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NOMENCLATURE

time

weighting function of a linear system

complex constant, s » ¢ + Ju

transfer function of a linear system
frequency-response function of a Tinear system
autocorrelation function of a random process, x(t)

p?wir spectral density function of a random process,
x(t

Dirac delta-function or impulse function

time constant

step function

mean-square value of y(t)

transfer function of nth wave shapers

transfer function of nth 1/3 octave filters
bandwidth of a filter

center frequency of a filter

linear time differential operator with respect to t,

nth order time differential operator with respect to

3}

linear differential operator which is the product of
L, and its adjoint operator

viii




Chapter 1
INTRODUCTION

The acoustic environment generated and encountered by large
rocket boosters during 1ift-off and aerodynamic flight is the object
of considerable research today. In an acoustical test facility, random
noise is generated to simulate such an environment. NASA--Manned Space-
craft Center in Houston, Texas--has built and operates the Spaceflight
Acoustics Laboratory (SAL) for this purpose. At present, the SAL oper-
ates in an open loop with no means of automatically controlling the noise
spectrum generated inside the acoustic test chamber. It is the purpose
of this paper to develop mathematical models of the present open Toop
system and a closed loop system using a digital computer for control.

A computer control algorithm is investigated for optimal or near optimal
control of the noise spectrum inside the test chamber and a digital
simulation of the closed loop system is programmed to evaluate the
overall system, using the proposed computer control algorithm.

Two general areas of literature have been investigated. One
area is controllers in general, and the other area is the consideration
of random inputs to a system from the statistical point of view. Many
papers have been publiished on optimum and adaptive-predictive controllers
[1,2,3,4,5,6,10,11,12,13,14,15], as well as design of control systems
with digital computer control [7,8,19,20]. Pastel [16] and Mori [17]
have .given papers analyzing the problem of random inputs to systems. In
addition, books by Lee [18] and Laning and Battin [21] have been written

1



about this problem. However, most books and papers treat the random
input as noise or an unwanted disturbance added to another input such as
a step, ramp, or sine wave input into the system. The output due to the
random signal is unwanted and the probiem is to filter the unwanted noise
output from the desired output which is due to the actual signal driving
the system. However, the problem considered in this paper is a random
signal driving the system and creating an acoustical noise spectrum
inside the test chamber. Methods to control and shape this spectrum in
an optimum or near optimum manner are examined by use of a digital

simulation,
I. DESCRIPTION OF THE PROBLEM

The Spaceflight Acoustics Laboratory's (SAL) acoustic control
system is shown in Figuré I.1. A random noise generator capable of
producing either a "white" noise (equal energy per cycle) or "pink"
noise (equal energy per octave) from 20.0 Hertz to 10,000.0 Hertz, pro-
duces an electrical random signal. This electrical signal is placed
into twenty-four different wave shapers with transfer functions Fg(s)
where n varies from i to 24. Each wave shaper has a similar magnitude
versus frequency plot, but each with a different center frequency. The
center frequencies are given in Table T.

The electrical output from each wave shaper then goes into a
digital attenuator. Each attenuator can be varied from 0.0 decibels
which corresponds to an output to input ratio of 1.0, to -60.0 decibels
which corresponds to an output to input ratio of 0.001 in increments of
0.5 decibels. These attenuators are adjusted to shape the acoustic

noise spectrum inside the test chamber. The dashed lines in Figure I.]
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Center Frequencies for 1/3 Octave Filters
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show the electrical paths of the various signals.

The output signal of the attenuators is electrically summed and
then placed into an overall amplifier and attenuator. Also, incorporated
with this overall attenuator is a signal clipper to reduce any electrical
signal spikes present to a maximum value. This amplifier and attenuator
fix the overall gain of the summed signals.

The ocutput of the overall amplifier and attenuator drives an
electro-pneumatic transducer which converts the random noise from an
electrical signal to acoustical noise. These electro-pneumatic trans-
ducers, referred to as acoustical horns, are placed inside the test
chamber with the vehicle to be tested. Microphones are placed around
the vehicle to convert the acoustical random noise energy back into an
electrical form.

The electrical output from these acoustic microphones is multi-
plexed into twenty-four 1/3 octave filters with center frequencies as
shown in Table 1. These 1/3 octave filters with transfer functions
Gn(s) where n varies from 1 to 24, have magnitude versus frequency plots
as shown in Figure I.2. These plots show that the filters are down
-20.0 decibels at 1/3 octave on each side of the center frequency and
down -3.0 decibels at each 1/6 octave on each side of the center fre-
quency. The bandwidth of these filters is the frequency range with an
attenuation of less than -3.0 decibel on each side of the center fre-
quency.

In an open loop mode, the electrical output from the 1/3 octave
filters is placed into analog r.m.s. (root-mean-square) detectors.
Readings are taken from the analog r.m.s. detectors and the attenuators
are adjusted manually until the desired acoustic noise spectrum is

produced.
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Figure I.2: Magnitude vs. Frequency Plot of
B & K 1/3 Octave Filter



It is not possible to set the random noise generator and digital
attenuators to fixed levels and maintain the desired noise spectrum from
test to test since the acoustic properties of the test chamber change
from test to test. Therefore, it is desirable to use a digital feedback
control system for the test facility such that the acoustic noise spec-
trum could be shaped in minimum time by automatically controlling the
digital attenuators. This feedback control configuration is shown in
Figure [.3. The r.m.s. values are then calculated by the digital
computer and the digital attenuators are set by the computer, according
to a computer control algorithm. The desired r.m.s. values for each
1/3 octave channel are denoted by R, where n varies from 1 to 24.

The purpose of this paper is to examine a computer control
algorithm to automatically determine the digital attenuator settings
necessary for the correct shape of the acoustical noise spectrum. In
addition, procedures for determining a r.m.s. value of the output of the
1/3 octave filter using the digital computer will be examined.

It will be assumed that the acoustical test chamber will have
only a variable gain for each 1/3 octave frequency range involved, with
a negligible time lag or time delay. This initial assumption would also
consider the acoustical horns and microphones to have no distortion,
which means they have a flat frequency response plot. Therefore, for
this preliminary work, the acoustical test chamber may be disregarded
and the test facility may be considered as shown in Figure 1.4, This
figure is essentially the same as Figure 1.3 but with the acoustical

test chamber replaced with a gain K.

el
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Chapter I1
RANDOM PROCESSES

In this chapter it is shown that the output of the ideal mean-
square detector and sixth-order linear differential equation is equiva-
lent to the solution of a twelfth-order linear differential equation.
The steady-state mean~square output of a first-order linear differential
equation is developed using the power spectral density function of the
input and the weighting function of the linear equation. Then the time
history of the mean-square output is derived using the impulse response
of the system and the autocorrelation function of the input. A shaping
filter is added to the above system. This means that a white noise is
put into a linear system, and the steady-state outﬁut is switched into
the first-order linear system previously discussed. It is shown how
this shaping filter alters the steady-state output of the system and the
time response of the system. Finally, the linear differential equation
for the mean-square output of a nthoorder differential equation is
derived together with the necessary boundary conditions for any
stationary input with an autocorrelation function ¢Xx(r)o

As can be seen from equations (A.12) and (A.13) in Appendix A,
the mean-square value of the output of a Tinear system can be found if
the autocorrelation function or power spectral density function of the
random process input 1s known. It is only a matter of raising the mean-
square value to the one-half power to find the r.m.s. {root-mean-square)
value of the output.

