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as the basis for characterizing the frequency responses of the human 
head and chest, and for specifying filters for the data acquisition and 
analysis of such signals. Spectral analysis of about 450 signals 
resulted in some 23 approximate characterizations that were further 
combined into three final recommendations. Each recommended filter 
is a low-pass Butterworth filter specified by its -3 dB corner (Hertz) 
and the slope of its rolloff asymptote (dB/decade). The three 
recommended filters are: 

HEAD signals: Corner = 550 Hz, Slope = -26 dB/dec. 
CHEST (anti-alias) : Corner = 500 Hz, Slope = - 2 7  dB/dec. 
CHEST (analysis) : Corner = 177 Hz, Slope = -15 dB/dec. 

The use of a single analog Butterworth filter with corner at 
800 Hz and a slope of -30 dB/decade for anti-aliasing with sampling 
at 8000 Hz would preserve significant frequencies in both head and 
chest signals, and would allow further digital filtering using one 
of the recommended filters. 
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Digital signals generated during head and chest impact tests were used as 
the basis for characterizing the frequency response of the human head and chest 
and to specify filters to be-used during the data acquisition and analyses phases 
biomechanical impact tests. About 450 signals were used in thisfilter study. 
These were combined into 35 different groups to produce different frequency 
response characterizations. 

The grouping was based on several considerations. Those included 
whether the signal resulted from a head or a chest impact, the type of impacting 
surface, the direction of impact, the proximity of the sensor to the impact site, and 
whether a fracture occurred at or near the transducer mount. The sensitive axis of 
the sensor and the severity of impact were not considered as key factors in the 
grouping. No fractures occurred in only 23 groups, and these goups were 
eventually combined to produce the specifications for head and chest filters. 

A low-pass Butterworth filter, specified by its -3 dB corner frequency 
(Hertz) and its rolloff slope (dB/decade), was used as a model to describe the fre- 
quency responses of the analyzed signals. An approximation procedure was de- 
veloped and applied to estimate these two system parameters, given the limited in- 
fom~ation about the signals available for analysis. 

Analysis of frequency responses of head signals indicated that a single fil- 
ter may be used for data acquisition and/or analysis. For chest signals, it was not 
possible to specify a single filter. Instead, the analysis indicated that anti-alias 
filtering for data acquisition should use one filter, and filtering for biomechanical 
data analyses may use a lower-frequency filter. The three recommended Butter- 
worth filters are: 

Comer Rolloff 
(Hertz) (dB/dec) 

HEAD 550 -26 

CHEST (anti-alias) 500 - 27 

CHEST (analysis) 177 -15 

It was also concluded that a single analog Butterworth filter with a corner 
at 800 Hz and a rolloff slope of -30 dB/decade may be used as an anti-alias filter 
for both head and chest signals with a sampling rate not below 8000 Hz, provided 
that signals are filtered further using the recommended filters. 



INTRODUCTION 

As part of the biomechanical data analysis task of the AATD program, a 
comprehensive filter study was undertaken to provide a rational basis for filtering 
biomechanical signals prior to their analysis and their use for specifying response 
characteristics of an advanced anthropomorphic test device. 

The filter study used the biomechanical data base that was consolidated 
from various sources and experiments conducted over the past ten years. The ob- 
jectives of this study were: 

A. To conduct a spectral analysis on all appropriate biomechanical sig- 
nals in order to document their frequency contents. 

B. To use the spectral analysis to characterize the mechanical systems 
that produced them. 

C. Based on this characterization, to recommend specifications of the 
filters to be applied prior to analyzing biomechanical signals, and to 
extend these recommendations to the data acquisition instruments 
used during biomechanical testing. 

The purpose of this document is to describe the methodology folloafed in 
the filter study, the rationales and justifications for their adoption, and the results 
and recommendations of the study. 

DATA BASE 

The complete data base that was available for the filter study consisted of 
over 5000 signals, not all of which were of practical use. After careful examina- 
tion of these signals, only about 450 of them were finally selected as a basis for 
the study. There were several reasons for eliminating many signals from con- 
sideration, and for setting criteria for inclusion of others in the subset of the data 
base. 

First of all, many signals contained in the complete data base do not 
pertain to biomechanical response per se, but are time-base, velocity, and other 
event-timing signals. Along with these signals were those that are "external" to 
the surrogate being tested, such as sled pulses, vehicle acceleration, and externally 
measured impactor accelerations and forces. This class of signals would (and 
should) not be used for characterization of the frequency response of human sur- 
rogates in biomechanical tests. 

Second, a large number of signals were measured as responses of 
anthropomorphic dummies. Accelerometers and other transducers mounted on 
dummies provide response of the mechanical hardware of the dummy, and not of 
the skeletal or muscular structure of cadavers. Since the objective of this study 



was to characterize human frequency response, and not that of a mechanical 
dummy, all signals generated from transducers mounted on dummies were 
eliminated from consideration for the filter study. This left only those signals 
generated in cadaver tests, from transducers (primarily accelerometers) mounted 
L. 

on cadavers. 

A third reason for eliminating further cadaver signals was the low sam- 
pling rate of a large number of them. An objective study of frequency response 
should not be limited to low-frequency ranges, since many "events" could be hap- 
pening near the higher end of the frequency spectrum, The NHTSA 
Biomechanics Data tape format requires that all signals be filtered at SAE Chan- 
nel Class 1000, that has a corner frequency at 1650 Hz. Since the theoretical sam- 
pling rate which would preserve this frequency must be greater than twice the 
highest frequency in the signal, all signals that were sampled at rates less than 
3200 Hz were eliminated from consideration in the filter study. 

The resulting "pool" of acceptable tests was reduced to the 60 tests listed 
in Table 1. Signals from these tests had been digitized at different sampling rates 
that were chosen by the organizations who conducted the tests and/or digitized the 
analog signals. The majority of these were sampled at 6400 Hz, others at 8000, 
10000, and 13333 Hz, and some at 25000 Hz. 

Finally, signals that met all of the above criteria were further examined to 
determine their "quality," and to eliminate those that clearly did not represent 
cadaver response. These "rejects" were primarily "dead channels" and "broken 
cables," as indicated in the data base coding or determined from visual examina- 
tions. The remaining signals were assumed to be accurate and reliable responses 
of the tested cadavers at the indicated attachment sites, 

SPECTRAL ANALYSIS 

The following discussion is not intended to be a rigorous presentation, but 
is included here in order to define the terminology used in the study. For a com- 
plete presentation, the reader is referred to the textbook by A. V. Oppenheim and 
R. W. Shafer, Digital Signal Processing, Prentice-Hall, Inc., Englewood Cliffs, 
N.J., 1975. 

A time signal x(t) may be represented in the time domain as a finite se- 
quence of N samples taken at a constant sampling rate, S, usually expressed in 
Hertz or samples per second. By assuming that this finite record represents one 
cycle in a periodic phenomenon, it is possible to express x(t) in terms of a Fourier 
series consisting of a sum of sine and cosine terms at frequencies that are integer 
multiples of the fundamental frequency S / N  associated with the periodic 
phenomenon: 



This is known as the discrete Fourier series of the signal. The coefficients 
A, and B, may efficiently be computed using Fast Fourier Transform (FFT) algo- 
rithms. 

Since both sine and cosine terms are at the same frequency, another form 
of the same equation is: 

~ ( t )  = Y M* sin [ k ( ~ ~ t  + J 
k.O 

where M: = A: + B:, and 0, = arctan (BdA,). 

The term M, is the magnitude of the k-th frequency component, and 0, is 
its phase angle. Both magnitude and phase may be plotted against frequency, and 
study of these responses is generally referred to as spectral analysis. Because the 
power of a signal is proportional to the square of its magnitude, sometimes the 
squared magnitude is plotted against the frequency. And depending on the units 
chosen for expressing this squared function, it is possible to consider its plot as 
the power function, usually referred to as thepower spectral density, or PSD for 
short. 

The discrete Fourier series states that any finite segment of a time signal is 
composed of pure sinusoidal components at frequencies ranging from zero (the 
D.C. term) up to the Nyquist frequency, which equals half the sampling rate. The 
number of components is limited to Nl2, half of the number of time samples. This 
is a direct result of the Sampling Theorem. Another result is that frequencies 
above the Nyquist rate will be folded about this frequency and will appear in the 
digital signal as lower-frequency components that do not, in reality, exist in the 
analog signal. Since these aliased frequencies cannot be distinguished from real 
ones in the digital signal, it is necessary to filter out all components above the Ny- 
quist frequency prior to digitizing, using low-pass filters. These filters are 
referred to as anti-aliasing filters. 

While the phase response of a system is just as important as its magnitude 
response for its characterization, spectral analysis practices usually emphasize the 
study of the magnitude response. In this filter study, the focus will also be on the 
magnitude, since study of the phase requires more controlled data acquisition pro- 
cedures than were documented in the available data base. 

Most mechanical systems respond to external excitations by vibrations that 
can be monitored. When the excitation is a steady sinusoidal signal of a certain 
magnitude and phase angle, the system response is another sinusoidal motion at 
the same excitation frequency, but with a different magnitude and phase shift. 
When the excitation is impulsive, such as a short-lived impact, the response of the 
system appears to be random, and continues well after the excitation is removed, 



and eventuaIly dies out because of the damping that may exist in the system. It is 
from this type of excitation that most biomechanical signals are generated. 

Frequency responses of most biomechanical systems, i.e., the plots of 
magnitude versus frequency, exhibit common features. Thus, there is always a 
D.C. term at zero frequency which, depending on the data acquisition equipment, 
may be the most prominent feature in the frequency spectrum. This occurs when 
the zero-bias in the signal amplifier is not removed. It could also occur when 
most of the signal lies on one side of the time axis, as in the case of contact forces. 
For most signals, however, this term is small and represents the mean of all the 
samples in the signal. Although the D.C. term is necessary for faithful reproduc- 
tion of the original time signal, it may be ignored (i.e., assumed zero) for the pur- 
pose of characterizing the biomechanical system that generated the signal. 

The response over the remainder of the spectrum, which extends to the 
Nyquist rate, typically decreases with frequency; that is, low-frequency com- 
ponents are more dominant than high-frequency ones. This behavior, character- 
istic of low-pass transfer functions, is typical of most mechanical systems, and 
may be explained in two ways. 

Consider a signal that has been sampled at 8000 Hz. Spectral analysis of 
this signal extends to the Nyquist rate of 4000 Hz. Assume that, prior to digitiz- 
ing, an SAE Channel Class 1000 was used as an anti-alias filter. Such a filter has 
a cutoff frequency of 1000 Hz and a corner of 1650 Hz. Because of the use of this 
anti-alias filter, all frequencies above the cutoff point of 1000 Hz have been grad- 
ually attenuated. Therefore, when examining the spectrum between 1000 and 
4000 Hz, which will necessarily exhibit a "roll-off," it is not immediately obvious 
whether this attenuation is a characteristic of the mechanical system or is due to 
the anti-alias filter. 

Assuming that the low-pass, anti-aliasing filter has a "flat" response up to 
its cutoff frequency, then any roll-off that is observed below this frequency may 
confidently be attributed to the mechanical system being measured. Of course, 
this further assumes that the instrumentation (transducers, conditioners, recorders, 
digitizers) does not alter the true response of the signal being monitored. It is this 
explanation that will enable us to characterize the biomechanical systems under 
consideration. 

The approach taken in this study was simple but effective. Since most sig- 
nals in the data base exhibited (as expected) a "low-pass" system behavior, a 
simple low-pass filter was used as a model to characterize specific groups of sig- 
nals generated at various body parts. Because of the availability of the data, only 
responses of the head and chest were considered. The limitation imposed by the 
use of Channel Class 1000 as an anti-alias filter did not hinder the overall charac- 
terization, since most signals exhibited their roll-off behavior inside the useful 
range below 1000 Hz. 



BUTTERR70RTH FILTERS 

One of the simplest low-pass filters that may be adopted as a model is the 
Butteworth filter, whose squared magnitude response function is given by: 

IG(CO) t Z  = 1 I [ 1 t (UICO,)~ 1 

where G(o)  is the filter's gain as a function of frequency, o, is the corner fre- 
quency, and n is the order of the filter. The appeal of the Butterworth filter lies in 
the simplicity and flexibility of its definition and digital simulation, as well as in 
its properties. The most distinctive property of these filters is that they are 
maximally flat in the passband. This and other properties are explored in the fol- 
lowing paragraphs. 

