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Abstract

In this paper, we propose the design and implementation mechanism for a digital coherence BFSK demodulator based
on the use of Direct Digital Frequency Synthesizer (DDFS) and digital filter using Cyclone Il EP2C20F484C7 FPGA
from ALTERA placed on education and development board DE-1. The proposed demodulator has the following
parameters:

-Clock frequency: FcLk=50MHz.

-Sampling frequency : fsam=40 KHz : (fsam= Fcx/ K=50000 KHz /1250 =40 KHz ).
-Cut-off frequency of the digital low pass filters (LPF-1, LPF-2) is foun = fae =0.450 KHz.
-Modulation type of signal is: BFSK .

-The data signal is square pulse with frequency : Fgaa= 0.100 KHz .

-Carrier type: is sinusoidal with frequency: fero=1.2 KHz , fearn=2.1 KHz.

-The ROM capacity for the stored signal samples (8192X8 ) bits, and their values are positive within the range from 0
to 255.

-Frequency range: (3 Hz...25 MHz).
-Frequency Resolution: (3 Hz).
- Signal amplitude (5V).
-Using FPGA allows for the modification and development of the digital design to suit the designer's wishes and goals.
Keywords: digital demodulator , BFSK , DDFS, FPGA, LPF
I. INTRODUCTION

1- The BFSK signal is given according to the following mathematical relation [1]:

V(O grsko) = A-cos(Wearot)  for bit 0 ®

V(©)prska) = A-cosWeqrit)  for bitl (2)
Where :

Wearo=27tfcaro , Weari=27tfcar1 carrier frequencies , woa=2nfuaa data signal frequency and (A) amplitude of the BFSK
signal.

2-The carrier signal is given according to the following mathematical relation:
V() caro = €0s(Weargt) = coS(2Tfearot) 3)
V() cars = c0s(Wegr1 ) = oS feqr1 t) 4
For transmitted bit 0

3-The signal of the product carrier signal and BFSK signal in channel (0) is given according to the following
mathematical relation:

VO = V(t)BFSK(O) V(t)caro = {A cos (Wcarot)} * {COS(WcaTO t)} (5)
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A
VO = V(t)BFSK(O)V(t)caTO = E{COS(O) + COS(ZWcaTO t)} (6)
A A
Vo =V(®Osrsk) V() caro = 2 + ECOS(ZWcaro t) ™

4- The output signal of the digital low pass filter (LPF-1):

A
Yo = > (8)

5-The signal of the product carrier signal and BFSK signal in channel (1) is given according to the following mathematical

relation:

Vl = V(t)BFSK(O) V(t)carl = {A COS(WcaTOt)} * {COS(Wcarlt)} (9)
A

Vi =V(®srsk@)V ®)car1 = 3 [cos{(Wearo + Weari)t} + cos{(Wearo — Wear1)t}] (10)
A A

Vl = V(t)BFSK(O) V(t)carl = ECOS{(Wcaro + Wcarl)t} + Ecos{(WcarO - Wcarl)t} (11)

6- The output signal of the digital low pass filter (LPF-2):

y1=0 (12)

For transmitted bit 1
1-The signal of the product carrier signal and BFSK signal in channel (0) is given according to the following

mathematical relation:

Vo= V(t)BFSK(l) V(t)caro = {A- COS(Wcarl t)} * {COS (Wcaro t)} (13)
A

Vo= V(t)BFSK(l)V(t)caTO = E [COS{(Wcarl + Wcaro)t} + COS{(Wcarl - Wcaro)t}] (14)
A A

Vo= V(t)BFSK(l) V(t)carl = E COS{(Wcarl + Wcaro)t} + E COS{(Wcarl - Wcaro)t} (15)

2- The output signal of the digital low pass filter (LPF-1):

Yo=10 (16)

3-The signal of the product carrier signal and BFSK signal in channel (1) is given according to the following mathematical

relation:

V= V(t)BFSI((l) V(t)carl = {A- COS(Wcarl t)} * {COS(Wcarl t)} (17)
A A
V= V(t)BFSK(l)V(t)carl = E COS(O) + E cos (ZWcarlt) (18)
A A
V= V(t)BFSK(l)V(t)carl = E + E COS(ZWcarlt) (19)

4- The output signal of the digital low pass filter (LPF-2):
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V1= (20)

A
2
Decision Rule
{If Yo > Y1 = received bit = 0}

If y; > yo = received bit =1 @1

The block diagram of the digital coherence BFSK demodulator using DDFS and digital filter is shown in the figure (1).

