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[The ambitious nature of the clinic effort, the extent of data collection, the number 
of individuals involved in mike testing and in writing various sections of the report, 
and the complexity in determining how to construct the clinic report and make it 
available to members resulted it not being published until now. The dataset is 
extensive. Representative samples were included in the abbreviated report in 
BASSv37n3. DJW]

Extensive discussion and planning led to a BAS clinic aimed at collecting performance 
data on a variety of microphones, enabling comparison with published specifications 
and possibly offering more-helpful information than specs  when selecting mikes for 
specific recording projects.

It is  not possible to choose a ‘winner’, or to rank microphones best to worst. 
Knowledgeable recordists know that there is no one microphone for all situations, but 
that a given microphone’s performance characteristics  can best capture the sound 
sought in a specific circumstance, while another mike will serve better in a different 
case. The key is  to know how each captures sound, so that an intelligent choice can be 
made. This clinic collected real-world performance characteristics to provide data that is 
generally more useful than published specifications.

As Audio Precision’s Jonathan Novick said in his  March 2011 BAS meeting presentation 
(BASSv35n4p23), there are “Lies, Damned Lies, and Specifications”. Although Novick 
was primarily concerned with amplifiers, the same applies to microphones, since 
manufacturers naturally want to shine the most flattering light on their products and 
there are many ways to generate specs for publication.

In addition, there are numerous mike-related standards and substantial disagreement 
about which measurements correlate most reliably with audible performance.

The clinic settled on a set of traditional and nontraditional tests including:
• On-axis frequency response
• Polar sensitivity plots
• Spark response
• Overload level
• Low-frequency limit
• Far- and nearfield low-frequency response
• Self-noise
• Shock sensitivity
• Performance sensitivity to power voltage
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• White-noise field test.

Table 1 lists the 37 different microphone models tested.

Manufacturer and model Patterns Type Preamp 
Supplied

ACO Pacific 7012 Omni Condenser X
AKG C12 Omni/Cardioid Condenser
AKG C24 Omni/Figure-8 Condenser
AKG C414 Omni/Cardioid Condenser
AKG C426 (top capsule) Omni/Cardioid Condenser
AMS/Calrec ST250 Multidirectional Condenser X
B&O 200 Figure-8 Ribbon
Behringer ECM8000 Omni Electret
Brüel & Kjær 4003 Omni Condenser X
Brüel & Kjær 4133 Omni Condenser X
Brüel & Kjær 4134 Omni Condenser X
Brüel & Kjær 4135/2639/2804 Omni Condenser X
Brüel & Kjær 4136/2639/2804 Omni Condenser X
Brüel & Kjær 4138/2639/2804 Omni Condenser X
Brüel & Kjær 4939/2670/5935 Omni Condenser X
Crown PZM Sound Grabber II Half-omni Electret X
Electro-Voice 631 Omni Dynamic
Larson Davis 2540 Omni Condenser X

Milab EMBLA Omni/Cardioid/ 
Figure-8

Condenser

Milab EMBLA (modified) Left cardioid Condenser
Nady CM 90 Cardioid Condenser
Nady CM 100 Omni Condenser X
Nakamichi CM-300 Omni/Cardioid Electret X
Nakamichi CM-700 Omni/Cardioid Electret X
Neumann U64 Cardioid Condenser
Neumann USM69i Omni/Cardioid Condenser
Royer SF-12 Figure-8 Ribbon

Sennheiser MKH 800
Omni/Cardioid/ 
Hypercardioid/ 

Figure-8
Condenser

Shure SM57 Omni Dynamic
Shure SM80 Omni Condenser
Shure SM81 Cardioid Condenser
SoundField ST250 Multidirectional Condenser X
Studer/Schoeps CMC-5 MK- 41 Supercardioid Condenser
Studer/Schoeps CMC-5 MK- 5 Omni/Cardioid Condenser

Studer/Schoeps CMC-5 MK- 6 Omni/Cardioid/ 
Figure-8

Condenser

Thermo Electron 01 Omni Electret X
Thermo Electron 02 Omni Electret X

Table 1. Microphone models tested.

©2016 The Boston Audio Society



Table 2 lists the tests  performed on each of the 42 microphones tested (there were two 
of one model, and three each of two other models, accounting for the difference in 
counts between Table 1 and Table 2). Not all tests  were performed on every 
microphone, and not every pattern in multipattern and variable-pattern microphones 
was tested. In certain cases the microphone was paired with its associated preamp/
power supply instead of using the clinic-provided supply.

Manufacturer, model & pattern
Mike 

Identifier 
Number *

Frequency 
response /

Polar 
response

Spark 
Test

Overload 
level &

LF cutoff

LF response /
Self-noise /

Shock sensitivity

Spectro-
gram

White-
noise 
field

ACO Pacific 7012 — omni 1 X / X X X X / X / X
AKG C12 — omni 2 X / — X X
AKG C12 — cardioid 2 X / — X X
AKG C12 — Figure 8 2 X
AKG C12 — Hypercardioid 2 X
AKG C24 (S/N 122) — omni 3
AKG C24 (S/N 122) — figure-8 3 — / X
AKG C414 — omni 4 X / X X X / — / — X
AKG C414 — cardioid 4 X / — / — X X
AKG C414 — Figure 8 4 X
AKG C414 — Hypercardioid 4 X X
AKG C426 (upper capsule) — omni 5 X / X X X / X / — X
AKG C426 (upper capsule) — cardioid 5 X / X X X / X / — X X
AKG C426 (upper capsule) — Figure 8 5 X
AKG C426 (upper capsule) — Hypercardioid 5 X
AMS/Calrec ST250 — omni left stereo 6 X
AMS/Calrec ST250 — omni right stereo 6 X
AMS/Calrec ST250 — cardioid left 0-width 6 X / X X
AMS/Calrec ST250 — cardioid right 0-width 6 X / X X
B&O 200 — figure-8 7 — / X / —
Behringer ECM8000 (KL) — omni 8 X
Behringer ECM8000 (NN) — omni 9 X / X X X / X / X
Behringer ECM8000 (RZ) — omni 10 X X
Brüel & Kjær 4003 (DPA) — omni 11 X
Brüel & Kjær 4003 (KP) — omni 12 X / — X / — / — X
Brüel & Kjær 4003 (KP silver) — omni 13 X / X X
Brüel & Kjær 4133 — omni 14 X
Brüel & Kjær 4134 (S/N 1071345) — omni 15 X
Brüel & Kjær 4135/2639/2804 — omni 16 X
Brüel & Kjær 4136/2639/2804 — omni 17 X
Brüel & Kjær 4138/2639/2804 — omni 18 X
Brüel & Kjær 4939/2670/5935 — omni 19 X
Crown PZM Sound Grabber II — half-omni 20 X
Electro-Voice 631 — omni 21 X
Larson Davis 2540 (S/N 1883) — omni 22 X
Milab EMBLA (S/N 28052) — omni 23 X X
Milab EMBLA (S/N 28052) — cardioid 23 X / X X X / X / X X
Milab EMBLA (S/N 28052) — figure-8 23 X X
Milab EMBLA (modified) (S/N 28956) — cardioid left 24 X / X X X / X / X
Nady CM 90 — cardioid 25 X
Nady CM 100 — omni 26 X / X X X X / — / X X
Nakamichi CM-300 — omni 27 X / X X X / X / X X
Nakamichi CM-300 — cardioid 27 X / X X X / X / X X
Nakamichi CM-700 — omni 28 X X / X / X X
Nakamichi CM-700 — cardioid 28 X / X X X / X / X
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Manufacturer, model & pattern
Mike 

Identifier 
Number *

Frequency 
response /

Polar 
response

Spark 
Test

Overload 
level &

LF cutoff

LF response /
Self-noise /

Shock sensitivity

Spectro-
gram

White-
noise 
field

Neumann U64 — cardioid 29 X / X X X X / X / X
Neumann USM69i — cardioid left 30 X / — X X X / X / X
Neumann USM69i — cardioid right 30 X / X X X / X / —
Royer SF-12 (S/N 1204) (upper element) — figure-8 31 X / X X X / X / X X
Royer SF-12 (S/N 1204) (lower element) — figure-8 31 — / X X X / X / X
Sennheiser MKH 800 — omni 32 X X X / X / X X
Sennheiser MKH 800 — cardioid 32 X X / X / X X
Sennheiser MKH 800 — hypercardioid 32 X
Sennheiser MKH 800 — figure-8 32 X
Shure SM57 — omni 33 X
Shure SM80 — omni 34 X / X X X / X / X X
Shure SM81 — cardioid 35 X / X X X / X / X X
SoundField ST250 (S/N W107) — cardioid left 0-width 36 X / — **
SoundField ST250 (S/N W107) — cardioid right 0-width 36
Studer/Schoeps CMC-5 MK-41 — supercardioid 37 X
Studer/Schoeps CMC-5 MK-5 (SN 42980) — omni 38 X / X X X X / X / —
Studer/Schoeps CMC-5 MK-5 (SN 42980) — cardioid 38 X / X / X
Studer/Schoeps CMC-5 MK-5 (SN 42984) — omni 39 X / X X X X / X / X
Studer/Schoeps CMC-5 MK-5 (SN 42984) — cardioid 39 X / X / X
Studer/Schoeps CMC-5 MK-6 — omni 40 X / X X X / X / X X
Studer/Schoeps CMC-5 MK-6 — cardioid 40 X / X X X / X / — X
Studer/Schoeps CMC-5 MK-6— figure-8 40 X / X X X
Thermo Electron 01 — omni 41 X / X X X / X / X X
Thermo Electron 02 — omni 42 X / —

Table 2. Tests performed on each microphone.
* The Mike Identifier Number correlates with the microphone file numbers in the appendixes.

