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Abstract 

A coIIection of signal processing techniques for implementing a high- 

performance wireless data network with relatively simple terminals is presented. All of 

the techniques use an asymmetric design which shifts, as much as possible, the complex 

hardware out of the terminals and into the base station. This minimizes the hardware that 

the user carnies in the terminal and allows the base stations to be optimized for different 

environments. 

Two different base station architectures are discussed. Base stations implemented 

with asymmetric equalization are optimized for very high speed data transmissions over 

short ranges. Base stations implemented with asymmetric orthogonal frequency division 

multiplexing are optimized for longer distance communications with slower data rates. 

Both methods are compatible with the same simple terminal structure. 

Asymmetric antenna and frequency diversity are introduced to improve the 

performance of both types of base station structures with little or no added hardware in 

the terminal. An asymmetric synchronization method is presented that eliminates most of 

the synchronization hardware from the terminal and moves it 20 the base station. 

These techniques, in combination, allow the user to access a powerful and flexible 

wireless network with a very simple, low-cost, and power-efficient wireless terminal. 
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Chapter 1 - Introduction 

Radio waves find their way to their destination in a remarkable number of ways. 

In addition to the obvious straight-line path, the waves reach the receiver by reflecting off 

walls, ceilings, floors, furniture, trashcans, people, plants, dogs, or any other object in the 

environment. Whether this property is good or bad depends on one's point of view. To 

people trying to retrieve information on wireless data terminals, this is a good property. It 

means that they do not have to be in a direct line of sight with the base station providing 

the service, but can roam almost anywhere within the base station's range. Objects in the 

environment naturally reflect the signal around obstructions. However, to the designer of 

the wireless data network, this property makes the radio medium difficult and 

unpredictable. If the radio wave would follow only one of the available paths to the 

destination there would not be a problem, however in reality the radio wave 

simultaneously follows every possible path. What arrives at the receiver's antenna is a 

mixture of countless conflicting signals from the different paths. Unless corrective 

measures are taken, data transmissions through this medium are often impossible. The 

work described in this thesis focuses on signal processing methods that correct the 

negative effects of the radio channel and allow fast, reliable data transmission in a 

wireless data network. 

As with any engineering problem, the radio network design involves a series of 

compromises. The user of the system wants the terminal to be fast, reliable, low-cost, 

small, lightweight, and to work in many different environments. Digital signal processing 
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(DSP) is typically used to make the system faster and more reliable by using 

mathematical algorithms to correct the effects of the channel. The downside of using DSP 

for high-speed networks is that the hardware - including the processing units themselves 

and the devices that digitize the analogue signals - is expensive and consumes large 

amounts of power. Power is one of the most critical issues in designing a portable 

wireless terminal since it determines the size, weight, and cost of the terminal's battery. 

The problems with DSP are especially bad when data transfer rates reach the current 

wired network standards of a hundred million bits per second or more. Therefore, if users 

need high data rates and reliability, they tend to get large, heavy, and expensive 

terminals. Wireless standards such as the Institute for Electrical and Electronics 

Engineer's 802.1 1 and the European Telecommunication Standards Institute's Hiperlan 

have not been as widely accepted as wired network standards largely due to their high 

cost-performance ratio [I]. 

A common approach to achieving better and faster wireless terminals without 

suffering serious cost and size tradeoffs is to develop more efficient digital signal 

processing hardware and algorithms. The work described in this thesis follows a different 

approach. Less emphasis is given to how much signal processing is required to 

implement the required task, or how efficiently it can be implemented in hardware. The 

key design concern is where the signal processing is implemented. Ideally, the network is 

implemented with all of the signal processing hardware in the base station and none in 

the terminals. 
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An ideal "simple terminal" has no high-power signal processing hardware, no 

high-speed analogue-to-digital converters, and no sophisticated synchronization circuits. 

Only a few essential components remain: a radio frequency front end, a free-running 

sample clock, and a series of comparators to convert the radio pulses to digital bits. Now 

the compromises between speed and reliability on the one side and low-cost, small, and 

lightweight implementations on the other are not as restrictive. The terminal becomes a 

collection of very fast, but very simple components. 

The price of making the terminals so simple is that the base station becomes 

considerably more complex. This is, however, Iess of a concern. Expensive signal 

processing impIemented in the base station is shared among all of the terminals in the 

network, keeping the overall cost per user low. The base station usually has access to an 

external power source, therefore the power limitations are not as severe as those of the 

battery operated terminal. In addition, the sedentary base station can be physically much 

larger and heavier than the mobile terminal. 

Another benefit of using a simple terminal is in the area of compatibility. 

Standardization is essential for any practical network, but it does cause problems. As 

technology advances and old systems are pushed beyond their original design limits, new 

standards are created to replace the old obsolete ones. In some cases, different standards 

are applied to different situations, for example one standard for an indoor network and 

another standard for an outdoor network. This leads to a large variety of standards to 

confuse and frustrate the user. A number of multi-mode radios have arrived in recent 

years that operate using two or more standards, the ultimate being the software radio that 
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adapts to any standard within its capabilities [2]. Practical considerations tend to limit the 

capabilities of these types of radios. 

For wireless networks with simple terminals, standardization is less restrictive. 

The terminals, which move with the users, operate in ignorance of the types of problems 

associated with their environment and the signal processing solutions employed to 

overcome those problems. This part of the network is standardized. The base stations, 

which remain fixed, are specialized to deal with the conditions of their particular 

environment. These are not standardized. New signal processing innovations can be 

introduced into base stations to expand networks into new environments or make them 

perform better in current environments. Since all the different base station versions are 

designed around the same standard terminal, users are able to roam through different 

environments and from older systems to newer systems without ever having to change 

the hardware that they carry. 

The techniques described in the following chapters form the basis of a wireless 

network using simple terminals. The network has a peak data transfer rate of 160MbitIs 

when the terminal is operating within close proximity of the base station, with lower data 

rates available further from the base station or when channel conditions do not allow the 

full capacity to be utilized. The techniques described are referred to as asymmetric, 

meaning that the implementation is different depending if the data is being sent from the 

terminal to the base station or vice versa. The uplink - where data is sent from the 

terminal - is implemented with the signal processing in the receiver. The downlink is 

implemented with the signal processing in the transmitter. 
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The nature of the radio channel and the mathematical techniques used to describe 

it are the topics of Chapter 2. The multipath effect that was briefly described at the 

opening of this chapter is discussed along with the characteristics of noise, interference, 

and Doppler. The terminology of multirate signal processing is used to describe the radio 

channel and the signal processing algorithms employed to deal with it. A review of the 

relevant definitions and conventions of this subject area are presented and used to 

construct a channel model that is used throughout the thesis. The capabilities and 

limitations of the simple terminal are also defined and modeled. 

In this work, the primary defense against multipath is equalization - specifically 

asymmetric equalization. Some of the techniques of asymmetric equalization as well as 

discussion of its strengths and weaknesses are presented in Chapter 3. It is demonstrated 

that this equalization system fails under certain channel conditions, and that these failures 

are overcome by combining asymmetric equalization with asymmetric diversity. Two 

types of asymmetric diversity, antenna diversity and frequency diversity, are discussed in 

Chapter 4. With antenna diversity, the network designer reduces the chances of equalizer 

failure by installing more than one antenna at the base station. Frequency diversity 

provides the network with a tool to overcome very difficult channel conditions by trading 

off data rate for reliability. 

The topic of Chapter 5 is synchronization in an asymmetric system. To 

synchronize a high-speed radio receiver is a very complex task, requiring substantial 

hardware. To keep the terminal hardware as simple as possible, the synchronization for 

the downlink signal is moved from its usual place in the receiver, to the base station's 
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transmitter. This requires new synchronization methods that allow the signal to be 

synchronized to the receiver's sample clock before it is transmitted. 

For longer-distance networks, a different type of modulation is introduced into the 

network in Chapter 6. Called asymmetric orthogonal frequency division multiplexing 

(asymmetric-OFDM), this technique allows the system to send multiple low-speed 

signals over longer distances than the signals described in the previous chapters. Both the 

low and high-speed systems operate using the same terminal hardware. 

Chapter 7 includes some of the practical issues of implementing the techniques 

described in the previous four chapters. Chapter 8 concludes the thesis with a discussion 

of how the techniques described fit into the structure of a data network and suggestions 

for future research projects. 



Chapter 2 - Background 

Before introducing the techniques involved in implementing the wireless data 

network, the nature of the radio medium and the mathematical tools used to mode1 it are 

discussed. Radio channel characteristics such as multipath, Doppler, noise, and 

interference are introduced in this chapter. The relevant techniques of discrete-time and 

multirate signal processing are defined and then used to create models of the radio 

channel and the simple terminal. 

2.1 Radio Channel 

The radio channel is a hostile environment for high-speed communication. 

Signals sent into the channel are distorted by multipath, the channel changes whenever 

any object in the channel moves, and extraneous noise and interference are added into the 

signal. Below is a brief summary of the relevant radio channeI properties. The reader is 

referred to Proakis [3, pp. 758-7771 for a more detailed discussion. 

2.1.1 Multipath 

Multipath is created when radio waves propagate not just in a direct path from the 

transmitter to the receiver, but also by reflections off objects in the environment. 

Reflected signals must travel a further distance than direct signals, therefore they arrive at 

the receiver later in time. The composite of all the signals from the different paths, each 

with a different amplitude and delay, make up the multipath radio channel. If the signal 



passes through P paths, each with an arriplitude ~ 1 ,  and a delay rn, then the impulse 

response of the stationary channel is 

where &(t) is the Dirac delta function. The Fourier transform of the impulse response is 

the frequency response of the channel and is given by 

Cn (f) = C a,,e-i2@ffi . 

A typical channel frequency response (measured in the frequency range of 900MHz to 

1300MHz [4]) from an indoor environment is shown in Figure 2.1.1. 

Reciprocity In the context of this work, an important characteristic of the 

multipath effect is reciprocity. This means that if a signal is sent in one direction through 

-7OdB ! I I I a I I a I * 
900 950 1000 1050 1100 1150 1200 1250 1300 

f 

Frequency (MHz) 

Figure 2.1.1 - Frequency response of a typical radio channel with narrowband 
channels (A) and (B) and wideband channel (C). 
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a radio channel and then another signal is immediately sent in the opposite direction, the 

impulse response is the same in both cases. Indoor radio channel reciprocity has been 

demonstrated experimentally by Morrison 153. 

Flat Fading How a radio signal behaves in a multipath environment depends on 

how much radio bandwidth it occupies. Narrowband signals experience little or no 

distortion as they pass through multipath channels. However, the received power level 

fluctuates drastically due to a process calledflat fading, which causes the signal to be lost 

entirely at times. The radio bands marked on Figure 2.1.1 as A and B each occupy only a 

few kilohertz of bandwidth. The attenuation that both of these signals experience is 

essentially constant across their bandwidth therefore they experience flat fading. A signal 

passed through band A is in a favorable part of the radio band so it passes through with 

good signal strength. In contrast, a signal passed through band B experiences very high 

attenuation. 

Delay spread is a measure of the difference in time that it takes the signal to pass 

through the shortest path versus the time through the longest significant path. The inverse 

of delay spread is roughly the coherence bandwidth of the channel, which is the 

benchmark for defining the type of the signal. A signal is narrowband if the signal 

bandwidth is much less than the coherence bandwidth. 

Frequency Selective Fading A signal is wideband if its bandwidth is much 

greater than the coherence bandwidth. In contrast to narrowband signals, the overall 

power level of wideband signals is relatively stable, however across the spectrum of the 

wideband signal there are regions of frequencies that are severely attenuated. This 
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process, called frequency selective fading, distorts the wideband signal in the time 

domain and causes intersymbol interference (ISI) when the data rate is too high. 

Wideband radio systems are desirable because they avoid the problem of narrowband flat 

fading. However, to use a wideband system the receiver must be able to deal with the 

distortion caused by frequency selective fading. The lOOMHz bandwidth marked by 

region C in Figure 2.1.1 is roughly the bandwidth required to support the data rates of this 

network. Since different frequency components within the band undergo different 

attenuation factors, this channel is frequency selective. 

An example of the dispersive nature of frequency selective fading is shown in 

Figure 2.1.2. The designer of a high-speed communication system typically chooses a 

narrow pulse of energy, as shown in Figure 2.1.2a, as the vehicle to carry information 

through the channel. The pulses are designed with zeros at evenly spaced intervals so that 

they can be tightly packed with other pulses to achieve the highest possibIe data rate 

without interfering with each other. In the presence of frequency selective multipath 

fading, this technique does not work well. The shape of the pulse after passing through 

a) Transmitted PuIse 

I I 

b) Received Pulse 

Figure 2.1.2 - Example of multipath dispersion. 
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the channel is shown in Figure 2.1.2b. The dispersed pulse no longer has the evenly 

spaced zeros, therefore it can no longer be tightly packed with other pulses without 

causing intersymbol interference. 

2.1.2 Doppler 

The multipath effect described above is not a stationary process; it changes 

whenever anything in the radio environment changes, or when either the transmitter or 

receiver is moved. This temporal variation in the channel, known as Doppler, produces 

effects from varying the gain of the signal at the receiver (especially in flat fading 

situations) to frequency shifting the signal spectrum. In this work, the most important 

property of Doppler is the condition where it can be safely disregarded, in which case the 

channel appears time-invariant. 