Vo
] APC1 .y X1 > LPF-1 7P Scale-1 [ DAC1
4 N | + Yo
DDFS-1
f car 0=1200 Hz > =7Z=0
fsam T Yo 7 Z
BFSK Signal — l ——
Y1>Yo —Z£=1
DDFS-2
fcar 1=2100 Hz
* r Y1
Vi
L] ADC2 P X2 A LPF-2 - Scale-2 =~ DAC-2
. 1250 —— fsam =40 KHz
CLK
50 MHz

Fig. 1. The block diagram of the digital coherence BFSK demodulator using the DDFS and a digital filters.

Previous studies have explored various approaches for reliable BFSK detection. Some researchers relied on PLL- based
carrier recovery circuits to achieve synchronization [2], which introduced system complexity, increased sensitivity to
noise, and required settling time. Alternatively, other researchers adopted non-coherent detection [3] to completely avoid
phase issues, but at the expense of degraded performance and higher bit error rates for the same signal-to-noise ratio. This
work presents an innovative solution that overcomes these limitations by using two shared DDFS generators between the
transmitter and receiver, achieving complete frequency and phase synchronization without the need for complex circuitry,
while maintaining high performance and consuming fewer resources compared to both previous approaches.

Il. RESERCH IMPORTANCE AND ITS OBJECTIVES
-In this paper, a digital coherence BFSK demodulator was designed, implemented and tested based on the use of -
Digital Direct Frequency Synthesizer (DDFS) using FPGA , VHDL and Graphical programming language with
Quartus 11 9.1 design environment.
-Using the digital DDFS with mathematical operations (adding , multiply , division ,filtering) , makes the digital
demodulation design process flexible, accurate and highly efficient.
-Changing the parameters of data signal (frequency and amplitude), carrier frequency explains the difference between
digital demodulation and analog demodulation.

I1l. RESERCH MATERIALS AND ITS WAYS
To design, and test the digital demodulator for different modulation types of signals, the following tools and software
are used:
-Cyclone Il EP2C20F484C7 FPGA chip from ALTERA with highly accuracy, speed, and level specifications, placed
on education and development board DE-1 [4].
-DDFS which is considered as highly accuracy techniques in sinusoidal and square signals synthesizing on FPGA chips.
-VHDL programming language with Quartus 11 9.1 design environment [5].
-Design Environment MATLAB R2008a
-GDS-1052 digital oscilloscope with Free Wave program to take the results.
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-PC computer for designing and injecting the design in the FPGA chip.
The block diagram of the laboratory experiment platform [6] is shown in figure (2).

FreeWave

Quartus 191
Web Edition

i) &
| gttt ! (Y iy
. -

" = i GDS1052U
FR o e S

fiiiiiid fiid
[ bt T ke Bttt oot [nle butat

DE Board
Fig (2): Block diagram of the laboratory experiment platform

IV. THE DESIGN STAGES OF THE DIGITAL BFSK DEMODULATOR WITH USB USING THE DDFS
For transmitted bit 0
1-Convert the analog BFSK signal to digital signal using ADC , where :

fsam>=2 (fcar1+ Fdata)

For samples of BFSK signals [7] :

2m.n. fcaro)

Versk @) (Tsam: 1) = A . cos(2T. Tggm- M. fearo) = A. cos (f— (22)
sam

2-Formation the samples of a carrier signals using DDFS according to the mathematical relationship.

2w .n.f

Vearo(Tsam: 1) = €08 T fearo- 1 - Toam) = cos (—Cm) (23)
fsam
2w .n.f,

Veart (Tsam: 1) = €05 2t fear1- 1 Toam) = coOs (f—carl) (24)
sam

3-Formation of the product signal between samples of BFSK signal and carrier signal samples using DDFS.

