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ABSTRACT

The techniques used to record and produce audio are as numerous and nuanced as the
music being recorded. The purpose of this study is to collect knowledge and recording
techniques acquired through qualitative experimentation and connect it to the technical theory
behind their function. This study serves the essential purpose of testing the knowledge passed
between recording engineers against a quantitative analysis of the audio recording.
This research will summarize the available information on audio recording equipment
and techniques available and their characteristics as they relate to acoustic recording. Research in
commonly used microphone configurations for recording grand piano are also included as
background for the experimental test setup.
The experimental results compared the two common methods of miking acoustic grand
piano, finding that a configuration focusing on the piano hammers created a recording more
similar to the frequencies heard by the pianist, while a configuration focused on the interior
strings had a more even frequency pickup across the instrument range.
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Introduction
This thesis is an exploration of audio recording and techniques for voice, acoustic guitar,
and grand piano. Included in this study is research on the advantages and disadvantages of
microphone placements and selections for each instrument and combinations thereof. This study
demonstrates the practical application of instrumentation theory and techniques, with a focus on
audio recording.
This technical study of the function and characteristics of different microphone types is
also a highly beneficial background to the practical study in music recording and production (see
Fig. A). Technical knowledge of the recording process is of high importance to a recording
engineer because it results in educated decisions on equipment, technique, and post-production,
which is necessary to produce a professional product. This written analysis is intended to
supplement the topics learned in music technology study with technical knowledge gained
through research.

Figure 1. Studio A in the Penn State School of Music
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Background

Signal Routing
In an audio recording setup, it is essential to understand the signal routing structure of the
system and how each stage affects the final waveform that is output. It is also essential as a
knowledge base for troubleshooting any hardware or software issues that arise in recording
sessions. The order of essential components in any digital audio recording setup is the
microphone, pre-amp, analog-to-digital converter (ADC), and Digital Audio Workstation
(DAW). In addition, speaker output from the DAW sends digital data through an analog-todigital converter (DAC) to the speakers.
The microphone converts changes in air pressure (sound waves) into an analog voltage
signal. The pre-amp amplifies this voltage signal so that it can be read more accurately by the
ADC. The ADC samples the voltage signal at the specified clocking time to produce the digital
audio data. Post-production editing is processed within the DAW, and the speaker output is
produced by processing the digital data from the computer through a digital-to-analog converter
(DAC).
In a recording session one of the first considerations is clocking, which is the rate at
which digital audio samples are taken. The typical clocking for audio recording is 44.1 kHz, 48
kHz, or 96 kHz. 44.1 kHz is the sampling rate for audio cds, and is therefore most often used for
recordings intended for cd release. 48 kHz is the standard for audio intended for use in video.
Finally, 96 kHz is the standard for high-definition audio. This clocking speed is becoming more
common as computer system speed increases to meet the editing demands of this format. In the
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Studio A system at Penn State, for example the system is currently capable of 44.1 and 48 kHz
clocking. In this research 48 kHz clocking was used for all recordings.
Bit depth in audio recording is the resolution at which voltage amplitude levels are
recorded. The scale used to analyze the amplitude of the recorded signal is dBFS (Decibels
relative to Full Scale), where “full scale” is the point at which clipping occurs. Gain levels in the
pre-amp are set to the highest level possible that keeps a reasonable buffer between the expected
highest amplitude and the point of clipping. Bit depth used in audio recording is typically 16 or
24-bit, largely dependent on the system. 24-bit is currently considered high-resolution, although
as audio systems evolve this number is increasing. All recordings in this research were made at
16-bit resolution.

Microphone Types
The three basic microphone types in audio recording are dynamic, condenser, and ribbon.
In practice, dynamic microphones are most often used in live performance settings, while
condenser and ribbon models are used in studio recordings. The following research on the
structure and characteristics of the three predominant microphone types will be used to
determine the best choice of microphone for the desired application.

