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I INTRODUCTION

This manual describes the design and use of soft''vare silnulators for narrow-band IIF channels, and for
thc robust modcm spccified in FED-STD-1045 and MIL-STD-IE8-I4IA. This softrrare was developed
by Johnson Research undcr the sponsorship of the Institute fo,r Telecommunication Sciences, National
Telecommunications and Information Administration, U.S. Department of Commerce, Boulder,
Colorado. The initial work leading to the development of thesc simulators was sponsored by the U.S.

Army Information Systems Engineering Command, Ft. Huachuca, Arizona.
Several app'roachcs are often available to evaluate the potential performance of technical systems,

including analytical (mathematical) models, simulations, and measurement of real systems. Of.these, a

mathematical model is usually the most powerful, in thc sensc that it is the fastest to evaluate, and

thercfore allows thc widest rangc of design choices to bc compared within a given p€riod of time. The
principal drawback of mathematical models is that thc simplifying assumptions that must be made to
allow solution of the model in closed form often rcstrict the rangc of applicability of the model, and may
only approximately predict the performance of even the simplest real systems.

The most accurate technique for performance prediction is, of coursc, to build exactly the system of
interest, and to measure its performancc over the range of imponant situations. The difficulties in this
approach are also obvious: first, it is usually economically impractical to construct all of the interesting
variations on a design, especially when operating on a tight schedule; second, it may be impossible to
produce the dcsired operating conditions on dcmand (e.g., to control the ionosph€re to test ftr systems).

Simulation techniques fall benreen the purely theoretical and the purely empirical approaches: they
use mathematical modcls whcnever such models are available, but do not require that closcd form
solutions exisq this permits thc usc of models with fewer simplifying assumptions, giving at least the
possibility of more accuratc results. Whcn the system to bc simulated is modeled in software, the design

paramcters of thc system arc usually casy to change, which permits simulations to evaluate a wider
range of choiccs than the purcly empirical approach of building each differcnt design. Thus, simulation
often strikes an dtractive balancc of accuracy, flexibility and spced.

Evaluators of tIF modems and protocols havc often used hardware "channel simulators" which
embody thc well-known Wancrson model of narow-band skywave propagationl. These simulators

allow the evaluator to select thrce important ionospheric propagation characrcristics - SI{R, multipath
delay, and fading bandwidth - and to maintain the chosen channcl characteristics for the duration of a
test. Thcse channel simulators also posscss the essential attribute of repeatability, which allows results

to be reproduced and later rcsts to be pcrformed under the same cxpcrimcntal conditions.

I Watterson, et al., "Experimental Confirmation of an HF Channel Model," IEEE Transactions on Communication
Techrclogy, (COM-lt) 6, pp. 792-803, December 1970.



The essential distinction between these hardware simulators and the sofrware simulators described

here is that a software "channel simulator" can bc combined with software simulations of modems,
protocols, and so on much more easily than can a hardware simulator: combining hardware and

softrvare simulators would requirc A/D and D/A converten and the sofnparc to drive them, while a
purely software approach connects the various simulators togethcr in the link edit phase of compilation.
Another benefit of the software approach is that simulations can bc run on neady any computer without
the need to interact with a hardware simulator in real time. Finally, thc most obvious benefit of a
software simulator is that the costly hardware simulator itself is not necdcd.

The simulators described here arp found at the lowest levels of a stack of simulators organized to
correspond with the ISO model, as scen in Figrue l. These simulators are spccifically oriented to the
standard ALE waveform, but can be modified to accommodate other waveforms in a straightforward
manner. The modcm simulator converts tri-bits (integers from 0 to 7, inclusive) into v@tors of complex
numbcrs (representing the sclected FSK tones) to be transmined through thc tIF channel by the channel
simulator modulc. The dernodulaordctermines its output tri-bits by couryarison of each rcceived vector
with a set of tcmplatcs, onc per FSK tone.

Both the modem simulator and the HF channel simulator are provided as independently-compilable
modules, with functional interfaces to the main routine in the simulator. This main routine will usually
providc the user interface, acquire the parameters needed for each simulation run, call the initialization
routines in the modules, and then run thc requested simulation(s). As an example of the use of these

modules, we prescnt and discuss a BER simulaor. i i

Thc dcsign and implemcnntion of thc simulator modules discusscd hcre were guided by thc often
conflicting goals of speed, clarity, and ponability. Within inner loops, the code is sometimes a bit
crlrytic in order to save time becausc thcse instnuctions account for significant fractions of the total
execution timc. Elscwherc thc coding style is more transparcnt, and comments arc included throughout.
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Figure l: Simulator Stack
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2 W CHANNEL SMULATOR

The tIF channel simulator described here includes two equal-weight fading paths, and implements
Watterson's modcl as follows:

1. Additive noise is generated with a Rayleigh amplitude distribution and a uniform phasc

distribution.

2. The second path is delayed from the main path by a fixed delay line. The delay may bc a
non-intcgral number of taps, in which case the output is obtained by interpolation.

3. Four independent fading gain processes are used for the in-phase and quadrature
components of the direct and delayed paths. These processes have Gaussian amplitude
distributions and Gaussian power spectra.

Each of thesc points is discussed in detail in the paragraph on the relevant functions bclow.