** The Soundfield ST250 frequency response plot was not identified as to left or right.

Quantities:
37 microphone types
42 individual microphones
69 configurations

Pattern Tests/Plots:
Frequency response: 31/31
Polar response: 27/27
Spark tests: 41/26
Overload level & LF cutoff: 12
LF Response/Self-noise/Shock sensitivity: 79
Spectrogram: 26/35
White noise (*.wav files): 34/41
Total number of tests: 250
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Microphone categories
by Micha Schattner

All but four of the microphones tested were condenser designs. A condenser 
microphone, whether powered or electret, is  essentially a tensioned, electrically charged 
diaphragm stretched a short distance from an electrically charged backplate. The 
backplate is usually perforated to equalize pressure behind the diaphragm. In front of 
the diaphragm is  a protective grill, which in most cases is part of the mike case. The 
shape and pattern of that grill are among the elements that determine the sound.

The configuration is a diaphragm sandwiched between two surfaces, resulting in cavity 
resonances, diffractions, and interferences. The tension of the diaphragm affects its  own 
resonance, designed by the manufacturer to be as high as practical — in the top octave 
or above. Raising the resonance frequency tends to worsen the capsule’s S/N, which is 
the reason instrumentation microphones are typically noisier.

The spacing of the diaphragm above the backplate, the polarization voltage, and the 
diaphragm tension are designed to allow for operation at reasonably high SPL without 
arcing. The tradeoffs are S/N and placement of the low-frequency resonance. The Q of 
that resonance is determined by the above factors together with the perforations in the 
backplate and the front grill. Electromagnetic (dynamic) microphones have much lower 
bass resonance frequencies, typically below 30Hz for ribbons.

Single-diaphragm pressure microphones (omnidirectional) tested

• ACO Pacific 7012
• Behringer ECM8000
• Brüel & Kjær 4003, 4133, 4134, 4135, 4136, 4138, and 4139
• Crown PZM Sound Grabber II
• Electro-Voice 631
• Larson Davis 2540
• Nady CM 100
• Nakamichi CM-300 and CM-700
• Shure SM57 and SM80
• Studer/Schoeps CMC-5 MK-5 and MK-6
• Thermo Electron

The ACO Pacific, Behringer, and Nady (as well as  the Brüel & Kjær 4133 and 4134 
used by testers) are optimized for flat frequency response for calibration purposes, 
which impairs their noise performance to some degree. The Schoeps CMC-5 MK-5 and 
MK-6 and Nakamichi mikes are variable-pattern, but in omni mode they are true 
pressure microphones. All of these microphones have diaphragms ~3/8-½” diameter as 
a compromise between noise and maintaining pattern integrity at high frequencies.
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Single-diaphragm pressure-gradient (velocity) microphones tested
• B&O 200 (figure-8)
• Nakamichi CM-300 (cardioid)
• Nakamichi CM-700 (cardioid)
• Neumann U64 (cardioid)
• Royer SF-12 (figure-8)
• Shure SM81 (cardioid)
• Studer/Schoeps CMC-5 MK-41 (supercardioid)
• Studer/Schoeps CMC-5 MK-5 (cardioid)
• Studer/Schoeps CMC-5 MK-6 (cardioid and figure-8)

The B&O and Royer are ribbon microphones. The Nakamichi and Schoeps are single-
element, variable-pattern mikes. Common to all of this  type is early bass rolloff, typically 
setting in around 200Hz due to their dimensions. All have ~3/8-½” diameter diaphragms 
(except, of course, the ribbons).

The directional patterns  are obtained acoustically by leaving carefully sized, shaped and 
located openings at the backside of the capsule and through the backplate, thus 
creating cancellations  that attenuate response to sounds arriving from directions away 
from the desired pickup region or regions. The figure-8 microphones open symmetrically 
to front and back, rejecting sounds coming from the sides, whereas the cardioids reject 
sound from behind and to a lesser degree from the sides.

No microphone has a perfectly shaped pattern at all frequencies, so all exhibit off-axis 
colorations. In general, the larger the diaphragm the greater the off-axis aberrations. No 
mike can be flat on- and off-axis at the same time unless its diameter is zero, its mass is 
zero, and its diaphragm resonance is at least one octave above the upper limit of the 
desired bandwidth. It also must have no internal reflections or diffractions. Unfortunately 
reality can only approach theoretical performance. [Some Earthworks models, likely 
OEMed by one of these companies but unfortunately not included in this  survey, are 
awfully close to omni at 10kHz, and at 20kHz are only -3dB for sideways pickup. DRM]

Multiple-diaphragm variable-pattern microphones
• AKG C12 (omni or cardioid)
• AKG C24 (omni or figure-8)
• AKG C414 (omni or cardioid)
• AKG C426 (omni or cardioid)
• AMS/Calrec ST250 (various patterns, multidirectional)
• Milab EMBL A (omni, cardioid, or figure-8)
• Milab EMBL A modified (cardioid left)
• Neumann USM69i (cardioid left or right)
• Sennheiser MKH 800 (omni, cardioid, hypercardioid, or figure-8)
• SoundField ST250 (various patterns, multidirectional)

©2016 The Boston Audio Society



Except for the AMS/Calrec and SoundField models, which have tetrahedral cardioid-
capsule arrays, these microphones use back-to-back cardioid elements. The ratio of the 
capsules’ outputs can be varied, either internally or externally, to synthesize the various 
patterns, with the Calrec and SoundField mikes capable of producing a surround field 
through software or a control box.

Being cardioid-based, variable-pattern microphones tend to roll off at low frequencies, 
but most are equalized to some extent. Even when they do reach deep in the bass, they 
do not sound like pressure mikes down there.

The dual-capsule mikes have hotspots in all patterns at 180º, because that is on-axis to 
the back diaphragm. Their patterns also have some irregularities at 90º and 270º 
because of the small gap between the two diaphragms. The Calrec and SoundField 
mikes exhibit the same effect but at different angles.

These microphones have larger-diameter capsules, so their bass rolloffs start below 
150Hz (those with ~5/8-1” diaphragms typically roll off below 100Hz). Their size also 
compromises their patterns, especially at high frequencies. (The Milab even exhibits 
pattern differences between its  horizontal and vertical axes.) Consequently, the off-axis 
colorations of the multipattern mikes this group comprises are more severe than those 
of the ½” fixed-pattern cardioids in the second group. Those imperfections  can be used 
to advantage in recording.

For more about multipattern microphones, I recommend the AES paper by Sean Olive 
and Floyd Toole: “The Evaluation of Microphones, Part 1: Measurements” (available 
from www.AES.org/e-lib/browse.cfm?elib=5857).

Remember that you choose a mike for a range of characteristics, including what it 
rejects. In that regard, there are two basic types: those designed to pick up all the sound 
(omni) and those designed to reject sound from certain directions (cardioid and other 
directional patterns).
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Frequency response and polar plot
by Neil Rubado
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Figure 2. System diagram 

 

 

Figure 3. Color keys for polar plots (left) and directivity-index plots (right). Note 
that the polar-response key is embedded in the directivity-index plots as colored 

verticals at the matching frequencies. 

 

 

Figure 1. Measurement system diagram.

Listen Inc’s (www.ListenInc.com) SoundCheck software was used to make the 
measurements. Associated hardware included a Listen SCM-2 measurement 
microphone (the reference mike) and SoundConnect power supply and mike preamp, a 
Crown D-45 power amp, a B&K 4231 sound-level calibrator, an Aurasound NS3-193-8A 
3” speaker, and a LinearX LT360 turntable. Technical information for SoundCheck, SCM 
microphones, and SoundConnect power supplies is available at Listen’s website. 
SoundCheck uses the Farina method to window out reflections. A white paper on this 
technique is available at www.ListenInc.com/simultaneous-measurement-of-impulse-
response-and-distortion-with-a-swept-sine-technique).
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I used the microphone-substitution method for measuring on-axis frequency response 
(Figure 2). This  technique starts with playing a sinewave sweep through a loudspeaker 
and measuring its frequency response with a reference microphone designed for such 
purpose, and is therefore assumed to have an essentially flat on-axis response. A 
computer analyzes the acquired waveform using the time selective response (TRS) 
algorithm, which windows the direct-sound signal to eliminate the influence of 
reflections, enabling accurate results in a nonanechoic environment. Then the 
microphone under test replaces the reference mike and the procedure is repeated. 
Finally, the response as measured with the reference microphone is subtracted from 
that obtained with the test mike. This effectively removes the influence of the source 
speaker’s  response from the measurement, resulting in a plot of the test microphone’s 
on-axis frequency response (relative to that of the reference mike).
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Figure 1. Bottom graph shows the raw on-axis response curves for the reference 
microphone (green) and a microphone under test (purple) over a bandwidth of 
100 Hz to 10 kHz. (The bandwidth actually used in the clinic was 200 Hz to 20 

kHz.) The larger graph at top (note expanded scale) shows the final curve for the 
test mike following subtraction of the reference mike’s response. 

