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Abstract— Aim of the work is to implement coarse and fine 

delay to be added in a signal. This will be utilized in 

development of Channel emulator, Calibration of Phased 

array element for wideband signals, for an Echo canceller 

kind of Applications. The Coarse delay will be consisting of 

integer delay with respect to sampling frequency whereas 

Fine delay will be consisting of fractional delay with respect 

to sampling frequency. Various algorithms such as the brute 

forced Fourier method and using sinc function have been 

studied for coarse delay. Due to less complexity, sinc 

function method is used in our project. For fractional delay, 

various Interpolations based method, Hybrid analog to 

digital converter, least square integral error method and 

Lagrange Interpolation based method is studied and 

simulated. Trade off analysis is carried out for deciding 

algorithm for fractional delay considering implementation 

complexity, feasibility to implement on hardware and 

accuracy in terms of Mean square error and real time 

implementation. Proposed module will emulate time varying 

delay for testing satellite link performance and it will be part 

of satellite link emulator, and Phased array antenna which 

will correct differential group delay between elements which 

is consisting of integer and fractional delay. It will also 

compensate the delay between echo canceller output and the 

receiver input for echo cancellation.                   

Key words: Phased Array Antenna, Fractional delay, 

Interpolation, Sampling Frequency                           

I. INTRODUCTION  

Several Applications required to generate delayed signal. 

Several digital techniques have been implemented for 

delaying signal. In a Digital domain Signal delay value is 

equal to multiple of the sampling period [1]. If signal delay 

is integer multiple of sampling period that is called coarse 

delay and if signal delay is fractional part of sampling 

period that is called Fine delay. However, delaying a signal 

by Integer multiple of Sampling period can be Implemented 

easily compare with the delay that have the Fractional 

amount of Sampling period. 

In the modern world of communication it is 

necessary to „simulate and emulate before one can build a 

satellite ‟.So Regardless of satellite is being launch, all 

communications satellite system must be thoroughly tested 

before Implementation. Due to increasing need, it is 

required to accurately model the satellite link, optimize the 

design of system, testing link and estimate the cost and 

complexity of satellite system. Satellite link emulator is a 

hardware which replicate a behaviour of an actual system. 

When we transmit signal from Ground station on earth to 

the Satellite station various Impairments affects signal 

.Impairments like Time Varying delay, Doppler shift, 

AWGN Noise, Thermal Noise, Phase Noise, Rain 

Attenuation, Flat fading, Phase shift which affect the 

performance of the satellite link. Satellite link emulator 

emulates all these impairments and gives the output which is 

commensurate by all impairments. So it is required to delay 

signal by coarse and fine delay for the emulation of time 

varying delay and my project is to create module which will 

implement delay in signal and it will become a part of 

satellite link emulator for testing the performance of the 

satellite link. 

To receive Electro-magnetic signals an antenna is 

used. In case of a Simple Antenna it will receive this signal 

equally strong in all Directions. In many cases this is a 

usable approach for reception of signal. However, other 

systems like for example a Satellite communication system 

directivity signal is required. The use of antennas which 

suppress interference and noise is then required. 

Traditionally, satellite dishes were used for it but now 

Phased Array Antennas are slowly introduced as receivers. 

A phased array is an array of antennas in which the relative 

phases of the respective signals feeding the antennas are 

varied in such a way that the effective radiation pattern of 

the array is reinforced in a desired direction and suppressed 

in undesired directions. For beam-forming application, by 

processing all the elements, differential phase, differential 

amplitude, and differential group delay has to be calibrated 

and applied to each of the elements. It will make sure that 

there is no differential phase, amplitude and group delay 

between any of the elements before processing [2].So, for 

that my application is going to correct differential group 

delay between elements which is consisting of integer and 

fractional delay. 

II. SATELLITE LINK DELAY 

Satellite link Delay is amount of time required for signal to 

travel from Ground station to Satellite or Satellite to Ground 

Station. As, we know Satellites placed in orbit if we 

consider geostationary satellites then they are 35,790 km 

above the surface of the earth.So we can expect uplink delay 

of 120 ms[3].For this reason one way trip delay is 

approximately 240 ms .In Addition to this delays more delay 

could and will occur because within a satellite there are 

additional medium such as IFL cables connectors, 

amplifiers, converters, etc. For Medium Earth Orbit distance 

between Earth surface to Satellite is 1200-35790 km so we 

can expect uplink and downlink delay is between 4 ms to 

120 ms, and For Lower Earth Orbit distance between earth 

surface and satellite is 200-1200 km so we can expect uplink 

delay of ns 667 us to 4 ms. 



