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NOMENCLATURE 

time 

weighting funct ion  of a  l inear  system 

sample* constant, s = s + J& 

zwansf~r  funstlsn sf a Ifnear system 

frequency-resp~nse function o f  a l inear  system 

au toco~re la t i  on function o f  a random process, x $  t i  

power spectral density function of a  random process, 
%Q e> 
Dirac delta-function or impulse function 

time constant 

s tep  duncti on 

mean-square value o f  y ( t )  

t ransfer  f u n c t a o n  o f  n t h  wave shapers 

transfee function of n t h  113 octave f i l t e r s  

bandwidth of a f i  1 t e r  

center frequency of a f i l t e r  

1 inear time different ial  operator with respect t o  t l  

n t h  order time different ial  operator with re s p,e a G T O  

%L 

l inear  different ial  operator which i s  the produc t  of 
L i  and i t s  adjoint operator 



Chapter I 

INTRODUCTION 

The aesus t i  c environment generated and encountered by large 

rocket boosters during I i f%-off and aerodynamic f9 ight i s  the ub~ee-t  

of considerable research today, In an acoustical t e s t  faci l  i ty ,  random 

noise i s  generated to  s imul ate  such an environment, NASA--Manned Space- 

craf t  Center i n  Houston, Texas--has bui I t  and operates the Spacefl f y h t  

Aeo2s Lass Laborator~y (SAL) f s ~  this  purpose, A t  present, the SAL oper- 

ates in an open loop w l t h  no means o f  automatically controlling t h e  nolse 

spectrum generdled inside the acoustic t e s t  chamber, ft i s  the purpose 

of t h i s -  paper t o  develop mathematical models of the present open loop  

system and a closed loop system using a digi ta l  computer fo r  control, 

A cdsimpcstep control ailgo~rithm is l"nvesliga"cedi for  o p t i r n a h r  near spt4imal 

control uf the noise spectrum inside the tes t  chamber and a dfgital  

simulation o f  the closed loop system is programled t o  evaluate the 

overall system, using the proposed computer control a %  gori t h m ,  

Tu~e general areas o f  "Ul"teaterre have been fnvestigated, One 

area i s  c o n t ~ o l l e r s  I n  general, and  the other area is  the eonsjde~at:ion 

of random ~ n p u t s  t o  a system f r o m  the  s t a t i s t i c a l  point of viewc Many 

papers have been published on optimum and adaptive-p~edictive control Bers 

[1 ,2 ,3 ,4 ,5 ,6 ,10 ,11 ,12~13S14~15~u9  as well as design of control systems 

w i t h  d l g f  &a1 computer cont ro l  [7,8,19,20], Pastel [I63 and Nor3 [ 173 

have given papers ana lyz ing  the problem 04 random inputs to  systems, In 

addition, books by Lee [I81 and laning and Battin [2l] have been written 

l 
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about th is  problem, However, most books and papers t r e a t  the random 

input as nsfse or  an unwanted disturbance added to another 7npu-t such as 

a s tep,  ramp, or sine wave i n p u t  in to the system, The output due t o  the 

random signal i s  unwanted and the problem i s  t o  f i l t e r  the unwanted nolse 

output from the desired output which i s  due t o  the actual signal d r ~ v i n g  

the system, Howevex-, the problem considered i n  th i s  paper i s  a random 

signal d r i v i n g  the system and creating an acoustical noise spectrum 

inside the t e s t  chamber, Methods t o  control and shape th is  spectrum i n  

an optiz-nelm or meas optimum manner are examined by use of a dfgatal 

s  i m u 3  a t i  on, 

I ,  DESCRIPTION O F  T H E  PROBLEM 

The SpacefB ight Acoustics Laboratory's (SAB) acoustic control 

system i s  shown in Figur-e I , 1 ,  A random noise generator capable of 

producing e i ther  a "wh i t e "  noise (equal energy per cycle) or " p i n k "  

noise (equal energy per octave) from 20,O Hertz t o  10,000,0 Hertz, p ro -  

duces an e lec t r ica l  random signal,  This e%ectrs"ca4 signal i s  placed 

into twenty-four different  wave shapers with t ransfer  functions Fn[s) 

where n varies from 1 to  24. Each wave shaper has a similar magnitude 

versus frequency plot,  b u t  each w i t h  a  different center frequencyo The 

center- frequencies are given in Table 1 ,  

The electr ical  output from each wave shapep then goes in to  a 

digi ta l  attenuator, Each attenuator can be varied from 0,0 decibels 

which corresponds t o  an output t o  i n p u t  ra t io  of l o o ,  t o  -60,O decibels 

whach corresponds to  an o u t p u t  to  input r a t io  of 0,001 i n  increments o f  

0,s decibels, These attenuators are adjusted to  shape the acoustic 

noise spectrum inside the t e s t  chamber, The dashed 1 ines in Figure I 1 





Table 1 

Center Frequencies for  % / 3  Octave F i  l tet-s 

n Center- Frequency i n  Hert,z 
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show the electr ical  paths of the various signals,  

The output signal of the attenuators i s  e lec t r ica l ly  summed and  

then pl aced into an overall amp1 i f i e r  and attenuator, A 1  so, incorporated 

with this  overall attenuator i s  a signal clipper to  reduce any e l e c t r ~ c a l  

signal spikes present to  a maximum value, This amplifier and atrenuator 

f i x  the overall gain of the summed signals.  

The output sf  the overal l amp1 i Pier and attenuator drives an 

el ectro-pneumatic transducer whi ch converts the random noise from an 

e lec t r ica l  signal to  acoustical noise, These el ectro-pneumatic trans- 

ducers, referred t o  as acoustical horns, are pl aced inside the t e s t  

chamber with the vehicle t o  be tested, Microphones are placed around 

the vehicle t o  convert the acoustical random noise energy back into an 

el ec t r i  cal form, 

The e lec t r i  cal output from these acoustic microphones i s  mu1 t i - 
plexed into twenty-four l / 3  octave f i l t e r s  w i t h  center frequencies as 

shown i n  Table 1, These 113 octave f i l t e r s  w i t h  t ransfer  functions 

Gn(s) where n varies frorr~ l t o  24, have magnitude versus frequency plots 

as shown in Figure P,2 ,  These plots show that  the f i l t e r s  are down 

-20,O decibels a t  % / 3  octave on each s ide of the center frequency and 

down -3.0 decibels a t  each 116 octave on each s ide of the center $re- 

quency, The bandwidth of these f i l t e r s  i s  the frequency range wath an 

attenuation of less  than -3,O decibel on each s ide of the center f re -  

quency, 

In an open loop mode, the electr ical  output from the 113 octave 

f i  l t e rs  i s  pl aced i n t o  analog r,m, s o  ( 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 i s  

produced, 



Deci be1 s 

Frequency (Hertz) 

Figure I . 2 :  Magnitude vs. Frequency P l o t  of 
B & K 1 /3  Octave Fi l te r  
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I t  i s  n o t  possible t o  s e t  the random noise generator and d l g ~  hi 

attenuators to  fixed levels and maintaan the desired noise spectrum f r o m  

t e s t  t o  t e s t  since the acoust7c properties of the t e s t  chamber change 

