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ABSTRACT

The "burst-mode" ofcommunications is becoming increasingly prevalent in emerg
ing cost-effective wireless packet data networks. These networks employ various

forms of TOMA and TOO techniques and are popular as they require very little

overhead in the management of network channel resources.
Since multiple users share common frequency channels in time, fast and reliable

synchronization on a burst by burst basis in the receiver is critical for maintain

ing efficient data throughput. An attractive modulation technique ill a burst-mode

environment is 1T'/4 OQPSK. Since noncoherent detection may be performed on

1T'/4 OQPSK; synchronization is inherently rapid as only symbol timing information
needs to be recovered.

Various synchronization techniques are suitable for 1T'/4 OQPSK, but surprisingly
little has been published on the performance of these techniques in burst-mode.

This research examined the performance of several synchronization techniques in

a burst-mode environment. It also compared the digital hardware realizations for

various synchronization techniques and explored trade-offs between performance and
implementation complexity.

A number of synchronization methods were investigated based on some common

criteria: cost, complexity and performance. Four methods were chosen and simu

lated. Each method.was evaluated for application to a burst-mode system. The

most viable technique was chosen and a functional sr/4 OQPSK demodulator based

on the method.was built and tested in the laboratory.
The most promising method was found to be the maximum amplitude method.

This method proved to be very effective in burst-mode, achieving reliable synchro
nization in only a few symbols in simulation; The trade-off for this rapid synehro
nization was some degradation in bit error rate tracking performance.

A modification to the maximum amplitude method (named modifiedmaximum

amplitude) was proposed and implemented which improved the tracking perfor
mance while maintaining rapid synchronization performance. Both methods were

suitable for implementation in programmable digital hardware using a complex pro
grammable logic device. Additionally, testing results showed both systems to be very

.

robust as synchronization times were consistent over a wide range of Eb/No.
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Chapter 1

INTRODUCTION

1.1 A Brief History of Communlcatlons
Imagine the first long distance communication system 4000 years ago: a string

of towers atop hills bearing torches that would warn of an approaching army. Man

has always recognized the importance of information, and the inipact it can have

when communicated in a timely way. Historically the military has been a major

driving force behind technological advances." Yet the soldier manning the lookout
.

post doubtfully knew the path set in motion by his actions.

By 1794 Claude Chappe had built a mechanical telegraph 210 km long for the

French government that used relay stations to transmit information.at a blazing

0.2 bits/second [2]. A few years later, electrical telegraphs were being produced by a

number of different entrepreneurs. Much less complex and cheaper to produce, the

electric telegraph was the first communication system that allowed ordinary people
to send messages over great distances instantaneously. Then in 1877, Alexander

Graham Bell changed the world with his invention of the telephone.

A truly revolutionary device, for $20 per year anyone could have a telephone
that would let them talk to anyone else with a telephone, and a.t any time [2]. Not

everyone however, thought this was such a good idea. The company which had a

practical monopoly in the telegraph business, Western Union, did not see a threat to

their business, as they did not believe the telephone would catch on. They were quite

wrong, and within two years there were over 50,000 telephone subscribers in North

America alone. In another blow to Western Union, after realizing the potential of

telephones they were forced out of the business for 17 years by Bellis patents.

1
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In 1896, just after Bell's patents expired, Guglielmo Marconi demonstrated a

wireless telegraph in Great Britain for the General Post Office [3]. The age of ra

dio had begun. Through his hard work, dedication and with the help of the then

unknown ionosphere, in 1901 Marconi succeeded in transatlantic wireless communi-

. cation.

1.2 Current State of Wireless Communications

Wireless communications have just recently passed the 100 year oldmark. Through

out the early part of the 20th century, widespread use of this technology was limited

to the military and large corporations. The high costs due to the design complexity

kept the average person from owning a wireless communication system. With the in

troduction of the transistor and later the integrated circuit, communication systems

could be mass produced and sold at affordable prices.

The Advanced Mobile Phone.Service (AMPS), was introduced in the United

States in 1979 and became the first public cellular radio service [4]. AMPS.is an

analog system that provides wireless access to the Public Switched Telephone Net

work (PSTN). Second generation systems (2G) were introduced in the 1990's that

provide data capabilities along with improved voice transmission quality [5]. These

new personal communication systems (peS) use digitalmodulation to transinit data.
The cellular industry began by providing a voice service, and has recently migrated
to offering data service as well. The so called 3G systems (third generation) ofmobile
communications under development have a stronger focus on data service and aim

.

to provide broadband data network access.

Data networks have evolved dramatically over the last 30 years. In the late

1960's, the United States Defense Advanced Research Projects Agency (DARPA)
had a research project called the ARPANET. [6]. This network linked computers

in only a few educational and military institutions around the United States. Over

the years more and more Universities and public institutions joined the network

and military control was relinquished to civilian government agencies. As personal

computers became increasingly popular, local area networks (LAN) began connecting
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to what evolved into the Internet. The success of the Internet can be attributed

largely to standard protocols such as the Transmission Control Protocol/Internet
Protocol (TCP/IP) and Hypertext Transport Protocol (HTTP) used in the world

wide web (WWW), which allow people to easily and quickly exchange information.

As technology advances, the standards and new products available for networks

is increasing at a high rate-. The cost of implementing network infrastructure can be

quite high and the prospect of doing this every few years to meet each new standard

and enjoy the latest in performance gains can be daunting. This has fueled an

explosion in wireless LANs as they typically require less capital investment and time

to install. These are often fixed wireless systems as opposed to the cellular systems

which are usually mobile. Many broadband fixed wireless LANs are emerging at

various licensed and unlicensed frequency bands. The unlicensed products make

deploying a personal wireless network feasible for anyone.

Also, around the time 2G cellular systems were introduced, research was also be

ing done to provide voice communication over the data networks. As with the digital

cellular systems, this involved treating digitized voice as a type of data. Voice versus

data has been an ongoing issue with the ultimate goal being a converged network

that can seamlessly handle both. The new 3G standard for wireless communication

aims to do this.

1.3 Motivation For Research

In most cities there are a wide array of telephone, television and internet services

open to the public. There are competing broadband internet technologies such as

cable modems, which use a coaxial cable medium, and asymmetric digital subscriber

line (ADSL) which use the same pair ofwires as an existing phone line.. However the

rural nature of Saskatchewan, the remoteness of which is not unique in the world,

has limited access to modem communication networks. Outside of major centers

there is often only one option: a slow modem using a regular telephone connection.

.There are satellite internet service providers (ISP), however most still require the
use of a telephone line for the forward link to the Internet. The practical maximum
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bit rate for rural areas, due to the customer distance from the switch, is perhaps

only 14.4 kbits/sec. This is contrasted with the average connection speed of several

hundred kilobits per second for a cable modem or ADSL system. Additionally, all

these technologies are based on cables or wires connected to the subscriber premises.

Therefore it would be very difficult and costly to implement those types of systems
in sparsely populated areas.

A logical alternative is a wireless communication system. That is the drive behind

many companies today that develop wireless networking products. An example of

this is the multipoint communication system (MCS) which has been developed since

1997 at TRLabs in Saskatoon, SK. The objective of the project was to design a

cost-effective wireless internet and phone access service suitable for both current and

future multimedia applications [7]. Emphasis was placed on low Capital investment

in the hardware required at the remote locations to increase the profitability of a

mass produced product.
The two-way, point-to-multipoint communication system is arranged in a cellular.

structure with a maximum cell diameter of 30 km. Each cell consists of a hub

radio, likely installed at an existing cellular tower, and several remote radios. It is a

TDMA (Time DivisionMultiple Access) system, therefore all users and the hub share

the same frequency channel and transmit at different times. It iselso a TDD (Time
Division Duplex) system where the same frequency channel is shared in the transmit

and receive directions at different times. The hub coordinates access to the shared

channel for all remote subscriber sites located within the cell using a token passing

protocol that prevents simultaneous access to the radio channel by more than one

user.

This channel sharing in time is becoming an increasingly popular configuration
for wireless packet data networks as it is well matched to popular wired LAN packet

data networks. Very little overhead in the management of Wireless network chan

nel resources is required as the signaling occurs through the packet data protocol
in a wideband common radio channel. This is commonly known as "burst-mode"

operation since data packets are transmitted in short bursts.
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Since multiple users share common frequency channels in time, fast and reliable

synchronization on a burst by burst basis in the receiver is critical for maintaining
efficient data throughput. An attractive modulation technique in the burst-mode

environment is 1r/4 DQPSK (differential quadrature phase shift keying). Since non

coherent detection may be performed on 1r/4 DQPSK, synchronization is inherently

rapid as only symbol timing information needs to be recovered.

The 1r/4 DQPSK modulation scheme is used for the MeS system andhas also

been chosen by a number of wireless standards such as the Ainerican and Japanese

digital cellular systems [5]. This modulation scheme has both good spectral efficiency,
typically 1.6 bps/Hs, and power efficiency (energy per bit to noise level (Eb/No)
= 12 dB, at a bit error rate (BER) of 10-5). Also, differential encoding allows

noncoherent detection in the receiver. This means the carrier need not be recovered,

just the symbol clock which permits rapid synchronization and a simple receiver

implementation.

1.3.1 Symbol Timing Recovery
Symbol timing recovery, or clock recovery, is a critical part of any digital com

munication system. Firstly, the symbol clock must be recovered from the received

signal itself in many cases. The receiver clock must also be continually adjusted in

phase to ensure the received data signal is sampled at the correct instant in time.

Frequency drifts betweeri transmitter and receiver reference oscillators will cause

significant degradation in system performance if clock recovery is neglected.
This is critical in a burst-mode system because of the need to re-acquire syn

chronization when each new user begins transmission. The burst nature of this

type of communication system requires a timing recovery component that is both

fast and reliable. Several techniques [8, 9, 10, 11] have been used for synchroniza
tion in 1r/4 DQPSK demodulators, but surprisingly little research has been done on

the effectiveness of these techniques in burst-mode. Also, the demodulators have

traditionally been realized using digital signal processors (DSPs). The complex

ity of the synchronization algorithms is usually not prohibitive given the power of

modem DSPs. Increasingly, however, demodulators are being realized using dedi-
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cated programmable digital hardware devices like complex programmable logic de

vices (CPLDs) and field programmable gate arrays (FPGAs). In this case, the

complexity of the synchronization algorithms may impact the size and complexity of

the hardware implementation.
This research compares the performance of several synchronization techniques

for burst-mode applications. It also compares the complexity of a digital hardware

implementation for the various synchronization techniques and explores trade-offs

between performance and implementation complexity.

1.4 Literature Review

In many textbeoks perfect symbol timing recovery is "assumed". A typical com

munication system block diagram would look similar to Figure 1.1. In actuality it

is not this simple to implement an effective symbol timing recovery system and in

most cases can be a difficult part of the design.

Timing
Recovery

Data
IN Transmitter Channel Receiver Data

OUT

Figure 1.1 Typical block diagram of a communication system.·

As symbol timing recovery is a physical problem that requires a practical so

lution, there has been extensive research done in this area. There are numerous

papers and books about a wide array of methods for clock recovery, Four commonly

used methods are: the early-late gate, digital phase locked loop (DPLL), maximum

amplitude (MA) and the digital tanlock loop (DTL).
A well known technique for symbol timing recovery, the early-late gate may be

found in a number of textbooks [8, 9]. It works by determining if the signal is being

sampled too early or too late and retarding or advancing the timing accordingly.
This method assumes the pulse shape is symmetrical. As this is a well established

method there is not much current research being conducted.
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The DPLL, or zero-crossing method, is another common timing recovery process

that estimates timing based on the zero crossings of the received signal. Thismethod

can be implemented' using a digital phase locked loop [8, 9]. By controlling the loop

bandwidth the zero-crossing jitter may be averaged, which can be extreme in filtered

1r/4 DQPSK where the jitter for zero-crossings is approximately one third the symbol

period even under low noise conditions. The DPLL has been around for some time

and therefore been extensively researched.

The maximum amplitude method is derived from the maximum likelihood es

timation technique and estimates timing based on the maximums of the received

signal rather than zero crossings [8]. This method requires memory to implement as

amplitude values for a number of samples are stored, then averaged over a number

of symbols to determine which sample within a symbol period has the highest aver

age value. The receiver clock is then adjusted to sample the data at the maximum

average sample point.

The fourth method is similar to the DPLL, the main difference being that the

digital tanlock loop uses a tan-1 function as a phase detector [10]. There has also

been some research done on improving the performance of the DTL [11]. The im

provement generally makes the DTL much more complex than the other methods,
and therefore the improved DTL was not considered in this research.

Though there is an abundance of literature on clock recovery in general, there is

little with respect to a comparison between methods or suitability in a burst-mode

environment. For this reason, these topics are examined in this thesis.

1.5 Research Objectives

The three main objectives of this research were:

1. To investigate various methods of symbol timing recovery and select the most

suitable ones to evaluate in the burst-mode environment:

2. To simulate each method using Agilent Advanced Design System (ADS) soft
ware and estimate the complexity of implementing the methods in digital hard

:ware. The trade-offs between implementation complexity and performance for vari-
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ous methods of symbol timing recovery for 1f'/4 DQPSK demodulatorsWill be inves

tigated and this information used to compare all methods and choose one for further

development to meet the third objective.
3. To implement the most promising method in digital hardware and perform

tests for comparison to the simulation results.

The purpose of this research was to provide a cost effective solution to symbol
clock recovery. Emphasis was placed both on cost and effectiveness. Theremust be a

balance that will satisfy potential customers in choosing this technology. There have

been many papers written on individual synchronization methods. This research

however, compares a number of techniques using not only traditional performance
metrics but hardware complexity as well.

.. .

1.6 Thesis Organization
The next chapter deals with the background needed to follow the developments

for the rest of this thesis. Basic digital communication theory is explained aad

1f'/4 DQPSK modulation examined.

Chapter 3 details the different methods of timing recovery that were considered in

this research. The principles behind each method are described and a summary of all

methods made. Chapter 4 examines the trade-offs used to evaluate the performance

of the different systems.

Chapter 5 contains the simulation results and comparison of all methods. Chap
ter 6 documents the transition to a digital hardware realization and the hardware

testing results. Chapter 7 summarizes the research results, draws conclusions and

presents some topics for further study.