The parameter of interest is the coherence time of the channel. The coherence 

time is roughly the amount of time that it takes the channel to show significant changes. 

In this network, communication occurs in short, independent packets of time. As long as 

the total amount of packet time is much less than the coherence time of the channel, the 

channel will appear time-invariant during the life of the packet. The coherence time of an 

indoor radio channel (assuming a carrier frequency of roughly 1 OGHz and walking-speed 

movement of 3 d s )  is on the order of IOms. To safely ignore Doppler effects, packets are 

kept to a length of just 200ps. If the carrier frequency is increased or the rate of 

movement is faster, then the coherence time will be smaller and the length of the packet 

will have to be reduced appropriately. 



2.1.3 Noise and Interference 

Noise and interference are the undesired signals added to the signal at the 

receiver. Noise is a Gaussian random process generated thermally by objects in the 

environment and by thermal and other processes in the radio receiver's electronics. 

Interference is the signals generated by other radio systems operating in the same 

frequency band. The noise considered in this work is white noise, with a constant two- 

sided spectral density of q / 2 .  Interference is not considered except as an added 

component to the noise. 

2.2 Discrete-Time Signals and Systems 

Through the remainder of this thesis, the signals and systems are represented in 

discrete-time. Some of the systems, such as the digital signal processing in the base 

station, are actually discrete-time systems. Others, such as the radio channel, are 

continuous-time systems in reality but are represented here in discrete-time. A continuous 

signal x,(t) is transformed to a discrete signal x(n) by sampling it at equal time intervals 

T . The sample values are denoted 

x(n) = x,(nT), 2.2.1 

where n is the integer sample index. The Nyquist sampling theorem states that any 

continuous-time signal is exactly represented in discrete-time as long as it doesn't contain 

any frequency components greater than half the sampling rate [6, pp.108-1101. For a 
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given sample rate f, = l l T ,  the maximum frequency that can be represented is f , /2  

which is called the Nyquist frequency. For a signal whose highest significant frequency 

component is at x,,,, the minimum allowable sample rate is 2&,,,, which is called the 

Nyquist rate. 

2.2.1 z-Domain Analysis 

The z-transform is defined as 

m 

X(z) = x(n)z-" 2.2.2 
n=-m 

and creates a new function X(z) in the complex variable z from a sampled signal x(rz) [6, 

pp. 19-36]. The function returned by the z-transform is often a ratio of two polynomials. 

The roots of the numerator polynomial are known as the zeros, and the roots of the 

denominator polynomial are known as poles. 

If a system is linear and time-invariant (LTI), it is completely defined by its 

impulse response h(n). The z-transform of the impulse response is the transfer function 

H(z )  of the system. Any signal X(z) applied to a LTI system with transfer function 

H ( z )  has an output signal with a Z-transform of Y(z )  = H(z)X(z). One particularly 

common transfer function is the unit delay function (2-'), which delays the signal by one 

sample period. 

Most of the systems in this work arefinite impulse response (FIR), meaning that 

the denominator of the transfer function is unity and the transfer function is a simple 
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polynomial in z. Systems with z terms in the denominator of their transfer function are 

infinite impulse resporrse (IIR) systems. 

A11 systems must be causal in order to be implemented. A causal system cannot 

anticipate future inputs therefore the transfer function cannot contain z terms with 

exponents greater than zero. Throughout most of this thesis, the causality requirement is 

ignored for convenience. The theoretical non-causal systems are corrected in Chapter 7 

when the implementation of real systems is discussed. 

2.2.2 Fourier Analysis 

The discrete-time Fourier transform (DTFT) of a signal x(n) is defined as [6, pp. 

110-1 181 

and represents the frequency spectrum of the signal. The variable o is the normalized 

frequency as specified in radians and is given by 

where f is the real frequency and f, is the sample frequency. An alternate method of 

computing the DTFT is to first calculate the z-transform as defined by Equation 2.2.2 and 

then set z = e'" . In effect, the DTFT is the z-transform of a signal evaluated around the 

unit circle. 

The frequency response of a system ~ ( e j " )  is defined as the DTFT of the 

impulse response h(n), and this uniquely determines the characteristics of a LTI system. 



A signal with spectrum x(ejm) passed through a system with frequency response ~ ( e ' " )  

produces a signal with a spectrum y(ejD) = ~ ( e ' " ) ~ ( e j " ) .  

A variation of the discrete-time Fourier transform is the discrete Fourier 

transform (DFT), which is defined as [6, pp. 133-1 383 

where 

Unlike the DTFT, which calculates a continuous spectrum from an infinite number of 

points, the DFT calculates the spectrum at only N points equally spaced around the unit 

circle and requires only N sample points in the time domain. This makes it well suited for 

computing approximate spectra from limited data sets. The inverse-DFT is calculated as 

Limiting the frequency domain to a fixed number of discrete points in this manner 

produces a peculiar property in the time domain: all of the time domain signals and 

operations occur not on a linear scale but on a loop that repeats every N samples. This is 

not a problem for signals that are less than or equal to N samples long since they are 

represented exactly in one loop of time. If the signal is greater than N samples long, the 

end of the signal wraps around the loop and adds to the beginning of the signal, which 

could cause problems. Sample points with negative indices are represented in the DFT by 
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wrapping them around the time loop to indices within the range O...N-1. For example, 

index - 1 maps to N- 1, index -2 maps to N-2, etc. 

Both the DFT and the inverse-DFT can be calculated very efficiently using an 

aIgorithm called the fast Fourier transform (FFT) [7]. Normally, the FFT algorithm 

requires that N be an exact power of two. 

2.2.3 Paraconjugation 

The paraconjugate of a transfer function H ( z )  is denoted ~ ( z )  and is defined as 

[8, pp. 28-29] 

The effect of Equation 2.2.9 is to time-reverse and conjugate the coefficients of H ( z ) .  

For example, a system defined by transfer function H ( z )  = az + b + cz-' + dz" produces a 

paraconjugate system B(z) = d*z2 + c'z + b* + a*?. 

The frequency response of the paraconjugated system is equal to the complex 

conjugate of the frequency response of the original system, i.e. 

B(e j" ) = H' (eim ) . 2.2.10 

This property is used extensively in future chapters. 

2.2.4 Multirate Systems 

Discrete-time systems do not necessarily have to use the same sample rate 

throughout the entire system. Expanders and decimators, shown in Figure 2.2.1, are the 



Expander Decimator 

Figure 2.2.1 - Expander and decimator symbols. 

two rate-altering devices that may be used in multirate systems. The multirate properties 

and notation summarized below are taken from Vaidyanathan [8, pp. 100-1331 and the 

reader is referred to this reference for more detailed information. 

Expansion An expander increases the rate of a signal by an integer factor of L 

by inserting zeros between samples of the source signal. For a given input x(n) ,  the 

output y(n) is given by 

x(nl L), if n is an integer multiple of L 
u(n) = 2.2.1 1 otherwise 

Figure 2.2.2 shows a typical signal and the result after expanding this signal by a factor of 

three. Since an expander is not a LTI device, it cannot be represented by a simple transfer 

Figure 2.2.2 - Expansion Example. 
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function. However, the z-domain representation of the expanded signal Y(z )  is related to 

the z-domain representation of the original signal X(z) by 

Y(z) = x(zL) . 

In  the frequency domain, the spectrum of the output signaI is given by 

~ ( e ' " )  = ~ ( e j " ) .  2.2.13 

Note that as the spectrum of the output sequence make one pass around the unit circle, it 

passes around the unit circle of the input sequence L times. This is demonstrated in 

Figure 2.2.3 for an expansion factor of 3. The spectrum of the original signal is 

compressed by a factor of three (on the normalized frequency scale) and copied out three 

times in the output spectrum. 

Decimation A decimator reduces the sample rate of a signal by an integer factor 

of M by discarding some of the original signal's samples. For a given input x ( n ) ,  the 

output y(n) is given by 

Figure 2.2.3 - Effect of expansion in the frequency domain. 



Figure 2.2.4 - Decimation example. 

Figure 2.2.4 shows the result of decimating a typical signal by a factor of three. In the 2- 

domain, the decimated signal Y ( z )  is calculated from the following formula 

where the constant W, is defined in Equation 2.2.6. Equation 2.2.15 is also indicated by 

the shorthand notation 

Y ( z )  =[X(Z)],~ 

The frequency spectrum of the output sequence is given by 

1 M-I - C ~ ( ~ i ( u - 2 x O l  M )  ~ ( e " )  = [x(eja)]& - - 
M P=O 

Notice that the new frequency spectrum is made up of M frequency-scaled and 

frequency-shifted copies of the original spectrum. Two possible situations can occur 

during decimation. The first, shown in Figure 2.2.5 for M = 3 ,  occurs when the 

bandwidth of the original signal is less than 2 n l M .  In this case, when the three 



Figure 2.2.5 - Effect of decimation in the frequency domain without aliasing. 

Figure 2.2.6 - Effect of decimation in the frequency domain with aliasing. 

components of the signal are scaled and shifted, they combine in such a way that they do 

not interfere with each other and the output is simply a frequency-scaled version of the 

input. The case where the bandwidth of the original signal is greater than 2 n / M  is 

shown in Figure 2.2.6. In this case, when the three components are shifted and combined, 

there is overlap in the signals called aliasing. In this case, the output spectrum is no 

longer just a frequency-scaled version of the original, but a whole new spectral shape. 

Normally aliasing is avoided by filtering the signal appropriately before decimation, 



Identity 1 

Identity 2 

Figure 2.2.7 - The noble identities. 

however if properly handled, aliasing can be used for constructive purposes as 

demonstrated later in this thesis. 

Noble Identities A system containing expanders and decimators is not LTI and 

therefore cannot be represented by a simple transfer function. However, in some cases, 

multirate systems can be manipulated into simpler systems using identities. Two useful 

tools are the noble identities shown in Figure 2.2.7. Identity 1 allows the positions of 

filters and decimators to be switched in some circumstances. Identity 2 is used to switch 

the positions of filters and expanders. 

Polyphase Representation The polyphase representation of a system transfer 

function H ( z )  is given by 

which splits H ( z )  into M polyphase components P,(z),  each given by 



$4 + P,(z) 

L4 -+ P2 (z) 

$4 -+ P,(z) 

Figure 2.2.8 - Optimization of (a) a filter-decimator structure by applying 
(b) the polyphase expansion and (c) noble identity 1. 

The polyphase representation is useful in situations where a finite impulse response filter 

precedes a decimator, or follows an expander. Figure 2.2.8a shows the case where a filter 

H ( z )  precedes a four-fold decimator. First the filter is redrawn using the polyphase 

representation as shown in Figure 2.2.8b, and then noble identity 1 is applied to switch 

the positions of the decimators and polyphase components as shown in Figure 2.2.8~. The 

result is four decimated filters, each running at one quarter the sample rate of the original 

filter. While functionally identical, the filters in the structure shown in Figure 2.2.8~ are 

computationally more efficient than the filter shown in Figure 2.2.8a since all of the 

filters are running at a lower sample rate and have shorter impulse responses. 



Figure 2.2.9 - The polyphase identity. 

Polyphase Identity The polyphase identity shown in Figure 2.2.9 can be applied 

to a system containing an expander-filter-decimator cascade when the expansion and 

decimation factors are the same. The identity allows the expander-filter-decimator 

structure to be replaced by the zeroth polyphase component of the filter and vice versa. 

It is interesting to note that the system containing expanders and decimators on 

the left is equivalent to the LTI system on the right. This allows a system to appear LTI 

from input to output (and therefore defined by its impulse response) while having the 

inner workings of a non-LTI system. This property is utilized when asymmetric 

frequency diversity is discussed in Chapter 4. 

2.3 Channel Model 

The development of an accurate channel model is very important to the systems 

described in the following chapters. The radio channel itself makes up only one 

component of the path that a signal follows from its source to its destination. All of the 

filters, antennas, modulators, demodulators, amplifiers, cables, connectors, etc. that the 

signal must pass through also contribute to the overall communication channel, which is 

referred to as simply "the channel" from now on. Figure 2.3.1 shows the major 

components that make up the channel for a standard quadrature radio system. Signals 

enter the channel at the output of a pair of digital-to-analogue converters (DAC): one 



xi(n) 

Figure 2,3.1m Major components of a quadrature radio system. 

--t 

DAC handles the in-phase signal xi(n) and another the quadrature signal x,(n).  From 

there, they are filtered by a pair of matched baseband filters. The two signals are 

modulated with carriers that are 90" apart and combined into a single radio signal. The 

signal is amplified, filtered again by a RF filter, and transmitted through the antenna. The 

signal passes through the radio channel to the receiver antenna, is filtered at RF, re- 

amplified, demodulated back into in-phase and quadrature signals, and is filtered at 

baseband before being sampled again by the analogue-to-digital converters (ADC). The 

output is the sampled in-phase signal yi (n) and quadrature signal y, (n) . 

Figure 2.3.2 shows a block diagram of the system shown in Figure 2.3.1. The in- 

phase input to the system x J t )  is modeled as a sequence of Dirac delta functions 6,(t) 

modulated by a discrete-time signal xi (n), 

DAC + % 
fc @ 

@ fc 

& + ADC +yq(n) 

ADC 

$ - -> 

- - t ~ i ( n )  

x,(n) + DAC - 
- / ~ a d i o  Channel 



Figure 2.3.2 - Continuous-time model of the quadrature radio system. 

where TD is the sample period of the DAC. Similarly, the signal entering the quadrature 

channel x,,Jt) is composed of Dirac delta functions modulated by sequence x,(n). The 

first filters that the signals pass through represent the filtering effect of the DACs [6, p. 

