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2. Introduction

Over very many years Amplitude Moduation was the standard modu ation scheme because of
it’s easy and chegp redi sation. For Amplitude moduation and demoduation multipliers are
used, which are readli sed by semiconductors or in earlier times by vaauum tubes.

A more modern way of amplitude moduationisthe use of Digital Signal Processng methods.
The arrier generation and aso the multi plicaion are done by aDSP ®ftware.

Amplitude Moduationistoday still used because of the small consumption d bandwidth in
the broadcast bands.

3. Amplitude M odulation Systems
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figurel- Standard AM - System

Figure 1 showsthe block diagram of an AM moduation and demoduation system. The major
blocks are the two muilti pliers and the low passfilter to remove the high frequency parts of the
down-mixed signal.

AM moduation smply means the shifting of asignal frequency to ancther (usually higher)
frequency. The information, a better the content of the original (moduating) signal is
transferred to ancther frequency, the carrier.

Frequency shifting is dore by multiplication d two signal in the time domain. Multiplicaion

in the time-domain correspondents with frequency shifting in the frequency (w) domain.
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figure2 - Standard Amplitude modulation
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a) Mathematical justification for the frequency shifting

The Frequency shifting can be proofed by applying the Fourier Transform to a function f(t)
multi plied with an cosine function.

f (t) cosw,t = %(f (t)e'™" +f (t)e"""f’t) wheref(t) = modulatingsignalandw, = carriersignal

f(t)cosw,t = %(F(w—wo)ﬂz(w—wo))

This shows that multiplicaion d asignal f(t) by a sinusoid frequency wy shifts the spedrum
F(w) by +wy. Multiplicaion d asinusoid cosuyt by f(t) anourts to moduating the sinusoid
amplitude. Thiskind d moduationis cdled (balanced) amplitude moduation.

b) Standard amplitude modulation

Balance anplitude moduation, like shown abowve resultsin lossof the carrier signal, which
caries only reduncant information. But for different reasons the carrier is transmitted at
standard amplitude moduation. Therefore an dff set is added to the carrier and the arrier is
transmitted as well .

Mathematical justification for standard amplitude modulation:

V., = Asin(w,t)1+mcodw, ,t))

V. = A%% glwct e—chtEL_,_ m%(ejwmodt + @ J%modt )E

Vm = A%% el"“ct —_ e‘jwct %_F m% (ejwmodt + e_jmmodt )Q

vV, = _% (eiwct + gl )_ A4_rjn (ejwmodt + @ [Omodt Xeiwct - e—iwct)

V, =B e g grion ) AM (oflomra _ grilomaralt 4 glloma _ gilomrak)
"2 4]

V,, = Asin(w,t)- A;—T [~ 2jsin((60,,04 + @, )t) = 2jsin((0,04 = 0, )]
V= Asin(e.0)+ 22 [sin(@+ .0+ ({6 ~ 0. 1)

where m is called the moduationindex (ratio of pe&k moduating signal to pe&k carrier
signal), and A isthe anplitude of the carier signal.

Standard amplitude moduated signals can be demoduated by means of simple. diodes.



c¢) Balanced Amplitude M odulation

The oppatunity of balanced amplitude moduationisthe suppresson d the carrier signal,
which contains no wseful information and consumes alot of energy, when transmitting.
Hence balanced Amplitude Moduation can be described as.

V m=Af(t)cos(wariert) Where f(t) isthe moduating signal and w.4rier the carrier frequency.

The main dfference in generating balanced amplit ude moduation to standard amplitude
moduation is the missng off set of the (1) off set in the moduating signal.

Mathematical justification for balanced amplitude modulation:
(see &so a) Mathematical justificationfor the frequency shifting)

V., = Asin(wct)m co wmodt)

V. = A% 2% Eejw & _ @mod ) % (eiw mod 4 @ Mmod )

V = _A_m (e] (WC+{’0mOd)t — e_j(Wc"'L‘omod)t + e] (Wc_‘~‘orn()d)te_j(Wc_(‘)mod)t )
m 4]
Vm = _A_IT' i-Sin(("‘)c +wmod)_i-5in(wc _wmod)
4 2j 2j

Vm = _Aé_T(_ jSin(("‘)c + wmod)_ jSin(wc - wmod))

Vm = A >2<m (Sin(wc + wmod)+8in(wc - wmod))

where m isthe moduationindex and A the anplitude of the carrier signal.