Dynamic Microphones
Dynamic microphones record changes in air pressure using magnetic induction. At their
most basic, these models consist of a moving coil in a magnetic field. Different design
techniques are used to help correct inconsistencies across the frequency range. The mechanical
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resonance of the system is designed to be approximately at the geometric mean of the frequency
range of the microphone, or Geometric mean = √𝑓𝑙𝑜𝑤 ∗ fℎ𝑖𝑔ℎ . For a range of 40 Hz to 16 kHz,
fmean = √40 ∗ 16000 = 800 Hz. Figure 2 shows the effect of mid-range damping on the
diaphragm frequency response, accomplished through silk or felt screens attached to the back of
the diaphragm.

Fig 2. Dynamic Microphone Diaphragm Response (1) Undamped to (5) Highly Damped [1]

Additional techniques employed to mechanically even the frequency response of a
dynamic microphone include a narrow tube to resonate at low frequencies and a small resonant
air chamber just inside the diaphragm to resonate at low frequencies. Figure 3 shows the
structure of a typical dynamic microphone, where the variables labeled correspond with the
acoustic circuit representation in Figure 4. Figure 4 shows the mechanical/electrical circuit
representation, and how this circuit is tuned to correct for deficiencies in the diaphragm response.
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To compare the theoretical frequency response curve to an actual microphone, compare to Figure
B13 in Appendix B (Shure SM57 dynamic microphone).

Figure 3. Dynamic Microphone Structure [1]

6

ρB = rms pressure at front of microphone
MAT = acoustic mass of air in LF equalization tube
RAT = acoustic resistance of air in LF equalization tube
UD = rms air volume velocity at diaphragm
UT = rms air volume velocity in LF equalization tube
CAB = compliance of back air chamber
MAS = acoustic mass of screen behind diaphragm
RAS = acoustic resistance of screen behind diaphragm

CAF = compliance of front air chamber
MMD = mass of diaphragm
CMS = compliance of diaphragm
L = coil inductance (henry)
RE = dc resistance of coil (ohm)
ZEL = electrical impedance of coil
B = flux density of magnetic gap (tesla)
l = length of wire in coil (m)

Figure 4. Dynamic Microphone Filter Mechanical/Electrical Circuit [1,2]
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Condenser Microphones
Condenser microphones record the fluctuating air pressure of sound waves as changes in
capacitance. A diaphragm, coated with a thin layer of metal, captures the mechanical motion of
the waves. A small capillary tube provides atmospheric adjustment to the air cavity between
microphone and backplate, which along with slight variations in charge over the biasing resistor,
created some rolloff at very low frequencies that are below the typically used range of studio
microphones. Figure 5 shows a simplified diagram of condenser microphone design. In studio
microphones, this is typically a mylar diaphragm with a layer of gold and in microphones used
for measurement this is often a metal diaphragm (stainless steel, titanium, aluminum, or nickel).
In a studio condenser microphone, diaphragm displacement is microscopic, about 10−6m for a
12mm diaphragm microphone.
Studio microphones are polarized at 48V (referred to as “phantom power”) from the preamp console. A high resistance (in the magnitude of 10^9 ohms) keeps the charge on the
diaphragm and backplate approximately consistent over different displacements of the
diaphragm. The result of this is that the change in capacitance that occurs with diaphragm
displacement sends a variable voltage to the pre-amp. The relationship of diaphragm
displacement versus voltage variation is approximated as linear because of the extremely small
ratio of displacement to diaphragm diameter.

8

Figure 5. Condenser Microphone Structure and Simplified Electrical Circuit [1]

ρB = rms pressure at diaphragm
MAA = air mass associated with diaphragm
MAD = acoustic mass of diaphragm
UD = rms volume velocity of diaphragm
CAS = compliance of diaphragm
S = effective area of diaphragm

CA = compliance of air behind the diaphragm
RAS = resistance of air in holes in backplate
MAS = mass of air in holes in backplate
CEO = electrical capacitance measured with
force f=0
e = output voltage

Figure 6. Condenser Microphonoe Mechanical/Electrical Circuit [1]
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Ribbon Microphones
Ribbon microphones consist of a ribbon (usually made from corrugated aluminum foil)
suspended in a magnetic gap. This type of microphone is less common than dynamic or
condenser, but are still common especially for vocal recording. Ribbon microphones have a
figure-8 pickup pattern, and the frequency response is highly varied between individual
microphone models. Ribbon microphones are also very delicate, so their use for instrumental
miking is very limited because strong signals can easily damage the fragile ribbon. Figure 5
shows a basic representation of a ribbon microphone, however there are many different electrical
configurations that are possible.