To acquire directivity data, I mounted each microphone on a computer-controlled 
turntable and measured the response from 200 Hz to 20 kHz at angles from 0 to 180 
degrees in 10-degree increments. (As in the on-axis frequency response test, the 
computer used Time Selective Response analysis to isolate the direct-sound signals.) 
Subtracting the 0-degree (on-axis) response yielded pure difference curves for each off-
axis angle, with the influence of the speaker and microphone frequency responses 
canceled. From that data, the computer generated polar plots at octave intervals from 
500 Hz to 8 kHz, along with directivity-index plots. The patterns are assumed to be 
symmetrical, with the 180-degree data mirrored to produce full 360-degree polar plots. 

Figure 2. Bottom graph shows the raw on-axis response curves for the reference mike (green)
and the mike under test (purple) over the bandwidth of 100Hz to 10kHz.

The bandwidth used in the clinic was 200Hz to 20kHz.
The larger graph at the top (note expanded scale) shows the

net difference (test-mike response minus reference-mike response).
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To acquire directivity data (Figure 3), I mounted each microphone on a computer-
controlled turntable and measured the response from 200Hz to 20kHz at angles 0º-180º 
in 10º increments. (As in the on-axis frequency response test, the computer used TRS 
analysis to isolate the direct-sound signals.) Subtracting the 0º (on-axis) response 
yielded pure difference curves for each off-axis angle, with the influence of the speaker 
and microphone frequency responses canceled. From these data, the computer 
generated polar plots at octave intervals from 500Hz to 8kHz, along with directivity-
index plots. The patterns are assumed to be symmetrical, with the 0º-180º data mirrored 
to produce 360-degree polar plots.
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Figure 4. Example of polar-plot and directivity-index graphs 

 

Test Equipment 

Listen, Inc., SoundCheck software was used to make the measurements. Associated 
hardware included a Listen SCM-2 measurement microphone (the reference mike) and 
SoundConnect microphone power supply and preamplifier, a Crown D-45 power 
amplifier, a B&K 4230 sound-level calibrator, an Aurasound NS3-193-8A 3-inch 
speaker, and a LinearX LS360 turntable. 

Technical information for SoundCheck, SCM microphones, and SoundConnect power 
supplies is available at www.listeninc.com. SoundCheck uses the Farina method to 
window out reflections. A white paper on this technique is available at 
https://www.listeninc.com/simultaneous-measurement-of-impulse-response-and-
distortion-with-a-swept-sine-technique. 

  

Figure 3. Example of polar-plot and directivity-index graphs.
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Spark response
by Robert W. Zahora and Nicolas B. Noiseux

We intended this  part of the microphone clinic to be an impulse-response and polarity 
test. An electrical spark would serve as  the impulse source, a technique that was used 
in the 1970s3,4 and earlier. An Internet search revealed that although a spark produces a 
fast transient, its shape is nowhere near that of an ideal impulse5.

When a spark is  generated, “as in a miniature explosion, a short positive overpressure 
peak will be followed by a more extended time span of underpressure, when the 
suddenly expanded air flows back into the center of the ‘explosion’”.5 Figure 4 shows a 
typical spark response of a measurement mike.
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Spark Response 

by Rob Zahora and Nick Noiseux 

 

We intended this part of the BAS microphone clinic to be an impulse-response and 
polarity test, with an electrical spark serving as the impulse source. This technique has 
been used since the 1970s3,4 and even earlier. But an Internet search soon revealed 
that although a spark produces a fast transient, its shape is nowhere near that of an 
ideal impulse5. 

When a spark is generated, “as in a miniature explosion, a short positive overpressure 
peak will be followed by a more extended time span of underpressure, when the 
suddenly expanded air flows back into the centre of the ‘explosion’.”5 A typical spark 
response of a measurement microphone is shown in Figure 1. 

time (us)

0 20 40 60 80 100 120 140 160 180 200 220 240

N
o

rm
al

iz
ed

 A
m

p
li

tu
d

e 
(m

ea
n

 o
f 

1
6

 s
p

ar
k

s)

-1.5

-1.0

-0.5

0.0

0.5

1.0

Spark Response - Brüel & Kjær  4939/2670/5935

test mic polarity:  normal
spark-mic distance (cm):  30

21-Nov-2009  

Figure 1. Spark response of a B&K 4939 measurement microphone, used as the 
reference for these tests 

 

Although the spark signal has been modeled2 and parameters that influence it 
investigated1, it is not a classic impulse. Thus, a microphone’s response to a spark 
cannot easily be transformed into a frequency/phase plot, as would be the possible with 
a true impulse. 

Because we could not measure a classic impulse response, it was decided to call this 
part of the clinic the spark test. For each test microphone, we would generate a spark 
and record its response and that of a reference microphone for visual comparison, 
highlighting potential colorations. 

Figure 4. A typical spark response of a B&K 4939 measurement mike,
used as the reference in these tests.

Although the spark signal has been modeled2, and parameters that influence it 
investigated1, it does not approximate the shape and duration of an ideal impulse. Thus 
a microphone’s  response to a spark cannot easily be transformed into a frequency/
phase plot, as would be the possible with a true impulse.

Because we could not take a ‘true’ impulse-response measurement, it was decided to 
call this part of the clinic the spark test. For each test, we would generate a spark and 
record the test-mike’s response along with that of a reference microphone. A visual 
comparison could then be made, highlighting potential colorations.

Test equipment — spark source

We produced test sparks with a surplus stungun labeled “THUNDER-STUN” (Figure 5; 
~$15). This device was claimed to produce a 100kV spark. The unit has two sets of 
electrodes, with the inner set at 19mm spacing. The breakdown voltage of air is 
approximately 3.3kV/mm, depending on electrode shape, air pressure, and relative 
humidity. Generating a spark from electrodes with 19mm spacing would require at least 
63kV, so the gun’s 100kV spec seems reasonable.
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Test Equipment  

Spark Source 

We produced test sparks with a surplus stun gun labeled “THUNDER-STUN.” This unit, 
which retailed for around $15, was claimed to produce a 100-kV spark. It had two sets 
of electrodes, the inner set with a19mm spacing. The breakdown voltage of air is 
approximately 3.3 kV/mm, depending on electrode shape, air pressure, and relative 
humidity. Generating a spark from electrodes with 19mm spacing would require at least 
a 63-kV charge, so the gun’s 100-kV spec seems reasonable. 

We modified the spark source to make it easier to use. Changes included attaching an 
external power supply, adding a remote trigger switch, and tapping a hole in the body 
for fixture to a tripod mount. We also mounted two 15-cm brass rods to the outer set of 
electrodes, with 4-40 screws terminated with acorn nuts at the ends of the rods for the 
final electrodes (see Figure 2). This arrangement enabled us to vary the spark gap 
width and further distanced the spark from the stun gun’s body. 

 

Figure 2. Spark generator 

The gun was designed to run off a 9V battery, but at that voltage sparks would repeat at 
a rate of roughly 26 Hz when the external trigger switch was pressed. That was too fast 
for us to easily generate a single spark by pressing and quickly releasing the switch. We 
found that lowering the input voltage reduced the spark rate, however. At around 5.3V 
we got a more practical rate of about 13 Hz, so we went with that voltage to produce the 
individual sparks we needed for the clinic tests. 

Figure 5. “THUNDER-STUN” spark generator, modified.

We modified the spark source to make it easier to use. Changes included attaching an 
external power supply, adding a remote trigger, and tapping a hole in the body for a 
tripod mount. The outer set of electrodes were extended using two 15cm brass rods. 
Each rod was terminated with an acorn nut on a 4-40 screw (Figure 5). This 
arrangement enabled us to vary the spark gap width and further distance the spark from 
the stungun’s body.

The gun was designed to run off a 9V battery. At that voltage sparks repeat at roughly a 
26Hz rate when the external trigger was pressed. This was too fast for us to reliably 
generate a single spark by pressing and quickly releasing the switch. We found that 
lowering the input voltage reduced the spark rate. At around 5.3V we got a more 
practical rate of about 13Hz. We used that voltage to produce the sparks for the tests.

Experimentation using the reference mike uncovered some spark-to-spark variations  in 
amplitude, and to a lesser extent timing. This was to be expected, since random air 
movement causes successive sparks to take slightly different paths between the 
electrodes. To minimize this effect, all recorded waveforms were averages of responses 
to 16 separate sparks, unless otherwise noted.

Test equipment — reference microphone

We simultaneously measured the reference and test microphones to ensure a valid 
comparison, independent of any residual spark variations. The reference mike, provided 
by Alvin Foster, was a Brüel & Kjær 4939 ¼” free-field model with a Falcon Range 2670 
preamplifier and a B&K 5935 battery-operated dual power supply. It is spec’d for a 
4Hz-100kHz frequency response and a 28-164dBSPL dynamic range. We set the power 
supply for a linear response and 10dB gain. The mike’s output was sent to one channel 
of the recording oscilloscope. This microphone was assumed to provide the closest 
reproduction of the actual spark waveform.
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Test equipment — test microphone interface

We attached the microphone under test to a Behringer Eurorack MX802A mixer for 
signal amplification. The connection was either XLR mike-level or ¼” phone-plug line-
level, depending on whether the test mike had its  own preamp. Generally Gain was set 
to minimum (10dB at full counterclockwise), Level to 0 (midway), and Main to a setting 
that would light a couple of LEDs in response to each spark. The MX802A’s frequency 
response is rated as 10Hz-60kHz ±3dB. At the low end, this particular unit measured 
−3dB at 6.3Hz, −6dB at 4.1Hz, and −15dB at 2Hz. In response to a square wave it had 
a 10-90% risetime of 2.7µs.