4. Amplitude M odulation using DSP-methods

DAC ADC
mod'ulat:ng Demodulated
signa .
nal [ - o |Signal

Software-Simulation

Amplitude modulated
carrier (Transmission)

figure 3 - Amplitude modulation using DSP methods with analogue transmission

In Amplitude Moduation Systems using Digital Signal Processng methods the generation d
the carier and the aithmetic (multi plication and carrier generation) are dore via aDigital
Signal Processor. The moduating signal isfed via an ADC (Anaogue to Digital Converter) to
the system. The transmisgon (the dhannel) can be ather digital or analogue. For an analogue
transmisson the digital amplitude moduated carrier must be mnverted to an analogue one
and back to adigital at the receiver.

Objedives of the Lab wereto design an Amplitude Moduation and Demoduation System
simulated in C. The moduating signal was to implement via asinus function and the carier
signal was to implement viaa 2" order IR filter.

The low passfilter to remove the remaining was to reali se by means of aFIR filter, aso cdled
convdver.



a) TheDigital Oscillator

The oscill ator for the crrier signal was to implement by means of a 2" order reaursive
Function.

The 2" Order differential equation for an analogue oscill ator was given by:

d’y(t)

m2+%Wm=%&m

Applying backwards diff erence gproximation leads to:

dy(t)
dt?

[y(nT) -y(h T-D)]/T-[y(nT-T)-y(nT-2N)|/ T
T

y(n)-2y(n-1) +y(n-2)

-I-z

y(n) = 2y(n=1) +y(n-2) +w,"T?y(n) — ,"T?x(n) =0

v - BO7D Y02 o THO)

1+, T° 1+w, T 1+w, T

+ 0,y (1) = 00, "X (1)

+ W, y(nT) = w, x(nT)

+,"y(n) - @, X(n) =0

1 2 1
n) = x(n) + n-)——vy(n-2
y(n) T+ 0712 (n) 1+w2T2y( ) 1+szzy( )

(o] (o] o

....wherex(n)is usuallyanimpulsetostart thesystem

The problem of the backward difference gproximationis, that it changes the frequency of the
oscill ator and the capabili ty to oscill ate without signal lossbecause of the change of the
coefficients (Transforms in Signals and Systems, Peter Kraniauskas, Addison-Wesley, Page
321).

A better calculation d the wefficients resultsin the foll owing equation (C Algorithms for
Red-Time DSP, Paul M. Embreg Prentice Hall, :1995,Page 178

y(n) =cy(n-1) —cy(n-2) +x(n)
wheree, = 2" cos@T) andc, = e

T:f—, d =dampind=0), w=2nf

Oscillate
sample

For the capabili ty of oscill ating the pales of the Z-Transfer function have to be on the unit
circle, which is nat given by the badkward dfference gpproximation.

The frequency of the carrier signal can be eaily checked by comparing with the moduation
frequency. Theratio shoud be 1/10.



b) Modulation and demodulation

Hencethe moduation and the demoduationis only based onsimple multipli caion, they can
be redised very simple only using standard multi plicaion provided by the DSPcircuit.

c) Low PassFilter

The transfer function d aFIR filter H(z) is given by:

H(z) = Zh(n)z‘n

The multi plication by z* means a delay of one unit of timein the time domain.
The lowpassfilter can be described by the eguation:

N-1

y(n) = Z) h(k)x(n—k) whereh(k) arethefilter coefficensandx(n - k) thesamplednput valies

Coming from the global definition d alow passfilter redised via aconvdver we can say:
N-1

y(n) = Z) h(k)x(n =Kk) = h(k) * x(n) wheret meansonvolutian
y(n) = h_(O)x(n)+ h(1)x(n-1) + h(2)x(n-2) + I+ h(N-1)n(n- N +1)

The output isjust alinea weighted sum of present and past inpus. So the FIR filter iscaled a
“Running averagefilter”.

