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Abstract: In this paper, we discuss a practical mechanism of digital matched filtering which maximizes of output SNR
for square, triangular , Gaussian pulse signals and other pulse signals in presence of additive white Gaussian noise
(AWGN) by using a digital matched filter (DMF) corresponding to time domain convolution algorithm of input and
reference signals using Cyclone Il EP2C70F896C6 FPGA from ALTERA placed on education and development board

DE2-70 with the following parameters: sampling frequency F.,, =50MHz, pulse width 7, =645, pulse period
T =12us , samples number (length of reference signal) is 300, the ratios of signal to the noise at the input of the filter

is SNR» =1/1,1/2,1/3,1/8, processing gain factor is 25dB.

The results of filter operation are evaluated using a digital oscilloscope to display the input and output signals for different
SNR 5 -
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l. INTRODUCTION
Digital matched filtering is widely used to process radio pulse, square pulse, LFM pulse, BPCM signals in modern radars,
modern communications GSM, GPS receivers, and others, so the filter which realizing the digital matched filtering
algorithm considers the basic and important element in the receiver. This filter defines the basic features for the receiver
such that, signal extracting capability from noise, receiver sensitivity, jamming resistance [1].

Nowadays, different digital processing algorithms are used, such that digital convolution algorithm in time domain, and
digital convolution algorithm in frequency domain [2].

Complex digital convolution algorithm between input and reference signals considers the most rapid and practical one,
and operates in real time, so we will introduce the mathematical model for this algorithm [3].

1. RESEARCH IMPORTANCE AND ITS OBJECTIVES

-Using the digital matched filtering for square pulses signal on the background of additive white Gaussian noise effect.

-Using modern digital techniques to design the digital matched filter which allow getting on the desired processing gain
factor under effect of interference and additive white Gaussian noise signals.

-Using parallel digital convolution algorithms which makes the processing operation within the real time.
1. RESEARCH MATERIALS AND ITS WAYS

To design, and test the DMF for square pulses signal on the background of additive white Gaussian noise, the following
tools and software are used:

-Cyclone Il EP2C70F896C6 FPGA chip from ALTERA with highly accuracy, speed, and level specifications, placed
on education and development board DE2-70 [4].

-DDFS which is considered as highly accuracy techniques in square pulses signal synthesizing and DPNG to synthesize
white noise and they were designed on FPGA chips.
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-Digital FIR filters of Highly accuracy specifications in filtering and stability and linear phase response.

-VHDL programming language with Quartus Il 9.1 design environment.

-MATLAB11 programming environment for digital filter designing and filter coefficients computing.
-GDS-1052 digital oscilloscope with Free Wave program to take the results.

-PC computer for designing and injecting the design in the chip.

V. DIGITAL CONVOLUTION ALGORITHM IN TIME DOMAIN FOR DMF

Fig. 1 shows the analog square pulses signal according, the width of these pulses is 75 and the period is T , this signal

is given by the following relation [5]:
1 for 0<t<
S(t) = L)
0 for anothert

Fig. 1: Square pulses signal

The square pulses are synthesized by DDFS according to the Fig. 2 using a digital accumulator and clock pulses of
frequency 50MHz. the frequency code which accept T =124 is computed according to the following relation [6]:

FS :1: FCLK'LSQ (2)

2n

—

Where:
n: the number of phase accumulator bits (n=32 bits), Fcik: clock pulses frequency (FcLk=50MHz), Lsq: frequency

code according to Fsq , T: square pulses period where: T =124, Fy, =1/T =83.333KHz , Then:
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Fig. 2: Square pulses signal diagram using Quartus I1 9.1
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The digital matched filter order for square pulses signal is defined by the taken samples number within the pulse width

according to the following relations [7]:

M= -T2 T 3
Tsam Tsam 2 'Tsam
So, the filter order N equals to:
M =5 :T/2: T _ 12 300
Tsam Tsam 2'Tsam 2*20*10

Where:

M: samples number (filter delay stages), so the filter order N is given by the following relation:

N=M-1 @)

The square pulse of width (Ts) is replaced by the digital samples humber M using the sample pulses of period TSam

according to the diagram shown in Fig. 3.
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Fig. 3: The filter order identify

The response of filter can be represented according to convolution function in time domain by the following relation

(8]:

Y= {S-mHm} ()

Fig. 4 shows the digital convolution algorithm diagram between the input signal and the reference signal of M length.
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Fig. 4: Time convolution algorithm Y (n) for input and reference signals with length M

Fig. 5 shows the studied diagram of DMF for a digital convolution algorithm Y (n) [9]. It consists of:
-Direct digital frequency synthesizer (DDFS) to create the square pulses signal with required specifications .
-Digital pseudo-noise generator (DPNG) to synthesize additive white Gaussian noise signal [10].

