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ABSTRACT
Composition C-4, a common explosive, produces a broad range of frequencies
when detonated. C-4 is used in community-annoyance studies by the United States Army
Corps of Engineers (USACE) to simulate the discharge of tank and assault-vehicle
cannons. Standard measurement microphones, however, do not accurately capture all of
the frequencies produced by these explosions. Consequently, the USACE Construction
Engineering Research Laboratory (CERL) asked Penn State to provide a set of digital
correction algorithms for these microphones that would artificially extend the usable
bandwidth. They also requested a demonstration of these corrections applied to C-4
explosion data in support of their work on community annoyance near training and test
and evaluation sites. A field test was arranged at the Aberdeen Proving Grounds in
Maryland to set up equipment and record several explosions. In this paper, the set up and
recording at Aberdeen is described; the correcting algorithms are explained; and the
measured and corrected data is analyzed. The analysis includes rise times, peak
pressures, energy spectral densities, waveform plots, and the effects of sensor baffles.
Limitations of the instrumentation are also discussed and recommendations for
microphone types and orientations are made.
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Chapter 1
Introduction
The United States Army’s Construction Engineering Research Laboratory
(CERL) needs accurate characterization of the acoustic signatures of explosions and
weapons discharge to support their work on community annoyance. To this end, they
asked The Pennsylvania State University to develop a set of procedures to correct
conventional microphone measurements of blast and weapon signatures. The approach
requires linear and nonlinear acoustic analysis; however, the nonlinear aspects will not be
discussed in this thesis. The goals involving linear acoustics include updating and
specializing existing linear diffraction and low frequency correction procedures for
standard commercial condenser microphones used by CERL, analyzing the use of
microphone baffles, applying the corrections to data recorded at Aberdeen Proving
Grounds, and analyzing the corrected data. Recommendations for microphone size and
orientation for future recordings will be given. This paper will focus on the application of
digital corrections to data for C-4 explosions recorded by condenser microphones.
Composition C-4 is an explosive derived from cyclotrimethylenetrinitramine, also
known as RDX. RDX is a hard, white crystalline solid that is highly sensitive to
percussion. [1] C-4 is made by combining RDX with a binder and a plasticizer. [2] This
coats the explosive and makes it malleable and safe to handle. Once C-4 is properly
triggered, an explosion occurs as the result of a rapid release of energy and a broad range
of frequencies is produced. [3] Figure 1.1 shows the waveform created by a standard
1

“stick” (0.57 kg or 1.25 lbs) of C-4 exploding. It was measured by a 1/8” B&K
microphone.
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Figure 1.1: Typical waveform of 1.25 pounds of C-4 exploding at 50 meters distance, as
captured by a 1/8” B&K microphone.
Many of the frequencies produced by a C-4 explosion are outside of the nominal
operating range of a typical condenser microphone. The microphone will capture these
frequencies, but not at their actual levels. The levels will either be attenuated or
increased, depending on the reason for the error. An inaccurate recording distorts the
wave shape and also causes errors in calculations derived from the data, such as rise time,
2

power spectral density, and peak pressure. If an accurate recording is to be made, then the
microphone’s response range has to be extended.
There are two ways to extend the low frequency response. The first is to insert a
“low frequency coupler” in between the microphone cartridge and the pre-amplifier. This
coupler is a parallel capacitance that moves the low frequency roll-off point associated
with the cartridge capacitance and pre-amplifier input impedance down in frequency.
While this process has certain advantages, such as easy implementation, low cost, and
real time bandwidth extension, this process reduces the overall dynamic range. [4] The
reduction is 20dB per decade of frequency extended. The second way to extend the low
frequency response is by digital filtering. This method, first developed by Gabrielson and
Marston, extends bandwidth without sacrificing dynamic range. [4] The low-frequency
extension is done with a filter that inverts 1 the roll-off caused by the pre-amplifier input
impedance and the pressure-equalization vent leak. The pressure-equalization vent is a
mechanical feature on condenser microphones that allows static changes in pressure to
occur without damaging the microphone. Figure 1.2 shows the cross section of a
condenser microphone with the pressure-equalization vent labeled.

1

The filter roll off is tapered at extremely low frequencies so that the inverted filter does not blow up the
noise floor. For more on this tapering, see reference [4].

3

Figure 1.2: The cross section of a typical condenser microphone with the pressureequalization vent labeled. [5]
The high-frequency extension is done by correcting for diffraction effects on the
diaphragm of the microphone.
A detailed explanation of the development of these corrections is found in
Marston’s thesis entitled Diffraction Correction and Low-Frequency Response Extension
for Condenser Microphones. [4] The diffraction correcting algorithm had an error which
created a need for a scaling factor to be applied to the processed waveform. This was
compensated for in the algorithm before being applied to the C-4 data and thus eliminated
the need for a scaling factor. The corrections are algorithms that were written and
implemented in Matlab. Separate algorithms provide low-frequency and high-frequency
extension.
This thesis will present the entire process of recording, processing, and correcting
the C-4 explosion data. The limitations of instrumentation will be discussed and

4

examples of the corrected waveforms, rise times, and peak pressure values will be
presented.

5

Chapter 2
Setup, equipment and settings used, calibration, weather, blast procedure.
The C-4 explosions were conducted at The US Army’s Aberdeen Proving
Grounds. The Penn State team set up ten different microphones to capture the data. All of
the channels, except a wideband 2 microphone, were being sampled at 200,000 samples/
second. Six of the ten microphones—six B&K microphones—were run through B&K
Nexus conditioning amplifiers. The wideband microphone was run directly into a digital
oscilloscope which was sampled at 50,000,000 samples/ second. Three ½” GRAS
microphones were run directly into a Teac GX-1 Integrated Recorder, along with the
B&K microphones from the Nexus outputs. The GX was connected to a Dell Latitude
D630 laptop computer via a Small Computer System Interface (SCSI).
The wideband microphone was included to capture higher frequencies that the
other channels would not record since they were low pass filtered at 80 kHz. The
inclusion of these higher frequencies aids in calculating more precise rise times, as is
shown in Chapter 5. The wideband microphone used here was constructed by Timothy
Marston and it is similar to the wideband microphone described in Loubeau, et al. [6]
All of the microphones were mounted on two telescoping metal poles. The poles
were 8 meters in height and were placed approximately 50 meters from the blasts. These
poles were supported by integral tripods at their bases. Figure 2.1 shows an overhead
view of the layout.
2

A microphone with large bandwidth capabilities, especially for high frequencies.
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Figure 2.1: An overhead view of the explosion site at Aberdeen Proving Grounds.
All of the equipment attached to the microphones was located inside a small tent
near the base of the poles. Four 12-volt marine batteries supplied power. Two of the
marine batteries were connected in series and powered the GX unit. The other two
batteries supplied power to the laptop, the Nexus conditioning amplifiers, and the
oscilloscope.

7

Since the microphones were 50 meters from the blast point and the minimum
required distance for personnel was 100 meters, the instrumentation recorder was set up
to use its built in trigger. The settings were configured so that the computer would save
data starting one second before the explosion and two seconds after. Although we were
recording 9 different C-4 explosions, the triggering configuration was set to repeat 20
times to allow for false triggers.
The terrain of the blast site was a grassy field with two perpendicular gravel roads
and a small rectangular concrete area where the two gravel roads met. A dirt mound was
built on the concrete area for the blast setup. 3 The purpose of the mound was to increase
the height at which the blast occurred, which in turn increased the amount of time
between the initial and ground reflected shock waves at the sensors. To increase the
height further, the C-4 charges were suspended from string attached to two upright poles.
Figure 2.2 shows the setup used to suspend the C-4 charges.

3

This area is marked with an X in Figure 1.
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Figure 2.2: Configuration for suspending the C-4 charges in air.
All of the equipment used to gather data was borrowed from the Penn State
Acoustics Lab 4 except for one of the Nexus conditioning amplifiers, which was borrowed
from Wyle Laboratories. There were four 1/4” Bruel and Kjaer microphones, two 1/8”
Bruel and Kjaer microphones, three 1/2” GRAS microphones, and the custom wideband
microphone. One of the 1/4" and one of the 1/2" microphones were each mounted in a
circular 4-inch diameter aluminum baffle. Two of the 1/2" microphones had attenuators
attached in an attempt to prevent clipping. Each set of microphone sizes had at least two
different orientations: one at 0º and one at 90º. The 0º orientation was such that the end of

4

A complete list of all the equipment used can be found in Appendix A.
9

the microphone pointed toward the blast. The 90º orientation was such that the end of the
microphone was perpendicular to the blast. A diagram of the microphone-pole setup is
shown in Figure 2.3. Table 2.1 indicates which microphone type and orientation is
associated with each channel number.

