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I : 

Abstract 

Microphone selection is very crucial in the recording process, and many studios do not have 
access to the large array of microphones contained in the Ball State University Music 
Technology Studios. I have designed software that will allow for engineers and producers to 
simulate the use of different microphones. These plug-ins were designed in Cycling '74 
MaxlMSP 4.5 and converted using Cycling '74 Pluggo 3.5. Successful results were obtained. 
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Introduction 

I researched, designed, and created software that will allow recording engineers to imitate the 
sound of priceless microphones without actually using them. In doing this work, I needed to 
critically listen to dozens of microphones and find their individual characteristics. After 
analyzing them using software and objective opinions of many individuals, I began to create a 
program that contains elements that alter the recorded sound in such a way that it masks the 
source microphone and replaces it with a much different tone. 

Microphone use is very important in the recording industry, however many microphones are 
extremely expensive and therefore not an option for home studios and other low-budget 
facilities. I intend for this software to be used by production companies and individuals to 
further their creativity in the art of recording and mixing. Some similar items, I have come to 
find, do exist. My concept was derived without prior knowledge of these systems, and although 
similar features exist, I did not analyze these other products so I would not be influenced and all 
thoughts and techniques would be derived from my own knowledge and discoveries. 

This project is to fulfill the Honors 490 class (2-credit independent study equivalent of Honors 
499) in the spring semester of 2006. It will also simultaneously complete the required MUMET 
495 senior project course (3 credits). 

Along with this paper, I will be including a packaged software bundle that contains plug-ins 
which can be utilized on at least both operating systems and certain digital audio editing 
programs (such as Digital Performer [Mac] or Sonar [PC] with Pluggo capability). 

Every aspect of calibration and setup must be very precise to achieve a truly useful program. 
After completing this, I have a new-found understanding and appreciation for plug-in production 
and the complexities of sound-manipulation. I am sure that this program could spawn many 
replicas and programs used in a similar fashion to accomplish slightly different tasks. 
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Process 

Step one: Creating the capturing software. 

This step was done entirely in Max/MSP. My goal was to create a program that would playback 
recorded audio from any microphone (sweep length always 18 seconds) and record the amplitude 
over a period of time. What this would do is create a table and a multi-slider that represented the 
values of amplitude vs. time. The challenge was then to convert the multi-slider to control 
amplitude vs. frequency. 

The sweep tone used was a logarithmic sine tone (pure tone) sweep that ranged from 20 Hz -
22,000 Hz. This crosses the extent of human hearing and most audio programs do not exceed 
this range. I then created a Max/MSP patch that would load any sample and play it back. As it 
played back, a meter was inserted to show the amplitude at any given time. The amp~itude 

output a numeric value at a determined pulse and each amplitude value was appended to a list. 
When the sweep was over, the values were sent to a multi-slider that would consequently 
measure the amphtude over a period of time. Since the sweep was logarithmic, the amplitude vs. 
time graph presented by the multi-sHder was the exact same as the frequency vs. time graph (on a 
logarithmic scale). 

I then modified the max preset example known as "Forbidden Planet 1997" which consists of a 
multi-slider that controls the equalization curve of the input signal. After eliminating all 
unnecessary elements of the program and adding necessary objects, I took the output of my 
microphone sweep patch (described above) and input it into the multi-slider of the forbidden 
planet modification. I then modified the selectors so that the microphone choice (saved 
equalization-curve file) could be manipUlated. 
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Step two: Capturing m,icrophone sweeps 

This section contains many technical elements that must be obeyed to properly capture the true 
characteristics of many of these microphones. 