2.2 Data Stmctures

A few constants and data types and one external variable are defined in a header file hfdef . h, which
are used by both the tIF channel simulator and the ALE modem simulaton

pi is simply the constant r. TPi is 2n. Ts is the symbol penod: 8 ms. Thc modem tones (symbols)

are proccsscd in both simulators at a rate of ttpts sarnples pcr tone. Symbols are thercfore stored as 32-
sample complex vccton of typc SymVect, in which row 0 is the in-phasc (real) component and row 1 is
the quadrature (imagtnary) component. Finally, the global variablc Siglev is declarpd as external.

2.3 FIFchan

The key functio in the channel simulator is HFchan; it uscs the following variables and data structurcs:

double SigLev - 1.0;

static Symvect RcvSig;

/* global so it can be set by main routLne */

The global variable S lgt,ev sets thc signal-tenoisc ratio of the IIF chanrrcl. (S tglev is global so that

the main routine can set the SNR according to user requests, or vary the SNR through several runs.)
RcvSig is a statically-allocated symbol vector (Symvect) used by HFchan to store its result.
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#define Pi 3.14159265{
*define TPi 5.283185307

*define Ts 0.008
#define NPTS 32

tlpedef double SlmVect [2] [NPTS];

extern double Siglev; /* declared in hflib.c */



Symvect *HFchan ()tnitSig)
Slmvece rxmitsig,

{
register int i;
register SymVect *in, *out,'
double Di, ng, Ri, Rq, RDi, Sg, tmpl, tmp2;
register double Xi, Xq, Di, Dq, /* in-phase and guadrature main and, */

/* delayed path samples, respectively */
in - )hitSig;
out - RcvSig;
for (i=0; i<NPTS;

Rayleigh (&ni, / * GENER,ATE NOISE * /
/r Raylej.gh grenerates in-phase and quadrature */
/* components, jointly normal, erith each * /
/* component, having RllS amplitude of unity; */
/* Rl,lS noise pow-er is also unity. 1</

i++1 {
enq) ;

if (FreqSpread > 0.0)
FadeGains ( fFade0,
FadeGains ( IFadel,

)

else {
Rayleigh ([tmp1,
Rayleigh (Etmp1,

)

/* GENERATE FADING GAINS */
/* generate direct-pat.h fade gains */
/r generate delayed-path fade gains */

{

eFadeo);
QFadel),'

*/
*/
*/

if (DelaylineLen + DIyTF > 1.0) I /* multipath? */
Di - DelayLine(Xi-Sigl,evi(iin) t0l til, &iptr, IDLine);/* genexate */
Dq - DelaylJine (Xq-SigIJev* (*in) t1l til , 6qtt,r, QDLine) , /r delayed ' /

/* signals */

CompMult,(Xi, Xg, *fFadeo, *QFade0, &Ri, eRq);/* introduce fading r/
CompMult (Di, Dq, *IFade1, *QEade1, ERDi, eRDq) ;

)

else { /* a}l pot er in single path */
CompMult ( (rin) t0l ti1, (rin) t1l til, *IEadeO, *QEade0, ERi, &Rq) ,
RDi-RDq-0.0,.
Ri r- sqrt2;
Rq *- sgrt2;

)
(*out) tOl til - Ri + RDi + ni; /* compute out,put */
(*out) t1l tll - Rg + RDq + nq,'

&tmp2),
eEmp2),

/* don't care (t.o draw RNs)
/* Ieave fade gains at initialized
/* values (phase shift only)

)
return (out);

The function cdling HFchan passes a pointer to a symbl vector, which is to be processed by the

simulated IIF channel. orrc sample at a time is processed in the inner loop (see the code above). First,
thc samples of noisc for each time step arc generated; then the fading gains arc computed for the direct
and delayed paths; next, the delay lines are updated, returning the current delayed path sample, and the

fade gains computed above are applied; hnally, the noise and direct and delayed path samples are added

together and the result is stored in the output symbol vector. When all of the elements of the input
vector have been processed, a pointer to the output vector is returned.

The registered pointers in and out are uscd for fast access to the input and output symbol vectors,

respectively. ni and nq storc the noisc samples, Xi and Xq the input samples, Di and Dq the delayed

samples, and Ri, Rq, RDi, and RDq the results for each time step.
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Note that the output symbol vector is always storcd in RcvSig, and that the extemal function is given

a pointer to this (static) iuray. If that function needs access to more than one received symbol at a time,

it will need to pass a pointer to a symbol vector to (a modified version o0 Hrchan each time.

2.4 De,layLine

The delayed path used to simulate multipath is implemented as a pair of digital delay lines, rDline (in-
phase) and QDLine (quadrature). These iurays hold circular buffers of oelayl,inel.en samples.

When the delay is not an integral multiple of the sample perid, DIyTF stores the odd fraction of a
sample. iptr and q>tr storc the current positions in the circular buffers.

The Delayline function is given a pointer LName to the delay line to use (which is just an array of
double precision floating point numbcrs), the current offset Ptr into the circular buffer embedded in
that array, and the curr€nt direct path sample rnsig to put into the delay line. The offset is incr€rnented
modulo Delayl,inel,en, the lengrh of the circular buffer, and nt is set to the offset of the nexi element
past the updated Ptr, again modulo Delaylinelen. The delay line output for this time srcp is
interpolated from the elements pointed to by Ptr and nt, and InSig is put into the delay line.

However, if the total delay is less than one sample, the circular buffer will be of length 1, and only
the first element of thc array will be used.