10

Figure 2.3: A picture of the microphone setup. The numbers next to each microphone
represent the channel number. Table 2.1 shows the microphone size and orientation for
each channel number. Channels 1, 3, 5, 7, and 9 are all facing the blast.
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Table 2.1: Each channel and its corresponding microphone type and size. This table also
indicates whether or not the microphone was attenuated or baffled.
Channel
Number

Microphone Type

1
2
3
4
5
6
7
8
9
10

1/2” GRAS
1/2” GRAS
1/2" GRAS
1/4" B&K
1/4" B&K
1/8” B&K
1/8” B&K
1/4" B&K
1/4” B&K
Wideband

Microphone
Orientation
[Degrees]
0°
90°
0°
45°
0°
90°
0°
90°
0°
0°

Attenuated

Baffled

X
X

X

X
X

The computer used to store the data was a Dell Latitude D630 laptop. The GX
unit came with software which was installed onto the Dell. This software allowed for
several setting configurations. The sampling frequency was set to 200 kHz and a trigger
was set to start the recording and to store one second before the blast and two seconds
after. Also, an 80 kHz low-pass filter was applied (in the GX recorder) and AC coupling
was on. The voltage limits were set to +/- 10 V.
The C-4 data was split into two different groups for calibration. The two groups
were a) sets of data recorded with the conditioning amplifier set to 3.16 mV/Pa and b)
sets of data recorded with the conditioning amplifier set to 1 mV/Pa. All of the
pistonphone calibration signals were measured with the conditioning amplifier set to 3.16
mV/Pa. So, the sets of data that were recorded at 1mV/Pa had to be multiplied by 3.16
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before being multiplied by the calibration constant. A list of calibration constants for each
microphone is shown in Table 2.2.
Table 2.2: A list of all the calibration constants calculated for each microphone.
Channel Number
1
2
3
4
5
6
7
8
9

Calibration Constant [Pa/wav unit]
3306
258
3034
4251
4130
3730
4527
4190
4187

These numbers were calculated from a signal produced by a Bruel and Kjaer
Pistonphone Type 4228. The pistophone produced a 250 Hz tone at 124 dB that was
recorded for 30 seconds. The pressure created by the pistonphone was calculated by the
equation
SPL = 20Log10(prms/pref),

2.1

where pref was 20 "Pa. Then the pistonphone signal was converted to a wave file and the
root-mean-square (RMS) value was calculated in Matlab. The RMS pressure was divided
by the RMS wave unit value of the recorded pistonphone signal to give the calibration
constant in [Pa / wav unit].
Once the equipment was set up and the microphone calibration tones had been
recorded, the C4 charges were detonated. The order of charges was as follows: half stick,
half stick, whole stick, whole stick, two sticks, two sticks, quarter stick, eighth stick,
eighth stick. A full stick weighed approximately 0.57 kg (1.25 lbs). There were 10 to 15
minutes between each blast to allow time for checking the recordings.
13

The weather at Aberdeen Proving Grounds on September 13, 2007 was mild. The
C-4 explosions were conducted from 9:45 AM until 12:00 PM. During that period the
temperature steadily increased from 70 to 76 degrees Fahrenheit. Relative humidity
varied between 57% and 46%, generally decreasing. The wind was light during the
explosions, ranging from 1 to 6 miles per hour. The direction of the wind varied from 50º
to 140º relative to true north. The microphones with a 0º orientation to the blast wave
were all facing approximately 100º relative to true north. The microphones with a 90º
orientation to the blast wave were either facing vertically upward, or at 10º relative to
true north. A list of temperature, relative humidity, wind direction, and wind speed for
each explosion is shown in Table 2.3.
Table 2.3: Weather conditions for each of the explosions.
Shot
Number

Number
of Sticks

Time
(AM)

1
2
3
4
5
6
7
8
9

1/2
1/2
1
1
2
2
1/4
1/8
1/8

9:47:05
10:11:21
10:27:49
10:45:56
10:58:20
11:11:50
11:21:48
11:32:53
11:42:38

Temperature Relative
[°F]
Humidity
[%]
70°
71°
72°
72°
73°
74°
75°
76°
75°

57
55
55
54
53
48
50
48
46

Wind
Direction
[Degrees
relative
to North]
50°
80°
60°
70°
80°
100°
110°
140°
130°

Wind
Speed
[MPH]

Once all the data was recorded, corrections could be applied. The next chapter
will explain these corrections.
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5
5
4
6
5
4
1
4
2

Chapter 3
Digital Corrections Used
The digital corrections for the condenser microphones extend the bandwidth both
in the low-frequency and high-frequency directions. The two main contributors for lowfrequency attenuation are pressure equalization vent leak and pre-amplifier input
impedance. The main contribution for high-frequency error is diffraction. Separate
correcting algorithms were written for low frequency and high frequency effects. The
problems that cause low-frequency attenuation will be discussed first.

Pressure Equalization Vent
A pressure equalization vent is simply a hole placed in a microphone that allows
pressure behind the diaphragm to equilibrate with the external air pressure. This is done
to prevent damages that occur during static pressure changes. If the area behind the
diaphragm were to be completely sealed off, then changes in static pressure would cause
the diaphragm to bow out or cave in. The addition of the vent keeps this from happening.
Figure 3.1 is a cut-away view of a typical condenser microphone.

15

Figure 3.1: A cut-away view of a condenser microphone. [5]
While a vent protects the microphone by allowing slow pressure changes to occur
without damaging the diaphragm, it also causes low frequency signals to be attenuated.
When high frequency sound waves pass over the microphone, the chamber behind the
diaphragm does not have time to equilibrate and thus the signal is captured accurately.
However, when low frequency sound waves pass over the microphone, the pressure
inside the chamber has time to equilibrate. If this happens, then the diaphragm does not
move as much and the signal is measured as a lower value. This problem worsens as the
frequency drops. That is, the lower a signal is in frequency, the more it is attenuated.
The frequency at which a signal starts to become attenuated is dependent on the
compliance of the area behind the diaphragm and on the vent’s length and diameter. If a
particular vent’s length is increased, or if its diameter is decreased, then the frequency at
which attenuation starts to occur is lowered.

16

The attenuation that is caused by the vent can be accurately modeled as a firstorder high pass filter. Figure 3.2 is an example of a first-order high pass filter which
could represent the attenuation caused by a pressure equalization vent.

Magnitude Response (dB)

0.05

Magnitude (dB)

0

-0.05

-0.1

-0.15

-0.2
-3

10

-2

10

-1

10

Normalized Frequency ("# rad/sample)

Figure 3.2: First order high pass digital filter which accurately represents the low
frequency attenuation caused by pressure equalization vent leak.
Since the vent leak is a linear system that acts as a first order high pass filter, it is
easy to model.

Pre-Amplifier Input Impedance
The other major contributor in low frequency signal attenuation in condenser
microphones is the pre-amplifier input impedance. When a sound wave reaches the
diaphragm, the microphone cartridge will produce an electrical signal with a certain
17

varying voltage level. This signal will then meet the microphone’s pre-amplifier, which
has a unique input impedance that depends on the values of its elements.
A condenser microphone’s components can be equivalently modeled as a
combination of electrical components as shown in Figure 3.3.

Figure 3.3: An electrical-equivalent circuit of a condenser microphone. [8]
If the effects of the pressure equalization vent leak are ignored and if proper lowfrequency approximations are made, Figure 3.3 can be reduced to Figure 3.4.

18

Figure 3.4: A low-frequency model of a condenser microphone with vent leak effects
ignored. [8]
To simplify further, this series of capacitors can be reduced to a Thevenin equivalent of a
single capacitor.
The pre-amplifier’s input impedance can be modeled as a large resistor and a
small capacitor 6 combined in parallel. Figure 3.5 combines this model with the Thevenin
equivalent, low-frequency condenser microphone model that excludes vent leak.

6 Typically, the resistance is greater than 1 G$ and the capacitance is less than 1 pF. [2]

19

Figure 3.5: A low-frequency model of a condenser microphone (excluding vent leak)
attached to a pre-amplifier. Everything to the left of the line represents the microphone
low frequency model and everything to the right represents the pre-amplifier input model.
Cm is the output capacitance, Ri is the input resistance, and Ci is the input capacitance. [4]
Using this model, the voltage output becomes
Vout & V %

Cm
1

j$Ri

,

3.1

where Vout is the output voltage, V is the input voltage, Cm is the output capacitance,
and Ri is the input resistance. Equation 3.2 is only valid if Ci is much smaller than Cm,
which is the case with all condenser microphones. Since $ , the angular frequency, is
proportional to Vout , the voltage is attenuated more and more with decreasing frequency.

