CHAPTER I

INTRODUCTION

1.1 Literature Review

and intellectual challenges.© this ficld, acalie glasses were initially taught at the
T—

graduate level and have eocomic, core undergraduate classes for

electrical and computer Q2rams e the world has progressively

decided to go digital er€ has been athigh demand for DSP trained

professionals. Specific i 4 applitatio athave experienced an increasing

demand include: aut gital arid °§S eommunications, digital control

a acquisition.

Since 1986, Roger Wi ants. Ui 2] has devoted one section of the

senior project course exclusively :'_ initially based on the fixed point

TMS32010/TMS3 4@ . n the Jh. ating-point TMS320C30
digital signal proce : EFJ rst part is introducing the
architecture and the imtruction ct'of the digital processor by practical experiment,

which helps students togbgsfamiliar with spfiware and hardware tools. The second
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TMS320C30 asumbly code such asé[‘ en-band mult1 rate filter prout
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q E’]e}jallmversny, a number of design projects which involve the
implementation of communications and control algorithms on digital signal
processors have been carried out in recent years by undergraduate students in senior
design project course and by graduate students in a graduate design project course.
The projects include nonlinear Kalman-Bucy filtering on the TMS32010, FM

demodulation on the TMS320C30, and the identification of plant transfer function on
the DSP56001.
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The California State University, Chico (CSUC), offers undergraduate students
an electronics circuits for digital signal processing course, with two hours of lecture
and three hours of laboratory per week. Two lab oriented texts [3,4] are used for the
course which seeks to facilitate student understanding of DSP concepts by
implementing real-time applications, and develop an appreciation for comparatives
very long instruction word (VLIW) DSP architectures by working with a variety of

DSP processors. Experiments similar to those performed at Roger Williams
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An undergraduate 51gna ;ng (DSP) laboratory at Western
'7 contains _@bjectwes, which to enhance the

s, provide experience with DSP

University.

Michigan University (
students’ understandin
implementation issues | d participation in this important
field of electrical and 40 i ‘: The, DSP laboratory have used the
versatile, high-spe 32006701 floating-point processor

in figure 1(a) and 1(b). The
or to cross the GFLOPS (giga

floating operations per s op l!fw';; barfier. Applications for this processor
g op p pp P

hosted on a TI Eva

are countless, including w1r¢1§$ COmTY 'cations, speech recognition, imaging
el
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systems, CAT scap,qultrasound, m*;gnetlc J&F? imaging (MRI), and radar
applications. T i J

Figure 1 (a) TI TMS320C6701 EVM and (b) DSP laboratory workstation shows a
typical PC with test equipment consisting of a signal generator, oscilloscope, and

audio spectrum analyzer.



At the Universify of Southampton [6], students in electronic engineering can
attend modules in communications, which are either taught or contain course work in
terms of simulations that train advanced concepts but often omit basic but necessary
communications problems such as synchronization and timing recovery. The fourth
year module “real-time systems design” was therefore aimed at implementing a
simple modem which combines the teaching of real-time system issues such as

scheduling with essential knowledge of practical communications. The final project,

which is the implementation of T C6711 DSK, includes three main parts:
\
transmitter, audio codec interfage, ;‘ ee in figure 2).
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Figure 3 Maximum length sequence based pseudo random number generator.




The synchreonization part is the correction of the bit stream in the receiver can
be assessed by the system in figure 4, which fills the states of the same 16 bit shift
register, comparing the feedback value with the most recent bit. Once in steady state,
the output synchronization flag is permanently high in the absence of bit errors. The

numbers of zeros occurs then represent the numbers of encountered bit error.

Bit st 16 bit shift register
'i;prlff‘m 1 2 3 4 13 14 15 16
Figure 4 The linea €3 as a synchronization tool.
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QPSK maps two bit- ‘"'?’:*m mbol that can take on four possible
values in the comsfellation pla dnsthe By stream into inphase and
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sequen in the receiver, X[n], by taking real and imaginary parts, and multiplexing

the recovered inphase and quadrature components

it = - sign{, (1))} @)

Oln) =%—%sign{3{ﬁo[n]}}, 3)



Where sign{} is the signum function.

