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ABSTRACT

Digital filtering algorithms are most commonly implemented using general
purpose digital signal processing chips for audio applications, or special purpose
digital filtering chips and application- specific integrated circuits (ASICs) for higher
rates. Based on the study digital filter which is Infinite Impulse Response (1IR) filter,
the filter is generally used in the lower sample rates, that is less than 200 kHz (2009)
[2]. These filters are used over a wide range of sample rates and are well supported in
terms of tools, software, and IP cores. In this research, a high performance and area
optimized infinite impulse response (IIR) filter realization in field programmable
gate arrays (FPGAS) is proposed. The advantages of the FPGA approach to digital
filter implementation include higher sampling rates than are available from
traditional DSP chips, lower costs than an ASIC for moderate volume applications,
and more flexibility than the alternate approaches. Since many current FPGA
architectures are in-system programmable, the configuration of the device may be
changed to implement different functionality if required. The main goal of this
project is to mapping data flow graphs (DFGs) from the BiQuad architecture direct
form 11 of Infinite Impulse Response filtering algorithms into application specific
structure is considered. This filter realizes BiQuad Methods was structured with the
high throughput, high clock frequency (Fmax), low Critical Path Delay (CPD), and
low Latency (L). Optimization method is proposed which provides designing
pipelined structures, concurrent, minimal resource utilization and minimized
sensitivity to truncation errors. A digital filter which is compatible with simulation
tool (software) Verilog HDL Quartus Il and Matlab presented in preliminary results

chapter 5.

Keywords — Digital IIR filter, FPGA, Verilog HDL, MATLAB, and Quartus II.
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ABSTRAK

Digital penapisan algoritma adalah yang paling biasa dilaksanakan dengan
menggunakan tujuan umum digital cip pemprosesan isyarat untuk aplikasi audio,
atau tujuan digital cip penapisan khas dan litar bersepadu khusus aplikasi (ASIC)
untuk kadar yang lebih tinggi. Berdasarkan kajian penapis digital yang mana Impulse
Response Infinite (IIR) biasanya digunakan dalam kadar sampel yang lebih rendah,
dan kurang daripada 200 kHz (2009) [2]. Penapis ini digunakan dalam pelbagai
kadar sampel dan disokong dari segi alat, perisian, dan teras IP. Dalam kajian ini,
infinite impulse response (IIR) dioptimumkan menggunakan field programmable
gate arrays (FPGASs) dicadangkan. Kelebihan pendekatan FPGA untuk pelaksanaan
penapis digital termasuk kadar sampel yang lebih tinggi daripada yang boleh didapati
dari tradisional cip DSP, kos yang lebih rendah daripada satu ASIC untuk aplikasi
jumlah yang sederhana, dan lebih fleksibel daripada pendekatan alternatif. FPGA
memang telah banyak digunakan dalam sistem diprogramkan, konfigurasi peranti ini
boleh diubah untuk melaksanakan fungsi yang berbeza jika diperlukan. Matlamat
utama projek ini adalah untuk pemetaan graf aliran data (DFGSs) daripada BiQuad
bentuk langsung Il. Menyedari Kaedah BiQuad telah distrukturkan dengan
pemprosesan yang tinggi, dan frekuensi yang tinggi (Fmax), tempoh masa yang
rendah (CPD), dan Latency yang rendah (L). Kaedah pengoptimuman adalah
dicadangkan yang menyediakan bentuk struktur saluran maklumat, serentak,
penggunaan sumber yang minimum dan sensitiviti dikurangkan kepada kesilapan
pemangkasan. Satu penapis digital yang serasi dengan simulasi alat (perisian)
Verilog HDL Quartus 11 dan Matlab dibentangkan dalam keputusan awal bab 5.

Kata Kunci — Penapis IIR , FPGA, Verilog HDL, MATLAB, dan Quartus II.
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CHAPTER 1

INTRODUCTION

Digital filter has been a subject of interest for Digital Signal Processing
(DSP) systems due to its enormous technology impacts and limitless applications.
With the advancement of silicon scaling and digital architecture, Field Programmable
Grid Array (FPGA) is also no longer a stranger in the electronics field. In this
chapter, an overview of digital filters and FPGA is presented. This is followed by the

motivation, objectives and the scope of work that would be achieved in the project.