Figure 7. Condenser Microphone Structure and Mechanical/Electrical Circuit [1]
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Technical Challenges of Vocal Recording
Plosives
“Plosives” are blasts of air that occur on ‘b’ and ‘p’ sounds in vocal and spoken
recording, and to a lesser effect on ‘d’ and ’t'. These syllables produce abrupt changes in air
pressure that causes a distortion in the microphone diaphragm in both dynamic and condenser
microphones. While these are rarely noticeable in normal conversation, plosives are obvious in
microphones and cannot feasibly be fixed in post-production.

Peter

Piper

Picked

Fig 8. Plosives Waveform (Top: no correction, Bottom: with "pop filter" screen)
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The most common solution to correcting the effect of plosives in vocal recording is to use
a screen or “pop filter” to reduce the effect of wind from the performer on plosive syllables.
Figure 6, a recording of the phrase “Peter Piper Picked a Peck of Pickled Peppers,” shows the
effect of a pop filter on plosive syllables in microphone waveforms. The large amplitude spikes
in the first waveform are caused by abrupt air pressure spikes in the plosive syllables, which are
greatly reduced in the second waveform by the use of a pop filter.

Sibilance
Sibilance is the tendency of the syllable ’s’ to be more pronounced than others. Figure 7
shows the effect of sibilance in the waveform of a singer on the words “so slow.” The ’s’
syllables at the beginning of each word are noticeably louder and harsher than the rest of the
word. Sibilance is nearly impossible to avoid in the recording process, but can sometimes be
reduced by placing the microphone slightly above or below the level of the singer’s mouth.
Because sibilance is not resolved by recording technique, it is necessary to address this in
post-production. In its most basic form, this can be done by finding any ’s’ in the recording and
reducing its amplitude using manual volume automation in the DAW. This can also be done
semi-automatically using a “de-essing plugin.” These plugins require the producer to define the
frequency of the ’s’ syllable and the parameters by which the plugin should modify the syllables.
The use of a de-essing plugin requires critical listening to ensure that the syllables are being
identified correctly and to refine the user-defined parameters.
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Figure 9. Sibilance Waveform

Proximity Effect
Proximity effect is a bass-boost in the frequency response of a microphone when the
source is too close to the diaphragm. This occurs only in directional microphones, such as
cardioid pick-up patterns. The effect is caused by a change in difference between the front and
back paths to the diaphragm, which causes a greater phase difference. At a typical operating
distance, the diaphragm is driven primarily by pressure gradient from the front to rear of the
diaphragm. At close distance source intensity becomes the primary driver, compromising the
calibration for pressure compensation built into the microphone. The equation below calculates
2𝑝

the magnitude of low-frequency boost due to the proximity effect, where k= 𝑙 , r is the distance
from the sound source, and l is the signal wavelength.
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Overview of Challenges in Acoustic Instrumental Recording





Very wide frequency range (~26Hz to beyond 20kHz)
Size of instrument causes directional microphones to exaggerate the section at which they
are aimed
Proximity effect of directional microphones creates uneven sound
On grand pianos, lid affects dispersion of high frequencies
Acoustic recording of piano was chosen as a focus because it is one of the most

commonly recorded instruments and one of the most difficult to capture accurately due in part to
the many challenges listed above. The most significant challenge in recording acoustic piano and
guitar is the wide frequency and timbre range that can be found across the instrument. When a
recording engineer chooses a placement for microphones on these instruments, they do so with
the knowledge that the microphone will disproportionately pick up the portion of the instrument
that is closest to the diaphragm. An understanding of the technical characteristics of different
microphones and the reasons for their varied pickup can lead to more informed decisions that
more accurately reflect the desired qualities in the recording.
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Piano Recording Techniques
Table 1. Microphone Advantages and Disadvantages
Small-Diaphragm
Condenser