Prom t e s t  to  t e s t c  Therefore, i t  i s  desirable t o  use a digi ta l  feedback 

control system for  the t e s t  f a c i l i t y  such that  the acoustic noise spec- 

trum could be shaped i n  minimum time by automatically controlling she 

digi ta l  attenwatsws, Thls feedback control configuration i s  shown s n  

Figure I , 3 ,  The r,m,s, values are then calculated by the digi ta l  

computer and the dig1 ta l  attenuators are s e t  by the computer, according 

to  a cemputer control algorithm, The desired r,m,s, values for  each 

1/3 octave channel awe denoted by R, where n varies from 1 t o  24 

The purpose of th is  paper i s  to  examine a computer control 

algorithm to automatically determine the digi ta l  attenuator set t ings 

necessary f o r  t he  correct shape o f  the acoustical noise spectrum, I n  

addition, procedures f o r  dete~minjng a r,m,s, value o f  the o u t p u t  of t h e  

1/3  octave f i  1 t e r  usling the diga" ta l  computer wi 11 be examl"ned, 

I t  wi 1% be assumed tha t  the acousticcl t e s t  chamber w~ 91 h d v e  

only a variable gain for each 7/3 octave frequency range Bnvolved, b v i  t h  

a negligible time lag or time delay, This i n i t i a l  assumption would a l s o  

consider the acoustical horns and microphones to  have no  dis tor t ion,  

which means they have a f l a t  frequency response plot, Therefore, f a r  

th i s  preliminary work, the acoustical t e s t  cham be^ may be disregarded 

and the t e s t  f a c i l i t y  may be considered as shown in Figure I ,4 ,  T h r s  

figure 1s essent ial ly  the same as Figure I , 3  b u t  with the acousticdl 

t e s t  chamber rep1 aced w ~ " c  a gaa%n K 
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Chapter I I  

RANDOM PROCESSES 

In th i s  chapter st i s  shown that  the output o f  the ideal mean- 

square detector and s  ixth-order 1 inear d i  f ferent i  al equation i s  equ,s va- 

lent  t o  the sol u t ~  on of a  twel Pkh-order l inear d i  f ferent ial  equat~on,  

The steady-state mean-square ouwput of a  f i  rs t-order l inear d i  ffefien"cliji 1 

equation as developed using the power spectral density function of the 

input and the weightjng funct~on s f  the lanear equation, Then the t ~ m e  

history o f  the mean-square output is deraved u s i n g  the impulse sesponse 

of the system and the autocorrelation function of the input, A shapa~g 

f 7 1 t e r  i s  added t o  the above system, This means tha t  a  white noise 1s 

p u t  in to a linear system, and the steady-slate output is  switched i n t o  

the f i r s t -order  l inear  system psev~ous ly discussed, I t  i s  shown bow 

t h i s  shapf ng  f i g  Ler a1 ters  the steady-state o u t p u b f  the system dii'ild t h e  

time response of the system, Final  ly,  the 1 inear d7 fferentaal equat- on 

for the mean-square output of a  nth-order different ial  e q u a t i o n  i s  

derived together with the necessary boundary conditions for  any 

stationary input with an autocorrelation function qxx( x-1 

As can be seen from equations (A,12) and  (8,131 in Append~x A ,  

the mean-square value of the output o f  a linear system can be found i f  

the autocorrelation func t ion  ow power spectral density func t ion  01' the 

random process i n p u t  1 %  known, Ht is only a  matter of raising the mean- 

square value t o  t h e  one-half pawev t o  f i n d  tne  r,m,s, (root-mean-square) 

value of t h e  ou tpu t ,  

10 
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A f i rs t -order  and second-order l inear  system wi I 1  now be cans adered 

with a white noise input and an expression i s  found for the transieqt 

response of  the mean-square value of the output, By raising this ex -  

pression to the one-half power, the transient response fo r  the r,rn,s, 

value of the output will be given, 

Consider a f i r s t -order  system as shown i n  Figure I I , 1  

Fi gure I 1 , l :  F i  rs t-Order. System with (7: 

White Noise E n p u t  

The system i s  i n i t i a l l y  a t  res t  and a t  time t = 0 ,  the system aecel~es a 

white no=nie input x ( t )  w ~ i h  G x x ( a )  = G o / .  and $ , K ( ~ )  = G c 6 (  ) .  From 

equation ( A ,  13) ,  

Equation (2,s) g ives  the steady-state value of the mean-square value of 

the output, ygt), 

- By equat ion (A ,42 ] ,  the mean-square value of the output, y ( t ) ,  

can be found as a function o f  tlme, 
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The t ransient  response of z ( t )  given in equat~on (2,3)  with a 

s tep a n p u t  will have the same time constant as the t ransient  response of 

the mean-square value of y ( t )  as given in equation (2,2) with a w h i t e  

noise input, Be palsing both sides of equation (2,2)  to  the one-ha1 f 

power, the t ransfent  response of the r.m.s, value of y ( t )  can also be 

obtained with a white noise input, Again by raising both sides s f  

equation (2 ,3)  to  the one-half power, the t ransient  response of the r,m,s, 

value of the output of a f i rs t -order  system with a white noise input can 

be modeled, 

If the power spectral density of the white noise input to  

Figure I I  , I  i s  changed by passing the white noise through an attenuator 

before i t  i s  p u t  in to the system, the final value of the mean-squave 

output i s  proportioned by a new gain factor,  k \  In contrast ,  i t  may 

be noted tha t  by changing the amp1 i  tude of the s tep i n p u t  i n t o  the 

system in Figure 1102 used t o  model the mean-square output of the system 

in Figure II  , I  with a white noise input, a change in the final value o f  

z ( t )  i s  also observed, Thus a change in the amplitude of the white 

noise input t o  the system in Figure IP,l with the mean-square outpu t  

response shown in equation (2,2)  can be modeled by changing the amp1 i t u d e  

of the s tep input t o  the system in Figure I I ,2  and using i t s  resporxse 

z ( t )  as the model of the mean-square response given in equation ( 2 , 2 )  

However, fo r  the inope general case of nonzero boundary condl t ioras, 

as indicated l a t e r  i n  th i s  chapter, the more general model would be a 

second order different ial  equation with an impulse function, 6 Q t )  as 

the input, 



Consider the following system as shown in Figure I1,3,  

Figure I I  , 3 :  Second-Order- System with a 
White Noise Input 

The input x ( t )  i s  again a white noise with G,,(u) = G,/n and +,,(-) 

G 0 6 ( r ) .  The switch i s  open and the mean-square output of the y , ( t )  has 

reached i t s  steady-state value, A t  time t = 0, the switch i s  closed a n d  

the mean-square value of yL (t) can be found, Fr-om equation ( A ,  13) 

From equation ( A .  1 2 )  the mean-square value of the output, y; ( t )  . 
can be Pound as a function of time, 

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

sf nee 



and 

I t  can be observed that  th i s  i s  also the response of a  second order 

l inear  different ial  equatfon to  a  s tep i n p u t ,  

I t  will be shown that  for  a  system that  can be modeled with a 

l inear  different ial  equation, the mean-square value of the output a l s o  

obeys a  l inear  different ial  equation, Consider the l inear  system i n  

Figure 1104 

Figure HI ,4: Nth-Order System with a  
Random Process Input 

where 

m,,(ti ,tj - ) = autocorrel a t i  on functioii of the input, x ( t )  

myy(tl. t,) = autocorrelation function o f  the o u t p u t ,  y ( t )  
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~ ~ ~ ( t ,  .t,) = cross-correlation function of the input-output 

Papoulis [24] has shown tha t  $xy(t,.t,) sa t i s f i e s  the differ en t ia i  

equation ( in  t2I9 

where 

and 

4 ( t  t ) satjs-fies the same type of different ial  equation w S t h  t, YY 1 '  2 

cons i dered a  constant 

n 
a, D, $yy(t,,t,) + a,-, q-' $ y y ( t i , t 2 )  + * 0 0 + a 0 m YY ( t&.t ,)  

= ~,(t, , t ,)  62,7) 

where 

by l e t t i ng  t = t,-t,, d t  - - d t p  i f  t ,  i s  held constant and d t  = d t ,  i f  

t, i s  held constant. 