Vo = Vgrsk 0) (Tsam- n)- Vearo (Tsam- n)

2m.n. 2m.n.
V, = A.cos (M> .cos (ﬂ> (25)
fsam fs’am
A 4. n. fogro) A 4N fogr0) A
V, =—.cos( >+—.cos(0)=—.cos(—)+—
° 2 fsam 2 2 fsam 2

4-The following component are removed using a digital low pass filter (LPF-1):
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A? cos (—47T-;;£caro ) (26)

5- The output signal of the low pass filter (LPF-1):
A
Yo = V(n)deml = ? (27)
6-1n the same way ,we obtain the following:

V= VBFSK(O) (Tsam' n). Veart (Tsam' n)

2n.n.fcaro> cos (M ) (28)

f:sam f;am

Vi = A.cos(

Vi, =—=.cos
f:mm fsam

A {27'[- n. (fcarl + fcaro)} + é cos {27-[- n. (fcarl - fcaro)}
2 2’

Y1 =V(MWaemz =0 (29)
Vo>V =7Z=0 (30)
For transmitted bit 1
1-Convert the analog BFSK signal to digital signal using ADC , where :
fsam>=2 (fcar1+ Foata)
For samples of BFSK signals [7] :

21 n. fcar1> 31)

Versk 1) Tsam-n) = A.cos(2m. Ty .. fogr1) = A.cOsS (
fsam

2-Formation of the product signal between samples of BFSK signal and carrier signal samples using DDFS.

Vo = VBFSK(l) (Tsam- Tl). Vearo (Tsam- Tl)

2m.n. fcm> cos (M ) (32)

fsam fsam

Vo, = A.cos (

A cos {277:- N (fears + fcaro)} n A_ cos {ZTC- N (fear1 — fcaro)}
fsam 2’ fsam

3- The output signal of the low pass filter (LPF-1):
Yo =V(MWgem1 =0 (33)
4-In the same way ,we obtain the following:

V= VBFSK(l) (Tsam- n)- Vear (Tsam- n)

2m.n. 2m.n.
V, = A.cos ( fcaro) .cos ( fear1 ) (34)
fsam fsam
A 4. n. fogro) A
V, = —.cos (—) + —.cos(0)
T2 fsam 2
5- The output signal of the low pass filter (LPF-2):
A
Vi = V(n)demz =5 (35)

2
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Vi>y,=2Z=1 (36)

6- Design the digital band pass filter (BPF-1, BPF-2) using MATLB and VHDL with the following parameters [8] :
-Type of filter : LPF-1,LPF-2.

- Filter structure : Direct form - FIR

-Filter order : 250.

-Filter length : 251.

-Sampling frequency : 40 KHz.

-Frequency of data signal : 0.100 KHz.

-Cut-off frequency of the LPF-1, fouu=(0.450 KHz ) and of LPF-2, fc.x=(0.450 KHz).
-Window type : Hamming.

-Word length : 8 bits.

The specifications and the magnitude and impulse responses of a digital filters LPF-1 and LPF-2 designed in
MATLAB [9] are shown in figures (3) and (4).

— Currernt Filter Informsation — Magnitude Response (dB)

ofe----- | R | A [ | A ] | I U |
Structure:  Direct-Form FIR —_ e et e e S
Order: 250 g : :
Stahle: Yes L H40r-1---- pees e el e
Source:  Designed % . .
= H
T -850 1k _._______:_______:_ ____________________________________________________
= ‘ | ' '
IM %lilililillil‘iﬁlinn i
I Store Fitter ... ] 0 2 4 6 8 10 12 14 16 18
Freguency (kHz)
[ Filter Manager .. ]
— Response Type __Fitter Order _Frequency Specifications _ Magnitude Specifications
@ |Lowpass @ Specify order: 250 Urits: |kHz
Highpass
Mirnimum arder Fs: 40 The attenustion st cutoff
_ Bandpass
Bandstop _ Options B 0.450 frequencies is fixed at 6 dB
Differentiator TR R (half the passband gain)
| Design Methiod Winciony: Hamming
IR |Butterworth
@ FIR |wWind
' =

Fig (3) : The specifications and the magnitude response of a digital LPF1 designed in MATLAB.
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— Current Filker Information — Impulse Response
X107
T T T
11 )| Al —— _E ___________ . -
Structure:  Direct-Form FIR 45l o o | H | || | | A R
Order: 250 o ' : | H | || | | ‘
Stable: es E P S S | 1, N N I
Source:  Designed g H| | || || HH H
) R | | S
E MR
i i
[ Store Fitter ... ] 0 1 E 3 4 3 &
Time (mseconds)
[ Fiter Manager ... ]
—ResponzeType___ _ FiterOwder_ Frequency Specifications — Magnitude Specifications
@ |Lowpass = || @ Specity order: 250 Units: kHz -
l Highpass -
. Minimum order Fa: 40 The attenustion st cutoff
] _) Bandpass
*) Bandstop  ptions A 0450 frequencies is fixed at 6 dB
l Differentiatar = Seale Passhand (hilf the passhand gain)
l | Designtethod || Wincdowe: Hamming
] IR |Butterworth -
@ FIR |'Wind
JI| & timew =

Fig (4) : The specifications and the impulse response of a digital LPF-1 and LPF-2 designed in MATLAB.

