S”)'34895

FPGA IMPLEMENTATION OF MODULAR
ACTIVE NOISE CONTROL
By

TAMILARASAN.P
Reg. No. 1020106018

of

KUMARAGURU COLLEGE OF TECHNOLOGY ==
(An Autonomous Institution affiliated to Anna University, (‘oinﬂaatogjé}f?i -

COIMBATORE - 641049

A MINI PROJECT REPORT
Stbmitted to the

FACULTY OF ELECTRONICS AND COMMUNICATION
ENGINEERING

In partial fidfillment of the requiremenis
Jor the award of the degree
of
MASTER OF ENGINEERING
IN
APPLIED ELECTRONICS
MAY 2011



BONAFIDE CERTIFICATE
Certified that this project report entitled “FPGA IMPLEMENTATION OF
MODULAR ACTIVE NOISE CONTROL™ is the bonafide work of TAMILARASAN.P
[Reg. no. 1020106018] who camried out the research under my supervision. Certilicd
further, that to the best of my knowledge the work reported hercin does not form part of
any other project or dissertation on the basis of which a degree or award was coferred on

an earlier occasion on this or any other candidate.

NA @N o

Project u1d\éx ;ﬂ Head of the Departmen:
Mr.S.Venkatesh M.E., Dr. Mrs. Rajeswart Maricpran Ph.O

The candidate with university Register no. 1020106018 1s examined by us 1 the

project viva-voce examination held on 3705 Akis . ...

P

- -
Intern lE)iauililb@‘ “ External Examiner



ACKNOWLEDGEMENT

1 express my profound gratitude to our chairman Padmabhusan Arutselvar
Dr.N.Mahalingam B.Sc., F.LLE., for giving this opportunity to pursuc this course.

At this pleasing moment of having successfully completed the project work.
wish to acknowledee my sincere gratitude and heartfeit thanks to our beioved Principai
Dr.S.Ramachandran, Ph.D., for having given me the adequate support and onportunity
for completing this project work successtully.

I express my sincere thanks to Dr.Ms.Rajeswari Mariappan, Ph.D., Head of the
Department of Electronics and Communication Engineering, who rendericg us ail the
time by helps throughout this project

In particular, 1 wish to thank and everlasting gratitude to the project coerdinator
Ms.R.Hemalatha, M.E., Asst. proftessor{SRG). Department of  BElecirenics  and
Communication Engineering for her expert counseling and guidance to make tis project
to a great deal of success. With her careful supervision and ensured me in the atiaining
perfection of work.

[ extend my heartfelt thanks to my internal guide Mr S.Venkatesh, MLE.,
Asst.Professor(SRG) for his ideas and suggestion, which have been very helpiul jor the
completion of this project work.

Last, but not the least, 1 would like to cxpress my gratitude 1o my family
members, friends and to all my staff members of Electronics and Communication
Engineering department for their encouragement and support throughout the course of

this project.

1l



ABSTRACT

This project presents the High-speed ficld programmable gaie aray (FPGAS
implementation of a modular architecture of the Active Noise Control {ANC] system
with online secondary path medelling. The clock frequency that is obtained for this
FPGA implementation is 120MHz. A comparision of this implementation to otacr FPGA
and PSP implementations of an ANC system shows a better speed up and coavergence
time for the proposed design.

This innovative modulur implemeniation of thie ANC sysicin Iesdis i a fust
design and fast convergence with capability to expand the four adaptive filters and data
bus when higher speed for ANC system. Considering the modulerity of the cesign and
reconfigurability of FPGA, one can expand an ANC system for different accuracies and

require convergence times.
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CHAPTER 1

INTRODUCTION

The reduction ol Acoustic noise has become a serious problem as the number of

industrial cquipment such as engines, blowers, fans, compressors and transiormers are mcreased.
In recent vears powerful digital signal processing (DSP) devices have made possible the
development of real time ANC systems with a wide range of applications. DSP algorithms hove
been developed for single and multiple channel ANC sysiems in branches of broadband,

narrowband and adaptive feed-forward control.