Test equipment — recording oscilloscope

We recorded all microphone outputs on a Tektronix TDS210 portable oscilloscope. The 
60MHz scope captured 2500 points per waveform with 8-bit vertical resolution. If a mike 
or mike/preamp combination inverted the spark signal, we inverted its scope channel so 
that the recorded spark response would start positive. Data were transferred to a laptop 
computer over an RS-232 link using Tektronix’s OpenChoice software v1.8, and saved 
both as screenshots and in comma-separated value (*.csv) files.

Initial experimentation

The original intent was to place the reference and test microphones side by side. At a 
BAS meeting prior to the clinic, it was noted that this might introduce reflections off the 
mike bodies that could affect the measurements. Since the spark wavefront is spherical 
after it travels a few spark lengths, the suggestion was made to place one mike in front 
of the spark generator and the other behind it. With this in-line arrangement, each mike 
would see the same spark waveform free from reflections off the other mike.

We ran experiments to characterize spark-to-mike distance effects, moving the B&K 
reference microphone in ~2cm increments over a distance range of 8-40cm. The 
amplitudes of the initial positive and following negative peaks were recorded. The 
results from the 17 waveforms are plotted in Figure 6. In each case, the mike output 
voltages decreased by 1/distance, as was expected.
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Initial Experimentation 

The original intent was to place the reference and test microphones side-by-side. At a 
BAS meeting prior to the clinic, it was noted that this might introduce reflections off the 
mike bodies that could cloud the measurements. Since the spark wavefront is spherical 
after it travels a few spark lengths, the suggestion was made to place one mike in front 
of the spark generator and the other behind it. With this in-line arrangement, each mike 
would see the same spark waveform free from any reflections off the other mike. 

We then ran experiments to characterize spark-to-mike distance effects, moving the 
B&K reference microphone in roughly 2-cm increments over a distance of 8 to 40 cm. 
The peak amplitudes for both the initial positive and following negative pulse were 
recorded. The results from the 17 waveforms are plotted in Figure 3. In each case, the 
mike output voltages decreased by 1/distance, as would be expected. 

 

 

Figure 3. B&K reference microphone peak output voltages vs. spark distance 

We then normalized and time-aligned the various waveforms according to distance, as 
plotted in Figure 4. All show virtually the same shape. Knowing this enabled us to place 
the reference mike wherever convenient to roughly time-align with the test mike’s 
response. 
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Figure 6. B&K reference microphone: peak output voltages vs spark distance.

We then normalized and time-aligned the Figure 6 distance waveforms. All show 
virtually the same shape (Figure 7). Knowing this enabled us to place the reference 
mike wherever convenient to roughly time-align with the test mike’s response.
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Figure 4. B&K reference microphone’s spark response at 17 distances from 8.3 to 
40.1 cm, time-aligned and with amplitudes normalized 

We placed the microphone under test 30 cm (approximately 1 foot) from the spark 
generator. A rough estimate of the spark sound-pressure level at this distance was 
made as follows: We drove the B&K reference-mike setup using Alvin’s B&K 
Pistonphone 4220 mechanical calibrator, which produces a 124-dB SPL sine wave at 
around 250 Hz. The response, including the 10-dB gain from the power supply, 
registered as a 987-mV peak-to-peak wave on the scope. Although the initial spark 
response is asymmetrical, it is close enough to a sine shape to consider taking the 
voltage difference between the two peaks as the peak-to-peak voltage. From Figure 2, 
at 30 cm this “cycle” has an amplitude of 3.86 Vpp. One can calculate the SPL 
difference from that of the 4220 calibrator signal as  

20 * log(3.86/0.987) = 11.8 dB 

Thus, the actual SPL at 30 cm would be 124 + 11.8 dB, or approximately 136 dB SPL. 

 

Clinic Procedure 

On the day before the clinic, the spark-test equipment was set up in a formal dining 
room, off to one side. We placed three Atlas microphone stands in-line, with the one 
holding the spark generator in the middle. The legs of the stands for the reference and 
test mikes rested on short plastic V-angles, which made it easier to slide the stands 
over the rug on the floor. 

17 curves with spark-mic distances of
8.3 cm to 40.1 cm, approximately every 2 cm.
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Figure 7. B&K reference mike’s spark response
at 17 distances over 8.3-40.1cm, time-aligned and with amplitudes normalized.
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We placed the microphone under test 30cm (~1’) from the spark generator. A rough 
estimate of the spark SPL at this  distance was made as follows: We drove the B&K 
reference mike with the 124dBSPL ~250Hz sinewave produced by Foster’s B&K 
Pistonphone 4220 mechanical calibrator. The response, including the 10dB gain from 
the power supply, registered as a 987mV peak-to-peak wave on the scope. Although 
initial spark responses are asymmetrical, they are close enough to a sine shape to 
consider taking the voltage difference between the two peaks as the peak-to-peak 
voltage. From Figure 6, at 30cm this  “cycle” has an amplitude of 3.86Vpp. One can 
calculate the SPL difference from that of the 4220 calibrator signal:

20log(3.86/0.987) = 11.8dB.

Thus, the actual SPL at 30cm would be 124+11.8dB, or approximately 136dBSPL.

Clinic procedure

The day before the clinic, the spark-test equipment was set up in a formal dining room, 
off to one side. We placed three Atlas  microphone stands in-line, with the spark-
generator stand in the middle. The legs of the stands  for the reference and test mikes 
rested on short plastic V-angles, which made it easier to slide the stands over the rug.

After mounting a test mike and connecting it to the recording electronics, we placed it 
with its diaphragm 30cm from the spark generator. When we couldn’t determine the 
exact location of the mike diaphragm, distance was measured to the front of the 
windscreen. Then we discharged a few sparks to verify that the microphone was 
responding and not overdriven. If any sign of overdrive was apparent, we moved the 
mike farther from the spark generator.

Next, we re-positioned the reference microphone to time-align its response closely to 
that of the test mike. Scope and mixer gains were adjusted so that the mikes’ responses 
traversed most of the eight vertical divisions on the scope face. The scope’s  initial 
horizontal time base was  set to 25µs/division, with triggering off the reference mike and 
the trigger point set to the first horizontal division. If the test mike’s response did not 
significantly settle by the end of the scope sweep, we extended the scope timebase to 
50 or 100µs/division. We used normal scope triggering during this setup.

Once the measurement conditions were set, the scope was changed to single-shot 
triggering with an averaging factor of 16 — 16 quick presses of the microswitch and a 
measurement was  complete. If for any reason the results seemed questionable, 
because of room noise or an abnormal spark, we repeated the run. Once satisfied we 
had a good run, we transferred both a scope screenshot and the numerical data from 
the waveforms to the laptop PC for processing.
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Data reduction

We imported the data from each microphone test into an Excel spreadsheet, where we 
applied automatic and manual manipulations to normalize the initial positive peaks of 
the reference-mike and test-mike spark responses. Then the two waveforms were time-
aligned at the 5% amplitudes of their initial peaks. We chose the 5% points  because 
background variations often made it difficult to pinpoint exactly when a response began. 
Taking the 5% points as the effective time-zero points eliminated that ambiguity. We 
plotted the modified waveforms using PSI-Plot 9.03. To ease comparisons, we graphed 
all initial peaks  as positive; if a mike or mike/preamp inverted the spark signal, an 
“invert” notation appears in its plot’s upper-righthand corner.

To aid in waveform comparison, we extracted some arbitrary values from the graphs 
that might be relevant to microphone performance (all percentage measurements are 
relative to the zero value of the normalized amplitude waveform):

a. “positive risetime” — the 10-90% time for the rising edge of the initial response peak. 
This  is not a risetime in the normal sense since it is  not the response to a step 
function. Most mikes’ responses were still “rising” after the reference mike showed 
that the spark signal had passed its positive peak and was returning toward zero.

b. “positive width” — the width of the initial output peak, measured between the 5% 
amplitude points of its rising and falling edges.

c. “negative amplitude” — a comparison of the amplitude of the first negative peak with 
that of the initial positive peak. A percentage >100% indicates that the negative peak 
was larger than the positive peak.

d. “± width” — the combined duration of the initial positive and negative responses 
measured at the zero-amplitude points. This time can be thought of as  equivalent to 
the period of the initial response.

e. “± frequency” — the above “± width” converted to frequency.

f. “After ±” — this value attempts  to quantify the ringing following the initial positive and 
negative peaks. It is an RMS representation of the residual signal after the first 
negative excursion returns to zero. When comparing mike results, check that the 
measurements cover the same time interval. If not, one result might incorporate a 
longer period in which the output has already settled, yielding a lower value.
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Results

The spark responses of all the microphones tested are plotted to the same scale in 
Figure 8. Removing some of the extreme responses yields Figure 9.
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c. ! amplitude—excursion of the first negative peak relative to the initial positive 

peak. 

d. ± width—taking the initial positive pulse plus the following negative pulse as a 

“cycle,” this is the corresponding period. Exactly where the positive pulse started 

was often somewhat ambiguous, so this value may vary more than others. 

e. ± frequency— the above “width” converted to frequency. 

f. after ±—this value attempts to quantify the ringing following the initial positive and 

negative peaks. It is an RMS representation of the residual signal after the first 

negative excursion returns to zero. When comparing mike results, check that the 

measurements cover the same time interval. If not, one result may incorporate a 

longer period in which the output has already settled, yielding a lower value. 