1241. The impulse response of a typical DAC is shown in Figure 2.3.3 and has a 

frequency response given by 

0 *D 2 5  3TD 

Figure 2.3.3 - Impulse Response of a digital-to-analogue converter. 
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where f, = 11 T', is the sample frequency of the DAC. The remainder of the blocks that 

the signal passes through have frequency responses as follows: H,,(f) is the 

transmitter's baseband filter; GI ( f )  is the power ampIifier; H,, (f) is the transmitter's RF 

filter; A,(f) is the transmitting antenna; ~ , ( f )  is the radio channel; q( f )  is the 

receiving antenna; H,,(f) is the receiver's RF filter; G,(f) is the low-noise amplifier; 

and H, , ( f )  is the receiver's baseband filter. The output of the system is an in-phase 

component ~ ~ , ~ ( t ) ,  and a quadrature component yctq(t) .  Note that this model does not 

include the effects of noise, interference, or Doppler. In the remainder of this thesis, the 

channel model is assumed to be valid for only very short periods of time (much less than 

the coherence time of the channel) so that Doppler is not a factor and the channel appears 

to be time-invariant. The influence of noise is considered in Section 3.2. 

The system is simplified by finding lowpass equivalent transfer functions [9, pp. 

198- 1991 for the components that operate at RF. First, the in-phase and quadrature signals 

are combined into the fictitious complex signals 

Then the transfer functions that operate on the signals at RF are transformed to their 

lowpass equivaIents as follows 



where u ( f )  is the unit step function in the frequency domain. What each of these 

transformations does is takes the positive-frequency component of each transfer function 

and shifts it to baseband. Because of the transformation, the impulse responses of the 

lowpass equivalent functions are now complex (the impulse responses of all of the 

original transfer functions are real). The system with the lowpass transfer functions is 

redrawn as shown in Figure 2.3.4 without modulators and demoduIators. The only 

remnant of the modulation-demodulation process is the factor of 1/2, which is caused by 

the removal of the negative-frequency spectrum during demodulation. By inspection, the 

frequency response of the channel shown in Figure 2.3.4 is 

The final step to establishing the channel model is to transform the continuous- 

time system of Figure 2.3.4 into a discrete-time system. Although many of the 

Figure 2.3.4 - Baseband equivalent model of the quadrature radio system. 

XC(*)- HB, (f) Nf + GLpl(f) HLPI (f + +- ALP,( f) - 
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components of the channel have very wide bandwidths, the overall channel H,( f )  has a 

lowpass frequency response with all of the frequencies beyond f,, attenuated to 

insignificance. This stop frequency is usually established by one of the baseband filters 

H,, (f) or H,, (f). The impulse response of the channel h,(t) is therefore a bandlimited 

signal, which is represented exactly in a sampled signal as long as the sample rate is 

greater than the Nyquist rate of 2&. The sampled impulse response is given by 

c(n> = h,(n?) 2.3.13 

where T, is the sampling period. The continuous-time channel can therefore be 

essentially represented by a discrete-time FIR filter C(z )  with an impulse response of 

c(n>. 

For convenience, the sample rate of the channel filter f, = 1/ T, is set to the first 

integer multiple of the DAC sample rate f, that is greater than the Nyquist rate. If the 

multiple is unity - i.e. the DAC is running at the same rate as the channel model - then 

the complex equivalent of the discrete-time input signal 

x(n) = xi ( n )  + jx, (n) 2.3.14 

can be applied directly to the channel filter. If the multiple is greater than one - i.e. the 

DAC is running slower than the channel model - then the signal x(n) must be passed 

through an expander first to increase the sample rate to match the channel model. 
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Figure 2.4.1 - Structure of the simple terminal. 

2.4 Simple Terminal 

The structure of the simple terminal is shown in Figure 2.4.1. Central to the 

terminal is a microcontroller which handles all the data, controls the setup of the network 

interface, handles all the protocols at both the hardware and network layers, and 

interfaces to the terminal's central processor. The microcontroller is reprogrammed as the 

terminal moves through different network environments to handle the different protocol 

and data format requirements. The signal processing capability of the terminal is very 

limited. Ideally, no signal processing at all should exist at the terminal, but for practical 

purposes, a few trivial operations needed to be included. 

The terminal's transmitter is capable of transmitting signals composed of the 

samples in the five-point constellation shown in Figure 2.4.2. The limited constellation 

allows the digital-to-analogue converters to be very simple devices. The only signal 

processing operation available to the terminal's transmitter is an expander implemented 



Quadrature 

x 
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Figure 2.4.2 - Five-point constellation of the simple terminal's transmitter. 

just before the DACs. The expander is used primarily to generate frequency diversity, as 

discussed in Chapter 4. The four outer points on the constellation are used to implement 

either quadrature phase sh@ keying (QPSK) or dzrereential quadrature phase shijii keying 

(DQPSK) modulation schemes [9, pp. 5 17-5 19,539-5421. The latter is preferred since it 

can operate without the necessity to lock the phase of the radio frequency oscillators. The 

fifth point in the middle of the constellation is implemented to allow either the expander 

or the microcontroller to insert zero samples where necessary. 

The receiver consists of a DQPSK receiver, with three devices added: a 

decimator, an accumulator, and a power sensor. The decimator is primarily used for 

frequency diversity (Chapters 4 and 6), and has applications in synchronization (Chapter 

5). The accumulator adds the signal energy from many samples into one stronger sample 

and is used in synchronization (Chapter 5) and OFDM (Chapter 6). The power sensor is 

used to test and compare the power level of individual samples, a measurement that is 

necessary for power control and synchronization. To avoid expensive and power 
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consuming analogue-to-digital converters, all of these added devices are implemented by 

analogue methods. 

The simulations and experiments described in this thesis are based on a terminal 

with a sample frequency of 100MHz. The sample clock is generated by a single crystal 

oscillator that supplies both the terminal's transmitter and receiver. The DQPSK encoders 

and decoders are capable of operating at up to 100 million symbols per second, which 

gives peak data transfer rate of 200MbiVs. Allowing 20% of the network time for system 

overhead, this results in the desired 160Mbit/s network speed. The radio carrier frequency 

is generated by a frequency synthesizer under the control of the microcontroller. A single 

antenna is shared by both the transmitter and receiver. 

To accommodate this terminal, the sample rate of the channel model f, is fixed at 

twice the terminal's sample frequency: 200MHz. Since the baseband filters in the 

transmitter H,, (f) and receiver H,,( f )  define the bandwidth of the channel, the stop 

frequencies of these filters must be less than the lOOMHz Nyquist frequency of the 

channel model. If they are greater, then the channel will be misrepresented in the model. 

The stop frequencies must aIso be greater than 5OMHz to meet the minimum bandwidth 

required to carry symbols at 1 OOMHz [lo]. 

Figure 2.4.3 shows the model of a system where the signal is sent from one 

Figure 2.4.3 - Model of the communication channel between two simple terminals. 
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simple terminal to another. The expanders, decimators, and accumulators in the terminals 

are disabled. The lOOMHz signal from the transmitting terminal is expanded by two to 

match the 200MHz channel model as described in Section 2.3. At the receiver, the output 

samples of the channel model arriving at 200MHz are resampled at lOOMHz for the 

decoder by decimating by two. The transfer function of this system H ( z )  is calculated by 

applying the polyphase identity and Equation 2.2.19 to Figure 2.4.3: 

H(z) = P,(z) = [C(z)lJ2 7 2.4.1 

which reduces all of the complexities of the communications circuit to a simple transfer 

function. 



Chapter 3 - Equalization 

For wireless base stations designed to operate in local area networks, the primary 

impediment to sending information through the radio channel is multipath dispersion. 

Since local area networks tend to be indoors, movement within the channel is slow 

enough that the Doppler effect (with a coherence time of roughly 10ms) is insignificant 

for the short (200ps) data packets. The terminal's signal does not have to travel a long 

distance to reach the base station so its signal power should be strong enough to 

overcome channel noise. However, as demonstrated in the previous chapter, no matter 

how carefully the radio pulse is designed, the multipath radio channel disperses the pulse 

and destroys its desirable characteristics. A design for an asymmetric equalizer is 

presented in this chapter to overcome this problem. The equalizer learns the  

characteristics of the channel and takes the necessary actions to correct the distortion. All 

of the equalizer hardware is implemented within the base station to keep the terminaI as 

simple as possible. 

3.1 Asymmetric Equalization 

In an ideal communication system, the symbols of information sent through the 

channel arrive at the other end distorted by nothing more than noise. In a wideband radio 

system, this is generally not the case. While the pulse carrying an information symbol 

may start out as a clean, narrow pulse as shown in Figure 2.1.2a, the radio channel 

disperses it so that it looks more like Figure 2.1.2b. When this happens, the wider pulse 
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tends to overlap its neighbors and interfere with the information that they carry in a 

process called intersymbol inte@erence (ISI). The equalizer is a device that reverses the 

dispersion effects of the channel to minimize the ISI. 

Before discussing the equalizer, the properties of the channel that allow 

communication to occur without IS1 are analyzed. This condition is generally known as 

the Nyquist criterion of distortionless transmission [lo]. Using the notation defined in 

Chapter 2 and the simple terminal-to-terminal communication system shown in Figure 

2.4.3, the channel condition that produces an ideal communication system is derived as 

foIlows. The output signal Y(z) (neglecting noise) is identical to the input signal X(z) 

under perfect conditions, therefore the transfer function is 

The transfer function of Figure 2.4.3 is 

Combining equations 3.1.1 and 3.1.2 gives 

-R -n/2 0 d 2  n 

Figure 3.1.1 - Frequency response of an ideal raised-cosine channel filter. 



which is expressed in the frequency domain as 

Any channel filter, C(z), whose frequency response satisfies Equation 3.1.4 satisfies the 

Nyquist criterion. 

For an example of a system with no ISI, suppose that the system of Figure 2.4.3 

Input Symbols 

- .  

-X 
Output Symbols 

Figure 3.1.2 - Propagation of the signal through the model defined in Figure 2.4.3 
where the Piter meets the Nyquist criterion. 



has a channel filter with the frequency response shown in Figure 3.1.1. This is a raised 

cosine filter, which is known to satisfy the Nyquist criterion. Figure 3.1.2 shows the 

progression of a signal through the system. The spectrum of the source signal is shown at 

the input to the system with different frequency components shaded so that they can be 

tracked though the multirate model. The expander generates two copies of the source 

spectrum, which is then filtered by C(z). The signal is then decimated which causes the 

spectrum to be divided into two parts and combined as shown. The two spectra combine 

Input Symbols 

Output Symbols 

+ ? I X ( e j ( ~ - 2 ~ ) /  2) 

Figure 3.1.3 - Propagation of the signal through the model defined in Figure 2.4.3 
where the filter does not meet the Nyquist criterion. 
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to form a signal whose spectrum is identical to the original. Note that the signal passing 

through the higher frequencies carries very little of the signal energy, but does serve the 

purpose of flattening the edges of the spectrum during the decimation process. 

An example of a channel filter that does not meet the Nyquist criterion is shown 

in Figure 3.1.3. Unlike the previous example, this channel contains two frequency 

selective fades (stylized for clarity) and the edges of the frequency band do not satisfy 

Equation 3.1.4. The output spectrum is now different from the input spectrum, the system 

is no longer distortionless, and IS1 results. 

If the system designer had control of the channel and could specify a frequency 

response such as that shown in Figure 3.1.1, then the equalizer would not be necessary. In 

the case of a wireless system however, the channel is determined by the radio 

environment and is out of the designer's control. Since the radio channel seldom satisfies 

the Nyquist criterion on its own, an equalizationfilter E(z )  is inserted into the system as 

shown in Figure 3.1.4. When operating properly, the combined effects of the channel 

filter and the equalization filter produces a result that does satisfy the Nyquist criterion. 

The signal spectra shown in Figure 3.1.4 demonstrate the function of the 

equalizer. As in the previous example, the source signal is passed through an expander to 

make two copies of the original spectrum and the result is filtered by the channel filter. 

The equalization filter that follows the channel adds extra gain into the system where the 

frequency selective fades occur to counter the effects of the fades, and shapes the tails of 

the spectrum to force the channel to meet the Nyquist criterion. Now that the corrections 

are made, the original spectrum is restored when the signal is decimated. 



To make this an asymmetric system, the equalization hardware should be installed 

entirely in the base station. This is achieved by employing a different equalization 

structure for the uplink and the downlink [I 11. The configuration shown in Figure 3.1.4 is 

a post-equalizer, meaning that the signal is equalized at the receiver after being distorted 

by the channel. This is appropriate for the uplink signals since all of the hardware is in 

Input Symbols 

Output Symbols + ; X ( e j ( w - 2 n ) /  2) 

Figure 3.1.4 - Example of the function of a post-equalization filter. 



the base station's receiver. For the downlink, the pre-equalizer configuration shown in 

Figure 3.1.5 is used. In this configuration, the signal is equalized in the base station's 

transmitter before being sent into the channel. This distorts the signal in such a way that 

the multipath effects of the channel actually correct the signal. The simple terminal is not 

required to do any signal processing in the system for either the uplink or the downlink. 