Now define the  operatom 

and 

Eliminating @Jxy(tl ,% ) from equations (2 .6 )  and ( 2 . 7 )  and using the 

operators defined i n  equations ( 2 , 8 )  and (2 ,9) ,  

I f  x ( t )  i s  s t a t ionary  then +,,(t,,t,) = $,,(ti-t ,) ,  To f ind 

the mean-square value of the output y q t ) ,  l e t  t,=tL i n  the  autoeorrelat ion~ 

function of the output, I t  can be shown t h a t  the product of two series,  

From equations (2.8) and (2.91, b j  - ( - ~ ) ~ a ~ &  Subst i tu t ing t h i s  i n t o  

equation ( 2 , 1 1 )  

I f  k i s  odd then, 



Substituting equation (2,13) into equation (2 .12)  and Setting k ' =  -12 

l e t  k = k h n d  define 

Define the new operator H which i s  the product of the operator L and  i t s  

adjoint operator 

Equations ( 2 . 6 )  and (2,7) reduce t o  

Equation (2,141 shows tha t  the mean-square value of the output 

of a system which can be represented by a l inear  different ial  equat~on,  

as shown in Figure IE,4, can be related t o  the autocorrelation f u n c t i o n  

of the input by a l inear  different ial  operator, I t  may also be noted 

that  the new operator H i s  the product of the operator L t  and i t s  a d j o i n t  

operator, 

One d i f f icu l ty  with equation (2,141 i s  the determination o f  

enough boundary esndi t i  ons to  make the different ial  equations we1 1 

posed, If  the pair  of equations (2,6) and (2.7) i s  written in terms of 

the variable t 



wi t h  boundary cond.8" t , i  ons 

then the problem i s  well posed, 

If  @,,(t) i s  the output of a wave shaper, the steady s t a t e  value 

of 4xx( t )  i s  used as the input to  equations (2.14) or (2,15) ,  

The results of this  chapter are helpful in a t  leas t  two ways, 

F i rs t  they provide an analyt-s"ca1 base for  understanding the time response 

of the simulation during the f i r s t  one-second period, During this  

period, the response of the simulated mean-square detector i s  identical 

t o  the mean-square output discussed i n  th i s  chapter, Secondly, they 

~ u s t i f y  the use of a I inear model t o  replace the f i l t e r  and mean-square 

detector fo r  further analytical study and thus a l inear  model for  use 

in ident i f icat ion,  the system to  be identified would be a l inear  system 

such as equation ( 2 , % 4 )  wi t h  a s teady-s t a t e  autocorrel a t i  on function I nput  

which would be a s tep rather than an impulse function, The boundary 

conditions could be obtained from the simulations presented here, 



Chapter 111 

DIGITAL SIMULATION OF SINGLE CHANNEL 

25,O HERTZ 113 OCTAVE SYSTEM 

A s ing le  channel system model wi l l  be constructed using only t h e  

25.0 Hertz wave shaper and f i l t e r  as shown i n  Figures 111.1 and P I I , 2 ,  In 

t h i s  configuration there i s  no input of narrowband random noise from the 

other wave shapers and, therefore,  no interplay from other  narrowband 

random noise of d i f f e ~ e n t  center frequencies. 

The Spacefl i ght Acoustics Laboratory (SAL) obtained di gi t i zed  

random data f o r  use i n  the  d ig i t a l  simulation in the  following manner, 

The random noise generator 's  eSectrical  output was fed i n to  the 25.0 

Hertz wave shaper, and the output of the  wave shaper was d ig i t a l l y  re- 

corded on magnetic tape,  The 25,O Hertz wave s h a p e ~  has a narrow 

bandwidth, which means t ha t  5 / fc  is a small number where 5 i s  the band-  

w i d t h  measured a t  the -3,O decibel points r e l a t i ve  t o  the magnitude a t  

the center frequency, f,. The output of the  wave shaper i s  narrowband 

random noise which looks very much l i k e  a sinusoidal wave of frequency 

f c ,  b u t  w i t h  slow and random amplitude and phase var ia t ions ,  For 

modeling and simulation purposes, the random noise generator and VQave 

shaper, F i t s ) ,  a re  subs t i tu ted  w i t h  the  data output provided by SAL, 

The 25,O Hertz 1 /3 octave f i 1 t e r  was modeled from a magni tude 

versus frequency p lo t  of a B & K % / 3  octave f i l t e r  provided by the 

Spaceflight Acoustics Laboratory as shown i n  Figure I ,2 ,  The work o f  

model ing the 1 /3 octave Pil t e r  was performed by Atkins [23] and the 
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t ransfer  function found for  the  25,0 Hertz center frequency $13 octave 

f i l t e r  was 

s3 -- 
G, ( s )  = (s2+20 .28s+l 0962x10b) ' (s2+30 . 9 ~ s + 2 . 1 6 ~ 1 0 ~ ~  (s2+35 .22s+2.789~10~j  

The magnitude versus frequency plot of G,(s) is  given f r t  Figure P I I o 3 ,  

The -20.0 decibels points on the magnitude versus frequency p% s ts  

of the 113 octave f i l t e r s  with center f~eguenc.e"es given in Table I sccur 

a t  the next center frequency above and below' the center frequency whose 

magnitude plot i s  being da"seussed, Tkjs 4s shown f o r  three magmf tude 

versus frequency plots in Figure IIE ,4, 

A mathematica"8efinition s f  root-mean-square which i s  used 4s : 

where R(t) i s  the ~,an,s, value of y(g)  over the time Interval T, For t h e  

purpose a% hand, i t  i s  des$reY tha t  the Pom~"'Mhlue be based on onliy a 

1 imited number of past values o f  y ( q ]  t o  give a best estfmate of the 

present r,m,s, value s f  ~ ( 5 ) ~  The definit ion o f  the r,rn,s, value s f  

y(c )  t o  be used i s  

where ~ ( $ 1  i s  the unit s tep funcLSon, 
e 

\ "  " 
The d isc re te  $nalog of the above definition i i  

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



Deci be1 s 

Frequency ( ~ e r t z )  

Figure 111.3: Magnitude vs.  Frequency Plot f o r  
Model o f  113 Octave F i l t e r  





number of discrete values of y ( t i I 2  whfch the summation will contain, 

Consider now the following double summation and notation, Let 

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

integer function [!n/lOl] and k i s  the greatest-integer function [ / n / l ~ I .  

Thus 

where k = 1, 2 ,  . . . as defined above, Equation (3,3)  gives a new r,rn,s, 

value of y ( t i )  for  eveby ten new values of y(ti),"ijhereas, equation (3.11 

gives a new r.m,s, for  every new sample of y ( t i ) .  