10



11
A first-order and second-order linear system will now be considered
with a white noise input and an expression is found for the transient
response of the mean-square value of the output. By raising this ex-
pression to the one-half power, the transient response for the r.m.s.

value of the output will be given.

Consider a first-order system as shown in Figure II.1

x(t) V/2c y(t)
Jw+ ¢

Figure II.1: First-Order System with &
White Noise Input
The system is initially at rest and at time t = 0, the system receives a
white noise input x(t) with Gyu(w) = G/ and ¢XXL1) = Gy6(). From

equation (A.13),

:,y!. Eizg;i Go/v dw = G (2.1)
- Juwtc
Equation {2.7) gives the steady-state value of the mean-square value of
the output, y(t).

By equation (A.12), the mean-square value of the output, y(t),

can be found as a function of time,

t t
y(t)? = Q[) @f' W(t=r DW=y ) oy (v -y ddr di
0 0




The weighting function, W(t), of Y(ju) = v2¢/{Jjutc) is

W(t) = /2¢c e-Ct

and
dxx(T1=72) = Gy 8(r-1,)
The mean-square value of the output is

t .t
j j W(t- 1 YW( t¥‘172 )GO §(r 1" ydr ; d‘t'z
0 0

1]

y(t)?

i

t
G, L W(t-1)Z dr = G,[1 - e™2Ct] (2.2)

For the first-order system given in Figure II.1 and the time
response of the mean-square value of y(t) given in equation (2.2), &
model could be constructed such that a step input is applied and the
time response of z(t) = y2(t) is observed. By choosing the correct
first-order system for the model, the transient response of z(t) of the
model with a step input will have the same time constant as the transient

response of the mean-square value of y(t) in Figure II.1 with a white

noise input., Such a first-order model is given in Figure 11.2.

Jo + 2c

Figure II.2: Model of First-Order System
with a White Noise Input

Let the step input in Figure II.2 be x(t) = 2cu(t) so that the time

response of z(t) will be
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2(t) = k(1 - e-2¢t) (2.3)

The transient response of z(t) given in equation (2.3) with a
step input will have the same time constant as the transient response of
the mean-square value of y(t) as given in equation (2.2) with a white
noise input. Be raising both sides of equation (2.2) to the one-half
power, the transient response of the r.m.s. value of y(t) can also be
obtained with a white noise input. Again by raising both sides of
equation (2.3) to the one-half power, the transient response of the r.m,s.
value of the output of a first-order system with a white noise input can
be modeled.

If the power spectral density of the white noise input to
Figure II.1 is changed by passing the white noise through an attenuator
before it is put into the system, the final value of the mean-square
output is proportioned by a new gain factor, k'. In contrast, it may
be noted that by changing the amplitude of the step input into the
system in Figure I1.2 used to model the mean-square output of the system
in Figure II.1 with a white noise input, a change in the final value of
z(t) is also observed. Thus a change in the amplitude of the white
noise input to the system in Figure II.1 with the mean-square output
response shown in equation (2.2) can be modeled by changing the amplitude
of the step input to the system in Figure II.2 and using its response
z(t) as the model of the mean-square response given in equation (2.2).

However, for the more general case of nonzero boundary conditions,
as indicated later in this chapter, the more general model would be a
second order differential equation with an impulse function, §(t) as

the input.



Consider the following system as shown in Figure I1I.3.

x(t) /2c yilt) -~ Jie ¥,(t)

Jw + C Jw t ¢

Figure I1.3: Second-Order System with a
White Noise Input

The input x(t) is again a white noise with Gy,(w) = G,/7 and dyylt) =
Gyé(r). The switch is open and the mean-square output of the y (t) has

reached its steady-state value. At time t = 0, the switch is closed and

the mean-square value of y,(t) can be found. From equationv(ADXB)

o0

ACEE f Gyy (o) de

i

= _[ “6 o/m dw = G, /c (2.4)
m+c
From equation (A.12) the mean-square value of the output, y. (t).
can be found as a function of time,

t t
yz(t)z ”—‘j j W(t—ﬁ1)W(t—rz)¢XX(‘7"2~11)df'ldtrz

0 0

Laning and Battin [21] have shown the above equation can be written as

. . t
yz(t)2 = F(t)2 + 2¢ f F(t) dv

0

since

F(r) = vV2¢ + e_Ct



and

F(t)2 = 2ct2e-2Ct

t
F(1)% + 2c j f2) de

0

i

v, (t)?

t
GG[ZetZe“ZCt + 2c ,[ 2¢cr2e~2Ct 4,7
0

i

6,/c - Goe2Ct/c - G 2t e-2ct (

It can be observed that this is also the response of a second order
Tinear differential equation to a step input.

It will be shown that for a system that can be modeled with a
Tinear differential equation, the mean-square value of the output also
obeys a Tinear differential equation. Consider the linear system in

Figure II1.4

™o

T

n n-1 ,
apD’ +a,_ D"+ .. o+ ayD + a

Figure II.4: Nth-Order System with a
Random Process Input

where

oux(t st ) = autocorrelation function of the input, x(t)

¢ ) = autocorrelation function of the output, y(t)

(b t

2



¢Xy(t1,t2) = cross-correlation function of the input-output

Papoulis [24] has shown that ¢Xy(t1,t2) satisfies the differential

equation (in t,),

n n-1
a, D, ¢Xy(t1,t2) + ap.y D) ¢Xy(t1,t2) ooty ¢Xy(t1,t2)

= gy (ty,ts) (2.6)

where
o) = d"/(dt,)"
and
¢&Atp0)= %¢m,(ﬁpo): c e 2D9W¢w,(tpo): 0

'¢yy(t1,t2) satisfies the same type of differential equation with t,
considered a constant
an D? ¢yy(t1’t2) T an DT~I ¢yy(t19tz) Tty ¢yy(t1’tz)

= ¢xy(t1’t2) (2.7)

where

¢ (O’tg) = Dl ’-Pyy(oatz) T oo . = Dq‘l d

(0,t,) = 0
yy (0.t,)