A simple computer program to simulate the frequency response of a But- 
terworth filter is listed in Figure 1. The filter is specified by its comer and rolloff 
slope from which its order may be derived. The number of samples and sampling 
rate are used only as a guideline to define the number of frequencies at which the 
filter gain is computed, as well as the interval between adjacent frequencies. In 
the version listed in Figure 1, the returned GAIN was set equal to the squared 
magnitude, SMAG, but could easily be mcdified to return the magnitude itself, 
GMAG, or its value in deciBels, DBEL. This is precisely what was done to gen- 
erate the frequency responses shown in Figures 2,3, and4. Typically, howeier, 
the frequency response is displayed, as shown in Figure 5, on a semi-logarithmic 
paper, where the gain (deciBels) is plotted along the vertical linear axis, against 
the frequency (Hertz) along the horizontal logarithmic axis. 

It is clear that, as the order of the Butterworth filter increases, its character- 
istics become sharper but the gain at the 
cause the power of a sinusoidal signal is 
and since the square magnitude function 

comer frequency remains the same. Be- 
proportional to its squared magnitude, 
at the comer is equal to one-half regard- 

less of the order, the comer frequency is usually referred to as the halfpower 
point of the filter, where the gain is - 3 d ~ .  In other words, frequencies passed by 
the filter that are below the comer will retain at least half of their power, while 
those that are above the comer will lose at least half of their 

Another important property of Butterworth filters, which may be observed 
in Figure 5, is that the frequency response in the rolloff region is asymptotic to a 
straight line when the frequency is plotted along a logarithmic axis. The straight- 
line asymptote always intercepts the 0-dB line at the comer frequency, but its 
slope (in dB/decade or dBloctave) is proportional to the order n of the filter. 
~ h u s ,  the slope is -20 dBJdecade for n=i, -40 &/decade for n=2, and so on. 

Unless the Butterworth filter is intended for analog implementation, there 
is no reason to restrict the order n to an integer. Thus, a rolloff slope of -50 
dB1decade may be achieved by specifying ni2.5 for the order.  his provides an 
appealing flexibility in the digital simulation of the Butterworth filter, especially 



when it is used as a model for unknown frequency responses. Consequently, it is 
more appropriate (as was done in the coding of BUTTER program, Figure 1) to 
specify the filter by its comer frequency and its rolloff slope, which may not 
necessarily be an integer multiple of 20 dB/decade. The parameter n, required for 
computing G(w), is then simply derived from the specified slope as the ratio of 
slope over the 1st-order slope of 20 dB/decade. 

Finally, since the asymptote always intercepts the 0-dB line at the coiner 
frequency, a quick sketch of the actual response of the filter is possible, without 
elaborate computations, given only the comer and slope. Note, however, that the 
vertical separation between the actual curve and the asymptote, for frequencies 
above the comer, cannot exceed 3 dB, with the largest deviation (3 dB) always oc- 
curring at the corner, and decreasing as the frequency increases. 

These properties allow the identification of the two filter parameters, given 
an experimentally measured frequency response curve of the filter. To do this, 
one would locate on the actual curve the frequency where the gain crosses the -3 
dB level. This is the corner frequency of the filter, which also identifies the 0-dB 
intercept point of the asymptote. By drawing a straight line that passes through 
this point asymptotically to the rolloff portion of the given curve, the slope and, 
consequently, the order of the filter may be determined. This graphic identi- 
fication procedure was the basis for the algorithm that was developed and used in 
the filter study. 

IhlPACT FREQUENCY RESPONSE 

A linear and stable system being excited with a random white noise pro- 
duces a response. Under some conditions, the squared magnitude response may 
be considered an adequate approximation of the power density spectrum (PDS), 
especially when the PDS is smooth and approaches zero at finite frequencies. 
Since the biomechanical signals were produced from an impulsive (non-white) 
input, the resulting PDS is "noisy" and must be smoothed prior to any further 
analysis. Therefore, approximation techniques were developed in this study to 
characterize the frequency response of the impact signals and to identify the para- 
meters of the biornechanical systems in question. 

The PDS of a typical biomechanical impact signal generally exhibits a 
roll-off characteristic at high frequencies and a noisy response over the entire 
spectrum. It is more convenient to base the system identification procedure on a 
smoother distribution derived from the experimentally generated PDS curve. 
Such a smooth distribution is the integral of the PDS, which may be shown to be 
also proportional to the power content in the signal over the frequency interval of 
integration. 

The approximation procedure followed in this study may be illustrated by 
applying it to a well-understood system. Thus, consider the already-smooth PDS 
of a Butterworth filter whose corner is 500 Hz and rolloff is -20 dB/decade. The 



PDS of this (5001-20) filter is shown in Figure 6 along with its cumulative PDS 
function. The frequencies of five landmarks on the cumulative PDS are then iden- 
tified to serve as the basis for estimating the corner and rolloff slope of a low-pass 
system. These landmarks correspond to the 50, 75,90,95,  and 99% levels of the 
cumulative PDS, which may be considered, for the purpose of approximation, as 
the 50,25, 10, 5, and 1% respective power points in the low-pass system. In 
terms of deciBels, these translate into -3, -6, -10, -13, and -20 dB gains of the 
desired characterization. 

Once these five landmarks have been identified, they may be used in an al- 
eorithm that corrects for deviations from a hypothetical asymptote (as discussed u 

earlier) to produce approximate points on the asymptote. These corrected points 
are then fitted to a straight line whose intersection with the 0-dB line is the corner, 
and slope is the rolloff of the approximated low-pass Butterworth character- 
ization. For the (5001-20) filter, this produced the approximation (5491-21) that is 
shown in Figure 6 as the dashed curve. Of course, for actual signals, the approxi- 
mation may not be as close to the unknown characteristics as shown in the exam- 
ple, depending on the smoothness of the PDS curve, and on the order (rolloff) of 
the unknown system. However, given the information available for this study, it 
was felt that this procedure is adequate if care is exercised in interpreting the 
results. 

This simple system parameter identification procedure may be repeated for 
several signals that were produced under similar test conditions of the same me- 
chanical system. Then the resulting comers and rolloffs are averaged to obtain 
better estimates of the system parameters. Alternatively, the five landmarks ob- 
tained from different signals may be averaged first. Then an approximate filter 
may be derived from the five averaged landmarks. In this study, the 450 signals 
were first analyzed to extract the five landmarks, combined into 35 different 
groups of compatible signals, then averaged to produce 35 different sets of five 
landmarks. 

Because of statistical variations of the landmark frequencies in each group, 
and since the resulting characterization was intended to preserve significant fre- 
quency components in current and future biomechanical signals, the straight-line 
fitting procedure was applied, not to the average landmark frequencies, but to fre- 
quencies that were one standard deviation above the average. This ensured that 
significant frequencies which were present in the signals would fall in the 
passband, and allowed for uncertainties and errors during the data acquisition and 
analysis phases of the signals. The resulting 35 low-pass filter characterizations 
are, therefore, conservative estimates that are not likely to filter out significant fre- 
quencies. 

GROUPING OF SIGNALS 

The system parameter identification procedure outlined in the previous 
sections was applied to the appropriate signals available in the data base. First, 



the selected signals were grouped by test type, restraint conditions andlor impact 
surface, and by rransducer attachment location. A list of the sixty (60) tests from 
which these signals were obtained is given in Table 1. The results of the analysis 
of 35 groups of signals are presented In Appendices A and B, and are summarized 
in Tables 2 and 3. 

In combining the available signals in the 35 groups, several factors were 
taken into account. First, the head and chest signals were separated to produce 
characterization of two physically separate body parts. Another consideration wa.s 
the type of impact surface that produced the response. This is defined by the 
restraint system that was in contact with the chest during the tests, or by the pad- 
ding, if any, that was added to the impactor in head and chest pendulum impacts. 
The velocity of impact, which affects the magnitude of the response but not its 
frequency content, was not considered as a factor in grouping the various signals. 
Similarly, the direction of the sensitive axis of the transducer was ignored in the 
aouping, since the vibration of the sensor reflects the underlying bony structure 
u 

and would contain the same frequency information regardless of the sensing 
direction. 

The third consideration was the proximity of the transducer mounting 
location to the impact site. It may be argued that, as the sensor is located farther 
away from the impact site, the response is attenuated but its frequency content 
should remain unchanged. While this may be true for a rigid or nearly-rigid body 
such as the head, the thorax is much more complicated and contains structures thst 
may respond differently. Therefore, the chest signaIs were grouped by whether 
they were near the impact site, at the far and opposite side of the chest, or at rnid- 
range between these two exaemes. This necessitated dividing the tests into lateral 
(left-side) and frontal impacts, then grouping the signals as follows: 

Near Side Mid Range Far Side 

LATERAL LLR, LUR LST, UST RLR, RUR 
T01, TI2 

FRONTAL LST, UST LLR, LUR T01, T12 
RLR, RUR 

The last factor that was taken into account was whether a bone fracture oc- 
cured at or near the transducer mount. This is an important consideration because,, 
when the integrity of the bony structure is violated by a fracture, the response of 
the system becomes erratic and can no longer be attributed solely to the structural 
vibration of the biomechanical system. These groups are included in the results to 
demonstrate the frequency characteristics of fractured systems, but should not 
(and were not) used to draw conclusions about the chest or head frequency 
response. 

This grouping scheme resulted in 35 separate characterizations of the 
available signals, of which 12 groups were ignored because they consisted of sig- 
nals where fractures occurred. The remaining 23 "filters" are listed in Table 2 and 



are presented as six chest groups and one head group. The weighted logarithmic 
average of the corner frequencies in each group, as well as the weighted arith- 
metic average of the rolloff slopes, are also given. Those "filters" marked with an 
asterisk (*) were not included in the averaging because they were clearly low ex- 
tremes and because their omission would not adversly affect the intended goal of 
preserving the high frequency components in signals. The averaging process 
reduced the number of filters to six for the chest, and one for the head. The aver- 
age corners and slopes are shown in Table 2, in parenthesis, at the bottom of each 
group. 

DISCUSSIOX AND RECORIRIIENDATIONS 

An examination of the six Butterworth filter characterization of chest fre- 
quency response reveals that five of them are clustered near the (2001- 15) filter, 
while one is near (5001-25) filter. Further reduction of the number of chest filters 
is obtained by an additional weighted averaging of the five-filter cluster to pro- 
duce the (1771-15) filter. Note that the 177 Hz 1s a corner frequency at which the 
filter gain is -3 dB, and should not be confused with the SAE 521 1 Channel Class 
180, which has its comer frequency at 300 Hz. Note also that, in obtaining the 
(177/-15) average, only five filters were used and did not include the (4931-27) fil- 
ter. Even when this filter is included in the averaging, the result is a (1861-16) six- 
filter average that is not much higher than the five-filter average. 

It is tempting to specify the overall average of (1 861- 16) as a do-it-all filter 
to be used during the data acquisition and analyses phases of all thoracic signals. 
It is more prudent, however, to allow for uncertainties in these phases and specify 
a filter that would preserve the highest frequency which may occur, without im- 
posing unrealistic and unfounded restrictions. Therefore, the (5001-27) filter, i.e., 
the Butterwoth filter whose corner frequency is 500 Hertz and whose rolloff slope 
is -27 dBldecade, should be used during the instrumentation and data acquisition 
phases of biomechanical testing of the thorax. Once the data have been digitized, 
additional filtering using the (1801-15) filter may be applied to the thoracic signals 
when warranted. For head signals, a (5501-26) filter, which is almost identical to 
the one specified for chest signals, should be used during both the data acquisition 
and analyses phases. The frequency responses of these filters are given in Figures 
7, 8, and 9. For convenience, these are overplotted in Figure 10. 

FILTER IMPLEMENTATION 

The two head and chest filters recommended for anti-aliasing during data 
acquisition are almost identical with comer frequencies near 500 Hz and rolloff 
slopes near -27 dB1decade. While such a filter may easily be realized in a digital 
simulation, it cannot be designed as an analog Butterworth filter since its order 
(27120 or 1.35) requires 2.7 poles in the realization. The nearest analog filter that 
would have 3 poles for a rolloff slope of -30 dBIdecade. If the (800/-30) filter 
were used as anti-alias filter, and if the sampling rate were 8000 Hz, as recom- 



mended in the SAE J211 instrumentation guideline, then the gain of frequencies 
above the Nyquist rate of 4000 Hz would be no higher than -20 dB, an adequate 
anti-aliasing attenuation. Higher sampling rates would, of course, produce addi- 
tional anti-aliasing attenuation when the (5001-30) filter is used. 

