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Colors of Noise

Signals can be represented in the frequency domain by a power spectrum, where power is
proportional to amplitude squared.

The spectrum coordinates can be represented in terms of a constant bandwidth, such asa5 Hz
increment. Asan aternative, the spectrum can be represented in terms of a proportional
bandwidth, such as octave bands.

Two random signals of particular interest are white noise and pink noise.

White noiseis arandom signal which has a constant power spectrum for a constant frequency
bandwidth. It isthus analogous to white light, which is composed of a continuous spectrum of
colors.

Pink noiseis arandom signal which has a constant power spectrum for each octave band. This
noiseis called pink because the low frequency or “red” end of the spectrum is emphasized. Pink
noise is used in acoustics to measure the frequency response of an audio system in a particular
room. It can thus be used to calibrate a graphic equalizer.

A pink noise power spectrum plotted with respect to a constant bandwidth would have a 3-
dB/octave roll-off. Thisisequivalent to a slope of —1 on a power spectrum plot in log-log
format.

A pink noise power spectrum is thus proportional to 1/f, where f isthe frequency. Again, power
is proportional to the amplitude squared. The pink noise amplitude must thus be proportional to
1/sgrt(f). Notethat each of these casesis equivalent to a 3 dB/octave roll-off.

A pink noise signal can thus be obtained by lowpass filtering white noise, where the filter hasa 3
dB/octave roll-off.

Thee purpose of thisreport isto present methods for implementing thisfilter. The frequency
domain of concern is the audio domain, which extends to 20 kHz.

Convolution Integral

A convolution integral method is given in Appendix A. The convolution integral can be
converted to a series for digital datainput. This method israther inefficient, however, for digital
computation.



Unfortunately, the convolution integral for a pink noise filter does not have a corresponding
analog circuit. An approximate approach isrequired.

Analog Filter Circuit

A schematic of a lowpass filter with an approximate 3 dB/octave roll-off is shown in Figure 1
and by thevaluesin Table 1. The schematic istaken from Reference 1. The transfer function
involves cascading several stages so that the zeros of one stage partially cancel the poles of the

next.
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Figure 1. Analog Filter Circuit with 3 dB/octave Roll-off

Table 1.

Analog Filter Circuit
Component | Value

RO 5.6 kW
R1 2.7 KW
R2 820 W
R3 2710 W
R4 0
Cl 1.0 nF
C2 0.316 n
C3 0.1 nF
c4 0.05 nF

Thecircuit in Figure 1 is offered as an empirical approach.



The resulting transfer magnitude is given in equation 1. The coefficients aregiven in Table2. A

derivation of the transfer function is given in Appendix B.

Aps* +B.s® +C.s% +Dys+Ep,

His) =

Y Ags? +Bys® +Cys? + Dgs+Ey
Table 2.
Transfer Function Coefficients
Coefficient | Value
An 0
Bn 1.19556e+016
Cn 4.933672e+020
Dn 1.889949e+024
En 6.329114e+026
Ad 3.347568e+012
Bd 5.045112e+017
Cd 6.139691e+021
Dd 7.085899e+024
Ed 6.329114e+026

(1)

Thetransfer magnitude is plotted in Figure 1. The audio frequency domain is represented, up to

20 kHz. Thetransfer magnitude has an approximate roll-off of 3 dB/octave.
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Figure1l. Anaog Circuit Transfer Function
Conclusion

The purpose of this report was to determine afilter with a 3 dB/octave roll-off. Thisfilter would
allow white noise to be transformed to pink noise.

The convolution integral approach was briefly considered. A passive analog circuit was also
considered.

A particular goal of the analysis was to derive an equivalent digital recursive filtering
relationship to represent the transfer function of the analog circuit. Therecursivereationship is
desired for computational efficiency.

A relationship was derived, as shown in Appendix B. The accuracy of the algorithm is sensitive
to the sampling rate, however. A minimum sampling rate of 1 million samples per second is
required to obtain a reasonably accurate result. Thisrate was determined by a trial-and-error
process. Theintermediate results are omitted for brevity.