Differential QPSK (DQPSK)

Since the QPSK constellation is invariant to shifts by z/2, 7, and 37/2, the receiver
suffers from an ambiguity. To mitigate this, differential encoding is applied to the

phase of the transmitted QPSK symbo
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This can be based on thé phase of | signal x,[n] = e/1"
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q x{n]=x[n-1]%,[n]e’*"* 5

whereby x[n]=e’¥" is the differentially encoded QPSK (DQPSK) symbol stream.
Decoding can be based on the phase values of the received DQPSK signal

x[n] as shown in figure 7 according to
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with x,[n] = e’""" or alteratively

Poln] = n)y [n—1]e~""* (7)
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Transmit and Receive Filtering

In the transmitter they need to oversample the symbol stream by a factor of N = 8 in
order to obtain a signal to be sent to DAC, by inserting N-1 zeros in between every
original DQPSK sample. This is performed by the 8 fold expander shown in figure 1.8.
The resulting signal is broadband, and needs to be band-limited through interpolation
by a suitable transmit filter. In figure 9 shows a root-raised cosine filter with 81

coefficients and impulse response h as characterized. Together with the receive

\\\\ d cosine filter.

Rx fitering on/Synchronization
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Figure 9 Receive filter with root raised cosine filter h[m] and decimation by N=8 after

timing synchronization.



Modulation and Demodulation

To transmit the data, quadrature amplitude modulation of QPSK symbol

stream is employed. This can be implemented as

slm) = R{Fm]}- cos2f, / f,m)+ S{&[m} - sinQ2f. / f.m) (8)

The signal r[m] received b /
gnal r[m] : 7 ,'
’ (€))
Timing Synchronizati . \\\
ﬁlu.l
The most co peration '1 e is {iming synchronization in the

receiver, at which stag isidRias “tolm ad on the exact sampling instance to
retrieve the DQPSK symbd] ji#d al 00bits/second) from the 8 kHz receive

filtered signal. The timingssynchroii zatt ithm selected here is an early-late

gate method [7]. ;7——,5 J

TMS320(‘671 SK has been w1de1y used as a eachmg instrument in various
universities. ersities, such as the
University of]@ﬂﬁ ’E‘ﬂﬂ nmm 1g and Jonhs Hopkins
University [8], have begun to mcor;f)rate the beginning of
course ﬁ ﬁimuﬁﬁﬁﬁm € main content
of the la oratory is DSP theory, interactive demo, MATLAB program by student, and
real-time DSK program by student (see in figure 10).



Figure 10 T T \ sing the C6711 DSK.

Based on thé abgve ature - S lear that there have been some

efforts in developm ed as teaching tools in many

world-leading universi _ e aiming to do in this thesis.
University of Southamp#6n Jifi-particu opted TMS320C6711 DSK in their
experiment development, rle_} LIS/ pe set of hardware we have at
Chulalongkorn Univérsity. However, their implementations are intended for advanced
experiments on .!" «'r‘ are expected to have

sufficient knowledg rior to their experiments. On the contrary in our development

the courseware is aimed’ @ndeﬁduate Stidents who have limited priori knowledge

on ot oL L B 8 VS I D) Frctore oo commenae

design crlterla‘| will be fundameptally differ ent form that %the university of
Sout@‘n%"ﬁﬁ ﬂeﬁrfu %WW%B ﬂrﬂu Ellons theory will
be provided in the first four experiments with comprehensive use of MATLAB. Once
students acquire sufficient knowledge, they can continue to work effectively on
hardware implementation. This proposed idea will result in a complete set of
courseware on basic digital communications suitable for undergraduate students at

Chulalongkorn University and National University of Laos.
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1.2 Elements of an Electrical Communication System

Electrical communication systems are designed to send massages or
information from a source that generates the massages to one or more destinations [8].
In general, a communication system can be represented by the functional block
diagram show in figure 11. The information generated by the source may be of the
form of voice (speech source), a picture (image source), or plain text in some

particular language, such as English, Japanese, German, French, etc. An essential

Channel

Output
signal

Figure 1 Functional hlacl v diaocram of a comr wunication system.

I
A transducer‘m usually required to convert ‘"] output of a source into an

electrical si@ﬁlﬂﬂiﬁlﬁm' ﬁ‘: I, ;;tﬁleja microphone serves as
the transduce tqll a rt§lan dcoust . iaal ofarVelectrical signal, and a
video camera converts an image intd an electricabsignal. At the destination, a similar

s A AR T HRA D ARt e 1

that 1s S\itable for the user; e.g., acoustic signals, images, etc.