Large-Diaphragm
Condenser

Ribbon

Relatively even
response over
frequency range

Relatively even
Variable
response over frequency
range

Dynamic
Uneven response over
frequency range

Good transient response Slightly lower transient Good transient
Poor transient response
response
response
Minimal cancellation of More cancellation of
Good off-axis response
high range
high range
Slightly less sensitive

Lower transient
response, more
cancellation of higher
frequencies

Easily damaged by
powerful sources

Often used in live
performance because of
durability and cost

Microphone Choice
The frequency range of the piano covers nearly the entirety of the audible frequency
spectrum. Because of this, the most important consideration when choosing the appropriate
microphone is the frequency response chart. If the recording engineer is interested in capturing a
balanced acoustic performance, microphones must be chosen that have a comparatively flat
response across the frequency spectrum. In addition, the placement of the microphones must be
made with a thorough understanding of their pickup pattern in order to optimize the coverage of
the instrument.
The typical choice for internal miking of piano is small diaphragm condenser
microphones such as the Shure KSM141. These microphones optimize the desired qualities of
even frequency response, accurate transient response, and good off-axis characteristics. The
choice of polar pattern depends greatly on how much isolation is necessary in the particular
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setup. The best characteristics for recording piano can be found in microphones with an
omnidirectional polar pick-up pattern (see comparative patterns in Appendix B Figure B12),
such as a more even frequency response in the low register and lack of proximity effect.
However, if both the piano and vocals are being recorded at the same time the omnidirectional
pickup would capture significant signal from the vocalist even with an acoustic barrier between
the keyboard and strings. In this situation it would be necessary to use a cardioid pattern
microphone with the front of the diaphragm facing the strings.

Microphone Placement
In acoustic piano recording, there are two distinct strategies for close stereo microphone
placement when some level of acoustic isolation is needed: a matched pair above the hammers or
a matched pair over the middle of the string banks.
In the first method, a matched pair of microphones is mounted above the bank of
hammers with the capsules pointing directly down. Both capsules are placed at an equal height
above the strings. This configuration has the disadvantage of possible interference from the
music stand, as the crossbeam is typically just in front of or above the hammers. This
configuration also has the disadvantage of being closer to the player. If this configuration is used
to record a singer-songwriter it would be necessary to have additional isolation such as a barrier
wall between the singer and the piano microphones.
Figure 9 shows the microphone placement used in the combined vocal/piano recording.
The configuration shown below uses a matching pair of Shure KSM141 small-diaphragm
condenser microphones set to a cardioid pick-up pattern. The microphones are placed at equal
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distance from the strings, with one on the upper register of strings and the other on the area
where the two lower banks of strings overlap. This microphone placement is designed to capture
the wide frequency spectrum of the piano, which is greatly complicated by the wide physical
spread between high and low string registers. Finally, the microphones are kept at equal distance
from the strings to minimize phase difference in capturing frequencies from the sound board.

Figure 10. Example Microphone Placement in Steinway Grand Piano
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Frequency Response
In both configurations, small-diaphragm condenser microphones are the preferred choice
for frequency response, transient response, and off-axis response. The frequency response can be
seen to be relatively even across a wide spectrum of frequencies (see Appendix B Figure B12).
For this reason, condenser microphones are used almost exclusively for this application, as
dynamic microphones have a significant drop-off at lower frequencies. A comparison of the
frequency response for both cardioid and omnidirectional polar responses shows that there is a
difference in the response in the lower register. The optimal frequency response characteristics
can be found in the omnidirectional configuration, however issues of isolation have to be taken
into consideration in determining the appropriate configuration. To isolate the piano
microphones for recording a singer-songwriter, cardioid capsules are often necessary to
minimize the bleed between the vocal microphone and the instrument microphones.

Transient Response
The transient response characteristics of small-diaphragm condenser microphones also
lend themselves to close-miking inside the piano. In order to accurately capture the performance,
the percussive transients of the instrument must be taken into account. Small diaphragm
condenser microphones have a better transient response because the smaller and lighter
diaphragm can react more accurately to the delicate and abrupt transients that occur in the
performance. A dynamic microphone would not be appropriate for this application because the
heavier diaphragm would not react as quickly or accurately to transients, especially at higher
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frequencies, which require a faster response. Similarly, a large-diaphragm microphone would
have a less accurate response to transients because the larger diaphragm is unable to respond as
quickly. Ribbon microphones are also well suited to capturing transients, but are easily damaged
by higher volumes making them a poor choice for internal piano miking because of the powerful
percussive transients.