Figure 1: Above: All of the microphones that were sampled in this project Figure 2: Below: Genelec speaker 
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A Genelec 3-way speaker (Genelec 1037 
C Serial # l037C EM2005328) was 
chosen to give the best (flattest response) 
frequency sweep. A mostly anechoic 
chamber was formed around the speaker 
and within that was the spot for the 
chosen microphone. The Bruel & Kjaer 
4007 microphone was used as the 
reference microphone to determine what 
frequencies needed to be attenuated or 
boosted due to speaker and room 
characteristics, and also, how much more 
damping must be done in the 'tunnel' 
between the speaker and the microphone. 



A sound pressure level (SPL) meter was used with a 1000 Hz reference sine tone and also white 
noise. The speaker was adjusted to ensure that each sweep would be recorded at exactly 90 dB 
at 1 meter from the speaker. 

The placement of the microphone was very precise and was placed exactly one meter from the 
speaker and pointed directly at the center of the speaker four feet from the ground. As I said, the 
test microphone was used as a reference to equalize the speaker to its flattest response. By doing 
this, I was assured that any boosts or nulls in the response of the subsequent microphones was a 
characteristic of the microphone itself and not the speaker or placement within the room. 

Each microphone was recorded several 
times depending on the variations 
available in the microphone model. For 
example, the AKG C414 has variable 
pick-up patterns (omni-directional, 
cardioid, figure-8, etc.) and it also has 
various pads and low-frequency roll-off 
selections. A recording of this 
microphone was performed with each 
possible condition of the microphone 
being considered. Careful documentation 
was crucial in this stage. 

Figure 3: Soundelux (fet7 next to the B&K 4007 

Each sample was recorded at 16-bit, 44,100 samples per second. After aU the sweeps were 
recorded, the next step involved taking each sample and recording it into the previously
mentioned patch in Max/MSP. Because of the large amount of data within each sample (256 
samples per sweep) and the amount of microphones, storage of this data will take up a good deal 
of space. It is for this reason that each microphone was assigned to a certain preset with a very 
specific numbering system. I will discuss this system at a later time. 
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Step 3 - Creating the Interface 

The interface for this program is not very fancy (jig 4). Because it is an academic study, I did 
not spend a great deal of time with images and other objects that would take up space and 
processing power of the plug-in. The interface simply allows the user to select the input 
microphone (microphone actually used in the recording) and then permits the user to select the 
output microphone. If a microphone has conditions (such as the AKG C414 mentioned above), 
then the options will be available to the user, but if no options are available, the program will 
default to the proper settings. 
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Figure 4: Intefface that the user would see when using the plug-in 

This was done by first listing all the microphones and their possibilities. The amount of options 
per microphone dictated how many possible combinations there could be. For instance, the 
AKG C414 has four selectable patterns (Omni-directional, cardioid, hyper-cardioid, and figure-
8), and three roll-off options (0, 75Hz [ steep], 150Hz [gradual]). These options need to be 
multiplied to find the amount of possible combinations: 

4 patterns x 3 roll-ofls = 12 possible combinations 

After the amount of possibilities for each microphone was determined, a 'select' tool was added 
to the interface. The list of microphones (ignoring pads, patterns, and roll-offs) was inserted into 
a drop-menu. When a microphone was selected, depending on the positions in the drop-menu, 
the menu would output an integer. I then used the selector's output of that number to bang 
(trigger) all the default settings for that microphone. This will be extremely useful because 
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many microphones have no options, and therefore need a default bang to achieve the proper 
settings. This initial bang is not final and is not used to call the microphone file. It is a 
combination of all the options together that will determine which preset to trigger. 