Thefilter function can be described by the foll owing block diagram, where z* represents the
unit delay:

x(n) x(n-1) x(n-2) x(n-N+1)
» Zl - - Z—l - _» Zl

figure4



Theinpu x(n) is multi plied by the efficient h(n). Then x(n) is delayed by one step and
multi pli ed with the next coefficient h(n+1). After that x(n) is delayed again and multiplied
with the next filter coefficient h(n+2). All these single multi plicaion are alded together and
onerun d an x(n) value through al thefilter coefficients resultsin ore output y(n).

So it takes at least N steps, till thefilter correctly works. It’'s the time required for the 1% value
to arrive & thefilter-output.

Thisfilter methodis redised by means of a wnvdver, which stores and shifts the x-values
and multi plies them by the corred filter coefficients.

Figure 4 shows the standard block diagram of atransversdl filter.

The wefficients of the filter were calculated using the Fourier design method

The requirements were:

feuor=1kHz,, fsampie=50kHZ, nogiven transition band, nogiven stop band attenuation
Hence arectangular window function was used:

Cornerfrequencyof idealfilter :

0, =299 o= 0.04n
50000
thustheidealfrequencyesponse
(7% |ojf < 0.04n0 N -1

0 wherea =——

Ho(0) = %)OO4T[<|(,-.1<T[

IFT of thefrequencyresponse
o () = - [ H(@)e*"do
— —]aw joon = j(.on
h (n) o7t I e“"dw+ I dw
h (n) = _I —le lmdw_ _J‘ ](.o(n a)dw

—a 04
h (n) — i Delw(n ) BO _ 1 (ej0.04n(n—a) _1)
° 2ng(n-o)g 2nj(n—a)

hg(n) = - 1 )sin[0.04n(n ~a)] fromwherethecoefficiertscanbedirectly calculatec
n-ao
sinceno windowfunctionis used
For the middl e filter-coefficient L' Hospital is used to cdculate it (0/0)!:

sin[AT(n - a)] _0

h(n) = - ) whenn =a - differntiate NumeratomndDenominatoseperatly
n—-o
h(n) = AtfcognAm- Amta)]
T
h(n) =A =0.04



5. Realisation using C

a) Themodulation signal

In usual amplitude moduation signal, where speech or equivalent signals are moduated, the
moduationsignal isfed to the DSPvia an analogue to dgital converter.

In the lab-simulation the moduation signal wasto generate using asinus function with a
frequency of 1kHz.

The foll owing line shows the redli sation using C:

y[O]=sin(n*wnl), where wn1l is the normalised signal frequency of 1kHz

Modulating signal:

TN NN N

figure4 - Modulating signal

Figure 4 shows the moduating signal output of the program.

b) Thedigital Oscillator

The oscill ator was designed based onthe foll owing diff erence equation dcerived viathe
badkwards diff erence goproximation.

Only the aefficients were to determine new, in order to full -fill t he requirements, which said
the oscill ator frequency to be 10kHz at a sampling frequency of 50kHz.

y(n) =cy(n-1) —cy(n-2) +x(n)
whereg, = 2" cos@T) andc, = e

T=—2 d=dampind=0), = 27f opp,
sample
Hencec, = 2x1x cos@ I LKHZy _ 4 618033
50kHZ
c,=1

The resulting code is the foll owing:
X[0]=0.6180339*x[1]-x[2]+ i;
X[2]=x[1]; /I shifting oscillator array
X[1]=x[0];

Carrier signal:

figure5 - Digital carrier signal
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¢) Modulation and Demodulation

The moduation and the demoduationis based onsimple multi pli cation. Hencethe wde for it
was very simple to implement:

/[l Modulating
mod=(ampmod+(2-ampmod*1.5)*signal)*carrier;
/I Demodulating

demod=-mod*carrier;

The variable ampmod is used for changing between balanced and standard amplitude
moduation. It'svaueis previous st 0 for balanced moduation and 1for standard
moduation. The fador 1 and 0.5(=2-1.5) are dhosen to get appropriate modu ating results,
becaise theratio of the carier and the moduation signal shoud na be to high (m{ 1), or to
low (mOJ 0), to get best visible results for Standard amplitude moduation.