Off-Axis Response
The final consideration in miking piano is off-axis response. Small-diaphragm
condensers have a better off-axis response, making them a better choice for this application as
much of the signal is arriving off-axis due to the size of the instrument. Large-diaphragm
microphones produce more distortion in off-axis signals, as the larger diaphragm produces a
higher phase shift as the wave passes across. The higher phase shift. Phase shifts cause frequency
cancellation, especially at high frequencies, making microphones with small diaphragms a better
choice for applications with off-axis sounds.

Ribbon Microphones for Piano Recording
Many of the considerations that support using small-diaphragm condenser microphones
also apply to ribbon microphones. Ribbon microphones are well suited to capturing transients,
but they are easily damaged by higher volumes making them a poor choice for internal piano
miking due to powerful percussive transients.
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Experimental Data Collection:

Equipment:

Microphones
Two sets of small diaphragm condenser microphones were considered for testing the
optimal location for piano recording. Shure KSM141 and Rode NT5 microphones are small
diaphragm condenser microphones that are relatively common in studio recording.
The Rode NT5 microphone was chosen for testing because it matched the characteristics
desired (small diaphragm condenser) and availability. This ensures consistency in testing.

Pre-amp
The pre-amp chosen for the test recordings was the Sytek MPX-4. This preamp was
chosen based on its color characteristics and line input capacity. The Sytek is a solid state preamp, which gives an output with less frequency change to the original signal than a tube preamp. This pre-amp is also transformerless, which is referred to as a “transparent” pre-amp
because the signal is modified as little as possible as it passes from line input to output.
According to the manufacturer this provides, “low noise floor, minimum distortion, wide
bandwidth and linear phase response.” This pre-amp was also ideal because it has four input
lines, allowing both pairs of microphones to run through the same pre-amp at the same time to
ensure consistency.
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Microphone Configurations in Experimental Testing

Microphone Configuration Focusing on Hammers
In the hammer-focused microphone configuration, a pair of Rode NT5 small diaphragm
condenser microphones were placed such that one microphone was focused on the upper register
and the other on the lower register. The horizontal location for each microphone was determined
by measuring a quarter of the total length from either end of the hammer array and directing the
microphone capsule to that location.
For the hammer-focused microphone configuration, two heights of microphone capsules
was tested. The typical distance of 6 inches was tested, as well as a height of 12 inches. A height
of 12 inches would be impractical for recording the piano with isolation from the player, but
testing the configuration at two heights offers the possibility of checking for proximity effect
between through comparison with the 6 inch height.

Figure 11. Hammer-focused Setup (Left: 6" Height, Right: 12" Height)
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Microphone Configuration Focusing on String Banks
In the second configuration, a matched pair of Rode NT5 microphones was pointed vertically
down at the strings in the interior of the piano. This configuration is designed to capture the wide
range of frequencies from the strings and soundboard of the piano. It also has the advantage of
microphone placement further from the pianist, creating greater acoustic isolation as well as not
interfering with the music stand crossbar.

Figure 12. Strings-Focused Setup (6" Height)

Microphone Configuration of Control Recording
In acoustic piano recording, the predominant theory is that the recording should sound as
close as possible to the “best seat in the house,” which in this case is the ears of the pianist.
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Based on this theory, the control recording was taken in the configuration that best captures the
signal heard by the pianist.
The control recording was taken from a stereo pair of Rode NT5 microphones in the
ORTF stereo configuration, with the center of the pair placed where a seated pianist’s head
would typically be. The ORTF configuration is designed to be the closest configuration to
natural human hearing, with the microphone pair at a 110 degree angle and the center axis
directed and the source.

