper.   

As previously mentioned, Figure 2 depicts a Target 
response for IEM as well as examples of �high-end� and 
�low-end� IEM responses.  The six parametric 
equalization (EQ) filters were intended to allow the user 
to compensate for the difference between the 
unequalized IEM response and the Target response.  
This would result in a much more natural sound for both 
the monitor feed and the ambient microphone inputs.  
The filters also allow the users to tailor the sound of 
their IEM to match their personal tastes.  For those users 
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who already have some hearing damage, this means 
they would be able to have a personal audiogram 
programmed into their IEM to help compensate for their 
hearing loss.   

As shown in Figure 3, the multi-band compression was 
brought into the signal path after the EQ section in order 
to deal with the potential effect of extreme boosts in the 
EQ section.  The compression was designed to deal with 
keeping large boosts, especially in the lower 
frequencies, from overloading other parts of the signal 
chain.  The output limiter at the back end of the signal 
chain addresses the important task of protecting the 
hearing of the user.  Again, this was designed to be 
personalized to each user because, as is known from 
hearing aid research, different people have different 
maximum loudness comfort levels, especially if they 
have some pre-existing hearing loss [4].   

With custom-fitted full ear molds tightly sealing each 
ear, musicians can gain up to 25dB of protection.  When 
this is coupled with the reduction in stage volume levels 
accomplished by eliminating the floor monitors and 
sidefill, it greatly reduces the sound pressure levels 
(SPLs) to which users are exposed.  However, the 
majority of this benefit is not realized if the users 
continue to increase the volume of their IEM to hear the 
quieter nuances of the monitor feed that are otherwise 
inaudible.  Proper frequency response shaping and 
multi-band compression can both help to relieve this 
problem.  If the frequency response is more natural or 
customized to the user�s liking, then it is quite possible 

that higher frequency sounds that were previously 
inaudible because they were being overpowered or 
masked by lower frequency sounds are now in the 
audible range of the user.   

If the quieter sounds are still inaudible, then multi-band 
compression can be used to increase the perceived 
loudness of the quieter elements while keeping the 
much louder, potentially damaging sounds at a 
reasonable level.  Exposure to very loud sounds can 
produce noise induced temporary threshold shifts 
(NITTS).  The effects of NITTS wears off over the 
course of a few days but, if the exposure to very loud 
sounds continues, noise induced permanent threshold 
shifts (NIPTS) can be the result.  The U.S. Department 
of Labor�s Occupational Safety and Health 
Administration guidelines recommend limiting exposure 
at 105dBSPL to 60 minutes, falling to only 15 minutes 
at 115dBSPL [5].  Unfortunately, many musicians 
perform on stages with volume levels that can even 
exceed this, and for much greater durations than the 
guidelines recommended to prevent hearing damage.  

The adjustable output limiter at the end of the signal 
path allows the user to define their personal maximum 
loudness.  The DSP has the capability of an attack time 
of less than a millisecond thus allowing loud sounds to 
be almost instantaneously attenuated, giving protection 
to both the user and the IEM components.  

 

 

 

Figure 3: IEM conceptual signal path.   
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2.2. DSP 

The current state-of-the-art DSP system in the hearing 
instrument industry is the Gennum Corporation GA3220 
hybrid processor shown in Figure 4.  The DSP chip in 
this hybrid is a mixed-platform chip that incorporates 
dedicated hardware engines for both the time domain 
and frequency domain filters, as well as five firmware-
based DSP cores for executing any desired software 
code.  Figure 4 is a block diagram of the GA3220 
displaying the main features of the chips.  There are five 
crosspoints in the DSP chip as indicated by an “X” in 
the diagram.  These crosspoints allow the DSP chip to 
be arranged into many different configurations.  Total 
time delay through the system is less than 2ms, 
therefore meeting the tightest latency constraints. The 
hybrid runs off a 1 to 1.5V source with power 
consumption ranging from tenths of a milliWatt to a few 
milliWatts depending on the extent of system 
utilization.   

The integrated analog to digital converter (A/D) has a 
95dB dynamic range.  It is capable of handling the full 

range of outputs from the electret microphones.  On the 
output side, the digital to analog converter (D/A) uses a 
class D switching power supply amplifier to achieve a 
respectable 85dB of dynamic range.  The advantage of 
utilizing the ultra efficient class D architecture is that 
the IEM can be operated at full output for between 300 
and 400 hours, yet still have enough output from the 
1.5V source to drive most IEM transducers to 120dB. 

Assuming that it is desirable to keep the IEM output at 
less than 115dBSPL in the ear canal to help preserve the 
hearing of the user, the 85 dB of dynamic range of the 
D/A would have a corresponding noise floor of 
30dBSPL in the ear canal.  Given an average isolation 
level of 20dB, the noise floor would only be audible if 
the environmental noise were less than 50dBSPL, which 
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 environment in which 
the IEM operates.  The field tests discussed later in the 
paper confirm this assessment.  This D/A is also one 
area that is being considered for further investigation in 
the technology.   

Figure 4:  GA 3220 Schematic layout. 