In the digi ta l  simulation the r,m,s, value will be calculated as 

i n  equation (3 ,3 ) ,  Ten values of y ( t i )  will be taken by the r,m,s, 

detector a t  one tame and a r ,m,s,  output reading wil l  be given, Ten 

more new values of y Q t i )  will  be taken and a new r,m,s, value w i l l  be 

gfven. A maximum number of 250 samples will be used j n  calculating the  

r.m,s, value where the number 250 cor~esponds to  N f n  equation ( 3 , 3 ) ,  

This manner of storing ten new values of y e t i )  a t  a time saves computer 

storage, and basing the r,m,s, values only on the number of samples 

available up  t o  a maximum o f  250 past values gives a best estimate of  the 

present r.m.s. value of y ( t i ) .  

A d igi ta l  simulation of the system, shown i n  Appendix 6,  was made 

on the I B M  360 digi ta l  computer using Fortran IV programming language, 

Figure 11102 gives a block diagram of th is  simulatisn, 

The random data taken from the output of the 25,O Hertz wave 
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shaper , F, ( s ) ,  by SAL was used as the i n p u t  fo r  the 25.0 Hertz 113 octave 

f i l t e r  since the acoustical t e s t  chamber i s  being replaced by a galn In 

t h i s  prel iminary work- The output of the 1/3 octave f i l  t e r  i s  used t o  

calculate a r,m,s, value, denoted RMS, by the method previously descr~bed,  

The r,m,s, value i s  used to  obtain a r,m,s, value in decibels, denoted 

RMSDB, by the following method, 

This decibel quantity i s  used to  simulate a quantity that  i s  used t o  

determine the sound pressure level inside the actual t e s t  chamber, 

The r,m,s, output i n  decibels i s  used to  calculate an error ,  

ESlDB = RDB - RMSDB, where RUB = 140 decibels and i s  the desired sound 

pressure level ,  This choice of the value RDB 7s an arbi t rary one and 

simi l a r  simulation results would be expected o f  other values of RDB, This 

er ror  i s  used by the proposed computer algorithm t o  obtain a change i n  

the attenuator se t t ing  denoted by DBCH, 

The digi ta l  attenuator 7s samulated by the computer as a number 

that  can vary from 0,O decibels t o  -60,O decibels in integer increments 

of 0,5 decibel s teps,  In the digi ta l  simu9at-8"on9 this  number 9"s krrown 

as ATSET, The random input t o  the 1/3 octave f i l t e r  Is  multipll'ed by a 

corresponding number designated as ATGN, where ATGN i s  given by: 

(ATSET/20,0) 
ATGN = 10,O 

A RUNGE-KUTTA -integration subroutine was used to  solve the s i x t h  

order different ial  equation used t o  simulate the 1/3 octave f i l t e r ,  An 

integration step s i ze  of 0,004 seconds was used since a 25.0 Hertz 

sinusoidal has a period of 0,04 seconds; a n d  th i s  would give ten discrete 



o u t p u t  values per cycle, whlch would give a good approximation o f  the  

actual curve, 



Chapter I V ,  

PROPOSED CONTROL FOR A SINGLE 

CHANNEL SYSTEM 

Certain reqee ii remen t s  t o  be metby the Spacef 1 .s" g h t  Acous tii c; 

Laboratory require tha t  the final attenuator se t t ing  be made by the end 

of the f i r s t  second a f t e r  system activation, A maximum s f  f ive a d j u s t -  

ments are t o  be made a t  0,2 second intervals ,  These adjustments are t o  

be made on the digi ta l  attenuators in the form of a change in the 

settfrags Prom 0,O decabels to  -60-0 decfbels, A factor  linvolved f v  

selecting the 25,O Hertz l / 3  octave f i l t e r  for th i s  preliminary jiniestr- 

gatisn and s~mulat ton is that  the tvesponse of the 25,O Hertz 113 o c t a v e  

channel i s  the slowest of a %  1 center frequencjes involved, the 25,Ol 

Hertz center frequency being the %owes%, Thus, t o  f ~ n d  a sa%isfackobhy 

control algorithm f o r  the 25,O Hertz octave channel would Insure 

meeting the maximum time requfrements placed on the system, 

The er ror ,  ESIDB = RDB - RMSDB, where RDB a 140 decibels i s  t h e  

desired output o f  the system in deelbels; and RMSDB i s  the actual r , m ,  s .  

output of the system in deca"bel%will be sampled a t  0,2 second P"nterva1s 

The proposed computer control aIgsr%thm will use thfs error ,  ESPDB, 119: 

computing the a t t e n u a t s ~  se t t ing  changes, 

The computer control algorithm i s  a proportional type i n  that. a 

certain portion s f  the error ,  ESIDB, i s  used t s  make a change in the 

attenuator se t t ing ,  I n  Fortran P V  computer language, the control 

a1 gorilhm i s :  
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DBCH - 0,s x IFPXgESlDB x CONY + SIGN(0,5, ESlDB)) 

DBCH denotes the change in the attenuator settfng to be made and ESSDB 

is the error as given above, The IFIX statement changes $ts argument 

to an Integer, The SIGN (0,5, ESIDB)" statement-g4ves the number 0,5 

with the sign (plus-or minus) of ES"RB attached, If' the argument sf 

EFIX, ESIDBwCOMV SIGN (0,5, ESlDB) , f s  a number othe~ thaw an integer,  

the IFEX slatemewst 'V~ounds" or tpuncates this number --into an integer, 

EP the argument o f  IFIX 4s already an intege~, then this integer is t b e  

number the IFBX statement would give for evaluation, The CONT is an 

arbitrary constant such that it is multiplied by the error, ESIDB, t o  

obtain a number proportiona7 to the error, Due to the simulation being 

made on a digital computer, the f i r s t  control t i ~ e  will be 0,284 

seconds, using 0,004 seconds as the integration step size, 

The rnaln problem encountered is that of' the lnitial attenuatsr 

settjngs. These can varjf frorru -60,0 decibels to 0,0 decibels, Computer 

programs were evaluated with inl tial attenuator settings f Porn -60 ,O 

decjbels to 0,0 decibels i n  10,O dee=ibe% increments, with the consxant 

CBNT set at values o f  0,3 ,  0,4, 0,5, 006, and 6,7 POP these initla1 

attenuats~ settings, 

Several other computer cowtrsl algo~fthms were used wlth tble 

digital simulation f o r  evaluati~n, One consisted of usfng a 25,~b R e ~ ~ t r  

sine wave as the i n p u %  to the system and uslng a constant a%tenuator> 

setting such that the r,m,s, output in declbels was the desired 140,0 

in steady-state, Thfs output data was used in the following manner Tbe 

random data was then used as the input to the system and the output  due 

to the random da ta  was compared ts the output due t o  the 25,O Hevtz sine 

wave prev%"oui%ly obtained, W computer aIgor8thm was used t o  make thrs 
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comparison between the two outputs and t o  then make a change I n  the 

attenlaator se t t ing  based upow th j s  comparasops, However, due t o  the  

varied f n i t i a l  attenuatov set t ings , th i s  computer control a l  gsri thm 

gave general ly unsatisfactory results , 

Other control a1 gori thms evaluated were a "predi ctive" type 

control and various types of integral control lers  using previous er"~-ors, 

ESSDB = 140,0 - R ~ D B ,  summed fo r  the attenuator se t t ing  changes. These 

also exhibited generally poor response POP selecting the correct attenu- 

a t o r  se t t ing ,  

An on-off type of control was evaluated using the computer 

simulation i n  the followang manner, The at tent~ator  se t t ing  was se t  to 

0,0 decfbels for  minimum attenuation o f  the random signa"Enpwt, To 

n u %  l i f y  the inertla1 effects  in t h e  system output,when the r,rn,s, wal ue 

of the output sf the 25,0 Hertz 1 /3 octave $4 1 t e r  was a certain range i n  

decibels of  the desired pr. m,s, output, the attesauator was s e t  a t  -60.0 

decibels, w h i c h  i s  the maximum val ue o f  attenuatjon o f  the random s l  gnal  

used to  drive the system, After the attenuator was s e t  a t  -68,0 dec~bels 

for  a short  period of %?me, a computer control algorithm such as a pi*o- 

portSonal t ype  could be used t o  determine the correct attenuator s e t t ~ n g ,  