The delay line function could bc optimized for the common case of an integral number of samples in the

delay time (D1yTE = 0.0). The interpolation statements could also be rewritten to reduce the number of
floating point operations. Because this function is called in the inner loop, these could be worthwhile.
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static int Delaylinelen,'
static double DIyTE;

/* Lf more than one set of delay lines t/
/* needed, nu,st pass these as parms */

static int iptr, q)tu
static doubfe tDl,ine[55],

/* Ehese are passed as parms */
QDLine t55l;

double Delayline(InSig, Ftr, LName)
double InSig; /* current sample: put into delay line */
int *Ptr,' /r current offset int.o delay line */
double *LNamei /* ptr to delay }ine to use */

{

register double *tempptr, temp,
reglster int nt,

if (Delayl.lnel€n > 1) I /* use the delay line */
nt - (++ (*Ptr) +1) t DelayLinelen,.
teqr[rtE - I.tilanE * (rPtr t- Delayl,inel,en] ;
tcq>- rteapptr r DIyTF + (*(LName+nt)) * (1.0 - DIyTE);
*tqrptr - InSig;

)
else { /r use only fLrst element of delay line */

tenp - InSlg * (1.0 - DIyTF) + *LName * DIyTF;
rLName - InSlg;

)
return (tenp) ,'

)



2.5 Rayleigh

Noise is generated using a pseudorandom number generator with a uniform (0, l) distribution. A
Rayleigh amplitude is produced using the inverse transform technique, and a uniformly-distributed
phase is generatcd directly. The function rctums its results in rectangular coordinates.

2.6 FadeGains

The fadc gains module contains three functions:

FadeGains, the external interface to the module

Gauss-Filter, a DSP filter which produces fade gains with the corect sutistical propedils

CompMult, which multiplies complex arguments to apply the corylex fade gains

FreqSpread, g, a0, al, and a2aethefadingbandwidth(Dopplcrsprcad)andcocfficientsused
in the DSP Gaussian filter, respectively. The rFade0, QFade0, IFadeL, rnd QFadeL arrays

hold the state variables for in-phasc and quadrature, direct and delayed paths, respectively, for the filtec
in the usual DSP terms, these umys hold (in order) y[n], y[n-l], y[n-2], x[n], x[n-l], and x[n-2]: the

curent and past outputs and the currcnt and past inputs, as discusscd further in the Gauss-Filter scction.

static double
static double

FreqSpread, g, 40, d1-, a2;
IFade0 [6], QEade0 [6], /* direct-path fading filter state vars */
IEadel[6], QEadel16);/ * delayed-path fading fi]ter state vaxs */

The Watrcrson modcl spccifies that the fading gains (tap gains) be indcpendent zcro-nrean complex-

Gaussian random pnocesscs with Rayleigh amplitude and uniform phasc density functions, and Gaussian

power spcctnL Rrndom processcs with thc requisite characteristics are produced by passing Rayleigh-

distributcd noirthrough a filter whosc lH(iO)|2 has the required Gaussian shape.

void Rayleigh (x, y)
double *x, *yi

(

register double r, ai

r * gqrt (-2.0rlog (uniformO ) ) ;
a - TPi * uniform0;
*x = r * cos(a);
*y - r r Sin(a);

)

void Fadecains (i, q)
double *J., *g;

t
/* generate Rayleigh-distributed fade gain perturbations r/
Rayleigh(i+3, q+3); /r assign to current input positions */

/* Run through gaussian fllter */
Gauss_Filter (i) ;
Gauss_Eilter (q) ;

6
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2.7 Gauss Filter

Watterson er aI. chose a Gaussian shape for the power sp€ctnrm of the tap gain functions in their model:

v6(v) = ,,!:':(') e*p[-P.''#j *-c"o(o)- e*pl-F.''#j
(2nlrn or., ' L 2ori.2 .l (2r)tz oriu ' L 2o.iu2 .l

where the s subscript indicates Watterson's specific model, the i subscript rcfers to the i-th tap, and
the a and b subscripts refer to the two magnetoionic components (where these are distinguishable).
Csi_(O) is the fraction of total channel input power delivered by each component, osi_ is the frequency

spread of each component, and vri_ is the frequency offset of the power spcctrum of each component.
(All frequencies in the Wanerson model are in Hz.) In keeping with usual practice, our simulator does
not resolve the magnetoionic components, and therefore requires only a single Gaussian function for the
tap-gain spectrum, and no frequency offsct vi is used.

The spectnrm vsi(v) is the Fouricr transform of the tap-gain correlation function. The correlation
function of the output of a filter whose input is Rayleigh noise is simply the magnirude squared of its
impulse rcsponse, so is power spcctnrm is the magnitude squared of its transfer function. Thus, we may
produce a random process with thc corect spectrum by passing Rayleigh noise through a filter with a

transfer function magnitude squared given by

lH,(.io)l'=pe*pl--d-l ii
t zlt o I Z(Znolz )

In our simulator, the two paths have equal power and the same frrequency spread, so the subscripts on C
and o are dropped.

This transfer function can be closely approximated by a two-pole filter of the form shown below.
The powcr spectra of the npo filters arc compared in Figure 2.

H1(s) = /G
(rtr)'+(t'#) +1

Clearly, the DC gains of the frltcrs must be the same, so

Q= c(0)
{Eo

The paramctcr I must be sct to {iI[ for the correct total power; c was set to 314 to obtain the

approximation o aGaussian shapc shown in Figure 2.