1.1. PROJECT GOAL

This project proposcs the FPGA implementation of the modular architecture of the ANC
systen. This new modular implementation of the ANC systent results in o fast design and fast
convergence with capability 10 expand the four adaptive filters and data bus when higner speec

for ANC svstem 1s desired.

1.2 OVERVIEW

However, with its growing die size as well as incorporating the embedded digital signal
processing blocks, the FPGA devices have become a serious contender m the signal processing
market. The processor in a DSP approach needs some time (o exceute the soflware program. The
FPGA approach, in the other hand. performs the tasks on a hardware base and it is faster than the
DSP approach. Becausc of the need for much speed in these systems, FPGA cevices are good

candidates for these applications.



1.3 SOFTWARE USED

~ ModelSim XE 11 6.2¢
~ Xilinx ISE 9.21

1.4 ORGANIZATION OF THE REPORT
7 Chapter 2 discusses about summary ol ANC systen:.
r Chapter 3 discusses about implemention.
~ Chapter 4 discusses the ANC System.
~ Chapter 5 discusses the LMS Algorithim.
» Chapter 6 discusses the comparision,
~ Chapter7 discusses the sumulation results.

# Chapter 8 shows the conclusion of the project.
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CHAPTER 2

A Summary of Modular Design of an ANC System

This ANC system has three inputs and one output. The inputs of this ANC system are the
reference noise signal, x/n), the injected noise signal, vy, and the error microphone output. ofir,
inputted to the ANC system. The output of this system is the anti-noise signa., which 13
propagated by the loudspeaker and combines with the primary noise signal 1o reduce the noise
pressure around the error microphone.

The modular design for this ANC system consists of tour similar medules. The
architecture of these modules is the same, but their inputs anc outputs are different. These four
modules are composed to form an ANC system with online secondary path modeling. The detail
of this ANC system using the four M modules is shown in Figure 2.1.

In this Figure, (=) is the primary acoustic path between the reference roise source and
the error microphone. The reference noise signal, x(iz), is filtered through Pfz) and appears as o
primarv noise signal at the error microphone. The output of the primary path Elter. /i), ts the
desired output of the ANC system which is the convolution of the reference signal. xi) and the

tap-weights of the primary path FIR filter, Pfny, 1.c.

o=

iy = S Gt &)

'
=it

where N, is the length of the primary path FIR fifter.The objective of the ANC system 15 w
generate an appropriate anti-noise signal, «fnj. propagated by ihe loudspeuker to creste a zone ol
silence in the vicinity of the crror microphone. The module M used in this design has six mputs

and one output. The block diagram of this module is shown in Figure 2.2,

fad
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Figure 2.1 Architecture of the ANC system with online secondary path
modeling using four M modules

Each module consists of two shifi registers, a convolution wuit, an cdaptive {iter
controller, a 2's complementer, and an adder.

The first input to the module, 7/(n), represents the desired output of the adaptive filter at
time #. The sceond input, i2¢x), represents the input data 1o the adaptive filter av tme . The third
input, i3(n), represents the modified input data to the adaptive filter at time 2. Thae forth input.
id(nj, represents the error data al time ». The [Ofth mmput, 75, 1s the put data e the sten size

parameter register. The sixth input, 76, 1s a control signal to negate the output of the medule,



The output of the module, z(#). is the difference between the adaptive (ilier’s output and
the desired output at time i. Two shift registers with the length ol K are installed i the inputs of

the block to save and shift the input data and the modified input data at cacn time .
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Figure 2.2 Block diagram of the moduie M

The digital filter H(z} contains K tap-weights. The outpul of this unit at tme n s e

convolution of the input vector, i2(n) and the tap-weight vector o the filter. fifi7).