One advantage of the on-off control i s  tha t  the system i s  brought up i n  

minimum psssible time; and f o r  the system simulation, the 540 decibegs 

output occurred i n  approximately 0,2 seconds, One possible disadvantage 

i s  tha t  the acoustical t e s t  chamber coul cf experi ence some des t ruc t i  ve 

effects  for a sustained minimum at"cenator se t t ing ,  

In  actual simuhtioros poor results were obtained because no 

sat isfactory swi tchlng curve caul d be four~d, 



Chapter V 

RESULTS AND CONCLUSIONS OF THE 

DIGITAL SIMULATION 

Figure V , l  shows the system sfmulation with a  25,0 Hertz sine 

wave input with no feedback control and the attenuator se t t ing  a t  C,E3 

decibels , The attenuator se t t ing  remains constant throughout this  

particular simulation, and the resulting plot i s  of the r,m,s, value of 

the output in decibels, designated RMSDB, versus time, By examinang 

Figure V , l ,  a s l igh t  r i s e  occurs abruptly a t  approximately 1 , l  seconds, 

This i s  due t o  the method of calculation of the r,m.s, value in that  ten 

early values are deleted and ten updated ones a re  added to  a  summation 

used in calculating the r,m,s, value of the output of the 1 J3 octave 

f i l t e r ,  The ~ , m , s ,  value from 0-0 seconds t o  approximately 0,4 seconds 

i s  s ignif icant ly lower than the remaining r,m,s, values, thus yeieldlng 

larger r,m,s, calculations when they are deleted, 

She random = i n p u t  provided by SAL was used as the input t o  the  

system simulation in an open loop configuration with a  constant attenuator 

se t t ing  of -13,0 decibels as shown in Figure V,2, Again, the r,m,s o u t p u t  

of the 1 J3 octave f i l t e r  in decibels i s  plotted versus t.ime, This f-igure 

shows that  fo r  the random input provided by SAL, the correct attenuator 

set t ing in this  particular digi ta l  sfmulation i s  approximately -13,O 

decibels for  the desired o u t p u t  of 140 decibels, plus or minus 5,0 deeibe8s, 

I t  will be noted from Figure V - 2  that  the response of the r.m,s, output 

from approximately 0,5 seconds to  approximately 3,O seconds 7s very 
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similar to  the response Prom approximately 3.0 seconds to  7,O seconds 

This i s  because the same random data was used again since there was only 

an approximate 3,O seconds of actual random data provided, An appsox~mate 

se t t l i ng  time can be obtained from F~guk-e V.1 and Figure V,2. 

As stated before, a  desirable requirement of the system in t h e  

closed loop mode i s  that the final attenuator set t ing be made a t  t h e  end 

of the f i r s t  second a f t e r  the system i s  activated, A maximum of P I  se 

adjustments spaced a t  0.2 second intervals are t o  be made in th is  one- 

second time frame by the proposed computer control algorithm 

DBCH - 0,5xTF%X(ESIDBxCONT + SIGN[Om5,ES1DB) ) 

Since the control algorithm i s  essent ial ly  a  proportional error  feedback 

control, CONT was given values of 0,3, 0-4, 0,5, 0,6, and 0-7 in these 

simulations; a n d  the attenuator responses were plotted, The attenuator 

responses are given in Appendix B for  the different  values of CONT and 

different  i n i t i a l  attenuatos s e t t ~ n g s  , 

For a  particular i n i t i a l  attenuator se t t ing ,  the greater t h e  uaI~ .~e  

of CONT the more evident is  an osci l la t ion existing in the attenuator 

response, For th i s  particular digi ta l  simulation and random data i n p u t ,  

a  se t t ing  of -93,O decibels i s  the approximate se t t ing  for  an r ,m,s,  

output of 140 decibels, For CONT = ,3 ,  the attenuator response i s  c-lose 

to  being c r i t i c a l l y  damped and wi 11 arrive a t  the correct attenuator 

set t ing in approximately 3,O seconds, In Table 11 i s  given a19 the 

attenuator responses for  CONT = 0,7 with i n i t i a l  attenuator set t ings o f  

-60,O decibels t o  0 0 decibels in PO,O decibel increments, I t  i s  

interesting to  note that  in one second the attenuator response i s  

approximately a t  the correct set t ing for  any given i n i t i a l  condition 



Table 2 

Attenwatsw Settings Versus Time for 
a Value o f  CONT = 0,3 

---- -- 
Tjmegsec) Initial Attenuator Settings 
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Although th is  should not %ehd to  any general conclusions, one might f i n d  

a similar charaeteristac in the actual system, 

The above procedure for  finding the correct value of CONT t h a t  

for  any i n i t i a l  attenwator se t t ing  would give approximately the c o r r e c t  

attenuator se t t ing  within a given number of adjustments for  a single 

channel system i s  essential Iy trial-and-error,  However, when the 

simulation 9s made of a multiple channel system, a different  procedure 

may be necessary, En the present s ~ n g l e  channel simulation, i t  i s  a s s u r e d  

that  the overall amp1 i f i e r  and  attenuator are s e t  such that  the o n l y  

necessary adjbstments made are on the digi ta l  attenuators of which there 

are  the same number as there are wave shapers, In the multiple chanlnel 

system simulati on with each 1 / 3  octave channel having a different  des i red 

r,m,s, output, i t  may prove advantageous to  use the overall amplifier alqd 

attenuator t o  adjust a l l  913 octave channels by approximately the  same 

amount so that  the largest  d e s i ~ e d  r,m,s, value for  a 1/3 octave channel 

i s  a t  i t s  correct attenuator se t t ing ,  The 113 octave channels will then 

be adjusted by the indi vldual digi ta l  aktenwatsw t o  the correct s e t t r  ng 

relat ive to  the one 113 octave channel a1 ready s e t  by the o v e ~ a l l  anp E ; f-~eip 

and attenuator. 