 

Results 

The spark responses of all the microphones tested are plotted to the same scale in 
Figure 5. Removing some of the extreme responses yields Figure 6. 
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Figure 5. All microphone responses 
Figure 8. All 24 tested-mikes’ spark responses.
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Figure 6. Better-responding microphones 
 
Individual spark-response plots from the clinic appear in Appendix C, sorted 
alphanumerically by vendor and model. Where a single mike had multiple 
configurations, results from all are plotted on the same graph. In such a case, all 
reference-mike responses are graphed but only a single column of calculated values is 
displayed. These values represent the largest observed for all the reference-mike 
responses. 
 
In addition to the results for clinic microphones, plots are included for some mikes 
tested during the procedure-development phase. These inexpensive units include a 
second Behringer ECM-8000, a Crown PZM Sound Grabber II (measured in free 
space), an Electro-Voice 631 (vintage 1974), a Nady CM 90, and a Shure SM57. 

The following mikes inverted the spark signal: ACO Pacific 7012, AMS/Calrec ST250 
right-ms, and Crown PZM Sound Grabber II. The ACO Pacific 7012 also exhibited a DC 
offset that limited the data collection to a single spark. Two mikes, the AMS/Calrec 
ST250 right-ms and the Electro-Voice 631, had maximum responses larger than their 
initial peaks. 

The second Behringer ECM 8000, the Crown PZM Sound Grabber II, and the 
Sennheiser MKH 800 exhibited possible pressure overload when measured at the 
nominal 30-cm spark-to-mike distance, yielding decays like those seen in Figure 7. 
(Note that the scale is in ms, not µs.) In each of these cases, we moved the mike away 
from the spark source until the effect disappeared and noted the new distance on the 
final plot. The ACO Pacific 7012 was also moved farther away before we understood its 
DC-offset issue. 

Figure 9. Seventeen tested-mikes’ spark responses; without the seven extreme responses.

Individual spark-response plots from the clinic appear in Appendix C of the complete 
report, sorted by vendor and model. Where a single mike had multiple configurations, 
results from all are plotted on the same graph. In such cases, all reference-mike 
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responses are graphed but only a single column of calculated values  is  displayed; these 
values represent the largest observed for all the reference-mike responses.

In addition to the results for clinic microphones, plots are included for some mikes 
tested during the procedure-development phase. These inexpensive units include a 
second Behringer ECM-8000, a Crown PZM Sound Grabber II (measured in free 
space), an Electro-Voice 631 (vintage 1974), a Nady CM 90, and a Shure SM57.

These mikes inverted the spark signal: ACO Pacific 7012, AMS/Calrec ST250 (in 
Blumlein mid-side — MS — configuration; right-facing virtual mike), and Crown PZM 
Sound Grabber II. The ACO Pacific 7012 also exhibited a DC offset that limited the data 
collection to a single spark. Two mikes  — the AMS/Calrec ST250 (right-facing MS) and 
the Electro-Voice 631 — had maximum responses larger than their initial peaks.

The second Behringer ECM 8000, the Crown PZM Sound Grabber II, and the 
Sennheiser MKH 800 exhibited possible pressure overdrive when measured at the 
nominal 30cm spark-to-mike distance. Response decays in the tens of milliseconds 
were seen, as shown in Figure 10 (Note that the scale is in ms, not µs. In each of these 
cases, we moved the mike away from the spark source until the effect disappeared, 
noting the new distance on the final plot. The ACO Pacific 7012 was also moved farther 
away before we understood its DC-offset issue.
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Figure 7. Typical spark-overload responses (multiple sparks) 

Some of the clinic data for the Royer SF-12 was not properly saved, which led us to re-
test it later. Data from both sessions are plotted. Although the re-test was done without 
a reference mike, the Royer’s normalized response should still be valid. At the same 
session, we also evaluated a second Brüel & Kjær mike setup. The responses of its 
4135, 4136, and 4138 cartridges are shown Figure 8 of Appendix C. Note that the 4138, 
with its 6.5-Hz to 140-kHz response, probably provided the truest representation of the 
actual spark waveform. 

 

Potential Improvements for Future Tests 

As we were writing this report, a number of possible improvements for future testing 
came to mind. 

1. Keep better records of exactly which mike/cartridge/pattern is under test. The test 

operators relied on the mike owners to provide this information. Without prior 

knowledge of each microphone, it was difficult to determine if we were getting a 

complete description of what we were testing. 

2. Make a note of each microphone’s physical orientation for the measurement, 

especially for those that are not symmetrical. Is it vertically or horizontally 

mounted? How is the capsule oriented? 

3. Make a note of any external preamp that is used, how it is set, and how it is 

connected to the mixer or scope. 

Figure 10. Typical spark-overload responses (multiple sparks),
taken from the Behringer ECM8000 #1 at 25.7cm from the spark generator.

Some of the clinic data for the Royer SF-12 were not properly saved, which led us to 
retest it later. Data from both sessions are plotted. Although the retest was performed 
without a reference mike, the Royer’s  normalized response should still be valid. At the 
same session, we also evaluated a second Brüel & Kjær mike setup. The responses of 
its 4135, 4136, and 4138 cartridges are shown Appendix C of the complete report. Note 
that the 4138, with its 6.5Hz-140kHz response, probably provided the truest 
representation of the actual spark waveform.
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Potential improvements for future tests

As we were writing this  report, a number of possible improvements for future testing 
came to mind.

1. Keep better records of exactly which mike/cartridge/pattern is  under test. The test 
operators relied on the mike owners to provide this  information. Without prior 
knowledge of each microphone, it was difficult to determine if we were getting a 
complete description of what we were testing.

2. Make a note of each microphone’s physical orientation for the measurement, 
especially for those that are not symmetrical. Is it vertically or horizontally mounted? 
How is the capsule oriented?

3. Make a note of any external preamp that is used, how it is set, and how it is 
connected to the mixer or scope.

4. If a mike’s response peak seems smoothed, check the various mixer gains to verify 
that the mixer is not clipping.

5. Verify that stored plots and data files for each mike and test condition exist and are 
readable. Better yet, plot the data before starting another test.

6. During some later, nonclinic experiments, we observed a reference-to-test-mike time 
variation. This  variation also might have occurred during the clinic testing without our 
noticing it. In these later tests, we obtained a maximum spark-to-spark variation of 
around 13µs by putting the scope into infinite-persistence mode and running many 
sparks. This discrepancy would correspond to reference-to-test-mike distance 
variation of 4.3mm. A mike stand extended to 1.5m and swaying only 0.16º would 
yield such a difference. Thus when testing mikes, it is important to have a stable 
base. People moving around on a rug-covered wooden floor could potentially 
influence measurements by slightly tilting the mike stands. In a test that involved 
averaging spark responses, that variation could smear the results. Since the key 
output is that of the test mike, the truest response would result if the scope was 
triggered from that mike’s output rather than from the reference mike’s signal.

7. Have a checklist to verify that all test procedures are correctly completed for each 
mike.
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Overload and low-frequency cutoff
by Keith Larson

I used a custom pressure chamber to measure overload SPL and low-frequency (LF) 
cutoff. Because of its physical size, the chamber favored small microphones, which 
tended to be omni models. A few of the larger cardioid microphones brought to the clinic 
were tested outside the chamber using a speaker as the sound source.

Test setup and procedure

The test chamber was a 4”-diameter pipe with a 4” driver at one end, and at the other 
end a removable cap to seal the cavity. A reference microphone (normally a B&K 4134) 
was inserted in a hole in the side of the pipe. When possible, I mounted the test 
microphone in another side hole. For larger microphones, I took off the chamber’s  end 
cap and hung the test mike from its preamplifier cable through the resulting opening. A 
Smith & Larson Woofer Tester Pro enabled me to compare the reference and test 
microphones’ low-frequency responses, from which I could derive the test mike’s LF 
cutoff based on the reference mike’s  known performance. Then I performed a high-
power sinewave test to find the overload level.

 Woofer Tester Pro (WT-Pro)

 Response through line inputs:
! -3dB@4Hz with 0.03dB channel-matching to <1Hz.
 Response through XLR mike inputs:
! -3dB@4Hz with 0.03dB channel-matching to <1Hz.
 XLR inputs: 25V 1kΩ, w/phantom-power supply.

 Brüel & Kjær 4134 microphone  Open-circuit response: −2dB@4Hz, −3dB@3Hz
! (per B&K literature)

 Brüel & Kjær 2160 amplifier  -3dB@2Hz (verified with WT-Pro)
 Combined B&K 4134+2160  -3dB@4Hz (plot analysis of each instrument)
 Mackie 1202 VLZ pro mixer  Interface for microphones requiring 48V phantom power

Woofer Tester Pro

The Woofer Tester Pro measures amplitude and phase response by subtracting the 
signal in a reference channel from the signal in a test channel, frame-by-frame.