Figure 13. Control Setup

24

FFT Analysis
To determine the frequency composition of the test and control recordings, an FFT chart
was created from the data points in each audio recording. Composite FFT charts for each test
setup represent the frequency content of ten trials. In each trial, a chromatic scale was played
covering the full range of the piano keyboard. Proper fingering for chromatic scales was used,
which is designed to facilitate even key pressure and tempo. Every effort was made to maintain
consistent pressure and tempo across the range of the scale in each trial, and the composite
recording was used in this analysis to minimize the effect of small inconsistencies.
In all FFT charts shown, x-axis major increments increase by 1000 Hz from 0-24,000 Hz
and y-axis increments increase from top to bottom by 6dBfs (decibels relative to full scale) from
0-127 dBfs. Larger versions of FFT charts can be found in Appendix A.
In this hammer-focused recording, the relative composition across the frequency
spectrum is surprisingly consistent from the control to the test recordings (See Figs. A1, A2).
The only notable difference is a slight drop in mid-range (2000-3000 Hz) in the test recording as
compared to the control.
As stated above, this purpose of testing the same hammer-focused setup at a height of 12”
is to test for proximity effect through comparison with the 6” height. Comparing the curve of the
FFT charts in the low range, proximity effect does not seem to be an issue in the 6” height
recording, as both recordings follow the same curve below 5000 Hz.
The noticeable difference in the recording taken at 12” is in the high range (see Figs. A3,
A4), as this configuration appears to better capture the high range as compared to both the
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control recording and at the 6” height. This can be seen in both the level itself as well as the
overall curve of the FFT chart. This is likely due to the high range being aligned closer to the
center of the diaphragm at a height of 12”, creating stronger pick-up of the signal.
While this configuration was intended to check for proximity effect at the 6” height, the
observation above may be a worthwhile investigation in a future study. For the purpose of the
current discussion, the 12” height is impractical because the vocals in a singer-songwriter
recording would be directed at the same level as the instrument microphones and the cardioid
pick-up pattern would not be close enough to the piano to provide significant isolation.
In the strings-focused recording, the most significant difference is a stronger pickup of
the high range frequencies (See Figs. A5, A6). This configuration is intended to better capture
the full range of the piano, and the more shallow curve of the FFT indicates that this is indeed the
case. In this configuration, the more narrow difference between the high and low ranges indicates
that the frequencies are more evenly recorded across the range of the piano.

Conclusion
Both the hammer-focused and strings-focused microphone configurations had advantages
and disadvantages to the balance of frequencies recorded as well as the practical aspect of
equipment setup.
The hammer-focused microphone configuration, which is the more commonly used of the
two, has the advantage of sounding closest to what would be heard by the pianist. This was
supported by testing the frequency composition of the recording made using this configuration
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against the control recording mimicking the hearing of the pianist. The advantage of creating a
recording with a balance similar to what the pianist hears is that the artistic changes in dynamics
over the range of the instrument will be accurately recorded. The disadvantages of this
configuration are lack of acoustic isolation and difficulty in set-up. This configuration places the
microphones within three feet of the pianist, which in a singer-songwriter recording would create
significant bleed of the vocals into the instrument microphones. On the Studio A piano, the
crossbar of the mounted music stand can also cause acoustic interference if not carefully
positioned such that it does not cover the area above the hammers.
The strings-focused microphone configuration has the advantage of more evenly
capturing the frequencies of the piano across the entire range. This was shown by the more
narrow range between high and low frequency ranges in the FFT analysis. While this creates a
stronger signal in the higher frequencies, this has the disadvantage of possibly causing a disparity
between the dynamics that the pianist intended compared to the recording. This configuration
also has the advantage of avoiding interference with the mounted music stand as well as
increasing the distance between the instrument microphones and the vocals in a singersongwriter recording.
In conclusion, both configurations have advantages as well as challenges in acoustic
piano recording. Both methods are in common usage by recording engineers to record piano
when isolation from vocalists or other instruments is desired. In the author’s case study, the
strings-focused configurations was used in combination with the editing techniques described
above to record and produce singer-songwriter tracks.
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Appendix A: FFT Charts
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Figure A1. Hammer-focused Composite FFT (6” Height), Control
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Figure A2. Hammer-focused Composite FFT (6” Height), Test
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Figure A3. Hammer-focused Composite FFT (12” Height), Control
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Figure A4. Hammer-focused Composite FFT (12” Height), Test
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Figure A5. Strings-focused Composite FFT (6” Height), Control
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Figure A6. Strings-focused Composite FFT (6” Height), Test
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Appendix B: Equipment
Technical Specifications of Studio A Equipment
Summary of Studio A:
Studio A is a professional quality recording studio with a control room and recording
space. Its equipment includes a wide variety of new and vintage microphones of all types, preamps and audio software as well as headphone monitoring and playback. Its primary purpose is
for live tracking and editing but is also used for mixing and for instruction.
Equipment available in Studio A:
Focal CMS 65 monitors
Pre-amps:
◦
Sytek MPX-4
◦
Universal Audio 4-710d
◦
Golden Age Project Pre-73 MKII
◦
Focusrite Liquid Saffire 56
◦
Prosonus Digimax D8
◦
Avalon UT737
Microphones:
◦
Blue Baby Bottle
◦
CAD M179
◦
CAD Trion 8000
◦
EV 635a
◦
EV PL6
◦
EL RE20
◦
EL RE10
◦
Golden Age Project R1 MKIII
◦
Heil PR 30
◦
Kel HM-3C
◦
Lawson L47MP
◦
MXL 960
◦
MXL 4000
◦
MXL MCA SP1
◦
Rode NT5
◦
Shure KSM44
◦
Shure KSM141
◦
Shure SM57
7-foot Steinway B grand piano
Pro Tools software
Logic Pro X software
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Table 2. Studio Microphone Specifications
Microphone