Yy

by letting t = t,-t,, dt = -dt, if t, is held constant and dt = dt, if

z 2

t, is held constant.
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Now define the operators

and

n.
o =

Eliminating ¢y,(t,,t;) from equations (2.6) and (2.7) and using the

operators defined in equations (208) and (2.9),

n
y o Z )3 09 Loyy(t,,t,)7 = oxx(t;5t,) (2.10)
i=1 Jj=1

If x(t) is stationary then ¢, (t,,t,) = ¢, (t,-t,). To find
the mean-square value of the output y(t), Tet t;=t, in the autocorrelation

function of the output. It can be shown that the product of two series,

n oo ) 2n
Y ag 0t ) byod- > (agegby) oK (2.11)
i=0 =0 k=0 =0
From equations (2.8) and (2.9), bj = (-1)jajc Substituting this into
equation (2.11)
2n  k Zn )
k=0 j=0 k=0 j=0
2n k
= k — ?
ok 3 (1) Aj A, (2.12)
k=0 j=0
If k is odd then,
_1)d =
Y (03 Ay A =0 (2.13)
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Substituting equation (2.13) into equation (2.12) and letting k' = k/2

2n ) kK n 2k!
~ ¥ ]
S0 ) (M bybg= ) wk (-1)3 by by
k=0 j=0 k'=0 j=0
Tet k = k' and define
' ' 2k
j=0

Define the new operator H which is the product of the operator L and its

adjoint operator

e

It

0

o X

Equations (2.6) and (2.7) reduce to

H Loy (8] = gy (t) (2.14)

Equation (2.14) shows that the mean-square value of the output
of a system which can be represented by a linear differential equation,
as shown in Figure II.4, can be related to the autocorrelation function
of the input by a Tinear differential operator. It may also be noted
that the new operator H is the product of the operator Ly and its adjoint
operator.

One difficulty with equation (2.14) is the détermﬁnation of
enough boundary conditions to make the differential equations well
posed. If the pair of equations (2.6) and (2.7) is written in terms of

the variable t

n

D AT axy(t) = ay(t)

i=0

n

2. (07 AT (1) = 0y (1) (2.15)



with boundary conditions

DV gy (-t,) = 0 i=0,1, . . .,n-1
(t,) =0 i=0,1, . . .,n-1

then the problem is well posed.

If ¢Xx(t) is the output of a wave shaper, the steady state value
of ¢yy(t) is used as the input to equations (2.14) or (2.15).

The results of this chapter are helpful in at Teast two ways.
First they provide an analytical base for understanding the time response
of the simulation during the first one-second period. During this
period, the response of the simulated mean-square detector is identical
to the mean-square output discussed in this chapter. Secondly, they
justify the use of a linear model to replace the filter and mean-square
detector for further analytical study and thus a 1inear model for use
in identification, the system to be identified would be a lTinear system
such as equation (2.14) with a steady-state autocorrelation function input
which would be a step rather than an impulse function. The boundary

conditions could be obtained from the simulations presented here.



Chapter III

DIGITAL SIMULATION OF SINGLE CHANNEL
25.0 HERTZ 1/3 OCTAVE SYSTEM

A single channel system model will be constructed using only the
25.0 Hertz wave shaper and filter as shown in Figures III.1 and III.2. In
this configuration there is no input of narrowband random noise from the
other wave shapers and, therefore, no interplay from other narrowband
random noise of different center frequencies.

The Spaceflight Acoustics Laboratory (SAL) obtained digitized
random data for use in the digital simulation in the following manner.
The random noise genefator“s electrical output was fed into the 25.0
Hertz wave shaper, and the output of the wave shaper was digitally re-
corded on magnetic tape. The 25.0 Hertz wave shaper has a narrow
bandwidth, which means that B/f_ is a small number where B is the band-
width measured at the -3.0 decibel points relative to the magnitude at
the center frequency, fca The output of the wave shaper is narrowband
random noise which looks very much like a sinusoidal wave of frequency
fe, but with slow and random amplitude and phase variations. For
modeling and simulation purposes, the random noise generator and wave
shaper, Fl(s), are substituted with the data output provided by SAL.

The 25.0 Hertz 1/3 octave filter was modeled from a magnitude
versus frequency plot of a B & K 1/3 octave filter provided by the
Spaceflight Acoustics Laboratory as shown in Figure 1.2. The work of

modeling the 1/3 octave filter was performed by Atkins [23] and the

20
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23
transfer"function‘found‘forfthe'2500‘Heth“cénter*frequency 1/3 octave
filter was

6,(s) = (s2+20.285+1.962x10%) (s2+30.985+2.16x107) (s2+35.225+2.789x10")

The magnitude versus frequency plot of Gy(s) is given in Figure III.3.

The ~20.0 decibels points on the magnitude versus frequency plots
of the 1/3 octave filters with center frequencies given in Table 1 occur
at the next center frequency above and below the center frequency whose
magnitude plot is being discussed. "This'is shown for three magnitude
versus frequency plots in Figure III.4.

A mathematical definition of root-mean-square which is used is:

t i/z
R(t) = [J%f y(2)2 de ]

t-T
where R(t) is the r.m.s. value of y(z) over the time interval T. For the
purpose at hand, it is desi¥red that the ¥ .. Value be based on only a
Timited number of past values of y(z) to give a best estimate of the
present r.m.s. value of y{z). The definition of the r.m.5. value of

y(z) to be used is '
t 172

) m o
R(t) = [ T (ETTO(E=T) *[) v dg]

(t=-Thu(t-T)

where u(t) is the unﬁt'ﬁtep function.

The discrefe analog of the above definition 7s =~
n

N 1 )2
) = [”““’N)“("‘N’ “iﬁ(n-%;(an) ) ] B

where R(t,) is the discrete r.m.s. value of y(tj) and N is the maximum

y
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number of discrete values of y(tj)2 which the summation will contain.

Consider now the following double summation and notation, Let
Kk 103

1
R(ty) 2= 0 10 :E: | :E: y(t3)? (3.2)
=k 1=1410(3-1)

where n = (n-N)u(n-N), where k = 1, 2, 3, . . . and is the greatest-

integer function [|n/10]] and k is the greatest-integer function [|n/10]].

Thus
k 107 1/2
R(ty) = *E~%*—76'§E; ;E: y(ti)? (3.3)
(k=k) 10528 4=14710(4-1)

where k = 1, 2, . . . as defined above. Equation (3.3) gives a new r.m.s.
value of y(t;) for every ten new values of y(t;), whereas, equation (3.7)
gives a new r.m.s. for every new sample of y(ti).

In the digital simulation the r.m.s. value will be calculated as
in equation (3.3). Ten values of y(ty) will be taken by the r.m.s.
detector at one time and a r.m.s. output reading will be given. Ten
more new values of y(tj) will be taken and a new r.m.s. value will be
given. A maximum number of 250 samples will be used in calculating the
r.m.s. value where the number 250 corresponds to N in equation (3.3).
This manner of storing ten new values of y(t;) at a time saves computer
storage, and basing the r.m.s. values only on fhe number of samples
available up to a maximum of 250 past values gives a best estimate of the
present r.m.s. value of y(ti)o

A digital simulation of the system, shown in Appendix C, was made
on the IBM 360 digital computer using Fortran IV programming language.
Figure III.2 gives a block diagram of this simulation.