Input Symbols 

Output Symbols + 1 ~ ( ~ j ( w - 2 ~ ~ 2 )  

T 

Figure 3.1.5 - Example of the function of a pre-equalization filter. 
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The equalizer system described above runs at a sample rate - 200MHz in this case 

- that is twice the symbol rate of the system, and is known as a fractionally spaced 

equalizer [12]. Not only do fractionally spaced equalizers give better performance than a 

standard linear equalizer - whose sample rate and symbol rate are the same - they also 

have desirable properties for the diversity and synchronization systems that are described 

in Chapters 4 and 5 respectively. 

Benjamin et al. propose an asymmetric ISI-cancellation algorithm similar to the 

asymmetric equalizer described in this chapter [13]. However, the algorithm that they 

describe does not perfectly cancel the channel distortion and therefore they propose 

combining it with error correcting codes to reduce the bit error rate. The cause of the 

imperfect ISI-cancellation in the Benjamin system is a fundamental flaw in  linear 

equalizers that is discussed in Section 3.5. Other forms of equalization are possible, but 

not used in this system. Decision feedback equalizers (DFE) use feedback from the data 

detector in the receiver for performance improvement [14]. Oler demonstrates that all but 

one trivial filter can be removed from the terminal in an asymmetric-DFE system 1151. 

The Tomlinson-Harashima precoder is similar to a DFE but has the feedback filter in the 

transmitter rather than the receiver, and uses modulo-arithmetic functions in both the 

transmitter and the receiver [MI. Gibbard uses a combination of DFEs and Tornlinson- 

Harashima precoders to develop an asymmetric system with only the modulus operation 

in the terminal [17]. 



3.2 Two-Stage Equalization 

The minimum mean square error (MMSE) technique [3, pp. 639-6493 is generally 

accepted as the best way of generating equalization filter coefficients. This works by 

observing the error signals at the output of the equalization filter and adjusting the 

coefficients accordingly to minimize this error. However, a different approach is used in 

this system so that it can accommodate both the equalization structures developed in this 

chapter and the diversity structures developed in the next chapter. Instead of computing 

the equalizer coefficients from the error signal, they are calculated directly from the 

channel model C(z)  using a variation of the zero-forcing aIgorithm [3, pp. 637-6381. 

Figure 3.2.1 shows a model of the system with equalization. Here a post-equalizer 

configuration is shown, but the analysis is identical for the pre-equalizer. Because the 

equalizer runs at the same sample rate as the channel model, the signal does not have to 

be decimated as it enters the base station. After the signal is equalized, it is decimated 

within the base station to the symbol rate. The transfer function of this system is found by 

applying the polyphase identity 

The goal of the equalizer is to find a filter E(z)  that forces Equation 3.2.1 to 

unity. Another way to look at the problem is to calculate the frequency response of the 

Figure 3.2.1 - Model of a system with a post-equalizer. 
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system and set that to unity: 

The two terms of the frequency response represent the two paths that the signal takes 

through the system. The first term represents the signal that passes though the lower 

frequencies of the channel and the second term represents the signal that passes through 

the higher frequencies. There are an infinite number of solutions for Equation 3.2.2, 

therefore there is no unique filter E(z).  

The principles of diversity combining are used to overcome the ambiguity of 

Equation 3.2.2 by finding the solution with the best noise performance. To simplify the 

argument, first look at the system frequency response at one particular frequency w,. 

Equation 3.2.2 indicates that there are two components that determine the value of the 

frequency response at this frequency. The first component is the product of complex 

channel gain C, = ~ ( e j ~ " ~ )  and complex equalizer gain E, = l?(ejWci2) .  The second 

component undergoes complex channel gain C2 = ~(e""-*""~)  and complex equalizer 

gain E, = ~ ( e " ~ ~ - ~ " " ~ ) .  The equalizer tries to find E, and E, to satisfy 

which also has no unique solution. To apply diversity combining concepts to the system, 

the equalization factors are split into two components as follows 

E, = AD, 

E2 = AD2 
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where D, and D, are complex variables that determine how the two signals are combined 

and A is a weight, applied equally to both components, that forces the net result to be 

unity. Substituting Equations 3.2.4 and 3.2.5 into 3.2.3 gives 

The next step is to address the part of the equation within parentheses as a diversity 

combining problem. The best method of combining signals in situations like this is 

maximal ratio combining [28]. In this technique, the signal passing through each diversity 

channel is weighted by an amplitude proportional to the channel gain and phase shifted 

by an amount opposite the phase shift of the channel. The phase shift is used to align the 

phase of the two signals so that they add constructively and the weighting ensures that 

stronger signals are given preference over weaker signals. The combining variables are 

therefore 

D, = C; and 4 = c;. 

Substituting 3.2.7 into 3.2.6 gives 

and therefore 

From the results of Equations 3.2.7 and 3.2.9, unique equalization constants E, and E, 

are calculated from Equations 3.2.4 and 3.2.5. Note that the arguments above assume that 

the rrns noise level is the same at both frequencies. 
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By applying the principles of maximal ratio combining at all frequencies, a 

unique solution to Equation 3.2.2 is found. As before, the equalizer is split into two 

components 

~ ( e j " )  = A(ei2") ~ ( e " )  3.2.10 

where ~ ( e j ~ )  is the frequency response of a filter that handles diversity combining and 

~ ( e j ~ ' )  is a filter that forces the overall frequency response to unity. Note that the later 

frequency response is a function of 2 0  rather than just w .  This forces the frequency 

response around the left half of the unit circle to be identical to that around the right half 

so that the function is applied equally to both diversity components of the signal in 

Equation 3.2.2. Substituting Equation 3.2.10 into 3.2.2 and simplifying gives 

~ [ c ( , j ~ f 2 ) A ( e j 2 a f 2 ) D ( e j ~  1 2 )  + C ( e i ( a - 2 n ) 1 2 ) A ( e i 2 ( @ - 2 ~ ) f 2 ) D ( e i ( a - 2 ~  2 )  = 1 3.2.1 1 
2 

jo D ejaf2) + C(ej(a-2~)/2 ' [ c ( e j " " ) ~ ( e  ) ( )A(eja)D(,i(a-2n)f2)] = 1 3.2.12 
2 

A(.-.) f [ ~ ( e  '" " ) ~ ( e  '" " ) + ~ ( e  j ( r u - 2 n ) 1 2 ) ~ ( ~ j ( o l - 2 ~ ) / 2 ) ]  = 1 3.2.13 

~ ( e j " )  [ c ( ~ J " ) D ( ~ J " ) ] ~ ~  = 1. 3.2.14 

To do maximal ratio combining the diversity filter is set to weigh the signal at each 

frequency in proportion to the channel gain at that frequency and give it a phase shift 

opposite to the channel phase shift, therefore 

~ ( e j " )  = C* (dm) 

and 



Equation 3.2.14 then becomes 

Define a new filter ~ ( e j ' )  whose frequency response is 

and the frequency response of filter ~(e j ' )  is 

Again, these arguments only apply if the rms noise level is constant across the frequency 

spectrum. The validity of this assumption is discussed in Section 3.4. 

A 2-domain system is derived from the frequency analysis above by translating 

each frequency response component into its z-domain equivalent 

~ ( e " )  -t E(z) 3.2.20 

~ ( e ' " )  -+ A(z) 3.2.2 1 

~ ( e " )  + G(z) 3.2.22 

c(ejw) + C(z)  3.2.23 

C* (ejU ) + q z ) .  3.2.24 

The last transformation maps the complex conjugate of the channel frequency response to 

the paraconjugate of the channel filter as discussed in Section 2.2.3. Applying the 

transformations to Equations 3.2.16,3.2.18, and 3.2.19 gives 

E(z) = A ( z ~ ) ~ ( z )  3.2.25 
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The structure of filter A(z) causes problems for the system. Since C(z) is defined 

as a FIR filter (Section 2.3), A(z)  will have z terms in its denominator and is therefore 

IIR, It is also non-causal since some of the z terms have exponents greater than zero. 

These properties make this filter impossible to implement exactly. To overcome this 

problem, a new filter R(z)  is defined as a non-causal FIR filter with a frequency response 

that approximates the unrealizable IIR filter so that 

~(z)G(z) = 1. 3.2.28 

While a non-causal FIR filter is still impossible to implement directly, it is possible to 

transform this kind of filter into a causal filter by adding extra delay into the system as 

discussed in Section 7.1. 

The coefficients of a( r )  are calculated using the frequency-sampling technique as 

described by Jackson [6, pp. 234-2401. Starting with the channel model C(z),  the filter 

G(z)  is calculated from Equation 3.2.26. The frequency response of G(z) is then 

calculated at N evenly spaced points around the unit circle by applying the discrete 

Fourier transform to its impulse response 

From this, the frequency response of 42) is determined 

then the impulse response is calculated using the inverse DFT 
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The time-loop property of the DFT introduces some error with this method. Since the 

impulse response of A(z)  is infinite, it wraps around in a loop N samples long when the 

inverse DFT is calculated and distorts the impulse response of A(z). To minimize the 

error, the value of N is chosen so that the time-loop is Iong enough that the impulse 

response of A(z) decays to insignificance by the time it wraps around. 

Throughout the remainder of the thesis the various equalizer components are 

referred to by the following names: e(z) is the matched filter since its frequency 

response is matched to the channel; i ( t )  is the common equalizerfilter since it is applied 

equally to all diversity components to equalize the signal; and G ( z )  is the equivalent 

channel because it represents the net effect of every part of the system that the signal 

passes through except the common equalizer. 

3.3 Training 

The parameters of the channel model, C(z),  are derived from a series of symbols 

sent from the terminal to the base station. The format of this training sequence is 

important since it determines the accuracy of the channel model, which in turn 

determines the accuracy of the equalization filters. Training must occur quickly, before 

Doppler renders the channel model obsolete, and it must allow the system to switch 

quickly between different terminals in the network. To simplify the training, both the 

uplink and downlink signals are time duplexed onto the same radio channel. This way, 

the channel only needs to be measured in one direction - the uplink in this case - and the 
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channel characteristics are inferred to be the same in the other direction because of 

channel reciprocity. 

The network bandwidth is divided into individual packets using time division 

rnultipb access (TDMA).  The details of a TDMA packet are shown in Figure 3.3.1. The 

times shown are typical for a 160Mbit/s system. The packets are of fixed length Tp, and 

start and end at times specified by the base station. Most of the packet time is set aside 

for the time division duplexed data. The downlink to the terminal occurs first, followed 

by the uplink to the base station. The overall length of the data segment is fixed, however 

the boundary between the downlink and upIink is shifted by the base station to reflect the 

dominant data direction for that packet. Preceding the data section are two special 

regions: the precursor region is where the base station sends the terminal the diversity and 

synchronization signals described in Chapters 4 and 5; the training region is where the 

terminal sends the base station the training sequence. A 5ps guard time is inserted 

whenever the system switches from terminal transmitting to base station transmitting. 

Given the speed of this system, it is not practical to put the training sequence 

immediately before the synchronization and data segments as shown in Figure 3.3.1. 

7 Training (-2ps) 

Precursor (3ps) 1 r 5 p s  

Downlink Uplink 
*t  

Figure 3.3.1 - Structure of one TDMA time packet. 
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There simply is not enough time to calculate the channel model and the equalization 

filters. Figure 3.3.2 shows a modification of this structure where the terminal sends the 

training sequence for its packet during the training period of the previous packet. This 

gives the base station time to process the training sequence while it is transferring the 

data for the previous packet. The length of the packets must be short enough so that the 

channel remains quasi-stationary from the start of the training period to the end of the 

uplink (a period of roughly 27''). 

The simplest possible training sequence is the impulse sequence 

t ( n ) = { 1 , 0 , 0 , 0 , 0  ,... ). 3.3.1 

Sampled at the base station, this sequence directly returns the impulse response of the 

channel filter, C(Z) .  The problem with the impulse sequence is that it contains very little 

signal energy and may result in a noisy estimate of the channel parameters. To improve 

the signal-to-noise ratio of the channel measurement, codes are used that have an 

autocorrelation function similar to the impulse sequence. One example is the Iength 16 

Frank-Heirniller code [19] given by 

t (n)={l , l , l , l , l ,  j , - 1 , - j , l , - l , l , - l y l y - j , - 1 ,  j}. 3.3.2 

This code has sixteen times the energy of the impulse code, for a SNR gain of 12dB, and 

a perfect circular autocorrelation property: 

Training Packet n f- Training Packet n+l Training Packet n+2 /-- 
Data Packet n-1 Data Packet n Data Packet n+ 1 

I 1 *t 

Figure 3.3.2 - Position of the training packets to allow sufficient processing time. 
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xt(!) t*((! + n)  mod 16) 
C=O 0 n = 1  ... 15' 

Further increases in the code's energy are achieved by repeating the code several times. 

For example, repeating the code ten times gives a further lOdB of processing gain. 