Study, Simulation and Implementation of Coarse and Fine Delay for Satellite Link Emulation 

 (IJSRD/Vol. 3/Issue 04/2015/353) 

 

 All rights reserved by www.ijsrd.com 1516 

Fig. 1: End to End Link Satellite Communication 
[1] 

III. THE BRUTE FORCE FOURIER METHOD 

The Simple way to delay Signal is to do it in frequency 

domain..According to Time shifting property of Fourier 

Transform, if the original signal is shift or delay in time by 

constant amount, output of the signal having same 

magnitude but its phase will change. Time delay doesn‟t 

change the magnitude of Original signal because our delay 

function is given as      as it is complex Exponential 

function it has 1 magnitude so it just it alters the phase of 

original signal[1].  

First, Convert Original signal from time domain to 

the frequency domain through the Fast Fourier Transform. 

After it, multiply the result of Fast Fourier Transform with 

the         Then take Inverse Fast Fourier Transform to 

convert back into the time domain. By this we get our desire 

delay through the brute force Fourier method. 

Sr. No. Parameter Value 

1 Input Frequency(sine wave) 10 MHz 

2 Sampling Frequency 125 MHz 

3 Sampling Period 8 ns 

Table 1: Parameters for Simulation in MATLAB 

 

Fig. 2: Coarse delay of 16 ns For the Brute Force Fourier 

Method for 10 MHz Input Signal 

 
Fig. 3: Fine delay of 2 ns For the Brute Force Fourier 

Method for 10 MHz Input Signal 

Due to the Circular nature of FFT sometimes delay operator 

is also circular this is significant disadvantage of this 

method due to time aliasing [4].This method is valid only 

when the signal is very short; the input to output delay is not 

concern because it requires acquiring and processing of all 

data .For a longer input sequences taking Fast Fourier 

Transform on hardware is not affordable. 

IV. USING SINC FUNCTION 

In this method signal is being delayed in time domain itself. 

We can delay signal in time domain with the help of sinc 

function. In The Brute Force Fourier method we multiply 

with complex exponential     with Fourier transform of 

original signal. But in this method we take the Inverse 

Fourier Transform of the        Hence; in time domain 

original signal is convolved with IFFT of complex 

exponential to introduce delay in the signal [1].    
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Fig. 4: Coarse delay of 24 ns Using sinc Functin method for 

10 MHz Input signal 

 
Fig. 5: Coefficient for Integer and Non-Integer value of sinc 

function 

 From figure 5 it can be conclude that in case of 

Integer delay value sinc function will be unity and other will 

be zero. When in case of Non-integer value since function 

will have infinite Number of Non-zero values. Hence, it is 

also Non-causal system so it is not practically possible to 

implement this method for Non-integer delay[5].This 

method is widely used to add Integer delay to the signal, but 

not feasible for Non-integer delay. 

V. LAGRANGE INTERPOLATION FIR FILTER 

Interpolation is a method of constructing new data points 

within the range of a discrete set of known data points [1]. 

For introducing fractional delay in discrete signal x (n) it is 

necessary to know the way to compute the amplitude of the 

underlying continuous-time signal x (t) for all t. There are 

many ways to do interpolation .I have selected Lagrange 

Interpolation method because The Lagrange interpolator can 

be interpreted as an FIR filter, the coefficients of which can 

be computed from the formula where N is the order of the 

FIR filter[6]. 

In general, the Lagrange polynomial, of order N, 

passing through N+1 samples {x(t0), x(t1), ... x(tN)} is 

given by the polynomial equation 

 ( )    ( ) (  )     (  )        (  )………….     (1) 

 Here each Lagrange coefficient LN(t) is itself a 

polynomial of degree N given by 

  ( )  ∏
    

     

 
   
   

………………………………………. (2) 

 The FIR (Finite Impulse Response) filtering 

implements a convolution of input signal with predefined 

coefficients to achieve filtering effect. The convolution 

formula is given by 

 
 
 ∑         

 
    ……………………………        (3) 

 The coefficients    are calculated from lagrage 

Interpolation formula 

 
Fig. 6: Design Steps for Lagrange Interpolation FIR Filter 

 
Fig. 7:  2 ns Fine delay by Lagrange Interpolation FIR Filter 

Method 

 
Fig. 8: 2,4,6  ns Fine delay by Lagrange Interpolation FIR 

Filter Method 

Input to the my project module is not specified, it 

may be sine wave or modulated wave .For sine wave as we 

increase the filter length mean square error is decrease and 

in the case of modulated wave mean square error is increase 

for square wave increasing filter length leads to distortion in 

signal .So, we can not take larger number of co-efficient for 

module. 

A. Simulation Test Methodology 

After Performing the filtering in Matlab it is necessary to 

measure phase difference between original signal and 

filtered output. For any Sinusoidal signal the peak of Fourier 

transform is at the frequency of input signal and initial phase 

of the signal, which is the phase of the Fourier transform at 

the peak. So from the measurement of the initial phase of 

the both original Input signal and filtered output signal we 

can find the Phase Difference and measure Time delay 

between the two signal. Following Figure shows the 

Algorithm to find phase difference between two signal in 

matalb. 
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Fig. 9: Design Steps for Simulation Test 

VI. FPGA IMPLEMENTATION 

FPGA offers the significant benefits of being readily 

programmable. An FPGA is a completely reconfigurable 

computer logic chip. Very High Speed Integrated Circuit 

Hardware Description Language (VHDL) is used as the 

designing language [7].The Virtex-4 FPGA Development kit 

provides complete development platform for designing and 

testing applications based on Xilinx virtex-4 FPGA family. 