Digital implementation of any Butterworth filter is simple but requires that 
the filtering be done in the frequency domain. A Fast Fourier Transform (FFT) 
algorithm must therefore be available, in hardware or software, before filtering 
can be done. Using the FFI', the frequency spectrum of the time signal is first ob- 
tained. The gain of the desired filter is then computed at every frequency in the 
spectrum, then multiplied by the magnitude of corresponding signal component. 
The inverse FFT is then applied to the modified signal component to return to the 
time domain. 

A listing of the Fortran subroutine FILTER is given in Figure 11. The 
program requires an algorithm (FFT) that performs the direct and inverse Fourier 
transforms. Input to this routine are the time signal (SIG) to be filtered, the num- 
ber of samples (NPT), the sampling rate (SHZ), as well as the corner (CORN) and 
rolloff (ROLL) of the desired fiIter. The gain of the Butterworth filtcr is com- 
puted as filtering is performed. The routine returns, in the SIG array, the filtered 
time signal. Note that, in this simple implementation, the phase response is not 
applied to the signal but may, in a more sophisticated implementation, be applied 
by modifying differently the sine and cosine terms of the Fourier series. Other 
implementations may include a section where the signal is extended at either end 
to eliminate possible distortions, then "return" only the original time segment. 



SUBROUTINE BUTTER ( N P T ,  SHZ,  C O W ,  ROLL, G A I N ,  NFRQ)  

F r e q u e n c y  r e s p o n s e  of a B u t t e r w o r t h  f i l t e r  

I n p u t  NPT . . .  N u m b e r  o f  s a m p l e s  i n  s i g n a l  
SHZ . . . S a m p l i n g  r a t e  ( H e r t z )  
CORN . . . C o r n e r  f requency ( H e r t z )  
ROLL . . .  R o l l - o f f  s lope  ( d B / d e c a d e )  

O u t p u t  : G A I N  . . .  M a g n i t u d e  response of  f i l t e r  
NFRQ . . .  N u m b e r  of f r e q u e n c i e s  

FUNSZ = SHZ / NPT 
ORDZR = ABS ( ROLL / 2 0  ) 
POWZR = 2 * ORDER 
KFUND = FUNHZ / CORN 
NHALF = N P T  / 2 
NFRQ = NHALF t 1 

DO 1 0  K = 1, NFRQ 

W = ( K - 1 )  * WFUND 
DENOM = 1. t W * *  POWER 
SMAG = 1. / DENOM 
GMAG = SQRT ( SMAG ) 
DBEL = 2 0 .  * ALOG10 ( GMAG ) 
G A I N  ( K )  = SMAG 
G A I N  ( K )  = GMAG 
G A I N  ( K )  = DBEL 

CONTINUE 

RETURN 
END 

Figure 1 - Listing of BUTTER subroutine to compute- filter gain. 





















SU3ROYTINE FILYER ( SIG, NPT, SHZ, CO%V, ROLL ) 

C Purpose: Apply a Butterworth filter to signal. 

C SIG . . .  Time signal before/after filtering 
P .2 NPT . . .  Number of points (samples) in signal 
P 
L. SHZ . . . Sampli~g rate of signal, (Hertz) 

C C O W  . . . -3dE corner of desired filter, (Hertz) 
C ROLL . . .  Rolloff slope of filter, (dB/decade) 

REkLi4 SIG (1) 

FUNHZ = SHZ / NPT 
WFUNC = FUNHZ / CORN 

C D E R  = AES ( ROLL / 20 ) 
PCWZR = 2 * OFDSi? 

NFREQ = NPT / 2 

C Transform signal to frequency domain 

CALL FFT ( N?T,  SIG, $1 ) 

C Conpute filter gain, then apply to signal 

DO 100 K = 1, NFREQ 

W = ( K-1 ) * WFUND 
GIKV = 1 + W * *  ?OWER 
GAIN = 1 / SQRT ( GINV ) 

SIG ( IA ) = GAIN * SIG ( IA ) 
SIG ( IB ) = GAIN * SIG ( IB ) 

10C CONTINUE 

C Transform signal back to time domain 

CALL FFT ( NPT, SIG, -1 ) 

RETURN 
END 

Figure 11 - Listing of FILTER subroutine to apply 
a Butterworth filter. 



'abIe 1 - Pool of Impact Tests Used in Filter Study 

.- 
0 C , + '  
aJ r1= 
'3 Cn TS, 
I) aJ .r -r 
3 0 %  a, 
LOO i 3: 

OCC 999 3PT 4 0  62  132 
OCC 999 3PT 43 7 0  170 
SLD 0 3PT 76 59 88 
SLD 0  3PT 74 67 106 
SLC 0 LAP 74 6 1  166 
SLD 0 LAP 6 0  7 0  198 
SLD 0  ABG 6 8  68 188 
SLD 0  ABG 6 9  65 8 1  
SLD 0 ABG 64 67 168 
SLD 999 3PT 99 7 0  171 
SLD 999 3PT 99 7 0  171 
SLD 3 A B G  7 2 6 4  177 
SLD 0  LAP 5 0  64 125 
SLD 999 3PT 99 68 132 
SLD 0  LAP 48 64 148 
SLD 999 3PT 99 6 8  137 
OTH 13 999 6 9  99 999 
OTH 0 999 6 9  9 9  999 
CAN 9 0  999 54 7 0  183 
CAN 9 0  999 6 6  59 97 
CAN 0 999 6 5  7 1  179 
CAN 0  999 54 6 9  179 
CAN 9 0  999  72 67 104 
CAN 180  999 6 8  63 140 
CAN 0  999 88 67 168 
CAN 0 999 45 66 166 
CAN 9 0  999 78 6 3  177 
CAN 9 0  999 6 6  63 99 
SLD 999 3PT 9 9  69 138 
SLD 270  RIG 6 0  7 1  225 
SLD 0 3PT 74 64 156 
S L D 2 7 0 R I G  7 5 6 1  97 
SLD 270  RIG 84 63 193 
SLD 270  RIG 6 9  67 165 
SLD 0  ABG 78  6 2  140 
CAN 0  NDN 55 6 3  95 
CAN 0 NON 85 64 132 
CAN 0  NON 75 6 6  167 
CAN 0 NON 6 6  6 8  153 
SLD 270  MCI 67 6 5  137 
SLD 2 7 0  MCI 
SLD 270  MCI 
SLD 270  MCI 
PEN ONON 
PEN 0 NDN 
PEN 0 NDN 
PEN 0 NOhl 
PEN 270 NON 
PEN 270  NUN 
PEN 0 NON 
PEN 270  NDN 
PEN 270 NON 
PEN 270  NON 
PEN 270  NON 
PEN 0 NON 
PEN O N D N  
SLD 2 7 0  RIG 
SLD 2 7 0  RIG 
SLD 270  MCI 
SLD 270  MCI 

HDL 01 /13 /82  
HDL 12/03/82 
HSR 0 6 / 2 0 / 7 5  
HSR 06 /27 /75  
HSR 07 /07 /75  
HSR 0 7 / 1 0 / 7 5  
HSR 07 /22 /75  
HSR 09 /17 /75  
HSR 10 /01 /75  
HSR 09 /26 /75  
HSR 09 /26 /75  
HSR 1 0 / 0 8 / 7 5  
HSR 10/09/75 
HSR ,11 /14 /75  
HSR 12/11/75 
HSR 12 /15 /75  
APR 07 /16 /76  
APR 0 7 / 1 9 / 7 6  
HSR 11 /08 /75  
HSR 12/10/75 
HSR 0 2 / 2 7 / 7 6  
HSR 03 /03 /76  
HSR 03 /12 /76  
HSR 0 3 / 1 7 / 7 6  
HSR 03 /27 /76  
HSR 04 /29 /76  
HSR 0 5 / 0 6 / 7 6  
HSR 05 /11 /76  
HSR 12/13/76 
HSR 01 /27 /76  
HSR 03 /25 /76  
HSR 04 /06 /76  
HSR 0 4 / 1 5 / 7 6  
tiSR 04 /23 /76  
HSR 06 /03 /76  
HSR 0 6 / 1 4 / 7 6  
HSR 06 /22 /76  
HSR 0 6 / 2 5 / 7 6  
HSR 0 6 / 3 0 / 7 6  
HSR 07 /28 /76  
HSR 0 8 / 1 2 / 7 6  
HSR 0 8 / 1 9 / 7 6  
HSR 0 8 / 2 3 / 7 6  
HSR 10/28/76 
HSR 11 /11 /76  
HSR 12/03/76 
HSR 12 /07 /76  
HSR 12 /16 /76  
HSR 12/21/76 
HSR 0 7 / 0 8 / 7 7  
HSR 0 7 / 1 3 / 7 7  
HSR 07 /18 /77  
HSR 07 /22 /77  
HSR 0 8 / 1 0 / 7 7  
HSR 0 8 / 3 0 / 7 7  
HSR 09 /08 /77  
HSR 0 9 / 1 9 / 7 7  
HSR 09 /28 /77  
HSR 10/11/77 
HSR 10 /27 /77  

Test Description 

FAT PROGRAM 
FAT PROGRAM 
EA COLUMN,LAP BELT PROD. 
E A  COLUMK,LAP BELT PROD. 
EA COLUMN,LAP BELT PROD. 
EA COLMN,PAD INSRTBLAP BEL 
EA CDL,AIRBAG INSRT,LAP BL 
EA COL,AIRBAG 1NSRT.LAP EL 
EA COL,AIRBAG INSRT-LAP BL 
WBR-7 
WBR-7 
EA COL,AIRBAG INSRT,LAP 9 L  
EA COL,SOFT INSRT,LAP BL 
WBR-8 
EA COL,SOFT 1NSRT.LAP BL 
WBR-9 
FACE DROP 
FACE DROP 
PI PAD AIS=4 
F  PAD AIS=O 
M PAD AIS=4 
M PAD A IS=3  
F  PAD A IS=2  
F  PAD AIS=O 
M PAD AIS.3 
M RIG AIS=2 
F  RIG AIS=5 
F  RIG AIS.5 
WBR-10 
LAT IMPACT RIG SURF 
3PT 1NFLAT.BELT.FRNT SLED 
LAT IMPACT RIG SURF 
L I T  IMPACT RIG SURF 
LAT IMPACT RIG SURF 
FRNT SLED,EA COLMN,AIRBAG 
THORACIC 1MPACT.CANNON 
THORACIC 1MPACT.CANNON 
THORACIC 1MPACT.CANNON 
THORACIC IMPACT,CANNDN 
SLED,SIDE DOOR IMPCT 
SLED,SIDE DOOR IMPACT 
SLED,SIDE DOOR IMPACT 
SLED.SIDE DOOR IMPACT 
PENDULUM.lPFT/SEC FRNT IMP 
PENDULUM 14FT/SEC FRNT IMP 
PENDULUM ldFT/SEC FRNT IMP 
PENDULUM 14FT/SEC FRNT IMP 
PENDULUM 13FT/SEC SIDE IMP 
PENDULUM 14FT/SEC SIDE IMP 
PENDULM 14.33FT/S FRtJT IMP 
PENDULUM 14.3FT/S SIDE IMP 
PENDULM 14.32FT/S SIDE IMP 
PENDULUM 19.9FT/S SIDE IMP 
PENDULUM 20FT/S SIDE IMP 
PENDULUM 20FT/S FRNT IMP 
PENDULUM 20=T/S FRNT IMP 
SLEO R I G  WALL SIDE IMP 
SLED RIG WALL SIDE IMP 
SLED PADDED WALL(REP0RT) 
SLEO PADDED WALL(REP0RT) 



Table 2 - Summary of Butterworth Characterization: Non-Fracture Signals 

F i l t e r  
Nl lx -be  r 

C o r n e r  S l o p e  
( H z )  ( d B / d e c )  S e n s o r s  L o c a t i o n s  T e s t  T y p e s  