A discretc-tirrc (i.e., DSP) filtcr to implement the H3(s) above was designed using the bilinear
transformation

'-+ffi =+l#l
The sample rate (/1000 sampleVs) so far exceeds the frequency spreads of interest (a few Hz) that pre-

warping of the critical frequencies is not necessary.
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The bilinear transformation on Ha(s) produces an H(z) in the z-transform domain:

H(r) =
',lG (z+ll2

Eo
La
=a,

(n
o!,t
c,
CIa
E

ffi (.-r)2 . #(z-l) (z+l) + (z+t)z

{G(zz+Z2+tl

(r* *(;ir)' + tlzz +zl-(--r*)'),.('fu[- ;fu. ,)

Comparing this expression for the dcsired H(z) to the standard form for a DSP filter

2

I h,"
r=0
2

I at z't
k=0

I

WaIterson
2-pole lilLer

H(z)= {6:

,



we extract the values for the coefficients by inspection:

ao = A+C+l a1 = 41-C) az = C-A+l

h=h=1 br=2

where

o =;h and c =(;fuF.

The current output y[n] is computed from the past outputs y[n-l] and y[n-2] and the curent and past

inputs x[n], x[n-1], and x[n-2] using the following recurrbnce relation, where g = {G:

ao ylnl + a1 y[n-l] + ar2y[n-2) = g (b0 x[n] + b1 x[n-l] + bz xln-21)

ylnl = (g (box[n] +br xln-ll +b2x[n-2] )-ar yln-U -azyln-ZDlq

This expression is used in the code for Gauss Filter listed bclow.

void Gauss_Filter 1r'ade)
double rFadei

(

/* Eade array of input/output data: */
/* Fadet0l is t,he current filter output */
/* Fade[0-2] are the current and past outputs */
/* Fade[3-5] are the current and past inputs */

/* Gaussian filter: 2-pote, 2-zero IIR */
Fade [ 0 ] - (g* (Fade [ 3 ] +2 rFade [ 4 ] +Fade [ 5 ] ) -a1 *rade [ 1 ] -a2 *Fade t2) I / a0 ;

/* adjust t,he history terms */
Fade [2 ] 'Fade [ 1 ] ;
Eade [ 1 ] -Eade [ 0 ] ;
Fade [5] -Eade [4] ,
Fade [4] -rade [3] ;

)

9



2.8 CompMult

CompMult simply multiplies two complex arguments to produce a complex result. Because this
function is callcd nvice in the inner loop, some speedup could bc achieved by making this a macro.

2.8 Initialize

The initialization routine listed here directly queries the user for the multipath delay and frequency
spread parameters. Where this is not appropriate, these two parameters should bc passed to
Init ial i ze as arguments.

DIyTime is the floating point value of multipath delay provided by the user; it is converted to the global
variables Delayl.inel,en and DIyTF for use by Delayline. dt is the time step (sample interval)
used, and is set to Ts /NPTS.

void CompMult (Xi, Xg, Yi, Yq, Zi, zq,l
double Xi, Xg, Yi, Yq, *ZL, *Zq;

{ *z!-xi*Yi-xq*Yg,
*zg,-Xi*Yg+Xq*Yi;

)

/* Z - X * y */

/**r*******rt*!r*i******* INITIALIZATION **t**t******************t***********/

void Initialize o
(

regrister int i;
double DlyTJ.me, at c1 A, C, dt;

f************t***t**r SET Up DELAY LINES ****r***********r****/
do{

printf(iEnter delay time (ms): ") i
scanf ('tlf", eDlyTlme) ;

) while (DIyTirE < 0.0);

dt - Ts/rPtS,' /* dt = sample period */
DlyTim /- (dt r 1e3); /* scale DlyTime from milliseconds to samples */
DIyTF - DlyTlnc - (DelaylineLen = lint)DIyTime);
DelayLineLen++;
iptr-qrtr-0;
for (i-0; i<65; i++1 IDLinetil = gor,inetiJ = 0.0;

10



The variables a, c,A, and C are as described in the Gauss_FiIter section. However, because

FrcqSpread is scaled by Zte times dt, a and c have nvice the values described carlier.

Half of the total power is allotted to each path, resulting in the exprcssion shown for g.

The initialization of the fading filter state variables is used to overcome initial transients.

/***r'r'rr********** SET UP FADING GENERATOR **t**********r***/
do{

printf('Enter frequency spread (Hz): ") i
scanf ("tLf', 8Freqspread) ;

) while (EreqSpread < 0.0);

if (FreqSpread > 0.0) {

Fregspread *- dt*TPi,' /* scale from Hz to radians per sample */

/* magic nurnbers for Gaussian filter r/
a - sqrt (TPi) ,'

c = 1.5i
A - a/FreqSpread;
C = c/ExeqSpread,' C *- Ci

/* Gausslan filter coefficients */
g - sqrt (0.5*sqrt (TPl) /EregSpread) ;
a0 - A + C + 1.0,
aL - 2r(1.0 - C);
a2 - C + 1.0 - A,

for (i-0; i<5,' i++1 /* cLear fading filter state variables
* (IFadeO+i) - * (QFadeO+i) = * (IFadel+i) = * (QFadel+i) - 0.0;

for (i-0; i<1.0/EreqSpread,' i++1
FadeGains (IFade0, QFade0) ;
FadeGains (IFadel, QFadel) ;

)

/* and initialize them */

*/

/* fading generator disabled,' set fixed gains for taps */
- *1qFade0) - *(IFadel) = *19Fade1) - sqxL2/2.0;

)

else
* ( rFadeo )

11

)



3 UTILTNES

3.1 Uniform

This random number generator with uniform distribution is described in the Communications of the

ACM, (31) 6, pp.742-749+, June 1988.