The attenuatsr s e t t l i ng  time of th is  system simulation can he 

defined as trfe time required for the attenuator se t t ing  to  reach vaihes 

such that  the d i  fference between the maximurn and rninfmum of these $a l rseb 

i s  within a given tolerance, The one-second time requirement i s  n o t  met 

in th is  mode of operation a n d  the computer control algorithm i s  allowed 

to  operate throughout the,simulation, From the attenuatsr responses i n  

Appendix B, the se t t l i ng  time increases as the value sf CQNT increases, 

For a given I n i t l a %  attenuatsr set t ing,  increasing the ya l  we of CONT 
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increases the amplitude of the osci l la t ions i n  the attenuator responses 

and more tjme i s  required for  the ose i%%at ions  to  decrease, 



Chapter VVI 

FUTURE WORK 

In th is  work, the acoustic t e s t  chamber including the acoustlc 

horns and microphones are considered to  be l inear  and to  only contrilbuie 

a gain to  the 25,O Hertz I f 3  octave system simulation, In actual prac- 

t i c e  nonlinearities possibly due t o  the response charactersstics sf tqe 

acoustic horns and mi crophones, interference of the acous t~ c signals due  

the the actual configuration of the t e s t  chamber and vehicle inside, and  

other factors will  have t o  be included in the system simulation, A;so, 

the acoustic time response will have to  be taken into consideration i n  

the simulation since this  w-11 P be dependent on the relat ive loca t~on  o f  

the acous t i c  horns and m i  crophones and the reverberation characteristics 

of the room, The l inear  model of the system considered I n  this  paper 7s 

useful in that  a control algorathm found satfsfactory for  the l inear  

model will be o f  value in devising a control algorithm f o r  the nonlineap 

simulati on ,  

Chapter I1 gives a method for  analytically obtaining the mean- 

square response of the output of a l inear  system with a random i n p u t ,  

This permits a system wa t h  a  random input to  be modeled by the response 

of another system with an input such as a s tep function, I d e n t i f i c a t ~ s n  

models based upon the system simulation have been devised by Sumar13 [23] 

which model the system's response characteristics w i t h  a  f s  rs t-order , 

second-order, and third-order system, Optimal or near optimal control 

a1 gori thms coul d be constructed using these identification models of the 
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sys tem, Prel iminary evidence indicates that  the control a1 gori thm ob-  

tained based on the system simulation can be refined using the 

identification model techniques, 

The next s tep suggested a f t e r  the 2 5 , Q  Hertz Y /3  octave s i s g l  e 

channel simulation i s  t o  obtain three t ransfer  functions for  the 25 0, 

31 "5 ,  and 4 0 , Q  Hertz center frequencies and simulate the system as before,  

b u t  with three center frequencies invo7vedo From Figure I l I , 4 ,  i t  can be 

seen that  for  a particular magnitude versus frequency plot, i t s  magn~tude as 

down 20,Q deci bel s a t  the next center frequencies, This means one can 

expect a small amount of interactron among the 113 octave f ~ l t e r s  I n -  

volved since a19 o u t p u t  of the digi ta l  attenuators are to  be summed a n d  

then placed into each 113 octave f i l t e r  as i n  Figure I , 4 ,  Iherefoue, a t  

i s  recommended that  the various nonllnearitles and the three 113 o t ta l ve  

channels be included j n  future simul ations and tha t  the   den ti f led Y i n e a r  

models be used for  obtaan-i ng be t te r  algorithms, 
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APPENDIX A 

DEFINITIONS FOUND IN MNDOM PROCESSES 

The f o %  l ow ing  are defina tions found in random processes, 

9 ,  A random process, E, i s  a  sample space or ensemble comprised 

of funct9ons of time as the fundamental elements, 

2, A \random process, E ,  i s  said to  be staticnary i f  every 

translation -in %%me carries E i n t o  i t s e l f  a n  such a manner t h a t  p raba -  

bi 8ity is  preserved, 

3, A statiorsary random process i s  said t o  possess the 

provided that  Pop every random variable V(x), the relatror~ 

P 

E [ V  c xQt)  t ]  2 l imit  1 V [ x ( t + ~ > l  d i  r+, 27- 
-T 

where E [\I { x ( t )  5.1 9s t h e  expecbat~on 03" 'the function x ( t ) ,  is v a l i d  tuw 

a l l  functions x ( t ) ,  w i t h  the  p o s s ~ b l e  eii<=eption of a s e t  o f  functioris c f  

zero probability, 

4, A system is  sdfd to  be % unear provided tha t  for  every p a i s  

of inputs, x l ( t ) ,  x,(t) and corresponding outputs y , ( t ) ,  y , / t ) ,  the i n p u t  

Ax,(t) + Bx,(t) produces as output AY,(~) +  BY,(^) where A and B a r e  

a rb i t ra ry  constants, For a I inear system i t  i s  possible t o  swpern"mpore 

the effects  produced by any number of outputs, 

5, A linear sys tern i s  characterized by i t s  response t o  a unl t -  

impulse excitation, The response s f  the l inear  system t o  the unit*-i~npulse 

i s  ca% led t h e  - ~ e i g h x ? n ~ f m & f ~ m a d  - 9s denoted by W(t), The outpah".,zaf 

the system y g t ) ,  as obtained by the coueviolutiovl; integral 



where W ( T )  i s  the weighting function and x ( t )  i s  the i n p u t  t o  the 1 inear 

sys tem, 

6 ,  A  characterization which i s  often used for  s table  csnstant- 

coefficient systems i s  the f~eqenency-resppnse funceon, Y(.ju), a' , e  , t h e  

res-ponse of the l linear system to  a  sinusoidal input, Us-s"ng complex 

notation, the input to  the system i s  x ( t )  = ejwt. The output i s  obca~ned 

from equation & A , I  1 and i s  given by 

I t  i s  seen that  the o u t p u t  of the system differs  from the input onl~y by 

a constant complex f a c t o r  

The quant-s" ty Y ( JdLj) is  cal l  ed the frequency-response function, 

By computing the Laplace transform of the weighting function, 

W C t ) ,  rather than the Fourier transform, a  quantity called the t ransfer  -- 
function, Ygs),  i s  obtained 

where s i s  a  complex constant, s  = o s j w ,  

7, An autocorre5ation Function of a  random process, x ( t ) ,  is  
T 



Pol- .t = 0, 

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

Since si,xx(,r) i s  an even function, 

And s ince  Gxx(w) i s  the Fourier transform of + x x ( ~ )  

9 ,  Input-output re1 ations for  autocorrelation functions a ~ d  

power spectral density f u n c t i  ans , 

Figure A , I  : A Linear System w i t h  a Random Process Input 

The autocorrelation function of the output s f  a linear system, - as i n  

Figure A.1, qyy(r).  i s  found i n  terms of the autocorrelation function of- 

the input +,,(T)  and the weighting function of the system W(r). 



The power s p e c t r a l  d e n s i t y  f u n c t i o n  o f  t h e  ou tpu t ,  Gyy(d), i s  found i n  

terms o f  t h e  f requency response f u n c t i o n  o f  t h e  system, Y ( J u ) .  