No. Available Type

Polar Pattern(s)

Features

Blue Baby Bottle

1

Condenser

Cardoid

CAD M179

2

Condenser

Cardoid, Omni, Fig-8

CAD Trion 8000

1

Condenser (Tube) Cardoid, Omni, Fig-8

EV 635a

5

Dynamic

Omni

EV PL6

1

Dynamic

Cardoid

EL RE20

1

Dynamic

Cardoid

EL RE10

2

Dynamic

Cardoid

Golden Age
Project R1 MKIII
Heil PR 30

2

Ribbon (Active)

Figure-8

1

Dynamic

Cardoid

Kel HM-3C

2

Condenser

Cardoid

Lawson L47MP

1

Condenser (Tube) Cardoid, Omni, Fig-8

MXL 960

1

Condenser

Cardoid

MXL 4000

1

Condenser

Cardoid, Omni, Fig-8

MXL MCA SP1

2

Condenser

Cardoid

Rode NT5

2

Condenser

Cardoid

Shure KSM44

1

Condenser

Cardoid, Omni, Fig-8

High-Pass, Pad

Shure KSM141

2

Condenser

Cardoid, Omni

High-Pass, Pad

Shure SM57

4

Dynamic

Cardoid

High-Pass, Pad

High-Pass

High-Pass, Pad

High-Pass, Pad
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Figure B1. Blue Baby Bottle Frequency/Polar Response
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Figure B2. CAD M179 Frequency/Polar Response
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Figure B3. CAD Trion 8000 Frequency/Polar Response
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Polar Response: Omnidirectional

Figure B3. EV 635a Frequency/Polar Response

Figure B4. EV PL6 Frequency/Polar Response
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Figure B5. EL RE20 Frequency/Polar Response

39

Figure B6. EL RE10 Frequency/Polar Response

Golden Age Project R1 MKIII:
Specifications unavailable
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Figure B7. Heil PR 30 Frequency/Polar Response

Polar Pattern: Cartioid

Figure B8. Kel HM-3C Frequency/Polar Response
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Figure B9. Lawson L47MP Frequency/Polar Response
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Figure B10. MXL 960 Frequency/Polar Response

MXL 4000:
Specifications Unavailable

Figure B11. MXL MCA SP1 Frequency/Polar Response
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Figure B11. Rode NT5 Frequency/Polar Response

44

Figure B11. Shure KSM44 Frequency/Polar Response
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Figure B12. Shure KSM141 Frequency/Polar Response

Figure B13. Shure SM57 Frequency/Polar Response
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Appendix C
Multimedia Data/References
Piano Scale Recordings:
Composite Control Recordings (three configurations)
Composite Test Recordings (three configurations)
Elizabeth Findley Ballad
Finished Mix
Raw Vocal
Raw Piano
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