3.2 Randlnt

Randlnt generates random integers in a specified range. It is useful for generating "random" tri-bits to
be sent through the simulator.

int Randlnt(i) /r Generates random integers in the range 0 to i-1.
int i; /* Tn run of 100,000 with 32 bins, had variation of

I / * 5t of mean from max bin to min bin.
return (iruniformO );

)

*
*
*

3.3 HammingWa

Hammingt{t3 rcnnns thc number of I bits in the 3 least-significant bis of its argument.

int hanuningwt3 (w)
int w,'
(

static int rt[8] - {0, 1, tr 2,1, 2,2,3};

return (wt [w [ 7] ) ;
)

double uniformo
{

static tong s1 - L23456781 t s2 - 987654323i
long z, k;

k=s1/53668;
s1 - 40014 * (sl - k * 53668)
if (s1 < 0) sl +- 2L47483563;

(k * L22LLI;

k-s2/52'714;
s2 - 40692 * (s2 - k * 527't4l
if (s2 < 0) s2 +- 2L47483399;

(k * 3791);

z - 91 - s2;
1) z +- 2147483562;if lz<

return lz , 4.6555138-10);
)

t2



4 ALE MODEM SIMULATOR

The ALE modem simulation routines convert tri-bits to and from symbol vectors suitable for processing

by the channel simulator.

4. t Data Stnrctures

The tone array is pre-computed by InitModem, and contains the complex symbol vector
corrcsponding to each of the FSK tones.

static double tone [m_ary) 12) INPTS] ;

4.2 FSKmod

FSKmod simply returns a pointer to the appropriate tone.

Symvect *FSKmod(InSym)
int InSym,'

{

return (tone IInSfrm] ) ;
)

use: Slmvect *Xmitsig
Xmitsig = FSItnod(InSym)

(*)<mitSig) til t jl

*/
t/
*/

4.3 FSKdemod

The FSK demodulator shown below employs a "guard band" technique: it ignorcs the first andlast25Vo
of the baud, and only integrates over the middle 50%; this reduces the effect of multipath delays of up to
2 ms. Also, thc demodulator stays synchronized with the direct path signal, even when the delayed path
is delivering more power; this may be unrealistic and suFoptimal

int. FsKdemod(RcvSig)
Symvect *RcvSlg,.

(

regist,er int i, ), outi
register double sumi, sumg, sum, max=O.0,'
regist,er SymVect rin,.

in - RcvSig,.
for 1i-0; i<m_ary, l++1 {

suml - surnrt r Q.9.
for (J-IPTS/4, j<(3*NPTS)/4; j++1 {

suni +- (*in) [0] tjltronetil t0l tjl + (*in)
Sr.t$[ *r (iln) [11 tj]ttonetil t0l tjl - (*in)

l
if ( (sun - sumL*gunL + slrmq*sumg; )- max) (

tnax - sumi
out - ii

)

)
return (out);

tll tjl*tonetil t1l tjl
t0l tjl*Eonetil t1l tjl

13
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4.4 IniModem

The purpose of tnituodem is to initialize the tone vectors for the eight FSK tones.

5 BER SIMIJI.ATOR

The BER simulator is a simple program that illustrates the use of the channel and modem modules.

void InitModemo
{

register int, i, iprime, );
double f [m_ary], dLi
register double x, d:<;

f
f
f
f

t0l
t1l
t2)
t3l

/* 8-axy FSK tone freguencj-es */

4s = 1slNpTS;

for 1i=0; L<m_axy/2; i++1 I /r generate tone vectors */
iprime - m_ary-i-1,' /* index of conjugate frequency */
x - 0.0;
d:< - TPI*f Iiprime] *dt;
for (j-0; j<NPTS; j++1 (

tone[i]tOltjl - tone[iprime]tOltjl - cos(x); /* real part of tone */
tone[i] t1l t jl - -(tone(iprimel t1l t jl - sin(x) );/* imag part of tone*/
x *- d:ri lf (x >- TPi) x -* TPi,. i.

)

)

- - (f t?l - 875.0) ;
- -(f t6l - 625.0);
= -(f [5] - 375.0);
= - (f tal - 125.0) ;

)

main ( )

{
long i, ins1m, outgym, Runlength, errors-0;

for 1i-0; i(RunLengrth,. i++1
if ( (outsym - AlEmodem(lnsym - Randlnt (8) ) ) !- insym) {

printf ("r') i
errors +- hansnj.ngwt3(insym ^ outsym),.

)
else prJ.ntf (".');

printf ("\nBER - t5.3If\n", (double) errors/ (3.0 * Runlenqth) ) ,'

printf ('Run lengrth: ') ;
scanf (ntld', ERunlengrth) ,
printf ("\n');

printf ('SNR (dB) : ');
scanf ("tIf", &Sigl.ev) ,.