L? 11 
L?12  
L P l 3  
Avg. = 

LPG2 
L ? 0 6  
L ? l O  " 
Avg. = 

L P 1 4  
L P 1 8  * 
LP2  1 
LP2  6  
Avg. = 

6 4 1 .  - 3 3 . 7  3  LLR 
5 1 0 .  - 2 3 . 1  4 LLR 
4 2 2 .  - 2 6 . 1  6  LUR LLR 

( 4 9 3 .  / - 2 6 . 9  ) ( N e a r - s i d e )  

2 0 0 .  - 1 3 . 6  3 4  UST LST TO1 T 1 2  
2 0 8 .  - 1 6 . 9  3 9  UST LST TO1 T 1 2  
1 0 6 .  - 1 3 . 4  4 4  UST LST TO1 T 1 2  

( 1 6 0 .  / - 1 4 . 6  ) ( M i d - r a n g e  ) 

151. - 1 5 . 0  6  RUR RLR 
2 5 7 .  - 1 7 . 7  9  RUR RLR 

6 2 .  - 9 . 6  1 2  RUR RLR 
( 2 0 8 .  / - 1 6 . 6 )  ( F a r - s i d e )  

1 5 .  - 8 . 6  9  UST LST 
1 5 5 .  - 1 5 . 1  8 UST LST 
1 5 8 .  - 1 5 . 7  11 UST LST 

( 1 5 7 .  / - 1 5 . 4  ) ( N e a r - s i d e )  

1 4 3 .  - 1 3 . 6  ' 1 8  LUR LLR RUR RLR 
2 1 .  - 6 . 6  2  LUR LLR 

2 7 1 .  - 1 6 . 2  2 3  LUR LLR RUR RLR 
4 9 2 .  - 2 6 . 9  6  LUR LLR RUR RLR 

( 2 2 9 .  / - 1 6 . 6  ) ( M i d - r a n g e )  

5 4 7 .  - 2 5 . 7  3 3  HD1 HD2 HD3 HED 
4 9 .  - 1 1 . 8  1 8  HD1 ED2 HD3 HED 
1 7 .  - 1 4 . 1  1 5  HD1 HD2 HD3 HED 

( 5 4 7 .  / - 2 5 . 7  ) 

SLD/I?CI 
S L D / R I G  
PEN/L-R 
( L a t e r a l )  

SLD/MCI 
SLD/RIG 
PEN/L-R 
( L a t e r a l )  

SLD/MCI 
SLD/RIG 
PEN/L-R 
( L a t e r a l )  

SLD /ABG 
SLD/LAP 
PEN!A-P 
( F r o n t a l )  

SLD/ABG 
S L D / 3 P T  
SLD/LAP 
PEN/A-P 
( F r o n t a l )  

SLD/ABG 
S L D / 3 P T  
S LD / LAP 
PEN/A-P 
( F r o n t a l )  

D I R  NOPAD 
D I R  W/PAD 
NO DIRECT IMPACT 



Table 3 - Frequency Response of Signals Where Fractures Occurred 

F i l t e r  C o r n e r  S l o p e  
!Gumbe r ( H z )  ( d B / d e c )  S e n s o r s  L o c a t i o n s  T e s t  T y p e s  

LUR LLR 
RUR RLR 
LUR LLR 
RUR RLR 
RUR LUR 
RUR RLR 
UST 
TO1 
RUR 
LST UST 

HED HD1 HD2 HD3 
HD1 HD2 HD3 HED 

D I R  NOPAD 
D I R  W/PAD 



Appendix A 

CHARACTERIZATIOX OF FREQUENCY RESPONSE 

In this Appendix, the 35 low-pass Butterworth filter characterization of 
biomechanical signals from chest and head accelerometers are presented in 
graphical form. The information displayed on each figure dociments the source 
of the signals, their group type and location, and the resulting system parameters. 
These are identified by boxed numbers on the LEGEND given on the next page. 



(1) Filter designation in this series, LPO1 through LP35. 

Test conditions and type codes: 
SLD ... Sled tests 
PEN ... Pendulum and/or Cannon tests 
DIR ... Direct head impacts 
NO DIR ... Indirect head impact tests 
MCI ... Padded side impact 
RIG ... Rigid side impact 
ABG ... Airbag frontal impact 
3PT ... 3-Point restraint frontal test 
LAP ... Lap belt only frontal impact 
A-P .. . Frontal penduludcannon impact 
L-R ... Lateral penduludcannon impact 
WPAD ... Padded head impact 
NOPAD ... Rigid head impact 
FRAC ... Fracture atlnear transducer location 
NOFX ... No fracture adnear transducer 

Transducer location: 
LUR ... Left upper rib 
LLR ... Left lower rib 
RUR 
RLR 

... Right upper rib 

... Right lower rib 
UST ... upper sternum 
LST ... Lower sternum 
TO 1 ... Spinal vertebra T1 

... Others: T06, T12, etc. 
EIED .. . Head accelerometer 
HD 1 ... Head triax or biaxial number 1 
HD2 ... Head traix or biaxial number 2 
HD3 ... Head triax or biaxial number 3 

Number of signals in the group 
Corner frequency of resufiingfilter approximation 
Rolloff slope of the resulting filter approximation 
Average frequency of landmarks at a given PDS level 
Average PLUS one standard deviation of landmarks 
Landmark corrected for deviation from asymptote 
Asymptote which best fits the 5 corrected landmarks 
Frequency response curve of approximate filter 











































































Appendix B 

DETAILED OUTPUT OF CHARACTERIZATION 

This Appendix is included to present the entire data used for character- 
izing the frequency response of the signals, as well as the intermediate and final 
results of the analysis. These are presented in 35 separate pages corresponding to 
the 35 analyzed groups of signals. 



SUMMARY OF CHARACTERIZATIONS 

T i l t e x  C o r n e r  S l o p e  
N u r r b e r  ( H z )  ( d B / d e c )  S e n s o r s  T e s t  T y p e  

L P 0 l  
L P 0 2  
LPOS 
L P 0 4  
LP 0 5 
L20 6 
;PO7 
2 0 9  
L2 0 9 

3 LLR 
6 RUR RLR 
7 LUR LLR 
4 RUR RLR 
4 LLR 
9 RUR RLR 
8 LUR LLR 
3 RUR RLR 
6 LUR LLR 

1 2  RUR RLR 
3 4  UST LST TO1 T 1 2  
3 9  UST LST TO1  T I 2  
4 4  UST LST TO1  T 1 2  
1 8  LUR LLR RUR RLR 

2 RUR LUR 
9 UST LST 

2 0  TO1  T 1 2  
2 LUR LLR 
2 RUR RLR 
4 T o 1  T I 2  

2 3  LUR LLR RUR RLR 
8 UST LST 
3 UST 

2 0  TO1  T 1 2  
2 TO1  
6 LUR LLR RUR RLR 
2 RUR 

11 UST LST 
3 LST UST 

13 TO1  T I 2  
2 8  HED E D 1  HD2 HD3 
1 0  HD1 ED2 HD3 HED 
33 HD1 HD2 HD3 HED 
1 8  HD1 ED2 HD3 HED 
15 HD1 HD2 HD3 HED 

SLD/MCI NOFX 
SLD/MCI NOFX 
SLD/MCI FRAC 
SLD/MCI CRAC 
SLD/RIG NO?X 
S L D / R I G  NOFX 
S L D l R I G  ?RAC 
S L D / R I G  FRqC 
PEN/L-R NOFX 
PEN/L-R NOFX 
SLD/MCI NOFX 
S L D / R I G  NOFX 
PEN/L-R NOFX 
SLD/ABG NOFX 
SLD/ABG FRAC 
SLD/ABG NOFX 
SLD/ABG NOFX 
S L D / 3 P T  NOFX 
S L D / 3 P T  FRIiC 
S L D / 3 P T  NOFX 
SLD/LAP NOFX 
SLD/LAP NOFX 
SLD/LAP FRAC 
SLD/LAP NOFX 
SLD/LAP FRAC 
PEN/A-P NOFX 
PEN/A-P FRAC 
PEN/A-P NOFX 
PEN/A-P FRAC 
PEN/A-P NOFX 
D I R  NOPAD FRRC 
D I R  W/PAD FRAC 
D I R  NOPAD NOFX 
D I R  W/PAD NOFX 
NO DIRECT IMPACT 



Tests = SLD/MCI NOFX S e n s o r s  = LLR - LPOl 

FILTER ESTIMATION 3 S i g n a l s  
C u m u l a t i v e  P.S.D. (%) = 
% of S i g n a l  Pass& ( % )  = 

B e s t  MEZW+lSD f i t  
E q u i v a l e n t  F i l t e r  (dB) = 

CORNER @ ROLL-OFF MEAN LOG Frequency  (Hz) = 
(Hz) (dB/dec)  MERN+lSD Frequency  (Hz) = 

641 ,  -33.7 <---- A d j u s t e d  Asymptote  (Hz) = 
B e s t - F i t  F i l t e r  (Hz) = 

SUM?W.Y OF SPECTRAL ANALYSIS 
50 75 90 95 99 

T - F i l e  Ch S i g n a l  Test ID Sampling F r e q .  (Hz) 8 Cum. PSD Levels 

1-2563 02 .  AC LLR X G'S 76T029 1792 6410 1 2 1  360 648 798 1033 
1-2599 02.  AC LLR X G'S 76T039 1760 6410 789 1149 1565 1764 2092 
1-2889 03 .  AC LLR X G'S 771098 1856 6410 1 2 8  495 784 981  1617 



T e s t s  = SLD/NCI NOFX Sensors = RUR RLR - LP02 

FILTER ESTIMATION 6 S i g n a l s  SLlbNARY OF SPkCTRAL ANP-LYSIS 
Cumulative P.S.D. (%)  = 50 75 90 95 99 
% of S i g n a l  Passed ( % )  = 7 1  50 32 22 10 

Best MEAN+lSD f i t  
Equiva lent  F i l t e r  (dB) = -3 -6 -10 -13 -20 

CORN;? @ 3OLL-OFF MEAN LOG Frequency (Hz) = 41 101 345 532 1385 
( Hz ) (dB/dec ) MEAIU+lSD Frequency (Hz) = 120 308 987 1273 1614 

151. -15.0 c---- Adjusted Asymptote (Hz) = 240 382 705 1119 3279 
Bes t -Fi t  F i l t e r  (Hz) = 151  315 657 1081 3257 

T-File S igna l  T e s t  I D  Sampling Freq. (Hz) @ Cum. PSD Levels  

1-2566 05. AC RUR Y G'S 761029 1792 6410 9 19 53 100 1391 
1-2602 05. AC RUR Y G'S 762039 1760 6410 72 362 1361 1551 1883 
1-2565 04. AC RLR X G'S 76T029 1792 6410 58 81  200 358 1279 
1-2582 04. AC RLR X G'S 761034 1522 6410 257 454 574 700 1307 
1-2601 04. AC RLR X G'S 761039 1760 6410 20 97 756 984 1407 
1-2872 05. AC RLR X G'S 771095 1904 6410 25 44 271 595 1144 



Tests = SLD/MCI FRAC Sensors LUR LLR - LP03 

7 Siqnals S W q Y  OF SPECTRFJl ANALYSIS 
Cumulative P.S.D. (%)  = 50 75 90 95 99 
% of Signal Passed ( % )  = 71 50 32 22 10 

Best MEAN+lSD fit 
Equivalent Filter (dB) = -3 -6 -10 -13 -20 
MEiLN LOG Frequency (Hz) = 313 784 1237 1476 1889 
MEAN+lSD Frequency (Hz) = 510 1020 1434 1650 2018 

611. -30.4 c---- Adjusted Asymptote (Hz) = 767 964 1303 1637 2780 
Best-Fit Filter (Hz) = 611 876 1258 1609 2771 

Signal 

AC LUR Y G'S 
AC LUR Y G'S 
AC LUR Y G'S 
AC LUR Y G'S 
AC LUR Y G'S 
AC LLR X G'S 
AC LLR X G'S 

Test I D  Sampling Freq. (Hz) @ Cum, PSD Levels 



T e s t s  = SLD/MCI FRAC Sensors  = RUR RLR - LPO4 

FILTER ESTIMATION 4 S i g n a l s  
Cumulative P.S.D. (%)  = 
% of S i g n a l  Passed (%)  = 