1.1 Introduction to digital filter

In electronics, computer science and mathematics, a digital filter is a system
that performs mathematical operations on a sampled, discrete-time signal to reduce
or enhance certain aspects of that signal [3]. Refer figure 1.1 illustration on how the
filter works. The figure illustrated on the Band Stop filters which to eliminate the
certain frequency which not allowed passing to the system. The red line is
determined by filter characteristics which are called cutoff frequency. Basically for

band stop the cutoff frequency has lower side and higher side fcl and fc2.
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Figure 1.1: Illustration of digital filter Band Stop

A digital filter is a Linear Time Invariant (LTI) system, if it satisfies the

properties below [1]:

1 Linearity — If a scaled input Kx(n) produces an output Ky(n) (where K is
any arbitrary constant), the system satisfies the condition of homogeneity. If
the output is K;y;(n) + K, y, when the input is K;x; (n) + K5 x,, then the
system satisfies the superposition property. The system is said to be linear if
it fulfills both homogeneity and superposition properties.

2 Time Invariant — If the output is y(n — M) when the input is delayed by M
samples, that is, when the input is x(n — M), the system is said to be time-

invariant.

The LTI digital filter system translates input-to-output relationship by
performing numerical calculations on discretely sampled signals. A block diagram of
a digital filter system is shown in Figure 1.2. In order for the signals to work in the
digital domain, first, the analog input signal x(t) must be sampled and digitized using
Analog-to-Digital Converter (ADC). This digitized form is a binary representation of
the input voltage at the instant of sampling, n. The model for a digital filter system
can then be described by a circuit diagram showing the interconnection of its
components, which are the delay elements, multipliers, and accumulators. The digital
filter will be capable of performing numerical calculations on resulting binary
numbers, such as multiplying the input values of constants (coefficients) and sum up
the products together to produce the output y(n). The output is finally converted back
to analog via a Digital-to-Analog Converter (DAC) [1].



This signal is then processed using any processing device (DSP, FPGA,
CPLD etc.).

x(t) AD ()} | Processor {y(n)} DiA vit)
> converter * | DSP, FPGA, CPLD ... T converter

Figure 1.2: Digital Filter System

1.1.1 A Sampling Theorem

According to the sampling theorem, frequency limited continuous signal x(t)
can be reconstructed from its discrete samples if the sampling frequency is at least
Fs=2fc, where fc is the cutoff frequency in the continuous signal frequency
spectrum. Analog signals (audio, video etc.) can therefore be processed digitally and
the processing result can be converted to analog domain. One of the key
requirements for correct processing of analog signal x(t) is the frequency of its
sampling Fs. The sampling frequency must be at least twice the highest frequency of
the frequency spectrum of a signal x(t). To properly reproduce 20 kHz audio signals,

it must be sampled at least 40.001 times per second (20.000 x 2 + 1).

1.1.2 Type of filter and it characteristics

Digital filters can be divided into two broad categories, namely FIR and IIR
filters. For FIR filters, the filter output depends on present and previous input samples
x™ tox™P. The inputs are delayed using delay elements in the circuit, multiplied by

coefficients a to a and added together. Characteristic equation of a typical FIR filter is:

y'=apx™ + ap x4+ apx™TP (1.1)



Where p is the filter order, a, a, and a, are coefficients, x™ is the filter input at the time

step n, and y™ is the filter output at the time step n.

Meanwhile, for the IIR filter, output depends not just on a set of input samples, x"
to x™P, but also on a set of previous output, y™*~1 toy™ P . These are multiplied by
coefficients a, ....a,and b, ....b, before being added together. In other words, it is
recursive as the output needs to feedback into the input for computation. This can be

described by its characteristic equation as given by:

Y= apx™ + ag x4 apx™P + byy™ Tt + byx™ P (1.2)

Compared to FIR, phase response of an IIR filter is non-linear, and the
hardware implementation will be more complex. Most IIR filters can be designed
using an analog filter model, such as Butterworth, Chebyshev, and Elliptic. In this

paper, main focus will be on IR type digital filter.

1.1.3 Why digital filter implemented?

Digital filters are used extensively in all areas of electronic industry. This is
because Digital filters have the potential to attain much better signal to noise ratios
than analog filters and at each intermediate stage the analog filter adds more noise to
the signal, the digital filter performs noiseless mathematical operations at each
intermediate step in the transform. The digital filters have emerged as a strong option
for removing noise, shaping spectrum, and minimizing inter-symbol interference in
communication architectures. These filters have become popular because their
precise reproducibility allows design engineers to achieve performance levels that

are difficult to obtain with analog filters [5].