Actually using a single, six-digit integer to call a preset was a task that took some time. The way 
I implemented all the microphone settings was actually quite simple. When the microphone type 
is selected, an integer is given from 0-99. I defaulted 0 to be ''No Microphone Selected," and 
any other selection sent an integer from 1-99. This integer was then mUltiplied by 10000. In 
order for the interface to display what type of microphone (e.g. Condenser, Dynamic, Ribbon, 
Tube), the type was assigned a value from 1-4, and multiplied by 1000. A similar process was 
done for the polar pattern, except the selection (0 = none selected, 1 = cardioid, 2 = figure-8, 3 
omni-directional, 4 = subcardioid, 5 = supercardioid) was multiplied by 100. If a low-frequency 
roll-off was selected (0,75 Hz [steep], 150 Hz [gradual]), the integer (0-2) would be mUltiplied 
by 10, and the pad (0 dB attenuation, -10 dB, -20 dB) would simply be in the ones column. After 
all of these selections were made, the sum would be the name of the file. For instance, an AKG 
C3000B is the fourth microphone on the list after the ''No microphone selected" option, so it was 
assigned the value of 4. This is a condenser microphone, so the value of 1 is given to that place. 
In the initial position, it has the characteristics: Cardioid (1), no roll-off (0), and no pad (0). 
Therefore, the result would be: 

4 * 10000 + 1 * 1000 + 1 * 100 + 0 * 10 + 0 = 411 00 

Another example would be a modification of the Neumann M150 (10) which is a tube 
microphone (4) with an omni-directional polar pattern (3), a gradual 150 Hz roll-off selection 
(2), and a -1 OdB attenuation pad (1). 

32*10000 + 4*1000 + 3*100 + 2*10 + 1 = 324321 

Thus, 41100 would be the name of the C3000 preset, and 324321 would be the name of the 
Neumann M150 preset (when it is in this position). This may seem like there will be nearly 
1,000,000 results, but it is important to remember that most microphones do not have options, 
and this is only applicable to a handful of microphones. Please note that, when applicable, these 
options are available to the user. Even if every single microphone contained every option, there 
would still be only 2430 options (54 microphones * 5 possible patterns * 3 pad positions * 3 
roll-offpositions = 2430). The type of microphone (condenser, dynamic, etc) is never a variable. 
It is always determined by the construction of the microphone. In actual application, there are 
only 137 combinations of microphones used in this project. 
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Step 4 - Implementation 

After the MaxJMSP patch worked as a stand-alone program, I had to transform it into a VST 
Plug-in. Only a few steps had to be performed in order for the transformation to be successful. 
These steps made the patch manipulation quite cluttered (fig 5), but I was able to keep an 
organized system . 

• """ , • .trot IIrl 

Figure 5: Actual wiring afinterface patch. (A bit messy) 

Pluggo requires that certain objects (items within Max/MSP) be placed within the patch for 
successful operation as a VST plug-in. After reading only one tutorial, I was able to transfonn 
my stand-alone Max/MSP patch into a VST plug-in. 1 tested it within Fruity Loops 4.0 Producer 
Edition (PC) and MOTU Digital Performer 5.0. It was successful in operation and functionality 
in both programs. 
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Analysis 

Successful implementation 

Using Cycling '74 MaxlMSP and Cycling '74 Plug go 3.5, I was able to convert my program and 
all the stored information into a working VST plug-in. I first accomplished this on a PC using 
demo versions of both programs. The plug-in was successfully recognized by Fruity Loops 4.0 
Producer Edition. Since the VST plug-ins are not cross-compatible between Mac and PC, I had 
to also use the same programs to create a VST plug-in for MOTU Digital Performer 5.0. 

Both plug-ins gave adequate results. By nature, this program is very subtle, and it requires 
trained ears to hear the difference between the microphone settings. Nevertheless, the 
implementation and effectiveness of the plug-in were marks of success, and they were a step 
forward in the possibilities of the program. 

Problems 

Aside from any technical situations that may arise from this program, there is one inherent flaw 
in the design. The principle of the microphone modeling system as it exists is an unrealistic 
interpretation of the use of different microphones. Microphone characteristics, other than the on
axis frequency response must be considered. 

Microphones respond differently to positioning. Placing a microphone off-axis from a source 
will dramatically change the frequency response. Also, changes in intensity will often cause a 
non-linear response of the capsule. This is especially true of microphones which are not omni
directional condensers. Distortions within the capsule and circuitry of the microphone are what 
will add the desired effect and characteristic sound. 