Best  MEAN+lSD f i t  
Equiva len t  F i l t e r  (dB) = 

CORNE3 @ ROLL-OFF MEAN LOG Frequericy (Hz) = 
(Hz ) (dB/dec ) MZAN+lSD Frequency (Hz) = 

212. -13.6 <---- Adjus ted  Asymptote (Hz) = 
Best -Fi t  F i l t e r  (Hz) = 

T-F i l e  S i g n a l  T e s t  I D  Sampling 

1-2583 05. AC RUR Y G'S 76T034 1522 6410 
1-2871 04. AC RUR Y G'S 771095 1904 6410 
1-2890 04. AC RUR Y G'S 77T098 1856 6410 
1-2891 05. AC RLR X G'S 771098 1856 6410 

S W A Y  OF SPECTRAL PJALYSIS 
50 75 90 95 99 

Freq.  (Hz) @ Cum. ?SD Levels 



T e s t s  = SLD/RIG NOFX S e n s o r s  = LLR - LP05 

FILTER ESTIMATION 4 S i g n a l s  S W R Y  OF SPECT-UL ANALYSIS 
Cumula t ive  P.S.D. ( % )  = 50 75 90 95 99 
% o f S i g n a l P a s s e d  ( % ) =  7 1  50 32 22 1 0  

B e s t  ?IZAN+lSD f i t  
E q u i v a l e n t  F i l t e r  (dB) = -3 -6 -10 -13 -20 

CORNER @ ROLL-OFF Y m L O G F r e q u e n c y ( H z )  = 188 423 697 931  1578 
(Hz ) (dB/dec ) MEAN'lSD Frequency  (Hz) = 415 1067 1745  1797 2098 

510. -23.1 <---- A d j u s t e d  Asymptote  (Hz) = 639 929 1 3 8 1  1864 3737 
B e s t - F i t  F i l t e r  (Hz) = 510 620 1320 1823  3720 

T - F i l e  Ch - -  S i g n a l  T e s t  I D  S a m ~ l i n g  F r e q .  (Hz) @ Cum. PSD L e v e l s  

1-2384 04. AC LLR X G'S 761003 1616 6410 6 1  86 144 299 966 
1-2428 04. AC LLR X G'S 761009 3568 6410 1 3 1  797 1238  1330 1862 
1-2449 04 .  AC LLR X G'S 76T010 1496 6410 382 6 3 1  977 1268  1786 
1-2470 04. AC LLR X G'S 76TOll  1542 6410 410 743 1354 1487 1931  



T e s t s  = SLD/RIG NOFX Sensors = RUii RLR - LP06 

FILTE3 ESTIMATION 

Best W I + l S D  f i t  

COLYER @ ROLL-OFF 
(Hz) (dB/dec)  - 

9 S i q n a l s  
Cumu1zt iveP .S .D.  (%)  = 
% of S i g a l  Passed (%)  = 

E q u i v z l e n t  F i l t e r  (dB) = 
W LOG Trecuency (Ez) = 
W + I . S D  Frequency  (Hz) = 

257.  -17.7 c---- A d j u s t e d  Asymptote (Hz) = 
3 e s t - F i t  Filter (Hz) = 

T - f i l e  g S i p a l  T e s t  I D  Sampl ing  

07.  A C R U X Y G ' S  761003 1616 6410 
07. AC RLR P G'S 76T010 1496  6410 
04 .  AC RIP. Y G'S 771089 1422 6410 
04.  AC RUX Y G'S 771092 1872 6410 
06. A C R L R X G ' S  761003. 1616 6410 
0 6 ,  AC RLR X G'S 76T010 1496 6410 
06 .  A C R L R X G ' S  76TOll 1542 6410 
05 .  AC RLR X G'S 77T089 1422 6410 
05. AC .UR X G'S 77T092 1872 6410 

S W ? Y  OF SIECTML ANALYSIS 
50 75 90 95 99 

F r e q .  (Hz) @ Cum. PSD L e v e l s  



Tests = SLD/RIG F U C  Sensors = 

FILTER ESTIf3ATION 

3est w+lSD fit 

CORXZ? @ ROLL-OFF 
(HZ) ( W d e c )  - 

8 Signals 
Cumulative P.S.D. ( % )  = 
S of Signal Passed ( % )  = 

Squivalent Filter (dB) = 
MEAN LOG Frequency (Hz) = 
W + 1 S D  Frequency (Hz) = 

496. -25.1 <---- Adjusted Asynptote (Hz) = 
Best-Fit Filter (Hz) = 

F ~ i l e  - Signal Test ID Sampling 

05. AC LUR T G'S 
05. 'AC LUR Y G'S 
05. AC LUR Y G'S 
05. AC LUR Y G'S 
02. AC LUR Y G'S 
02. AC LUR Y G'S 
03, AC LLR X G ' S  
03. AC LLR X G'S 

LIP. LLR 

S V W Y  OF SPSCTW-L ANALYSIS 
50 75 90 95 99 

Freq, (Hz) @ Cum. PS3 Levels 



Tpsts = SLD/RIG FRAC Sensors = RUR RLR LP08 - 
FILTER ESTIMATION 3 Signals S W A Y  OF SPECTXAL ANALYSIS 

Cumulative P.S.D. (%)  = 50 75 90 95 99 
% of Signal Passed (%) = 7 1  50 32 22 10  

Best MEAN+1SD f i t  
Equivalent F i l t e r  (dB) = -3 -6 -10 -13 -20 

CORNER @ ROLL-OFF MEAN LOG Frequency (Hz) = 271 727 1286 1510 1886 
(Hz ) (dB/dec ) MEAN+lSD Frequexy (Hz) = 553 1100 1552 1741 2048 

658. -31.0 c---- Adjus t4  Asymptote (Hz) = 823 1029 1383 1729 2905 
Best-Fit F i l t e r  (Hz) = 658 938 1336 1701 2895 

T-File Signal Test I D  Sampling Frea. (Hz) @ Cum. PSD Levels 

1-2431 07. AC RUR Y G'S 761009 3568 6410 146 435 986 1235 1679 
1-2473 07 ,  AC RUR Y G'S 76TOll 1542 6410 737 1196 1493 1651 1977 
1-2430 06. AC RLR X G'S 76T009 3568 6410 185 740 1444 1689 2020 



Tests = PEN/L-R NOFX Sensors = 

FILTER ESTIblATION 6 Signals 
Cumulative P.S.D. (%)  = 
% of Signal Passed (%)  = 

Best W + L S D  fit 
Equivalent Filter (dB) = 

COWER @ ROLL-OFF MEAN LOG Frequency (Ez) = 
(Hz) (dB/dec) W + l S D  Frequency (Hz) = 

422. -26.1 <---- Adjusted Asymptote (Hz) = 
Best-Fit Filter (Hz) = 

T-File C? - -  Signal Test ID Sampling 

1-2095 02. AC LUR Y G'S 76T065 1376 6410 
1-2728 02. AC LUR Y G'S 77T071 1232 6410 
1-2696 03. AC LLR X G'S 761065 1376 6410 
1-2736 10. AC LLR X G'S 77T071 1232 6410 
1-2746 03. AC LLR X G'S 77T074 1216 6410 
1-2763 03. AC LLR X G'S 771077 1232 6410 

LUR LLR LP09 - 
S W A Y  OF SPECTIVLL ANALYSIS 
50 75 90 95 99 

Freq. (Hz) @ Cum. PSD Levels 



T e s t s  = PEN/L-R NOFX Sensors  = RUR RLR LPlO - 
FILTER ESTIMATION 12 S i s n a l s  SUMMARY OF SPECTRAL ANALYSIS 

Cumulative P.S.D. ( % )  = 50 75 90 95 99 
% of S igna l  Passed % = 7 1  50 32 22 10 

Best  EIPYW+lSD f i t  
Equiva lent  F i l t e r  (dB) = -3 -6 -10 -13 -20 

CORNER @ ROLL-OFF M E U L O G F r e q u e n c y ( H z ) =  22 102 295 664 1492 
(Hz ) (dB/dec ) ME.W+lSD Frequency ( X z )  = 38 323 864  i884 1942 

62. -9.6 <---- A d j u s t d  Asymptote (Hz) = 127 261 677 i392 7420 
Best-Fi t  F i l t e r  (Hz) = 62 193 606 1319 7342 

T-Fi le  g Signa l  Tes t  I D  Sampling Freq.  (Hz) @ Cum. PSD Levels  

04. AC RUR P G'S 
04. AC RUR Y G'S 
03. AC RUR Y G'S 
04. AC RUR Y G'S 
04. ACRURY G'S 
04. AC RUR Y G'S 
05, AC RLR X G'S 
05. AC RLR X G'S 
04, AC RLR X G'S 
05. ACRLRXG'S 
05. AC RLR X G'S 
05. ACRLRXG'S 



Tests = SLD/MCI NOFX Sensors = UST LST TO1 T12 - LPl1 

FILTER ESTIMATION 34 Signals S W G Y  OF SPECTRAL ANALYSIS 
Cumulative P.S.D. (%)  = 50 75 90 95 99 
%ofSignalPassed ( % ) =  71 50 32 22 10 

Best YEANtlSD fit 
Equivalent Filter (dB) = -3 -6 -10 -13 -20 

CORNER @ ROLL-OFF MEFN LOG Frequency (Hz) = 47 152 431 734 1294 
(Hz) (dB/dec) MEMtlSD Frequency (Hz) = 139 572 1437 1391 2723 

200. -13.6 <---- Adjusted Asynptote (Hz) = 334 557 1094 1822 5966 
Best-Fit Filter (Hz) = 200 450 1012 1754 5922 

Signal 

AC UST X G'S 
AC UST X G'S 
AC UST X G'S 
AC UST X G'S 
AC UST X G'S 
AC LST X G'S 
AC LST X G'S 
AC LST X G'S 
AC LST X G'S 
AC LST X G'S 
AC TO1 X G ' S  
AC TO1 Z G'S 
AC TO1 X G'S 
AC TO1 Z G'S 
AC TO1 X G'S 
AC TO1 Z G'S 
AC TO1 X G'S 
AC TO1 Y G'S 
AC TO1 Z G'S 
AC TO1 X G'S 
AC TO1 Y G'S 
AC TO1 Z G'S 
AC T12 X G'S 
AC T12 Y G'S 
AC T12 X G'S 
AC T12 Y G'S 
AC T12 X G'S 
AC T12 Y G'S 
AC T12 X G'S 
AC T12 Y G'S 
AC T12 Z G'S 
AC T12 X G'S 
AC T12 Y G'S 
AC T12 Z G'S 

Test ID Sampling Freq. (Hz) @ Cum. PSD Levels 



Tes t s  = SLD/RIG NOFX Sensors = UST LST TO1 T12 - LP12 

FILTER ESTIMATION 39 Signals  SUMMARY OF SPECTRAL ANALYSIS 
Cumu1ativeP.S.D. ( % ) =  50 75 90 95 99 
% o f S i g n a l P a s s e d  ( % ) =  71 50 32 22 10 

Best MEAN+lSD f i t  
Equivalent  F i l t e r  (da) = -3 -6 -10 -13 -20 

COIWER @ ROLL-OFF MEAN LOG Frequency (Hz) = 62 178 486 735 1355 
(Hz ? (dB/dec) YIEAN+lSD Frequency (Hz) = 164 399 1020 1372 1871 

208. -16.9 <---- Adjusted Asymptote (Hz) = 314 474 816 1231 3200 
Best-Fi t  F i l t e r  (Hz) = 208 399 767 1194 3180 

S igna l  

AC UST X G'S 
AC UST X G'S 
AC UST X G'S 
AC UST X G'S 
AC UST X G'S 
AC LST X G'S 
AC LST X G'S 
AC LST X G'S 
AC LST X G'S 
AC LST X G'S 
AC LST X G'S 
AC TO1 X G'S 
AC TO1 Z G'S 
AC TO1 X G'S 
AC TO1 Z G'S 
AC TO1 X G'S 
AC TO1 Z G'S 
AC TO1 X G'S 
AC TO1 Z G'S 
AC TO1 X G'S 
AC TO1 Y G'S 
AC TO1 Z G'S 
AC TO1 X G'S 
AC TO1 Y G'S 
AC TO1 Z G'S 
AC T12 X G'S 
AC T12 Y G'S 
AC T12 X G'S 
AC T12 Y G'S 
AC T12 X G'S 
AC T12 Y G'S 
AC T12 X G'S 
AC T12 Y G'S 
AC T12 X G'S 
AC T12 Y G'S 
AC T12 Z G'S 
AC T12 X G'S 
AC T12 Y G'S 
AC T12 Z G'S 