During the training period, the terminal sends a number of repetitions of the 

training code at its sample rate of 100MHz. The base station samples the received signal 

at its sample rate of 200MHz and removes the first and last cycles of the sequence to 

eliminate edge effects. It then averages the remaining cycles to create a low noise, single 

cycle, length 32 training signal from each antenna, t , (n).  The original training sequence 

is expanded by two - to a length of 32 - in order to match the higher sample rate of the 

base station. This sequence tc(n) is circularly correlated to the received signals to retrieve 

estimates of the channel impulse responses: 

Due to this code's good autocorrelation property (Equation 3.3.2), the result of 

Equation 3.3.4 will be an accurate representation of the impulse response of the channel 

(contaminated only by the channel noise). The only condition imposed is that the 

channel's impulse response must not be longer than the length of the code. If this 

happens, the tail of the impulse response will wrap around to the start during the circular 

correlation and distort the measurement. Once the coefficients of the channel filter are 

known, the equalization filter is calculated using the procedure described in Section 3.2. 



3.4 Receiver Filters 

The analogue filters that precede the receiver in the terminal must simultaneously 

pass the maximum amount of signal power and pass the minimum amount of noise 

power. From the terminal's point of view, the channel is distortionless with additive 

white Gaussian noise (AWGN). The optimal method of configuring filters in this 

situation is matched-filter demodulation [20], which occurs when the filters before and 

after the point in the system where the noise is added have identical frequency response 

magnitudes. While it is impossible to determine what the overall frequency response of 

this system will be due to the volatility of the channel, the assumption can be made that 

the system - including channel and equalizer - will have a spectral shape something like 

the raised cosine filter of Figure 3.1.1 under ideal circumstances. The optimal 

demodulator has filters equal to the square root of the overall filter response before and 

after the noise source. A good choice for the terminal's filter is therefore a square root 

raised cosine filter, or some analogue filter with approximately the same frequency 

response. 

In the case of the base station's receiver filters, the fractionally spaced equalizer 

handles the filtering of the noise and it is conventional to leave the signal and noise 

unfiltered at the input to this type of equalizer. In addition, the arguments presented in 

Section 3.2 all assume that the noise power is constant across the frequency band. The 

passband of the base station's receiver filter should therefore be flat across the entire 

bandwidth of the terminal's signal, and only roll off to block out-of-band signals and 

prevent aliasing at the base station's samplers. 
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Figure 3.4.1 shows typical, lowpass equivalent frequency responses for the base 

station and terminal filters. The terminal's receive filter is a square root raised cosine 

fiIter in this case, with a 3dB cutoff at 5OMHz and a rolloff parameter of 0.5. The base 

station's receiver filter has a flat frequency response out to the edge of the terminal's 

bandwidth (75MHz)' at which point it rolls off to cut off frequencies above the Nyquist 

frequency. The filter passes the entire bandwidth of the terminal's signal to the equalizer 

with both signal and noise undistorted. 

0 20 40 60 80 100 
Frequency (MHz) 

Figure 3.4.1 - Frequency response of typical base station and terminal filters. 
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3.5 The Deep Fade Problem 

The type of equalization described above does have one serious flaw. This is 

illustrated by observing the two hypothetical channels whose impulse responses are 

shown in graphically in Figure 3.5.1 and numerically in Table 3.5.1. There is little 

difference in the appearance of the impulse responses of channel A and channel B, 

however the difference in the equalizer performance for the two channels is extreme. 

When the equalization filters are computed for these two channels, the impulse responses 

shown in Figure 3.5.2 are generated. 

P 
Channel A 

d l a ~ o o o ~ a o o o ~ Q Q ~ ~ ~ ~ o ~ o o  

U 
-0.5 

Channel B 

Figure 3.5.1 - Channel model coemcients for two similar channels. 
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Table 3.5.1 Channel model coefficients for two similar channels 

n 

1 
2 
3 
4 
5 
6 

7 - 
8 
9 
10 
1 1 
12 
13 
14 
15 
16 
17 
18 
19 
20 
21 
22 
23 
24 
25 
26 
27 
28 
29 
30 
3 1 
32 

c(n) for Channel A 
-0.0095 1 6-jO.006769 
0.01 3303 +jO.O 1 1027 
-0.01 3473j0.004 146 
-0.005 141 -j0.0623 14 
0.099203 +j0.097887 
-0.122702+j0.422056 

- -0.482832+j0.425553 
-0.205633+j0.067405 
0.201907-jO.21738 1 
-0.06 1 178-j0.24 1490 
-0.324685-jO.141176 
-0.1 14973-j0.0699 19 
0.0 1 173 1 "j0.049370 
-0.046464-jO.015004 
-0.0267 17+j0.0266 12 
0.004 1 1 1 +j0.022785 
-0.00 1029-jO.0 12596 
-0.01 73 15-j0.009832 
-0.046248+j0.05 1372 
-0.048336+j0.06 17 19 
-0.036202-j0.014867 
-0.005075-jO.03 1 797 
0.04959 1 +j0.0223 19 
0.04 152 1 +j0.02 1 134 
-0.01 1035-j0.004502 
-0.009634+j0.008634 
0.022 101 +j0.014938 
0.023644-j0.002660 
0.000723 -jO.O 150 1 8 
-0.0 10024-jO.007204 
0.001 296+j0.009485 
0.005242+j0.008799 

c(n) for Channel I3 
-0.009468-j0.006984 
0.01 3309+jO.O 10677 
-0.0 13527-jO.003706 
-0.005 1 14-j0.064038 
O.O98936+jO. 100 1 10 
-0.122564+j0.429372 
-0.48 1476+j0.403065 
-0.208227-jO.009535 
0.186638-j0.3 13895 
-0.090953-j0.3 18934 
-0.364068-j0.200869 
-0.159857-j0.118 17 1 
-0.036086-j0.083708 
-0.094528-jO.037449 
-0.072994+jO.O 14340 
-0.038869+j0.020245 
-0.039455-jO.007844 
-0.050484+j0.000882 
-0.073765+j0.066643 
-0.070087+j0.079637 
-0.0524 1 O+j0.004765 
-0.0 16093-jO.0 1 17 1 9 
0.043237+j0.04 1820 
0.0391 92+j0.039570 
-0.009984+jO.O 12 1 15 
-0.005903+j0.023 153 
0.027848+j0.027211 
0.030796+j0.007 14 1 
0.008698-jO.0075 10 
-0.00 1708-jO.0019 15 
0.009540+jO.O 127 14 
0.01 3074+jO.O 103 19 

Difference 
-0.000048+j0.0002 15 
-0.000006+j0.000350 
0.000054-j0.000440 

-0.000027+j0.001724 
0.000267-jO.002223 
-0.0001 39-jO.0073 15 
-0.00 1356-t-j0.022488 
0.002594+j0.076940 
0.01 5268+j0.0965 14 
0.029774+j0.077444 
0.039383+j0.059692 
0.044883+j0.048252 
0.0478 17+j0.034338 
0.048064+j0.022444 
0.046276+jO.O 12273 
0.04298 1 +j0.002540 
0.03 8426-jO.004753 
0.033 169-jO.O 107 14 
0.0275 17-jO.O 15270 
0.02 175 1 -j0.0 179 17 
0.0 16208 -jO.O 19632 
0.0 1 10 1 8-jO.020078 
0.006354-jO.019500 
0.002329-j0.018436 
-0.001 050-jO.016618 
-0.00373 1 90.0145 19 
-0.005747-j0.012273 
-0.007 150-jO.00980 1 
-0.007974-jO.007507 
-0.0083 16-j0.005289 
-0.008244-jO.003229 
-0.007832-jO.00 1520 
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The first thing to note about the two equalization filters is how much longer the 

impulse response of equalizer A is than that of equalizer B. In fact 99% of equalizer B's 

impulse response energy is captured by only 39 filter taps, where it requires 166 filter 

taps to capture equalizer A's impulse response. Therefore, much more hardware is 

required in the base station to implement the equalizer for channel A. And to add to the 

base station designer's problems, reaI channels exist with even worse characteristics than 

those in channel A. 

- 0.2- E ChanneI A 
............... -g 0- ,,,,.,....**-...,,,,,,w..-.l~8. .~ I I I I~~~~.~ ,~~~~~~~. .~ . I I I I I~ I~ .~ ,~~~~,~~~~~.~ I~~~I I I~~ .~~~~~,~~, , .~~~~~~~~~~~,~  ..,..,....I........#............. 

a E  -0.2- 

- 0.2- :a ...... .... I... ...a 

., g 0 -,#..-.......".w -..,,,,,,,,...8~ lllI~J 111111 IIIIItII 1111111 ..... ................................. 
8 oE - u -0.2- 

Figure 3.5.2 - Equalization filter coefficients for the channels of Figure 3.5.1. 
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There are more problems. If the average power of the downlink signal is 

calculated for both channels, it takes more than four times as much power to generate the 

pre-equalized signal for channel A than it does for channel 33. Similarly, calculating the 

noise output of the post-equalization filters for the uplink reveals that the signal from 

channel B contains more than four time the noise power as the signal from channel A. 

The root of the problem is found be observing the frequency responses of the 

channels (Figure 3.5.3) and the equalization filters (Figure 3.5.4). Unlike channel B, 

channel A contains one frequency region that is faded by more than 20dB. The 

equalization filter tries to compensate for this loss by generating a very large amount of 
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Figure 3.5.3 - Frequency responses of the channels of Figure 3.5.1. 
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gain at the same frequency. This narrow spike of gain is what is responsible for 

generating the osciIlatory effect in the equalization filter's impulse response that makes it 

so long. In  the downlink, it is this spike of gain in the equalization filter that significantly 

increases the transmitted power of the signal. Moreover, all of this power is pumped into 

an area of the frequency spectrum where most of it is lost. In the uplink, it is this spike of 

gain that dramatically increases the noise level of the signal. In trying to bring up a part 

of the spectrum with a very weak signal, the equalizer ends up bringing in a lot more 

noise power as well. 

Figure 3.5.4 - Frequency responses of the equalization filters of Figure 3.5.2. 
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The deep fade problem makes the equalizer described in this chapter 

fundamentally unreliable. Channels with deep fades similar to channel A do occur 

naturally in the radio environment, and when these are encountered the equalization 

system will be useless. The next chapter is devoted to methods of avoiding this problem 

by using diversity. 



Chapter 4 - Diversity 

The equalization system described in the previous chapter was shown to fail 

whenever it encountered a channel with a deep multipath fade. Introducing the diversity 

techniques described in this chapter into the equalization structure eliminates this 

problem while still keeping the system asymmetric. When an equalizer without diversity 

encounters a deep fade, it has no choice but to try to force the signal through the fade 

using a large amount of gain. An equalizer with diversity can circumvent the fade by 

rerouting the signal energy through one or more of the diversity channels, thus 

eliminating large gains in the equalizer. Two different types of diversity are discussed: 

asymmetric antenna diversity uses multiple antennas at the base station to generate a set 

of diversity radio channels; and asymmetric frequency diversity divides the radio 

bandwidth into smaller sub-bands and uses each sub-band as a separate radio channel. 

4.1 Asymmetric Antenna Diversity 

Antenna diversity is incorporated into the asymmetric equalizer by implementing 

multiple antennas at the base station Ill].  No changes need to be made to the simple 

terminal. The goal of the new system is same as the system described in Chapter 3, to 

force the overall transfer function of the system to unity and eliminate intersymbol 

interference, however the strategy that the system uses when encountering a frequency 

selective fade is quite different. When encountering a fade in one channel, the system 

attempts to reroute the signal energy around the fade through the other channels. 
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Figure 4.1.1 shows an example of a pre-equalizer with three antennas at the base 

station. There are three equalization filters, one for each antenna, which have the dual 

purpose of controlling how the signal is divided among the three antennas and correcting 

the channel dispersion. The three channels in this example each contain a fade that 

completely blocks the signal at one particular frequency, making equalization impossible 

for any one channel. 

When the three channels are used in unison, the deep fades are not a probiem. The 

equalization filter for the first antenna does not send any signal through at the frequency 

where its radio channel is experiencing a fade (a). The other two antennas compensate for 

this by sending extra signal power through at that frequency (b). This same procedure is 

used to overcome the other two fades. The three signals are transmitted simultaneously to 

the terminal through the three radio channels and the signals naturally combine at the 

terminal's antenna to form a complete signal (c). When the signal is sampled (decimated) 

at the terminal an undistorted copy of the original signal is generated. Note that no 

antenna has to transmit a signal through the faded portion of its channel, therefore no 

large gains are needed to equalize the signal. 

Figure 4.1.2 illustrates this method for the uplink. The terminal transmits a signal 

from its single antenna and the base station picks up the signal at each of its antennas and 

applies the post-equalization filters. Channel fades are avoided in the same manner as 

before: the signals are filtered away at the frequencies where the channel is faded and 

boosted at the same frequency at the other antennas to compensate. The signals are then 
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Figure 4.1.1 - Example of antenna diversity in the downlink. 
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Figure 4.1.2 - Example of antenna diversity in the uplink. 
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combined digitally within the base station to form a complete signal. Again, no large 

gains are needed to equaIize the signal. 

The method of calculating the parameters of the equalization filters with antenna 

diversity is essentially the same as the method described in Section 3.2. Only minor 

changes are applied to accommodate the multiple antennas. As discussed above, the goal 

of the diversity equalizer is to put the signal energy where the channel gain is the 

strongest, and take it away from where it is weakest. Again this is a problem of signal 

combining, which is solved by applying maximum ratio combining between the antennas. 