Further effort is required to obtain a more robust recursive relationship.



An additional method would be to manipulate the Fourier transform of the input signal. This
method was not considered in this report, but may be considered in a future revision.
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APPENDIX A

Convolution Approach

The Laplace transform

1
Jst+a

has an inverse transform of

F(s) = (A-1)

F(t) = —— expl|- at] (A-2)

ot

Theinverseistaken from Reference 2.
Equation (A-2) is thus the impul se response function for a pink noisefilter.

Assume a transfer function of

w

H(s) = (A-1)

Thistransfer function is lowpass filter with aroll-off of approximately 3 dB/octave. The
constant in the denominator is used to avoid a discontinuity at s equal to zero.

The impulse response function is found using equation (A-2).

() = —— expl- 8p1] (A-2)

ot

Let x(t) be awhite noise time history. The pink noise time history y(t) can be calculated via a
convolution integral.

y(t) = éﬁ(t - t)x(t)dt (A-3)



The equivalent series form for digital data with a constant samplerateis

n ~
Yn=a [h(tn - ti) X, Dt] (A-4)
i=0

By substitution,

n-1¢ 3 u
Yn = e6———=exp|- 8plt, - ti )| x;i Dty (A-5)
n SO ém [ (n |)] i ;

The upper limit is changed to n-1 to avoid a discontinuity.

Equation (A-5) isvery inefficient to calculate, however. Unfortunately, it does not appear to be
adaptable to arecursiveform. Consider atime serieswith 10,000 points. Equation (A-5) shows
there would be 50 million series addition steps alone. The number of operations increases
greatly when the evaluation of the square root function, the evaluation of the exponential
function, and the associated multiplication steps are included.

A computer program for solving equation (A-5) isgiven below. Itiswrittenin C. Theinput file
must be called a.in. 1t must have two columns. time and amplitude. The output fileis called
a.out. The output will be pink noise if the input iswhite noise. A white noise program is given
in Appendix C.

#include <math.h>
#include <string.h>
#include <stdio.h>
#include <stdlib.h>
#define MAX 40000
longi,j,last;

const double pi=atan2(0.,-1.);
const double eightpi=8.*pi;

doublet[MAX],aMAX];
double dt,tt,x;

char filename{4][10];
FILE *pFile[4];

void main()

{



strepy(filename[ 0] ,"ain);
strepy(filenamef1],"a.out");

pFile[O]=fopen(filename[Q],"rb");
pFile[ 1]=fopen(filename[ 1],"w");

i=0;

while( fscanf(pFile[0]," %4l f %6If",&1[i],&2[i])>0)
{

}
|last=i;

i++;

if(last > 2)

{
dt=(t[last-1]-t[0])/(double(l ast-1));

for(i=0; i < lagt; i++)
{
x=0.;

for(j=0; j <i; j++)
{
tt=(i-j)*dt;
x+=(&[j]* exp(-eightpi* tt))/sart(pi*tt);
}
X*=3.*dt;

fprintf(pFile1],"%14.7e %14.7e\n" t[i] x);



APPENDIX B

Derivation of Recursive Relationship

Thecircuit in Figure 1 can be represented in terms of impedance el ements as shown in Figure

B-1and in Table B-1. Theimpedance terms are a function of the Laplace variable s.

Vin

Figure B-1. Filter Circuit with Impedance Elements

Note that
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Table B-1.
Impedance Values
Element Value Alternate
Form
Z1 Rl‘f‘i 3.:|_‘f'b:|_E
Cis S
Z3 R2 ‘f‘i a ‘f'bzE
Css S
Z3 R3 ‘f‘i 3.3‘*‘b3E
Css S
1 1
Z4 Ry+—— | ag+by=
4 Cus 47 P4
aj = R|
bi=1/Cj

® Vout



The circuit can be further smplified as shown in Figure B-2.
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Figure B-2. Equivalent Circuit

The equivalent impedance term is calculated as follows.