The random data taken from the output of the 25.0 Hertz wave



27
shaper , F (s), by SAL was used as the input for the 25.0 Hertz 1/3 octave
filter since the acoustical test chamber is being replaced by a gain in
this preliminary work. The output of the 1/3 octave filter s used to
calculate a r.m.s. value, denoted RMS, by the method previously described,
The r.m.s. value is used to obtain a r.m.s. value in decibels, denoted

RMSDB, by the following method.
RMSDB = 20.0 Log,,(RMS)

This decibel quantity is used to simulate a quantity that is used to
determine the sound pressure level inside the actual test chamber.

The r.m.s. output in decibels is used to calculate an error,
ESIDB = RDB -~ RMSDB, where RDB = 140 decibels and is the desired sound
pressure level, This choice of the value RDB is an arbitrary one and
similar simulation results would be expected of other values of RDB. This
error is used by the proposed computer algorithm to obtain a change in
the attenuator setting denoted by DBCH.

The digital attenuator is simulated by the computer as a number
that can vary from 0.0 decibels to -60.0 decibels in integer increments
of 0.5 decibel steps. In the digital simulation, this number is known
as ATSET. The random input to the 1/3 octave filter is multiplied by a
corresponding number designated as ATGN, where ATGN is given by:

(ATSET/20.0)
ATGN = 10.0

A RUNGE-KUTTA integration subroutine was used to solve the sixth
order differential equation used to simulate the 1/3 octave filter. An
integration step size of 0.004 seconds was used since a 25.0 Hertz

sinusoidal has a period of 0.04 seconds; and this would give ten discrete



28
output values per cycle, which would give a good approximation of the

actual curve.



Chapter IV.

PROPOSED CONTROL FOR A SINGLE
CHANNEL SYSTEM

Certain requirements to be met by the Spaceflight Acoustics
Laboratory require that the final attenuator setting be made by the end
of the first second after system activation. A maximum of five adjust-
ments are to be made at 0.2 second intervals. These adjustments are to
be made on the digital attenuators in the form of a change in the
settings from 0.0 decibels to -60.0 decibels. A factor involved in
selecting the 25.0 Hertz 1/3 octave filter for this preliminary investi-
gation and simulation is that the response of the 25.0 Hertz 1/3 octave
channel is the slowest of all center frequencies involved, the 25.0
Hertz center frequency being the lowest. Thus, to find a satisfactory
control algorithm for the 25.0 Hertz 1/3 octave channel would insure
meeting the maximum time requirements placed on the system.

The error, ES1DB = RDB ~ RMSDB, where RDB = 140 decibels is the
desired output of the system in decibels; and RMSDB is the actual r.m.s.
output of the system in decibeis.will be sampled at 0.2 second intervals.
The proposed computer control algorithm will use this error, ESIDB, in
computing the attenuator setting changes.

The computer control algorithm is a proportional type in that a
certain portion of the error, ESIDB, is used to make a change in the
attenuator setting. In Fortran IV computer language, the control
algorithm is:

29
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DBCH = 0.5 x IFIX(ESIDB x CONT #+ SIGN(0.5, ES1DB))

DBCH denotes the change in the attenuator setting to be made and ESTDB
is the error as given above. The IFIX statement changes its argument
to an-integer.  The SIGN- (0.5, ES1DB) statement gives the number 0.5
with the sign (plus-or minus) of ESIDB attached. If the argument of
IFIX, ESTDBXCONT + SIGN (0.5, ESTDB), is a number other than an integer,
the IFIX statement "rounds" or truncates this number into an integer.
If the argument of IFIX is already an integer, then this integer is the
number the IFIX statement would give for evaluation. The CONT is an
arbitrary constant such that it is multiplied by the error, ESIDB, to
obtain a number proportional to the error. Due to the simulation being
made on a digital computer, the first controi time wili be 0.204
seconds, using 0.004 seconds as the integration step size.

The main problem encountered is that of the”ﬁnitﬁaT attenuator
settings. These can vary from -60.0 decibels to 0.0 decibejs@ Computer
programs were evaluated with initial attenuator settings Frbm -60.0
decibels to 0.0 decibels in 10.0 decibel increments, with the constant
CONT set at values of 0.3, 0.4, 0.5, 0.6, and 0.7 for'these injtial
attenuator settings.

Several other computer control algorithms were used with the
digital simulation for evaluation. One consisted of using a 25.0 Hertz
sine wave as the input to the system and using a constant attenuator
setting such that the r.m.s. output in decibels was the desired 140.0
in steady-state. This output data was used in the following manner. The
random data was then used as the input to the system and the output due
to the random data was compared to the output due to the 25.0 Hertz sine

wave previously obtained. A computer algorithm was used to make this



comparison between the two outputs and to then make a change in the
attenuator setting based upon this comparison. However, due to the
varied initial attenuator settingsg this computer control algorithm
gave generally unsatisfactory results.

Other control algorithms evaluated were a "predictive" type
control and various types of integral controllers using previous errors,
ESIDB = 140.0 - RMSDB, summed for the attenuator setting changes. These
also exhibited generally poor response for selecting the correct attenu-
ator setting.

An on-off type of control was evaluated using the computer
simulation in the following manner. The attenuator setting was set to
0.0 decibels for minimum attenuation of the random signal input. To
nullify the inertial effects in the system output,when the r.m.s. value
of the output of the 25.0 Hertz 1/3 octave filter was a certain range in
decibels of the desired r.m.s. output, the attenuator was set at -60.0
decibels, which is the maximum value of attenuation of the random signal
used to drive the system., After the attenuator was set at -60.0 decibels
for a short period of time, a computer control algorithm such as a pro-
portional type could be used to determine the correct attenuator setting.
One advantage of the on-off control is that the system is brought up in
minimum possible time; and for the system simulation, the 140 decibels
output occurred in approximately 0.2 seconds. One possible disadvantage
is that the acoustical test chamber could experience some destructive
effects for a sustained minimum attenuator setting.

In actual simulations poor results were obtained because no

satisfactory switching curve could be found.



Chapter V

RESULTS AND CONCLUSIONS OF THE
DIGITAL SIMULATION

Figure V.1 shows the system simulation with a 25.0 Hertz sine
wave input with no feedback control and the attenuator setting at 0.0
decibels. The attenuator setting remains constant throughout this
particular simulation, and the resulting plot is of the r.m.s. value of
the output in decibels, designated RMSDB, versus time. By examining
Figure V.1, a slight rise occurs abruptly at approximately 1.1 seconds.
This is due to the method of calculation of the r.m.s. value in that ten
early values are deleted and ten updated ones are added to a summation
used in calculating the r.m.s. value of the output of the 1/3 octave
filter. The r.m.s. value from 0.0 seconds to approximately 0.4 seconds
is significantly lower than the remaining r.m.s. values, thus yeielding
larger r.m.s. calculations when they are deleted.