The heart of the communication system consists of three basic parts, namely,
the transmitter, the channel, and the receiver. The functions performed by these three

elements are going to be described.
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1.2.1 The Transmitter

The transmitter converts the electrical signal into a form that is suitable for
transmission through the physical channel or transmission medium. For example, in
radio and TV broadcast, the Federal Communications Commission (FCC) specifies
the frequency range for each transmitting station. Hence, the transmitter must
translate the information signal to be transmitted into the appropriate frequency range
that matches the frequency allocation assigned to the transmitter. Thus, signals

transmitted by multiple radio interfere with one another. Similar

functions are performed i ' iation systems where the electrical

speech signals from m

In general, the of the message signal to the

channel by a process*cal % odulation involves the use of the
information signal to 7 \» tude, frequency, or phase of
a sinusoidal carrier. Fogfex , il AN Fadio broade:

\

is transmitted is containe itude’v \-

5t, the information signal that

of the sinusoidal carrier, which

ocated to the radio transmitting
station. This is an example 'i- d€&-modulation. In FM radio broadcast, the

information signal that i

sinusoidal carrier. c:;'f:i:ijf mple of "g! 1lation. Phase modulation

(PM) is yet a third ﬂtho

carrier.

heffrequency variations of the

or@tion signal on a sinusoidal

AU INANINAING

In genergl, carrier mo atlon such as AM, FM, and PM i 1s performed at the

a0 NP Tb MR (110151

the mformatlon signal is translated in frequency to match the allocation of the channel.
The choice of the type of modulation is based on several factors, such as the amount
of bandwidth allocated, the types of noise and interference that the signal encounters
in transmission. In any case, the modulation process makes it possible to
accommodate the transmission of multiple messages from many users over the same

physical channel.
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In addition to modulation, other functions that are usually performed at the
transmitter are filtering of the information bearing signal, amplification of the
modulated signal, and in the case of wireless transmission, radiation of the signal by

means of a transmitting antenna.

1.2.2 The Channel

The communications channel is the physical medium that is used to send the

wireless transmission, the channel is

usually the atmosphere (free. space). r hand, telephone channels usually

fclines, optical fiber cables, and

i,

wireless (microwave radig ef the physieal medium for signal transmission,

the essential feature 1s th ansmif 1sig al 1¢ cor pted in a random manner by
a variety of possible"mheciifinié e mio ) COMMIO .‘ of signal degradation comes
in the form of additi¥e wbise, #}-n a\\ cd e front end of the receiver,
where signal amplificaffongis Perfainieddi This moisc 18 often called thermal noise. In

wireless transmission, \u ces are man-made noise, and

atmospheric noise picked @p byareceiva enfa. Automobile ignition noise is an
3 ,

example of man-made noise, an icablightning discharges from thunderstorms is
i

an example of atmgspy ¢ noise. Interfe gther users of the channel is

another form of hg i ' f'ﬁ wireless and wire line

communication systeﬁs.- - m
sl INYNINYING

R MERGPIOR N (il 1 ——
recei\% ignal. t imi;[mwt]an m Yy er“modulation, the

receiver performs carrier demodulation in order to extract the message from the
sinusoidal carrier. Since the signal demodulation is performed in the presence of
additive noise and possibly other signal distortion, the demodulated message signal is
generally degraded to some extent by the presence of these distortions in the received
signal. As we shall see, the fidelity of the received message signal is a function of the
type of modulation, the strength of the additive noise, the type and strength of any

other additive interference, and the type of any non-additive interference.
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Besides performing the primary function of signal demodulation, the receiver
also performs a number of peripheral functions, including signal filtering and noise

suppression.

1.3 Overview of Hardware

This section will describe about TMS320C6x (C6x) family, some applications,

g, DSP package, codec AD535, and

feature of DSK board.

Digital signal ﬂ( \54_,{ family of processors are
like fast special-purpdse k ha.sp ized type of architecture and
an instruction set appfoprj _

6x digital signal processor

9\\?‘\» tions. Based on a VLIW

]
-

&

A :
architecture of the C6 d'erﬂg’ \ \ \ rument (TI)’s most powerful
processor. égﬁ \

, e

Digital signal processors-are wused for a wide range of applications, from

communications and,.corn 0CQ ing. The general purpose
—_—

digital signal procemmunications (cellular).