Besides above advantages, digital filters offer numerous advantages such as
reproducible response, not temperature sensitive, and programmable, which is
superior over the analog filters [1]. Performance-wise, digital filters offer lower pass

band ripple, faster transition, higher stop band attenuation, linear phase in time



domain over its analog counterpart. Besides, digital filters are able to take full
advantage of the advanced submicron technology that IC chip makers are able to
offer today. Nevertheless, the downside of digital filter is the aliasing of digital signal
caused by sampling effects. Unlike analog filter, digital filter are unable to pass
power and requires a power supply. It might also encounter interference where out-
of-band signals are frequency shifted and appear in the pass band. Applications of
digital filtering are enormous, including noise suppression in consumer electronics,
selectively filtering electrical signals such as brain, heart, neurological signals from
human body in biomedical applications, image enhancements of high frequency
image elements, bandwidth limiting of intended television and radio signals in

communications and many more [1].

Digital processing of continuous signals Digital signal processing has very
broad application areas, ranging from simulation of analog (continuous) networks on
digital computers to the development of new digital systems that will completely
replace analogue. There are many advantages of digital over analog signal
processing. Digital signal processing can be realized with higher degree of accuracy.
Then, one computer can simultaneously perform multiple digital signal processing's.
Digital networks are very flexible, easily can be changed by changing the program

parameters [4].

1.1.4 Why IIR instead of FIR

Infinite impulse response (IIR) filters are widely used in digital signal
processing systems due to the following causes. IIR filters are rigorously analogous
to well-known and widely used analog filters. Finite impulse response filters (FIR)
have computational complexity several times as much as IIR filters have. In most
cases IIR filters are implemented by signal processors and ASICs, which architecture
is adapted to filtering algorithms. For a long time IIR filters represent applications of
FPGAs in the digital signal processing [6]. Implementation IIR filters in FPGA has a
set of advantages, such as full adaptation of implemented in FPGA structure to the

filtering algorithm, high throughput, hardware utilization effectiveness, achieving



high rate of calculating precision. In many special applications, like high speed
communications, image computing FPGA is the only solution for IIR filters
implementation. In the representation data flow graphs (DFG) for IIR filtering
algorithm, its optimization, and mapping into the structure are considered taking into

account structure forming properties of modern FPGAs [7].

1.2 Why FPGA

In some high performance applications, an FPGA or ASIC is used instead of a
general purpose microprocessor. FPGA becomes a platform of choice for hardware
realization of computation-intensive algorithms due to

» Design flexibility due to its re-configurable/programmable

» Rapid prototyping of complex algorithms

+ Simplifies debugging and verifications

« Able to develop hardware design techniques such as parallelism and

pipelining

Clocking
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Figure 1.3: Internal structures of generic FPGA
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1.3 Design challenging

Characteristics of digital networks are stable, and reliability is great. We
should not neglect the fact that the price of digital components is significantly lower
than the cost of analog components. In terms of physical dimensions of the networks
the advantage is also on the digital processing side. The limitation of digital networks
is that the signal processing takes some time. Also, the use of digital networks for
processing high frequency digital signals is limited. Besides the limitations related to
the speed of digital signal processing digital networks have more drawbacks, such as
the existence of the noise and low dynamic of the signal. Noise cannot be avoided
because it occurs as a result of signal quantization, rounding of the product and
rounding of the sum in the numerical calculations. Noise reducing and increasing of
the signal dynamic can be achieved by increasing the length of digital words which
are used to represent numbers. However, the speed of filter reduces with digital word
length increasing. It is therefore necessary to find compromise between the filter

speed and the size of the noise generated by digital network [2].

These devices are extremely flexible, but are limited in performance. High
performance designs for filtering at sampling rates above 100 MHz have been
demonstrated using CMOS [8] and Bi-CMOS [8] technologies. In this research the
same performance can be achieved by structuring the architecture based on correct
approach in FPGA, these efforts expected to produce high performance filter designs

for specific application domains.

Although nowadays more than 500 DSP blocks available, and even very large
order filters can sustain input sampling rates over 400 MHz and the performance far
exceeds even the fastest DSP processors by orders of magnitude, in this research we
more focused to solve the objectives by targeting the performance at 200 MHz and to

bring the existing work into the hardware realization FPGA.



1.4 Problem statements

Based on the paper “Hardware Implementation Analysis for Digital Filters”
and “An approach to Digital Low-Pass IIR Filter Design” they are limitation on the
high performance digital filter sampling frequency.

According to the paper “FPGA IMPLEMENTATION OF DIGITAL
FILTERS” high performance design can be categorized when the sampling rate
100Mhz, and for filtering at sampling rates above 100 MHz have also been
demonstrated using CMOS and Bi-CMOS technologies, using approaches ranging

from full custom to traditional factory-configured gate arrays.