Chapter 2

COMMUNICATION THEORY

2.1 Overview

Any communication system consists of three basic components: the transmitter,

the. channel, and the receiver. Each of these subsystems may be further broken

down to the component level. The type of information to be sent is to a large extent

irrelevant and may be data, voice, video or take another form [12].
The transmitter is responsible for transforming the information into a form that

can be sent over the channel. In a wireless system, typical components required to

do this are a modulator, an upconverter, a power amplifier and an antenna. The

channel, in this case, is the atmosphere which adds attenuation, delay, distortion,
interference and noise to the transmitted signal. The receiver does the exact opposite
of the transmitter and recovers the message from the corrupted received signal. It

typically contains an antenna, a receive filter, a low noise amplifier, a downconverter

and a demodulator. The models for these components are examined inmore depth
in Section 2.3.

2.2 Modulation

Modulation is the process by which some characteristic of a carrier signal is varied

by an information signal [13]. Modulation produces a bandpass signalwhich contains
the information to be transmitted. The general mathematical form of a modulated

signal as a function of time, s(t), is

s(t) = am{t) cos{21r[fc + fm{t)]t + (Jm(t)} (2.1)

9
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where am{t) denotes amplitude modulation, Im{t) denotes frequencymodulation, and

9m{t) denotes phase modulation of the signal. The carrier frequency is represented

by Ic. By varying the amplitude, frequency, or phase of the carrier as shown in

Equation 2.1, information can be encoded for transmission. There are a number of

modulation schemes that vary one or more of these parameters to accomplish this.

Common analog modulation schemes such as amplitude modulation (AM), fre

.. quency modulation (FM), and phase modulation (PM) vary the carrier signal con

tinuously to encode information. The receiver demodulates the received signal to

recover the transmitted information.

Digitalmodulationmaps an information signal into a binary sequence, {an} � This

sequence is separated into a set of � discrete symbols, {81,S2' ... 'S�}. The length
of each discrete symbol is a block of d = logaM bits, taken from the information

sequence andM is the number ofsymbols in themodulation scheme [9]. Each symbol
is mapped into one ofM signaling waveforms for transmission, which modulate the

amplitude, phase or frequency of the carrier signal. The binary information sequence

arrives at a data rate of Rb bits per second (b/s) as an input to the modulator

and is mapped into symbols. The symbols are encoded at a symbol rate of R. =

14/d symbols per second (sym/s).

2.2.1 Phase Modulation

Phase modulation is a special case of angle modulation where the modulated

carrier signal is represented as [12}

s{t) = Accos{21lJct + 9{t)} (2.2)

where Ac is the constant signal amplitude, Ic is the carrier frequency and 9{t) is the.
phase of the carrier and is a linear function of the modulating signal.

Digital phase modulation techniques manipulate the phase of a carrier signal by

discrete steps in order to encode information for transmission. Often, the trajectory
of these phase transitions is controlled by a pulse shaping function. Pulse shaping is

generally implemented using a filter. A baseband equivalent representation; um{t),
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of the modulating signal waveforms may be expressed as [9]

Um(t) = p(t) exp(j(Jm), m = 1,2, ... , M (2.3)

where p(t) denotes the pulse shape of the signal, m denotes the discrete phase angle
of the signal, and M denotes the total number of discrete phases available. The am

plitude is determined by the pulse shaping waveform, p(t). The baseband signaling
waveforms may be expressed in terms of quadrature components as

Um(t) = Ul(t) + jUQ(t) (2.4)

where

Ul(t) - p(t) cos«(Jm)

UQ(t) - p(t) sin«(Jm)

(2.5)

(2.6)

and where Ul(t) is the inphase (1) and UQ(t) is the quadrature (Q) component of

Um(t).
The baseband signaling waveforms described by Equation 2.3 may be expressed

as bandpass signaling waveforms

8m(t) = Re[Um(t) exp(j211"Iet)], m = 1,2, ... ,M (2.7)

or

Sm(t) = p(t) cos(211"let + (Jm), m = 1,2, ... ,M (2.8).

where Ie denotes the carrier frequency.

Usually, the set of discrete phase angles is chosen to be equally spaced about a

circle and expressed as

211"
(Jm= M(m-1), m=1,2, ... ,M (2.9)
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Additionally, the bandpass signaling waveforms, 8m(t), of Equations 2.7 and 2.8 may
:

be expressed in terms of quadrature components as

(2.10)

where ur(t) and UQ(t) denote the I and Q components from Equation 2.4. These.

two components are related to the instantaneous phase, 6(t), by

(2.11)

Ideally, the instantaneous phase, 6(t), is equal to one of the discrete signal phases,

6m, when sampled at mid-symbol.
The relationship between the I and Q components sampled at mid-symbol can

be graphically displayed in signal state diagrams referred to as I-Q constellation

diagrams, or simply as constellation diagrams. An example constellation diagram
for quadrature phase shift keying (QPSK) is shown in Figure 2.1. In this diagram
the x-axis corresponds to the inphase component and the y-axis represents the

quadrature component.

2.2.2 QPSK
QPSK modulation uses four discrete phase states to transmit two bits, a dibit,

of information per symbol. The relationship between input dibit and phase may

be arbitrarily set. However, Gray coding is used in the state assignments to limit

adjacent symbol errors to one bit. If the signal were not Gray coded, an adjacent

symbol error could cause a two bit error. Figure 2.1 shows the QPSK signal state

diagram and Table 2.1 shows the relationship between the information sequence,

{an}, and the assigned phase, 6m• There are four points in this constellation diagram.
Rather than using the absolute carrier phase, in differentially encoded QPSK

(DQPSK), symbols are represented as changes in carrier phase. Figure 2.2 shows

the DQPSK signal state diagram and Table 2.2 shows the relationship between the

information sequence, {�} , and the assigned differential phase.
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Q
01
•

-----1

Figure 2.1 QPSK constellation diagram.

Table 2.1 Relationship between input dibit and assigned phase
state for QPSK.

Phase (em)
00
01
10
11

1r/4
31r/4
-1r/4
-31r/4
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The absolute phase state for the m-th symbol, 8m, is given by

.

(2.12)

where o8m denotes the phase transition of the signal and represents the symbol. In

DQPSK, encoding of the m-th symbol requires knowledge of the previous symbol

phase.

Q

Figure 2.2 DQPSK constellation diagram.

Table 2.2 Relationship between input dibit and phase transition
for DQPSK.

Phase transition (o8m)
00
01
10
11

o

'If/2
-'If/2
'If

2.2.3 1r/4 QPSK
Thejr/4 QPSK modulation scheme is a modification of QPSK and can be either

absolute phase or differentially encoded. The modification is that there are two

constellations used to encode the data. The constellations are identical but shifted

by 'If/4 radians and used at alternate symbol times. The relationship between the
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information sequence, {an}, and the assigned absolute phase, Bm, is listed in Table 2.3

and Figure 2.3 shows the corresponding signal state diagram ..

Q

11
-++------+---�I00

Figure 2.3 7r/4 QPSK constellation diagram.

Table 2.3 Relationship between input dibit and assigned phase
for 7r/4 QPSK.

Phase (Bm)
Dibit (ak-bak) keven kodd

00 7r/4 0
01 37r/4 7r/2
10

. -7r/4 -7r/2
11 -37r/4 7r

In essence, the output phase, Bm, alternates between the black and white circles .

.When k is even black circles are used to encode the symbol information, and when

k is odd the white circles are used. Unlike QPSK, there are eight points to choose

from in this constellation diagram. This produces. a five level eye diagram because

the I and Q channels alternate between (0, ±1) and (±�) every symbol period (Ts).
An eye diagram is an overlapping plot of the I(t) or Q(t) signal where the window

width is a multiple of the symbol period. This is shown for filtered 7r/4 QPSK in

Figure 2.4.

The advantage of this modulation scheme is reduced amplitude variation in the

modulated signal envelope because the signal amplitude ideally does not go through
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-1

-1,s...__--'----'-__L..-_-'-_ _....__L..-_-'-_--'

o 2 U 3 U 4
TIme (pa)

Figure 2.4 7r/4 QPSK 5-level eye diagram..

the origin during transitions from one symbol to another (zero amplitude). This

decreases the dynamic range requirement of the power amplifiers. Therefore the

amplifiers may be operated at higher efficiencies because the modulated signal is

less sensitive to power amplifier nonlinearities. This is one reason why 1r/4 QPSK is

popular in wireless communication systems [5].

2.2.4 1f/4 DQPSK
This modulation scheme was first proposed by Baker in 1962 for data transmission

over telephone lines [14]. Similar to DQPSK, the information is coded differentially

and the absolute phase, (Jm, may be expressed as in Equation 2.12. Differential

encoding allows noncoherent detection, which means only the symbol clock and not

the carrier needs to be recovered. It also has the same advantage over regular DQPSK

that 7r/4 QPSK has over QPSK, namely reduced amplitude variation.

However, unlike DQPSK modulation, phase shifts are guaranteed between each

symbol in 7r/4 DQPSK. Table. 2.4 shows the relationship between the information

sequence and the assigned phase transition, o(Jm, and Figure 2.5 shows the signal
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state diagram (initial phase state, 0m-l = i), The phase state always changes by kf
where k = ±1, ±3 between symbols. This is beneficial for symbol timing recovery

circuits that require symbol transitions for synchronization and tracking.

Q

Figure 2.5 1£'/4 DQPSK constellation diagram.

Table 2.4 Relationship between input dibit and phase transition
for 1£'/4 DQPSK.

Phase transition (oOm)
00
01
10
11

1£'/4
31£'/4
-1£'/4
-31£'/4

Power Spectral Density
The power spectral density (PSD) of a signal is a basic characteristic that can

be used to distinguish individual signals. It relates to the distribution of signal

power as a function of frequency. A signal reconstructed from a digital source has

an unfiltered spectral characteristic that may be expressed as _n;z), which is also

known as the sinc(x) function. This is due to sampling and the spectrum contains

significant power beyond the desired channel bandwidth. Figure 2.6 shows the PSD

of a 1£'/4 DQPSK signal with a carrier frequency of 3500 MHz and a data rate of

2 Mbps. Also shown in Figure 2.6 is a filtered spectrum. Pre-filtering of the signal
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before transmission by a pulse shaping filter is done to reduce the adjacent channel

interference in the wireless channel by limiting the transmission bandwidth. The

signal shown in Figure 2.6 is filtered by an ideal square root raised cosine (RRC)
filter with a roll-off factor of 0.35. The RRC filter is described in more detail in

Section 2.3.1.

-10 ..

1-15

1-20
-25·· ....

-30 .

-35 ,.

o

...... : ... ,' .

•

1

1 1

·1.· ..... 1

..1.
1 1

1 1

1 1
.

j. ·····1··

1

1

3489 3500. 3501
Frequenc:y (MHz)

3502 3S03 3504 3505

Figure 2.6 Power spectral density of unfiltered and RRC filtered
. 1r/4 DQPSK.

The filtered PSD depends on the roll-off factor and the chosen filter characteris

tics. As shown in Figure 2.6, pre-filtering reduces the required signal bandwidth by

removing the signal sidelobes which also limits adjacent channel interference. The

theoreticalmaximum spectral efficiency possible with 1r/4 DQPSK is 2 bps/Hz. This .

cannot be practically achieved as ideal brick wall filtering would be required. With

a RRC filter and a roll-off factor of 0.35, the spectral efficiency is reduced to approx

imately 1.62 bps/Hz. Spectral efficiency, which is dependent upon the modulation:

scheme, determines the maximum data rate of a communication system in a finite

bandwidth channel.
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2.3 System Component Models

As stated earlier there are three main components to a conimunication system.

In this section the simulation models for these components are examined in depth
and the specifications for this research are stated.

2.3.1 Transmitter

The main component of a transmitter is a modulator, which encodes information

for transmission. In addition the transmitter contains a bandlimiting filter, an up

converter and a power amplifier to prepare the signal for the transmission channel.

The block diagram of a transmitter is shown in Figure 2.7.

�P'

Modulator 1-1
RRC
- Upconverter HI

Power ---

Filter Amplifier

Figure 2.1 Block diagram of a typical transmitter.

Modulator

As shown in Figure 2.8 the ideal modulator contains a number of smaller compo-
.

nents, First, the incoming information is converted from a serial bit stream: into two

parallel channels. These are the I and Q signal components described earlier. The

data rate and period, 14, Tb, are related to the symbol rate and period, Rs, Ts, by

(2.13)

therefore
Ts

Tb=2"
The I and Q channels are gray coded and differentially encoded using the 1r/4 DQPSK

(2.14)

state mapping previously described in Table 2.4.

Transmit Filtering

Pre-filtering of the signal before transmission is done to limit the modulated

signal bandwidth. Optimal transmit filtering is performed using a square root raised
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Data
IN

Serial to
Parallel
Converter

Gray and
Differential
Coding

I Channel

Square Root
Raised

Cosine Filter
Modulated
Signal
OUT

Square Root
Raised

Cosine Filter

QChannel

Figure 2.8 Block diagram of a 11'/4 DQPSK modulator.

cosine (RRe) filter when a matched RRe filter is also present in the receiver [9].
RRe filters are designed to meet Nyquist's criterion for zero intersymbol interference

and have a variable parameter called the roll-off factor which controls the excess

bandwidth required to transmit the signal.

The root raised cosine frequency characteristic, HRRO(W), is given by [12]

11
. 0 < W < (1I'-0)

- - 2F

HRRO(W) = COS(_I_(W _11'(1-0») (11'-0) < W < (11'+0)
2Fo 2F 2F - - 2F

O· w> (11'+0)
- 2F

(2.15)

where a denotes the roll-off factor and F is the filter bandwidth. The paremeter

a is also referred to as the excess bandwidth, or the bandwidth required above.

the Nyquist frequency, J.. It represents a trade-off between the sharpness of the

transition band and the ringing magnitude of the impulse response. Figure 2.9

illustrates themagnitude frequency response normalized to the symbol rate (1ITs) for
three values of a and Figure 2.10 shows the impulse response truncated to 8 symbols.