The random input provided by SAL waé used as the input to the
system simulation in an open loop configuration with a constant attenuator
setting of -13.0 decibels as shown in Figure V.2. Again, the r.m.s. ocutput
of the 1/3 octave filter in decibels is plotted versus time. This figure
shows that for the random input provided by SAL, the correct attenuator
setting in this particular digital simulation is approximately -13.0
decibels for the desired output of 140 decibels, plus or minus 5.0 decibels,
It will be noted from Figure V.2 that the response of the r.m.s. output
from approximately 0.5 seconds to approximately 3.0 seconds is very

32



1nduy [epLOSNULS ZIUBH (°G2 © ULM WalsAsS
pa1eiNWLS ZI48H 0°GZ 40 Ssuodssy auit]l dooq uadg A 84nbid
(spuooas) awL]
G

G'¢ 0°¢ L 0°1 G0

4 Oot

4 021

-1 Oorl

JELTREN



andu] 9SLON WOpURY puBqModdeN B 404 dsuodsay suil dooq usdg g p S4nbld
(spuooss) auwi]

0L 0°9 0°§ 0'v 0°¢ 0°¢ oﬂﬂ _

¥ ] \F\
1 001
10LL
1021
1 0€l
1 0vl
’

s19q103Q



35
similar to the response from approximately 3.0 seconds to 7.0 seconds.
This is because the same random data was used again since there was only
an approximate 3.0 seconds of actual random data provided. An approximate
settling time can be obtained from Figure V.1 and Figure V.Z2.

As stated before, a desirable requirement of the system in the
closed Toop mode is that the final attenuator setting be made at the end
of the first second after the system is activated. A maximum of five
adjustments spaced at 0.2 second intervals are to be made in this one-

second time frame by the proposed computer control algorithm

DBCH = 0.5xIFIX(ESIDBXCONT + SIGN(0.5,ESTDB))

Since the control algorithm is essentially a proportional error feedback
control, CONT was given values of 0.3, 0.4, 0.5, 0.6, and 0.7 1in these
simulations; and the attenuator responses were plotted. The attenuator
responses are given in Appendix B for the different values of CONT and
different initial attenuator settings.

For a particular initial attenuator setting, the greater the value
of CONT the more evident is an oscillation existing in the attenuator
response. For this particular digital simulation and random data input,
a setting of -13.0 decibels is the approximate setting for an r.m.s.
output of 140 decibels. For CONT = .3, the attenuator response is close
to being critically damped and will arrive at the correct attenuator
setting in approximately 3.0 seconds. In Table II is given all the
attenuator responses for CONT = 0.7 with initial attenuator settings of
-60.0 decibels to 0.0 decibels in 10.0 decibel increments. It is
interesting to note that in one second the attenuator response 1is

approximately at the correct setting for any given initial condition.



Table 2

Attenuator Settings Versus Time for
a Value of CONT = 0.7

Time(sec) Initial Attenuator Settings
0.0 0. -10. -20, -30.0 -40, -50. -60.0
0.204 -0.! -7, -13. -20.0 -26. -33. -39.5
0.408 -4, -7, -11. -15.5 -19, -23. -27.5
0.612 -9. -10. -12. -13.5 -15, -17. -19.5
0.816 -13. ~12. -12. -12.0 -12. -12, ~13.5
1.02 -18. -14. -12. -10.5 -9. -8, -8.0
1.224 -22. -16. -12. -9.0 -6, -5, -5.0
1.428 -26. -18. -13. -10,0 -8, -6, -6.5
1.632 -27. -19. -14, -12.0 -11. -10, -10.0
1.836 -26. -19. -15. -14.0 -14, -13. -13.5
2.04 =24, -19, -16. -16.5 -17. -17, -17.0
2,244 -22. -19, -17. -18.5 -20. -20, -20.5
2.448 -19. -18. -18. -20.0 -22, -23. -23.5
2.652 -14. -15. -16. -19.0 -22. -23, ~23.5
2.856 -10. -12. -14. -16.5 ~19. =21, -21.0

30

0
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Although this should not lead to any general conclusions, one might find
a similar characteristic in the actual system.

The above procedure for finding the correct value of CONT that
for any initial attenuator setting would give approximately the correct
attenuator setting within a given number of adjustments for a single
channel system is essentially trial-and-error. However, when the
simulation is made of a multiple channel system, a different procedure
may be necessary. In the present single channel simulation, it is assumed
that the overall amplifier and attenuator are set such that the only
necessary adjustments made are on the digital attenuators of which there
are the same number as there are wave shapers. In the multiple channel
system simulation with each 1/3 octave channel having a different desired
r.m.s. output, it may prove advantageous to use the overall amplifier and
attenuator to adjust all 1/3 octave channels by approximately the same
amount so that the largest desired r.m.s. value for a 1/3 octave channel
is at its correct attenuator setting. The 1/3 octave channels will then
be adjusted by the individual digital attenuators to the correct setting
relative to the one 1/3 octave channel already set by the overall amplifier
and attenuator.

The attenuator settling time of this system simulation can be
defined as the time required for the attenuator setting to reach values
such that the difference between the maximum and minimum of these values
is within a given tolerance. The one-second time requirement is not met
in this mode of operation and the computer control algorithm is allowed
to operate throughout the.simulation. From the attenuator responses in
Appendix B, the sett?ing time increases as the value of CONT increases.

For a given initial attenuator setting, increasing the value of CONT
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increases the amplitude of the oscillations in the attenuator responses

and more time is required for the oscillations to decrease.



Chapter VI
FUTURE WORK

In this work, the acoustic test chamber including the acoustic
horns and microphones are considered to be linear and to only contribute
a gain to the 25.0 Hertz 1/3 octave system simulation. In actual prac-
tice nonlinearities possibly due to the response characteristics of the
acoustic horns and microphones, interference of the acoustic signals due
the the actual configuration of the test chamber and vehicle inside, and
other factors will have to be included in the system simulation. Also,
the acoustic time response will have to be taken into consideration in
the simulation since this will be dependent on the relative location of
the acoustic horns and microphones and the reverberation characteristics
of the room. The linear model of the system considered in this paper is
useful in that a control algorithm found satisfactory for the linear
model will be of value in devising a control algorithm for the nonlinear
simulation.

Chapter II gives a method for analytically obtaining the mean-
square response of the output of a linear system with a random input.
This permits a system with a random input to be modeled by the response
of another system with an input such as a step function. Identification
models based upon the system simulation have been devised by Sumaria [23]
which model the system's response characteristics with a first-order,
second-order, and third-order system. Optimal or near optimal control
algorithms could be constructed using these identification models of the

39
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system. Preliminary evidence indicates that the control algorithm ob~
tained based on the system simulation can be refined using the
identification model techniques.