The values for balanced moduation are A=2 and m=1.

Modulated signal:

Demnodulated signal:

figure 6 - Modulated and demodulated signal

figure 7 - Balance Amplitude M odulated and demodulated signal

Figure 5 and figure 6 show the moduated and demoduated bu not low passfiltered ouputs
of the software.

11



d) Low PassFiltering

The low passfilter was reali sed by means of a wnvdver. The order of the mnvdver was
increased, urtil ainterference freelow pass sgnal avail able was. The 51 coefficients of the
convdver are calculated with every new run d the moduator moduation sedion d the
program.

Thefilter coefficients are cdculated by the following lines using the dgorithm from 4c) Low
PassFilter.

The resulting program code is as foll ows:

/I Calculating Convolver Filter coefficients
for(n=0; n<=25 ; n++)

h[n]=sin((0.04)*pi*(n-25))/(pi*(n-25));
h[(50)-n]=h[n];
/ Remove comments for printing filter coefficients

Il printf("%d=>%f | %d=>%f \ n",n,h[n],(50-n),h[50-n]);
h[25]=0.04; /I Set mid filter coefficient (from
L'Hospital)
oldest xvalue is
pushed out of
store Filter coefficients
xstore(0) 0 rultilieation 0 h(0)
xstore(1) 0 rultiplieation 0 (1)
xstore(2) 0 rultiplieation 0 hi2)
xstore(3) 0 rultiplieation 0 h(3)
shiffing
direction
new x(n) value is xsfore(48) 0 rultiglioation 0 h(Z8)
stored info xstore(50) xstore(49) 0 muttipleation O h(49)
)H XSTO[e[SO] 0 muttipleation O h[50]
[l

Addition to Accumulator

figure 8 - Working model of a convolver

Figure 8 shows how the convdver implemented in the software works. Every new
demoduated value is written into the last storage of the cnvdver. Then all present stores are
multi plied with their appropriate cefficient.

12



The following lines $how the program code of the mnvdver:

/] Filtering via convolver -----------=---- e
filter_out=0;
for(k=0; k<=50; k++)

{

filter _out+=xstore[k]*h[K]; // convoling
xstore[k]=  xstore[k+1]; /I shifting array

xstore[50]=  demod; /* writing new xstore(n) value */
[ END OF CONVOLVER -------=-=--==== e

Demnodulated and filtered signal:

figure 9 - Low passfiltered signal

Figure 9 shows the output of the low passfilter redised via mnvdver. There aeno visible
interferencein the sine signal.

e) Output Plots

Modulating signal: sigmax: 1.00

Carrier signal: carmax: 1.00

Modulated signal!:

modmax: 1.48

demmax: —1.50

Demnodulated signal:

Denodulated and filtered signal:

+— for scaling or Esc for exit, B for toggling nmnodulating node

figure 10 - Output plot for standard amplitude modulation
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Modulating signal: zigmax: 1.00

Carrier signall carmax: 1.00

Modulated sigpal:

modmax: Z.00

demmax: -2.00

Demodulated signal:

Denodulated| and iltered sianal

+—- for scaling or Esc for exit, B for togaling nodulating node

figure 11 - Balanced amplitude modulation

Figure 10 and figure 11 show the output plots of the programme in bah moduation modes.
The min/max function provides the peek levels of the different signals andisreadised via
simple comparing function.

6. Amplitudes

The foll owing peak amplitudes can be read ou from the output plots (figure 10 and 11):

signal carier moduated demoduated

Standard 1 1 15 15
Balanced 1 1 2 2

Standard Amplitude M odulation
V,, = Asin(w,t)+mcogw, ,t))

mod

V,, = Asin(w,t)+ '%n[sin((oomod + o, Jt) + sin((eo,,.g — w, )t)]

From the equation abowve it can beeseen, that the maximum pegk—-amplitudeis 1.5, when the
carier is A=1 and the moduationindex m=0.5 (values from programme).