The impulse response must be truncated to a finite number of symbols in order

to realize a synthesizable finite impulse response (Fffi) digital filter. The filter's

impulse response, hRRC(t), may be expressed mathematically as [12] .

hRRO(t) = 1I't(1-\�)2) sin{211'(1- a);) +
4a

11'(1 _1�)2) cos{211'(1 + a) ;s} (2.16)
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where Ts is the symbol period. Due to RRC filtering the transition from one discrete

phase to the next does not happen instantaneously. A vector signal diagram showing
the filtered signal transitions is displayed in Figure 2.11.

1��--�------�----�--�--�

-1 -O� 0 0.5

1M
1.5

Figure 2.11 Vector signal diagram for filtered 1r/4 DQPSK (a ==

0.35).

The evolution of original serial data to an encoded and filtered signal is shown
.

in Figure 2.12 for the I channel. The original data sequence is displayed in Fig-
.

ure 2.12(a), the encoded data is shown in Figure 2.12(b), and the filtered signal is

shown in Figure 2.12(c) (a = 0.35). Both encoding and filtering delay the signal
relative to the original data waveform. To show all waveforms lined up with one

another, the time axes on Figures 2.12(b) and 2.12(c) have been shifted.

The pre-filtered signal is then input to an I-Q modulator and the resulting mod

ulated signal, sm(t), can be expressed as

Sm(t) - Re[u(t) exp(j21rfct)]
- ur(t) cos(21rfct) - uQ(t) sin(21rfct)

(2.17)

(2.18)
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(b) 11'/4 DQPSK encoded signal.

(c) RRC filtered, encoded waveform.

Figure 2.12 Time domain representations of inphase signal at
various stages.
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where fe is the carrier frequency and u{t) is the filtered baseband signal.

Upconverter

In most cases the modulated signal is not at the desired carrier frequency for

transmission. Many inexpensive modulators are readily available that output the

modulated signal at an intermediate frequency (IF), one between baseband and the

desired transmission frequency. Therefore to reach the desired carrier frequency the

modulated signal must be upconverted. This is usually done with an oscillator, a

double balanced mixer and an image rejection filter. The resulting bandpass signal
at the output of the upconverter, suc{t), is given by

suc(t) - Re[u{t) exp(j211'/uct)]

fuc - fe+ fLO

. (2.19)

(2�20)

where u{t) is the baseband signal, fe is the modulator output frequency, and fLO is

the local oscillator frequency and represents the shift from the upconverter.

2.3.2 Channel

The channel is the medium used to transmit the information signal. This may

range from copper wire to fiber optic cable to the atmosphere (wireless channel).
The system designer is able to choose the type of channel, however, channel charac

teristics are generally beyond his control. For a wireless channel, the characteristics

are determined by the specific geography, atmospheric effects, objects in the channel,

multipath effects, etc. in the area where the system is situated. A good approxi

mation to the characteristics of an actual fixed wireless channel is an additive white

Gaussian noise (AWGN) channel [9].
The specifics of the channel used for this research were that it be a fixed wireless

channel. This means the transmitter and receiver were not moving and had a line

of sight (LOS) view of one another. For this reason, channel fading has not been

investigated as it has been shown not to be a significant problem for narrowband

channels under these conditions.

For simulation and hardware testing, the received signal was assumed to be cor-
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AWGN
(Bandlimited)

Transmitter Channel Receiver

Figure 2.13 Block diagram showing introduction of AWGN.

rupted with band-limited AWGN. The noise was added to the transmitted signal

prior to reception as shown in Figure 2.13. The resulting signal after corruption by
AWGN may be expressed as

ret) = set) + net) (2.21)

where set) is the transmitted signal and net) is the noise added. To ensure there is

no correlation between the I and Q noise components, the Gaussian noise consisted

of independent baseband I and Q components. These were modulated and added to

the transmitted signal at the channel radio frequency (RF). The noise, net), when
modulated was given as

net) = nl(t) 008(211"Ict) - nQ(t) sin(211"Ict) (2.22)

where nl(t) denotes the inphase component of noise and nQ(t) is the quadrature

component, which were independent and uncorrelated.

2.3.3 Receiver

The receiver is designed to recover the transmitted information from the received

signal. Figure 2.14 shows a typical receiver block diagram. The various components

. complement the circuits found in a transmitter. A low noise amplifier (LNA) boosts
the received signal level in a manner similar to the power amplifier of the transmitter.

This amplifier is the first element after the antenna because it is designed to have

a low noise figure, in order to amplify the received signal without introducing much

additional noise.

The downconverter translates the received Signal to a lower intermediate ire-
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Figure 2.14 Block diagram of 7r/4 DQPSK receiver .

.

quency for demodulation, the inverse of the upconverter described in Section 2.3.1.

Demodulation is done at a relatively low frequency for similar reasons as modulation;

the available components are less expensive. The outputs of the quadrature demod

ulator are the received inphase and quadrature channels, which are then filtered.

An ideal receiver filter is matched to both the characteristics of the received

signal and the channel. However, in a practical communication system it is not

simple to completely model the channel as it is subject to time-varying phenomena.
It is for this reason that raised cosine filtering is often used in digital communication

systems. This type of filter minimizes effects of noise and intersymbol interference

in an AWGN environment [9]. To provide filter matching. in the transmitter and

receiver, the raised cosine filter response is implemented using two identical root

raised cosine filters.

Detector

The 7r/4 DQPSK modulated signal can be detected in a number of different ways.

Common noncoherent detectors include the baseband differential detector, the IF

differential detector, and the frequency discriminator detector [5]. Previous work in
the area of 7r/4 DQPSK detectors was done by Waskowic. The performance of a

digitally implemented baseband differential detector was slightly better than that of

the IF detector, and much better than the frequency discriminator [1]. Therefore

the baseband detector was used in this research.
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Figure 2.15 shows the block diagram of a baseband differential detector. The
.

principle of operation is that the local oscillator (LO) frequency is assunied to be

equal to the carrier frequency, and that the phase offset between the oscillator and

carrier varies slowly with respect to the symbol rate. Under these conditions an

unknown but nearly fixed phase offset exists between the LO and carrier signals
between symbols. As the symbols are detected as phase differences between symbols,

knowledge of this phase offset is unnecessary. This is noncoherent detection. After

the modulated carrier signal has been converted to baseband by the quadrature

demodulator, the I and Q signal components are lowpass filtered by square root

raised cosine filters. The two signals are then differentially decoded using a delay
and multiply operation.

------1

Lowpass!--....y......-.!
RRC Filter

QChannelQuadrature
Demodulator

I Channel

Signal
Mapping

Delay
and

Multiply

Parallel
to Serial
Converter

Data
OUT

Signal
Mapping

Figure 2.15 Block diagram of a baseband differential detector.

This process may be described mathematically; however, effects such as noise

and intersymbol interference are neglected in this derivation. The received bandpass

signal, r(t), is given by

r(t) = A(t) cos(27rlet + 9(t» (2.23)

where A(t) is the signal amplitude, Ie is the bandpass carrier frequency, and 9(t)
is the signal phase angle. The bandpass signal is quadrature downconverted to
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baseband with a local oscillator signal, SLO(t), specified as

SLO(t) = cos(27rfLOt + 4» (2.24)

such that fLO = fe and having an arbitrary phase offset, 4>, with respect to the

input signal. Downconversion of the inphase component, v(t), may be be found by

multiplying Equations 2.23 and 2.24. The quadrature component, w(t), may also

be found in a similar way. In this case the LO signal must be phase shifted by 90°

to produce a sine wave. Neglecting higher order terms removed by lowpass filtering
and using trigonometric identities produces a set of two baseband signals that can

be expressed as

v(t)

w(t)

_

A(t) cos(O(t) - 4»2

_

A(t) sin(O(t) - 4»2

(2.25)

(2.26)

which are dependent on the phase offset between the LO and the input carrier sign8l,
as well as the signal amplitude.

The next portion of the derivation is done at discrete sample points, k, separated

by a symbol period. In the digital domain, Equations 2.25 and 2.26 translate to

Ak
(2.27)Vk -

- COS(Ok - 4»2
Ak .

(2.28)Wk = - Sin(Ok - 4»2

where

Ak - A(t = kTs) (2.29)

Ok - O(t = kTs) (2.30)

for -00 < k < 00. The samples are located at the ideal sample point for each symbol

and separated by one symbol period. This is the point most likely to produce a

mapping to the correct symbol. Finding the ideal symbol sampling point is what
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the symbol timing recovery block does. The detection is performed by a delay-and

multiply operation where the current sample is multiplied by the previous symbol's

sample; After detection the inphase signal, Xk, is given by

Xk - VkVk-l + WkWk-l (2.31) .

�Ak-l
cos(8k - 4» COS(8k-l - 4» + (2.32)-

4

Ak�k-l sin(8k - 4» sin(8k-l - 4» (2.33)
�Ak-l

(2.34)-

4 cos(8k � 8k-1)

Xk - Ccos(8k - Ok-I) (2.35)
C

AkAk-l
(2.36)-

4

provided Ak � Ak-1, which is valid if the amplitude at the ideal sampling points is

slowly changing. Typically there is slow fading in a fixed wireless channel, so from

mid-symbol to mid-symbol this criterion is met. Similarly, the detected quadrature.
signal, Yk, is

Yk - WkVIe-l + VkWIe-l

- Ak�k-l sin(Ok - 4» COS(Ok-l - 4» -

Ak�k-l cos(OIe - 4»Sin(OIe-l - 4»

AkAk-1 .

(L1 LI )-

4
sm file

-

fl1c-l

Yk - Csin(OIe - Ok-I)

(2.37)

(2.38)

(2.39)

(2.40)

(2.41)

which is also subject to the Ale � Ak-1 assumption. Equations 2.35 and 2.41 are

a function of the cosine .and sine of the phase difference between symbols. This

detected signal level may be mapped to the detector output according to Table 2.5

to recover the transmitted data. The final step is to combine the I and Q data

streams with a parallel to serial converter.
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Table 2.5 Relationship between detected signals and output bits .

for 1r/4 DQPSK.

Xk I Yk Q
+ 0 + 0
- 1 - 1

Timing Recovery

Synchronization is one of the most important aspects of receiver design. Symbol

timing recovery is essential in digital communication systems to recover the transmit

ted information accurately. As mentioned in the previous section; the clock recovery

circuit is responsible for sampling the received I and Q signals to decode the data. H

the receiver clock is not synchronized to the transmitter clock then the bit error rate

will be too high, meaning the recovered data will be worthless. The next chapter

deals with this issue in depth..

2.4 Summary

Modulation is the process of encoding information onto a carrier signal for trans

mission. Common digital phase modulation schemes like QPSK and 1r/4 QPSK map

symbols to discrete phases of a carrier signal.
1r/4 DQPSK is a differential modulation scheme similar to 1r/4 QPSK that en

codes information as a phase change rather than absolute phase. Both 1r/4 QPSK
and 1r/4 DQPSK allow high efficiency power amplifiers to be used because of a re

duced signal amplitude variation. Differential modulation schemes allow simpler
receiver design because carrier recovery is not required. Also, 1r/4 DQPSK guar

antees signal transitions between symbols, which can be advantageous for symbol

timing recovery.

The main component of a transmitter is a modulator, which encodes information

for transmission. In addition the transmitter contains a bandlimiting filter, an up

converter and a power amplifier to prepare the signal for the transmission channel.

The upconverter translates the modulated signal to the bandpass carrier frequency.
A channel is the medium used to transmit the information signal through. A
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good approximation to the characteristics of a wireless channel is an additive white

Gaussian noise (AWGN) channel.
The receiver is designed to recover the transmitted information from the received

signal. Components in the receiver complement the circuits found in a transmitter.

A low noise amplifier (LNA) boosts the received signal level and the downconverter

translates the bandpass signal to an intermediate frequency. The demodulator re-:

covers the inphase and quadrature signals which are filtered by the receiver matched

filter. This type of filter minimizes effects of noise and intersymbol interference in an

AWGN environment. Finally the detector converts the received signal into a decoded

data stream.

Clock recovery is required to ensure sampling of the received signal at the right
time to decode the data. If the receiver clock is not synchronized to the transmitter

clock then the recovered data will contain many errors.



Chapter 3

TIMING RECOVERY

3.1 What is Timing Recovery

Synchronization is an important aspect of receiver design, but what exactly is

symbol timing recovery? As mentioned in the previous chapter, timing recovery is

done in order to recover the transmitted information accurately. The clock recovery

circuit is responsible for generating a clock used to sample. the received I and Q

signals to recover the data signal. Figure 3.1(80) shows an eye diagram and the

optimum sample point for the inphase channel.

(a) Ideal sampling.

0.2 G.4 0.8 o.e 1 1.2 1.4 1.8 1.8 2
TIme (J.Is)

(b) Non-ideal sampling.

Figure 3.1 Two level inphase channel eye diagrams.

If the receiver clock is not synchronized with the transmitter clock, then the

received signal may be sampled at a point other than the ideal sampling instant.

Under this offset condition the detector makes a decision at a sub-optimal time. In

the presence of noise this offset increases the probability a symbol will be incorrectly

32
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detected and reduces the demodulator performance. Figure 3.1(b) shows the eye

diagram for an incorrectly sampled signal. It can be seen in Figure 3.1 that the

eye opening closes as the sampling point moves away from the ideal instant, which

reduces the noise margin.

Symbol timing offsets are due to the use of different reference oscillators in the

receiver and transmitter. This is unavoidable because the transmitter and receiver

are, by nature, at different locations. Even a slight frequency difference between the

two sampling clocks will cause a "slipping" in time of the receiver sampling point

with respect to the ideal (transmitter). The recovery system must continually adjust
the phase of the recovered clock in order to sample the received waveform as closely
as possible to the ideal point. Therefore it is just as important to track the ideal

sampling point as it is to find it in the first place.

Furthermore, the specific application for the modem isa Time Division Multiple
Access (TDMA) system. Multiple users will transmit and receive mormation over

the same frequency, at different times. This means the modem operates in burst

mode as there is a new burst of data each time a new user transmits. At the

beginning of each burst the receiver must synchronize with the transmitter clock.

In this type of system, data throughput efficiency increases when synchronization
time is reduced. Therefore the symbol clock recovery system must be both fast and

reliable to recover and track the symbol clock.