The board includes 64MB of DDR SDRAM, 4MB of Flash, 

16-bit LVDS Transmit and Receive ports, programmable 

LVDS clock source, USB-RS232 Bridge, a 10/100 Ethernet 

PHY, 100 MHz clock source, RS-232 port, and additional 

user support circuitry to develop a complete system[8]. 

 
Fig. 10: Design Steps for Hardware Implementation of 

Lagrange Interpolation FIR Filter in FPGA 

The analog input signal must be sampled first and 

digitized using an ADC (analog to digital converter). The 

resulting binary numbers which represent sampled values of 

the input signal are passed to the FIR Filter, which performs 

numerical calculations. These calculations typically involve 

multiplying the input values by constants and adding the 

products together according to the equation of FIR Filter 

.Constants are calculated from the Lagrange Interpolation 

method. After it, the results of these calculations, which now 

represent sampled values of the filtered signal, are output 

through a DAC (digital to analog converter) and we would 

get our desired delay signal by Lagrange Interpolation Filter. 

 

 

Fig. 11: Test Setup for Hardware Implementation of Lagrange Interpolation FIR Filter 

 
Fig. 12: 1 ns Delay for 10 MHz Input Signal 

 
Fig. 13: 2 ns Delay for 10 MHz Input signal 
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Fig. 14: 4 ns Delay for 15 MHz Input signal 

 
Fig. 15: 2 ns Delay for 25 MHz Input signal 

VII. FIFO 

In Matlab we can delay signal by Integer multiple of 

Sampling frequency with the help of the sinc function. 

However we also need to implement integer delay in 

FPGA.For this we will use FIFO Mechanism.  

A FIFO (First in First Out) Buffer is Memory 

storage between two subsystems .It has two control signals 

for Read and Write Operation. When Write Control signal is 

asserted, the input data is written into the buffer .The Write 

signal is acts like “Remove” signal. When Read Control 

signal is asserted the first data sample in buffer is removed 

and new data is written into the buffer .Following Figure 

Shows the Conceptual Diagram of FIFO Buffer. 

 
Fig. 16: FIFO 

Here we are using FIFO mechanism to implement 

delay so first we store data in buffer and when Buffer is full 

then we start reading Operation from the buffer. Here 

Number of  Buffer element will decide Coarse Delay. We 

want To Delay Signal by 40 ns. It means we required 5 

elements FIFO Buffer to delay signal by 40 ns. Here we are 

taking sampling period of 8 ns. 

 
Fig. 17: Time delay Calculation 

In the FIFO First element is removed from buffer. 

So, Suppose Initially there is no data in buffer .When Write 

signal is asserted in buffer, input data is written in to the 

buffer. Note that only Write signal is asserted in buffer. 

Here at every clock value of Write pointer is incremented by 

1.When Value of Write pointer reaches to Maximum value 

then current value of write pointer is copies into the read 

pointer and Reading operation will start. So in this way we 

get our delayed bu using FIFO Buffer. 

It is difficult to measure large number of delay or 

which is more than 360° in terms of Phase. So here we take 

10 Hz signal to test this   FIFO based mechanism. First we 

devide ADC Clock 125 MHz to 10 Hz and then up sample it 

so its can work with our algorithm which is operated at 125 

MHz Sampling Frequency. When Buffer is Full First sample 

is removed and new sample entered in buffer. So this way 

we can delay signal. Following Figure shows the design 

steps to test algorithm. We will test Input Signal 10 Hz and 

delayed signal in pin from  system ACE™ Module 

Connector .Here we used AB6 and AB7 pins. 

 

 

Data Written into FIFO Data Read from FIFO
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Fig. 18: 1 ms Delay for 10 Hz Input Signal 

 
Fig. 19: 40 ns Delay for 10 Hz Input Signal 

VIII. CONCLUSION 

Before launching of any communication or Navigation 

satellite, it is required to test at ground with actual operating 

condition. For that Satellite channel emulator play vital role 

in testing of satellite on ground. In this Project as a part of 

Channel emulator a variable coarse and fine delay are 

simulated with different algorithm as well as algorithm for 

coarse and fine delay are implemented on hardware. In case 

of fine delay the minimum achieved resolution is 0.5 ns 

using Lagrange Interpolation FIR Filter, and for Coarse 

delay maximum 1 ms of delay is implemented on hardware 

using FIFO Mechanism. These algorithms are independent 

of input frequency and results are shown for 10 MHz to 50 

MHz of IF frequency. 
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