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ABSTRACT 
 
This research will provide system on chip design for pipelined 
digital filters module.Two basic but important FIR and IIR 
filters are going to be discussed. At first, the position of digital 
filters in digital system is explained. Then, MATLAB fdatool 
and scripts are used for filter design. Finally ,the 
implementation and verification of proposed filter processor 
are performed VERILOG hardware description language 
(HDL).All scripts, algorithm is clearly given. We hope that 
the research will be a great reference and an intellectual 
property core for engineers and researcher students. 
 
Key words: Application specific integrated design (ASIC), 
digital system design, digital filters, FIR, IIR, VerilogHDL, 
MATLAB fdatool,Model Simulation. 
 
1. INTRODUCTION 
 

Nowadays, it is no doubt about the important of digital 
signal on human beings [1]. Everywhere, every time, digital 
signal helps our living more comfortable and we cannot live 
without them. The system of generating, working with digital 
signals can be called digital signal processing system [2]. 
There are many sub-modules combined to DSP system and 
among them, digital filters are signal conditioners where their 
functions accept the raw signal to remove un-wanted parts and 
pass the remaining to output [3]. Filters can be found 
everywhere in our current digital age, for example a telephone 
line system which limits a range of human hearing; 
consequently, the quality of listening CD-music over the 
phone is not as good as we hear it directly [4]. In image 
processing, we also have the suitable filter for image such as 
RGB filter, image sharpening filter, image blur filter. 
Processing over time-domain signal are the common feature 
of digitals filters and the filters can be expressed as a 
convolution operator over time-domain signal [5].  
The purpose of our study is to analysis and design the system 
on chip system of two popular types of digital filter: FIR and 
IIR. The study is flexible, open and useful to be the 
intellectual logic cores which can be reused in future digital 
system with suitable digital design [6]. All the source codes 
and data of the study are conducted by using Model 
Simulation 10.4a tool student version and MATLAB 
R2019b.We organize the study as follows.In Section 2, we 
explain the role and position of FFT block on digital system. 

The analysis and design of pipeline FFT processor is 
explained in Section 3. In Section 4, the implementation and 
verification of FFT processor design are discussed. Finally, 
conclusion is given in Section 5. 
 
2. ROLE OF DIGITAL FILTERS MODULE ON 
DIGITAL SYSTEMS 

A. Overview of digital filter 
As classification via input signals, the filters can be divided 

into analogue filter and digital filter. An analogue filter 
combines many analogue components such as resistors, 
capacitors, and inductors which is widely used in many 
applications such as noise reduction, video signal 
enhancement, graphic equaliser. In contrast, a digital filter 
uses the discrete input signals. Therefore, it performs 
numerous calculations on sampled values of signal, the 
overall system model of digital filter can be seen in figure 1. 
In comparison with analogue filter, digital filter gives many 
advantages. The main advantages of digital filter are 
programable and easily to design, test, and implement. In this 
research, we focus on the digital filter, its design, and its 
application.  

 

 
Figure 1:Overall model of a digital filter. 

 
B. Digital filter module on digital system 

Since digital filter performs the calculation on discrete 
signal, the analogue input signal must first be sampled and 
digitalized using an Analogue-Digital-converter (ADC). As a 
consequence, in an overall digital system as figure 2, the 
position of digital filter is located after an ADC, and digital 
filters output will be inputs to Fast Fourier transform (FFT) 
module or are controlled to be input of 
Digital-Analogue-converter to convert back to suitable 
analogue form. Digital filter is an important part of digital 
system such as a general-purpose PC, or a specialized DSP 
chip.  

The most basic but popular digital filter is finite impulse 
response (FIR) which is usually implemented by a series of 
delays, multipliers, and adders, but there are no recursive 
parts.  In contrast, we have infinite impulse response (IIR) 
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which uses feed-back to keep more historical information 
active in the calculation. The processing of selecting filter 
length, filter coefficients are called digital filter design. 

MATLAB fdatool is a popular filter design tool, which is used 
for almost engineers to utilize digital filters, and it will be used 
through this research for the digital filter design. 

 

 
Figure 2: Position of a digital filter module on an overall digital system. 

 
Figure 3:  Smoothing FIR filter simulation in MATLAB. 

3. DESIGN AND IMPLEMENTATION OF PIPELINED 
FIR FILTER 

A. Analysis of FIR filter 
Finite impulse response filter (FIR) is defined by scaled by 

coefficients and time-delayed versions of inputs signal, which 
has a general difference equation as follows, 

y[݊] = ෍ℎ௜ × x[݊ − ݅]
ேିଵ

௜ୀ଴

, 

where x is input signal (raw signal), y is filtered output, N is 
filter order, and h is coefficient of filters or impulse 
response.The above computation is also called the discrete 
convolution. As a simple structure, FIR filter has numerous 
properties make it to be preferable. The block diagram for 
4-orders digital FIR filter is given in figure 4 where D denotes 
the delay module. 