Tes t  I D  Sampling Freq. (Hz) @ Cum. PSD Levels 



Tests = PEN/L-R NOFX Sensors = UST LST TO1 T12 - LP13 

FILTER ESTIMATION 44 Signals 
Cumulative P.S.D. ( % )  = 
% of Signal Passed ( % )  = 

Best M"E+lSD fit 

CORKSR @ ROLL-OFF 
(Hz) (da/dec) 

Equivalent Filter (dB) = 
MEAN LOG Frequency (Hz) = 
MZANilSD Frequency (Hz) = 

106. -13.4 <---- Adjusted Asymptote (Hz) = 
Best-Fit Filter (Hz) = 

T-File Ch - -  Signal Test ID Sampling 

AC UST X G'S 
AC UST X G'S 
AC UST X G'S 
AC UST X G'S 
AC UST X G'S 
AC UST X G'S 
AC LST X G'S 
AC LST X G'S 
AC LST X G'S 
AC LST X G'S 
AC TO1 X G'S 
AC TO1 X G'S 
AC TO1 Z G'S 
AC TO1 Y G'S 
PAC TO1 X G'S 
AC TO1 Y G'S 
AC TO1 Z G'S 
AC TO1 X G'S 
AC TO1 Y G'S 
AC TO1 Z G'S 
AC TO1 X G'S 
AC TO1 Y G'S 
AC TO1 Z G'S 
AC TO1 X G'S 
AC TO1 Y G'S 
AC TO1 Z G'S 
AC T12 X G'S 
AC T12 Z G'S 
AC T12 Y G'S 
AC T12 X G'S 
AC T12 Z G'S 
AC T12 Y G'S 
AC T12 X G'S 
AC T12 Y G'S 
AC T12 Z G'S 
AC T12 X G'S 
AC T12 Y G'S 
AC T12 Z G'S 
AC T12 X G'S 
AC T12 Y G'S 
AC T12 Z G'S 
AC T12 X G'S 
AC T12 Y G'S 
AC T12 Z G'S 

S W X Y  OF SPECTRAL ANALYSIS 
50 75 90 95  99 
71 50 32 22 10 

Frea. (Hz) @ Cum. PS3 Levels 



T e s t s  = SLD/ABG NOFX S e n s o r s  = LUR LLR XUR RLR LPl4 - 
FILTER ESTIMATION 1 8  S i g n a l s  SWMRY OF SPEC??.AL ANALYSIS 

Curnu1at iveP.S.D.  ( % ) =  50 75 90 95 99 
% of S i g n a l  Passed  ( 8 )  = 7 1  50 32 22 ' 1 0  

Best XZAN+lSD f i t  
E q u i v a l e n t  F i l t e r  (dB) = - 3 -6 -10 -13 -20 

COWER @ 2OLL-OFF MEAN LOG Frequency  (Hz) = 23 82 222 441 1183 
(Hz) (dE/dsc )  MEAN+lSD Frequency (Hz) = 102 408 939 1633 1 7 4 1  

1 4 3 .  -13.6 c---- A d j u s t e d  Asymptote  (Hz) = 237 395 775 1 2 9 1  4215 
B e s t - F i t  F i l t e r  (Hz) = 143 320 717 1243 4184 

? - F i l e  2 S i g n a l  T e s t  I D  Sampling 

05.  AC LUR Y G'S 
05. AC LUR Y G'S 
05. AC LUR Y G'S 
05. AC LUR Y G'S 
04. AC LLR X G'S 
04.  AC LLR X G'S 
04.  AC LLR X G'S 
04. AC LLX X G'S 
08.  AC LLR X G'S 
07.  AC RUR Y G'S 
07.  A C R U R Y G ' S  
07. AC RUR Y G'S 
11. AC RUR Y G'S 
06. A C R L R X G ' S  
06.  A C R L R X G ' S  
06. AC RLR X G'S 
06'. AC RLR X G'S 
1 0 .  A C R L R X G ' S  

F r e q ,  (Hz) @ Cum. PSD Leve l s  



Tests = SLD/ABG FRAC Sensors = RUR LUR - LP15 

FILTER ESTIMATION 2 Signals 
Cumulative P.S.D. (%)  = 
% of Signal Passed (%) = 

Best W + l S D  fit 
Equivalent Filter (dB) = 

CORNER @ ROLL-OFF MEAN LOG Frequency (Bz) = 
(Hz) (d9/dec) - MEAN+lSD Frequcslcy (Hz) = 

1012. -46.6 <---- M j u s t d  Asymptote (Hz) = 
Sest-Fit Filter (Hz) = 

SUMMU?? OF SPECTRAL ANALYSIS 
50 75 90 95 99 
71 50 32 22 10 

T-File Ch - -  Signal Test ID Sampling Freq. (Hz) @ Cum. PSD Levels 

1-2324 07. AC RUR Y G ' S  A-927 1648 6410 876 1324 1679 1358 2207 
1-2496 09. AC LUX Y G'S 761020 1600 6410 917 1326 1687 1903 2452 



T e s t s  = SLD/ABG NOFX S e n s o r s  = UST LST - LP16 

FILTZR ESTIMATION 9 S i g a l s  SUMMARY OF SP5CTRP.L ANALYSIS 
Cumula t ive  P.S.D. (%)  = 50 7 5  90 95 99 
% of S i g n a l  P a s s e d  (%)  = 7 1  50 32 22 1 0  

B e s t  MEM+lSD f i t  
E q u i v a l e n t  F i l t e r  (dB) = -3 -6 -10 -13 -20 

CORNER @ ROLL-OFF MEFN LOG F r e q u e n c y  (Hz) = 9 2 1  75 136  737 
(Hz) (dB/dec) MEP.+lSD Frequency  (Hz) = 1 2  35 274 510 1 9 0 1  

IS .  -8.6 <---- A d j u s t e d  Asymptote  (Hz) = 33  7 5  217 466 3168 
B e s t - F i t  F i l t e r  (Hz) = 1 5  53 1 9 1  458 3131 

T - P i l e  g - S i g n a l  T e s t  I D  Ssmpl ing  Freq. (Hz) @ Cum. PSD Levels 

02. A C U S T X G ' S  
02. AC UST X G'S 
02 ,  AC UST X G'S 
06 ,  AC UST X G'S 
03. AC LST X G'S 
03. AC, LST X G'S 
03. AC LST X G 'S  
03. AC LST X G'S 
07. AC LST X G 'S  



Tests = SLD/A3G NOFX Sensors = TO1 T12 - LP17 

FILTER ESTIK4TION 20 Signals S W Y  OF SPECTFGLL ANALYSIS 
Cumulative P.S.D. ( % )  = 50 75 90 95 99 
% of Signal Passed ( % )  = 71 50 32 22 10 

Sest ME)-?+lSD fit 
Equivalent Filter (dB) = -3 -6 -10 -13 -20 

COFUZR @ XOLL-OFF MEAN LOG Frequency (Hz) = 25 75 238 403 1029 
(Hz) (dB/dec ) MEM+lSD Frequency (Hz) = 127 298 770 1125 1759 

159. -16.2 <---- Adjusted Asymptote (Hz) = 244 375 660 1012 2731 
Best-Fit Filter (Hz) = 159 314 618 960 2714 

T-File Ch Signal Test ID Sam~ling Freq, (Hz) @ Cum. PSD Levels 

i2. AC TO1 X G'S 
13. AC TO1 2 G'S 
13. AC TO1 X G'S 
14. AC TO1 Z G'S 
13. AC T01X G'S 
14. AC TO1 2 G'S 
13. AC TO1 X G'S 
14. AC TO1 Z G'S 
02. AC TO1 X G'S 
03. AC TO1 2 G'S 
14. AC T12 X G'S 
15. AC T12 Y G'S 
15. AC T12 X G'S 
16. AC T12 Y G'S 
15. liCT12XGtS 
16. AC T12 Y G'S 
15. AC T12 X G'S 
16, AC T12 Y G'S 
04. AC T12 X G'S 
05, AC T12 Y G'S 



T e s t s  = SLD/3PT NOFX Sensors  = LUR LLR LP18 - 
FILTER ESTIMATION 2 S i g n a l s  SUMMARY OF SPSCTEZAL ANALYSIS 

Cumu1ativeP.S.D. ( % ) =  50 75 90 95 99 
% of S i g n a l  ?a.ssed (%)  = 71  50 32 22 10  

Bes t  MEAN+lSD f i t  

COWER @ ROLL-OFF 
(Hz ) (dB/dec - 

Equiva len t  F i l t e r  (dB) = -3 -6 -10 -13 -20 
W E  LOG Frequency (Hz) = 6 67 135 178 1296 
MEAN+1SD Frequency (Hz) = 1 3  746 1077 1271 1745 

-6.6 <---- Adjusted Asymptote (Hz) = 60 172 690 1970 22550 
Best -Fi t  F i l t e r  (Hz) = 2 1  111 588 1823 22210 

T-Fi le  Ch - -  Signa l  T e s t  13 Sampling Freq .  (Hz) @ Cum. PSD Levels  

1-2407 09. AC L L T  Y G ' S  761008 1488 6410 
1-2406 08. AC LLR X G ' S  761008 1488 6410 



T e s t s  = SLD/3PT FRAC Sensors  = RUR RLR LP19 - 
FILTER ESTIMATION 2 S i g n a l s  S.VMMA!!Y OF SPECTRAL ANALYSIS 

Cumu1ativeP.S.D. = 50 75 90 95 99 
% o f S i g n a l P a s s e d  ( % ) =  71 50 32 22 10 

Best  U + l S D  f i t  
Equiva len t  F i l t e r  (dB) = -3 -6 -10 -13 -20 

CORNER @ ROLL-OFF MEAN LOG Frequency (Hz) = 28 64 863 1107 1618 
(Hz ) (dB/dec) MEAN+lSD Frequency (Hz) = 263 518 897 1189 1831 

316. -23.1 <---- Adjusted Asymptote (Hz) = 426 576 856 1155 2318 
Bes t -F i t  F i l t e r  (Hz) = 316 508 817 1130 2307 

T-Pile  Ch Signal Tes t  I D  Sampling Freq.  (Hz) @ Cum. PSD Levels  

1-2409 11. AC RLTR Y G'S 761008 1488 6410 263 518 897 1031 1430 
1-2408 10.  4C RLR X G'S 761008 1488 6410 3 8 831 1189 1831 



Tests = SLD/3PT NOFX Sensors = TO1 T12 LP20 - 
FILTER ESTiMATION 4 Signals SUMM9RY OF SPECTRAL ANALYSIS 

Cumuiative P.S.D. ( % )  = 50 75 90 95 99 
%ofSignalPassed ( % ) =  71 50 32 22 10 

Sest KZA.N+lSD fit 
Equivalent Filter (d9) = -3 -6 -10 -13 -20 

CORKER @ ROLL-OFF 1.IE.U LOG Frequency (Hz) = 6 19 164 307 1255 
(Hz) (dB/dec) MEAN+lSD Frequency (Hz) = 18 84 981 2107 1599 

23. -7.5 <---- Adjusted Asymptote (Hz) = 57 143 484 1216 10340 
Best-Fit Filter (Hz) = 23 98 420 1.136 10202 

T-File Ch - -  Signal Test ID Sampling Freq. (Hz) @ Cum. PSD Levels 

1-2400 02. AC TO1 X G'S 761008 1488 6410 2 9 285 803 1421 
1-2401 03. AC TO1 Z G'S 761008 1488 6410 9 34 385 1025 1429 
1-2402 04. AC T12 X G'S 76T008 1488 6410 2 3 8 11 825 
1-2403 05. AC T12 Y G'S 761008 1488 6410 30 153 829 986 1479 



T e s t s  = SLD/LAP NOFX Sensors  = LUR LLR RUR RLR LP21 - 
FILTSX ESTII.IP.TION 23 S i g n a l s  