As a result of its crucial role, timing recovery has been the subject of much

research. The research has focused on many different topics such as: optimizing

symbol timing recovery for different modulation schemes; and joint symbol timing
and carrier phase estimation. This research was aimed at comparing a number of

synchronization techniques using simulation to assess the burst-mode performance.
Most research has focused on tracking performance with little emphasis on acquisi

tion characteristics. Also little research on the trade-offs between performance and

implementation complexity in programmable digital hardware has been done. The

objective is to choose the method which exhibits the most favourable combination

of performance and hardware complexity and implement it in digital hardware.
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3.2 Overview of Methods

There are many ways to recover the symbol clock in a digital modem. A logical

way of doing this is to send a timing reference signal along with the transmitted

signal, however, this would require additional channel power [12]. A more commonly
used alternative is to derive symbol timing information from the received waveform.

The methods presented here are all self-synchronization techniques, that is they
recover the clock directly from the received signal.

Four methods were researched, simulated, and are presented here. It should also

be noted that each of these methods was performed using the detected signals. This

means the 8-point 1r/4 DQPSK constellation has been transformed into a 4-point

constellation by the baseband delay-and-multiply operation described in Chapter 2.

As the 8-point constellation consists of 5-level eye diagrams, zero crossings and signal

peaks are not as frequent 88 with the 4-point constellation, and for this reason the

detected signals were used for symbol timing recovery.

3.2.1 Early-Late Gate

The early-late gate is one of the most common synchronization techniques and

can be found in many textbooks. This method works under the assumption that the

received pulse shape is symmetrical about the optimum sampling point [9, 12]. This
is valid in 1r/4 DQPSK when two successive bit transitions occur in either the I or

Q channels, such as the sequences 0 -1- 0 or 1- 0 -1. Figure 3.2 shows a received,
filtered signal both with and without symmetrical pulses.

The principle of operation behind the early-late gate approach uses two integrate

and-dump accumulators. The magnitude of the signal is integrated over the first half

of the symbol by one and the other works over the last half. The two outputs are

compared for each symbol, and will be equal if properly synchronized. However, if

the value for the first half is larger then the receiver clock is sampling late and must

be advanced. On the other hand if the second sum is larger then the sample clock

is early and should be retarded. A system block diagram is shown in Figure 3.3.

Due to the sensitivity of this method to the type of input required for operation,
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a set preamble of data may be required for initial synchronization. During data

transmission, assuming the data sequence may be approximated as random in na

ture, there should be enough transitions for maintaining a recovered symbol clock.

Simplicity is the early-late gate's forte. There are no multipliers required, only two

accumulators, a comparator and some sequential logic elements.

3.2.2
.

Digital Phase Locked Loop
This method searches for a zero-crossing in the I or Q input signal and assumes

the optimum sampling point is half a symbol period (1f) later. For this reason the

technique is also known by another name, the zero-crossing method, and can be

implemented using a DPLL [8].
In order to recover symbol timing, the polarities of the sampled I and Q channels

are used as digital inputs to an XOR phase detector. Specifically, a transition from

positive to negative or negative to positive is desired during each symbol. Both

channels are examined for a transition to increase the chance one may be found.

The phase detector is used to produce an error signal proportional to the phase error

between this ''transition'' signal and the receiver clock.

The phase error signal causes a counter, called the K counter, that is clocked at a

rate higher than the symbol clock, to count up for positive error or down for negative
error. When the K-counter sends a carry or borrow pulse, i.e. it has counted past the

upper limit or counted down below zero, the phase of the symbol clock is advanced

or retarded respectively. The size, K, of the counter determines the loop bandwidth

of the DPLL [15].
The ID-counter is responsible for inserting or removing a pulse as directed by the

K-counter's carry or borrow signals. The divide by N counter outputs the recovered

clock, which is also used as feedback to the phase detector. Figure 3.4 shows a block

diagram of a DPLL [16].
For 1r/4 DQPSK a DPLL with a small loop bandwidth is desirable for tracking

since it averages the large zero-crossing jitter, which is approximately 1 of the symbol
period even under low noise conditions. This also, however, increases the response .

time of the DPLL drastically, and therefore the overall acquisition time' required.
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Figure 3.4 System block diagram for the DPLL.

That is why a variable loop bandwidth DPLL is best suited for this application.

This could be done using a CPLD. A variable K system consisting of two counters,

an XOR phase detector and some sequential logic could be implemented in digital
hardware.

3.2.3 Maximum Amplitude
The maximum amplitude method is derived from the maximum likelihood esti

mation technique [8]. The optimum sampling point for each symbol is defined as the

point of maximum "eye" opening as discussed in Section 3.1. Through averaging

over a number of symbols, the maximum eye opening will be the point ofmaximum
.

amplitude. This can be seen in Figure 3.5 where both an eye diagram and the av

erage of the absolute value of the signal used to produce the eye diagram are shown

relative to one another (100 symbols of data used).
After detection in the receiver the 7r/4 DQPSK I and Q signals are similar to

those of regular QPSK, with 4-point constellations and two level eye diagrams. Both

I and Q channels are over-sampled (for example, at 8 times the symbol rate) and

the magnitudes (absolute value) of the I and Q signals are summed together. on a

sample by sample basis. This effectively cuts each symbol into N small bins from

which to choose a sampling point, where N is the number of samples per symbol.
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Figure 3.5 7r/4 DQPSK eye diagram and averaged magnitude
signal.

This magnitude signal is shown in Figure 3.6 for several symbols.
The values are summed over J symbols and the bin with the highest value each

symbol is chosen as the optimum sample point. Figure 3.7 illustrates this as the

signal from Figure 3.6 is accumulated over time. It can easily be seen that the local

maxima occur with less variation in time when the history of the magnitude signal is

used to produce the SUM signal. If register sizes are chosen correctly then overflow

of the SUM signal is avoided. As this method has memory, its performance is less

susceptible to data containing few transitions. This comes at the cost of increased

complexity over other methods. A system block diagram is shown in Figure 3.B.

This method is one of the more complex systems to implement. Depending on

the over-sampling rate and symbol memory, the number of registers required may

vary a great deal. Nevertheless, this could be implemented in hardware with CPLD

technology.
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3.2.4 Digital Tan-lock Loop
This method is similar to the DPLL technique [17,10]. The twist is that instead

of using the I or Q channel as an input to a phase detector, a tan-l(�) operation is

used to detect the phase. After baseband differential detection, the signal consists of

a four-point constellation with the optimum sample points being at i, a:, "":i and
_3; as shown in Figure 3.9(a).

However there is a phase ambiguity from the tan"! operation. When performed,

quadrant two is mapped to quadrant four, and quadrant three ismapped to quadrant
one according to Figure 3.9(b). This leaves ±i as the optimum sample points. The

phase signal is multiplied by 8 to place the optimum sample points at multiples of 211".

A mod(211") operation is then done to unwrap the phase. The optimum sample point
is determined when the phase signal is 211". This system is oversampled at amultiple
of the symbol rate to increase timing resolution. Also, to reduce sensitivity, the

signal is averaged over J symbols. A system block diagram is shown in Figure 3.10.

Due to the memory required for averaging over J symbols, this. technique is

similar to the maximum amplitude method in hardware requirements. It is, however,

more complex as it requires similar structures plus a tan-l(�) function. It would
be possible to implement this in a read only memory (ROM) look-up table on the

CPLD itself though.
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3.3 Summary

Symbol timing recovery is done in order to recover the transmltted. information

accurately. The clock recovery circuit is responsible for generating a clock used to

sample the received signal to recover the data signal. If the receiver clock is not

synchronized with the transmitter clock then the received signal may be sampled at

a point other than the ideal sampling instant. There are many ways to recover the

symbol clock in a digital modem. A common approach is to derive symbol timing
information from the received waveform itself.

The early-late gate is one of the most common synchronization techniques and

can be found in many textbooks. This method assumes the received pulse shape is

symmetrical about the optimum sampling point, which is true in 1r/4 DQPSK when

a bit transition occurs.

Another well known technique is the zero-crossing method. Easily implemented

digitally using phase-locked loops, this system searches for a zero-crossing and as

sumes the optimum sampling point is half the symbol clock period later. Thismethod

must average the zero-crossing jitter, which can be extreme in filtered 1r/4 DQPSK
even under low noise conditions.

The maximum amplitude method is derived from the maximum likelihood esti

mation technique. This synchronizer entails block processing and requires memory

for implementation. The maximum amplitude method stores amplitude values for

a number of samples. The periodic samples are averaged over a number of symbols
to determine which sample within the symbol period has the highest average value.

This point is chosen as the best sampling instant and the symbol timing is adjusted

accordingly.
A method similar to the DPLL, the digital tanlock loop, uses a different type of

phase detector and was also examined. A tan-l(�) function is performed to detect

the phase which is used as an error signal instead of the usual XOR phase detector.



Chapter 4

EXPLANATION OF TRADE-OFFS

4.1 Overview

In a real world situation there are many factors that a wireless cOmmunication

system must deal with. This chapter will explain the evaluation criteria used to

compare each of the methods described in Chapter 3. In the existing literature

there are a great deal of results regarding bit error rate (BER) curves for 'various ,

1(/4 DQPSK modems. Not much, however, may be found on synchronization time or

comparison of different synchronization methods. This research deals with all three

of the above mentioned situations. Each of the factors used for comparison will be

explained in the following sections.

There is a logical split in evaluation criteria as the major trade-off in system de

sign is typically performance versus implementation complexity, or cost; That said,
there are a number of ways to measure performance. Additionally, there are per- '

formance impairments whose effects on demodulator performance may be examined

as well. Also, with the availability of inexpensive programmable digital hardware,

higher complexity does not always carry an associated increased cost in dollars.

However, since dedicated digital circuitry must be synthesized to realize demodula

tor functions, certain functions which may be easy to realize with a microprocessor

based implementation can dramatically impact the complexity of a. programmable

logic implementation.
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4.2 Performance

The performance of a communication system is generally referenced to that of

the ideal transmitter and receiver. The main performance metric is the BER curve,

which is a graphical representation of the error probability, Pe, as a function of

bit energy to noise density, Eb/No. The implementation loss (in dB) for a system

under test is the required increase in Eb/No compared to the ideal case to obtain

a specific BER. Impairments that include imperfect symbol timing recovery, carrier

frequency offset, and sub-optimal filtering can cause signal degradation and affect

the performance.

The probability of error, or error rate as it is often called, Pe, is generated through
a number of Bernoulli trials [12]. A Bernoulli trial is an experiment with two distinct

. outcomes, as is the case in a binary system [18]. The system is stimulated with a

known input and the number of successes is counted and divided by the number of

trials to determine the system statistics. For a communication system, a "success" is

a bit error and the process is interpreted as the bit error ratio or bit error rate (BER),
expressed as

».
BER=Pe= -

Nb

where N; is the number of errors received and Nb is the total number of bits trans-

. (4.1)

mitted.

The cause and effect of each impairment is examined in the following sections.

BER performance of the 1r/4 DQPSK detector is characterized in the presence of

these impairments. For the ideal detector there is no timing recovery system, and

an optimal sampling time is specified and used for all symbols.

4.2.1 Ideal Case

The ideal 1r/4 DQPSK demodulator has the best performance possible in the

recovery of the transmitted sequence. Infinite precision of all sample values and

operations is assumed, and perfect symbol timing is used. The BER curve may
be expressed mathematically, however this derivation is very complicated due to

correlation between the inphase and quadrature signal components [9]. Equation 4.2
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illustrates the error probability, Pe, 88 a function of bit energy to noise density,

Eb/No, and may be expressed [9]

(4.2)

(4.3)

(4.4)

where Q{a, b), Marcum's Q-function, is given 88

Q{a, b) = 100 t10{at) exp{-0.5{a2 + t2»dt - (4.5)

and 10 is the modified Bessel function of the first kind. Thismay be simplified further

under AWGN channel conditions at high Eb/No, 88 an approximation given by [19]

Pe{!:) - 0.5erfC{2Sin{i�»
2 (00 2erfc{x) -

Vi Ja: exp{-u )du

(4.6)

(4.7)

where erfc is the complimentary error function. Using Equations 4.2 and 4.6, graph
ical representation of BER performance for the ideal baseband differential detector

is illustrated in Figure 4.1.

4.2.2 Synchronization
Acquisition performance is critical for any modem, but more so in this case be

cause of the burst-mode setting. The receiver clock must be recovered quickly so

that detection of the data burst may begin. In general, a preamble is used to aceel

erate synchronization, however, overhead must be kept low in order for the system

to be efficient. - To do this, the symbol timing system must be iast. The minimum

burst size for an Ethernet based packet data network is 64 bytes (256 symbols) and
the maximum is 1500 bytes (6000 symbols) [20]. A packet contains both data and

header information used to identify the source and destination. The overhead cal-
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culation was done with respect to synchronization only and considered the entire

packet as the payload and the number of symbols required for synchronization as

. overhead. Thus synchronization overhead, 0, may be expressed as a percentage of

the information sent

o = _!__d x 100%
s+

where s is the number of symbols required for synchronization and d is the number

(4.8)

of symbols in a packet. If synchronization can occur within 20 symbols, overhead

will range from 7 .2% to 0.3%.

A method for measurement of "synchronization time" was not found anywhere
in the literature reviewed. For the purposes of testing in this research, both in

simulation and hardware, synchronization was defined as being achieved at the first

stable clock edge. A stable clock was in turn defined as changing by one timing step

per symbol or less. Under this condition, therefore, the minimum synchronization
time possible was assumed to be 1 symbol. One timing step is 1/FB, where FB is
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the over-sampling rate. The stable clock edge must also be within one timing step

of the ideal sampling point, defined as the point ofmaximum eye opening [9, 8,12].
With this condition satisfied, the jitter would be a maximum of 2/Fa seconds. This

approach seemed logical and was followed for all synchronization tests.

This performance metric is useful only when comparing the different methods

of timing recovery to one another. It cannot be used with respect to an ideal case

because the ideal symbol sampling point is always fixed and does not have to be

''found'' initially.