However, while my program simply simulates the on-axis frequency response, because of the 
method in which I acquired those responses, some of these non-linearities were established, but 
not to the degree of sensitivity that actually using a different microphone would achieve. A 
positive result for this program is the fact that because of the method of modeling, the only self
noise that would exist in the program is that due to the original source microphone. This is good 
considering that many of the older classic microphones were made with different, louder 
circuitry. My program has the potential to increase the signal to noise (SIN) ratio of classic 
microphones. 

Personal Enlightenment 

By completing this project, I learned a great deal about the characteristics of many different 
microphones. During the capturing segment, I had to monitor each of 54 different microphone 
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and 137 possible combinations with the same frequency sweep being played. By the end of the 
segment, I was able to decipher the type of microphone and pattern simply by listening. I 
believe this program helped me to grow as an engineer more than it will help other engineers 
craft a desired sound. 

Also, since I have now completed the process of creating a plug-in, I believe that I will continue 
to create such items to help me in my future compositions and engineering. Plug-ins are very 
expensive, and by creating my own, I can have complete control of the desired effect and also 
save a great deal of money. 

This project challenged my aural, technological, mathematical and analytical skills. I was faced 
with several problems that required critical thinking and clever solutions to overcome the 
obstacle. My base knowledge of C++ computer program, HTML programming, calculus, and 
module-programming (mostly through my minor of applied physics) is the reason I was able to 
eventually overcome the problems I faced. 
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Glossary of Terms8 

Amplitude 

Anechoic 

Damping 

Decibel (dB) 

Distortion 

Filter 

Fourier Analysis 

Free field 

Frequency 

Intensity 

Intensity level 

Interference 

Linear scale 

Maximum displacement from rest 

Echo free; an anechoic room is one whose walls, ceiling and floor 
are covered with sound-absorbing material, usually in the shape 
of wedges. 

Loss of energy of a vibrator, usually through friction. 

A dimensionless unit used to compare the ratio of two quantities 
(such as sound pressure, power, or intensity), or to express the 
ratio of one such quantity to an appropriate reference. 

An undesired change in waveform. Two common examples are 
harmonic distortion (harmonics are generated by altering the 
waveform and intermodulation distortion (generation of sum and 
difference tones). 

A device that allows signals in a certain frequency to pass and 
attenuates others 

AKA spectrum analysis. The determination of the component 
tones that make up a complex tone or waveform 

A reflection free environment. Such exists outdoors or in an 
anechoic room in which sound pressure varies inversely with the 
distance 

The number of vibrations per second; (usually expressed in Hertz, 
Hz) 

Power per unit area. The intensity of a sound wave IS 

proportional to the square ofthe sound pressure. 

L[ = lOlogIIIo, where I is intensity and 10 = 10-12 W/m2 (abbr. L1) 

The interaction of two or more identical waves, which may 
support (constructive interference) or cancel (destructive 
interference) each other. 

A scale in which moving a given distance right or left adds or 
subtracts a given increment. 

a Terms directly taken from The Science a/Sound (3rd Edition) by Rossing, Moore, & Wheeler, 2002. 
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Logarithmic scale A scale on which moving a given distance right or left multiplies 
or divides by a given factor. 

Node A point or line where the minimal motion takes place 

Pink noise Random noise that has the same power in each octave or 113 
octave band. 

Q A parameter that denotes the sharpness of a resonance; Q=fl ~f. 
Where f is the resonance frequency and ~f is the line width 

Reflection An abrupt change in the direction of wave propagation at a 
change of medium (by waves that remain in the first medium) 

Spectrum A "recipe" that gives the frequency and amplitude of each 
component of a complex vibration 

Waveform Graph of some variable (e.g. amplitude, frequency) versus time. 