A=l
A

iy = PR )

The tap-weights of this digital filter, /rifn), are updated at cach tme using the Least Mean

Square (LMS) algorithm. 1.e.

h



Where « is the step size in the LMS aleorithm. and /3¢ and i47n) are the input values o
/ p g i

{2

the module at time ». If the control input to 27s complementer unit, /6. 1s one. ihen the 275
complement of the data input is obtained in the output. The adder in the moduie subtract the

value of the output of the adaptive filter and the iput 7/(n), L.e.

ZORy i) - VL

The output of the adder is the output of the module. Four of these mocules wre used to
form an ANC systemm with online secondary path modeling as shown i Figure 2.1,

The inputs, output and computations of these four modules are depicted 12 7 abic 201,

TABLE 2.1: Inputs, output and computations of four modules
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CHAPTER 3
IMPLEMENTATION

In this section the modular ANC system with online secondary path modeling s
implemented on FPGA

These FPGAs have dedicated muitiplier, pipeline and accumulator circutiries. With the
embedded DSP blocks, these FPGAs can perform high speed calculations, therefore are useful
devices for digital signal processing designs, as well as adaptive filters. The step s ze paraimeters
of the adaptive control filier, gw, and the adaptive modehng fifter, ¢ . are considered to be 2-11
and 2-6, respectively. All the signais in ANC processor are considered 1o be floating point
numbers with 32 bit length that comprises i1 accuracy bits. The number of used DSP btocks for
unplementing the ANC system on FPGA 15 736 blocks. The clock frequency is 120MHz. A

summary of implementation results 1s shown i Table 3.1,

TABLE 3.1: The number of clements used on Stratix FPGA, pw=2-11,u_=2-6

Resouree L sed Avail Ltittzation
[Os [ {13 (17 s ;.
Rewisters 2030 TR L |
ALUT fr342 IRV B |
DSP dlock 9 bt clems R RN A :
E
m




CHAPTER 4
ANC SYSTEM

ANC 1s a technique used to remove an unwanted noise {rom a receivee signal the
operation s controlled in an adaptive way in order to obtain an improved sigrnal-lo-neise ratio
(SNR) . As shown in Figd. 1, an ANC is typically a dual-input. closed-loop adaptive feedback
system. The two inputsarc: the primary input signal d(n) (the desired signal corrupted by the
noise) and the reference signal x(n) (an interfering noise supposed to be uncorrciated with the
desired signal but correlated with the noise affecting the desived signal in an unknown wayy. The
adaptive filtering operation achieved the best results when the sysiem output is noise iree, which
means that the output SNR is infinitely large. Therelore, in the application, on oblaining the best
result, we should put the reference sensor into the most appropriate place wheore the signal
component of the primary sensor output is undetectable in the reference sensor ouiput and the
noise component of the primary sensor output 15 highly correiated with the reference sensor
output,

ANC technique has been successiully applicd o many applcallons, sucil ds acousiic
noise reduction, adaptive speech enhancement and channel equalization. In these cases and other
refated high speed required applications, pure software impiementation would oring about long
processing time, as shown in the last part of section IV, thus can not meet the requirement, An

effective way can be represented by a hardware implementation on FPGA

; Sif:’n:fl i - o
| Saurce A R
- e
7 <
CNegze T _ wind
Sapree [T fler

Figurc 4.1 ANC system



CHAPTER 5
LMS ALGORITHM

The LMS algorithm is a widely used algorithm for adaptive fitering. The algoniam s

described by the following equations:

-
stn) = N oawiin) Fxnei

ey =din =g

win—Lr=wun) - Juen)E{s-.

In these equations, the tap inputs x(n), x(n-1)........x(n-M+1) form the elements of the reference

signal x(n), where M-1 is thc number of delay elements. d(n} denotes the primary nput signal,
e(n) denotes the error signal and constitutes the overall system output. wi(n) denotes the tap
weight at the nth itcration. the tap weights update in accordance with the estimation crror. And
the scaling factor u is the step-size parameter. u controls the stability and convergence speed of

the LMS algorithm.