Each of the L antennas is fit with an individual equalization filterE,(z). Each of the 

equalization filters is split into two filters: one to handle diversity and one to handle 

equalization 

E,, (2 )  = A(z2) e,, (2) .  4.1.1 

The matched filters cn(z) are applied individually to each antenna and provide the 

amplitude and phase adjustments required to do maximal ratio combining between 

antennas. The common equalizer filter A(z) is applied equally to all antennas and forces 

the transfer function to unity. 

Figure 4.1.3 shows a block diagram of the antenna diversity system in the 

downlink and Figure 4.1.4 shows the block diagram for the uplink. In the downlink, the 

summation node that combines the channels is the natural combination of radio signals at 

the terminal's antenna, therefore no modifications have to be made to the terminal. In the 

uplink, the summation is a digital summation within the base station. In either case the 

analysis of the system and the results are identical. First, the equalizer filters are split into 



Figure 4.1.3 - Downlink model of the system with antenna diversity. 

Figure 4.1.4 - Uplink model of the system with antenna diversity. 

common equalizers and matched filters as shown in Figure 4.1.5. The common equalizers 

are combined together and moved to the left of the expander using noble identity 2 as 

shown in Figure 4.1.6. The L antenna diversity channels are then combined as shown in 

Figure 4.1.7 and the transfer function of the system is calculated using the polyphase 

identity 

The equivalent channel contains all parts of the transfer function except the common 

equalizer, therefore 



Figure 4.1.5 - Figure 4.1.3 with the equalizer filter expanded into common 
equalizer filter and matched filters. 

Figure 4.1.6 - Figure 4.1.5 with the common equalizer filter moved to 
the left of the expander 

Figure 4.1.7 - Figure 4.1.6 with antenna diversity channels 
combined into one element. 

Note that where the equivalent channel in Chapter 3 contained only two terms, it now 

contains 2L terms due to the extra antennas. The common equalizer filter i ( z )  is derived 

from the equivalent channel fiIter G(z) using the same frequency sampling method 

described in the previous chapter and then the individual equalizer filters are calculated 

from Equation 4.1.1. 



4.2 Asymmetric Frequency Diversity 

Antenna diversity does not solve all the problems of deep channel fades. Adding 

antennas to the base station only reduces the possibility of the equalizer encountering a 

deep fade, it does not eliminate it. It is possible that there could be a deep fade at the 

same frequency in all the antenna channels. If this were to happen, then the equalizer 

would not have a path to route the signal around the fades and would have to resort to the 

high-gain method that defeated the equalizer in Chapter 3. Another problem is that 

antenna diversity is an expensive option for combating multipath fading. Every additional 

antenna adds another equalization filter, another set of radio frequency hardware, and 

more load for the system that calculates the equalization filter coefficients. While this 

may be a viable option for a large commercial system, an economical system (for 

example, one intended for the home) is likely to have only a single antenna. 

Asymmetric frequency diversity is used to supplement or replace antenna 

diversity [ I l l .  The cost of using frequency diversity is reduced data throughput in the 

network. When the base station cannot equalize the channels because of fading problems, 

it divides its available radio bandwidth into two equal halves. The two halves are then 

used to carry two copies of the same signal. The fade that was causing the problem is 

now bypassed by shifting the energy in that part of the spectrum to the other copy of the 

signal at a different frequency. If the problem persists, then the bandwidth is further 

subdivided into four or more sub-channels to increase the amount of frequency diversity 

until the channels can be equalized. This creates a trade-off between data rate and 
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reliability. The base station must determine the maximum possible data rate that the 

channels can support for every data packet. 

As with antenna diversity, frequency diversity must be implemented so that all the 

complex hardware is in the base station. The conventional way of implementing 

frequency diversity is to have an independent transmitter and receiver for each channel, 

then have a set of adaptive circuits that co-phase and apply a weight to the signals before 

they are combined. This method requires an unacceptable amount of hardware at the 

terminal and is difficult to reconfigure for different levels of diversity. To simplify the 

process of generating and re-combining frequency diversity signals, the operations of 

expansion and decimation are used to replace the redundant transmitterheceiver pairs. 

Figure 4.2.1 illustrates how expansion is used to generate frequency diversity by 

observing the spectrum at the output of the QPSK encoder. At full rate (no frequency 

diversity), the signal fills the full spectrum. By dropping the rate in half and inserting a 

twofold expander (f 2) two copies of the signal appear within the spectrum. Expanding by 

four (P4) results in four copies of the signal spectrum. The expander is easily 
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Figure 4.2.1 - Generating frequency diversity with an expznder. 
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Figure 4.2.2 - Combining frequency diversity signals with a decimator. 

reconfigured to aIIow any amount of diversity. 

Decimation is used to recombine diversity signals created by expansion. When a 

signal is decimated, the different frequency bands recombine naturally by aliasing as 

shown in Figure 4.2.2. Decimating by a factor of two combines the two copies of the 

signal generated by expansion into a single signal. Decimating by a factor of four 

combines the four frequency copies. As long as the signal is properly co-phased and 

weighed by the equalization filters, the different frequency bands combine constructively 

to create a flat equalized spectrum. These examples demonstrate that the simple terminal 

described in Section 2.4 can both create a signal with frequency diversity using its 

expander, and combine a signal with frequency diversity using its decimator. 

Figure 4.2.3 illustrates the function of two-way frequency diversity in the pre- 

equalizer. The channel in this example has one deep fade that cannot be equalized 

directly. The system detects this condition and switches to two-way frequency diversity 

to circumvent the fade. The first expander in the system creates frequency diversity in the 

signal by generating two copies of the original spectrum. The second expander matches 



this signal to the sample rate of the equalizer and temporarily creates four copies of the 

original spectrum (the low-pass filtering effect of the equalizer removes most of the 

signal from the extra two spectral copies leaving only two full copies in the transmitted 

signal). The equalizer does not attempt to transmit any signal power where the channel is 

faded (a), instead it reroutes extra power to the corresponding frequency in the other 

Input Symbols 

Output Symbols 

Figure 4.2.3 - Example of the function of frequency diversity. 
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diversity channel (b). The signal passes through the channel and is sampled at the symbol 

rate (as modeled by the first of the two decimators). At this point the channel fade is still 

present in the signal. When the signal passes through the terminal's decimator (the 

second decimator in this model), the two diversity spectra recombine by aliasing and the 

fade in the one diversity channel is filled by the extra signal in the other. As with the 

antenna diversity case, no signal energy is sent into channel fades, therefore no Iarge gain 

is needed to equalize the signal. 

Antenna and frequency diversity can be applied together to provide an even more 

effective means of combating the effects of multipath fading. For example, a three 

antenna base station has three full diversity paths to the receiver while transmitting at full 

rate. If any two of the paths are faded at any given frequency, the signal will still get 

through. In the rare situation where all three paths are blocked at a frequency, then the 

base station switches to half rate to get six diversity paths - two frequency diverse paths 

in each of three antennas. If all six paths are blocked then one-quarter rate provides 12 

paths, one-eighth rate provides 24 paths, etc. 

Figure 4.2.4 shows the downlink model of the system with both antenna and 

frequency diversity. The analysis for the uplink follows the same procedure and has the 

same results, so it is not included here. The expander applied at the input of the system is 

used to create R-way frequency diversity in the signal. As R increases, the data rate at the 

input goes down proportionally and the amount of frequency diversity increases. The 

decimator at the output of the system recombines the R frequency diversity channels 

within the terminal. 



Figure 4.2.4 - Downlink model of the system with antenna and frequency diversity. 

Following the same procedure in the previous section, the equalization filter is 

split into a matched filter and a common equalizer fiIter for each antenna 

E,, (z) = A ( z z R )  en (2). 4.2.1 

The common equalizer A(rZR) is not only common to all the antenna channels, it is also 

made common to all frequency diversity channels by including R in the exponent of z. 

When the signal is expanded by R to form the frequency diversity channels and the 

further expanded by two to match the sample rate of the equalization Alters, a total of 2R 

frequency channels are created. The frequency response of the common equalizer 

A(ejZRw) repeats 2R times around the unit circle to ensure that it is applied equally to 

each of the diversity channels. The matched filters eo(z )  prepare each of the frequency 

channels from each antenna to be combined with maximal ratio combining as before. 

By applying the same analysis used in the previous section, the transfer function 

of Figure 4.2.4 is found to be 



and the equivalent channel for a given diversity setting R is 

With antenna and frequency diversity, the equivalent channel contains 2RL terns 

representing that many diversity channels. Some of those channels are out-of-band and 

completely blocked by the channel filter, therefore there are typically only RL complete 

channels. 

Once GR(z) is known, then A(z) is calculated using the frequency sampling 

technique and the equalizer filters are found from Equation 4.2.1. 

4.3 Training with Diversity 

Training with diversity is the same as training without, with two exceptions: the 

training must generate a channel model for each antenna, and the system must determine 

how much frequency diversity to use in order to effectively equalize the signal. 

Training with multiple antennas does not involve any changes to the terminal. The 

terminal transmits the same training sequence as described in Section 3.3 and the base 

station simultaneously samples the sequence at each of its antennas. A separate 

correlation is calculated for each antenna to generate the L channel models. 

Training with frequency diversity involves finding the lowest possible value of R 

that wilI eliminate the deep fades through diversity. The base station calculates the 

equivalent channel with no frequency diversity Gl(z) from Equation 4.2.3. It then 

evaluates the G , ( ~ J " )  at N points around the unit circle and analyses the result to find the 
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deepest fade. If the fade is deeper than a given threshold, the base station attempts the 

same calculation with two-way frequency diversity. If that fails, the calculation is 

repeated again for three-way diversity , four-way diversity, etc. until the deep fades are 

eliminated and a realistic common equalizer filter can be calculated. 

While a high-end base station may use the method above, much of the training 

effort can be saved by using the following shortcut. If the levels of frequency diversity 

are constrained to only the powers of two, then not only does the system have to calculate 

fewer trials, but the calculations become simpler. The base station begins by calculating 

the equivalent channel for no diversity Gl(z) and evaluating ~,(e") at N points around 

the unit circle, where N is also an exact power of two. If this channel proves to have 

unsatisfactory fades, then it switches to two-way diversity and evaluates the equivalent 

channel again for bad fades. It continues switching to four, eight, sixteen-way diversity as 

necessary until it finds an equivalent channel that can be equalized. Instead of starting the 

calculation over, the new equivalent channel GZR(z) is calculated from the old GR(z) 

from the following relationship evaluated from Equation 4.2.3 

The equivalent channel for each increase in frequency diversity is the equivalent channel 

from the previous step decimated by two. In the frequency domain, the new equivalent 

channel can also be calculated directly from the previous step 
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Equation 4.3.2 is evaluated by dividing the set of N frequency samples evenly into two 

parts, the first representing the right half of the unit circle and the second the left half, and 

then averaging the two subsets together. The result is a set of N/2 frequency samples that 

represent the frequency response of the new equivalent channel. 

This procedure is summarized in the following steps 

1) Calculate the equivalent channel at R = 1 using Equation 4.2.3 and evaluate it at N 

points around the unit circle: ~ , ( e " ) .  (Note that this is a positive real function.) 

2) Determine the deepest fade in ~,(e'") .  

3) If the deepest fade meets a specification that the system can handle, then accept the 

current value of R, otherwise double R, calculate a new frequency response from 

equation 4.3.2, and go back to step 2. 

The only other task that the training procedure must accomplish is informing the 

terminal of the value of R that is to be used in the upcoming data transfer. This small 

piece of information is transferred to the terminal as part of the precursor region defined 

in Section 3.3. The symbols are sent with a fixed and very large amount of frequency 

diversity - usually eight or sixteen-way diversity. The terminal sets its decimator to the 

fixed value to read the diversity symbols and then, based on this information, resets the 

decirnator to the proper value of R before it reaches the data segment. 
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4.4 Simulations 

The introduction of diversity into the system does bring up two fundamental 

questions. How many antennas should a base station have? How large of a fade should be 

allowed before frequency diversity is introduced? Computer simulations are used to help 

answer these questions. 

4.4.1 Simulation Method 

The simulations are implemented using a database of 12,000 real indoor radio 

channel measurements made by Morrison and Tholl [4]. The measurements consist of 

frequency sweeps from 900MHz to 1300MHz in an indoor environment in two types of 

buildings. The transmission distances range from 5m to 30m. 

These data are used to construct a set of channel models as follows. First, a 

200MHz section of the frequency response is extracted from each measurement and 

translated to baseband. The baseband frequency response is multiplied by the terminal 

and baseband filters shown in Figure 3.4.1. An inverse DFT turns the frequency response 

into an impulse response, which forms the coefficients of the channel model. 

As the database was generated by automated equipment, some of the 

measurements have signal-to-noise ratios that are too low to be useful. The simulator 

discards any sample that had a signal-to-noise ratio of less than 30dB. 



4.4.2 Simulation Measurements 

The simulation performs three types of measurements. The first measurement is 

concerned with how diversity affects the throughput of the system and the last two 

measurements are designed to measure the level of some of the problems described in 

Section 3.5. 

The first measurement determines how much of a data rate penalty that frequency 

diversity imposes on various systems. Two parameters are varied: the number of antennas 

at the base station and the threshold level that triggers frequency diversity. For each 

circumstance, the simulation determines what percentage of the channels do not require 

diversity and what percentage require two-way, four-way, eight-way diversity or more. 