White noise Noise whose amplitude is constant throughout the audible 
frequency range. 
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Microphone 
o 

List 

Microphone Type Pattern IRa II-off Pad Number 
AKG 451 EB - CK1 Condenser Cardioid 0 11100 
AJKG 451 EB - CK1 Condenser Cardioid 75 11110 
AKG 451 EB - CK1 Condenser Cardioid 150 11120 
AKG 451 EB C-22 Condenser Omni-directional 0 21300 
AKG 451 EB C-22 Condenser Omni-directional 75 21310 
AKG 451 EB C-22 Condenser Omni-directional 150 21320 
AKG C12VR Tube Cardioid 0 34100 
AKG C12VR Tube Cardioid 75 34110 
AKG C12VR Tube Cardioid 150 34120 
AKG C12VR Tube Figure 8 0 34200 
AKG C12VR Tube Figure 8 75 34210 
AKG C12VR Tube Figure 8 150 34220 
AKG C12VR Tube Om ni-directional 0 34300 
AKG C12VR Tube Om ni-directional 75 34310 
AKG C12VR Tube Om ni-directional 150 34320 
AKG C3000B Condenser Cardioid 0 0 41100 
AKG C3000B Condenser Cardioid 0 -10 41101 
AKG C3000B Condenser Cardioid 150 0 41110 
AKG C3000B Condenser Cardioid 150 -10 41111 
AKG C3000B Condenser SuperCardioid 0 0 41500 
AKG C3000B Condenser SuperCardioid 0 -10 41501 
AKG C3000B Condenser SuperCardioid 150 0 41510 
AKG C3000B Condenser SuperCardioid 150 -10 41511 
AKG C300B - CK91 Condenser Cardioid 0 51100 
AKG C300B - CK92 Condenser Omni-directional 0 61300 
AKG C300B - CK93 Condenser SuperCardioid 0 71500 
AKG C414 B - ULS Condenser Cardioid 0 81100 
AKG C414 B - ULS Condenser Cardioid 75 81110 
AKG C414 B - ULS Condenser Cardioid 150 81120 
AKG C414 B - ULS Condenser Figure 8 0 81200 
AKG C414 B - ULS Condenser Figure 8 75 81210 
AKG C414 B - ULS Condenser Figure 8 150 81220 
AKG C414 B - ULS Condenser Omni-directional 0 81300 
AKG C414 B - ULS Condenser Omni-directional 75 81310 
AKG C414 B - ULS Condenser Omni-directional 150 81320 
AKG C414 B - ULS Condenser SuperCardioid 0 81500 
AKG C414 B - ULS Condenser SuperCardioid 75 81510 
AKG C414 B - ULS Condenser SuperCardioid 150 81520 
AKG 0112 Dynamic Cardioid 0 92100 
AKG 03700 Dynamic Cardioid 0 102100 
AKG SOLlDTUBE Tube Cardioid 0 0 114100 
AKG SOLlDTUBE Tube Cardioid 0 -20 114102 
AKG SOLlDTUBE Tube Cardioid 150 0 114120 
AKG SOLlDTUBE Tube Cardioid 150 -20 114122 
IBeyerdynamic M160 Ribbon SuperCardioid 0 123500 