Jeq = 2,257:74
212223 + 212224 + 212324 + 222324

The numerator term is represented as follows.

_é b1ué 4u
LN e A O e

21252374 e §a18+ by [laps +boJlags+ba]lags +by]
&
21252374 = és%% 1a2s” +[aiba +agby]s+bibo Hags +baflags +ba]
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(B-1)

(B-2)

(B-3)

(B-4)

(B-5)



2122723724

€1 Us
= 6 (Eapags” +[aqabg + ajaghy + aaghns” + [aabobg + agbibg + aghib]s + bibobsy
es™
[ags+ by]
(B-6)
21222324 =
é1 ti 4 3]
8?6313233345 + [agapagb, + agagaghs + aagagh, + ayagagby]s
+ %ﬂ[a1a2b3b4 + a1a3b2b4 + a1a4b2b3 + a2a3b1b4 + a2a4b1b3 + a3a4b1b2]52]
&s* U
élu
+ ggl’tﬂblbzba% + bybobgag + bibgbsay +bobabsay|s+ bibobaby]
(B-7)
Next, each of the denominator terms is cal cul ated.
2172273 = @& + 2 +—= ba e %3 + EU (B-8)
ga S 'L"Sa S u
71273 = & 54 Hals +b1Jlags+boJlags+b3] (B-9)
6s°0
212273 =

&1 U ‘
%3%1323383 +[agaghs + ajagby + apagby|s® +[agbobg + agbibz + agbyhp]s + bjbob3y
€es

(B-10)
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217974 =

Lk 3 + [aanhy +aqagby + |52 + [aqboby + agbyby + agbybo]s+ bbby Y
g—33é1aza4$ aqaghy +aja4bp +azagy|s” +|aboby +aghybg +agbib]s+bibzbs 4
es

(B-11)
717374 =
zse%ﬂlzalasMs +[agagby + araabg + agaby s + [aghgby + agbyby + agbybg)s+ b1b3b4[§|
(B-12)
2272374 =
g:- 1

Egazasfms +[agagha + agagbz + agaaby]s? +[aghgbs + agbobs + agbobg]s+ bobgba

%‘I

(B-13)
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The complete denominator is thus

2179723+ 212277+ 212324+ 2223724 =
e—ﬁalazas +agapay + ajagay + apagag)ss
eS 0]

7
e—Halazbs +agaghp +apaghy +ajaphy +ajaghy +agagby|s
u

N (D> D
EBwH

{enagba + anagbs + agaghy + apaghy + agaghs + agaghos?

Fro
oo o

{biboag +bibzap + bobzay + bibpag +bibgap +bobgay]s

+
> (D
B2
oo

{b1b3ag +bibgaz + babgay +bobsag + bobgag +bzbsas]s

+
> (D
B2
oo

b1bob3 + biboby + bibgbg + bpbgby]

+
> (D
B2
oo

The voltage transfer function is

Vout _  Zeq
Vin  Rp+Zeq
_Zn
~zd

Zn = 21222324

Zd = 217573 + 217574 + 21737 4 + Z5Z3Z4
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(B-15)

(B-16)

(B-17)

(B-18)



Zn
Vout _  7z(d

: (B-19)
Vin Ro+@
Zd
Vout Zn
o= (B-20)
Vin  RpZd+2Zn
Vout
Vin
2129723724
Rolz1Z2223+ 212024 +212324+ 2292324+ 21222324
(B-21)

Multiply the left-hand side by

tn

| %

Vout
Vin
Z 4
1222324 S
Rolz1Z22Z3+ 212924 + 212324+ 222324 + 21222324 s*
(B-22)
Vout _Vn
Vout _ Vn (B-23)
Vin vd

Vn = 2,Z,7374s" (B-24)
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Vn =
[611612613614S4 +[agapaghy +agapaghs + aagash, + apagaghy] 53]
+ [[alazb3b4 + 31830704 + 89840203 + azaghyby +azaybybs + a3a4b1b2]sz]