Measuring response

Since the B&K reference microphone’s response is  essentially flat 4Hz-20kHz, 
immersing it and the test microphone in the same acoustic field normally reveals the 
latter’s  LF response. The only other requirement is that the SPL at any particular 
frequency be above the measurement system’s noise floor. See notes.

Measuring overload

I pre-evaluated the sensitivities of the B&K 4134 reference and Behringer ECM8000 
backup microphones using a B&K 4220 Pistonphone. Knowing the reference 
microphones’ sensitivities enabled me to determine the SPL in the chamber without 
knowing the test mike’s sensitivity.
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Manufacturer and model
LF -3dB 

point
(Hz)

Overload level
(dBSPL) Comment

ACO Pacific 7012 <3 >135 See notes
Behringer ECM8000 (KL) 15 130 Backup reference
Behringer ECM8000 (RZ) 16 130
Brüel & Kjær 4134 ~3 >150 Reference
Larson Davis 2540 ~3 >150 Similar to B&K 4134
Milab EMBLA 15 128 Set to omni
Nady CM 100 16.5 105 See notes
Neumann U64 ~10 ~120 See notes
Neumann USM69i ~20 >125 See notes
Sennheiser MKH 800 26 128 Set to omni
Studer/Schoeps CMC-5 MK-5 (SN 42980) 24 136 Set to omni
Studer/Schoeps CMC-5 MK-5 (SN 42984) 21 136 Set to omni

Notes

ACO Pacific 7012: Extreme low-frequency response and overload level

The ACO Pacific 7012 is  a condenser microphone similar to the B&K 4134 in that it is  a 
capsule that screws onto a preamplifier whose output is then passed through a 
conditioning amplifier. For testing, the 7012 was connected to a Woofer Tester Pro line-
level input while the B&K 4134 reference went to another line input. This  allowed a good 
one-to-one comparison of the two systems.

The 7012’s  low-frequency response capability exceeded that of the B&K 4134 and its 
2160 amplifier. According to B&K’s literature, the 4134/2160 combination should have a 
-3dB frequency point of ~4Hz. The ACO’s  response was up 3dB at ~3Hz relative to the 
B&K’s. Given that both microphones’ responses were probably rolling off, the ACO’s LF 
limit could only be estimated to be below 3Hz.

A second problem was that the ACO preamplifier output could not be attenuated enough 
to prevent overload of the Woofer Tester Pro’s input, which clipped when the acoustic 
signal reached about 135dBSPL, well below the test chamber’s >150dBSPL capability. 
Literature for the ACO indicates that it should handle 150dBSPL levels as well.

Behringer ECM8000: Response within chamber versus free-air

The following plots show the Behringer ECM8000’s 5Hz-2kHz response relative to that 
of the B&K 4134 reference as measured in the test chamber (Figure 11) and in free air 
close-miked to an 8” sealed-box woofer (Figure 12). In both figures, the middle and 
bottom curves are raw measurements of the B&K and Behringer, respectively. The top 
curve represents the difference between the test- and reference-microphone responses 
and thus the Behringer’s true response relative to that of the B&K. The droop below 
10Hz in the test-chamber curves was caused by air leaking past the 4” driver’s phase 
plug. The free-air response was less stable because of the woofer’s steep rolloff below 
70Hz, but note how the two completely different test conditions  yielded essentially the 
same results (top curves), with a 15Hz cutoff frequency.
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Figure 1. Behringer ECM8000 test-chamber response (top curve) 

 

 

Figure 2. Behringer ECM8000 free-air response (top curve) 

Figure 11. Behringer ECM8000 test-chamber response (top curve).

Page 37 of 153 

Copyright 2012 by the Boston Audio Society, all rights reserved 

 

Figure 1. Behringer ECM8000 test-chamber response (top curve) 

 

 

Figure 2. Behringer ECM8000 free-air response (top curve) 
Figure 12. Behringer ECM8000 free-air response (top curve).
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Larson Davis 2540

I compared the 2540 with the B&K 4134 using a saved reference-compensation file. 
Like the ACO 7012, the 2540 was flat down to ~4Hz. It was tested using the B&K 
measuring amplifier, set for additional attenuation, enabling the test chamber to reach 
its 150dBSPL limit. This capsule is rated at 3% distortion at 160dBSPL.

Nady CM 100

Although the CM 100 is physically similar to a Behringer ECM8000, its distortion 
measured much higher and its overload point much lower. The associated Behringer 
preamp provided 12V external power. Substituting the 25V phantom supply from the 
Woofer Tester Pro yielded better results but still not as  good as obtained from the 
ECM8000.

Neumann U64: cardioid proximity effect

The Neumann U64 cardioid, which measures front-to-back pressure gradient, was too 
big for the side-hole mounting but small enough to fit inside the test chamber through 
one end. When the test chamber is sealed, the extreme low-frequency (DC) pressure 
gradient will be essentially zero. Opening it creates  a gradient, however, extending the 
low-frequency response. Though a 10Hz cutoff was observed, this was probably a 
consequence of various side effects resulting from one end of the test fixture being 
open. It would have been better to measure this microphone using an external source, 
but the owner had to leave before I could set that up.

Neumann USM69i

The USM69i is  a large microphone that needed to be measured externally using a 
speaker that was sitting under a desk because of space limitations. Since the USM69i is 
a four-element design, with each element angled differently, some experimentation was 
required to rotate the microphone and achieve a nearfield and yet flat response for the 
overdrive test. The overdrive test was halted at 125dBSPL because it was very loud.
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Far- and nearfield low-frequency response,
  self-noise, shock sensitivity, & voltage sensitivity
by David B. Hadaway and Herb Singleton

Our goal was to choose tests that would reveal differences among microphones:
1. Farfield (3’) frequency response at 80 and 31.5Hz.
2. Nearfield (1”) response at 315, 80, and 31.5Hz (proximity effect).
3. Self-noise.
4. Shock sensitivity (handling noise).
5. Voltage sensitivity.

The differences among tested mikes were huge. Frequency response at 80Hz varied by 
20dB, self-noise by 21dB, and shock sensitivity by 50dB. No expensive or exotic 
equipment or software was used (see below), so others should easily be able to 
duplicate the results.

Equipment Used
• Custom noise test set with gain, and A- and DBH-weighting.
• Custom balanced microphone preamp with switchable 33V phantom power.
• Custom preamp to adjust output level.
• Ballantine 303 AC voltmeter (average responding).
• Behringer mixer.
• Powered subwoofer (source speaker).
• M-Audio Microtrack II digital recorder.
• CD player.
• Pierre Verany PV-1 Compact Test CD with warble tones.
• Fast Edit digital editor.
• Acoustic calibrator.

Setup

For response measurements we established a farfield test location by dangling a paper 
clip from a mike-stand boom about 3’ from the speaker used to deliver signals  to the 
microphones. Evaluation with 315Hz warble tones — constant-amplitude sinewaves 
randomly modulated in frequency over a third-octave — showed that the exact position 
was not critical. Using the same tones, we adjusted the source speaker’s output to 
74dBSPL at the test location. We placed a Shure SM80 omnidirectional electret, which 
served as the reference microphone, at the test location and adjusted the mike 
preamp’s output to 200mV. We recorded the SM80’s response to 80Hz and 31.5Hz 
warble tones, then moved the mike to 1” in front of the speaker grill and recorded its 
output in response to 315Hz, 80Hz, and 31.5Hz warble tones at the same preamp gain. 
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Singleton spoke into the mike, identifying it, and read a short selection. This  same 
procedure was repeated for the test mikes, yielding results that we tabulated relative to 
those from the Shure SM80 reference.

We performed the shock test by dropping a rubber racquetball down a tennis-ball can 
attached to the mike stand by a 4” elbow, giving a lateral component to the shock  (see 
Photo 6). Each microphone’s  output was recorded on a digital recorder, which ran 
continuously throughout the clinic. Later we evaluated the recorded data to tabulate the 
results.

For the self-noise test, the microphone under test was placed in a padded chamber to 
isolate it from sounds in the room. We then measured its noise output with both A- and 
DBH-weighting. DBH-weighting is  A-weighting with an additional 6dB/octave low-
frequency rolloff starting at 400Hz.

We attempted to measure voltage sensitivity using an acoustic calibrator. Without 
adapters, however, the calibrator was suited only for end-firing cylindrical microphones 
of a certain diameter, and the mikes came in all shapes and sizes. We abandoned the 
test as too complicated after measuring only three models: the ACO Pacific 7012, 
Behringer EMC8000, and Nady CM 100.

Details of the Tests

Some microphones exhibited output variations  of as much as ±2dB at one or more test 
frequencies, possibly because of very irregular response within the third-octave warble-
tone bandwidth. In such cases we took a best-guess average. Obviously this limited the 
accuracy and precision of the response measurements for those mikes.

Other mikes exhibited so much low-frequency proximity effect that the preamp was 
slightly overloaded. Using a lower reference level would have eliminated the mike 
preamp’s clipping at +15dB. Some cardioid mikes have a built-in low-frequency rolloff in 
the farfield to ensure they will not exhibit an excessive low-frequency response in the 
nearfield. The Shure SM81 is  flat in the farfield and has a switch with two highpass (low-
frequency cut) positions (switched out for the tests).