0 

Photo courtesy ofBSU Music Technology Department, Ball State University: www.bsu.edu/musictech. 
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Beyerdynamic M500 ? ? 0 130000 
Beyerdynamic M88 Classic Dynamic SuperCardioid 0 142500 
Beyerdynamic MC740 Condenser Cardioid 0 151100 
Beyerdynamic MC740 Condenser Cardioid 75 151110 
Beyerdynamic MC740 Condenser Cardioid 150 151120 
Beyerdynamic MC740 Condenser Figure 8 0 151200 
Beyerdynam ic MC740 Condenser Figure 8 75 151210 
Beyerdynamic MC740 Condenser Figure 8 150 151220 
Beyerdynamic MC740 Condenser Omni-directional, 0 151300 
Beyerdynamic MC740 Condenser Om ni-directional 75 151310 
Beyerdynamic MC740 Condenser Omni-directional 150 151320 
Beyerdynamic MC740 Condenser Subcardioid 0 151400 
Beyerdynamic MC740 Condenser Subcardioid 75 151410 
Beyerdynamic MC740 Condenser Subcardioid 150 151420 
Beyerdynamic MC740 Condenser SuperCardioid 0 151500 
Beyerdynamic MC740 Condenser SuperCardioid 75 151510 
Beyerdynamic MC740 Condenser SuperCardioid 150 151520 
BLUE Blueberry Condenser Cardioid 0 161100 
BLUE Dragonfly Condenser Cardioid 0 171100 
BLUE Mouse Condenser Cardioid 0 181100 
Bruel & Kjaer 4007 (reference) Condenser Omni-directional 0 191300 
Bruel & Kjaer 4041 Condenser Omni-directional 0 201300 
Coles 4038 Ribbon Figure 8 0 213200 
Crown CM700 Condenser Cardioid 0 221100 
Crown CM700 Condenser Cardioid 75 221110 
Crown CM700 Condenser Cardioid 150 221120 
Earthworks OM1 Condenser Omn i-directional 0 231300 
Earthworks SR77 Condenser Card ioid 0 241100 
Electro-Voice ND408A Dynamic SuperCardioid 0 252500 
Electro-Voice PL20 Oynamic Cardioid 0 262100 
Electro-Voice PL20 Dynamic Cardioid 150 262120 
Electro-Voice RE55 Dynamic Omni-directional 0 272300 
Neumann KM184 Condenser Cardioid 0 281100 
Neumann KM185 Condenser SuperCardioid 0 291500 
N'eumann M147 Tube Cardioid 0 304100 
Neumann M149 Tube Cardioid 0 314100 
Neumann M149 Tube Cardioid 160 314120 
Neumann M149 Tube Figure 8 0 314200 
Neumann M149 Tube Figure 8 160 314220 
Neumann M149 Tube Omni-directional 0 314300 
Neumann M149 Tube Omni-directional 160 314320 
Neumann M149 Tube Subcardioid 0 314400 
Neumann M149 Tube Subcardioid 160 314420 
Neumann M149 Tube SuperCardioid 0 314500 
Neumann M149 Tube SuperCardioid 160 314520 
Neumann M150 Tube Omni-directional 0 0 324300 
Neumann M150 Tube Omni-directional 0 -10 324301 
Neumann M150 Tube Omni-directional 150 0 324320 
Neumann M150 Tube Om ni-directional 150 -10 324321, 
Neumann TLM103 Condenser Cardioid 0 331100 
Neumann U47 Tube Cardioid 0 344100 
Neumann U47 Tube Omni-directional 0 344300 
Neumann U87 Ai Condenser Cardioid 0 351100 
Neumann U87 Ai Condenser Figure 8 0 351200 
Neumann U87 Ai Condenser Omni-directional 0 351300 
Oktava MC012A Condenser Cardioid 0 361100 