+ [[ogbobgay + bibobgag + bibgbaas + bobgbaay|s + bybobgby]

vn=As*+B,s3+C.s?+D,s+E,

A = aay853,

By, = [agapaghy + aaza4b3 +a4agaby + apagaghy]

Cpy = [agaghgby +agaghyby + arasbybs +azaghyby +aaghybs + agabyby]
Dy, = [bybobzay +bibybaag + bibgbsas +bobsbyay]

En = bibobsby

Vd = Ry[Z4Z5Z5+ Z1ZpZ4 + 21757 4 + ZpZ3Z 4™ + 2175737 45*
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(B-25)

(B-26)

(B-27)
(B-28)
(B-29)
(B-30)

(B-31)

(B-32)



vd =
[aqapag + agaas + aagay +agagas|Ro s*

+[aqagh +aqaghy +apaghy +ajaghy +agaghy +azasby|Ro s’
+[aqaghy +agagbs +agagby +agaghy +agagbs +agasbp]Ro s>

+[bbgag + bibgap + bpbgay +biboas +bibaan +bobaagRq s>
+[bibgag + bibaag + babaay +bobgas +bobaag +bgbaaz]Ro s

+[b1bob3 + biboby + bibabs +bobsba]Rgs

+ é%llaza3a4s4 +[agapagby +ajapashs +ajazaghy +apazashy | 538
+ ga1a2b3b4 +ajagboby +ajaghobz +azagbibg +apaghibz + a3a4b1b2]828
+[[bybobzag + bibobsaz +bibgbgap +bobsbaar]s+bibobzba]
(B-33)
Vd = Ags? +Bys® + Cys? + Dgs+ Eg (B-34)

Aq = agagagay + [agapag + aganay + a1agay + 83384 Ro (B-35)
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Bg =
[a1a0a3b4 +agapaghs +ajagaghy +agazaghy]
+[agaphs +ajaghy +agaghy +ajaghy +agaghy +agagby +|Ro

+[aqagbyg +ajashs +azagby +apazby +apaghs +azash2]Rg

(B-36)
Cq =
[agapbgby +ajaghoby +ajagbobz +agagbibyg +agagbibz +agagbiby]
+[bibpag +bibzap +bobzag +bibpag +bibgan +bobgag|Rg
+[bibgag + bibgag + babgag +babzag +bobsaz +bzbgaz]Ro
(B-37)
Dg =
+[bibobgay + bybybgag + bybgbgay +bobgbsay]
[b1bob3 + byboby + bybgby + bobaby]Rg
(B-39)

Ed = b1b2b3b4 (B-39)
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The values from Tables 1 and B-1 are given in Table B-2 for the resistors and in Table B-3 for

the capacitors.

Table B-2. Resistor Terms

Term

Value (W)

5600

2700

820

270

RIBIRBRE

0

Table B-3. Inverse Capacitor Terms

Term Vaue (VF) Equivalent
Value (1/F)

Bl 1/[1e-06] 1et+06

B2 1/[0.316e-06] 3.165e+06

B3 1/[0.1e-06] 1e+07

B4 1/[0.05e-06] 2e+07

The constant terms are given in Table B-4.

Table B-4. Constant Terms

Term Vaue

An 0
Bn 1.19556e+016
Cn 4.933672e+020
Dn 1.889949e+024
En 6.329114e+026
Ad 3.347568e+012
Bd 5.045112e+017
Cd 6.139691e+021
Dd 7.085899e+024
Ed 6.329114e+026

Thetransfer function is

Vout _ Ans4 + an3 + Cns2 +Dps+Ej,

Vin

AdS4 + Bd53 + CdS2 + DdS+ Ed

18
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Since An=0, the transfer function can be simplified as

Vout _ an3 + Cn52 +Dps+Ep
Vin AdS4 + BdS3 + CdSZ + DdS+ Ed

The polynomial terms can be scaled as follows.