20

Diffraction Effects
The two major causes for low frequency roll off (pressure equalization vent leak
and pre-amplifier input impedance) have been discussed. Now high frequency error will
be considered.
The major cause for high frequency error is diffraction. The presence of the
microphone in the sound field causes measurement errors. When the diameter of the
diaphragm is small compared to the wavelength of an incident sound wave, then the wave
is measured accurately. However, if the diameter of the diaphragm is large compared to
the wavelength, then the wave is measured to have twice the pressure it actually has in
the free field. For frequencies between these two extremes, the effect is more
complicated. Figure 3.6 shows the effects of microphone diffraction, seen here as
overshoot.

21

Figure 3.6: C-4 explosion before and after diffraction correction is applied. The
difference between the peak pressures is the overshoot. This explosion was created by a
single stick of C-4 and was recorded by a !” B&K microphone oriented at 0º.
Also, when the wavelength of a sound wave is roughly the same as the diameter of the
diaphragm, a peak occurs in the response which can be 10 dB or more than if the
transducer housing was not present. [2]
To correct for the actual pressure distribution over the diaphragm, Matlab code
was developed to integrate the pressure over the face of the diaphragm. This code can be
seen in Appendix B. In order to integrate the pressure, the face of the microphone is
divided into a number of rings. The more rings, the more accurate the results will be.
However, more rings also means more processing time. Figure 3.7 shows an example of
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how the Matlab code creates a designated number of rings across the face of a
microphone.

Figure 3.7: An enlarged picture of the integration circles created virtually by the
diffraction correcting algorithm.
A real microphone has a total surface but the entire front surface is not active. The
total surface is the entire face of the microphone, which includes the diaphragm and a
structure to hold the diaphragm in place. The active surface is only the area covered by
the diaphragm. Figure 3.8 shows the total surface and the active surface.
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Figure 3.8: A diagram showing the difference between the active surface and the total
surface.
The diffraction correcting algorithm was designed to subdivide the total surface
area into a designated number of concentric rings, but integrate only across the active
surface. For most cases, the difference between the two areas is small. However, if the
microphone is mounted in a baffle, the difference between the two areas may be
considerable. In this case, a larger number of circles must be used for accurate
integration 7 .
Although these digital corrections help to make measurements more accurate, a
recording system can still be limited by the instrumentation that is used. Chapter 4 will
discuss some of the limitations that were imposed by the instrumentation used for the C-4
measurements at Aberdeen.

7

8 rings were used for the 4” baffles used at Aberdeen.
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Chapter 4
Instrumentation Limitations
There were certain limitations imposed by the instrumentation that was used in
the recording process at Aberdeen. Some were of negligible influence and some were of
minor influence; none were of major influence. All instruments have inherent limitations
and it is important to identify them. In this research, the limitations included anti-aliasing
filter ringing, diaphragm resonance, biasing circuitry, and pre-amplifier roll off. The
diaphragm resonance, filter ringing and the pre-amplifier roll off limited the high
frequency response, and pre-amplifier roll off limited the low frequency response of the
system.

Anti-Aliasing Filter Ringing
Since sampling was performed at 200 kHz, a low pass filter was applied with a
cut off frequency at 80 kHz to prevent aliasing. Without this filter, frequencies over 100
kHz would have folded back into the analysis band.
The low pass filter, an 8th order Butterworth analog filter, was applied by the Teac
GX Integrated Recorder. The application of this filter to the C-4 explosion data caused
ringing after the initial peak. Initially it was thought that the ringing was related to the
overshoot caused by diffraction (see Figure 3.1). However, even after diffraction
correction was applied, the ringing remained. Figure 4.1 shows an explosion waveform
that has the diffraction correction applied.
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Figure 4.1: A plot of the initial shock caused by the explosion, zoomed in to emphasize
the ringing after the initial rise. The measured shock was created by a ! stick of C-4
exploding and measured by a !” B&K microphone oriented at 90°.
To find the source of the ringing, a pulse generator was set up to feed a square
wave directly into the Teac GX recorder. The GX’s settings were configured to have a
low pass filter applied with a cut off frequency of 80 kHz. Figure 4.2 is the result of the
recorded square wave.
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Figure 4.2: Recording of a generated square wave fed directly into the GX recorder.
In order to test and see if the ringing was caused by the filter, the same recording
was repeated, but with the GX’s low pass filter turned off. Figure 4.3 is the result.
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Figure 4.3: The GX’s recording of a square wave without the low pass filter applied.
It is clear that the filter is causing the ringing. It turns out that even when an 8th
order Butterworth digital filter is applied to a square wave, the same ringing occurs. For
applications where there are no shock-like signals, the filter is acceptable because no
ringing occurs. However, when such a filter is applied to a signal with an extremely sharp
rise, ringing occurs. It was found that a Bessel filter causes the least amount of ringing
when applied to a shock-like signal. Figure 4.4 shows a square wave passed through 4th
order analog Butterworth filter and a square wave passed through a 4th order analog
Bessel filter.
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Figure 4.4: A comparison of a square wave filtered by a 4th order analog Butterworth
filter and by a 4th order analog Bessel filter. The sampling frequency was at 77 kHz.
It is obvious that the ringing produced by the Bessel filter is significantly less than
that produced by the Butterworth filter.
The ringing caused by the filter raises the measured value of the peak pressure. In
the case of the square wave, the ringing increases the peak pressure by about 13%. This
phenomenon was discovered late in the research process, so minimal time was devoted to
exploring it.

29

Microphone Cartridge Distortion
When high pressure signals reach a microphone, the diaphragm bends towards the
back plate. As the diaphragm bends further, the diaphragm—which acts as the spring in
the system—stiffens and requires more pressure to move it. Also, as the diaphragm
bends, the capacitance becomes nonlinear with displacement. Most manufacturers will
provide the SPL level at which a signal will experience 3% harmonic distortion. All
condenser microphone recordings will experience this distortion to some extent, but in
many cases it is negligible. The 3% level is simply a value given by the manufacturer.
Table 4.1 lists the pressure values at which the microphones used at Aberdeen experience
3% distortion (sometimes called the “upper limit” of linear response).
Table 4.1: A table of pressure values at which the microphones used at Aberdeen reach
3% distortion.
Microphone
½” GRAS
¼” B&K
!” B&K

Upper Limit (3% distortion) [Pa]
50
7,700
5,000

Upon viewing the data captured by channel 1 (the attenuated ½” GRAS microphone
oriented at 0°), it was suspected that some form of microphone distortion was taking
place. Figure 4.5 compares the rise phase from the ½” GRAS recording to the !” B&K
recording for explosion 1.
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Figure 4.5: The rise phase captured by an attenuated ½” GRAS microphone and a !”
B&K microphone, zoomed in to emphasize the waveform distortion created by the GRAS
microphone.
Compared to the waveforms captured by the other microphones, this one is much more
rounded at the peak. As Table 4.1 shows, the “upper limit” of this microphone is at 50
pascals. The peak pressure of this explosion, as measured by channel 7, is 927 pascals.
This explains why the waveform captured by channel 1 is distorted. Table 4.2 lists the
peak pressure values 8 for each of the 9 blasts.

8

50 meters from the source.
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Table 4.2: Peak pressure values for each explosion as measured by the !” B&K
microphone oriented at 0°.
Explosion Number
1
2
3
4
5
6
7
8
9

Peak Pressure [Pa]
927
1147
1389
1443
1890
1698
895
607
610

Comparing Table 4.2 to Table 4.1 reveals that all of the blasts recorded by the ½” GRAS
microphones are skewed because of microphone distortion. However, none of the peak
pressures from the explosions are close to the 3% upper limit for the ¼” or !”
microphones. One can calculate from Table 4.2 that from the smallest peak pressure in
explosion 9, to the largest peak pressure in explosion 5 that there is approximately a 10
dB range of amplitudes available in this data set.

Clipping
Clipping is a form of signal distortion that occurs when a signal exceeds the
maximum voltage limit of a system. All values that exceed the maximum measurable
value are measured as being the maximum measurable value. For the ½” GRAS
microphone, this limit was imposed by the microphone’s pre-amplifier. For the setup at
Aberdeen, clipping occurred when the measured signal exceeded +/- 5 volts. The ½”
GRAS microphones were the most sensitive of all the microphones in the setup. Nearly
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all of the blasts measured by the GRAS microphones were clipped. Table 4.3 shows
which microphones were clipped for each explosion.
Table 4.3: This table shows which explosion signals were clipped for each channel. An
“X” designates that the signal was clipped. See Table 2.1 in Chapter 2 to identify the
transducers used on each channel.