V. DESIGN OF THE DIGITAL BFSK DEMODULATOR USIGN DDFS IN QUARTUS 11 9.1
We have a DDFS which has the following parameters:
-The frequency stepis: 6f =3 Hz,F;x =50 MHz .

-The data signal (data) is square pulse of frequency Fgaa =0.100 KHz and frequencies of carrier signal fe0=1.2 KHz ,
fcar1:2.1 KHZ

-Modulation type: BFSK.

-The ROM capacity for the stored signal samples 8192X8 bits and their values are positive within the range from 0 to
255.

-The number of the accumulator bits is computed from the following mathematical relation [10]:

F
5f == (37)
_Fcu( n_FCLK_50X106_ .
of = o7 =2 = 5F 3 = 24 bits

-The frequency range for the carrier and modulating signals synthesizer is computed from the following mathematical
relation :

FCLK

5= 0..25MHz

Af=0....
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-To synthesize four signals of frequencies f;,,, = 40 KHZ , f.4ro = 1.2 KHz, f.4,1 = 2.1 KHz ,F;,;, = 0.100 KHz ,
the frequency code must be [10]:

f.2n

CodeF =L = (38)
FCLK
.20 40x 224
Code fgm = Lgm = ﬁ;:lm = o000 — 13422
20 1.2x2%
Code fogro = Learo = I ij" == = 503316
sam
20 2.1x2%
Code fogry = Logr = I C;” == = 880804
sam
Fiata-2™  0.100x 224
Code Fyprq = Lygrq = —2& = = = 41943

f:mm 40

The functional diagram of a digital amplitude BFSK modulator and coherence digital BFSK demodulator in Quartus 11
9.1 design environment is shown in figure (5), it consists of :

-BFSK-DDFS is allocated for shaping a digital coherence BFSK signal.
-CAR-DDFS is allocated for shaping a digital carrier signal with frequency 1.2 KHz and 2.1KHz
-DATA-GEN is allocated for shaping a square pulse signal with frequency 0.100 KHz.

-DEMODULATOR (digital coherence BFSK demodulator) is allocated for multiplying the BFSK signal and the carrier
signal.

-LPF-1, LPF-2 (tow digital low pass filters) is allocated for a selection modulating signal.

-Sampling signal generator is allocated for shaping a square pulse with frequency 40 KHz.
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Digital BFSK Demodulator,Fdata=100 Hz ,fcar0=1.2 KHz ,fcar1=2.1KHz ,fsam=40 KHz ,Fcut=0.450 KHz ,Fiter Order=250
PIN_AB
FIN_B3
Ipm_muxd PIN_C10
datal1x[7 0] PIN_B8
ETTTII s e
sgl
X1 LPF1
E——— — — 0 wmo
B “DEMATT. SN0 sow(z3.0] ¥
Fdata=100 Hz CARDT.Ol  BFSKIT.O) BFEK-SIGIT..0) '
DATA-FULSELZ) =1 CARI1[7..0] CAR-SIGO[7..0] —
DATA instd instd
S p'e] i)
K2[23_0]
CLK QUT-DEM2[7..0] din[7.0]  sout[23..0] x
............... | BFSKSIGR.0] '
RESET CAR-SIG1[7..0] 1
[ @ ARG o e
CLOCK CARRO[7..0]
RESET CARR1[7..0]
........................................ [PHET ]
lpm_add_sub14
altaccumulate? “"'[” dataa[7 .0
UNSIGNED c:::: " resulll7. 0] i -;Pw Le
data[23..0] ot A S e B e
sam[23. 0]
clock aee result[23..0) . . o B
=3 PIN_B10
lpm_add_sub14 N_ATO
K270 IN_D11
:E dataal7_0 N A9
clock g T ST e FTERET ]
128
insti3
B ————
DATA-PULSE[23. 0]
CLK  DATA[23.0] o)
REST
nst2

Fig (5) : The functional diagram of a digital BFSK modulator and coherence BFSK demodulator in Quartus I1 9.1
design environment