‘. 3 éC U, éD U éE,0 U
STt te Ste 0 ]
Vout |B_UI €Bnd éBna EBna T
Vin |Ad%| 4, §Bals, €Calo  €DgY 6Eq 0
| eAdu éAd eAdu éAd bp

3 3,0 24D cakF

Vout_{A }1 s°+C,s"+Dst+E, #

Wil g 2 3,22, A = Y

Vin fs"+Bgs’ +Cys” + Dgs+Egh
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The scaled constant terms are given in Table B-5.

Convert the transfer function to the following form.

Table B-5. Scaled Constant Terms

Formula Value

A~ ﬁ 3571.429
n Ad

-~ _C, 41266.62
Ch=—
Bn

~ _Dp 1.580807e+008
D, =—
Bn

~ _E, 5.293849e+010
E,=—"
Bn

~ _ By 150709.8
By =—
Ag

-~ _Cy 1.834075e+009
Cq=—
Ag

~ Dy 2.11673e+012
Dyg=—
Ag

~ _ Ey 1.89066e+014
Eq=—
Ag

Vin

o= {a
- n

(S' al)(S' az)(S' a3)

l;l

 (5- by)ls- by)(s- bs)(s- b4)?é

(B-52)

Theaphaterms arethe poles. The betaterms arethe zeros. Each betaterm must be less than
zero to ensure stability.

For simplicity, set A, =1 in equation (B-52). The output signal can be scaled to give a desired

standard deviation by applying the appropriate scale factor.

The poles and zeros are found via the Newton-Raphson method. The results are shown in Table

B-6.
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Table B-6. Polesand Zeros
Term Value

aj -.370370E+03

ao -.385922E+04

as -.370370E+05

b, -.974889E+02

by -.118037E+04

b3 -.119508E+05

by -.137481E+06

The polynomial is expanded into partial fractions.

I (s~ ag)(s- az)(s aa) U_ P I 3 | 4 i
1o b~ bo)s- ba)s- bl - ) o) 6 ) (529

(s- ag)s- ap)(s- ag)=

(B-54)

(S' al)( 2 (az+aa)5+azaa)=
10S- by
(s- by
( -
( -

5% - (b3 +by)s+bgby
s”- (b3 +by)s+bsby
s°- (bp +by)s+boby
s° - (bp +bg)s+bobg

+
N

+

w
(2]
o

=

~— Nt )
N

+
N
w
i<

(B-55)
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s°- (ag +ap +ag)s® +(aa, +asag +ajag)s- ajaag =
+ 1[53 - (b2 +bg +g)s + (bog +bgby +boy)s- b2b3b4]
+15|8%- (by +bg +by)s” + (byog +byby + bgby)s- b1b3b4]

+13(8°- (by +bp +y)s” + (b +bohy +byby)s- b1bzb4]

+1 4|~ (by +bp +b3)s” + (bgby +bobg +bybs)s- b1b2b3]

(B-56)
°- (a+ap +ag)s® +(ajap +ajsag +ajag)s- ajazag =
o+l p 41 541 ]S
- [1 1(bp +bg +ba)+1 5(by +bg +bg)+1 3lby +by +bg) +1 4(0y +by +b3)| °
+[1 1(boz +bgby +boby) +1 H(bibg +bibg +bgbs)|s
+[1 3(bgoy + by +bybg) +1 4(biby +bobs +bibs)] s
- [1 dogbgbg +1 Jbgbgby +1 Fogboby +1 Jogbobs]
(B-57)
[+l o+l 3+l 4 =1 (B-58)
| 1(by +bg+by)+1 by +bz+by)+1 3(by +by +by) +1 4(by +by +b3)=a; +a, +ag
(B-59)
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[1 (023 +bgbyg +hbg) +1 H(bybg +byby +bgoy)]
+[1 3(bdby +bobyg +biby)+1 4(ogby +bobs +bibs)] = aja; +ajsag +asas

(B-60)
[| d0obgbs +1 bbby +1 goiboby +1 4bybbs] = ajasag (B-61)

Equations B-58 through B-60 can be solved through symbolic algebraic manipul ation.
Nevertheless, adirect numerical substitution approach isused in thisanalysis. The lambdaterms
are then found via Gaussian eimination. The results are shown in Table B-7.