The next step suggested after the 25.0 Hertz 1/3 octave single
channel simulation is to obtain three transfer functions for the 25.0,
31.5, and 40.0 Hertz center frequencies and simulate the System as before,
but with three center frequencies involved. From Figure 1I1.4, it can be
seen that for a particular magnitude versus frequency plot, its magnitude 1is
down 20.0 decibels at the next center frequencies. This means one can
‘expect a small amount of interaction among the 1/3 octave filters in-
volved since all output of the digital attenuators are to be summed and
then placed into each 1/3 octave filter as in Figure I1.4. Therefore, it
is recommended that the various nonlinearities and the three 1/3 octave
channels be included in future simulations and that the identified linear

models be used for obtaining better algorithms,
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APPENDIX A
DEFINITIONS FOUND IN RANDOM PROCESSES

The following are definitions found in random processes.

1. A random process, E, is a sample space or ensemble comprised

of functions of time as the fundamental elements.

2. A random process, E, is said to be stationary if every
translation in time carries £ into itself in such a manner that proba-
bility is preserved.

3. A stationary random process is said to possess the ergodic

property, provided that for every random variable V{x), the relation

.
EIVex(0)] = Bimit b [V Idee)] o
-T

where E [V {x(t)}] is the expectation of the function x{t), is valid for
all functions x{t), with the possib%e‘egééption of a set of functions of
zero probability.

4, A system is said to be linear provided that for every pair
of inputs, x;(t), x,{t) and corresponding outputs y,(t), y,{t), the input
Ax,(t) + Bx,(t) produces as output Ay;(t) + By,(t) where A and B are
arbitrary constants. For a linear system it is possible to superimpose
the effects produced by any number of outputs.

5. A Tinear system is characterized by its response to a unit-
impulse excitation. The response of the linear system to the unit-impulse

is called the weighting function and is denoted by W(t). The output of

the system y(t), is obtained by the convolutioa integral

yit) ﬁa{’ W(r)x(t-) dr (A1)

‘ U
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(63 ]

where W(r) is the weighting function and x(t) is the input to the linear
system.
6. A characterization which is often used for stable constant-

coefficient systems is the frequency-response function, Y{(ju), i.e., the

response of the linear system to a sinusoidal input. Using complex
notation, the input to the system is x(t) = eJut. The output is obtained

from equation (A.1} and is given by
y(t) :j; W(r)x(t-7) dr

f W(‘T)ejw(t-T)dT

0

1]

it

ejwtf w(‘r)e-jm dr (A.2)
0

It is seen that the output of the system differs from the input only by
a constant complex factor
Y{jw) :f W{+) e—jm' dr (A.3)
0
The quantity Y(jw) is called the frequency-response function.
By computing the Laplace transform of the weighting function,

W(t), rather than the Fourier transform, a quantity called the transfer

function, Y(s), is obtained

o

Y(s) = J[ W(t)e=st dt (A.4)
0

where s is a complex constant, S = ¢ + juw,

7. An autocorrelation function of a random process, x(t), is
T

bxx(7) = x(Ex(te) = 1Mt 1 j x(t)x(t+) dt (A.5)
-
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for v = 0,

)
b0) = RERTET = K07 = J01 oL [ ()2 ot
T

8. The power spectral density function of a random process,

x(t), is

o)

) = L yemdwt g
GXX(U.“) ‘”L ¢“xx(s,)e dt fﬁ@)
Since ¢Xx(r) is an even function,
N o= 2 n - dr
| Gxx(w) —~ [ ¢XX(E) cos wr dr
And since Gyy(w) is the Fourier transform of ¢, ()

oo oo

1 d{ Gxx(w)éj“T dw = ,ih Gyylw) cos wr du (A.7)

¢Xx(f) = 7
-0 ‘ 0

9. Input-output relations for autocorrelation functions and

power spectral density functions.

Figure A,1: A Linear System with a Random Process Input

The autocorrelation function of the output of a linear system, as in

Figure A.1, ¢yy(r), is found in terms of the autocorrelation function of

the input ¢Xx(m) and the weighting function of the system W(r).
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The power spectral density function of the output, ny(w), is found in

terms of the frequency response function of the system, Y(ju).
For the autocorrelation function of the output of the system in

Figure A.1, ¢yy(x) the output y(t) is given by equation (A.1),

<o

y@) = [ uet o

0

Replace t and t by (tl, rl) and (t,, Tz), respectively to obtain the two

equations
y(ty) =j; Wi dx(t,-1,) d=y
y(t,) =f Wiz, )x(t,-7,) dr,
°
Then
y{t)ylty) j W(I‘l)x(tl—xl)drlj W(z,)x(t,-1,) dr,
0 {
and

y(tv)Y(t2> = diw W(rl)drl “io W(Tz)x(tl-rl)x(tz-rz) dr  (A.8)
0

£
0
The mathematical expectation of both sides of equation (A.8) is computed

averaging under the integral sign in the right-hand member. Since x(t)

and y(t) are stationary random processes,

E [y(ty)y(t,)] = 4y (t-t))
and

E [X(tl-rl)x(tz—rz)] = ¢XX (téwti~T2+T1)
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From equation (A.8), the autocorrelation function of the output, ®yy<T§9
is
¢yy(’r) = j W(‘I‘I)d‘rll W(-tz)d)xx(‘r-‘zz-i“‘:l)dm‘z {(A.9)
-0

where v = t, - t,.
The power spectral density of the output of the system, ny{w)ﬁ

is from equation (A.6)

2]

o] (Y emdeT
Byy(w) %‘[¢yy(“)e dr

Substituting the expression found for ¢yy(T) in equation (A.9) and

rearranging the terms gives

-I -y T . ‘fr ﬂ,,_, - -
ny(m) = - { e~Jwt (. 4;[ W(‘L)dxl ‘[ W(T2)¢Xx(t Izﬁl) d12
1 - oy amJwt
= — f W(‘rl)d'rl j w(*rz)d‘zz j d)XX (r“rzﬂl)e dr
0 0 0
= %f W(ry)edwm dr, f W(rz)e™JuTs dr, f Oxx (7-1577)
e . ’
e-Jult-t47 )¢,
- fw(Tl)ejml dr, fw(rz)e“jw‘fz. de, + f by (£)€4E dt
T
0 0 0

(A.10)

where a change of variable, t = v - T, * 1y, occurs in the last term of

equation (A.10). From equation (A.6),

o0

Gy lw) = f txx(t)e 0T dt

T
0
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and from equation (A.3),

00

Y{jw) =f W(Tz)e'j““'rz d‘rz

0

Since the weighting function takes on only real values, the complex

conjugate of the frequency response function is

o

Y(jw)* =j W(ml)ejml d‘tl

¢
Substituting Gyyu(w), Y(Jju), and Y(ju)* into equation (A.10) gives the
power spectral density function.of the output, ny(w),