-DMF with digital convolution algorithm in time domain.

-DAC of 8-bits to transform the signal samples from digital to analog form for input and output signals of the digital
matched filter.

-PC to link DE2-70 through USB port to inject the design in Cyclone 1l EP2C70F896C6 FPGA chip [4].

-Digital oscilloscope GDS-1052U with USB port for taking the input and output signal Fig.6 of DMF in time domain
for different cases of SNRie. This research is carried out for the square pulses signal and DMF of the following
specifications.

V. THE SQUARE PULSES SIGNAL SPECIFICATIONS
-Processing is done at video frequency.
-Signal type is square pulses.
-Modulation type is without modulation.

-Sampling frequency is: F,,, =50MHz, T, =0.02s.

S sam

© IJARCCE This work is licensed under a Creative Commons Attribution 4.0 International License 4


https://ijarcce.com/
https://ijarcce.com/

IJARCCE ISSN (O) 2278-1021, ISSN (P) 2319-5940

International Journal of Advanced Research in Computer and Communication Engineering

Impact Factor 8.102 :: Peer-reviewed & Refereed journal :: Vol. 13, Issue 4, April 2024
DOI: 10.17148/IJARCCE.2024.13401

-Pulse width is 74 =6 45 .
-Pulse period is T =124
-Samples number (reference signal length): M =7, /T =6/0.02=300.
-The single delay step: o7 =T, =20ns.
-SNR,» =1/1,1/2,1/3,1/8
VI. DMF SPECIFICATIONS

-The length of processing word for the input signal is signed 8-bits.

-The used digital multipliers number is 300 with 9x9 bits.

-The shift registers number is 2*300 SR with 8-bits according to the Fig. 6.
-Adder has 300 inputs with 16-bits, and one output with 27-bits.

-Different logic and mathematic operations (AND, NOT, XOR, etc).

-The capacity of used memory is 10 KB.

-DMF order is N=M-1=300-1=299.

-Input data flow speed 8bit every 20ns:

8x50x1000000/(8x1024x1024)=48 MBPRS

-Processing speed is 300 multiplying, adding, shifting and conversion operations through 20ns which equal (15) billion
operations per second by using parallel processing (adding, shifting, multiplying, and dividing 300 digital samples with
8-bits length through one period for sampling pulses, that is, 20ns), this equivalent to 15 GHz processor clock frequency,
so the processing is done simultaneously on-line.

-Processing gain on the filter output is [7]:

SNRour
=———>L=10log(M 6
T e CORNC

Then:

Kye = SNRoyr /SNRyp = M =
K, (dB) =10logM =10log300=25dB

Fig. 6 shows a digital convolution algorithm with M=300 in case of constant parameters signal (frequency), so the sample
values of the reference signal are recorded for once time in shift registers H(0)....H(299) during the pulse width by Single
M signal, the input signal samples are recorded for once time in symmetric form with the input signal, then the time
convolution is computed between the two signals every sample pulse .

There is a possibility to develop this algorithm through serial connection for several algorithms in order to get high filter
order and processing gain factor up to 36dB.
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Fig. 6: digital convolution algorithm for DMF in time domain of length M=300
VII. THE ALGORITHM OF NOISE INTERFERENCE SIGNAL GENERATION(DPNG)

This signal is of white noise type and has amplitude equals to 100% ,200% ,300% ,800% from the square pulse signal
amplitude and exists within the filter pass bands and is considered as the fifth interference signal.

To generate the white noise signal, a digital pseudo noise generator DPNG is used, which consists of a shift register of
k=60 bits and clock pulses of frequency equals to sampling frequency of 50MHz with maximum periodic time (TDPNG)
for the generated series [10]:

TDPNG = (Zk _1) *Tsam (7)
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Fork=60,T_,, =0.0215 =
Tome = (2°° =1)*0.02%10°° = 2.3*10°s

Topne = 2.3*10' /(3600* 24*365) = 731.2 Year

Where k the number of shift register bits.

According to the diagram shown in Fig. 7, which consists of the following parts:

-Shift register of 60 bits and clock pulses with sampling frequency of 50MHz.