4.2.3 Tracking
Tracking performance during the data portion of the burst is important for long

bursts of data. Even a slight frequency difference between the transmitter and re

ceiver symbol clocks will cause a slipping of the receiver sampling point with respect
to the ideal (transmitter) point. The recovery system must continually adjust the

phase of the recovered clock in order to sample the received waveform as closely as

possible to the ideal point. As the timing recovery circuit attempts to track timing
information using the received signal, phase errors occur as a result. These phase

shifts are known as timing jitter.

Acquiring initial lock is vital, but too much jitter during tracking can cause a

high number of data errors or even loss of lock. The most notable effect of poor

tracking is an increased error rate over the ideal case. For this reason the BER

curve is a widely used tool for performance measurement. The BER curve for ideal

1r/4 DQPSK is shown in Figure 4.1.

Collection of BER data is done in much the same way in simulation as in a

practical system, and is demonstrated in Figure 4.2. An input bit stream is fed

both to the system under test and a BER test set. The recovered bit stream that

contains the combined effects of the transmitter, channel, and receiver is compared

to the original sequence by the BER tester. For comparison the input and output

bit streams must be aligned. This is done by adding a delay to the input sequence

equal to that present within the system under test. The BER test set determines if

any hit errors have occurred and calculates the bit error rate.
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Figure 4.2 Block diagram of BER test setup.

As stated in Section 4.2.2, themaximum burst length for this system is 6000 sym- .

boIs. This has implications for BER measurement because for each error rate the

number of errors must be statistically significant. That is to say the performance of

the system is analyzed in a statistical manner. The BER, Pe, can only be measured

with 100% confidence if an infinite number of bits were used for the calculation [19].
It is important to transmit enough bits through the system to ensure that a reason

able approximation of the actual Pe may be measured.

4.2.4 Carrier Frequency Offset

A carrier frequency offset is a difference between the transmitter and receiver

carrier frequencies. The main source of frequency error for this application is the

local oscillators used in the upconverter and the downconverter, which are used to

translate the signal up to RF or down to IF respectively. This frequency offset is not

constant and changes slowly with respect to the symbol period. Typical frequency
drift is approximately 50 parts per million (ppm) for inexpensive crystal oscillators.

The amount of frequency offset between the receiver and the transmitter can be

significant, especially at high carrier frequencies which involve large frequency trans

lations. The impact of a given carrier frequency offset is related to the symbol rate.

Depending on the carrier frequency and the symbol rate, severe system performance

degradation may occur. The effect of an offset at carrier frequency is a phase shift
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in the detected constellation at baseband. The phase shift, !if}, manifests itself as a

rotation in the detected four-point constellation and is defined as

(4.9)

where !if is the difference between the transmitter and receiver frequencies and T.

is the symbol period. This causes a problem for the ideal receiver in performing ac

curate signal mapping to recover the data. Figure 4.3 shows a detected 'It/4 DQPSK

constellation with and without carrier frequency offset. Because of the rotation there

is a greater chance a point may be mapped to the wrong quadrant, causing an error.
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Figure 4.3 Constellation diagram of detected 1r/4 DQPSK.

The relationship between the frequency offset, given as a percentage of the symbol .

rate, and the resulting phase angle, !if}, in degrees is

!if} = 360· p (4.10)

where p is the frequency offset as a percentage of the symbol rate .. As the frequency

offset increases, the BER performance decreases because the detected signal levels

have reduced noise margins. This is demonstrated in Figure 4.4 [1]. A frequency

offset of 10% causes severe BER degradationwhich cannot be countered by increasing
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the signal Eb/No. Nevertheless, if an initial lock can be obtained with the rotated

constellation then carrier frequency offset. compensationmay be performed to correct

for the rotated constellation and improve the BER performance.
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Figure 4.4 BER performance impaired by various carrier fre

quencyoffsets [1].

4.2.5 Data Stream Sensitivity
Some synchronization methods work better under certain data conditions; such

88 many transitions in the data stream. For example, a repeating 01-10 data string

will provide a transition on both I and Q channels every symbol. This could be used

as a preamble, at the start of a burst, to facilitate synchronization. However, the

actual data portion of the burst will not consist solely of alternating 1'8 and 0'8 so

it is important that the system is able to track random data.

4.3 Implementation Complexity

Implementation complexity is directly related to the cost of producing a symbol

clock recovery system. Traditionally, with microprocessor based designs, the more

complex the design the higher the price. However, by using programmable digital
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hardware this is not always the case. One system may require more "gates", or chip

area, than another but they may both fit on the same device.

The objective of this research was to implement a cost effective clock recovery sys
tem in digital hardware on an Altera Complex Programmable Logic Device (CPLD).
The basic unit ofmeasure on an Altera CPLD is a Logic Element (LE). An estimate
of the number of LEs required for each method is given in Chapter 5. For some

designs other components may be required, such as a high-speed analog to digital
converter (ADC) or read-only memory (ROM). The major trade-off in a commu

nication system is typically implementation complexity versus performance as one

always wants the best performance possible for any given budget.

4.3.1 Suboptimal Filtering
Optimal filtering is performed using a square root raised cosine (RRC) filter in

the transmitter when a matched RRC filter is also present in the receiver [9]. This

type of filtering minimizes the effects of noise and intersymbol interference in an

AWGN environment and was discussed in Chapter 2. Practical realizations of the

RRC filter are typically done digitally by truncating the impulse response to a finite

number of symbols. This truncation is done because an ideal raised cosine filter

requires an infinite impulse response, which is not possible to implement digitally.
The complexity of a digital RRC filter realization can still be quite high. Although

having lower performance, analog filters may be used in place of digital filters to

produce a less complex design.

However, it is not possible to realize a RRC filter using analog hardware compo

nents. The approximation of the raised cosine filter response using common analog

techniques has been examined by Bank and Gavin [21], and Liu and Feher [22, 23].
Approximating a square root raised cosine filter with a roll-off factor of 0.35 may be

done using a fourth order Butterworth filter. The frequency response of such a filter

is shown in Figure 4.5 along with the RRC filter response. The cut-off frequency of

0.57ITs = 570 kHz is slightly larger than the ideal RRC cut-off of 500 kHz for this

application (Ts = 1J.ts). The larger bandwidth results in ali increased noise level at

the filter output.



52

Magnitude Response
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Figure 4.5 Frequency response of RRC and fourth order butter
worth filters.

The magnitude responses of both filter types are similar in the passband. How

ever, the stopband rejection of lower order Butterworth filters is worse than for a

RRC filter. Higher order filters would provide better stopband rejection, but at the

expense of increased group delay distortion around the cut-off frequency. Figure 4.6

shows the BER performance of an ideal 1r/4 DQPSK modem using a fourth order

Butterworth receive filter compared to the optimal RRC filtered case [1]. It can be

seen that suboptimal filtering causes a performance degradation of 0.7 dB at a BER

of 10 x 10-2•

4.3.2 Digital Considerations
A digitally implemented modem suffers from finite numeric effects. Precision,

truncation and rounding must all be considered in the design process. The baseband

differential detector used in this research is well suited to digital hardware. This de

tector also has an advantage since the filteringmar be performed at baseband. Using
the following concepts, a designer can trade system performance for computational
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Figure 4.6 BER performance if ideal 1r/4 DQPSK and

1r/4 DQPSK impaired by suboptimal filtering [1].

efficiency and hardware complexity.

Numerical Precision

Common numeric data formats include floating point or fixed point, signed or

unsigned precision. Floating point realizations have better performance because

they have a higher dynamic range and suffer from less numerical truncation than

fixed point computations. However, they require increased complexity and lend

themselves to microprocessor based systems well. The convention for a fixed point

signed number system is two's complement representation.
In the two's complement format, the most significant bit (MSB) is used to repre

sent the sign and the other bits represent the magnitude of the number. All positive
numbers have zero for the sign bit and negative numbers are formed by complement

ing the associated positive number and adding one. Using two's complement format,

it is possible to represent numbers ranging between _2b-l and �l -1, where b is

the number of bits used [24]. The two's complement numbering system was used in
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this research.

Precision is a major factor in determining the required digital hardware for a

system. Data storage is directly dependent upon the number of bits used for storage.

However, multiplication operations do not scale linearly in size as the precision is

increased. If two signed 8-bit numbers are multiplied, the result is a 15-bit number.

For this reason special care must be taken during system design to ensure the desired

performance level is balanced against the required hardware. There are three options

when confronted with this situation: carry the new precision throughout the rest

of the system, which can be hardware intensive; truncate the result to a desired

precision; or round the result.

Truncation and Rounding
Discrete sampled systems generally suffer from data overflow after mathematical

operations. This effect is caused when arithmetic operations produce a result that.

is too large to represent with the bit precision [25]. There are a number of ways

to handle this situation. The simplest two are saturation at the largest positive or

negative value, or wrapping around the number system. Each may have advantages
in different situations, for this application the former would be more practical.

The other methods are truncation and rounding. Truncation is simpler to im-.
plement than rounding, because it keeps only the most significant bits. Rounding

requires slightly more complicated hardware but produces lower arithmetic error.

For two's complement the error due to truncation, Et, may be expressed as [26]

(4.11)

and the error for rounding, Er, as

(4.12)

where b is the number of bits used to represent the numbers. This relationship is

demonstrated graphically in Figure 4.7.
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Figure 4.7 Quantization error due to truncation and rounding.

The small increase in complexity required by rounding was deemed acceptable
and for this research rounding was used instead of truncation.

4.4 Summary

This chapter dealt with the evaluation criteria used to compare each of the meth

ods described in the previous chapter. There are a number of ways to measure

performance. Each of the factors used for comparison were explained, the major
trade-off being performance versus complexity. Also, with the availability of inex- .

pensive CPLDs, higher complexity does not always mean an increased cost.

The performance of a communication system is generally referenced to that of the

ideal transmitter and receiver as a loss (in dB). Impairments that include imperfect
symbol timing recovery, carrier frequency offset, and sub-optimal filtering can cause

signal degradation and affect the performance. Also, synchroniZation performance

is critical in this case because of the burst-mode setting. The receiver clock must be

recovered quickly so that detection of the data burst may begin.

Optimal transmit filtering is performed using a square root raised cosine (RRC)
filter in the transmitter when a matched RRC filter is also present in the receiver.

Practical realizations of the RRC filter are done digitally and truncate the impulse

response. This is done because an ideal raised cosine filter requires ali infinite impulse
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response, which is not possible.

However, it is not possible to realize a RRC filter using analog hardware com

ponents. The approximation of a raised cosine filter response may be accomplished

using common analog techniques. Approximating a square root raised cosine filter

with a roll-off factor of 0.35 may be done using a fourth order Butterworth filter.

Common numeric data formats include floating point or fixed point numbering

systems. Floating point realizations have better performance because they have a

higher dynamic range and suffer from less numerical truncation than fixed point

computations, however, they require increased complexity.
Discrete sampled systems generally suffer from data overflow after mathematical

operations. This effect is caused when arithmetic operations produce a result that

is too large to represent with the bit precision. There are a number of ways to

handle this situation: saturation at the largest positive or negative value; wrapping

around the number system; truncation; and rounding. Each may have an advantage

in different situations. Rounding requires slightly more complicated hardware than

the other methods but produces lower arithmetic error and was the technique used

in this research.



Chapter 5

SYSTEM COMPARISONS

5.1 Overview

Simulation is the method of choice for comparing alternatives in communication

system design. A good engineer must be confident in the success of his design,
and simulation is an excellent way to ''try things out" before actually building the

system [27]. This is because simulation of a communication system emulates the

behavior of the actual hardware to be used. To get accurate results, to be confi

dent in one's design, it is imperative that the models used to imitate the physical
communication system be accurate themselves.

This chapter will examine the simulation package used as well as specific models

that approximate the communication system described in Chapter 2. The results

generated through simulation are also presented and each timing recovery method

compared. Only one method was carried forward and implemented in digital hard

ware. The main. focus of this chapter is to present the reader with information

supporting the choice of that method.

5.2 Simulation Notes

The software package used was Agilent Advanced Design System (ADS vl.a), a

powerful tool useful for simulation and design. This program allows end-to-end sim

ulation of communication systems. The user has control over a number of factors for

simulation as well, such as the channel type and noise characteristics. Optimization
of a specific parameter subject to specific conditions is possible which can be a very

valuable tool.

57
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Project files may be formed using high-level functional blocks (eg. an ideal RRe

filter) or low-level circuit diagrams (eg. registers and delays connected together to

function as filter) or a combination of both. This allows a hierarchical design struc

ture within the project file which is good for organization. A screen capture of each

simulation design, as well as the design files themselves, may be found on the com

pact disc in Appendix A. The program has a wide array of common communication

system building blocks available as well.

There are a number of options available for viewing the results of a simulation.

The data generated by simulations may be recorded and examined using built-in

plotting blocks. However, the data may also be exported to Matlab for further

processing or display.

A problem common to most simulation packages is the long time required for

some simulations, this is dependent upon the type of test in ADS. The speed of the

processor in the computer also affects the simulation time, for simulations an AMD

K6-2 350 MHz processor and 128 MB of RAM was used. Synchronization testing

time was quite short because the number of symbols required was low. Conversely,

for BER testing at low bit error rates the number of symbols required for statistically
useful results was very high. Simulations were not run in "real-time", and in some

cases the estimated simulation time was one week.

The compromise made was to use the maximum data packet length for an Ether

net system (1500 bytes or 6000 symbols) as the simulation test time for BER testing.

This limited the simulation time required for a five point BER curve to approximately

one day. In this way, a realistic simulation for a packet of data could be done and

the system BER measured. This is also consistent with a real burst-mode scenario

where tracking would only be relevant during the burst as re-synchronization occurs

on a burst by burst basis.

Also, this problem would not be as prominent in hardware testing because real

time BER testing may be performed. The data rate was 2 Mbit/s, therefore even if

a large data set (109 bits) were used to do a thorough examination of the hardware

tracking performance only 8.33 minutes would be required. If the same length of
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data were simulated, the required time would be in the region of a few years.

5.2.1 Test Setup
The simulation test setup was done much in the same way as a practical system

would be tested. Apart from being software models, all relevant components of a

real communication system were present for simulations. Figure 5.1 shows a block

diagram of the system used.