Table B-7.
Term Value
I 4 2.1502912E-02
l 5 4.8943068E-02
| 3 1.4668036E-01
| 4 7.8287367E-01

The partial fraction expansion is thus complete.
Now consider a generic transfer function.

Hy(S) = L (B-62)

(s- b)
The impulse response function is
hg(t)=1 exp(bt) (B-63)
Again, b <0 for stability.

The Z-transform from Reference 4 is

He(2) = ¢z (B-64)

0
&z- exp(bT)y

T isthe time increment.
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The transfer function can be represented by a series of a,, and Bn coefficients as follows

bo +blz'1+-..+ bLz'L

Hy(2) = (B-65)

1+3z t+.+a 2t

The coefficients are constants which determine the system response. Note the H(z) defines the
direct form transfer function for an Lth-order, linear, time-invariant digital system.

Reference 3 gives the time domain equivalent of H(z) as

i Byl i
Yk =1 @ bnXk- n)t'()' [ & anYk-ny (B-66)

Let L=1. Thefirst-order, generic transfer function is

Hg(2) = Bo’i—f’lil (B-67)
1+ayz
Multiply through by z.
Hg(2) = Bgi—;fl (B-68)
A comparison of equations (B-68) and (B-64) yields
bg = (B-69)
by =0 (B-70)
8, = - exp(bT) (B-71)
Hg(2) = _lz (B-72)
z- exp(bT)
Thefirst-order form of equation (B-66) is
Yk =boXy +biXy-1- a1yk-1 (B-73)
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By substitution,

i =1 X +expbT)yy- 1 (B-74)

Thetransfer function in equation (B-53) can now be applied in the form of a parallel connection
of four filters, as shown in Figure B-1. Notethat a similar diagram is given in Reference 5.

—| Hi@

| nput 3| Ho(2)
Output

] H3(®@

Figure B-1.
The individual transfer functions are

|1Z

M= elbT)

(B-72)
Ho(2) =—5—— (B-72)

H3(2) = 27~ exploaT) (B-72)

Hy(2) = ——— (B-72)
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The corresponding recursive equations are

y1j = 1xj +expbiT)yj.1 (B-74)
y2,; =1 2Xj +exp(b,T)yj-1 (B-74)
y3j =1 3xj+explosT)yj-1 (B-74)
yaj=| axj+exposT)yj-1 (B-74)

Recall that the beta terms are given in Table B-6 and that the lambda terms are given in Table B-
1.

Thefinal time seriesis summed after the completion of the individual recursive equations.

Yi=VY1jtY2jtYsjtYa (B-75)

A practical difficulty, however, isthat a sample rate of 1 million samples per second is required

for areasonable accurate 3 dB/octave roll-off. Recall that this approach was based on an analog
circuit. The high sample rateisrequired to force the digital signal to behave as an approximate

analog signal.

Example

A white noise signal was generated with a duration of 2 seconds and a sampling rate of 1 million
samples per seconds. The white noise signal was then passed through the digital filter shown in
equation (B-75).

The resulting pink noise signal is shown along with the white noise signal in Figure B-2. Note
that only 0.05 seconds are shown. Also, note that each signal is scaled to have a standard
deviation of 1.

The power spectral density of the pink noise signal is shown in Figure B-3. The calculation was
made for the entire 2 seconds. Theroll-off is approximately 3 dB/octave.

The power spectrum of the pink noise signal as a function of one-third octave bandsis given in
Figure B-4. The amplitude remains reasonably constant, as expected. The dataisshown in
terms of bars, although it could have been represented in terms of a piecewise continuous curve.
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PINK AND WHITE NOISE SIGNALS.
EACH SIGNAL IS NORMALIZED TO HAVE A STANDARD DEVIATION OF 1.

25 - ' - - ' - - ' 15
Top signal is pink noise (right-scale).