 

The most basic application of FIR filter is a moving average 
or smoothing filter. For example, when ℎଵ = ℎଶ = ℎଷ =
ℎସwe have an averaging module with order 4. In figure 3, we 
simulate order4,20 FIR filters by using MATLAB. The length 
of signal is 56, inputs signal x is just a random number, its 
graph is shown in the first paragraph at right corner. The y4 
and y20 are the FIR filters outputs for order-4 and order-20. 
Those paragraphs are shown. As we can see from the figure, 
the more order number we set, the more smoothing output we 
get. One of current application of FIR filter is in the pressure 
part in a communication between an active pen and touch 
screen where the 8 bits input is extended to 10-bits (1024 
pressure level) with some suitable coefficients.  

B. Implementation of FIR filter processor 
As a block diagram shown in figure 4, we use Verilog HDL 

to implement FIR filter for 4-orders. The implementation is 
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given as figure 8 where D-type Flip-flop module is used for 
one clock delay module, main module name is fir_4tap. The 
testbench is also given in figure 8 where MATLAB script to 
generate the inputs is attached. The example for testbench is 
same as the MATLAB simulation example in figure 3. The 
wave form of FIR design is shown in figure 9, the schematic 
view of FIR design also given in figure 9. As can be seen, 
result of proposed design is same as software simulation. 
 
4. DESIGN AND IMPLEMENTATION OF PIPELINED 
IIR FILTER 

A. Analysis of IIR filter 
The Infinite impulse response (IIR) gets their name since 

their impulse response extends for infinite period by recursive 
or feedback. The equation for IIR is given as, 

෍ܽ௜ × ݊]ݕ − ݅]
ே

௜ୀ଴

= ෍ܾ௜ × ݊]ݔ − ݅]
ே

௜ୀ଴

, 

where x is input signal (raw signal), y is filtered output, N is 
filter order, and  ܽ௜ , ܾ௜ are coefficient of filters, ܽ଴ = 1. As the 
equation for IIR filter, the corresponding block diagram is 
explained as figure 5 where we can use several sessions in the 
filter design. 

B. Implementation of IIR filter processor 
In this research, we design IIR filter for low pass filter 

purpose. Firstly, MATLAB fdatool is used for filter design as 
given in figure 10 where we input the sample frequency ܨ௦, 
pass frequency ܨ௣௔௦௦, stop frequency ܨ௦௧௢௣. Then, we will get 
the parameters of IIR filters such as number of sections (three) 
and numerators and denominators which are ܽ௜ ,ܾ௜ (coefficient 
of filters). In next step, we need to convert floating point 
number into integer forms to be used in Verilog HDL. The 
figure 6 shows the MATLAB script and the results of 
conversion. Consequently, the Verilog module of IIR is given 
in figure 11. The testbench for verification is given as figure 7 
where we consider the input as a mixed signal of three 
frequency ଵ݂ , ଶ݂, ଷ݂.  The MATLAB script to generate mixed 
signal is also given in figure 3 as well as testbench. Due to the 
length of input signal, the main part of testbench script is 
shown in figure 7, the remaining parts is same as output of 
attached MATLAB script. The wave form result of proposed 
design is presented in figure 12 where x is plot of mixed 
signal, y is filtered signal which consists of only expected 
frequency. 

 

 
Figure 4: A FIR filter block diagram. 

 

 

 
Figure 5:an IIR filter block diagram. 

 
Figure 6:IIR filter’s coefficients design. 

 
Figure 7:A testbench for IIR filter processor. 
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Figure 8: A FIR filter implementation via VERILOG HDL. 

 
Figure 9: Wave form result and Schematic view of FIR processor. 

 
Figure 10:  IIR design by a filter designer‘MATLAB fdatool’. 
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Figure11: IIR filter implementation via VERILOG HDL. 

 
Figure 12: Wave form result of IIR processor. 

5. CONCLUSION 
 

The research has analyzed pipelined digital filter design. 
The MATLAB fdatool and scripts to filter design and 
calculation are shown clearly. In addition, those filter design 
parameters have been used in hardware implementation by 
Verilog HDL. A visual testbench is discussed to show the 
novel of proposed digital system design. All source codes and 
scripts are available upon reasonable requests. 
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