Channel 1
Channel 2
Channel 3
Channel 4
Channel 5
Channel 6
Channel 7
Channel 8
Channel 9
Wideband
Microphone

Shot
1

Shot
2

X
X

X
X

Shot
3
X
X
X

Shot
4
X
X
X

No
Data

Shot
5
X
X
X

Shot
6
X
X
X

Shot
7

Shot
8

Shot
9

X
X

X

X

No
Data

No
Data

No
Data

No
Data

The shots that weren’t clipped were still tainted by distortion.

Diaphragm Resonance
Another limitation imposed by the instrumentation was the high frequency roll off
caused by the diaphragm resonance of the microphone. The frequency at which
resonance occurs depends on the mass of the diaphragm, the compliance of the
diaphragm, and the compliance of the air chamber behind the diaphragm. Different
microphones can have different diaphragm masses and different back chamber volumes
with different compliances.
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Below the resonance frequency of the diaphragm, the system is stiffness
controlled. Above the resonance frequency, the system is mass controlled and thus the
response attenuates rapidly with increasing frequency. 9
The microphones used at Aberdeen Proving grounds were either ½”, ¼”, or !”.
Table 4.4 shows the diaphragm’s resonance frequency for each of the microphones used.
Table 4.4: A table of frequencies at which diaphragm resonance occurs for the
microphones used at Aberdeen Proving Grounds.
Microphone Type
½” GRAS
¼” B&K
!” B&K

Resonance Frequency [kHz]
Unknown
60
160

Recall that the sampling was being done at 200 kHz and that all signals were low pass
filtered at 80 kHz. Thus, the effect of diaphragm resonance, for the !” microphone, is
negligible.

Plate Biasing Circuitry
Another limitation in the low frequency response of the microphones was the roll
off created by the biasing circuitry in each of the B&K microphones. The biasing
circuitry is the part of the electronic circuitry in the microphone that involves a high
voltage and a large resistor. This configuration is put in place to keep a constant charge
between the diaphragm and the back plate of the microphone. Figure 4.6 is a simplified
model of a typical biasing circuit on a condenser microphone.

9

The roll off is 40 dB per decade of frequency [2].
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Figure 4.6: A simplified model of a typical biasing circuit on a condenser microphone.
[4]
It is desirable to keep the charge constant so that the measured voltage is
influenced only by a change in capacitance, which, in the case of condenser microphones,
is caused by the movement of the diaphragm. Equation 4.1 relates voltage, charge, and
capacitance.
V &q

C

4.1

As equation 4.1 shows, charge must be constant in order for voltage to be accurately
measured by a change in capacitance only.
Although the biasing circuit configuration provides charge stability for most
frequencies, it does not for lower frequencies. Since the resistor is large in value, charge
leaks back through slowly. For higher frequencies, this is not a problem because only a
negligible amount of charge gets through the resistor. For lower frequencies, there is
more time for the charge to get through the resistor and affect the voltage level. The
higher the resistance is, the lower the signal frequency must be to be affected. However,
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the higher the resistance, the longer it takes for charge to build up on the capacitor when
the microphone is first turned on.
Fortunately, the cut off frequency for this high pass filter is set by the
manufacturer to a level that did not affect the waveforms of the C-4 explosions.

Pre-amplifier High Frequency Roll Off
It is common to run a microphone, which has a pre-amplifier attached to the
cartridge, through a conditioning amplifier. The conditioning amplifier for the B&K
microphones used at Aberdeen was a Bruel & Kjaer Nexus. This amplifier had several
different low pass filters that could be applied. A 100 kHz low pass filter was chosen to
be used at Aberdeen. This is not to be confused with the 80 kHz low pass Butterworth
filter that was employed by the GX recorder.
The 100 kHz low pass filter applied by the Nexus was a second order filter that
had a high frequency roll off of 40 dB per decade of frequency.
This source of high frequency attenuation was intentional and was set to have a
cut off frequency that was sufficiently high enough that it would not influence the desired
range of frequencies. Thus, it is a negligible limitation imposed by the instrumentation.
Now that the setup, corrections, and instrumentation limitations have been
described, the corrected data will be presented.
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Chapter 5
Presentation and Analysis of Corrected Data, Rise Times, Peak Pressures, and
Transducer Effectiveness.

Applying the digital corrections improved the accuracy of the waveform
measurements. The low frequency corrections decreased the slope of the waveform by
increasing the low frequency energy. The high frequency corrections dramatically
reduced the overshoot caused by diffraction. As a result, rise times, peak pressures, and
power spectral density plots were made significantly more accurate. The corrected data
will now be presented and analyzed.

Low Frequency Corrections
Since the low frequency errors (pressure equalization vent leak and pre-amplifier
input impedance) were all causing attenuation, the application of the corrections
increased the low frequency energy. Figure 5.1 compares a C-4 explosion waveform that
has been low frequency corrected to its original unfiltered waveform.
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Figure 5.1: Comparison of low frequency corrected waveform to original waveform.
The results from this correction are similar to the results that were found when the
corrections were applied to sonic boom data in Marston’s thesis on Diffraction
Correction and Low-Frequency Response Extension for Condenser Microphones. Figure
5.2 shows a sonic boom and its corrected waveform, with the addition of the waveform
captured by a microphone with the “low frequency adapter”—a parallel capacitor. Recall
from Chapter 1 that the addition of a parallel capacitor to a condenser microphone is the
alternate method of low frequency bandwidth extension.
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Figure 5.2: Sonic boom waveform before and after corrections were applied compared to
data recorded by a microphone with a parallel capacitor attached. [4]
In this plot and in the C-4 plots, the corrections provide increased pressure values for
most of the pulse length. Then, towards the end of the pulse, the corrected data has lower
pressure values. In both plots, it is clear that the addition of low frequency energy has
negated a downward “bowing” of the blast signature.
An energy spectral density plot, as shown in Figure 5.3, shows that the corrections
add a significant amount of low frequency energy, especially below 30 Hz.
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Figure 5.3: Comparison of ESD 10 before and after low frequency corrections were
applied. This explosion was created by two sticks of C-4 and was recorded by the !”
B&K oriented at 90°.
Above 30 Hz, the two plots are nearly identical. Below 30 Hz, the corrected data shows
increased energy levels. This is perhaps the best plot for showing that the low-frequency
corrections add low frequency energy to the spectrum. Equations 5.1 and 5.2 were used
to calculate the ESD.

10

Matlab code that was used to calculate this is found in Appendix C.

40

)
, 2% X m * X m
ESD& 10% Log10 **
2 '
' for
p
ref
(
+

)
,X *X
ESD& 10% Log10 ** m m 2 ''
pref (
+

1. m .

N
-1
2

for m = 0, N/2

5.1

5.2

In equations 5.1 and 5.2, pref is 20 "Pa, Xm is the linear spectrum (which is calculated by
multiplying the FFT of the signal by the sampling interval), Xm* is the complex conjugate
of Xm, N is the length of the digital signal in sample points in the time domain, and m is
the sample bin number in the frequency domain.

High Frequency Corrections
The high frequency corrections made significant changes in the data. Correcting
for diffraction revealed peak pressure error values as large as 78%. Figure 5.4 compares
data that has been diffraction corrected to its original waveform.
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Figure 5.4: Positive phase comparison between diffraction corrected data and its original
waveform. The zoomed in picture emphasizes the differences in peak pressures between
the two plots. This explosion was created by a ! stick of C-4 and recorded by the !”
B&K microphone oriented at 0°.
The difference in peak pressures here is 226 Pa, which means that diffraction was causing
the peak pressure to be increased by 37%--a significant effect.
The diffraction correction code works only for microphones that are oriented at 0º
(facing the blast) and was applied only to the ¼” and !” B&K microphones. There were
three microphones used at Aberdeen that fit these guidelines: a ¼” B&K, a !” B&K, and
42

a ¼” B&K in a baffle (channels 5, 7, and 9 respectively). Table 5.1 and Figures 5.1, 5.6,
and 5.7 list and compare the peak pressure values of the corrected data to the original
data for these channels.
Table 5.1: Peak pressure values, before and after corrections, for channels 5, 7, and 9.
Shot
Number

1
2
3
4
5
6
7
8
9

¼” B&K
Channel 5
Original
[Pa]
1461
1938
2393
2030
2784
2756
1436
1056
1046

Corrected
[Pa]
820
1157
1382
1318
1777
1615
823
641
600

!” B&K
Channel 7
Original
[Pa]
1266
1360
1961
1831
2318
2381
1062
888
836
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Corrected
[Pa]
927
1147
1389
1443
1890
1698
895
607
610

¼” B&K
(baffled)
Channel 9
Original Corrected
[Pa]
[Pa]
1796
1027
2095
1237
2680
1573
2558
1482
3651
2130
3341
1945
1816
1057
1274
763
1169
702

Figure 5.5: Visual comparison of how much the diffraction correction changed the peak
pressure values for the unbaffled ¼” B&K microphone oriented at 0°. Percent error
values are listed above each explosion.