Cumulative P.S.D. ( % )  = 
% of S igna l  Passed ( % )  = 

S e s t  NEP&+lSD f i t  
Equiva lent  F i l t e r  (dB) = 

COaE2 3 ROLL-OFF MEF3 LOG Frequency (Hz) = 
(Hz)  (d3/dec)  MZPJilSD Frequency (Hz) = 

271. -16.2 <---- Adjusted Asymptote (Hz) = 
Best -Fi t  F i l t e r  (Hz) = 

Ch - Signa l  

05. AC LUR Y G'S 
05. AC LUR Y G'S 
04. AC LUR Y G'S 
05. AC LUR Y G'S 
05. AC LUR Y G'S 
04. AC L L R  X G'S 
04. AC LLR X G'S 
04. AC LLR X G'S 
03. AC LLR X G'S 
04. AC LLR X G'S 
04. AC LLR X G'S 
07. AC RUR Y G'S 
07. AC RUR Y G'S 
07. AC RUR Y G'S 
06. AC RUR Y G'S 
07. AC RUR Y G'S 
07. AC RUR Y G'S 
06. AC RL2 X G'S 
06. AC RLR X G'S 
06. AC RLR X G'S 
05. AC RLR X G'S 
06. AC RLRXG'S 
06. AC RLRXG'S  

Tes t  ID Sampling 

SU1-MY OF SPECTiE9L ANALYSIS 
50 75 90 95 99 
7 1  50 32 22 10 

Freq. (Hz) @ Cum. PSD Levels  



Tests = SLD/LAP NOFX Sensors = UST LST - LP22 

FILTER ESTIMATION 8 Signals 
Cumulative P.S.D. (%)  = 
% of Signal Passed (%)  = 

Zest KEAN+lSD fit 
Equivalent Filter (dB) = 

CORKER @ ROLL-OFF KEAN LOG Frequency (Hz) = 
(Hz! (dB/dec) MEANtlSD Frequency (Hz) = 

155. -15.1 <---- Adjusted Asymptote (Hz) = 
Best-Fit Filter (Hz) = 

F i l e  & ppp Signal Test ID Sampling 

02. AC UST X G'S 
02. AC UST X G'S 
03. AC LST X G'S 
03. AC LST X G'S 
03. AC LST X G'S 
02. AC LST X G'S 
03, AC LST X G'S 
03, AC LST X G'S 

SUMMARY OF SPECTRAL ANALYSIS 
50 75 90 95 99 
71 50 32 22 10 

Frea. (Hz) @ Cum. PSD Levels 



T e s t s  = SLD/LGP FRAC S e n s ~ r s  = UST - LP23 

FILTER ESTIMATIOK 3 S i g n a l s  S7JDG.RY OF SPECTM-L ANALYSIS 
Cumulat ivs P.S.D. ( % )  = 50 75 90 95 99 
% o f S i g n s l P a s s e d  ( % ) =  7 1  50 32 22 10 

Bes t  KE.W+lSD f i t  
Equ iva len t  F i l t e r  (dB) = -3 -6 -10 -13 -20 

CORKER @ ROLL-OFF KEAXILOGFrequency ( H Z )  = 23 185 407 598 1511 
(Hz ) (dB/dec ) MEAN+lSDFrequency (Hz)  = 48 732 1802 2091 2134 

74. -8.7 <---- Adjusted Asymptote (Hz) = 164 363 1038 2298 14535 
Ees t -F i t  F i l t e r  (Hz) = 74 261 920 2166 14369 

? - ~ i l e  2 S i g n a l  T e s t  I D  Sampling Freg .  (Hz) @ Cum. PSD Levels  

1-2177 02.  AC UST X G'S A-880 1588 6410 64 371 1000 1351 1615 
1-2216 02.  AC UST X G'S A-883 2016 6410 17  629 1349 1552 2222 
1-2340 02. AC UST X G'S A-928 1648 6410 11 27 50 102 962 



T e s t s  = SLD/LAP NOFX S e n s o r s  = TO1 T12 

FiLTER ESTIK4TION 20 S i g n a l s  SU'IWARY OF SPECTR4L PJALY S IS 
C u m u l a t i v e  P.S.D. ( % )  = 50 7 5  90 95 99 
% of S i g n a l  P a s s e d  ( % )  = 7 1  50 32 22 1 0  

B e s t  MEAN+lSD f i t  

CORNEZ @ i?OLL-OFF 
(Hz ) (dB/dec) 

E q u i v a l e n t  F i l t e r  (dB) = -3 -6 -10 -13 -20 
MEAN LOG F r e q u e n c y  (Hz) = 32 134  371 559 1287 
MZAN+lSD Frequency  (Hz) = 125  454 1092 1496 1757 

172 .  -14.7 <---- A d j u s t e d  Asymptote  (Hz) = 275 442 826 1325 3972 
a e s t - F i t  F i l t e r  (Hz) = 172 363  768 1279 3944 

Ch - S i g n a l  

1 3 .  kC TO1 X G ' S  
1 4 .  AC TO1 Z G ' S  
1 2 .  AC TO1 X G ' S  
1 3 .  AC TO1 Z G ' S  
1 3 .  AC TO1 X G'S 
1 4 .  AC TO1 Z G ' S  
1 3 .  AC TO1 X G ' S  
1 4 .  AC TO1 Z G ' S  
1 5 .  AC T12 X G ' S  
1 6 .  AC T12 Y G ' S  
1 5 .  AC T12 X G ' S  
1 6 .  AC T12 Y G ' S  
1 3 .  A C T 1 2 X G 1 S  
1 4 .  AC T12 Y G ' S  
1 4 .  AC T i 2  X G'S 
1 5 .  AC T12 Y G ' S  
1 5 .  AC T12 X G ' S  
1 6 .  AC T12 Y G'S 
1 5 .  AC T12 X G ' S  
1 6 .  AC T12 Y G ' S  

T e s t  I D  Sampl ing  F r e q .  (Hz) @ Cum. PSD L e v e l s  



Tests = SLD/LAP FRAC Sensors = TO1 - LP25 

FILTER ESTIM4TION 2 Signals SLM.Lk!!Y OF SPECTRAL ANALYSIS 
Cumu1ativeP.S.D. = 50 75 90 95 99 
% of Signal Passed ( % )  = 71 50 32 22 10 

Best KEMI1;+1SD fit 
Zquivalent Filter (dB) = -3 -6 -10 -13 -20 

CORNEX @ ROLL-OFF MEAN LOG Frequency (Hz) = 27 137 461 780 1362 
(Hz ) (dB/dec ) ME.W+lSD Frequency (Hz) = 39 200 601 831 1410 

60. -11.6 <---- A4justed Asymptote (Hz) = 110 199 439 797 3184 
Best-Fit Filter (Hz) = 60 155 400 762 3156 

T-File Ch - -  Signal Test ID Sampling Frea. (Hz) @ Cum. PSD Levels 

i-2188 13. AC TO1 X G'S A-880 1664 6410 39 94 354 732 1410 
1-2189 14. AC TO1 Z G'S A-880 1664 6410 19 200 601 831 1316 



Tests = PEN/A-P NOFX Sensors = LUR LLR RUR RLR LP26 

FILTER ESTIYL~TION 6 Signals 
Cumulative P.S.D. ( % )  = 
% of Signal Passed (%)  = 

Best MEUtlSD fit 
Equivalent Filter (dB) = 

COWER @ ROLL-OFF MEPJ LOG Frequency (Hz) = 
(Hz) (dB/dec) NEAN+lSD Frequency (Hz) = 

492. -26.9 <---- Adjusted Asymptote (Hz) = 
Best-Fit Filter (Hz) = 

SUMKkRY OF SPECTR9L ANALYSIS 
50 75 90 95 99 
71 50 32 22 10 

T-File Ch - -  Signal Test ID Sampling Freq. !Hz) @ Cum. PSD Levels 

1-2520 07. AC LUR Y G'S 761021 1440 6410 449 1144 1545 1767 2167 
1-2532 07. AC LUR Y G'S 761022 1824 6410 401 748 1106 1277 1560 
1-2544 07. AC LUR Y G'S 761024 1952 6410 42 99 246 455 898 
1-2556 07. AC LUR Y G'S 76T025 1568 6410 347 687 1041 1221 1480 
1-2617 02. AC LUR Y G'S 76T050 2144 6410 44 59 322 961 1606 
1-2630 02, AC LUR Y G'S 76T053 1402 6410 31 174 473 700 1480 



T e s t s  = PEK/A-P FXAC Senso r s  = RUR - LP27 

FILTER ESTIMATION 2 S i g n a l s  SU14tLAY OF SPECTRAL ANALYSIS 
Cumu1ativeP.S.D.  ( % ) =  50 75 90 95 99 
% of S i g n a l  Pass& (%)  = 7 1  50 32 22 10  

3es.c MEANt1SD f i t  
Equ iva l en t  F i l t e r  (dB) = -3 -6 -10 -13 -20 

COXHER @ ROLL-OFF MEAN LOG Frequency (Hz) = 172 308 831 1280 1679 
(Hz) (dB/dec)  KEAlV+lS3 Frequency (Hz) = 556 1041 1531 1706 2146 

658. -31.4 <---- Adjus ted  Asymptote (Hz) = 821 1024 1371 1711 2858 
B e s t - F i t  F i l t e r  (Hz) = 653 934 1326 1683 2849 

T-F i l e  S i g n a l  T e s t  I D  Sampling Freq .  (Hz) @ Cum. PSD Levels  

1-2534 09. AC RUR Y G'S 76T022 1820 6410 53 91  451 961 1313 
1-2816 04.  AC RUR Y G'S 771086 1246 6410 556 1041 1531 1706 2146 



T e s t s  = PEN/A-P KOFX Senso r s  = UST LST LP28 

FILTER ESTIVATION 11 S i g n a l s  
Cumulat ive P.S.D. (%)  = 
% of S i g n a l  Passed (%)  = 

Best MEP.N+lSD f i t  
Equ iva l en t  F i l t e r  (dB) = 

COFSER @ ROLL-OFF MEAN LOG Frequency (Hz) = 
(Hz) (dB/dec) MEiih'+lSD Frequency (Hz) = 

158. -15.7 <---- Adjus ted  Asymptote (Hz) = 
B e s t - F i t  F i l t e r  (Hz) = 

T-F i l e  Ch - -  S i g n a l  T e s t  ID Sampling 

06. AC UST X G'S 
06. AC UST X G'S 
06. A C U S T X G ' S  
06. A C U S T X G ' S  
06.  AC UST X G'S 
06. AC UST X G'S 
07. AC LST X G'S 
07. A C L S T X G ' S  
07. AC LST X G'S 
06 .  AC LST X G'S 
07. AC LST X G'S 

SUM?ARY OF SPECTRAL ANALYSIS 
50 7 5  90 95 99 

Freq .  (Hz) @ Cum. PSD Levels 



Tests = PZN/A-P FRkC Sensors = LST EST LP29 

FILTSR ESTIMqTION 

Best NEAN+lSD fit 

COWZR @ ROLL-OFF 
(Hz) ' (dB/dec) 

3 Signals S L J ? M Y  OF SPECTRAL ANALYSIS 
Cumu1ativeP.S.D. ( % ) =  50 75 90 95 99 
%ofsignalpassed ( % ) =  71 50 32 22 10 

Equivalent Filter (dB) = -3 -6 -10 -13 -20 
MEAN LOG Frequency (Hz) = 52 102 239 460 1181 
MEXJ+lSD Frequency (Hz) = 58 107 337 611 1237 

65. -14.2 <---- Adjusted Asymptote (Hz) = 106 173 329 537 1670 
Best-Fit Filter (Hz) = 65 141 305 518 1658 

T-File Ch - -  Signal Test ID Sampling Freq. (Hz) @ Cum. PSD Levels 

1-2622 07. AC LST X G'S 76TO50 2144 6410 
1-2801 07. AC LST X G'S 771083 1232 6410 
1-2714 05. AC UST X G'S 77T068 1232 6410 



Tests = PEK/A-P NOFX Sensors = TO1 T12 - LP30 

FILTER ESTIMATION 13 Signals 
Cumulative P.S.D. ( % )  = 
% of Signal Passed (%)  = 

Best ME.U+lSD fit 
Equivalent Filter (dB) = 

COWER @ ROLL-OFF MEAN LOG Frequency (Hz) = 
( Hz ) (dB/dec ) MEAKtlSD Frequency (Hz) = 