The block diagram of a digital BFSK- DDFS in Quartus Il 9.1 design environment is shown in figure (6).

fcar0=1.2 KHz

CEERGT ] | ST

W

fcari=2.1 KHz

BFSK-DDFS

lpm_mux3

data1=[7.0]

CEERTTT ] | EN

H kb
CHETE | iR
H ke

datal=[7..0]

insti

rezultf7..0]

ze|

STET

[ BFSK[T.O]

Fig (6) : The block diagram of a BFSK-DDFS in Quartus Il 9.1 design environment

The results of the practical design of a digital BFSK-DDFS in Quartus Il 9.1 design environment for f;;m=40 KHz and
Fuata=0.100 KHz in time domain are shown in figure (7) and in figure (8) in frequency domain .
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Fig. 7: The data and BFSK signals with fsam=40 KHz and Fy.,=0.100 KHz in time domain.

G INSTEK e = Hutof: ™ (]

Fig. 8: The BFSK signal with fsam=40 KHz and Fg.=0.100 KHz in frequency domain.

The block diagram of a digital carrier DDFS in Quartus I1 9.1 design environment is shown in figure (9).

lpm _romi
_______
g -
¥ address[12..0] o[7.0] Ea R e VT ]
clock : -
nstz
altaccumulate0

UNEIGHED
data[23..0]
clock resulf23..0]

acc _[ x
aclr /
=
Ipm rom2
c[zz.n 1
3 address[12.0] a7 ] BT s BT ]
clock o :
altaccumulated nets

UNSIGNED
data[23..0] B
clock resut[23..0] clz. 0

acc _[ x
aclr /‘/
nstl

Fig (9) : The block diagram of a CARRIER-DDFS in Quartus I1 9.1 design environment
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The results of the practical design of a digital CARRIER-DDFS in Quartus 11 9.1 design environment for fea0=1.2 KHz
and fcan=2.1 KHz in time domain are shown in figure (10) and in figure (11) in frequency domain .

1% 1 ] G E T : 1gx

Fig. 11: The carrier0 fca0=1.2 KHz and carrierl fe1=2.1 KHz signals in frequency domain.

The results of the practical design of a digital sampling generator in Quartus Il 9.1 design environment for for f;.m=40
KHz intime domain are shown in figure (12) and in figure (13) in frequency domain .

Fig. 12: The sampling signal with fsam=40 KHz in time domain.
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The block diagram of a digital BFSK demodulator in Quartus 11 9.1 design environment is shown in figure (14).

CiK S REE
Ipm_add_sub Ipm_mults
e ey dataal7 0] p- Eleck
A result(7..0] dataa[7._.0]
128 Bn L) R v = s i o )
nst4 datab[7 0] :
nst
lpm_add_sub0
dataal7..0] I+
[ result[7..0]
~ El_l
== B
nets
FELR [ EET
Ipm_add_sub1
CEREREIETE
: resultf7 0]
lpm_mults
clock
dataa[7..0]
) P A e N TV 1 )
datab(7..0] ’
Ipm_add_sub0 nstt
CEEREIETT FEpr s i dataafr 0]
128
nstd

Fig (14) : The block diagram of a digital coherence BFSK demodulator in Quartus I1 9.1 design environment
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The block diagram of a digital data generator for F,,,,=0.100 KHz in time domain according to the previous
application using the FPGA chip placed on education and development board DE1 is shown in figure. (15).

Data Generator, Fdata=125 Hz

I R

Fdata=100 Hz altaccumulated

e UNSIGNED
P! data[23..0]

4154 e
= clock resultf23..0] ks M oY NN

E .................................. acc
] aclr //

REET L=

nst

Fig (15) : The block diagram of a digital data generator in Quartus 11 9.1 design environment

The results of the practical design of a digital data generator for F,;,.,=0.100 KHz in Quartus Il 9.1 design
environment in time domain are shown in figure (16) and in figure (17) in frequency domain .

Fig. 16: The signals of digital data generator with F,,.,=0.100 KHz in time domain.

e Pk, o i, o e o e o o e e e

IwUllgalLily SRLURLULLnLLIL g Rt UL OURULOUDRUIELUILG

Fig. 17: The signals of digital data generator for F,,,,=0.100 KHz in frequency domain.