F o r  t h e  a u t o c o r r e l a t i o n  f u n c t i o n  o f  t h e  o u t p u t  o f  t h e  system i n  

F i g u r e  A.1, + y y ( ~ )  t h e  ou tpu t  y ( t )  i s  g i ven  by  equa t ion  ( A e l ) ,  

Replace t and r by , r , )  and t ,  &- , r e s p e c t i v e l y  t o  o b t a i n  t h e  t w o  

e q u a t i  ons 

Then 

and 

The mathematical  expec ta t i on  o f  bo th  s i des  o f  equa t ion  (A,8) i s  computed 

averag ing  under t h e  i n t e g r a l  s i g n  i n  t h e  r i gh t - hand  member. Since x j t )  

and y ( t )  a re  s t a t i o n a r y  random processes, 

and 



From equat ion  ( A ,  8), t he  a u t o c s r r e l  a t i  on f u n c t i o n  o f  t h e  output ,  9 ( 1 YY 
i s  

m 

where T = t, - t,, 
The power s p e c t r a l  dens i t y  o f  t h e  ou tpu t  o f  t h e  system, Gyy (u) . 

i s  f rom equat ion  QA,6 )  

S u b s t i t u t i n g  t he  express ion Pound f o r  4 (T) i n  equa t ion  (A,9)  and YY 

rea r rang ing  t h e  terms g i  ves 

- - W ( T ~ ) ~ ~ ~ ' L  d r ,  w ( ~ ~ ) ~ - J ~ " T  d~~ +,,(t)ejot d t  

where a  change o f  var iable ,  % = r - r ,  + r,, occurs an t h e  l a s t  term sf 

equat fon ( A o l O )  Frrsrn equa t ion  (A,6) ,  



and from equat ion (A,3) ,  

Since the  we igh t i ng  f u n c t i o n  takes on on ly  r e a l  values, t he  complex 

conjugate o f  the  frequency b e s p n s e  f u n c t i o n  i s  

S u b s t i t u t i n g  Gxx(w), Y(Ju) ,  and Y (  j w ) *  i n t o  equat ion (A,lO) g ives t h e  

power s p e c t r a l  dens i t y  f u n c t i o n  o f  t he  output,  Gyy(w), 

10, I n  F igure A.1 i t  i s  assumed the  random process i n p u t  and 

ou tpu t  have zero mean, The mean-square va lue o f  t he  ou tpu t  y ( t )  rs f rom 

equat ion (A,9) 

and from equat lon (A,7) 

@yybl z Gyy(w) cos o- d w  

Equat ion (A, 11 1 g ives 

Gyy(m) I Y ( J w )  l2Gxx(w) 



Then 

11. A random process, x l t ) ,  possessing a constant power spec- 

t r a l  density is referred to  as a white noise, For a whf t e  noise, the 

power spectral density function, Gxx(u) = G,/n, a constant. The auto-  

correlation function i s  
X, 

where & ( T I  i s  the impulse funct9on0 



APPENDIX B 

PLOTS OF ATTENUATOR RESPONSES OBTAINE3  

FROM THE D I G I T A L  S IMULAT ION 

Plots of the a t t e n u a t a ~  responses f o r  values of CONT equal to 

0.3, 0,4, 0.5, 0.6, and 0,7 u s i n g  t he  computer control algorithm, 

DBCH = 0.5 x I F I X  ( E S ~ D B  x CONT + S I G N  40,5, E S I D B ) ) ,  i n  t he  d i g i t a l  

simulation a re  shown on the following pages, Various i n i t i a l  a t tenuator  

s e t t i ngs  a r e  used, 
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APPENDIX C 

L I S T I N G  OF THE D I G I T A L  COMPUTER SIMULATION 

OF THE SINGLE CHANNEL 2 5 . 0  

HERTZ 113 OCTAVE SYSTEM 

A l i s t i n g  of the digi ta l  computer simulation of the single 

channel 25,O Hertz 1 /3 octave sys tem i s  shown on the fog 1 owing pages, 

Fortran IV programming language was used, and the simulation was 

performed on the I B M  360 digi ta l  computer. 



C H A I N  PWCGRAM 
101 FGWVAT(5Xo18610o48 
852 F 6 R P A T ~ Z X s d 5 s 8 ~ 3 X e G B 2 0 6 D b  
201  FQWBAT(2F8o4D 
252 FQRMAT(5G1506D 
352 F O W P A B ~ S X p o S K E P 0 ~ 2 X ~ ~ U H M E B ~ l O X ~ o E S ~ Q B a ~ B O X ~ o E S 2 D B 0 w ~ ~ X  

l ~ e R W S D B ~ ~ 1 O X ~ ~ R M S B ~ B 0 ~ 9 X ~ 0 Q O N T 0 ~ 1 B X p 0 A B S E B 8 ~ l O X ~ ~ A T G N a ~  
HMTEGER IBHGllODeSBEP 
RkAC Y B Q Q l ~ t F ~ R B I G ~ B 2 7 D D ~ R A N V E C 0 8 8 0 0 1  
OHHERSICK X T I M E ~ ~ Q Q ~ Q V R M % @ ~ ~ ~ O Q ~  
CCMWCN488kKBRsEoQW9kpEPS 

b oSNpXoCgBoBIWE 
2 oAd10DnLFl20D 
3 ~ T S T ~ P ~ S @ ~ ~ V E C ~ B O O B  
4 Q R M S ~ R W S Q B ~ W M S B  
5 ~ E S L D B ~ E S B R M % Q E S ~ ~ B O E S ~ R H S B R M S B . D E  
6 o D B C H p A T S E B ~ A f G N o A T G U f ~ A W P A B  
7 o R d h S N ~ T I V W P h e R D B s R k a Y S ~ G 8 N T  
8 ~ S V E C ~ ~ O O ~ B ~ E V E G ~ B ~ O ! ~ U S Q ~ R ~ R M ~ E S C S A V ~ S B ~ H D B Q A R H S D B  
9 oRA&SIGeSUMERSoOBMAXoQBHJHwTC 
~ ~ # ~ C N B I B B K B L I H I T ~ N E G ~ ~ ~ R H B E Q N T ~ ~ N ~ C ~ ~  I 

I oNTC3sHIGPpSTEPeVWok89 
EQUIVALENCE (klH3BpJBBGBabRaR3BGD 
Q A B A  RA&VECAlOQO*QoGB 
00 BOO B=lo1O 

b G Q  B$IG[1B,= C 
CC I82 H=lo 1270 

BC2 RBHGf B D  ='COO 
B R E A O  $5~%52oENO=%000 I N . ? A ~ I N ~  L 

kRIBiE (6~101! HWBeHh2 
IF $HNPB BQp18s2 t .  

2 HBIGQBMBD=BN2 
G 0  86 B 

16 CCNUHMUE 
NTD-NEQ 8 

NBP2=MTp+NEO 
MBQ3=NTD%+hEQ 

3.1 R E A C  0 5 ~ 2 5 2 D  BNIsRkb 
HWHHE 46vB01D HNl,RNl 
BF {IRBd 26o2QoB2 

1 2  RBIGUINlD=RN1 
G6 Btc II 

20 CGNTJRUE 
2 1  READ't5o252D HNloRMl 

I F  [INID 3Qo38022 
22 ?f b Zhll=Rhl 

V (  BNB+NEQD=RN% 
V H&B+NT82 8=WN% 
GG TC 21 

30 CGNTBBbUE 
HFfLTDoGBoOB G@ 88 9 1  



IA -- 1 
51 REACR5920BD TIHWBNoRANSN 

BFgTIHRA&D 9 1 ~ 9 B a 5 2  
52 RAMVECBIAI = RANSM 

IA -- IAsB 
Gh3 TC 51 

9 1  CONTINUE 
IblO = HA 
BBHE = 000 
SGM = 000 
TSQR - 6 o C  
R61 ;= Go6 
ESIIDB? = 009 
ES2CE = O a O  
R & S ~ B  = COG 
RMSBDB = C o O  
DBGH 800 
AUGh = 800 
LC = O 
9ICP ==,I . 
D 6  184 H=Ps60 