234. -14.3 <---- Adjusted Asymptote (Hz) = 
Best-Fit Filter (Hz) = 

T-File Cn - -  Signal Test ID Sampling 

TO1 X G'S 
TO1 Z G'S 
TO1 X G'S 
TO1 Z G'S 
TO1 X G'S 
TO1 Z G'S 
TO1 X G'S 
TO1 Z G'S 
TO1 X G'S 
TO1 Z G'S 
TO1 X G'S 
TO1 Z G'S 
TO1 Y G'S 

SLMfi!Y OF SPECTRRL ANALYSIS 
50 75 90 95 99 

Frea. (Hz) @ Cum, PSD Levels 



n i ~ s t s  = C I R  HOP.4D FRAC Sensors  = :ED H D 1  HD2 HD3 - LP3 1 

FILTER ESTIMATION 28 S i g n a l s  SUb2'iL;ZY OF SPECTXGL ANALYSIS 
Cumulative P.S.D. ( % )  = 50 75 90 95 99 
% o f S i g n a l P a s s e d  = 7 1  50 32 22 10  

B e s t  XEBN+lSD f i t  
Equ iva lec t  F i l t e r  (dB) = -3 -6 -10 -13 -20 

CORKER P ROLL-OFF MU1 LOG Frequency (Hz) = 199 595 1110 1569 3053 
( a z  ) (da /dec )  MEW+lSD Frequency (Hz) = 985 3043 4645 6072 7690 

1303. -19.9 <---- Adjusted Asymptote (Hz) = 1846 2615 4145 5874 13191 
Bes t -Fi t  F i l t e r  (Hz) = 1303 2263 3931 5724 13124 

S i gna 1 

AC HED Y G'S 
AC HED Z G'S 
AC HED Y G'S 
AC HED Z G'S 
AC HED X G'S 
AC HED Z G'S 
AC HED Y G'S 
AC HED X G'S 
AC HED Z G'S 
AC RED Y G'S 
AC H D 1  X G'S 
AC H 3 1  Y G'S 
AC ED1 Z G'S 
AC H D 1  X G'S 
AC H D 1  V G'S 
AC H D 1  Z G'S 
AC HD2 Z G'S 
AC HD2 X G'S 
AC HD2 Y G'S 
AC HD2 Z G'S 
AC HD2 X G'S 
AC HD2 Y G'S 
AC HD3 Y G'S 
AC HD3 Z G'S 
AC HD3 X G'S 
AC HD3 Y G'S 
AC HD3 Z G'S 
AC HD3 X G'S 

T e s t  I D  Sampling Freq .  (Hz) @ Cum. PSD Levels  



T e s t s  = D I R  W/PAD FRAC Sensors  = H D 1  HD2 HD3 RED LP32 

FILTER ESTIMATIOK 10 S i g n a l s  SWAYY OF SPECTRAL ANALYSIS 
Cumu1ativeP.S.D. ( % ) =  50 75 90 95 99 
% of S i g n a l  Passed (%)  = 7 1  50 32 22 10 

Best MEANtlSD f i t  
Equ iva len t  F i l t e r  (dB) = -3 -6 -10 -13 -20 

C O X E R  @ ROLL-OFF MEAN LOG Frequency (Hz) = 29 92 294 673 1562 
(Hz ) (dB/dec ) KEAN+lSD Frequency (Hz) = 64 201 813 1445 1878 

85.  -11.7 <---- Adjus ted  Asymptote (Hz) = 154 278 609 1099 4339 
Bes t -F i t  F i l t e r  (Hz) = 85 217 556 1052 4301 

T-F i l e  % S i g n a l  T e s t  I D  Sampling Freq .  (Hz) @ Cum. PSD Levels  

02. A C H D l X G ' S  
03. AC H D 1  Y G'S 
04. AC H D 1  Z G'S 
05. AC HD2 Z G'S 
06. A C H D 2 X G 1 S  
07.  AC HD2 Y G ' S  
09. A C H D 3 Z G 1 5  
10 .  AC HD3 X G'S 
16 .  AC HED X G'S 
17 .  AC HED Z G'S 



T e s t s  = D I R  NOPAD NOFX Senso r s  = H D 1  HD2 HD3 HZD LP33 - 
FILTZR ESTIb?ATION 33 S i g n a l s  SUbWARY OF SPECTML ANALYSIS 

Cumulat ive P.S.D. ( % )  = 50 75 90 95  99 
% o f S i g n a l P a s s e d  ( % ) =  7 1  50 32 22 1 0  

Bes t  ME&Y+lSD f i t  
Equ iva l en t  F i l t e r  (da)  = -3 -6 -10 -13 -20 

CORNER @ ROLL-OFF MEPS LOG Frequency (Hz) = 137 349 723 986 1649 
(Hz) (dB/dec)  KEPLN+1SD Frequency (Hz) = 463 847 1475 1814 2508 

547. -25.7 <---- Adjus ted  Asymptote (Hz) = 716 937 1338 1752 3275 
Bes t -F i t  F i l t e r  (Hz) = 547 838 1284 1717 3262 

T-F i l e  Ch - -  S i g n a l  T e s t  ID Sampling Freq. (Hz) @ Cum. PSD Levels  

02. AC H D 1  X G'S 
03. AC H D 1  Y G'S 
04. AC H D 1  Z G'S 
01. AC H D 1  X G'S 
02. AC H D 1  Y G'S 
03.  AC H D 1  Z G'S 
01.  AC H D 1  X G'S 
02.  ACHDlY G'S 
03.  AC H D 1  Z G'S 
05. AC HD2 Z G'S 
06.  AC HD2 X G'S 
07. AC HD2 Y G'S 
04. AC HD2 X G'S 
05. AC HD2 Y G'S 
06 .  AC HD2 Z O'S 
04.  AC HD2 X G'S 
05.  AC HD2 Y G'S 
06 .  AC HD2 Z G'S 
09 .  AC HD3 Z G'S 
10 .  AC HD3 X G'S 
07. AC HD3 X G'S 
08. AC HD3 Y G'S 
09.  AC HD3 Z G'S 
07.  AC HD3 X G ' S  
08. AC HD3 Y G'S 
09. AC ED3 Z G'S 
13 .  AC FED X G'S 
1 4 .  AC HED Z G'S 
15 .  AC HED Y G'S 
18 .  AC HED Y G'S 
19 .  AC HED Z G 'S  
18 .  AC HED Y G'S 
19 .  AC HED Z G'S 



T e s t s  = D I 2  W/PAD NOFX Sensors = H D 1  H D 2  HD3 HED - LP34 

F I L T E R  ESTIlLD.TION 1 8  S i g n a l s  
C u m u l a t i v e  P . S . D .  (%)  = 
% of S i g n a l  Passed ( % )  = 

3est M E h N + l S D  f i t  
E q u i v a l e n t  F i l t e r  (dB) = 

CORNER @ ROLL-OFF MEAN LOG F r e q u e n c y  ( H z )  = 
( H z )  ( d B / d e c )  M E A N + l S D  F r e q u e n c y  ( H z )  = 

49. -11.8 c---- A d j u s t e d  A s y m p t o t e  ( H z )  = 
B e s t - F i t  F i l t e r  ( H z )  = 

T - F i l e  S i g n a l  T e s t  I D  S a m p l i n g  

02. A C  H D 1 X  G ' S  
03. A C  H D 1  Y G ' S  
04. A C H D 1  Z G ' S  
02. AC H D 1  X G ' S  
03. AC H D 1  Y G ' S  
0 4 .  A C  H D 1  Z G ' S  
02. A C  E D 1  X G ' S  
03. AC H D 1  Y G ' S  
04. AC H D 1  Z G ' S  
02. AC H D 1  X G ' S  
03. AC H D 1  Y G ' S  
04. AC H D 1  Z G ' S  
02. AC E D 1  X G ' S  
03. h C  H D 1  Y G ' S  
04. AC H D 1  Z G ' S  
02. A C  H D 1  X G ' S  
03. AC H D 1  Y G ' S  
04. AC H D 1  Z G ' S  

SWPPtiY O F  S P E C T R A L  A N A L Y S I S  
50 7 5  90 95 99 

Freq. ( H z )  @ C u m .  P S D  L e v e l s  



Tests = NO DIRECT IM?ACT Sensors = HD1 HD2 HD3 HED - LP35 

FILTER ESTIYJTIOK 15 Signals 
Cumulative P.S.D. ( % )  = 
% of Signal Passed ( % )  = 

Gest MEMtlSD fit 
Equivalent Filter (dB) = 

COWER @ ROLL-OFF MEAV LOG Frequency (Hz) = 
(Hz) (dS/dec) MEANtlSD Frequency (Hz) = 

17. -14.1 c---- Adjusted Asymptote (Hz) = 
Best-Fit Filter (Hz) = 

T-File Ch - -  Signal Test ID Sampling 

G'S 
G'S 
G'S 
G'S 
G'S 
G'S 
G'S 
G'S 
G'S 
G'S 
G'S 
G'S 
G'S 
G'S 
G'S 

Freq. (Hz) @ Cum. PSD Levels 



Appendix C 

SAMPLES OF SIGNALS AND POWER DENSITY SPECTRA 

This Appendix is included to provide samples of the biomechanical signals 
used in the filter study, and to show their power density spectra as well as the 
cumulative PDS functions. The label P.S.D. was inadvertantly used to refer to the 
PDS. To consenre space, not all 450 signals and spectra are included. Those that 
are included are most typical of all biomechanical signals, and demonstrate the va- 
riety of responses that may be found. 

The following contains a LEGEND of the features and information found 
on each of the subsequent graphs. The keys to these infornlation are the circled 
numbers which correspond to the following. 

(1) Tape number (1 or 2) where the raw signal may be found. The 
data base from which these signals were obtained consisted of two 
magnetic tapes that are formatted in the hXTSA Biomechanics 
Tape Format (old version). 

( 2 )  File number on that tape which contains the sensor data. 

(3) Channel number, i.e., the sequential order of the sensor data in the 
digitized and formatted test. 

(4) Test ID or reference number to which the signal belongs. 

( 5 )  Sensor type. Here, all are accelerometer (AC) signals. 

(6 )  Sensor attachment location. See Appendix A for a list of these 
codes, or consult the NHTSA Biomechanics Tape Format 
guideline. 

(7) Direction of sensitive axis of the sensor. 

(8) Peak-to-peak range and units of the signal. The signal is always 
scaled to fit this range over the entire vertical scale. 

(9)  Duration of the signal in milliseconds. The signal is always scaled 
to fit this duration over the entire time axis. 



Number of samples in the signal. 

Sampling rate, in Hertz, of the signal. 

Peak value of the PDS which is used to nom~alized the PDS curve, 

Last value of the cumulative PDS curve that occurs at the Nyquist 
rate or half the saprnling rate described in (10) above. Note that 
the maximum frequency on the plots vary but are not necessarily 
equal to the Nyquist rate. This is done to expand the cunles at low 
frequencies where most of the "action" takes place. 

Vertical scale for both the normalized PDS and its cumulative 
function, which ranges from 0 to 100 percent. Note that the 50,75,  
90, and 95% levels are shown, but not the 99% level. 

Frequencies at which the cumulative PDS cunle crosses the four 
indicated levels. The fifth landmark (at 99%) is not shown for 
clarity, but was is listed in Appendix B. 

Gains (in deciBels) corresponding to the 4 levels of the cumulative: 
PDS. 

Time history of the raw signal, which has been scaled vertically 
and horizontally to fit the entire plotting region. Generally, this 
signal would have been filtered with SAE Channel Class 1000 fil- 
ter before being digitized, but is considered "unfiltered" for the 
purposes of this study. 

The power density spectrum, obtained by normalizing the squared 
magnitude of the signal which, in turn, was obtained from the FFT 
of the signal. Note that the peak occurs, in general, at a low fre- 
quency, and that the PDS is a noisy c w e  which does not neces- 
sarily approach zero at high frequencies. 

The cumulative PDS curve, obtained at each frequency by simple 
summation of the PDS values of all previous frequencies, then 
normalized to 100% at the last accumulated value. Note that this 
curve will always be positive, increasing, and monotonous, which 
allows successful1 detection of the 5 landmark levels. 
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