Depending on the type of test, the data source was either a known sequence or

random in nature (a pseudo-random noise (PN) sequence). The data rate used was

2 Mbit/s, corresponding to a symbol rate of 1 Msymbol/s. Built-in components were

used to model the modulator, channel, demodulator and noise sources. The excess

bandwidth used both in the transmit and receive RRe filters was 0.35. The outputs

of the demodulator were the separate I and Q channels, each consisting of a two-level

signal resembling QPSK.
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Figure 5.1 Simulation test setup block diagram.

Two noise sources were used and their outputs combined using a QAM (Quadra.-
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ture Amplitude Modulation) modulator. This was done to prevent correlation be

tween the inphase and quadrature noise components. The resulting noise signal was

added to the modulated information signal using a passive RF summer.

Various system parameters were varied to set up specific conditions for testing.

Signal and noise power level for example, were changed to produce a BER curve.

The following sections detail how performance impairments were introduced and

their effects studied.

5.2.2 Carrier Frequency Offset

Modeling of a system impaired by carrier frequency offset was done by offsetting

the transmitter frequency, It, relative to the receiver frequency, t-. such that It :F Ir.
The resulting frequency offset, fl.1, is defined as

(5.1)

For ease of simulation, frequency drift was modeled as discrete fixed offsets. It

should be noted however, that in a real communication system frequency drift is

more accurately defined as a statistical process which varies around the nominal

frequency. With a simulated carrier frequency of 3.5 GHz and assuming maximum

frequency drift of 50 ppm in the modem crystal references, the offset frequency
would be ±87.5 kHz, or a maximum difference between the transmitter and receiver

of 175 kHz. This frequency difference produces a phase rotation in the detected

constellation of 31.50• This value was used for all carrier frequency offset simulations

fOr performance evaluations at a realistic maximum carrier frequency offset.

When the BER performance was examined under carrier frequency offset con

ditions, the results obtained were common to all methods. Very poor performance .

was observed, as the BER was consistently 0.4 for all Eb/No. This was likely not

due to a poor receiver clock, but to the reduced noise margin in the rotated four

point constellation, making correct signal mapping difficult. It may be possible to

significantly improve the performance with carrier offset compensation techniques.

This would be possible after synchronization has been established, but has not been
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investigated further. Synchronization performance with carrier frequency offset is

important since the carrier offset compensation function may rely on symbol timing

recovery.

5.2.3 Data Stream Sensitivity
Random data was used to test -the tracking performance of each method. A

sufficiently long PN sequence (of length 220 - 1) was generated for the data stream

to closely approximate actual traffic in a communication system.

Synchronization tests were done Using two types of data: a repeating known

preamble of the symbols 11 - 00 (a transition on both I and Q channels every

symbol), and a repeating known preamble of symbols 00 - 11 - 11 - 11 (a transition

every fourth symbol). Thesesituations represent cases where a different number

of transitions occur in the data. This was done to examine the performance as a

function of the data sequence, as synchronizationmay generally be done more quickly
when there are lots of transitions.

5.3 Simulation Results

As discussed in the previous chapter, two areas of performance were examined:

synchronization and tracking. Both tests differed slightly from each other. Themajor

difference was the simulation time required. Synchronization tests were relatively
short because only a few symbols worth of time were simulated to find the time to

lock. BER tests however, took over a day in some cases due to the high number of

symbols required to obtain statistically valid results.

Simulations were carried out using the ADS software. Tests were performed to

characterize the effectiveness of each method at both recovering the symbol clock

and maintaining synchronization. For synchronization testing, the signal level was

maintained at 8 dB Eb/No for all tests. The effect of carrier frequency offset was also
'

investigated. Values listed for synchronization times are averages over ten trials and

given in numbers of symbol periods. BER results are given as an implementation
loss in dB.

Also given is an estimate, for each method, of the number of Logic Elements
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for implementation on an Altera CPLD. The estimates were based oil the required

components for each individual system. The number of hardware multipliers, adders,

comparators and other logic elements were used to determine approximately how

many LEs were needed.

5.3.1 Early Late Gate

Implementation of the early-late gate on a CPLD would be straightforward and

require an estimated 1000 Logic Elements. There are no multipliers required, only

two accumulators, a comparator and some sequential logic elements. Additionally,·
simulation results show this method can be effective as well.

The typical time required to lock the receiver clock to the transmitter clock with a

preamble of 11- 00 was 13 symbols. Synchronization took approximately 16 symbols

for the 00-11-11-11 preamble case, however lock was lost after another 10 symbols,
due to the low number.of transitions in the preamble. FUrthermore, the ELG was

able to synchronize with a carrier frequency offset when the 11 - 00 preamble was

used.
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Figure 5.2 Simulation BER results for the early late gate.
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Long term tracking is where the ELG lacks slightly. Figure 5.2 shows a plot of a

sample population for the simulated BER curve results without impairments. The

BER performance was approximately 1.4 dB worse (BER = 10-2) than the ideal

case for 1l"/4 DQPSK. This was probably due to the fact that in order for the ELG

to track, the pulse shape must be symmetric about the sample point. This means it

does well with a 11- 00 input data stream, however, with fewer transitions in random

data the tracking performance suffers. These results are summarized in Table 5.1, a

cell entry of "-" indicates no synchronization occurred.

Table 5.1 Early late gate simulation results.

Synchronization
(# of symbols)
No Impairment
11-00 preamble 13
00-11-11-11 16

Carrier Offset
11-00 preamble 12
00-11-11-11 -

Tracking
(Loss wrt. Ideal 1.4 dB
BER= 10-2)

5.3.2 Digital Phase Locked Loop
A number of different configurations of the DPLL were examined. The parameter

varied was the size of the K-counter. The value of K affects the loop bandwidth

which in turn affects both how quickly synchronization occurs and how well the

system can track changes in the clock frequency. .

As K increased, so did the number of symbols needed to acquire . lock. The

results from synchronization tests as K was varied under test conditions are shown

.
in Table 5.2. The results show that in general, the number of symbols required for

synchronization using the 11 - 00 preamble was half the number required for the

00 - 11 - 11 - 11 preamble. Synchronization performance under carrier frequency
.offset was that of the unimpaired case when the 11- 00 preamble was used.
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Table 5.2 DPLL simulation results.

1 K-Counter Size II 2 1 4 1 8 116 1 32 1 64

Synchronization
(# of symbols)
No Impairment
11-00 preamble 3 10 17 20 35 56
00-11-11-11 - 7 25 38 86 143

Carner Offset
11-00 preamble - 10 15 19 32 68
00-11-11-11 - - - - - -

'!racking
(Loss wrt. Ideal 0.2 dB
BER= 10-2) (K = 512)

The length of time the DPLL was able to track the optimum sampling point was

also directly related to K. For the maximum data burst length of 6000 symbols, a

value of at least 512 was required for K. With that condition satisfied (K=512)j the
DPLL had the best tracking performance of all methods being only 0.2 dB worse

(BER = 10-2) than for idealtr/4 DQPSK. A sample of a population for the BER

curve is shown in Figure 5.3 for a DPLL with K=512.

In order for reasonable overhead, the system would require a variable K im

plementation so that synchronization time could be kept low (small K and quick

response) and good tracking performance still achieved (large K and slow response).
This could be done using a CPLD. A variable K system consisting of two coun

ters, an XOR phase detector and some sequential logic could be implemented using

approximately 1500 Logic Elements.

5.3.3 Maximum Amplitude
Four variations of this method were simulated by modifying two design param

eters. The sampling rate was changed from 8 to 16 samples per symbol, and the

number of symbols used for averaging was switched from 4 to 8. The simulation

results for each permutation are shown in Table 5.3.

This method was by far the fastest to synchronize, able to recover the clock
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Figure 5.3 Simulation BER results for the DPLL.

Table 5.3 Maximum amplitude method simulation results.

Type I II III IV

Symbols ofMemory 4 4 8 8

Samples per Symbol 8 16 . 8 16

Synchronization
(# of symbols)
No Impairment
11-00 preamble 3 4 4 11
00-11-11-11 5 5 5 13

Carrier Offset
11-00 preamble 3 4 4 11
00-11-11-11 5 5 5 13

Tracking
(Loss wrt. Ideal 2.5 dB 1.8 dB 1.4 dB 0.8 dB
BER= 10-2)
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typically in 4 symbols using a 11 - 00 preamble and 5 symbols with a preamble of

00 -11- 11-11 for one configuration (8 times oversampled, 8 symbol memory).
The 16 times oversampled, 8 symbol memory system took the longest to acquire lock

at 11 symbols for the 11 - 00 preamble and 13 symbols for the 00 - 11 - 11 - 11

preamble. Additionally, lock speed was not affected by carrier frequency offset.

There was, however, a difference in the tracking BER performance for each con

figuration with respect to Ideal z/4 DQPSK as shown in Figure 5.4. In general, more

symbols used for averaging led to better performance.
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Figure 5.4 Simulation BER results for the maximum amplitude
method.

This method is one of the more complex systems to implement. Depending on

the over-sampling rate and amount of symbol memory, there are between 32 and 128, .

100bit registers required. Nevertheless, this could be implemented in hardware on a

CPLD using approximately 1500 to 3500 Logic Elements depending on the system

parameters.
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5.3.4 Digital Tan-lock Loop
Two configurations of this method were examined. Simulations were performed

first using 8 symbols to average the error signal, then with a 16 symbol memory.

As shown in Table 5.4, the only observable difference between each system was the

tracking performance. There was about a 1.8 dB (BER = 10-2) improvement in
BER for the 16 symbol approach over the 8 symbol one. Both types had very poor

overall tracking performance though, which can be seen in Figure 5.5.

Table 5.4 Digital tanlock loop simulation results.

I Symbo��em01Y II! �!
Synchronization
(# of symbols)
No Impairment
11-00 preamble 11 11
00-11-11-11 17 15

Carrier Offset
11-00 preamble - -

00-11-11-11 - -

Tracking
(Loss wrt. Ideal 4.2 dB 2.4 dB
BER= 10-2)

Synchronization took 11 symbols under ideal conditions for the 11- 00 preamble
for both configurations. The performancewas slightly worsewhen the 00-11-11-11

preamble was used. However, synchronization could not be achieved in the presence

of a carrier frequency offset with either preamble. This was due to the constellation

rotation caused by the carrier offset. The digital tan-lock loop expects the optimum

sample points to be at i, 3:, - i and - 3:. If the constellation is rotated however,
then the phase detector gets very confused. because the sample points do not line

up at ±i and ±3: anymore. For this method to work, carrier offset compensation
would have to be done prior. to clock recovery.

This method is more complex than the maximum amplitude technique as it re

quires similar structures plus a tan-l(�) function. It would be possible to implement
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Figure 5.5 Simulation HER results for the digital tanlock loop.

this in a ROM look-up table on the same CPLD as the tan-lock loop. The estimated

size for all needed components is between 2000 and 4000 Logic Eleinents.

5.4 Comparison of Results

As the methods had a number of different configurations investigated, it was first

necessary to choose one variant of each method for comparison. The performance
trade-offs discussed in Chapter 4 were used for these evaluations.

Both the early late gate and the DPLL had only one implementation design. The

DPLL considered was a variable K system, which allowed reasonable synchronization
time and good tracking ability. There were four variants of the maximum amplitude

methods simulated, the type III (8 symbols of memory and 8 samples per symbol)
had very low synchronization time and acceptable tracking performance. Lastly, the

type II (16 symbol memory) digital tanlock loop had the better performance than

the type I. Simulation performance of each of the four implementations chosen for

comparison are given in Table 5.5. Figure 5.6 shows sample populations of BER

curves for each synchronization method as well.
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Figure 5.6 Simulation BER results for all methods.

Table 5.5 Comparison of simulation results.

II ELG I DPLL* I MA I DTL Itype TIl type II .

Method

Synchronization
(# of symbols)
No Impairment
11-00 preamble 13 25 4 11
00-11-11-11 16 40 5 15
Carrier Offset
11-00 preamble 11 25 4 -

00-11-11-11 - - 5 -

Tracking
(Loss wrt. Ideal 1.4 dB 0.2 dB 1.4 dB 2.4 dB
BER= 10-2)
Estimated .

Size 1000 1500 2000 3000

(LEs)
*performance estimate based on variable K implementation
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All of the methods investigated have various strengths and weaknesses. Some

have better performance while others are less complex. In comparing the methods

to one another, sound reasoning was used to rank them for the proposed application.
First off, the digital tan-lock loop may be considered fourth on the list because of

two reasons. One, the performance is below all other methods and two, it is the

most complex to implement.

In third place is the early late gate. Both the ELG and MA have similar results
.

and properties. The main difference being the number of symbols required for syn

chronization, the MA (8 symbol memory, 8 samples per symbol) is able to lock in

4 symbols, whereas the ELG requires 13. Implementation of the MA is more compli

cated due to the memory required, requiring twice the number of Logic Elements as

the ELG. However, both could be realized in digital hardware and the cost associ

ated with the next size CPLD is relatively low ($5). Therefore because the ELG has

poorer performance in terms of synchronization, which is a major concern in burst

communications, it ranks lower than the MA.

Evaluation of the final two methods is not as straightforward. Both the DPLL

and MA have a similar level of complexity and would require the same type ofCPLD.

The strength of the DPLL is tracking; it was only 0.2 dB worse (BER = 10-2) than .

the ideal case. By comparison the MA method was 1.4 dB worse. By contrast, the

MA was able to lock much faster, within 4 symbols. The DPLL, designed with a

variable K-counter architecture so that fast lock and good tracking couldbe achieved,
would take an estimated 20 to 25 symbols for synchronization.

So what is more important; tracking or lock speed? It is not as clear-cut as

that, both are necessary properties of a successful symbol timing recovery system.

However, if the tracking degradation is examined it is shown that the DPLL performs

so well because of the high K-counter value. Essentia.lly the loop bandwidth has been

reduced to such a small level that clock jitter is almost nonexistent. Perhaps the

MA may be modified to reduce the sensitivity by increasing the symbols in memory

used for averaging. Additionally, the MA can recover a symbol clock in near one

tenth the time that the DPLL takes. This is why the maximum amplitude method
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tops the list of clock recovery techniques. It is by far the fastest design to achieve

synchronization and performs well in situations with carrier frequency offset. The

tracking performance is acceptable and could possibly be improved, also the syStem

may be easily implemented in digital hardware.