Figure 5.6: Visual comparison of how much the diffraction correction changed the peak
pressure values for the !” B&K microphone oriented at 0º. Percent error values are listed
above each explosion.
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Figure 5.7: Visual comparison of how much the diffraction correction changed the peak
pressure values for the baffled ¼” B&K microphone. Percent error values are listed
above each explosion.
The baffled ¼” B&K microphone has the greatest differences between corrected
and uncorrected peak pressures. When a baffle is applied, the frequency at which
pressure doubling begins to occur is lowered. Since much of the spectral energy for the
blasts was in this lower range, there was a larger band of spectral energy that experienced
pressure amplification. For the unbaffled ¼” microphone, pressure amplification begins
to become significant (a factor of 1.4) around 17 kHz. For the baffled microphone,
pressure amplification becomes significant around 1 kHz. Since these explosions have
much more energy at 1 kHz than they do at 17 kHz, the baffled data has much greater
overshoot.
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Baffled Microphones

The strategy of placing a microphone in a baffle is used to delay the effects of
diffraction. If a small microphone is placed in a large baffle, then the microphone will
experience pressure doubling until scattered waves from the edge of the baffle reach the
diaphragm. So, if the signal has a sharp rise, such as an explosion, then the baffled data,
when divided by two, will give an accurate peak pressure value since the scattered waves
from the edge of the baffle have not yet reached the diaphragm.
At Aberdeen, three microphones were mounted in baffles. One was the student
constructed wideband microphone, one was a ½” GRAS microphone (which clipped
severely), and one was a ¼” B&K microphone. Data from the ¼” B&K microphone was
decreased by a factor of 2, to compensate for pressure doubling, and then was compared
to the ¼” B&K microphone that was not mounted in a baffle and had been corrected
digitally for diffraction. Table 5.2 compares the peak pressure values obtained from each.
Table 5.2: Comparison of peak pressures from an unbaffled ¼” B&K microphone with
diffraction correction and a baffled ¼” B&K microphone with pressure values divided by
two.
Explosion Number
1
2
3
4
5
6
7
8
9

Peak Pressure from
Unbaffled ¼” B&K
Microphone (Channel 5)
820
1157
1382
1318
1777
1615
823
641
600
46

Half of Peak Pressure from
Baffled ¼” B&K
Microphone (Channel 9)
862
1011
1303
1242
1788
1633
870
625
583

Figure 5.8 visually compares the peak pressure values from Table 5.1.
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Figure 5.8: Visual comparison of peak pressure values measured by an unbaffled ¼”
B&K microphone oriented at 0º, which has been corrected for diffraction, and a baffled
¼” B&K microphone oriented at 0º, which has had it’s values divided by two.
While the peak pressures are nearly identical, the waveforms are not. Roughly 150 "s
after the initial shock, pressure drops drastically (by about one half) because scattered
waves from the edge of the baffle have reached the diaphragm. The baffle had a 2-inch
radius, so for a sound wave traveling at 343 m/s to go 2 inches (0.0508 meters), it takes
148.1 "s. Figure 5.9 compares explosion 2 as recorded by the baffled and unbaffled ¼”
B&K microphones.
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Figure 5.9: Comparison of a diffraction corrected ¼” B&K and half pressure values of a
baffled ¼” B&K microphone recording of C-4.
Rise Times

Another characteristic of the explosions that is of interest is the rise time. The rise
time is the amount of time a signal takes to go from 10% of the peak value to 90% of the
peak value. When dealing with the recording of shock waves, the measured rise time will
be dependent upon the equipment used. Except for the digital-oscilloscope recordings of
the wideband microphone, the equipment was set to sample at 200 kHz. This gives a time
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resolution of 5 "s. Figure 5.10 shows the rise phase of one of the C-4 blasts with each
sample point marked with an “X”.
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Figure 5.10: Rise phase from explosion 9 (! stick of C-4) as recorded by the !” B&K
microphone oriented at 0° and corrected for diffraction. Each sample point is 5 "s apart
and marked with a red “X”.
By inspection of the figure, the rise time 11 is about 10 "s. Table 5.3 lists the rise
times for each of the 9 explosions, as captured by the !” B&K microphone oriented at

11

Matlab code used to obtain rise times is found in Appendix D.
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90°. These values were calculated by measuring the time it took for the signal to go from
10% to 90% of the peak pressure.
Table 5.3: List of rise times for all of the C-4 explosions.
Charge
Size
! Stick
! Stick
¼ Stick
½ Stick
½ Stick
1 Stick
1 Stick
2 Sticks
2 Sticks

Rise Time
["s]
9.1
9.9
8.9
11.8
10.6
11.3
8.8
8.9
8.6

Rise times were calculated in Matlab with an algorithm that found the initial and
peak value of a signal and then interpolated to find the 10% and 90% values. The code
for this can be found in Appendix D.
When high amplitude signals, such as explosions, travel over a distance, energy is
transferred from fundamental frequencies to harmonic frequencies. Also, the parts of the
wave with higher particle velocity travel faster than the parts with lower particle velocity.
This reduces the distance between the front of the shock and the maximum value of the
shock. The term “steepening” is used to describe this nonlinear phenomenon. For a more
detailed explanation of nonlinear steepening, see Loubeau’s thesis on Nonlinear
Propagation of High-Frequency Energy from Blast Waves as it Pertains to Bat Hearing,
especially section 1.5.1. [3]
Explosions with higher peak pressures should have faster rise times than
explosions with lower peak pressures because higher peak pressures mean greater
50

nonlinearity, greater steepening, and thus faster rise times. This was not the case with the
data in Table 5.3 because those rise time estimates reflect the acquisition system’s
response rather than the actual shock rise time.
It is important to note that since the time resolution was 5 "s, the 10% rise and
90% rise locations on the waveform were not precisely located. An examination of the
waveform captured by the wideband microphone (channel 10) reveals faster rise times.
Although the response of the wideband microphone is not known, the results suggest that
the other microphones were not being sampled frequently enough to capture an accurate
rise time. The wideband microphone was sampled at 50 MHz. Figure 5.11 shows the rise
phase of a blast captured by the wideband microphone.
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Figure 5.11: Rise phase of a C-4 explosion (½ stick) as captured by the wideband
microphone which was sampled at 50 MHz.
This plot shows the rise time of explosion 2 being about 2 or 3 "s. This
microphone was not calibrated, so the peak pressure levels are unknown. A sampling
frequency of 50 MHz yields a time resolution of 20 nanoseconds or .02 "s. The short
time resolution allows for the 10% and 90% rise values to be clearly marked and thus for
more accurate rise time to be calculated. Table 5.4 lists the rise times for explosions 2
through 5 as captured by the wideband microphone.
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Table 5.4: Rise times for explosions 2, 3, 4, and 5 as captured by the wideband
microphone.
Explosion Number
2
3
4
5

Charge Size
½ Stick
Whole Stick
Whole Stick
Two Sticks

Rise Time ["s]
2.5
2.7
2.7
2.8

The fact that the rise time for largest charge (explosion 5) is longer than the others
suggests that the rise time measurement may still be limited by the instrumentation.