Most of the microphones responded according to pattern, with the directional mikes 
exhibiting proximity effect. A few billed as cardioids did not, however — namely the 
Sennheiser MKH 800, the Nakamichi CM-300 and CM-700, and the Studer/Schoeps 
CMC-5.

We ran the shock test three times  on each microphone and measured the peak levels 
later using the digital editor. Results were repeatable — most of the time within 2dB — 
so the reported results are averages of the three trials. As a group the omni mikes were 
far less sensitive to shock since they respond principally to pressure rather than velocity.

Environmental interference turned out not to be a problem when measuring self-noise. 
The A-weighting filter removed the low frequencies that are difficult to shield against, 
and the padded chamber took care of the rest. The original plan was to use a hard-shell 
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foam-filled suitcase with the mike clamped inside, but Singleton was  able to supply a 
chamber designed for testing hearing aids that was suitable for our needs.

The quietest microphone was the Neumann USM69i, at 14dB, the noisiest was  my own 
B&O 200 ribbon mike. I had always noticed the noise and built a custom low-noise 
single-ended preamp for it, to no avail. The Royer SF-12, an evolution of the B&O 
ribbon and based on the Speiden ribbon mike, exhibited considerably improved noise 
performance. We used my low-noise balanced preamp with 33V phantom power for 
most of the microphones. A Behringer mixer provided a full 48V for the few mikes that 
required it.

The filters  were in a noise-test set I built. It turned out that DBH-weighting did not add 
any significant information in these tests. The difference from the A-weighted figures 
was no more than 2dB. When measuring room noise in a concert hall or home 
environment, consisting primarily of low-frequency grumble and traffic noise, DBH-
weighting would better represent the perceived noise as it tracks the Fletcher-Munson 
curve at 25dBSPL, whereas A-weighting corresponds more to the curve at ~50dBSPL.

Results

The voltage sensitivities of the three microphones that fit the acoustic calibrator were, in 
dBV/Pascal:
• Aco Pacific 7012 -37.3
• Behringer EMC8000 -39.7
• Nady CM 100 -42.4

Other results appear in Table 3. Low-frequency response readings are given in dB at 
80Hz and 31.5Hz for the farfield and at 315Hz, 80Hz, and 31.5Hz for the nearfield, 
relative to the same measurements on the Shure SM80 that we used as reference. 
Being an omni, the SM80 does not suffer from proximity effect, though it does see the 
frequency-independent increase in amplitude that occurs  when it is moved closer to the 
speaker. The farfield 315Hz reading is  not shown because each mike was adjusted to 
the same output level at that position and frequency as part of the test setup procedure.

A-weighted self-noise is referenced to 0dBSPL. The higher the number, the greater the 
noise. Four microphones were not tested for self-noise.

We’ve listed shock sensitivity in dB relative to that of the least sensitive mike (the 
Sennheiser MKH 800 in its omni setting), which we assigned a 0dB value. The larger 
the number, the more sensitive the microphone is to physical disturbance. Nine 
microphones were not included in this test.
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Manufacture, Model and Pattern
Farfield LF 
Response

(dB)

Farfield LF 
Response

(dB)

Nearfield LF Response
(dB)

Nearfield LF Response
(dB)

Nearfield LF Response
(dB)

Self-noise
(dB)

Shock 
Sensitivity

(dB)
80Hz 31.5Hz 315Hz 80Hz 31.5Hz

ACO Pacific 7012 omni 0 -8 -1.5 -2 +0.5 23 +50*
AKG C414 omni +3 +3 -1.5 -1 -1 — —
AKG C414 cardioid +3 +3 +1.5 +7.6 +9 — —
AKG C426 omni +2 +3 -5 -6 -11 15 —
AKG C426 cardioid +3 +3.5 +0.5 +6 +3 18 —
B&O 200 figure-8 — — — — — 35 —
Behringer ECM8000 omni +0.5 -7 -1 -1.3 -2.5 25 +6
Brüel & Kjær 4003 omni -2 -15 -1 -1 -3 — —
Milab EMBLA cardioid +3 -2 +3 +10 +13 22 +26
Milab EMBLA (modified) cardioid, left capsule +3 -2 +2 +6.4 +12 27 +20
Nady CM 100 omni 0 -5 -2 -3 -5 — +4
Nakamichi CM-300 omni -8.5 -16 0 -10 -24 29 +8
Nakamichi CM-300 cardioid -2.5 -2.2 +4 +6 +5 27 +12
Nakamichi CM-700 omni +10 +4 +8.4 +7.6 +6 28 +24
Nakamichi CM-700 cardioid -6 -13 0 -4.6 -14 29 +34
Neumann U64 cardioid 0 -4 -1.7 +4 +5 21 +21
Neumann USM69i cardioid, left capsule +3 -7 +2.5 +2.4 +5 15 +3
Neumann USM691 cardioid, right capsule +2 -7 +0.5 +1 +4 14 —
Royer SF-12 figure-8, upper capsule +5.6 0 +7.6 +15 +14 25 +21
Royer SF-12 figure-8, lower capsule +6 0 +8 +15 +16 26 +26
Sennheiser MKH 800 omni* -5 -16 +3.5 +3 -2.7 15 0**
Sennheiser MKH 800 cardioid -7 -17 -0.5 -8 -18 21 +7
Shure SM80 omni** 0*** 0*** 0*** 0*** 0*** 16 +10
Shure SM81 cardioid +2.4 +2.4 +3.5 +10 +14 17 +28
Studer/Schoeps CMC-5 MK-5 (SN 42980) omni +0.7 -7 -1 -2 -4 16 —
Studer/Schoeps CMC-5 MK-5 (SN 42980) 
cardioid

-4 -12 0 -2 -6.5 25 +12

Studer/Schoeps CMC-5 MK-5 (SN 42984) omni +1 -7 -1 -1.7 -4 18 +14
Studer/Schoeps CMC-5 MK-5 (SN 42984) 
cardioid

+4 -12 -2 -6.5 +23 23 +32

Studer/Schoeps CMC-5 MK-6 omni +0.7 -8 -1.5 -1.7 -4 19 +26
Studer/Schoeps CMC-5 MK-6 cardioid +1.3 -2 +6 +10 +10 23 —
Thermo Electron 01 omni +3.5 -7 -1 -2 -4 25 +12

Table 3. Farfield and nearfield low-freqeuncy responses, self-noise, and shock sensitivity.

* The ACO Pacific omni shock test result at +50dB is an anomaly; perhaps it had a 
microphonic part.
** Because the Sennheiser MKH 800 in its omni setting had the lowest shock sensitivity 
among the microphones tested, we designated it as the reference and made its 
response the baseline. Results for all other mikes are listed relative to its output.
*** The Shure SM80 was the reference microphone for the far- and nearfield low- 
frequency response tests. Results for all other mikes are listed relative to its 
measurements, which are taken to be flat for the purposes of this evaluation.
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White-noise field test
by Micha Schattner

This  test is  aural/visual: Results  can be viewed or heard. Listening is another way to 
evaluate microphone frequency and polar response.

The purpose of the test is to examine how a microphone performs and sounds under 
repeatable, realistic conditions and to determine the reasons for its individual sound and 
sensitivity pattern. In my experience, microphones with similar standard specs  often 
sound quite different from one another.

My assumption is that a major contributor is  that the capsule housing and enclosure 
generates cavity resonances, diffractions, and refractions.

I conducted the test outdoors. A loudspeaker blasted the microphone under test with 
90-95dBSPL white noise (to the dismay of the neighbors) while the microphone was 
rotated smoothly over a period of ~70 seconds from on-axis to 180º off-axis and through 
to on-axis again. A Brüel & Kjær 4133 in a fixed position 4-6” above the microphone 
under test served as reference. By subtracting the B&K’s frequency response 
(presumed to be flat) from that of the test mike, I could obtain something approximating 
the latter’s  true response, eliminating the influence of the speaker’s very uneven 
response.

Test equipment
• Brüel & Kjær white-noise generator (analog).
• AR Powered Partner loudspeaker.
• About 80’ of Mogami quad cables (for those who care).
• Benchmark microphone preamplifier.
• RME Multiface 96/24 A/D computer interface.
• Samplitude Sequoia editing software for normalization, FFT, EQ, and downsampling.
• Izotope Rx software for analysis and display.

Test setup limitations

1. The microphones were about 4’ above ground, so there were reflections  that 
interfered with the direct output from the test loudspeaker. There were also vertical 
reflectors such as buildings and fences, the nearest ~25’ away.

2. The loudspeaker was an AR Powered Partner, a two-way design whose frequency 
response is quite uneven, mainly around 5kHz and 9kHz, and which has no reliable 
bass response below about 100Hz. Consequently, all measurements show a peak at 
~9kHz.

3. The speaker’s output level, and to some degree frequency response, vary over time, 
mainly in the first couple of minutes after being fed a signal, because of built-in 
thermal protection.

©2016 The Boston Audio Society



4. Environmental noises such as  cars, pets, and leaf blowers also interfered with some 
of the tests. Another source of noise, mostly infrasonic, was low-level rumble from 
the microphone turntable.

5. The microphone clips/shock-mounts caused interference, and different mounts have 
different effects.

Therefore, I view this as a qualitative test rather than a quantitative-results test.