Byy(0) = Y(Ju)* V(3u) Geylu) = [Y(30)]2 Gyylo) (A1)

10. In Figure A.1 it is assumed the random process input and
output have zero mean. The mean-square value of the output y(t) s from

equation (A.9)

20 x>

y(=)? = q‘>yy(0) = ‘é W(‘ri)dx‘l b[ W(mz) ¢XX(T1-TZ) dr,
t t

y(t)2 =f j W(t-z]‘)W(t-‘rZ) ¢XX('T1-I‘2)dTIdT2 (A.12)
0 0

and from equation (A.7)

¢yy(?‘) = [ ny(w) cos wr dw

Thus for r = 0

ﬁbyy(o) = j; ny(w) duw

Equation (A.11) gives

By (s) = [¥(30) [2Gyy o)
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‘Then @
(=) = f Y (30) |2 Gy) d (A.13)
8]

11. A random process, x(t), possessing a constant power spec-
tral density is referred to as a white noise. For a white noise, the
power spectral density function, Gyy(w) = Gy/m, a constant. The auto-

correlation function is

)

r‘i’xx“) SJé- ‘[Gxxu)emﬁfdw

=]

1 - Jwt
_2_ ‘[ GO/Jn e dw

.where &(t) is the impulse function.



APPENDIX B

PLOTS OF ATTENUATOR RESPONSES OBTAINED
FROM THE DIGITAL SIMULATION

Plots of the attenuator responses for values of CONT equal to
0.3, 0.4, 0.5, 0.6, and 0.7 using the computer control algorithm,
DBCH = 0.5 x IFIX (ES1DB x CONT + SIGN (0.5, ESIDB)), in the digital
simulation are shown on the following pages. Various initial attenuator

settings are used.
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APPENDIX C

LISTING OF THE DIGITAL COMPUTER SIMULATION
OF THE SINGLE CHANNEL 25.0
HERTZ 1/3 OCTAVE SYSTEM

A listing of the digital computer simulation of the single
channel 25.0 Hertz 1/3 octave system is shown on the following pages.
Fortran IV programming Tanguage was used, and the simulation was

performed on the IBM 360 digital computer.
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C

101
152
201
252
352

1C0

1¢2

1C

11

12

20
21
22

30

MAIN PRCGRAM
FCRMAT(5X,10G10.4)
FORMAT(2X, iﬁ@&@BXﬂClZ 6))
FORMAT(2FB .41 .
FORMAT(5G15.6)
FORMAT(5X O STEP? 32Xy " TIME? 3 10X "ESLIDB® 510X, "ES2DB 5 1CX
lg“RMSDB”ngX99RMSlDB“g9%9"CQNT“911X9"ATSEI“gl@XgGATGNeﬁ
INTEGER IBIG(LO),STEP :
REAL Y({60) ,LF;RBIG(L270), RANVEC(IOOO»
DIMENSICN XTIME(200) YRMSCRB{(200)
CCMMON/RBLK/R,EoOMs ko ERPS
9SN9X-9<C?BQTEME
PAT100)oLF(20)
s TSTOP,SCMsVEC(L10O0)
s RMS gRMSDByRMS 1
s ESLIDByESIRMS,ES2DB,ES2RMS,RMS1DR
sOBCHoATSET ATGN ATCUT ; AMPAT
sRANSNGTIMRAN RDB o RRMS o CONT.
s SYECI{L1000),BVEC{100),TSOR RM,ESDBAV,, SUMDB ARMSDR
o RANSIG: SUMERS DBMAX sDBMIN,TC j
COMNCN/!BLK/LIMET NEG s NWRITE,NTD,NTD2 - : ' T
1 sNTC3,TICP,STEPHR,LTD
EQUIVALENCE (LIMIT,IBIG),(R,RBIG)
PATA RANVEC/1000%8sC/
DC 100 I=1,10
IBIG(1I) = C
LC. 102 1=1,1270
RBIG(I) =:C.0
READ (5,252,END=300) IN1lyIN2 .
WRITE (6,1C1) INLgIk2
IF (INL) 10,102 : : oo .
IBIGIINL)=INZ
GO TG 1 Cy
CCNTINUE
NTD=NE® . :
NTD2=NTE+NEQ
NTD3=NTD2+NEQ
REAC {5,252) INLgRN1
WRITE {6,101) INL,RN1
IF- (INX) 20020512
RBIG(INL)=RNL
GC 7C 11
CCONTINUE
READ {55,252) INLyRN1
IF (IN1) 30,30,22
Y{INL)=RN1
YOINL+NEQ)=RN1
Y{INL+NTDZ )=RNL
GC TC 21
CONTINUE
IF{LTD.GT-0) GC TO 291

WO WWm D WA =



OO0

&y e Xeg! aXe

IA = 1

51 REAL(55201) TIMRAN RANSN
IF(TIMRAND 91591452

52 RANVEC(IA) = RANSN

1A = [A+1

GC TC 51
91 CONTINUE

IMC = LA

TIME = 0.0

SCM = 0.0

TSOR = C.C

RM = CoC

ESIECB = 0.0

ES2CE = 0.0

RMSCB = C.oC

RMS1DB = C.0

DBCH = 0.0

ATGN = 0.0

LC = 0 .

ice =.1 . .

DC 1C4 I=1,60
104 Y(I) = 0.0

£O 1C6 iI=1,1000
1Cé SVYEC(I) = C.0

DC 108 I= 14,100
108 BVEC(I) = C.0

STEP = ¢

LCOUNT=C

CALL SLCPE

WRITE (6,352)"

WRITE{6pl52) STEPyTIME-ESLIDBoES2DBoRMSDB,RMS1IDB,ATSET
loY(IICP+5) ,CONT
50 . STEP=STEP+1

TIME = STEP=H

LCOUNT=LCOUNT+1

DIGITA& SEWULATEQN CF FEECBACK CONTROL SYSTEM

CFANGES HN ATIENUAFGR SEFIKNGS ARE CALCULATED AT C.2C4
SECCND. INTERVALS

KNT = MCC{STEP,51)

IF{KNT-NE-C) GO TG 18

ERRCR CALCULATED IN CB.
ESICB = RDE-RMSDB *- S

CONTROLLER LOGIC. BB CHANGE EN. ATTENUATCR IS CALCULATED.
DBCH = Co5«IFIX(ESLICB#CCNT+SIGN(O0.5,ES1ICB))

ATTENUATOR SETTING IN DB o
ATSET = ATSET+DBCH



OO o0 OO0

OO OO0 OO0

L OO0

18

19

IF(ATSET-GE-Q-0) ATSET =
IF«A‘E’SE’EOLEL‘@@QO@D &TSEF

CCNTINUE

ATTENUATCR GAIN

CoC
= ='6000

ATGN = 10.0#=(ATSET/20.0)

RANDDM SIGNAL INPUT TO ATTENUATOR FROM WAVE SHAPER

MKT = MCD(STEP,IMO)
IF(MKTMNE-C) LKT
IF(MKT-EC-0) LKT

ion

ATTENUATCR CUTPUT o
RANSEG = RANVEC(LKT)
ATCUT = RANSIG=ATGN

MKT
IMO

ALL ATTENUATOR OUTPUTS ARE SUMMED, ANC
CVERALL AMPLIFIER ANC ATTENUATOR. THIS

SYSTEM GAIho

AMPAT = ATCUT=100CCCCC.C

PUT THROUGH AN
SETS AN GVERALL

SIMULAFIEN CF 1/3 CCTAVE FILTER ( 25 #Z CENTER FREQ. )

CALL DCIT(Y)

RMS VALUE CALCULATEC,
A TIVE.