VI. RESULTS OF DESIGN

The results of the practical design for the digital BFSK demodulator for F,,,,=0.100 KHz, fcao =1.2 KHz and fean =2.1
KHz intime domain according to the previous application using the FPGA chip placed on education and development
board DE1 are shown in figure (18) for LPF-1 and in figure (19) for LPF-2.
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Fig. 19: The input and output data signals for LPF-2 in time domain.

The results of the practical design for the digital BFSK demodulator for F,,.,=0.100 KHz, fearo =1.2 KHz and feap =2.1
KHz intime domain according to the previous application using the FPGA chip placed on education and development

board DE1 are shown in figure (20) for LPF-1 and for LPF-2.

Fig. 20: The input and output data signals for LPF-1 and LPF-2 in time domain.

Figure (18) shows the original data signal (square pulses at 100 Hz) and the output signal of the first filter (LPF-1 the
channel dedicate to bit '0" at 1.2 KHz).1t can be observed the both signals have the same frequency, but there is a time

delay between them caused by the computational processes within the 250-order filter.

Copyright to IMRJR imrjr.com Page | 19


https://imrjr.com/

e-ISSN 3108-026X

IMRJR International Multidisciplinary Research Journal Reviews (IMRJR)
A Peer-reviewed journal

Volume 3, Issue 4, April 2026 | DOI 10.17148/IMRJR.2026.030402

Figure (19) shows the original data signal (square pulses at 100 Hz) and the output signal of the second filter (LPF-2 the
channel dedicate to bit '1" at 2.1 KHz).It can be observed the both signals have the same frequency, but there is a time
delay between them caused by the computational processes within the 250-order filter.

Figure (20) combines the output signals of the first and second filters. This figure demonstrates that tow signals are
perfectly time-inverted (i.e . , when one is at a high level , the other is at a low level) , which is the required behavior for
proper coherent detection. This allow the data bits to be recovered simply by comparing the channels.

The results of the practical design for the digital BFSK demodulator for F,;,;,=0.100 KHz, feao =1.2 KHz and fean =2.1
KHz in frequency domain according to the previous application using the FPGA chip placed on education and
development board DE1 are shown in figure (21) for LPF-1.

(S VLA RS R RN

Fig. 21: The output data signal for LPF-1 in frequency domain.

These figures are taken from the screen of digital oscilloscope and digital spectrum analyzer (GDS-1052 digital
oscilloscope with Free Wave program), we can notice the identification between the theoretical results and the practical
results, which indicate the high accuracy of digital synthesizing and demodulation operations for these signals.

VI1. DISCUSSION AND CONCLUSIONS
-Due to the significant impact of phase discontinuity in the transmitted signal on the performance of coherent detection
in BFSK systems, this paper proposes and implements a design based on the use of tow independent DDFS generators
to produce the tow transmitted signals (1.2 KHz for bit '0' and 2.1 KHz for bit '1").Tow identical generators are also
employed in the receiver to serve as local oscillators for the tow detection channels .This arrangement insures complete
frequency and phase synchronization between the received signal and the local reference ,resulting in a stable and high —
performance detection process .
- Based on the practical results achieved from the implemented detector, it was found that the ripples appearing on the
output signals of the LPF filters are attributed to three main factors: the small frequency difference between the bit-0 and
bit-1 carriers, the low filter order due to limited FPGA resources, and the low cut-off frequency that truncates the spectrum
of the modulating signal and causes distortion. Therefore, to eliminate these ripples and distortions, it
is recommended to increase the frequency separation between the two carriers, raise the filter cut-off frequency, increase
the filter order, and use an FPGA with larger resources.
-The use of high-order of FIR filters makes the digital filtering process of the demodulator accurate and efficient.
-The higher order of FIR , the more unwanted frequency components are removed, thus improving the demodulation
process.
-Using DDFS techniques in communication domain allows implementing different digital modulation and demodulation
operations with high accuracy and speed in digital signal synthesizing, and with the ability of changing parameters in
wide range.
-Using DDFS techniques in communication domain allows implementing the digital processing in the communication
receiver on high intermediate frequency.
-We notice from the practical results the big identification-similarity between the theoretical results and the practical
results, which indicates the high accuracy of digital synthesizing and modulation operations for signals.
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-The designs can be developed and modified according to user requirements due to the use of reprogrammable chips
(FPGA).

-The most important thing in this paper is the possibility of changing the frequency of the data generator and the
frequencies of the carrier signals.
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