The simulation is performed by dividing the channel models into sets of four, and 

repeating the training procedure using one, two, three, or all four of the channel models to 

simulate a different number of antennas in the system. The frequency diversity threshold 

T is defined as a fraction of the rrns gain in the equivalent channel. Whenever any part of 

the equivalent channel's frequency response drops below that value, a higher level of 

frequency diversity is triggered. 

The second measurement addresses the question of how the frequency diversity 

threshold affects the length of the equalization filters. This measurement is performed 

without antenna diversity. For each channel model, the training procedure is repeated for 

several threshold levels, and the length of the resulting equalization filter is recorded. The 

length is defined as the number of filter coefficients required to capture 99% of the signal 

energy of the equalization filter impulse response. 
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The last measurement is designed to indicate how the frequency diversity 

threshold affects the amplification of channel noise through the equalizer. This 

measurement is performed using the same procedure as the second measurement. Noise 

gain is measured by comparing the noise generated in equalizing the test channel to the 

noise generated by equalizing a reference channel. The reference channel CM(z) is 

created by taking a channel of constant amplitude and preparing it as described in Section 

4.4.1. The amplitude is adjusted so that the reference channel and the test channel have 

the same rms channel gain. If the test channel generates equalizer E,,,(z) and the 

reference channel generates equalizer E,,(z), then the noise gain is defined as 

The noise gain actually represents two things: the amount that the equalizer increases the 

noise in the post-equalizer, and the amount it increases the transmitted power in the pre- 

equalizer. 

4.4.3 Simulation Results 

The matrix of histograms in Figure 4.4.1 shows the results of the first 

measurement. Each row of the matrix represents one level of antenna diversity; the top 

row is for a system with only one antenna and the bottom row is for a system with four 

antennas. Each column represents a different frequency diversity threshold. The three 

columns are for thresholds of lo%, 20%, and 30% of the rrns channel gain respectively. 



1 2 4 8 1 6  I 2 4 8 1 6  1 2 4 8 1 6  
Frequency Diversity (R)  Frequency Diversity (R)  Frequency Diversity (R)  

1 2 4 8 1 6  1 2 4 8 1 6  I 2 4 8 1 6  
Frequency Diversity ( R )  Frequency Diversity ( R )  Frequency Diversity (R) 

1 2 4 8 1 6  1 2 4 8 1 6  1 2 4 8 1 6  
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Frequency Diversity ( R )  Frequency Diversity (R)  Frequency Diversity (R) 

Figure 4.4.1 - Histograms showing the probability of a radio link requiring 
R-way frequency diversity given diEerent thresholds (T) and 

different numbers of antennas (L). 
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The histograms indicate the probability that the system is using R-way antenna diversity 

for any given channel. Two clear trends are indicated from the figure. First, as the 

antenna diversity is increased (moving down the matrix), the system relies less on 

frequency diversity. With four antennas, a majority of the channels do not use frequency 

diversity at all (R=l ) .  The second trend is that as the threshold is decreased (moving left), 

the system relies less on frequency diversity. 

To make the most of the network bandwidth, it is desirable to use frequency 

diversity as little as possible. As the results above indicate, this can be done by adding 

more antennas to the base station or lowering the frequency diversity threshold. The cost 

of adding extra antennas is the added hardware required to support them. The cost of 

lowering the threshold is demonstrated in the results of the second and third experiments, 

shown in Figures 4.4.2 and 4.4.3 respectively. These graphs show the mean, the 

maximum, and the 99" percentile of the filter length and the noise gain as a function of 

0 ! I I a I I I I I , b T  
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Threshold 

Figure 4.4.2 - Equalization filter length requirements for different threshold levels (T) 
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Figure 4.4.3 - Noise gain for different threshold levels (T) 

the threshold. As the threshold is decreased, the equalizer has to work harder to correct 

the deeper fades and the result is longer filter lengths and more noise gain. 

The base station design is therefore a balance between the amount of hardware 

and the system throughput. To achieve higher throughput, more antennas and longer 

equalizer filters have to be installed at the base station. Either removing antennas or 

shortening the equalization filters results in more reliance on frequency diversity and 

Iower throughputs. 

4.5 Laboratory Experiments 

The function of the pre-equalizer is verified using laboratory equipments. The 

tests are performed using a lOOMHz symbol rate providing a maximum data transfer of 

200Mbit/s. The diagram of the experimental apparatus is shown in Figure 4.5.1, and a 

photograph in Figure 4.5.2. 
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Figure 4.5.1 - Block diagram of the experimental aparatus. 

The base station is emulated with a general-purpose computer and an arbitrary 

function generator (AFG). The computer calculates the pre-equalized signals and 

downloads them to the AFG through a standard GPIB data bus. The AFG has the ability 

to output two sampled signals at up to 10' samples per second. In this experiment the 

signals are bandpass, modulated at an IF carrier of 200MHz. Two upconverters translate 

these signals to the carrier of 1.8GHz, amplify them, and transmit them through the base 

station antennas. The process takes several seconds, so no movement is allowed during 

the experiment to ensure that the channel remains stationary. Also, to avoid the 

implementation of timing and carrier recovery, all of the modules are connected with a 

common 10MHz frequency reference. 

The terminal is emulated with a radio frequency receiver - composed of an 

omnidirectional antenna, a low noise amplifier, and a downconverter - and a vector 



Computer 

Figure 4.5.2 - The experimental apparatus. 

modulation analyzer (VMA). The eye-diagram display of the VMA indicates whether 

equalization is successful or not. 

To train the equalizer, the computer instructs the AFG to transmit a pre-computed 

training sequence. The VMA samples the training sequence and reports the results back 

to the computer, which in turn generates the channel model. For two antenna 

experiments, the training procedure is repeated for each base station antenna. Once the 

channel models are known, the computer calculates a repeating loop of pre-equalized 

data symbols and downloads it to the AFG. 

The first experiments use only one of the base station antennas with different 

levels of frequency diversity. Figure 4.5.3 shows VMA eye digrams of three of the 
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experiments. The vertical lines represent the receiver's optimum sample points. The top 

trace (a) is recorded from a direct line of sight channel where neither antenna or 

frequency diversity are required. The system is able to pre-equalize this signal at the full 

rate of 200Mbit/s. The other traces, (b) and (c), are the result of non line of sight 

transmissions which required two and four way frequency diversity respectively. These 

traces demonstrate how the terminal retrieves signals with frequency diversity simply by 

discarding samples. With two-way frequency diversity, an open eye appears only on 

every second sample. The samples where there is no open eye are discarded during 

decimation. Similarly with four-way diversity, an open eye appears only on every fourth 

sample. 

The experiments are repeated using two base station antennas and a typical result 

is shown in Figure 4.5.4. The open eyes in the top trace (a) indicate that pre-equalization 

is successful at the full rate using the two antennas. Traces (b) and (c) represent the 

components of the total received signal from each of the individual antennas. The 

observation that neither antenna alone produces an open eye confirms that the equalizer is 

operating properly and splitting the equalization function between the two antennas. 

Neither antenna carries a complete copy of the spectrum - only the parts where its 

channel is strong. Only when the two antennas transmit simultaneously (trace (a)) do the 

parts combine to form a complete spectrum and an open eye. 
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Figure 4.5.3 - Eye diagrams for three levels of frequency diversity. 
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Chapter 5 - Synchronization 

Synchronization is an essential component to any digital communications system. 

The synchronization method used in this system, in keeping with the asymmetric design 

philosophy, does not add new hardware to the terminal, only to the base station. This 

restriction does not present a problem for the signals transmitted from the terminal to the 

base station where the synchronization circuits are in the receiver as usual. The difficulty 

comes in synchronizing the signals sent form the base station to the terminal. In the 

absence of any synchronization circuit, the terminal's receiver samples the incoming 

signal under the control of an independent, free-running oscillator. The base station must 

learn the frequency and phase of this oscillator and adjust the signal at the transmitter so 

that each data symbol passes through the channel and arrives at the receiver at the precise 

time that the terminal takes the sample. For QPSK modulation, the timing tolerance of 

synchronization circuits is roughly a tenth of the symbol period - one nanosecond in this 

system - and this must be achieved through a channel that may disperse the signal by a 

hundred nanoseconds or more. 

5.1 Asymmetric Synchronization 

The synchronization system works in conjunction with the asymmetric equalizer 

described in the previous two chapters. The equalizer's part of the task is to gather the 

energy that is dispersed by the radio channel and collect it at a specific point in time. The 

synchronizer's part of the task is to align that point in time with the receiver's sample 

clock. The terminal contains only a free running oscillator to control the timing of its 
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transmitted symboIs and its received samples. It cannot change the frequency or phase of 

this oscillator, nor does it have the resources to adjust the timing of the signal after it has 

been sampled. AIl timing adjustments must be made at the base station. 

To illustrate the relationship between the equalizer and the synchronizer assume, 

for the moment, that the base station contains a clock that is perfectly synchronized to the 

terminal's free running oscillator. Figure 5.1.1 shows the three steps of a network packet 

(training, uplink, and downlink) under this condition. The horizontal scales are marked 

with the sample points of the sample clocks. Note that the base station's sample clock 

runs at twice the sample rate of the terminal's sample clock. The bold mark on each scale 

indicates the "zero sample", which is a reference sample for the start of each step. Since 

the base station clock is in perfect synchronization with the terminal, the zero samples in 

this example line up exactly. 

During the training step, Figure 5.1.la, the terminal transmits the channel probing 

sequence beginning at the zero sample. That signal is delayed in arriving at the base 

station, due to the distance between the two devices, and dispersed by the radio channel. 

The base station samples the training sequence at each of its antennas and performs the 

correlations to recover each of the sampled channel impulse responses (only one is 

shown). In the state of perfect synchronization, the base stations starts sampling the 

probing sequence at the exact point in time that the terminal sends the signal, therefore all 

of the delays represented in the impulse response are the actual delays through the 

channel for each particular path. The equalization filters are then calculated as described 

in the previous two chapters. 
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Figure 5.1.1 - Exchange of signals in (a) training, (b) uplink, and (c) 
downlinpacket sections in the case of ideal synchronization. 
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The progression of the signal as it is transmitted from the terminal to the base 

station is shown in Figure 5.1.lb. Only the first symbol sent on the zero sample is 

depicted. After passing through the radio channels, the symbol is delayed and dispersed 

in time. From there, the symbol passes through the post-equalization filters where the 

dispersed signal is reconstructed. The equalization filters are designed to force the 

sampled transfer function of the entire system to unity (Equation 3.1.1). A unity transfer 

function has no delay (i.e. no z terms with non-zero exponents), therefore the equalizer 

has the effect of removing all delays through the channel and gathering the energy at the 

same point in time that it was sent. No further synchronization is necessary to recover the 

symbols. 

" On the downlink, the equalizer also has the effect of removing all delays, 

although the process is reversed. Figure 5. I .  lc shows the steps. Before being transmitted, 

the symbol passes through the pre-equalization filters that advance and disperse the signal 

to compensate for the delays in the channel. The channel undoes the distortion introduced 

by the pre-equalization filters and concentrates the energy at one point in time. Since the 

transfer function of the system is forced to unity, the symbols arrive at the terminal on the 

same sample as the original symbol. Again, no further synchronization is necessary. 

The example above demonstrates that synchronization is achieved for both the 

uplink and the downlink when the base station's clock is synchronized with the 

terminal's free running oscillator. The equalization filters automatically compensate for 

both the channel dispersion and the channel delay so that signals sent from the base 

station will arrive at the terminal exactly when they are needed. The next example 
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examines the effects on the signals when the base station and terrninaI clocks are not in 

perfect synchronization. 

Figure 5.1.2 shows the same set of signals as Figure 5.1.1 except that the base 

station's clock now is now offset in time from the terminal's clock. The time offset, A, is 

measured in base station clock samples, and a positive A indicates that the base station 

lags behind the terminal. To identify signals and transfer functions that are influenced by 

the offset, single prime and double prime notation is used. A single prime indicates that 

the signal or transfer function has been influenced by the offset in the uplink direction. A 

double prime indicates that it has been influenced in the downlink direction. The absence 

of a prime indicates that it is an ideal signal that occurs when there is no offset. 

The presence of the timing offset changes the appearance of uplink and downlink 

channels differently. Any signal sent from the terminal to the base station appears, by the 

base station's time reference, to arrive A samples earlier than it would if there were no 

offset. This channel C,:(z) is represented as the ideal channel C,(z) advanced by A 

samples 

C,'(z) = c,(z)zA. 

A signal sent from the base station back to the terminal appears, by the terminal's time 

reference, to arrive A samples later than the ideal. This is represented as the ideal channel 

delayed by A samples 

Cr(z) = C, (z) z - ~ .  5.1.2 

During the training period (Figure 5.1.2a), the training signal measures the offset 

channels C,'(z) not the ideal channels Cn(z), therefore all of the paths appear A samples 
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too short. From these erroneous measurements, the equalization filters are calculated as 

shown in Appendix A. The result is that the equalization filters calculated in the presence 

of a timing offset E,'(z) are related to the ideal equalization filters En(z) by a simple 

delay: 

Ei(z)  = E, ( 2 )  z-A . 5.1.3 

Therefore, the net effect of the timing offset during the training sequence is to insert an 

extra delay of A samples into both the pre-equalizer and the post-equalizer. 