104 VlI-D = O O Q  
E8  1 C Q  B z B o  B Q Q Q  . 

%C6 SVECRBD = 600  
DC .1Q8 1- lo100 

B O B  BVECBHB = 000 
STEP = 0 
hCBbBaiB=C 
CALL SLCPE 
HRHTE OQo352D ' . 
WRIBEi6ol520 % B E B ~ T H M E ~ E S ~ D B ~ E S ~ B B B R M S ~ ) B ~ R H S B O B ~ A B S E T  

~QY(BICP+SD~COMT 
50 SUEP=SBEP+A 

TIWE = SBEPBH 
CCQbNT=LCGbNT+1 

C 
c DHGHBAC SHPULATICN CF FEEEBACK CONTROL SYSTEM 
C 1 - ,  

C CHARGES IN ATUENUAUGR S E T T I N G S  AWE CALCULATED AT Oo2C4 
C SECCNB HNUERVALSo 

KhT = C C G ~ S T E P Q ~ B B  
IFlKNTbNEoOB GQ TQ 18 

C 
C EWRCW CALGLLABED Q& EBo 

ESBCB = R0&-RWSOB " ' j 

6 
C CONTROLLER LOGIC0 8B  CHANGE IN ATBENUABCW I S  CALCUkAtEDo 

BBCW = 605*BFIXCES1CB@CCNT+SEGN~Oo58ES1CBDB 
Q; 
C ABBENUATOW SETTING HN 08 

ATSET = AU%ET+DBCM 



C 
C RAMGOk SHGBAL I N P U T  80 ATTENUATQW F W Q W  k A V E  SHABER 

PKU = M C E ~ S T E P B B W Q )  
B F I P K T o h E o C ~  L K T  = F K T  
H F A P K T o E C ~ O D  L K T  = HNQ 

c 
C ATTERUATCR CUTPUT o 

RAMS16 = R A h V E C 0 L K B l  
A B G b T  = W A ~ S H G * A ~ G N  

C 
C ALL ABBENUATOW OUTPUTS ARE SUMWED* ANC PUT THROUGH AN 
C CMERAhL APBLHFIEW A h C  ATBENUATQWo T h 1 S  SETS AN GVERALL  
C SYSTEM G A H h o  

AMPAT = ATCUT*108GCCCCo6 
C 
G SHWULATICh CF 183 CCTAVE F I L T E R  C 2 5  P P  CENTER F R E Q o  B 

CALL  D C I T l V D  
6 
G WMS VALUE QAkCUkABEEo 250 SBMBBE$ USEEo BEN SAhPLES A T  
C A THPEo J 

RR' = HCCESTEPD250 B 
BF lhRoNEoGB MRsNW 
HFtRRoECaCD &W - 250  1 ,  

B F $ S $ E P o G E o B ~ o ~ ~ C o S T E P O L E o 2 5 0 D  CT = T I M E l H  
B F t S B E P o L B o 1 Q ~ Q W , S T E P ~ 6 K o 2 5 G D  GT Z= 25Co6 
KA = &CGt$TEPgPOD 
BF(KBoNEoGD KO = M A  
% F ( K A o E C o Q B  K O  = 10 
KGb -- M R / 1 6  
X = VRHBGP*50@@2 , 
BSQW = TSCRsX /-' 

H F g K C o k E a 1 0 0  GC BC 19 _ /' 
/ 
1 

W M  = RP + USOW-BVECBKQBB ,,/ , 
/ BVEGQKCCD = TSOR /-' 

R R S  = SCRTURWBCBD ,-' 

C 
/' 

/ 

C RWS VQLbE IN LIB CWLCUBAUECo 
E F L R H S o G U o b B o ~ ~  RMSCB = 2 C o C ~ A L 0 6 1 0 B R W S D  
BSCR = C,<C 

19 CC~BHI?;;~E 
C 
C .Kf'iS VALUE CALCUkABECo256 SARPLES USEDo CNE SAWPLE AT 
C A TBVE, 

/' 
SCP SCP+X?SVECIMWD 

4 S V E C [ k R b  - M 



W M S B  = SQRK[SOM/CUD 
6 
C BPS VALLE Bh DB CACCULABECo 

IFRHPS1oGToBBoQ8 RHSlCB = 2OoQ*ALQGBO[WHS1B 
C 

BFAkGGUNBohEoMMRBBED GO 86 60 
k R H U E 6 6 ~ 1 5 6 D  S B E P ~ U I M E ~ E S ~ C E ~ E S ~ D B ~ R H S D ~ ~ Q R H S ~ O B Q B ~ T ~ E T  

BoV[IICP+SDoCONT 
bCOUNB=G 

60 GGNBIIHUE 
IFBLKUohEoIAD G Q  BC 5 0  
LUD = kT@+l 
H F ~ L U C a E Q o B D  GO TO 5C 

36C STOP 
EdD 
SUBPCUTKhE S L Q P E  
INTEGER IBIGI1BDoSBEB 

h f C R t J A T ( 2 C A 4  B 
R E A L  V t b ~ D e L f f ~ W B I G ~ 1 2 f O D o R A h V E G f f 1 0 0 8 D  
C G P P C N ~ R B L K ~ R Q E ~ Q M ~ ~ D E P S  

B nSN8XoGoBoBHME 
2 nAAlODokF4200 
3 oTSBOPoSCMoVECtBGCB 
68 oRCSoRM$DB,RHSB 
5 ~ E S B C B ~ E S ~ R V S Q E S ~ C ~ O E S ~ R H S Q R H S I $ ~ ~ B  
6 ~ O ~ ~ H ~ A T S E T Q A B G N ~ A B C U U Q A W P A U  
7 oRBhSNoBTVRBhoRDBoRWBySgCQNB 
8 ~ S V E C R ~ Q O O D ~ E V E C ~ ~ C O ~ Q U S O R ~ W W ~ E S D B A V ~ S U ~ ~ ~ E B ~ A R ~ S O ~  
9 ~ R A ~ S X G ~ S W M E W S ~ D B M Q X ~ Q B W H % ~ ~ D T C  
CQHVCNBBBLKBLIVHT9hECoNkRBUEoNTEpNTE2 

1 Q & T C ~ ~ H I C P ~ S B E P ~ V R ~ L ~ ~  
EQUIVALENCE 0LINHBoIBIGBobRoRBIGg 
R E U b R N  
ENTRY RHSfVD 

C 
C URAhSFEW FbhCTIDN QF 1/23 OCTAVE FILTER kIBH CENTER 
C FREQUENCY CF 2 5 o C  MEWBZo 1 

kFg1% = Yl20 \ 

LFQkD = - ~ ~ ~ ~ * Y ~ ~ D - A B ~ D B Y ( B B Q ~ U ~ B @ A H P A B  
LFl3D = Yl4D 
C F g 4 U  = -A~4D*V%4D-A~3D*Yl3D+AA8D*Yf2) 
LFB5D - YA6D 
QFg6D = - A ' 6 6 D * Y Q B B D - P Q 5 D * Y B 5 D + A % 9 D * V t 4 B  ( 

RETURM 
END 
SUBRCUBINE EOITOVD 
IhTEGEW X E B G 0 9 0 D o S T E P  
REAL Y ~ ~ ~ D ~ L F ~ R B I G ~ ~ ~ ~ ~ D B W A N V E C A B O O ~ D  
COHMCNBRBkKiReEoQMoHoEPS 

8. ~ S N ~ X Q C W B Q T H R E  
2 hAlPODokFl288 