Figure 5.1 Flowchart of the LMS Algorithm



The LMS algorithm is convergent in the mean square 17 and only i ¢ satislics the
condition:
0 <u<2/tap-input power
where tap-input power,

N

= N Eln{n—~A)

f=)

There are usually two ways to implement the LMS algorithm. hardware implementation
and software :mplementation . The hardware implementation of the algorithim n ann FPGA has
good real-time ability, but requires large resources. From Fig. 5.1, we can sce that an N-tap
adaptive filter requires at least 2N multipliers and 2N adders. The software iraplementation
consumes trivial amount of resources, however, the low speed of which makes 1t uncommonly

used.
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Figure 5.2 Flowchart of the FPGA Implementation Process



CHAPTER 6
COMPARISION

To evaluate the proposed implementation, the results were compared with the results of
implementations. The ANC systems in these rescarches have no sccondary pati. wiere, our
ANC system has secondary path modcelling [liiter.

The digital signal processors uses a programmable, 16-bit, fixed-point fcrmat with the
clock frequency ol 40MHz. The computational time needed to exceule an iteraticn of the ANC
system on this DSP processor is about 78.1 usce. The acceptable convergence, 330 iterations 1s
needed, leads to a total convergence time ol about 27.3ms (=330%75.1 us).

The proposed FPGA implementation of the modular ANC systein in this poper uses a 32-
bit fixed pointformat. The adaptive control filter and the adaptive modeling filter have 32 tap
eights. The clock [requency that obtained for this FPGA mmpicmentation is 120 Milz. The
system needs 66.7 ns to exccute an iteration. The design needs 190 iterations lor an acceplable

convergence. This results lead to a total convergence ume of about 12.67us (= 190%65.7as).

Figure 6.1 Noise Signals
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CHAPTER 7
RESULTS AND DISCUSSION

The simulation of this project has been done using MODELSIM XETIT 0.2g and
XILINX ISE 9.21.

Modelsim is a simulation tool for programming {VI.S[i [ASICis, {FPGA}s.
{CPLD}s, and {SoC}s. Modelsim provides a comprehensive simulation and debugz environment
for complex ASIC and FPGA designs. Support 1s provided for multipie lansusges including
Verilog, SystemVerilog, VHDL and SystemC.

Xilinx was founded in 1984 by two semiconductor engineers, Ross Freeman and Bemnard
Vonderschmitt, who were both working for integrated cireuit and solid-state device manufacturer
Zilog Corp. The Virtex-I1 Pro, Virtex-4, Virtex-3, and Virtex-0 FPGA familics are particularly
focused on system-on-chip (SOC) designers because they include up o two embedded 1BM
PowerPC corcs The ISE Design Suite 1s the central clectronie design automation (EDA) product
family sold bv Xilinx. The ISE Design Suite features include design entry and svnthesis
supporting Verilog or VHDL, place-and-route (PAR). completed verification and debug using
Chip Scope Pro tools, and creation of the bit files that are used to conligure the chip.

The simulation results showing the FPGA implementation of modular active noisc

control system are attached here.

Lad
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CHAPTER 8
CONCLUSION

In this project a hardware implementation of the modular ANC svsiem with oniine
secondary path modeling was presented. This ANC system contains four simijar modules o
reduce the unwanted primary noise. Each module consists of two shilt registers. a convelution
unit, an adaptive lilter controller, an adder, and a two’s complementer. One of these modules per
forms as the main adaptive control filter that uses an FXLMS aigorithm to converge the tap-
weights. Two modules work as the adaptive modeling {ilters, used LMS algorithr o mocel the
secondary path filter. The last module works as a digital filter to nroduce the anti-noise
output signal.

The ANC system was implemented on the Aliera FPGA. The current “PGA
implementation of the ANC system uses a 32- bit fixed point format. The adaptive controi {iiter
and the adaptive modeling filter have 32 tapweights. The clock frequency that obtained for this
FPGA implementation is 120 MHz The system necds 66.7 15 te exccute an reraton. The
propesed design needs 190 iterations tor an acceptable convergence. This results fcad to a total

convergence 1ime of about 12.67us (=190%66.7ns).
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