13 



Oktava MC012A Condenser Omni-directional 0 361300 
Oktava MC012A Condenser SuperCardioid 0 361500 
Oktava MC319 Condenser Cardioid 0 0 371100 
Oktava MC319 Condenser Cardioid 0 -10 371101 
Oktava MC319 Condenser Cardioid 75 0 371110 
Oktava MC319 Condenser Cardioid 75 -10 371'111 
Royer R-121 Ribbon Figure 8 0 383200 
Sanken CU44X Condenser Cardioid 0 391100 
Sennheiser 421-U-5 Dynamic Cardioid 0 402100 
Sennheiser e602 Dynamic Cardioid 0 412100 
Sennheiser e604 Dynamic Cardioid 0 422100 
Sennheiser e609 Dynamic SuperCardioid 0 432500 
Sennheiser MD 409 Dynamic Cardioid 0 442100 
Sennheiser MD 441 U Dynamic SuperCardioid 0 452500 
Sennheiser MD 441 U Dynamic SuperCardioid 150 452520 
Sennheiser MD 504 Dynamic Cardioid 0 462100 
Sennheiser MKH40 Condenser Cardioid 0 471100 
Shure BETA 87 A Condenser SuperCardioid 0 481500 
Shure KSM44 Condenser Cardioid 0 491100 
Shure KSM44 Condenser Cardioid 75 491110 
Shure KSM44 Condenser Cardioid 150 491120 
Shure KSM44 Condenser Figure 8 0 491200 
Shure KSM44 Condenser Figure 8 75 491210 
Shure IKSM44 Condenser Figure 8 150 491220 
Shure KSM44 Condenser Om ni-directional 0 491300 
Shure KSM44 Condenser Omni-directional 75 491310 
Shure KSM44 Condenser Om ni-directional 150 491320 
Shure SM57 Dynamic Cardioid 0 502100 
Shure SM58 Dynamic Cardioid 0 512100 
Shure SM81 Condenser Cardioid 0 521100 
Shure SM81 Condenser Cardioid 75 521110 
Shure SM81 Condenser Cardioid 150 521120 
Soundelux ELUX251 Tube Cardioid 0 534100 
Soundelux ELUX251 Tube Figure 8 0 534200 
Soundelux ELUX251 Tube Omni-directional 0 534300 
Soundelux ifet7 Condenser Cardioid 0 541100 

IDENTIFICA nON KEYS 
None = 0 None = 0 Roll off 0 = 0 Pad 0 = 0 
Condenser = 1 Cardioid = 1 Roll off 75 = 1 Pad -10 = 1 
Dynamic = 2 Figure 8 = 2 Roll off 150 ::; 2 Pad -20 = 2 
Ribbon = 3 Omni-directional =3 
Tube = 4 Subcardioid = 4 

Supercardoid = 5 
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Equipme'nt 
List 

~ 
Audio Interface 
(AID - DIA Converter) 

Baffles (" Gobo 's ") 

Computers 

Control Surface 

Digital Camera 

Headphones 

Microphone Cables 

Microphone Preamp 

Microphone Stands 

Microphones 

Plug-ins 

Reference Monitors 

BrandIModel 
- Digidesign 192 I/O 

- MOTU 828mkII 

- Auralex 

- Dell Dimension 2300 

- Macintosh G5 

- Digidesign Icon 

- DXG-301 V (serial number - A49127427) 

Bose Triport 

- Belden 1800F Flexible 110 ohm AES/EBU Digital Audio 
cable from the room jacks to the mic 

- Belden 7880A AES/EBU Digital Audio cable from patch 
bay to room jacks 

- Digidesign Pre 

- MOTU 828mkII 

- AKG 

- Atlas sb36w 

- See Microphone List 

- Waves QlO Graphic Equalizer (TDM) 

- Pluggo Plug-ins 

- Miller and Kreisel MPS251 0 monitors 

- Miller and Kreisel MPS53 10 subwoofer 
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Software 

Speaker (for sweep) 

SPL Meter 

- Cakewalk Sonar 2.0 

- Cycling ' 74 Max/MSP 4.5 

- Digidesign Pro Tools HD 7.0 

- Fruity Loops 4.0 Producer Edition 

- Microsoft Excel 

- Microsoft Paint 

- Microsoft Word 

- MOTU Digital Performer 5.0 

- Pluggo 3.4 

- Roxio EZ CD Creator (PC) 

- Roxio Toast Lite (Mac) 

- Sony Sound forge 6.0 

Gend ec 1037 C (serial number - 1037C EM2005328) 

- Galaxy Audio Check Mate CM-ISO SPL meter 
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