Siglev r por(10.0, SlgLev/2O.0); /* convert from dB to voltage ratio */

tnitlalize O ;
InitModeaO;

)
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6 MEASUREMENTS

6.1 SNR Calibration

Good Channcl
Multipath dclay - 0.5 ms
Fading BW - 0.1 Hz

Bauds
Bauds
Bauds
Bauds
Bauds

Average
Averag€
Average
Average
Average

SNR -
SNR -
SIIR -
SNR -
SNR. -

10
100

1 000
10000
50000

-9.73
-3.53
-0.26
-0.06
-0.08

Poor Channal
Multipathdelay-2ms
Fadingbandwldth-2Hz

Bauds -
Bauds -
Bauds -
Bauds -
Bauds -

10
100

1 000
1.0000
50 000

Avcrage
Average
Average
Average
Average

SNR -
SNR -
SNR -
SNR -
St{R -

SNR -
SNR -
SlilR -
SNR -
SNR -

-5. 93
-1.34
0.18

-0.07
0. 05

Gausslan Channel
Multipath delay - I
Fadlng bandwldth - 0

Bauds
Bauds
Bauds
Bauds
Bauds

Bauds -
Bauds -
Bauds -
Bauds -
Bauds -

Baudc
Bauds
Bauds
Bauds
Bauds

Average
Averagc
Average
Avcrage
Averagc

10
100

I 000
10000
50000

-0.39
0.22
0. 16
0.15
0.14

Flat Fadlng Channal
Multlpath delay - g
Fadlng bandsldth - .1

10
100

1 000
1 0000
50000

-8.14
-2.06

1 .5s
-0.48
-0.49

Averagc
Avcragrc
Averagc
Avcragc
Avcragc

Avoragc
Avorago
Avrragc
Av.raEe
Avcragc

SNR -
SNR -
SNR -
SNR -
SNR -

SNR -
SNR -
SNR -
SNR -
SNR -

Mul t{ grth-Oal y Chrnnel
Multipath drlry - .1
Fadlng bandrldth - 0

10
100

1 000
1 0000
50000

-0.88
-0.27
-0.33
-0.34
-0.35

6.2 BER Simulations

The BER simulator produced thc rcsults shown on the following pages. The error panerns for the -3 dB
simulations are listed to show the characteristics of the simulations. '*' indicates an error in at least one

bit of a received tone, while '.' indicates a tone received error-frce.
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6.2.1 BER - Good Channel

SNR (dB) : -3
Enter delay tine (ms):
Enter freguoncy spread
Run lengrth: 10000

.5
(Hz) : 1
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6.2.2 BER - Poor Channel

sNR (dB) : -3
Enter delay time (ms):
Enter fregucncy spread
Run length: 10000

2
(Hz) : 2
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At SNR - t3 dB, BER - 0.043 (10,000 tones)
At SNR - i9 dB, BER - 0.011 (10,000 tones)
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HF Channel Simulator
hf1ib. c
eej, rsm, pcw

routines for HF channel simuLator * /
6/2L/9L r'/

*include <stdio.h>
#include <math.h>

#include 'hfdef.h"
*define sqrt2 L.4t4213562

/******** t****,t!t*******,trtrt***tr UTILITIES **************i***t**********r/

*/

double uniformo
{

static long s1 - L23456181t s2 - 987654323;
Long z, k,

k=s1/53668;
s1 = 40014 * (sl - k * 53668)
if (sl < 0) s1 *- 2147483563;

(k * LzzLtl ;

k=s2/527'14;
s2 = 40692 * (s2' k * 52774t
if (s2 < 0) s2 +- 2L41483399;

(k r 3791);

z-s1 -s2;
if (z < 1l z +- 2L47483562;

return (z * 4.6556138-10);
)

int Randlnt(i) /* Generates random integters in the range 0 to i-1.
int i; /* rn run of 100,000 with 32 bins, had variaEion of

{ /* 5t of mean from max bin to min bin.
return (i*uniform0 );

)

int hanuningwt3 (w)
int w;
{

static lnt rt[8] - (0,

return (rE [w e 7)l ;
)

L, L, 2, 1, 2, 2, 3);

uniform.c eej 8/L2/89
random nurnber generator with uniform distribution
from CACM June 1988, Vol 31, No 5, PP. 742-749+
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HF Channel Simulator

/******ttt****tt*****ttDELAYLINEMoDULEt************:t***t******t*t*****f

static int Delaylinelen;
static doubl.e DIyTF;

stsatic int iptr, q)tr;
staEic double fDline[55],

if more than one set of delay lines is
needed, must Pass these as Parms

/1<

/*

double Delayline ( InSig
double rnSig;
int *Ptr,'
double *LName;

t
register double *temPPtr, temP;
register int nt,'

if (DelayLlnelen > 1) I /* use the delay line */
nt - (++(*Ptr)+1) t DelaYlinelen;
tenpptr - LNanre + (*Ptr t- DelaylineLen);
temp - *tempptr * DIyTE + (* (LName+nt) ) * (1.0 - DIyTF) ;
*tempptr - InSig;

)

eLse I /* use only flrst efement of delay line */
temp - InSlg * (1.0 - DJ.yTF) + *LName * D1yTE,'
*LName - InSig;

)
return (templ;

/***********t*******t*R.AYLEIGH(NoISE)GENERAToR************i*********,.***/

void Rayleigh (x, y)
double *x, *yi

{

register double r, a;

r - sqrt (-2.0*1og(uniformO ) ) ;
a = TPi * unifor:rr0 ;
*x - r * cos(a);
*y - r * sin(a);