Overview of Effectiveness of Microphones Used

Eleven different transducers were used at Aberdeen Proving Grounds to record
the C-4 explosions. Some of the transducers yielded better source characterization than
others. All of the transducers will be listed now and their effectiveness and strengths will
be analyzed.
The three ½” GRAS microphones were recorded as channels 1, 2, and 3. They
will be reviewed first.
Channel 1 was the ½” GRAS microphone that was oriented at 0º and had a 20 dB
attenuator attached. The signal was clipped for all explosions that were from a C-4 charge
larger than half a stick. All of the recordings from this microphone were affected
significantly by microphone distortion. As Table 4.1 points out, the published 3%
distortion level is 128 dB, or 50 Pa. All of the explosions, even those from a ! stick of
C-4, are at least 12 times higher pressure than the 3% distortion limit. This microphone is
not well suited for recording C-4 explosions.
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Channel 2 was the ½” GRAS microphone, oriented at 90°, without an attenuator.
All of the measured explosions were distorted by clipping. This microphone also has a
3% distortion limit at 128 dB, thus rendering it ineffective at recording C-4 explosions.
Channel 3 was the ½” GRAS microphone, oriented at 0°, with a 20 dB attenuator
attached, mounted in a 4” baffle. All of this data was clipped as well, except for the 1/8
stick explosions. This microphone also had a 3% distortion limit at 128 dB. Since the
presence of the baffle increased the pressure sensed by the microphone, distortion was
even higher for this channel. This channel was ineffective at recording C-4 explosions.
The four ¼” B&K microphones were recorded as channels 4, 5, 8, and 9.
Channel 4 was the ¼” B&K microphone oriented at 45°. The data from this
channel was not analyzed. The 90° orientation was best for data that was not corrected for
diffraction because the face of the diaphragm was perpendicular to the signal and thus
experienced the least amount of pressure amplification. The 0° orientation data was
valuable because it could be corrected for diffraction effects. While the ¼” microphone
itself proved to be useful for recording C-4, the orientation also helped with some
nonlinear calculations that were made separately.
Channel 5 was the ¼” B&K microphone oriented at 0°. This data was useful
because the microphone was capable of handling the high pressures from the blast. Also,
since the microphone was oriented at 0°, the diffraction correction could be applied. This
microphone and orientation proved effective for recording C-4 explosions.
Channel 8 was the ¼” B&K microphone oriented at 90°. Since the orientation was
perpendicular to the blast, diffraction had smaller effects on the data. However, this data
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was not as useful as the data from channel 6 since the bandwidth of the ¼” microphone is
smaller than the !” microphone.
Channel 9 was the ¼” B&K microphone, oriented at 0°, mounted in a 4” baffle.
This data was useful for comparing baffled data to unbaffled data and to evaluate the
utility of the baffle. Using a baffle and dividing the pressure by two yielded accurate peak
pressure values.
The two !” B&K microphones were recorded as channels 6 and 7.
Channel 6 was the !” B&K microphone oriented at 90°. This microphone and
orientation gave the best results for uncorrected data. The 90° orientation minimizes the
effects of diffraction on the microphone.
Channel 7 was the !” B&K microphone oriented at 0°. Like channel 5, the
diffraction correction could be applied to this microphone. Without the corrections, the
diffraction overshoot reduced the accuracy of peak-pressure estimates. After the
corrections were applied, this was one of the most useful channels of data.
The student constructed wideband microphone was recorded as channel 10. This
microphone was not calibrated, so no pressure values were drawn from the data.
However, this channel was useful for measuring rise times. It was only recorded for four
of the explosions (numbers 2 through 5). The sampling frequency for this channel was set
to 50 MHz, as opposed to 200 kHz. This higher sampling frequency and the wider
bandwidth of the microphone were the key factors in measuring faster rise times.
The ½” GRAS microphones were included primarily to exaggerate the effects of
sensor nonlinearity. They would not normally be used to make these measurements. The
addition of an attenuator helped to keep the signal from clipping, but was unable to
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prevent microphone distortion. The ¼” and !” B&K microphones were well suited for
recording C-4 explosions at 50 meters distance. If corrections are not applied, the 90º
orientation works best because it minimizes the effects of diffraction. If corrections are
applied, then the 0º orientation of the !” B&K microphone works best. The 4” baffled
data at 0° was helpful for recording peak pressures without diffraction correction, but
only the initial portion of the waveform was recorded correctly.
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Chapter 6
Conclusion
The ultimate goals of the research were to assess the performance of a number of
microphones and microphone orientations with respect to accurate characterization of the
pressure waveforms from C-4 explosions and to equip the Army researchers with the
ability to do the same in the future. Source characterization involves determination of
peak pressures, rise times, and accurate waveforms. The problems that required
microphone corrections were described, as well as the limitations of the instrumentation
that was used in the setup at the US Army test site at Aberdeen Proving Grounds. The
setup of the equipment that was used was described as well, since data acquisition results
are always influenced by the setup and location of equipment.
The setup included 10 different transducers: 9 traditional condenser microphones
of sizes ½”, ¼”, and !”, and 1 student constructed wideband microphone. All of the ¼”
and !” microphones were run through a Nexus conditioning amplifier and all outputs,
except for the wideband microphone, were recorded using a Teac GX Integrated
Recorder. The sampling was set at 200 kHz and the signals were low pass filtered at 80
kHz. In addition, the wideband microphone was recorded using a digital oscilloscope
with a 50 MHz sample rate.
The microphone corrections were designed to fix low frequency and high
frequency errors. The low frequency errors were caused by pressure equalization vent
leak and pre-amplifier input impedance roll off. Both of these errors cause low frequency
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attenuation. The corrections were made by modeling the roll off and then correcting for
it. The result of code being applied to a !” B&K recording of a stick (0.57 kg) of C-4
explosion is shown in Figure 6.1.

1500

Uncorrected
Corrected

Pressure [Pa]

1000

500

0

-500
0

10

20
Time [ms]

30

40

Figure 6.1: Waveform of a stick (0.57 kg) of C-4 explosion at 50 meters, before and after
low frequency corrections were applied.
The error that was associated with high frequencies was from the effects of
diffraction. Above a certain frequency, the microphones would measure the waves to
have twice the pressure that they actually had. This specifically affected the shock portion

58

of the waveform, causing an overshoot of the peak pressure. The result of the diffraction
code applied to a C-4 explosion is shown in Figure 6.2.
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Figure 6.2: Comparison of data before and after diffraction correction for a single stick of
C-4 exploding, recorded by a !” B&K microphone oriented at 0º.
The application of the diffraction correcting code to the microphones yielded
drastically reduced peak pressures, reducing by as much as 1521 Pa. It was also seen that
if the diffraction correcting codes are not available, then mounting a microphone in a
sufficiently sized baffle and then reducing the measured peak pressure by a factor of two,
yields a peak pressure value that is close to the diffraction corrected value.
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The combination of both low frequency and high frequency correction codes on a
single plot is shown in Figure 6.3.
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Figure 6.3: Waveforms of single stick explosion of C-4, before and after low and high
frequency corrections have been applied, as recorded by a !” B&K microphone oriented
at 0°.
Some of the limitations imposed by the instrumentation were explored as well.
One notable phenomenon was the ringing caused by the Butterworth anti-aliasing filter
applied to the shock signals. A summary comparing the results from different transducer
types was given as guidance for future measurements.
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If future measurements are to be made, a !” B&K microphone, oriented at 0°,
with diffraction correction applied yields the best results. If diffraction correction is not to
be applied, then a !” B&K microphone oriented at 90° provides the best results. If a
measurement is made for the sole purpose of finding peak pressures, the easiest solution
is to place a microphone in a baffle and then divide the peak pressure value by 2.
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Appendix A
Complete List of Equipment Used

Item

Quanitity

1/2" Bruel & Kjaer Microphone

3

1/4" Bruel & Kjaer Microphone

4

1/8" Bruel & Kjaer Microphone

2

1/2" 20 dB Attenuator

2

Wideband Microphone

1

Blast Pencil

1

Bruel & Kjaer Nexus Conditioning Amplifier

2

Nexus Power Supply

1

Nexus Batteries

2

Nexus DC Cables

1

8 Meter Poles

2

Battery Chargers

4

3 Meter Bruel & Kjaer Cables

2

10 Meter Bruel & Kjaer Cables

5

50 Meter BNC Cables

4

100 Foot BNC Cables

2

2 Meter BNC Cables

8
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Teac GX-1 Integrated Recorder + Accessories