20 Bottom signal is white noise (left-scale). 110

15 ¢ 15

-10 ¢ 1-20
-15 -25
0 0.01 0.02 0.03 0.04 0.05
TIME (SEC)

Figure B-2.
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AMPLITUDE2/ Hz

POWER SPECTRAL DENSITY OF PINK NOISE

10 100 1000 10000 20K
FREQUENCY (Hz)

Figure B-3.
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POWER SPECTRUM OF PINK NOISE ONE-THIRD OCTAVE BANDS

0.001 units
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APPENDIX C

The following program generates a white noise signal. The white noise has a Gaussian
probability density function.

#i ncl ude <mat h. h>

#i ncl ude <string. h>
#i ncl ude <stdi o. h>
#i ncl ude <stdlib. h>

#defi ne MAX 1200000
voi d gauss(void);
long i,j,np;

doubl e a[ MAX], aq, ave, del t a, dt, ns, sdg, sr, ss, stddev, t, t max, var, X, VY, z;
doubl e b[ 1000], suni 1000] ;

const doubl e pi=atan2(0.,-1.);
const double e=1./sqrt(2.*pi);
const doubl e max=32767. ;

char filenane[2][16];
FILE *pFil e[ 2];

void main()
{
printf("\n ");
printf("\n white.cpp \'n");
printf("\'n by TomIrvine");
printf("\n Email: tomrvine@uol.com");
printf("\n ");
printf("\n This program generates a white noise tine history.

strcpy(filenane[0],"a.out");
pFi | e[ O] =f open(fil ename[ 0], "W");

printf("\n Enter sanpling rate (sanple/seconds): \n");
scanf ("% f", &sr);

dt=1./sr;

printf("\n Enter duration (sec): \n");
scanf ("% f", & max) ;

printf("\n Enter standard deviation: \n");
scanf ("% f", &dg);
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np=Il ong(t max/dt);
if(np > MAX) {np=MAX }
printf("\n np= %d", np);
if( np>2)

/1 The gauss function determ nes the probability for
/1 each Nsigma val ue.

gauss();

ave = 0.
ms = 0.;

for(i=0; i<np; i++)

x=rand()/ max;
a[i]=0.;

for(j=1; j<= 599; j++)

11 X is a probability value. 0 <x <1

if( x > sunfj] & x <= sunij+1] )
{

/1 a = Nsigma val ue which corresponds to probability x.
ali]=b[j];
br eak;
}
}
/1 50% of the anplitude points are nmultiplied by -1.

y=rand()/ max;
if(y <= 0.5){a[i]*=-1;}
avet+=al[i];

ms+=pow(ali], 2.);
}

ave/ =doubl e(np) ;
nms/ =doubl e( np) ;

var =ns- pow ave, 2. );
st ddev=sqgrt (fabs(var));
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Il

print the output file

for(i=0; i<np; i++)
{
t=dt*i;
a[i]=(a[i]-ave)*(sdg/stddev);
fprintf(pFile[0],"%4.7e %d4.7e \n",t,a[i]);

printf("\n\n The output file is: a.out ");
printf("\n\n This file has two colums: tinme(sec) and

anpl i tude.");

printf("\n Please call this file into your ow plotting

program\n\n");

}

}
fclose(pFile[0]);

voi d gauss(voi d)

{

/*

*/

strcpy(fil enane[ 1], "gauss. out");
pFi |l e[ 1] =f open(fil ename[ 1], "W");

b[j] is a standard deviation. The maximumDb[j] is six sigm.
sunfj] is the area under the Gaussian curve fromO to b[j].
doubl e ab;
for( j=1,j<=600;j ++)
b[j]=j/100.;
ab=-b[j];
ss=0. ;
del ta=(b[j]-ab)/1000.
for( i=0; i<=1000; i ++)

z=(delta*i) +ab
ss+=exp( ( -powmz,2.) )/2.);

}
sunfj]=ss*e*delta;
agq=1.-sunij];

fprintf(pFile[l]," %4.7e %4.7e %4.7e

\n",b[j],sunj],aq);

}
fclose(pFile1]);
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