,
/*
/*
/*

/* these are passed as Parms r/
QDLine [55] ,

Ptr, LName)
current sample: Put into delay line */
current offset into de1aY line * /
ptr to delay line to use )' /

)

22
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HF Channel Simulator

/rr*******ti*tt*****t!t FADING GAINS MODULE *************t*t*****t*t****t<**rr/

static double FregSpread, g, a0, a1, a2;
static double lFade0t6l, QEade0[5], /* direct-path fading filter state vars

IFadel[6], QFadell6l;/ * delayed-path fading filter state vars

void Gauss_Filter (Fade)
doubLe *Fade;

{

/* Fade array of input/output. data: */
/ * Fade [ 0 ] is the current f ilt,er output ,. /
/* Fade[0-2] are the current and past outputs */
/* Fade[3-5] are the current, and past inputs */

/* adjust the history terms */
Fade [2] -Eade [1] ;
Fade [ 1 ] -Fade [ 0 ] ;
Fade[5]-Fade[4];
Fade [4] -Fade [3] ;

void FadeGains (i, q)
double *1, *g;

{

/* generate Rayleigh-distributed fade gain pertufbations r/
Rayleigh(i+3, q+3); /* assigrr to current input positions r/

/* Run through gaussian filter r/
Gauss_Filter (i) ;
Gauss_Filter (q) ,.

void CompMult (Xi, Xq, YL, Yg, Zi, Zqt
double Xi, Xq, Yi, Yq, tZLt *Zq;

{ *zL-xi*Yl-xqrYg,.
*ZA-XirYq+Xq*Yl,'

)

/* z - x * Y */

23

/* Gaussian filter: 2-pole, 2-zero IIR-*/
Fade [0] - (gr (Fade It] +2rFade [4] +Fade [5] ) -a1*rade [1] -a2*Fade 12)l / a0;

l

)



HF Channel Simulator

/*************'t****,t** HF CHA!{NEL SIMULATION *******t**************t**rt**).**f

doubl-e Siglev = 1.0;
static Symvect RcvSig,

/* global so it can be set by main routLne */
/* used to return resulting symbol vector */

( / * GENERATE FADING GAINS */
Qfade0); /* generate direct-path fade gains */
QFadel) i /* generate delayed-path fade gaini:*,/

Symvect *HFchan ()AnitSig)
SymVect. *)hitsig,

{

register int i;
register SymVect *in, *outi
double ni, ner Ri, Re, Di, RDq, tmp1, tmp2;
register double Xi, Xq, Di, Dq; /* in-phase and guadrature main and ,./

/* delayed path samples, respectiveLy */
in = xmicSig;
out = RcvSig;
for (i=0; i<NPTS;

Rayleigh (6ni,

/* ncvsig-is g1obal */

I* GENERATE NOISE 1. /
/* Rayleigh generates in-phase and quadrature */
/* components, jointly normal, with each t /
/* component having P+fS amplitude of unity; */
/* RMS noise power is also unity. */

i++1 {

&nq),'

if (FreqSpread > 0.0)
FadeGalns (fFade0,
FadeGains (IEade1,

)

else (

Rayleigh (etmp1,
Rayleigh (Etmp1,

/* donrE card (to draw RNs)
/* Ieave fade gains at initialized
/t values (phase shift only)

etmp2);
Etmp2),'

if (DelayLineLen + DIyTF > 1.0) t /* multipath? */
Di - Delayline(Xi=Sigl,ev*(*in) t0l til, &iptr, IDLine) ;/* generate */
Dq - Delayl,ine (Xq-Sigl,ev* (*in) t1l til, &q)tr, QOLine) , /* delayed t< /

/* signals * /

CompMult(Xi, Xq, *IFadeo, *QEadeo, &Ri, eRq)r/* introduce fading */
CompMult (DL, Dq, *rEade1, *QFade1, &RDi, eRDq) ,

)

el-se ( /* afl power in single path */
CorpMult ( (*ln) t0l til, (*in) t1l Iil, *rFade0, *QFade0, [Ri, &Rq) ,'

RDL-RDq-0.0;
Ri *- gqrt2,
Rq *' sqrt2i

l

(*out) tOl tll - RL + RDi + ni; /* compute output */
(*out) tll tfl - Rq + RDq + nq,

)
return (out) ,'
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HF Channel Simulator

/********************** INITIALIZATION ********************t**********).****f

void Initialize o
t

register int i,.
double DIyTime, a, c1 A, C, dt,

/)r****************r** sET up DELAY LINES *************r*******/
do{

printf('Enter delay time (ms): ");
scanf ("tlf', eDlyTime) ;

) whiLe (DlyTime < 0.0);

dt = TsINPTS,'
DlyTime /= (dt *
DIyTF = DlyTime
DeIayLineLen++,'
iptr=q>tr-0,'
for (i=0; i<65;

/* dt = sample period L/
1e3); /* scale DlyTiroe from milliseconds t.o samples */

- (De1ayl, j.nelen = ( int ) DlyTime ) ;

i++) IDLine Ii] = Qol,ine IiJ 0.0

f**t*).************ SET UP FADING GENERATOR *****************/
do{

printf("Enter freqtrency spread (Hz): ") i
scanf ("tlf ', &FreqSpread) ,'

) while (FreqSpread < 0.0);

if (FreqSpread > 0.0) {
FreqSpread r- dt*TPi,. /* scale from Hz to radians per sample 1< /

/* magic numbers for Gaussian filter */
a - sqrt (Tpi) ;
a = 1 q.