1

Dell Latitude D630 Laptop + Charger

1

Marine Batteries

4

Inverters

2

Camera Mount Fixtures

4

1/2" Microphone Mount Tubes

2

1/4" Microphone Mount Tubes

5

Camera Mounts

5

Baffle Mount Fixtures

1

3 Meter Pole + Guidewires

1

Stakes for Guidewires

3

Hammer

1

Duct Tape

1

Volt Meter

1

Allen Wrench Set

1

Philips Head Screwdriver

1

Flat Head Screwdriver

1

Wire Cutters

1

Razor

1

Zip Ties

1 Pack

9 Volt Batteries

2

AA Batteries

2
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Flashlight

1

Headlamp

1

Plastic Screws

2

Power Strip

1

Ziplock Bags

1 Pack

2 Man Tent

1

Lawn Chair

1

Electronics Cleaner

1

Folding Chair

1
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Appendix B
Matlab Code for Diffraction Correction
There are 4 additional functions necessary to run the “diffcor” function for diffraction
correction. They have been included below “diffcor” and are separated by bold lines.
“Micsize” should be the diameter of the microphone in inches. In the case of a baffle,
“Micsize” should be the diameter of the baffle, in inches. Also, if using a baffle, change
line 65 in the diffcor function to read “avgp=Jones_diff_fn(ka,8,50,ratio)” where ratio
should be the ratio of the diaphragm diameter to the baffle diameter (in inches).
function [diffc] = diffcor(yy,fs,micsize)
tic
%
% Sound speed in air:
c_air=345;
% Sampling interval, dt, and number of samples in time series:
dt=1/fs; N=length(yy);
% % % dt = dt*16;
pulse1 = yy;
pspect1=ffttime(pulse1);
% Corresponding frequencies for spectrum:
df=1/(N*dt);
freqs=[0:N/2]*df;
% Microphone diameter in inches:
mic_inches=micsize;
mic_a_meters=(mic_inches/2)*25.4e-3;
% Microphone response
% Frequency at which ka = 1:
f_ka_1=c_air/(2*pi*mic_a_meters);
% Array of ka values for diffraction calculation:
ka=freqs/f_ka_1; ka(1)=ka(1)+0.00001;
%
% Calculate the average complex pressure on the face
%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
avgp=Jones_diff_fn(ka, 4, 20, 0.9);
avgp = conj(avgp);
something = pspect1./avgp;
diffc = iffthalf(something)*1.7958;
toc

66

function avgp=Jones_diff_fn(ka_total, bn, maxka, actrad)
%
%
%
%
%
%
%
%
%
%
%
%
%

This routine calculates the average (complex) pressure
on the face of the rod. The calculation is done for
all values of ka included in ka_total. bn is order of bessel coeff.
Format: avgp=Jones_diff_fn(ka_total, bn, maxka, actrad)
ka_total = array of ka_values
number of terms in the bessel series to be included in calculation
maxka = the maximum value of ka that will be computed
actrad = the active radius of the microphone
restrictions:
bn <= 50
maxka < = 300

nka=ka_total<maxka; n1=sum(nka); ka=ka_total(1:n1);
%
joo=2.40483;
% Find the gm constants, which are the coefficients of the
% Bessel series:
%%% Change: Jones_rod_gms previously returned 4 arrays. Now it will
return
%%% 1 matrice, the number of rows will be determined by the order bn
rinc = 1/(1/(actrad/5) - mod(1/(actrad/5),1));
% rinc = actrad/5;
[gms]=Jones_rod_gms(ka, bn);
r=0.0:rinc:1;
save gmstest gms ka;
%
% gm3 = gm3*0;
% gm2 = gm2*0;
dr=1/(length(r)-1);
% The alpha factor accounts for the non-responsive solid
% edge of the condenser microphone. Pressure for r > alpha
% is not considered in the sum over the face because it
% would have no effect on the diaphragm
alpha=actrad;
% The factor nfact adjusts the result to compensate for the
% Bessel weighting across the diaphragm
nfact=alpha^2*0.4318;
nfact = nfact/2;
nedge=floor(alpha/dr);
%
%
Implementation of a quasi-trapezoidal integration of
% the pressure over the end face
%
for kk=1:length(ka)
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p_profile=Jones_p_profile(r,gms(:,kk));
% Apply Bessel-function, J0, weighting appropriate for membrane
p_profile(1:nedge)=besselj(0,r(1:nedge)*joo/alpha).*p_profile(1:nedge)/
nfact;
% Set pressure outside active membrane area to zero for
integration
p_profile(nedge+1:length(p_profile))=0;
int_sum=0;
for nn=2:length(r)
r1=r(nn-1); p1=p_profile(nn-1);
r2=r(nn) ; p2=p_profile(nn);
bb=(p2-p1)/(r2-r1); aa=p1-bb*r1;
int_sum=int_sum+aa*(r2^2-r1^2)/2 + bb*(r2^3-r1^3)/3;
end
avgp(kk)=int_sum*2;
end
%
% Ad hoc extension if required since Jones' tables only go
% to ka = 10.
%
if n1<length(ka_total)
ka1=ka_total((n1+1):length(ka_total));
%avgext=2.00+j*12.4028*exp(-ka1/1.9635);
%
avgext=2.00+j*0.00*ka1;
ka1 = ones(1, length(ka1));
avgext = avgp(1, length(avgp))*ka1;
avgp=[avgp,avgext];
end

function [gms]=Jones_rod_gms(ka, bn)
% Calculation of coefficients in Bessel series for
% pressure at rod end
%
% Zeros of the derivative of the Bessel J-zero function
% [ord, zer] = bezerof(bn)
load nbesselzeros;
zer = bzers(1:bn)';
%
% Calculate capital-K-sub-p functions by interpolating in
% the tables
%
%% KP_fun_gen now, like the other func, returns a matrix, not a set of
4
%% row vectors.
[KP]=KP_fun_gen(ka, bn);
%
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% save KPtest KP ka;
for n = 1:bn
if n == 1
kkxa(n,:) = i*ka;
else
kkxa(n,:) = sqrt(zer(1,n-1)^2-ka.^2);
end
end
%
%
%
%
%

kk0a=i*ka;
kk1a=sqrt(jo1^2-ka.^2);
kk2a=sqrt(jo2^2-ka.^2);
kk3a=sqrt(jo3^2-ka.^2);

%%% This is going to be really hard to edit
for ii=1:length(ka)
kx = kkxa(:, ii)';
%
k0=kk0a(ii); k1=kk1a(ii); k2=kk2a(ii); k3=kk3a(ii);
Lx = KP(:, ii)';
% should be same length as kx
%
L0=KP0(ii) ; L1=KP1(ii) ; L2=KP2(ii); L3=KP3(ii);
%
z00=(1+((2*k0)^2)/((k0+k0)*L0)^2)/(2*k0);
%
z11=(1+((2*k1)^2)/((k0+k1)*L1)^2)/(2*k1);
%
z22=(1+((2*k2)^2)/((k0+k2)*L2)^2)/(2*k2);
%
z33=(1+((2*k3)^2)/((k0+k3)*L3)^2)/(2*k3);
%
z01=1/(k0+k1); z02=1/(k0+k2); z03=1/(k0+k3);
%
z10=1/(k1+k0); z12=1/(k1+k2); z13=1/(k1+k3);
%
z20=1/(k2+k0); z21=1/(k2+k1); z23=1/(k2+k3);
%
z30=1/(k3+k0); z31=1/(k3+k1); z32=1/(k3+k2);
%
zz=[z00, z01, z02, z03; z10, z11, z12, z13;...
%
z20, z21, z22, z23; z30, z31, z32, z33];
for m = 1:bn
for n = 1:bn
if n == m
zz(m, n) =
(1+((2*kx(n))^2)./((kx(1)+kx(n))*Lx(n))^2)./(2*kx(n));
else
zz(m, n) = 1./(kx(m)+kx(n));
end
end
end

%
%
%
%
%

inzz=inv(zz);
for n = 1:bn
tim(n,1) = 1./(kx(1) + kx(n));
end
betav = inzz*tim;
% NOT SO SURE ABOUT THIS ONE
beta0123=inzz*[1/(k0+k0);1/(k0+k1);1/(k0+k2);1/(k0+k3)];
beta0=beta0123(1);
beta1=beta0123(2);
beta2=beta0123(3);
beta3=beta0123(4);
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%
%
%
%

gm0(ii)=-beta0*4*k0*L0/((k0+k0)*L0);
gm1(ii)=-beta1*4*k0*L0/((k0+k1)*L1);
gm2(ii)=-beta2*4*k0*L0/((k0+k2)*L2);
gm3(ii)=-beta3*4*k0*L0/((k0+k3)*L3);

end
%

for n = 1:bn
gms(n, ii) = -betav(n)*4*kx(1)*Lx(1)./((kx(1)+kx(n))*Lx(n));
end

function p_profile=Jones_p_profile(x,gms);
% Calculation of pressure profile - Jones rod; normal incidence
%
% This routine sums the Bessel series for the pressure
% as a function of radial coordinate, x. x = 0 at the center
% and x = 1 at the edge.
%
% Zeros of the derivative of the Bessel J-zero function
bn = length(gms);
% [ord, zer] = bezerof(bn);
load nbesselzeros;
zer = bzers(1:bn)';
% jo1=3.831707; jo2=7.015587; jo3=10.17347;
%
% zer = [3.831707, 7.015587, 10.17347];
for n = 1:bn
if n ==1
bess1(n,
bess2(n,
else
bess1(n,
bess2(n,
end
end