Therefore this research interest is to design the high performance IR digital
filter using the same approach BiQuad architecture and FPGA cyclone Il family
benchmark with the current design on paper “FPGA IMPLEMENTATION OF
DIGITAL FILTERS”

1.5 Research objectives

To explore the three architectures of high performance IIR Band Stop filter in
FPGA using the 2nd order of BiQuad architecture and cyclone Il device FPGA
family.

Band stop IIR Filter design specifications are tested:
e Butterworth filter
e BiQuad 2nd order
e Cutoff Frequency 1 = 6 kHz
e Cutoff Frequency 2 = 15kHz

We will only focus on band stop but can easily be extended to any different
digital filters but restricted to IIR



1.6 Research Motivation and Objectives

Research on digital filter implementation over the years has concentrated on
custom implementation using various ASIC technologies. Several potential
shortcomings of custom Very-Large-Scale Integration (VLSI) ASIC approach [1]:

=>» Lack of flexibility in custom approach — Custom devices are often suited only
for use in particular application, not reconfigurable.

=>» Forestall the cost effective evaluation — Only high volume applications or
extremely low volume applications can justify the expense of developing a
full custom solution.

=> Lack of adaptability — Does not allow user to modify the function of a device.

=> Lack of report of filter algorithm to implement in FPGA.

Although these problems can be overcome with sufficient forethought, the
costs in performance, design complexity, and additional design time often preclude
flexible solutions. Field Programmable Gate Arrays (FPGAS) can be used to alleviate
some of the problems with custom approach as they are programmable logic devices.
In-system programmable allows modification of the operation of the device through

simple reprogramming.

Therefore, the objective of this project is to illustrate the approaches in designing

modern digital filters in FPGA as listed below:

1) Single cycle (concurrent)
2) Multi Cycle (resource constraints)
3) Pipelined

This research was not the first time carried out, but it is leverage from
previous master student work. The previous work more to the study of the digital
filter, approaches, and also finding the suitable architecture. Therefore in this
extended research, the focus more the higher performance digital filter design with

target specs is 200 Mhz operating frequency and its can sustains the sampling rates
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maximum 200 Mhz with the execution time is 0.5ns per input. All design will be
modeled and synthesized using Quartus Il and quantitative measurement will be
provided in terms of performance. In order to further improve the design and make
full use of the capability of FPGA, general multipliers and ALU will be used based
on compatible in FPGA library.

1.7 Design Outcome and Expected Contribution

The outcome and contribution of the project is to meet the demand for the
development of courseware in the teaching unit of department of computer and
Electrical-Microelectronics Engineering. There are several results have been
achieved through the previous projects which are:

1. A study of design procedures from different approaches. There is
more than one way to implement the digital IIR filter.

2. The purpose of the project is to identify the different approaches
compare and contrast the different methods, so based on the design
specification; careful choice of implementation method can save
designer a lot of time and work.

3. To investigate relationship hardware architecture and FPGA resources
usage and Quartus Il as major design tool to design filters then
compare and contrast the outcome from Matlab.

4. In further study in part two, will get to know how to design the system
in FPGA and the real world design prototype is created. This design is
fully embedded.

5. Get to learn the Verilog High Level System Language which is more

crucial in nowadays industry.
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1.8 Scope of work

The scope of work is to implement and to carry out the IIR filter
determination and hardware realizations. This is to create the real world prototype
from the previous design work. From these research also three architectures of high
performance IR Band Stop filter in FPGA using the 2nd order of BiQuad

architecture and cyclone Il device FPGA family was explored.

This project starts off with a brief introduction of digital filter and FPGA,
followed by the motivations and objectives of this project in Chapter 1. In Chapter 2,
there will be literature research to understand the underlying principle of digital
filtering and the limitations of digital quantization, before reviewing the proposed
BiQuad hardware architecture methodologies and its FPGA implementation in this
project. As progress into Chapter 3, the methodology and implementation plan to
carry out the filter determination and hardware realizations will be discussed, at the
same time explaining about the software tools, namely Matlab & Quartus Il, which
will be using extensively to aid the analysis and development. Based on the
simulation, bit true model of sample digital filter will be extracted and the BiQuad
hardware design will be implemented based on the proposed methodologies in
Chapter 4. The methodologies are: Single Cycle, Multi Cycle (resource constraints)
and pipelined. Besides, the filter design will be further optimized on the stored
computed coefficients. Each hardware design will be explored by realizing its RTL
designs. Subsequently, the preliminary results of the hardware implementation will

be discussed, by comparing the performance in Chapter 5.
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