A = a/FreqSpread;
C - c/FreqSpread; C *- C,'

/* Gaussian filter coeffi.cients *l
q = sgrt (0.5*sqrt (TPi) /EreqSpread) ;
a0-A+C+1.0;
al - 2* (1.0 - C);
a2 = C + 1.0 - A,'

,:

for 1J.-0; i<6,' L++1 /* cleax fading fiLter
r(IFadeO+L) - *(QFadeO+i) = *(IFadel+i) =

for (l-0; l<1 . 0/EregSpread,' i++)
EadeGaLns (fPade0, QEadeO) ;
EadeGains (IFadel, QEadel) ;

state variables
*(QFadel+i) - 0.0;

)

)
else

* (rFadeo)

/* and initialize them */

/* fading generator disabled; set fixed gains for taps */
* (QFade0) - * (IFadel) = * (QFadel) - sqrt2/2.0;
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ALE Modem Simulator
AlEmodem. c eej 6/ L3/ 9l * /

8-ary ESK modem for HF ALE simulaLor */

*include <math.h>
*include ohfdef.h"
*define m_ary I

static double tone [m_ary) 12) INPTS] ;

void InitModemo
{

register int i, iprj.me, ),
double f[m_ary], dti
register double x, dx,

f t0l = -(f t7l = I
f t1l = -(f t5l - 6

tlz) = -(f t5l = J
f t3l = -(f t4l = 1

Symvect *FSIqnod ( InSyml
int Inslm,

{
return (tone IInSlzn] ) ;

)

/* 9-ary FSK tone frequencies */75 0

2s .0
75.0
25.0

dt. : TSINPTS;

for 1i=0; L<m_ary/2; i++) I /* generate tone vectors */
iprime = m_ary-i-li /* index of conjugate frequency */
x = 0.0;
d:< - TPi*f Iiprime] *dt;
for (j=0, J<NPTS; j++) ( ;,

toneliltOltjl - tone[iprime]tOltjl = cos(x); /* rea] part of tone */
tonetil t1l t jl - -(tone[iprimeJ t1] t jl = sin(x) );/* imag part of tone*/
x *- d:<; if (x >= TPi) x -- TPi,'

)

)

int FSKdernod (RcvSig)
SymVect *RcvSig;

(

register int 1, ), out;
register double sumi, sumg, sum, max=0.0;
register SymVect *ln;

in = RcvSl9;
for 1i-0; l<n-ary; i++1 {

gurnL - srrrq - 0.0-
for ( j-NPTS/4,' j< (3*NPTS') / 4; j++) {

sumi *- (*in) [0] [j]*tonetil t0l tjl
sum([ *r (*in) [1] [j]*ronetil t0l tjl

)
if ( (sum - sumi*sumi + surflq*sumq) )- max) t

max - sumi
out - ii

)

)
return (out);

Symvect *XmitSig * /
)hitsig = FSI(mod(InSyml */

(*)(mit.Sig) til tjl t</

+ (*in) t1l tjl*tonetil t1l
- (*in) t0l tjl *tonetil t1l

use

)
)
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BER Simulator

/*
/r.

BER eej 6/ L6/ 9L
BER simulator using hflib

and AlEmodem
t/

#include <stdlo.h>

*include <math.h>

#include "../hfdef.h'
*include ". . /hfIib.h"
#include ". . /AlE:modem.h'

main ( )
(

long i, insym, outsym, Runlength, errors:0;

printf ('SNR (dB) : ") i
scanf ( "tlf ', &SigLev) ,'

Siglev - por{(10.0, Siglev/20.0); /* convert from dB to voltage ratio */

InitiaLize () ;
rnitModemO;

printf ("Run length: ") i
scanf ("tld', &Runlength) ,'

print.f ("\n') ;

f or ( i=0 , i<RunLength; j.++ 
1

if ( (outslm - ALEmodem(insym = Randlnt (8) ) )

printf ('*") i
errors +- hanmringwt3 (insym ^ outsym) ,.

)
eJ.se printf (". ") ;

!= insym) (

printf('\nBER - t5.31f\n", (double)errors/ (3.0 * RunLength) );

27
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Header Files

,/
*//*

/*

/r hfdef.h eej 5/L5/9L
/* definitions for HF channel simulator routines

#define Pi 3.141592554
*define TPi 6.283185307

*define Ts 0.008
#define NPTS 32

tlpedef double Slmvect [2] [NPTS];

extern double Sigl,ev,' /* declared in hflib.c */

hflib.h header file for HF propagation simulator routines
eej 6/15/9L

/* hfdef.h must be *included before this file */

extern double uniformO,'
extern int Randlnt O;
extern int haruningnrt3 O ;

extern void Initialize O ;
extern SlmVect *HEchan ( ) ;

/* Ar.Ernodsn.h e€J 6/L3/9L
/* 8-ary ESK modem for HF ALE simulator

*/
*/

extern vold InitModemo;
extern Slmvect rFSl(mod0 ;
extern int fSKdemod0;

#def lne ALEmodem (x) ESKdemod (HFchan lFSl.rmod (x) ) )

28