5.5 Summary
Simulation has become the dominant method for investigating design alternatives

in communication systems. The simulation of a communication system imitates the

behavior of actual hardware. To get accurate results, to be confident in one's design,
it is imperative that the models used to imitate the physical communication system

be accurate themselves.

The software package used was Agilent Advanced Design System (ADS vl.S),
This program is a powerful tool useful for simulation and design of communication

systems. The user has control over a number of factors for simulation, such as the
.

channel type and noise characteristics. The simulation test setup was done much in

the same way as a practical system would be tested.

As discussed in the previous chapter, two areas of performancewere examined:

synchronization and tracking. Tests were performed to characterize the effectiveness .

of each method in both areas. The effect of carrier frequency offset on synchronization

performance was also investigated.

A PN sequence of length 220 - 1 was generated to test the tracking performance
of each method as it closely approximates actual traffic in a communication system.

Synchronization tests were done using two types of data: a repeating known preamble
of 11- 00 (a transition on both I and Q channels every symbol), and a repeating

known preamble of 00 -11-11-11 (a transition every fourth symbol).
The maximum amplitude method was found to be the best clock recovery tech

nique to trade-off performance and implementation complexity. It was by far the

fastest design to achieve synchronization and performed well in situations with car

rier frequency offset. The tracking performance was acceptable and the system may

be easily implemented in digital hardware.
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HARDWARE IMPLEMENTATION

6.1 Overview

This chapter discusses the hardware used to produce a communication system

from the structures originally presented in Chapter 2. Also given are the results

from testing of the designed communication system under similar conditions as the

simulations done for the previous chapter. The BER performance, synchronization

performance and implementation coniplexity of the digital realization are character

ized. System performance impaired by carrier frequency offset is also presented.

The transmitter used was a piece of test equipment, an Agilent signal generator.
This device allowed the setup of a number of different conditions to test the design.

The receiver described in this chapter used a combination ofoff-the-shelf components,

analog circuits and digital signal processing implemented in programmable digital

hardware.

6.2 Transmitter

An Agilent E4437B ESG-DP series signal generator was used to produce the

test 7r/4 DQPSK signal. This flexible device allowed setup of a number of different

situations required for testing. Specifically, the data signal had to be either random

data for BER testing or one of two possible preambles for synchronization tests. This

was possible as the data stream could either be generated internally or input to the

signal generator from an external source.

The transmitter was configured to produce a 7r/4 DQPSK signal with a data rate

of 2 Mbps, which corresponds to a symbol rate of 1 Msymbol/s. An internal RRC

72
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filter with a roll-off factor of 0.35 was used as one half of a matched filter, as done

in simulations.

The signal bandwidth was 1 MHz, centered at an output carrier frequency of

5 MHz. Also, the receiver local oscillatorwas synchronized with the 10 MHz reference

signal from the transmitter. This was done to allow control over the amount ofcarrier

frequency offset present. In this case the RF stage (which was simulated at 3.5 GHz)
was omitted to reduce hardware complexity for testing.

Noise was produced externally using a NoiseCom NC6110 noise generator and

added to the transmitted signal using a passive power combiner. This setup allowed

different Eb/No to be produced in a straightforward manner.

6.3 Receiver

The receiver design closely follows the system outlined in Chapter 1, and the

components presented in Chapter 2. An IF filter was used to limit noise at the IF

frequency of 5 MHz prior to demodulation. A quadrature demodulator translates the

received signal to baseband and separates the I and Q channels. The two signals are

then filtered by a matched filter approximation. A two input A/D converter quantizes
.

the signals at 8 MHz, which provides samples at the rate of 8 samples/symbol to

the detector. The detector was synthesized using the Verilog HDL and implemented
on an Altera CPLD. It was responsible for the delay-and-multiply operation, symbol

mapping and timing recovery. A system block diagram is shown in Figure 6.1..

I
......------.

Quadrature Matched CIF Filter � Demodulator: Filter
� (ADA/gD201) (F10Pi1�O)(RF2711) Approx. ...._____.....r-='---r----,---.I

Q I ,
Data Data

Clock

-

Figure 6.1 Hardware receiver block diagram.
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6.3.1 IF Filter

A passive third order Butterworth bandpass filter was designed using a program

called Filtry. This filter was used to limit the noise at the demodulator input. The

center frequency was 5 MHz and the 3 dB bandwidth was approximately 2.2 MHz..

The circuit schematic is shown in Figure 6.2. The filter frequency response was

measured and can be seen in Figure 6.3, and Table 6.1 lists the component values

used.

Table 6.1 Component values for IF filter.

Component Value

1.2nF
0.15 nF
1.2 nF

0.83 p,H
6.3 p,H
0.83 p,H

Input
-----0'----1 Output

L3

Figure 6.2 IF filter circuit schematic.

6.3.2 Quadrature Demodulator

The quadrature downconverter takes the bandpass modulated signal as an input
.

and outputs two baseband signals that correspond to the inphase and quadrature

components of the transmitted signal. An RF Micro Devices RF2711 was used to

perform this function for the receiver.

The RF2711 is a monolithic integrated circuit (IC) quadrature demodulator.

The package contains two double balanced mixers, a 90° phase shifter and baseband

amplifiers to interface with an AID converter. It requires a local oscillator input
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Figure 6.3 IF filter frequency response.

frequency that is twice the modulated carrier frequency, 10 MHz in this case. The

output DC offset may be referenced to the AID DC offset level for good DC accuracy.

6.3.3 Filtering
As stated in Chapter 2, the optimum matched receiver filter is a RRC filter.

That type of filter must be implemented digitally which fits within the scope of this

research. However, estimates by Waskowic show that the approximate size for one

RRC filterwith 8-bit precision is 6225 Logic Elements [1]. Both the I and Q channels

require a filter bringing the total to 12450 LEs. The largest Altera CPLD on hand

(a FLEX. 10KIOO) had 4992 LEs available [28].
For this reason it was decided to implement analog suboptimal filtering rather

than true RRC receiver filtering. This would introduce some performance degra

dation, however, it kept component costs much lower than had large CPLDs been

purchased. A fourth order Butterworth low pass filter was designed and prototyped

for use in the receiver. Figure 6.4 shows a circuit schematic for one of the filters built

and Table 6.2 lists the component values used.
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.

Table 6.2 Component values for matched filter approximation.

Component Value

1.8 nF
4.4nF

·43.5,_"H
18.0,_"H
10kn
lOOn

Output

Figure 6.4 Receiver matched filter approximation schematic.

The passive filter had a buffered input and output for better isolation. A printed
circUit board (PCB) was done using ProteI and made using a ProtoMlit COO PCB

mi1ling machine. Both filters made were tested using a spectrum analyzer, and

their frequency response is shown in Figure 6.5. The 3 dB cutoff frequency was

approximately 570 kHz and there was 1 dB of ripple in the passband for each filter.

This cutoff frequency is appropriate for the RRC approximation as explained in

Chapter.4.

6.3.4 Analog to Digital Converter
Analog to digital conversion was done using an Analog Devices AD9201 dual

channel A/D. A sampling rate of 8 MHz was chosen for a number of reasons. Firstly,

it is the same as the sampling frequency used for simulations. It also satisfies the

Nyquist criterion, to ensure no aliasing is introduced. In addition, it provides enough

timing resolution to determine accurate symbol timing.
The samples provided by the AID converter have a maximum precision of 1()"

bits, however, only the most significant 9-bits were used. This bit width was chosen

to allow the detector and timing recovery blocks to fit on the available CPLD. After
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Figure 6.5 Receiver matched filter approximation frequency re

sponse.

conversion to the digital domain, the two's complementdata format was used for

arithmetic operations.

6.3.5 Baseband Differential Detector

.

In order to recover the information sequence, symbol mappingmust be performed.
The sampled I and Q signals are both five-level waveforms due to the 1r/4 DQPSK

modulation. After detection, the I and Q signals are converted to two-level wave

forms which allows easy symbol mapping. Detection was done using a delay and

multiply operation, as discussed in Chapter 2. This part of the system was designed

using Verilog and implemented in digital hardware..

The delay was implemented using a number of registers arranged in a shift register

configuration. Samples were clocked at the sampling rate through the shift register

to produce a one symbol delay. Signed multiplication was performed using hardware

multipliers that had an output bit precision of 2b - 1, where b is the input bit

precision. The signals were then added or subtracted and the output rounded to



78

10-bits. The two-level delayed-and-multiplied I and Q channels, ldm and Qdm, are

given by

ldm(n) = [l(n) x Q(n - 1)] - [l(n - 1) x Q(n)]

Qdm(n) - [l(n - 1) x l(n)] + [Q(n - 1) x Q(n)]

(6.1)

(6.2)

where l(n) and Q(n) are the received five-level signals. This requires four multiplica

tion, one addition, one subtraction and two rounding operations. However, to reduce

complexity, two multipliers were used and Clocked at twice the sampling rate. The

. space on the CPLD saved by removing two multipliers was required for the timing

recovery block.

6.3.6 Timing Recovery
Using the received signal, a symbol clock was generated and used to sample the

detected I and Q channels to recover the transmitted data sequence. This was done

using the maximum amplitude method, as described in Chapter 3. The system was

implemented on an Altera CPLD along with the baseband differential detector. The

source Verilog code used to synthesize each digital hardware implementation may be

found on the compact disc in Appendix A.

A modification was also made to improve the tracking performance, and is re

ferred to as the modified maximum amplitude (MMA) method. This reduced the

jitter of the recovered clock significantly and produced a noticeable tracking improve

ment, which is demonstrated in the results that follow.

Maximum Amplitude

Chapter 3 discussed each of the timing recovery methods examined in this re

search. The maximum amplitude method was chosen to be implemented in digital
hardware. This technique looks for a peak in the summed I and Q signals over a

number of symbols and chooses that as the optimum sampling point.
This was accomplished in digital hardware with shift registers, adders and a.

comparator. Eight registers were used to store one symbol worth of samples, and

the sum was calculated over the previous 16 symbols. A longer sequence of symbols
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was used in hardware than in simulation to counter some of the expected degradation
caused by hardware suboptimal filtering. A diagram of this structure is shown in

Figure 6.6, where N was 16 for testing.

1

2

•
•
•

N
Symbols

Summed
Values

OneSymbol------

Figure 6.6 Maximum amplitude register structure.

The eight registers used to hold the summed values had l3-bit precision, higher

than the 10-bit inputs to reduce the possibility of overflow errors. A comparator was

used to find the maximum value over a symbol period and this point was used to

sample the detected I and Q signals. A data clock was also generated and referenced

to the recovered symbol clock.

Modified Maximum Amplitude
This system had only one difference from that of the previous section, a DPLL

was used to reduce jitter of the recovered symbol clock. This was done to increase

the tracking performance of the timing recovery system. There was.an increase in

the number of Logic Elements required, however it was for the most part trivial when

compared to the existing size of the design.

The DPLL addition consisted of an 8-bit counter and some sequential logic. The

tracking performance did improve, and is examined in Section 6.4.2 more thoroughly.
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6.3.7 Component Costs
One of the overall goals of this research was to design a low-cost system. By

implementing the modem in digital hardware this was expected to be achievable, and

has been done. There were a few components such as the quadrature downconverter

and AID converter which could not be placed on an CPLD, however the costs of

these components were not very high.
A breakdown of required components and their respective prices is given in

.

Table 6.3. The total cost for the receiver that was built and tested was approxi

mately $50. This figure seems very reasonable when compared to current prices of

wireless devices such as digital cellular phones and modems.

Table 6.3 Cost estimate for receiver components

Component Cost

IF filter $4
. Quadrature demodulator (RF2711) $5

Low-pass filters $6
AID converter (AD9201) $10
CPLD (FLEX1OK1OO) $25

Totru $50

One option available to increase performance would be to replace the analog
receiver filter with a true digital RRC filter. To do this would require a larger
CPLD. One thing to keep in mind is that the cost increase is not linear with respect

to the CPLD size. The. price of a FLEX1OK250, two and a half times the size of a

FLEX10K100, is approximately $100 which is four times the cost of the CPLD used

in this research. Again the trade-off of cost versus complexity comes into play. In

this the analog filter does an adequate job, however, in the future prices of larger
CPLDs are sure to decline so a point will come when inexpensive, large chips are

readily available.

Digital Implementation
The detector, timing recovery and symbol mapping components of the receiver

design discussed in this chapter were realized in digital hardware. The type of
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technology that could be used to implement this design include application specific
. integrated circuits (ASICs), field-programmable gate arrays (FPGAs), and complex

programmable logic devices (CPLOs). CPLOs were chosen because they are pro

grammable, low cost, and readily available.

CPLOs are very similar to FPGAs in that both may be programmed, however

each have their own advantages. The primary advantage of CPLOs are the continu

ous interconnect structures between Logic Elements, while FPGAs have a segmented
interconnect structure. This provides better Logic Element connectivity and leads

to slightly faster clock speeds and smaller chip sizes. In addition, delays between

Logic Elements are reduced and predictable timing performance for signals between

Logic Elements is possible.

Unlike CPLOs and FPGAs, ASICs are not programmable. Although the same

HOL code could be used to produce an ASIC, they must be fabricated at a spe

cial purpose facility. The cost associated with fabrication can be very high, in the

hundreds of thousands of dollars. This expense may be warranted though, if mass

production of a chip is desired, Also, ASICs are designed to do only one thing,
so they perform it very quickly. Performance is another advantage that must be

considered when choosing target digital hardware.

The various components of the digital portion of the receiver design are listed in

Table 6.4 along with the number of Logic Elements required by each. The maximum

number of LEs in a FLEX10KlOO is 4992 and the total number of LEs used by the

maximum amplitude design was 4935, which occupied 98% of the chip. The modified

maximum amplitude implementation required just 16 more LEa, for a total of 4951.

Table 6.4 Size of digital receiver components (MA)

Component Size (LEs)
A/O interface

Baseband detector
Maximum amplitude

Data recovery

18
663
4198

56

Total 4935
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6.4 Hardware Testing Results

As discussed in Chapter 4, two areas of performance were of interest: synchro
nization and tracking. Synchronization testing dealt with finding the number of

symbols required to recover the symbol clock. Tracking tests were done to evaluate

the long term performance of the timing recovery system.