NR*= MCC(STEP,250)
IF{NR.NE-C) MR=NR
IF(AR.EG-C) MR = 250

250 SAMPLES USEC.

TEN SAMPLES AT

IF(STEP-GE-LO-AND-STEP.LE- 250» CF = TIME/H
IF(STEPLTo1l00RSTEP-GT25C) QF = 25C.

KA = MCCUSTEP;10)
IF{KA.NE-C) KO
IF(KA.EG-C) KO
KCC = MR/L1C
X = Y(LICP+5)%=%2
TSCR = TSCR<+X

KA
10

Wo#

IF(KC-NE-10) GC TC 19
RM = RM ¢ TSOR-BVECIKQQ) - -~

BVEC(KCC) = TSOR
RMS = SQERY(RM/CT)

-

o

P

e

. . Vol
RMS VALULE IN DB CALCULATELS

IFIRMSoGTo1C. 1) RMSE@
TSCR = C.&
Cﬂhﬁﬁhvg

SCV = SCM+X~SVEC(MR)
SYECIMR) = X

= 2C.C#ALOGLO(RMS

fAmf VALUE CALCULATEL,25C SAMPLES USEDo
A TIME.

¢

)

CNE SAMPLE AT

73



aan

€0

3C0C

W0 =ou W

74
RMSL = SQRT(SOM/CT)

RMS VALLE IN DB CALCULATEC.
IFIRMS1.GTo10.0) RMSICB = 20-0#ALOGLO(RMS1)

IF(LCOCUNT-NE-NWRITE) GC TC 60
WRITE(6¢152) STEP,TIME,ESLICB,ES2DBsRMSDBoRMSIDBoATSET
LoY(IICP+5) ,CONT

LCOUNT=C

CONTINUE

IF{LKT.AE-IA) GO TC 50

LTD = LT7C+1

IF{LTE-EQ-1) GG TQ 5C

STOP

EAD

SUBRCUTINE SLOPE

INTEGER IBIG(10),STEP

FCRPAT(2CA4) '

REAL Y(6C)oLF,RBIG{1270),RANVEC(1000)
COCMMCN/RBLK/R,EpOMsH EPS

o SNoXeCoBo TIME
pA(LO) s LF(20)
o TSTOP; SCMoVECCLCC]

s RMS gRMSDB,RMS1
9ESICBsESIRMSyES2CBES2RMS;RMS1DB
o DBCHo ATSET ;ATGNATCUT , AMPAT
pRARSNy TIMRAN RDB o RRMS o CONT

9 SVEC(L000) sBYEC{L1CO) o TSOR RMoESDBAY o SUMDB ; ARMSDB
pRANSIGy SUMERS s DBMAX s DOBMEIN, TC
COMMON/EBLK/LEMIT NEGC NWRITEoNTLCy;NTD2
1 sNTC3,IICPSTEP MR,LTD
EQUIVALENCE (LIMIT,IBIG)o(RoRBIG)

RETURN

ENFRY RHS(Y).

FRAASFER FUNCT ION @F 173 GCCTAVE FILTER WITH CENTER
FREQUENCY CF 25. C HERTZo |

LFCLY = Y(2) : ! \
LFE{2) = =p(2)=Y(2)- AGAD&YGKD#A@?D%AMPAT
LF(3) = Y(4) :

LE(4) = ~A(4)eY(4)=-A(3)eY{3)+A(8)2Y(2)
LF(5) = Y(€)

LEL6) = =pt6)=Y(6)- A«EDﬁYQS»#Aﬁg»&Yﬁéb ¢
RETURN

END

SUBRCUTENE COIT(y)

INTEGER IBIG(10),STEP

REAL Y(60)oLF,RBIG(1270),RANVEC(1000)
COMMCN/RBLK/RGyE;UMoH,EPS

1 SN XsCoBy TIME
2 2 A(L0) o LF(20)
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55

€0

65

70

15

O =0 W

1

KCUKT=0

2 TSTOP o SOM, VEC(1CC) .
sRMSoRMSDBoRIMS1
7ES1IDBsESIRMS;ES2ECR, &SZRMS RMS1CE

sCBCHo ATSET o ATEN ATOUT 5 AMPAT

g RANSN TIMRANROBsRRMS,CONT
s SVEC(1000) yBVEC(1CO0) ;TSCRyRM;ESCBAY o SUMDB, ARMSDE
gRANSIG) SUMERS yDEMAX yDBMIN,TC

COMMCN/ IBLK/LIMIToNEQoNRRITE;NTDsNTD2

oNTC3, LICP,STEP MR SLTO

FICPA=TICP

TICPP=11ICP

INl=1ICP

IN2=TICPA

IN3=LICPP

CALL REFS{Y(INZ2})

tLF ARRAY RETURNED BY ABCVE
IF (KOUNT-GT-0) GC TC.55
IICPA=LIICP+RNTD

IF (ITICPA-CT-NTDZ2) IICPA=1
IN2=TICPA

SUM1=0.C

SUMZ=0-€001

LC 60 I=1,NEQ
TEMP=YUINX)eLF( 1) =k
SUM1=SUNML+ABS(Y(IN3)=TEMP)
SUMZ=SUMZ2+ABS(TENMP)

Y{INZ)

=TEMP

IN1=IN1l<1l

IN2=IN2+1

IN3=IN3¢1

IF{KCUNT-GT-0) GO TG €5
IICPP=IICP-NTD
IF{IICPPLT-1) IICPP=NTC2¢1
IN3=TICPP+AEQ :
ITEMP=1ICPA

FICPA=IICPP

LICPP=ITEWNP

KCUAT=KCUNT+1
IF((SUML/SUM2) cGT<EPS.ANC. KGUNT LT-LEMIT) GO TOQ 70
IICP=1ICPP

RETURN

BC 75 I=1,MNEQ

INL=INi=1 .

IN2=INZ2-1

IN3=IN3-1
YOINB)=(Y(INLD+Y(INZ2))%05C0D0
¢C TC 50

END