14



Balanced Amplitude Modulation

V., =A sin(ooct)m cos(oomodt)
_Axm

Vm
2

(Sin(wc + wmod) + Sin(wc - wmod ))

The maximum pe&k value of the moduated signal isequa 2, when A=2 and m=1, which are
the used valuesin the programme.

Demodulation

Vo = FAsin(@.0)+ 70 602, + 0+ 50, + 0 esin(n)

_ Am @05((2(&)(: + wmod)t)_ 2COi‘"“)modt)-'-D

A
V = —— t)-1)-—
dem 2 (COiwc ) ) 4 %‘ COi(zwc - wmod )t) %

The demoduated signal is negative signed. It'samplitude is at standard amplitude moduation
1.5(=0-.5A-0.5Am-2*0.25Am) with A=1 and m=0.5.

The amplitude of the filtered signal was nat measured, because of the dtenuation d the low
passfilter.

7. Conclusion

Amplitude moduationis very easy realisable with dgital systems, when the systems are
cgpableto cdculate & the speed of the desired frequencies.

Analogue anplitude moduation systems can be diredly converted from the time to the
discrete time domain. The mnversion hesto be done very carefully, in arder to prevent
frequency shifting like the badkward dfference gproximation daes.

Although amplitude moduation is used sincethe first days of the 20" century, it is dill very
popuar. The alvantages of AM are the easy and cheg way of redisation and the littl e
consumption d bandwidth. The disadvantages are the poar signal to naseratio and the
pronenessto amplitude distortions. These disadvantages can’t be reduced only with the
change from analogue to dgital, because the transmisgon channel is the same analogue one
than before.

The dfort of the futureisto replacetoday’ s analogue based amplitude moduation systems
with dgital systems, like the change from RTTY and Morse-code to dgital transmisson
systems like the amateur’ s padket-radio.
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8. Appendix

a) Complete sour ce code of the modulation software

#include <  graphics.h>
#include <  stdio.h>
#include <  conio.h>
#include < math.h>

#define pi 3.14159
#define end 640

I

/I Amplitude modulation - DSP simulation using C
/I Dirk Becker, BENG 2/3, 9801351

I

/I Balanced and Standard Amplitude Modulation
I

floatx(  intn);

void difference( int ypos, intscale, int ampmod);
int main(void)
/* request autodetection */
int gdriver = DETECT, gmode, errorcode, scale=3;
char key;

int modtype=1;
/* initialize graphics and local variables */
initgraph(&  gdriver, &  gmode, ™);
setbkcolor(BLACK);
do {
[* start */
difference(40,scale,modtype);
setcolor(LIGHTBLUE);
moveto(0,447); lineto(639,447);

outtextxy(5,450,"+- for scaling or Esc for exit, B for toggling

modulating mode™);
key=getch();
if ( key=="+") scale++;
if (  key=="-") scale--;

if (( key=="b")]||( key=="B")) modtype=abs(modtype-1);

if (scale<=0) {scale=1;};
cleardevice();

clrscr;

} while (key!=27);

/* closegraph (clean up) */
closegraph();
return O;

16
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L — END OF MAIN FUNCTION *

I* *
R Oscillators, modulator, demodulator and filter ------- *
void difference( int ypos, intscale, int ampmod)
int n, K, y old, x_ old,y old2, xplot, yplot, yplot2, z_old,
f_old=500, fplot; // Vars for line drawing

/I (storing old points)
int m_old=290, mplot; // (
float  xvalue, y[1]={0}, x[5]={0}, mod, demod, i=1;
float fsignal1=1000, fsignal2=10000; // signal and oscillator
float fsample=50000; /I and sample frequencies
float wn1=2*pi*fsignall/fsample; /I normalisation of them and
float wn2=2*cos(2*pi*fsignal2/fsample); // coefficients of difference
/ I equation
float carrier, signal; /I outputs vars
float filter_out, xstore[52]={0}, h[52]={0}; // filter vars
setcolor(RED);
int scaley=25; // scaling in y direction
float carriermax=0, signalmax=0, modmax=0, demodmax=0 ; // max-min
calcs