Both tests were done under ideal conditions and synchronization testing was also

done in the presence of carrier frequency offset. Tracking tests were not performed

with a carrier offset because previous work by Waskowic has shown the BER per

formance is highly degraded with even small frequency offsets [1]. It is expected
that carrier offset compensation, by means of constellation de-rotation,' would be

implemented to counter high carrier frequency offsets.

Figure 6.7 shows the procedure used for testing the receiver. The transmitter and

local oscillator used the Same 10 MHz reference so that carrier frequency offset could

be accurately controlled. A logic analyzer was used for synchronization tests while a

BER test set was used to examine tracking performance. A personal computer (PC)
loaded with Altera MaxPlus+2 was used to program the CPLD.

1

,
I
I
I
�
I
I
I
I
I
I
I

L J

Figure 6.7 Hardware test setup.

6.4.1
.

Synchronization Testing
Synchronization was defined as the time from the initial receipt of the signal

to the first stable clock edge. A stable clock was in turn defined as changing by
one timing step or less per symbol. One timing step is 1/Fa, where Fa is the over-
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sampling rate. The stable clock edge must also be within one timing step of the ideal

sampling point, defined as the point of maximum eye opening [9, 8, 12]. With this

condition satisfied the jitter would be a maximum of 2/F, seconds.
To gather data with statistical significance, a large number of tests were per:'

formed for each set of test conditions. For each synchronization test one hundred

trials were run where the number of symbols that passed before the first stable clock

edge was recorded. The mean and standard deviation were calculated and used to

compare results for the different test setups.

The synchronization mechanism both for the maximum amplitude and modified

maximum amplitude methods are identical, only the tracking systems are different.

For this reason synchronization testing was performed using only the maximum

amplitude method implementation.

The first tests were done with a preamble of 11- 00 at three different Eb/No,
with no carrier frequency offset impairment. The mean number of symbols required

for synchronization at each Eb/No was approximately two. Table 6.5 details the

hardware testing results. Next, the effect of carrier frequency offset was investigated.
An offset of +175 kHz, which corresponds to a rotation in the detected constellation

of 310, at an Eb/No of 9.7 dB again produced a mean of approximately two symbols
for synchronization. Another test using the above conditions, but with a frequency

offset of -175 kHz produced similar results.

The upper limit of carrier frequency offset before clock jitter was considered

severe, ie.) synchronization was not possible; was found to be 275 kHz. This amount

of offset corresponds to a rotation in the detected constellation of 500• The 'mean

time to synchronization in this case was over three symbols.

Lastly, synchronization performance using a preamble with very few transitions

in the data was examined. A preamble of 00 - 11 - 11 - 11 was used
-

to test

synchronization time at the three Eb/No used previously, with no carrier offset. The

mean number of symbols required for synchronization was approximately four at all

E,,/No tested. In this case, with few data transitions, the standard deviation was

almost constant at three symbols for each Eb/No.
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Table 6.5 Hardware synchronization testing results

I Preamble I
5.7 2.30 1.52

None 9.7 1.98 1.17
11-00 14.7 2.13 1.11

+175 kHz 9.7 2.26 1.92
-175 kHz 9.7 2.32 1.92
+275 kHz 9.7 3.43 3.31

5.7 3.96 3.23
00-11-11-11 None 9.7 3.76 3.25

14.7 3.92 3.31
*Units are number of symbols for synchronization

6.4.2 Tracking Performance Testing
Tracking Performance was evaluated by measuring the BER at various Eb/No as

themost notable effect of poor tracking is an increased error rate over the ideal case..

A Telecommunication Techniques Corporation Firebird 1500 BER test set was used

for all measurements. A pseudorandom bit, stream was generated by the test set

and fed to the transmitter. The recovered bit stream was compared to the original

sequence by the BER test set.

The pseudorandom sequence had a length of 1020 -1, however the entire length
was not used to calculate the BER. The number of hits used for BER calculation

could be varied from 105 to 1010 in decade steps. For statistically valid data, 10:1:+3

bits were used for BER calculations when a BER of 10-:1: was recorded.

Three BER curves were plotted from data gathered from three different tests.

The results are shown in Figure 6.8 along with the ideal curve for 11"/4 DQPSK.
Firstly, the maximum amplitude method was examined, using the recovered data

and data clock as inputs to the BER test set. Then the transmitter data clock was

used with the recovered data as inputs to the test set. This was done to measure

any performance loss due to jitter on the recovered data clock. Lastly, the modified

maximum amplitude method BER performance was measured.

It can be seen that there is some tracking performance loss due to jitter shown
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Figure 6.8 Hardware BER results.

by the difference between the first and second curves in Figure 6.8. Also, there is

about 0.4 dB improvement, at a·BER of 10':"'2, of the modified maximum amplitude
method over the maximum amplitude method.

One other test was performed on the modified maximum amplitude method,

where no noise was added. The results of this test show the absolute best performance

possible from the system. 1010 bits were Used to calculate the BER and the test set

reported no errors were found. Therefore the maximum BER performance could not

be measured with available equipment.

6.5 Comparison of Simulation and Hardware Results

The hardware tracking performance is shown in Figure 6.9 along with the sim

ulation results for tracking performance, and that of ideal 1r/4 DQPSK. A longer

sequence of symbols was used for timing recovery in the hardware implementation

of the maximum amplitude method to counter some of the expected degradation
caused by hardware suboptimal filtering. In simulation, 8 symbols of memory were

used and in the hardware implementation 16 symbols were used. The two curves
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are close to one another with the difference being approximately 0.6 dB at a BER

of 10-2•

-1
- Ideal
� SIinuI8Ied MA
-<>- Hardware MA
-. - Hardware lAMA :
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-2 .

-4.

7 8 9
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Figure 6.9 BER results for both simulation and hardware.

Also on the graph in Figure 6.9 is the BER curve for the modified maximum

amplitude method. This novel timing recovery method is identical to the MA except

a DPLL was used to reduce jitter on the recovered clock. As shown by the results

this technique worked very well for the few extra LEs required for implementation.
The MMA had an improvement of approximately 0.4 dB over the MA system and

was only 0.2 dB worse than the simulation BER results(at a BER of 10-2).

6.6 Summary

This chapter discussed the hardware used to produce a communication system

from the structures originally presented in Chapter 2. The BER performance, syn
chronization performance and implementation complexity of the digital realization

was also characterized.

A signal generator was used to produce a 7r/4 DQPSK signal for testing. Noise

was produced externally using a noise generator and added to the transmitted signal
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using a passive power combiner. This setup allowed different Eb/No to be produced

in a straightforward manner.

The receiver design closely follows the system outlined in Chapter 1, and the

components presented in Chapter 2. An IF filter was used to limit noise at the IF

frequency of 5 MHz prior to demodulation. A quadrature demodulator translates the

received signal to baseband and separates the I and Q channels..The two signals are

then filtered by amatched filter approximation. A two inputA/D converter quantizes

the signals at 8 MHz, which provides samples at the rate of.8 samples/symbol to
the detector. The detector was synthesized using the Verilog HDL and implemented
on an Altera CPLD. It was responsible for the delay-and-multiply operation, symbol

mapping and timing recovery.

Using the received signal, a symbol clock was generated and used to sample the

detected I and Q channels to recover the transmitted data sequence. This was

done using the maximum amplitude method, as described in Chapter 3. A slight

change was made to improve tracking performance, and is referred to as the modified

maximum amplitude (MMA) method. This reduced the jitter of the recovered clock

significantly and produced a noticeable tracking improvement. This system had only
one difference from that of the previous section, a DPLL was used to reduce jitter

of the recovered symbol clock.

As discussed in Chapter 4, two areas of performance were of interest: synchronize
tion and tracking. The synchronization mechanism both for themaximum amplitude

and modified maximum amplitude methods are identical, only the tracking systems

are different. For this reason synchronization testing was performed using only the

maximum amplitude method implementation.
The mean number of symbols required for synchronization over a range of 10 dB

Eb/No was about two. The standard deviation increased as the Eb/No was lowered.

Carrier frequency offset was then added and again produced a mean of approximately
two symbols for synchronization.

Synchronization performance using a preamble with very few. transitions in the

data was examined. A preamble of 00 -11-11-11 was used to test synchronization
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time at the three Eb/No used previously, with no carrier offset. The mean number

of symbols required for synchronization was approximately four at all Eb/No tested.

However in this case, with few data transitions, the standard deviation was high.

BER curves were plotted from data gathered from three different tests. Firstly, .

the maximum amplitude method was examined, using the recovered data and data

clock as inputs to the BER test set. Then the transmitter data clock was used

with the recovered data as inputs to the test set. This was done to measure any

performance loss due to jitter on the recovered data clock. Lastly, the modified

maximum amplitude method BER performance was measured.

There was some tracking performance loss due to jitter shown by a difference .

between the maximum amplitude (recovered clock used) and the test where the

transmitter clock was used. Also, there was about 0.4 dB improvement over the

maximum amplitude method by the modified maximum amplitude method ..



Chapter 7

CONCLUSION

7.1 Summary
The purpose of this research was to investigate a cost effective 1r/4 DQPSK de

modulator for use in a "burst-mode" communication system. Specifically, timing

recovery was the main focus and there were three objectives in doing this work.

A thorough review of the work done by others on timing recovery was the first

task. A preliminary investigation of various methods was needed to select which

ones would be used for the second part of the research.

The second stage was to simulate each method considering important burst

mode parameters and make a hardware requirement estimate. This information was

used to compare all methods and choose one for further development to meet the

third objective. Performance, hardware complexity and cost were all factors used to

evaluate the designs and pick the successful technique.

The final objective was to implement a 1r/4 DQPSK demodulator in digital hard

ware and compare its performance with the simulation results. Both synchronization
and tracking performance were characterized. The target technology was an Altera

CPLD, and the design was implemented using the Verilog HDL.

7.2 Research Results and Conclusions

Simulation methodology and results were discussed in Chapter 5. Four different

timing recovery methods were investigated: the early-late gate; DPLLj maximum

amplitude method; and the digital tanlock loop. Both the performance and imple
mentation complexity of each method were evaluated and used to determine one

89
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method for further development.

Synchronization performance was important in this research because the modem

being developed was for a burst communication system. Tracking performance was

also of concern as poor tracking generally results in a high BER which greatly reduces

the effectiveness of a receiver. Also, carrier frequency offset was introduced and the

effect on synchronization performance examined.

Of all methods the digital tanlock loop had the worst performance and was the

most complex. The early-late gate and the maximum amplitude method had very

similar tracking performance but the latter had the best synchronization results of

all methods. The DPLL had the best overall tracking performance, however the

synchronization performance was much worse than that of the maximum amplitude

method.

The timing recovery system chosen for hardware development was the maximum

amplitude method. Although the DPLL had better tracking performance, this par
ticular application is a burst-mode communication system meaning the symbol clock

must be continually recovered each time a new user transmits. For this reason, plus
the fact the maximum amplitude method had acceptable tracking performance, it.

was chosen for further development.

Chapter 6 documented the design of a 1r/4 DQPSK receiver that used the max

imum amplitude method for timing recovery. The goal of this research was to im

plement a low cost receiver using digital hardware. While not all components fit on

the available CPLD, the overall cost was kept low ($50 for receiver parts) and most

of the receiver was placed on a CPLD.

Due to a lack of available space however, the receiver matched filter had to

be implemented using analog components. The use of suboptimal filtering added

performance degradation but was unavoidable with the available components. A

fourth order Butterworth low pass filter with a cutoff frequency of 570 kHz was

designed and a PCB made for the prototype.

The receiver performance was thoroughly examined using a logic analyzer and a

bit error rate test set to characterize the synchronization and tracking performance.
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The mean number of symbols required for synchronization was approximately two,

over a range of 6 dB to 15 dB Eb/No. This is less than the time required for

synchronization in simulation. These results show this system to be very robust as

the synchronization times are consistent over a wide range of Eb/No.
Carrier frequency offset was introduced and the effect on synchronization perfor

mance examined as well. Hardware synchronization performance was only slightly
worse with 175 kHz carrier frequency offset present. The upper limit for carrier

offset where synchronization could not be achieved was found to be approximately
275 kHz.

7.3 Topics. for Further Study

While this research was successful in reaching the goal of producing a timing

recovery system, there were a number of areas that are still of interest. Firstly, a

limited number of performance impairments were characterized; Additional impair

ments such as phase imbalance, phase noise or multipath fading could be examined

to observe their effects on modem performance.

As the CPLD used had less than 2% free .space after programming, there was

not much room for alterations to the functionality of the design. This also had the

effect of limiting the numeric precision for both the input digital signals and the

internal arithmetic operations. With almost daily advances in the CPLD/FPGA
field, a larger device that is comparably priced with respect to the one used in this

research is inevitable. This would allow performance versus precision comparisons

which could lead to improved overall system performance.
Another option available with a larger CPLD, or an FPGA, would be to im

plement most of the receiver in digital hardware. With a large enough device the

receiver matched filter and IF quadrature demodulator could be integrated into the

digital portion of the design. This would reduce costs and complexity as only a

downconverter, IF filter, A/D converter and FPGA would be required.
The addition of a DPLL to the maximum amplitude method to reduce clock

.

jitter helped increase tracking performance. However, amore thorough investigation
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, of the modified maximum amplitude method is warranted. Performance effects due

to changes in system parameters such as the size of the K counter or the DPLL

clock frequency could be investigated. Also, perhaps the number of symbols used in

the maximum amplitude portion could be reduced without significant performance

impairment, increasing the number of -LEs available for other improvements. Each

project must end at some point however, and for this reason these topics were not

investigated in this research.
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Appendix A

Compact Disc of Project Files

This appendix lists the directory of files contained on the compact disc that

accompanies this document .

. Directory Contents

ADS..Bloc1LDiagrams Block diagrams of ADS simulations in EPS file format.

jag.commsys.prj ADS project files and simulation data.

Thesis Source files for this thesis.

Verilog..Files Source files for implementation of the MA and MMA
symbol timing recovery methods.
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