-Feedback circuit by using XOR gate and NOT gate.

The Fig. 8 shows the formed noise signal.
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Fig. 8 The white noise signal of Fsam=50MHz on the oscilloscope screen
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VIIl.  PRACTICAL RESULTS

The practical design results in time domain for input and output signals of the DMF were taken by digital oscilloscope
of type GDS-1052U.

Fig. 9 shows on the channell of the oscilloscope the square pulses signal without noise effect on the DMF input and on
the channel2,the same signal is shown but on the output of the filter. From this Fig.7 we note that the pulse width on the
output of the filter is twice increased considering that the designed filter is definitely specialized to this signal.
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Fig. 9: The input and output signals of the DMF without noise case

Fig. 10 shows on the channell of the oscilloscope the square pulses signal under effect of noise of SNR ne=1/1, which
applied on the DMF input and on the channel2, the same signal is shown but on the DMF output. We note from this
Fig.8 , that the signal was extracted on the filter output concerning that the filter is designed for this signal, and it may
possible to filter the signal with level less than the previous case, because of AWGN existence with SNRnp=1/1.
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Fig. 10: The input and output signals of the DMF in case of SNRnp=1/1
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Fig. 11 shows on the channell of the oscilloscope the square pulses signal under effect of noise of SNR np=1/2, which
applied on the DMF input and on the channel2, the same signal is shown but on the DMF output. We note from this

Fig.11 , that the signal was extracted on the filter output concerning that the filter is designed for this signal, and it may
possible to filter the signal with level less than the previous case, because of AWGN existence with SNRnp=1/2.
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Fig. 11: The input and output signals of the DMF in case of SNRnp=1/2

Fig. 12 shows on the channell of the oscilloscope the square pulses signal under effect of noise of SNR np=1/3, which
applied on the DMF input and on the channel2, the same signal is shown but on the DMF output. We note from this
Fig.12 , that the signal was extracted on the filter output concerning that the filter is designed for this signal, and it may
possible to filter the signal with level less than the previous case, because of AWGN existence with SNRnp=1/3.
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Fig. 12: The input and output signals of the DMF in case of SNRnp=1/3

Fig. 13 shows on the channell of the oscilloscope the square pulses signal under effect of noise of SNR ne=1/8, which
applied on the DMF input and on the channel2, the same signal is shown but on the DMF output. We note from this
Fig.13, that the signal was extracted on the filter output concerning that the filter is designed for this signal, and it may
possible to filter the signal with level less than the previous case, because of AWGN existence with SNRnp=1/8.
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Fig. 13: The input and output signals of the DMF in case of SNRnp=1/8

IX. CONCLUSIONS

-The using of modern digital techniques of kind FPGA permit of design digital matched filters by digital convolution
algorithms between input signal and the pulse response of the filter to obtain the required specifications with required
processing gain, these techniques have high accuracy in design and performance speed (until to 250MHz),and the high
integrated level (hundred thousands of digital integrated functions within one digital chip FPGA).

-FPGA techniques permit of developing DMF algorithm through serial connection of some algorithms of 300 order or

more in input and output to obtain a big signal base and processing gain reach until 36 dB, this makes the square pulses
have a high effectiveness by noise and jamming existence.

-From practical results which obtained, we note the possibility of receiving and processing a signal in cases of SNRnp=1/8
<< 1, and this means that the signal on the filter input is not seen at all, but on the filter output, the signal is so clear
because of digital matched filtering operation which achieve a matched processing gain proportional to samples number:

K, (dB) =10logM

-By increasing (M) it may be increase the processing gain and extract the signal under worse conditions than SNR<1/8.

-Changing the square pulse specifications, the DMF specifications will be change, so every square pulse has a special
DMF. To make the filter structure (algorithm) constant when the square pulses specifications change, the ratio between
the pulse width and the sample pulses period should be constant, this means [7]:

(8)

M =7, /T, =const

That is, for the designed filter where T, =0.0248,75 =645,50: M =74 /T, =6/0.02=300

For F,,, = 60MHz, the pulse width must be 75 =300X(1/60) =545 .
For F,,, =50MHz, the pulse width must be 73 =300X(1/50) =645 .
For F,,, =30MHz, the pulse width must be 74 =300x(1/30) =105 .
M =17, /T, =75.F,,=constant=300
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-This algorithm of digital matched filtering successfully works whatever the type of impulses (square , triangular ,
Gaussian ,...., etc).
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