/I Calculating Convolver Filter coefficients
for(n=0; n<=25 ; n++)

{
h[n]=sin((0.04)*pi*(n-25))/(pi*(n-25));
h[(50)-n]=h([n];
/I Remove comments for printing filter coefficients

Il printf("%d=>%f | %d=>%f \ n",n,h[n],(50-n),h[50-n));
h[25]=0.04; /I Set mid filter coefficient (from L'Hospital)
moveto(0,ypos);
i=1;
y_old=ypos;y_old2=ypos+70;z_old=ypos+200; // preset  storings
I/ for line function
x_old=0;
for(n=0; n<=end; n++) /I main loop

{
/I Calculating frequency 1 (signal)
y[0]=sin(n*wn1);
signal=y[0]; / for normalisation to 1 (already is)
if (signal>=signalmax) signalmax=signal;

I/ Calculating frequency 2 (carrier)
X[0]=wn2*x[1]-x[2]+ i;

carrier=x[0]; /I for normalisationto 1 (- "™ -)

if (carrier>=carriermax) carriermax=carrier;

/[l Modulating Ymod=A*f1*(1+m*f2) and change between
1 Balanced and Standard modulation

// Standard Modulation: A=1( ampmod) , m=1.5
// Balanced Modulation: A=2 , m=1

1

mod=(ampmod+(2-ampmod*1.5)*signal)*carrier;
if (mod>=modmax) modmax=mod;

// Demodulating
demod=-mod*carrier;
if ( demod<=demodmax) demodmax=demod,;

Il Filtering via convolver ----------m-eeeeeeee
filter_out=0;
for(k=0; k<=50; k++)

filter_out+=xstore[k]*h[K]; // convoling
xstore[k]=  xstore[k+1]; /I shifting array
xstore[50]=  demod; /* writing new xstore(n) value */

// END OF CONVOLVER --memmemmmmemeces e
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X[2]=x[1];
X[1]=X[0];

/I shifting oscillator array

18



// Drawing the waveforms
/l the old points are always stored in the _old vars

setcolor(RED);  // Raw signal
xplot=n*scale;
yplot=-signal*scaley+ypos;

line( x_ old, vy old, xplot, yplot);
y_old=yplot;

setcolor(GREEN); // Carrier frequency
yplot2=carrier*scaley+ypos+70;

line( x_old,y_old2, xplot, yplot2);
y_old2=yplot2;

setcolor(BLUE); // Modulated signal
zplot=mod*scaley+ypos+170;

line( x old, 2z old, xplot, zplot);
z_old=zplot;

setcolor(LIGHTRED); // Demodulated (multiplied)
mplot=demod*scaley+ypos+295;
line( x_ old, m_old, xplot, mplot);

m_old=mplot;

setcolor(LIGHTGREEN); // Filtered via convolver

if (filter_out>400)|( filter_out<-400)) filter_out=0;
fplot=filter_out*(50+100*ampmod)+ ypos+(370+60*ampmod);
line( x old, fold, xplot, fplot);

f_old=fplot;

x_old=xplot;

i=0; /* End of impulse */
}
/I Adding text to curves
I

setcolor(WHITE);

outtextxy(0,5,"Modulating signal:");
outtextxy(0,65,"Carrier signal:");
outtextxy(0,155,"Modulated signal:");
outtextxy(0,265,"Demodulated signal:");
outtextxy(0,340,"Demodulated and filtered signal:");

/I Printing max values

gotoxy(60,1);

printf(" sigmax: %1.2f \ n",signalmax);
gotoxy(60,5);

printf(" carmax: %1.2f\ n",carriermax);
gotoxy(60,11);

printf(" modmax: %1.2f\  n",;modmax);
gotoxy(60,17);

printf(" demmax: %1.2f\  n",demodmax);
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