%
%
%
%
%
%
%
%

:) = 1+0*[1:length(x)];
:) = bess1(n);
:) = besselj(0, x*zer(n-1));
:) = besselj(0, zer(n-1));

bess0=1+0*[1:length(x)];
bess1=besselj(0,x*jo1);
bess2=besselj(0,x*jo2);
bess3=besselj(0,x*jo3);
%
bess00=bess0;
bess10=besselj(0,jo1);
bess20=besselj(0,jo2);
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% bess30=besselj(0,jo3);
%
sum=bess1(1,:)*0.0;
for n = 1:bn
sum = sum + gms(n)*bess1(n, :)/bess2(n, :);
end
% sum=sum+gm0*bess0/bess00;
% sum=sum+gm1*bess1/bess10;
% sum=sum+gm2*bess2/bess20;
% sum=sum+gm3*bess3/bess30;
%
p_profile=(2+sum);

%% Tables for ka values up to 300,
%% and bn values up to 50 have been stored in a mat file called
KPtables. The
%% x values are stored in a mat file called KA
function [kPx]=KP_fun_gen(ka_array, bn)
% load ka_int3;
% load KA;
load ka_int4;
load KPtables4;

maxka = max(ka_array);
maxka = ceil(maxka);
ind = find(ka_int < maxka + 0.25);
ind = max(ind);
if ind == 1
'error'
end
kP = kP(:, 1:ind);
ka_int = [ka_int];
ka_int = ka_int(1:ind);
for n = 1:bn
kPx(n,:) = interp1(ka_int, kP(n,:), ka_array);
end
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Appendix C
Matlab Code for Energy Spectral Density

%PSDs of C4 Explosions for Channel 6
clear all; close all; clc;
calibrationconstants
% for s = 1:6
% [sdata,fs] = wavread(['C40',num2str(s),'c6.wav']);
[sdata,fs] = wavread(['C405c6.wav']);
sdata = sdata - sum(sdata)/length(sdata);
sdata = (3.16*sdata(50001:450000)*cal6*(-1));
sdatacorr1 = eighthLFcor(sdata,fs);
sdatacor = othereighth(sdatacorr1,fs);
dt = 1/fs;
N = length(sdata);
T = N*dt;
df = 1/(N*dt);
[PSD] = GxxDB(sdata,fs);
[PSDcor] = GxxDB(sdatacor,fs);
freq2 = linspace(df,fs/2,length(PSD));
figure
semilogx(freq2,PSD,freq2,PSDcor,'r')
xlim([0 20000]);
% title(['ESD for C4 Explosion ',num2str(s),' Channel 6']);
title(['ESD for C4 Explosion 5 Channel 6']);
ylim([0 130]);
xlabel('Frequency [Hz]');
ylabel('Energy Spectral Density [dB]');
legend('Uncorrected','Corrected');

function [PSD] = GxxDB(y,fs)
%Function returns non-averaged, non-windowed, single-sided Power
Spectral Density
%Frequency axis must be generated separately.
dt = 1/fs;
N = length(y);
T = N*dt;
X = fft(y)*dt;
PSD1 = 10*log10(((X(1).*conj(X(1)))) / ((20e-6)^2));
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PSD2 = 10*log10(((2*X(2:(length(y)/2)-1).*conj(X(2:(length(y)/2)-1))))
/ ((20e-6)^2));
PSD3 = 10*log10((X((length(y)/2)).*conj((X(length(y)/2)))) / ((20e6)^2));
PSD = [PSD1; PSD2; PSD3];
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Appendix D
Matlab Code for Rise Time Calculation
To run code and find rise time, simply insert t, y, and yss, where t is the time vector, y is
the signal, and yss is the maximum value in the signal.
function [tr]=risetime(t,y,yss)
%STEPSPECS System Step Response Specifications.
%NOTE: To get rise time, simply input t,y and input Yss as the max
value.
% The rise time is assumed to be the time for the response to initially
% travel from 10% to 90% of the final value Yss.
%------------------------------------------------------------------------if nargin<2
error('At Least Two Input Arguments are Required.')
end
if numel(t)~=length(t) || numel(y)~=length(y)
error('T and Y Must be Vectors.')
end
if nargin==2
yss=y(end);
sp=2;
elseif nargin==3
sp=2;
end
if isempty(yss)
yss=y(end);
end
if yss==0
error('Yss Must be Nonzero.')
end
if yss<0 % handle case where step response may be negative
y=-y;
yss=-yss;
end
t=t(:);
y=y(:);
% find rise time using linear interpolation
idx1=find(y>=yss/10,1);
idx2=find(y>=9*yss/10,1);
if isempty(idx1) || idx1==1 || isempty(idx2)
error('Not Enough Data to Find Rise Time.')
end
alpha=(yss/10-y(idx1-1))/(y(idx1)-y(idx1-1));
t1=t(idx1-1)+alpha*(t(idx1)-t(idx1-1));
alpha=(9*yss/10-y(idx2-1))/(y(idx2)-y(idx2-1));
t2=t(idx2-1)+alpha*(t(idx2)-t(idx2-1));
tr=t2-t1;
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Appendix E
Matlab Code for Low Frequency Corrections
Separate code is written for the ¼” B&K microphone and the !” B&K
microphone. For both functions call for only the signal and the sampling frequency,
“sdata” and “fs” respectively.
¼” B&K Microphone Low Frequency Correction Code:
function [othereighthfilter] = othereighth(y,fs)
%Some constants for the 1/8" mic
Ri = 15e9; %Ohms
Ci = .25e-12; %F
Ce = 3.5e-12; %F
tauo = Ri*(Ce+Ci); %sec
f1 = .01; %Hz
taux = 1/(2*pi*f1);
nums = [taux,taux/tauo];
dens = [taux,1];
[bb,aa] = bilinear(nums,dens,fs);
othereighthfilter = filter(bb,aa,y);
function [ready] = eighthLFcor(sdata,fs)
%NOTE: This ONLY applies to the 1/8" B&K microphone (BK 4138) which has
%pre-amp 2670.
%Both the 1/8" and the 1/4" B&K pre-amps are not well modeled by a
%single-pole high pass filter.
%values for bootstrapped model pre-amp
R = 10e9; %Ohms
C = 6e-12; %F
Cmic = 3.5e-12; %F

1/8" mic element capacitance

%Filter generation.....
nums = [1,2/(R*C),0];
dens = [1,2/(R*C),1/(R*R*C*Cmic)];
[bb,aa] = bilinear(nums,dens,fs);
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y_LFeighth = filter(bb,aa,sdata);
ready = othereighth(y_LFeighth,fs);

!” B&K Microphone Low Frequency Correction Code:
function [othereighthfilter] = otherquarter(y,fs);
%Some constants for the 1/4" mic
Ri = 15e9; %Ohms
Ci = .25e-12; %F
Ce = 6.1e-12; %F
tauo = Ri*(Ce+Ci); %sec
f1 = .01; %Hz
taux = 1/(2*pi*f1);
nums = [taux,taux/tauo];
dens = [taux,1];
[bb,aa] = bilinear(nums,dens,fs);
othereighthfilter = filter(bb,aa,y);
function [ready] = quarterLFcor(sdata,fs)
%NOTE: This ONLY applies to the 1/4" B&K microphone (BK 4138) which has
%pre-amp 2670.
%Both the 1/8" and the 1/4" B&K pre-amps are not well modeled by a
%single-pole high pass filter. Appendix B in Dr. Gabrielson's "Low
%Frequency Reponse Correction" paper offers compensation for the preamp's
%"bootstrapping".
%values for bootstrapped model pre-amp
R = 10e9; %Ohms
C = 6e-12; %F
Cmic = 6.1e-12; %F

1/4" mic element capacitance

%Filter generation.....
nums = [1,2/(R*C),0];
dens = [1,2/(R*C),1/(R*R*C*Cmic)];
[bb,aa] = bilinear(nums,dens,fs);
y_LFquarter = filter(bb,aa,sdata);
ready = otherquarter(y_LFquarter,fs);
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Appendix F
Product Data “Spec Sheets” for ½” GRAS Microphone, ¼” B&K Microphone, !”
B&K Microphone, and B&K NEXUS Conditioning Amplifier
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