How to proceed

Each microphone report includes a description of the mike, accompanied by at least a 
soundfile (44.1kHz/16-bit *.wav format) and a spectrogram. The spectrograms display 
frequency along the vertical axis, time along the horizontal axis, and intensity as color 
(key along the right edge). The turntable took about 70 seconds  to make a full rotation, 
so you can figure the angle of incidence from the position on the horizontal axis, with 0 
seconds corresponding to on-axis (0º), approximately 35 seconds to 180º off-axis, and 
approximately 70 seconds to on-axis again.

Video files:
A. Sample comparisons of the AKG C414 and C426 microphones, referenced to the 

AKG C12, using Izotope Rx: AKG-C414-C426-Comparison.avi in Appendix F.
B. A quick tutorial on navigating the Rx application, in case you are interested in the 

aural/visual aspect of the *.wav files that accompany the spectrograms on the 
website: iZotope-RX-Introduction.avi in Appendix F.

I recommend a visit to www.Izotope.com to study the Rx application, which provides a 
very clear spectrogram display. You can download it for a free trial, which provides 
enough time to study its interface and to watch and listen to the microphone sound files. 
I did most of my analysis using the Rx application. At each point on the timeline, you 
can drop a spectrum analyzer and check the frequency response and deviation of that 
particular area, even dynamically. (Yes, you can also use the Rx for its intended 
purpose of restoration and noise reduction.)

Adobe Audition, Goldwave editor (shareware), and other programs available on the 
Internet also offer spectrogram displays, but their graphics are less legible and they do 
not include zooming functions or spectrum analyzers.
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Case analyses

Nakamichi CM-300 cardioid with and without windscreen
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enough time to study its interface and watch and listen to the microphone sound files. I 
did most of my analysis using the Rx application. At each point on the timeline, you can 
drop a spectrum analyzer and check the frequency response and deviation of that 
particular area, even dynamically. (Yes, Virginia, you can also use the Rx for its 
intended purpose of restoration and noise reduction!) 

Adobe Audition, Goldwave editor (shareware), and other programs available on the 
Internet also offer spectrogram displays, but their graphics are less legible and they do 
not include zooming functions or spectrum analyzers. 

 

Case Analyses 

Nakamichi CM-300 cardioid with and without windscreen 

 

 

Upper: Nakamichi CM-300 cardioid with windscreen 
Lower: Same microphone without windscreen 

Upper: Nakamichi CM-300 cardioid with windscreen
Lower: Same microphone without windscreen

The windscreen of the Nakamichi CM-300 (aka Teac CM 100) is a wire mesh with no 
foam. The extra refractions and reflections, mainly below 1.2kHz, change the 
microphone’s overall pattern, making it a sort of hypercardioid. To begin with, this 
microphone does not have a very good polar pattern at the treble, but notice, in the 
upper picture, how much more emphasis  is on the backside (middle part of the picture), 
especially at middle frequencies. (It can be quantified using Rx’s spectrum analyzer: 
Over a two-octave band, the difference averaged more than 3dB.)
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Milab EMBLA side lobes

Page 48 of 153 

Copyright 2012 by the Boston Audio Society, all rights reserved 

The windscreen of the Nakamichi CM-300 (aka Teac cm 100) is a wire mesh with no 
foam. The extra refractions and reflections, mainly below 1.2 kHz, literally change the 
microphone’s overall pattern, making it some sort of hypercardioid. To begin with, this 
microphone does not have a very good polar pattern at the treble, but notice, in the 
upper picture, how much more emphasis is on the backside (middle part of the picture), 
especially at middle frequencies. (It can be quantified using Rx’s spectrum analyzer: 
Over a two-octave band, the difference averaged more than 3 dB.) 

Milab EMBLA side lobes  

 

Upper: Milab EMBLA figure-8 
Lower: Studer/Schoeps CMC-5 MK-6 figure-8 

 
Both these microphones have switchable patterns, but whereas the Schoeps (bottom) 
has a single capsule and mechanical switching (like the CMC-5 MK-5)—and, to the best 
of my knowledge, the only push-pull configuration—the Milab (top) has two back-to-
back cardioid capsules (like the AKG C414, C12, C426, Sennheiser MKH 800, and all 
other switchable and remote-controlled microphones).  

Upper: Milab EMBLA figure-8
Lower: Studer/Schoeps CMC-5 MK-6 figure-8

Both of these microphones have switchable patterns, but where the Schoeps (bottom) 
has a single capsule and mechanical switching (like the CMC-5 MK-5) — and, to the 
best of my knowledge, the only pushpull configuration — the Milab (top) has two back-
to-back cardioid capsules (like the AKG C414, C12, C426, Sennheiser MKH 800, and 
many other switchable and remote-controlled microphones).

Note the Schoeps’ clean nulls at 90º and 270º compared with the Milab’s unevenness 
(Ignore the deep bass, which is noise from a leaf blower or truck). Note also the Milab’s 
extended high-frequency response and the refraction pattern in it, and on the Schoeps a 
typical bass rolloff below 200Hz.

It seems that the Milab suffers both from enclosure refractions and from interference 
between the two capsules  at 90º. This  is inherent (to varying degrees) in all multiple-
capsule microphones. Another contributor is the larger size of the Milab capsules and 
housing.
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AKG C414, C426, and C12 cardioids
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Note the Schoeps’ clean nulls at 90 and 270 degrees compared with the Milab’s 
unevenness. (Ignore the bottom bass, which is noise from a leaf blower or truck.) Note 
also the Milab’s extended high-frequency response and the refraction pattern in it, and 
on the Schoeps a typical bass rolloff below 200Hz. 

It seems that the Milab suffers both from enclosure refractions and from interference 
between the two capsules at 90 degrees. This is inherent (to varying degrees) in all 
multiple-capsule microphones. Another contributor is the larger size of the Milab 
capsules and housing. 

 

AKG C414, C426, and C12 cardioids 
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Top: AKG C414 cardioid 
Middle: AKG C426 cardioid 
Bottom: AKG C12 cardioid 

 

I chose the cardioid pattern for this comparison because in that mode only one capsule 
is active, so there is no voltage summing. The upper two microphones, C414 and C426, 
have the same capsule, electronics, and so forth. The difference between them lies in 
their housings. Although both are side-firing, the 414 has a rectangular housing in front 
and back whereas the 426 has circular housing. 

At the bottom, for further comparison, is the C12’s spectrogram. This is the tube version 
(circa 1960), with circular housing and the original “copper” capsule. (The C414 and 
C426 use the newer “Teflon” capsule.) 

To see more, go to the video file akg.avi at www.bostonaudiosociety.org. 

 

Results 

Spectrograms for these and other microphones are presented in Appendix D. Audio 
files for many of the microphones tested are available at www.bostonaudiosociety.org. 
For some microphones, some patterns are represented only by audio files. 

Top: AKG C414 cardioid
Middle: AKG C426 cardioid
Bottom: AKG C12 cardioid

©2016 The Boston Audio Society



I chose the cardioid pattern for this comparison because in that mode only one capsule 
is  active, so there is no voltage summing. The upper two microphones — the C414 and 
the C426 — have the same capsule, electronics, and so forth. The difference between 
them lies in their housings. Although both are side-firing, the 414 has a rectangular 
housing in front and back whereas the 426 has a circular housing.

At the bottom, for further comparison, is the C12’s  spectrogram. This is  the tube version 
(circa 1960), with circular housing and the original “copper” capsule. The C414 and 
C426 use the newer, Teflon capsule.

To see more, go to the video file AKG-C414-C426-Comparison.avi in Appendix F.

Results

Spectrograms for these and other microphones are presented in Appendix D. Audio files 
for many of the microphones tested are included. For some microphones, some 
patterns are represented only by audio files.
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Clinic photos
by Alvin M. Foster
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Clinic Photos 

photos by Alvin Foster 

 

Photo 1. Frequency-response test setup 

 

 

Photo 2. Neil Rubado with frequency-response test setup 
Photo 1. Neil Rubado with frequency-response test setup.
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Photo 3. Rob Zahora at spark-response test console 

  

Photo 2. Robert W. Zahora at spark-response test console.
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Photo 4. Keith Larson with test chamber used in overload level and low-frequency 
cutoff tests 

  

Photo 3. Keith Larson with test chamber used in overload-level and low-frequency-cutoff tests.
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Photo 5. Herb Singleton and David Hadaway setting up for a far-field low-
frequency response measurement 

  

Photo 4. Herb Singleton (facing away) and David B. Hadaway
setting up for a farfield low-frequency response measurement.
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Photo 6. David Hadaway at test station 

  

Photo 5. David B. Hadaway at test station.
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Photo 7. Herb Singleton with a near-field low-frequency response test setup. Note 
tennis-ball can used for shock-sensitivity tests attached to the microphone stand. 

  

Photo 6. Herb Singleton with a nearfield low-frequency response test setup.
Note the tennis-ball can (used for shock-sensitivity tests) attached to the microphone stand.
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Photo 8. AMS/Calrec ST250 disassembled 

 

 

Photo 9. White-noise field test setup 

Photo 7. AMS/Calrec ST250 disassembled.
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Photo 8. AMS/Calrec ST250 disassembled 

 

 

Photo 9. White-noise field test setup 

Photo 8. White-noise field test setup.
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Photo 10. Micha Schattner with recording and analysis gear for white-noise field 
tests 

  

Photo 9. MIcha Schattner with recording and analysis gear for white-noise field tests.
(Apologies to MIcha Schattner. This is the only photo we have of him at the clinic.)
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