Applications embeddel :

They are found in cel ulér phones, fax/mocﬁigms, disk drives, radio, printers, hearing

aids, MP3 pl i = ﬁ ﬂlﬁ cameras, and so on.
These proces:ﬁuﬂ:;me muct:ﬁm for a number of consumer
applicatio ince the ¢ I"”e -ai i o ndle different
tasks, %Mij é‘lﬁlﬁeim!ﬁny mzl‘ﬂﬁrﬁlication. DSP

techniques have been very successful because of the development of low-cost

AT do@mted by consumer products.

software and hardware support. For example, modems and speech recognition can be

less expensive using DSP techniques.

DSP processors are concerned primarily with real-time signal processing. Real
time processing requires the processing to keep pace with some external event,

whereas non-real time processing has no such timing constraint. The external event to
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keep pace with is usually the analog input. Whereas analog based systems with
discrete electronic components such as resistors can be more sensitive to temperature
changes, DSP based systems are less affected by environmental conditions. DSP
processors enjoy the advantages of microprocessors. They are easy to use, flexible,

and economical.

The DSK package, shown in figure 12(a), is powerful, yet relatively

inexpensive ($295), with the necessa

hardware and software support tools for real

= @
The onboardod/ use delta technology that provides

analog conversion (DAC). A 4-
MHz clock onboard dee tosprovide a fixed sampling rate
of 8 kHz. \
The DSK board, ot fiouresi2 (b)) includes 16MB (megabytes) of
Y. (SDRAM) and 128 kB (kilobytes) of
t and output and are labeled IN
:,j dip switches on the DSK
at 150 MHz. Also onboard the

K
DSK are voltage regula&tors that provide 1. 8V for the C6711 core and 3.3V for its

’“"mma“dFTTiEi’JﬂEWlﬁWEJ’]ﬂi
Qﬁﬂﬂﬁﬂ‘iﬂd UA1AINYAY

synchronous dynamic random
flash ROM. Two connectofs o
(J7) and OUT ..; —

board can be read fri

a prog
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T 1.8V H Emulation n i { Data Converter
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Figurg 12(a) TMS320C6711 based DSK board, and (b) TMS320C6711 based DSK

diagram.

TMS320C6211 DSP

or
TMS320C6711 DSP

Daughter Card UF

User Option
Dip Switches
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1.4 Objective

The objective of this work is to develop an educational courseware on digital
modem used as a teaching tool in communication laboratory primarily for
undergraduate students in Chulalongkorn University and National University of Laos,
covering basic topics on digital communications. The experiments are intended to
provide students with not only essential theory background through MATLAB
simulation but also realistic hands-

C6711 DSK.

on .experiences on hardware development using

1.5  Scope

¢ The simulation ontains each part of digital

communication s

™ : I
° .;! ments to Te ¢ DSK Tools 1.

o BPSKf Bransmitter and Reteiver with Phase Lock Loop (PLL) on

ﬂ%ﬂﬁm BNIWBEING

QPSK Modem orC6711 DS

- AR ABOMANINI N s

Helping students on real implementation.



1.6

1.7
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Procedure

o Install Code composer studio (CCS)

e Study TMS320C6711 documents

¢ Study how to control components on TMS320C6711 DSK

* Study how to create project with Board Support library (BSL), Chip
Support Library (CBL), peripheral devices, which related to my work.

¢ Using MATLAB for descgibing the step of implementation on hardware.

e A project of digital \ nieatienylaboratory for undergraduate
£
students in oy ;’ ey tional University of Laos.
e Give an Undegtagdifigio

MATLAB

A

isind” s0flwaze |, OCS" for implementing digital
(e 32006011 DSK.
fudiyan di

ste
* Give interaction of &tisch unication theory.

i di %\\ w\ ca ion theory by simulation on
\ \

communicati

Give an ability to ms that occur in practical work and

thit design on board.
X

“"-;_; q 08 in laboratory.
i IFI;
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RN INUNINYAY

e Givean"




	Chapter I Introduction
	1.1 Literature Review
	1.2 Elements of An Electrical Communication System
	1.3 Overview of Hardware
	1.4 Objective
	1.5 Scope
	1.6 Procedure
	1.7 Expected Benefits