How this extra delay affects the synchronization of the signals depends on 

whether data is being sent in the uplink or downlink. When the signal is sent from the 

terminal (Figure 5.1.2b), it first passes through the offset channels (Equation 5.1.1) where 

it is advanced by A samples. Then it passes through the equalization filters (Equation 

5.1.3) where it is delayed by A samples. The delay in the equalization filters exactly 

cancels the advance in the channels. As a result, no matter what the value of A, a symbol 

sent on the zero sample of the terminal's clock will appear at the zero sample of the base 

station's clock. When the base station transmits its signal back to the terminal (Figure 

5.1.2c), the effects of the timing offset do not cancel. First, the pre-equalization filters 

(Equation 5.1.3) insert a delay of A samples into the system, and then the channels 

(Equation 5.1.2) insert another delay of A samples. The result is that signals from the base 

station always arrive at the terminal 2A samples late. 

The above discussion brings out two important points. First, a timing offset has no 

effect on the synchronization of the signal transmitted from the terminal to the base 

station. This is a positive result in that communications from terminal to the base station 
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can be reliably sent before accurate synchronization is obtained. However, it also has a 

negative side effect: there is no way of measuring the time offset at the base station by 

observing signals from the terminal. The second point is that a time offset produces a 

delay of double that offset on the signal received at the terminal. This means that accurate 

synchronization is required to communicate with the terminal. It also means that the only 

place that the time offset can be measured is at the terminal itself. 

In the special case where the magnitude of A is an integer, the method of 

measuring the time offset is trivial. After receiving the training sequence, the base station 

transmits a known series of symbols back to the terminal. The terminal decodes the 

symbols and notes the number of samples between the time that the sequence arrives and 

when it was expected (2A). In the example depicted in Figure 5.1.2, this is six terminal 

samples (or twelve base station samples since the base station's clock runs at twice the 

sample rate of the terminal's clock). The terminal reports back the sample offset to the 

base station through the uplink, which is not affected by the timing offset, and the base 

station calculates A (six in this example). 

The conventional method of correcting the timing offset is to use a voltage 

controlled oscillator (VCO). If the VCO is lagging behind the free running oscillator in 

the terminal, its frequency is temporarily increased until the timing offset is removed. 

Similarly, if the VCO is leading, its frequency is temporarily decreased. This method 

does not work in this system because the synchronizer is in the base station, the base 

station may have to keep track of several hundred terminals simultaneously, and it is 

impractical to have several hundred separate VCOs in the base station to keep track of all 
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the terminals. Instead, the base station uses a single, non-adjustable oscillator as a 

reference for all the terminals. It measures and records the offset between its oscillator 

and the oscillators in each of the terminals under its control. Knowing the offset, the base 

station compensates for the undesired delays by digitally advancing or retarding its 

signals. In the example above, the base station must advance all of the signals that it 

transmits back to that particular terminal by twelve samples (2A), so that the signals 

arrive at that terminal at the correct point in time. 

5.2 Vernier Signals 

The method of measuring the timing offset described in the previous section 

works only in  the special case where the offset between the clocks is an exact multiple of 

the base station's sample period. In the general case, the timing offset can be any fraction 

of the sample period, and this causes problems when trying to measure the offset at the 

terminal. The finest resolution time measurement that the terminal can achieve is the 

period of its sample clock, ten nanoseconds, but the accuracy required for 

synchronization is on the order of one nanosecond. Furthermore, if the signal arrives 

between samples, it is unlikely that the terminal will be able to recover any useful 

information at all since data errors increase as the offset pushes the symbols away from 

the optimum sample points. What is needed is a method of measuring time offsets with a 

finer resolution than the sample clock of the terminal, without increasing the complexity 

of the terminal. 



Figure 5.2.1 - A vernier scale shown in the position of 7.4 units. 

A similar problem was faced by the makers of precision tools and instruments in 

the seventeenth century. Lines scratched in metal plates to mark units of distance or angle 

could only be placed so close together before they became impossible to read, and this 

limited the precision of instruments. French mathematician Pierre Vernier came up with a 

technique, known today as the "vernier scale" that gave much greater resolution without 

having to decrease the spacing of the scale lines. An adaptation of this technique is 

applied to the terminal to allow it to measure time offsets with a resolution much finer 

than the time between its samples. 

The scales shown in Figure 5.2.1 demonstrate the Vernier technique. The scale on 

the bottom is the main scale marked off in units of distance. The scale on top is the 

vernier scale. The distance to be measured d is the distance between the zero marks on 

the upper and lower scales. An approximation to the measurement is obtained by 

observing where the zero line on the vernier scale intercepts the main scale - in this case 

somewhere between 7 and 8 units. To get a more precise measurement, the mark on the 

vernier scale is chosen that best lines up with any mark on the main scale - in this 

example the mark that corresponds to 0.4 is the best. The distance being measured is 
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therefore 7.4 units. The addition of the vernier scale effectively increased the precision of 

the main scale by a factor of ten. 

The key to Vernier's measurement technique is the spacing of the lines on the 

vernier scale. Define the spacing between marks on the main scale as one unit. To 

measure a subdivision of one unit, say 0.1 units for this example, a new mark is added on 

the vernier scale that is 0.1 units to the left of the zero mark. Now, if d is an integer N 

units plus 0.1 units, the new mark lines up at N on the lower scale. Similarly, a mark 

added 0.2 units to the left of zero on the vernier scale would line up with mark N on the 

main scale when d is N+0.2 units. Marks are added until all the possible divisions 

between N and N+1 are covered. This gives more accuracy to the scale, but the marks on 

the vernier scale are too close together to be practical. To spread them out, shift each of 

the marks on the vernier scale to the right by any integer number of units. In the example 

shown in Figure 5.2.1, the mark corresponding to the 0.1 offset is shifted one unit to the 

right (putting it 0.9 units to the right of zero) where it will still line up with some mark on 

the main scale whenever d is N+O.1 units. Similarly, the mark for 0.2 is shifted right by 

two units, the mark for 0.3 is shifted right by three units, etc. 

In this system, the vernier scale is used to measure time delay instead of distance. 

The main scale is the sample clock in the terminal, and the vernier scale is a special 

synchronization signal sent from the base station. The details of the vernier signal are 

shown in Figure 5.2.2. This signal is designed to measure the time delay to an accuracy 

of one tenth of the terminal's sample period. To measure a deIay that is 0.1 samples past 

an integer delay value, the base station advances the signal by 0.1 samples, so that it will 
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(b) the structure of one segment. 

line up with one of the terminal's sample points, and then delays it by an integer number 

of samples. More signals are used to measure delays of 0.2 samples, 0.3 samples, etc. To 

cover all possible time delays requires ten such segments as shown in Figure 5.2.2a. The 

integer shifts in this case are multiples of 200 samples. To read the vernier signal, the 

terminal picks which of the ten segments best lines up with its sample clock and records 

when the start of that segment occurs. 

To assist the terminal in picking the best segment, each segment is composed of 

two components as shown in Figure 5.2.2b. The first component is a series of known bits 

transmitted at the lowest data rate (maximum frequency diversity). If the signal arrives 

close to the terminal's sample time, the terminal will be able to decode this sequence and 

determine the start sample of the segment. The second component is a set of early-late 

pulses, used to measure the offset of the samples in this segment from the optimum 

sample point. From these, the terminal determines which of the ten segments is best 
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synchronized to its sample clock. A detailed description of the early-late measurement 

technique is given in Section 5.4. 

In the return signal to the base station, the terminal reports the start sample of the 

best of the ten segments, and the base station calculates the offset. The starting times of 

the ten sections are 0, 199.9, 399.8, 599.7, 799.6, 999.5, 1 199.4, 1399.3, 1599.2, and 

1799.1 terminal samples respectively. Say that the terminal reports that the best segment 

started at sample 604. The: base station compares the start sample measured at the 

terminal to the starting time of the nearest section - 599.7 samples in this case - and the 

difference is the delay in the signal received at the terminal - 4.3 terminal samples or 

43ns. The delay measured at the terminal is double the offset between the base station 

clock and the terminal clock, therefore the offset A is 21.511s or 4.3 base station samples. 

5.3 Frequency Synchronization 

The process of synchronization is further complicated if a frequency offset exists 

between the terminal's sample clock and the base station's sample clock. With 

conventional temperature compensated crystal oscillators, the frequency of the terminal's 

free running oscillator can be pre-adjusted to be very close to the base station's free 

running oscillator -within a few parts per million. However, even these tiny frequency 

offsets affect the timing of the signals. Two cases in particular require that the frequency 

offset be measured accurately. As described in Chapter 3, the training sequence is 

transmitted well in advance of the data packet in order to give the base station time to 

compute the equalization filter coefficients. A small difference in frequency between the 
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base station and terminal clocks can cause the time offset to change sufficiently between 

the training sequence and the data transfer to increase the bit error rate. The base station 

must be able to predict and correct this change. In addition, it is desirable to be able to 

predict what the timing offset will be some time in the future. Being a time-shared 

wireless network, there will be large gaps in the transmission of packets to a terminal 

while the base station is serving other terminals in the network. If the base station can 

predict how much the timing offset changes across the gap, then it does not have to re- 

synchronize to the terminal at the start of each new burst of data. 

To analyze the effect of the frequency offset, the constant time offset A, used 

previously in this chapter, is replaced by a time varying offset S( t ) .  If the frequency 

offset is constant then S(t) is described by 

where 6, is the offset at time zero and f, is the frequency offset measured in parts per 

million. A positive f, indicates that the base station's clock is faster than the terminal's 

clock. Both t and S(t) are measured in units of base station samples. The three steps of 

the network packet - training, downlink, and uplink - take place at times t,, t,, and t, 

respectively. It is assumed that the frequency offset is small enough that the change in 

time offset within a training sequence, downlink, or uplink segment is insignificant. 

The vernier signals described in the previous section must now be used to 

measure two parameters: 6, and fo . From section 5.1, it was determined that the delay in 

the received signals at the terminal is composed of the sum of two components: the 
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timing offset during training and the timing offset during the vernier packet transmission 

(the downlink). When the offset is a constant, dividing the measured delay by two 

returnes the timing offset, A. Under the influence of a frequency offset, dividing by two 

returns the average offset of the training and downlink sections, [6(tt) + 6( td) ] /2 .  From 

Equation 5.3.1, the equality 

is derived, which means that this measurement is accurate at a time midway between the 

training sequence and the transmission of the downlink segment. This provides two 

pieces of information: the value of the offset and the time that it occurred. To complete 

the initial synchronization process, two vernier signals spaced well apart in time are 

transmitted and measured to give the two sets of time-offset values. The results are used 

to solve Equation 5.3.1 for 6, and f, . 

Knowing the parameters of the offset equation allows the base station to predict 

and correct time offsets in both the uplink and the downlink signals. In Section 5.1, it was 

demonstrated that the constant time offsets has no effect on the signal from the terminal. 

Time varying offsets however may produce a small but significant error. When the signal 

is transmitted, the error in the channel causes the signal to be advanced by 6(tu) samples. 

The error in the equalization filters causes it to be delayed by 6(t,) samples. The net 

delay is 
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samples. Under normal circumstances, this value is small (less than one sample) however 

it may be enough to cause sub-optimal performance and should be corrected by 

advancing the signal by this value within the base station's receiver. The delay added to 

data signals transmitted to the terminal is equal to the sum of the offset at the time of 

training and the offset at the time of the downlink: 

s(t, ) + q t d )  5.3.4 

This is corrected by adding a corresponding advance within the base station's transmitter. 

The accuracy of the initial offset 6, is limited by the accuracy of the vernier 

measurement, about one nanosecond. The accuracy of the frequency offset f, depends on 

both the accuracy of the vernier measurement and the time between measurements. For 

example, with a vernier accuracy of one nanosecond (or 0.2 base station samples) and a 

separation of one second ( 2  ~ 1 0 '  base stations samples) between vernier packets, the 

accuracy of the frequency offset measurement is on the order of 0.001 parts per million. 

This level of accuracy is necessary if the base station leaves one terminal for some time 

to service other terminals, and expects to return to the original terminal still 

synchronized. 

5.4 Early-Late Synchronization Tracking 

Within short time periods, it is safe to assume that the frequency offset is a 

constant and the time offset changes as shown in Equation 5.3.1, however in longer time 

periods the frequency of the osciIlators will vary. Some of the processes that cause this 

variation are aging, temperature changes, supply voltage changes, and a slow random 
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Figure 5.4.1 - An early-late synchronizer structure. 

variation in the frequency/phase of the oscillator known as phase noise [21]. Once the 

time and frequency offsets are established using the processes described above, the 

synchronization must be tracked to account for the slow variations in 6, and f,, and to 

compensate for any errors made in the initial calculation of the parameters. An 

asymmetric adaptation of the standard early-late synchronization circuit is used for this 

process. 

Figure 5.4.1 shows one implementation of an early-Iate synchronization circuit as 

described by Proakis [3, pp. 362-3651. The device operates based on the property that the 

output of a matched filter is symmetric and has its maximum amplitude at the optimum 

sample point. The received signal is match filtered and split into three paths. One path 

goes to the receiver and the other two to the synchronizer. One of the synchronizer paths 

is sampled a small time, 6,  earlier than the signal that goes to the receiver; the other is 

sampled 6 seconds later. Because of the symmetry property, the early sample will be 

exactly the same magnitude as the late sample if the sampling is occurring at the 



optimum point. If the signal is late, then the peak of the signal is pushed towards the late 

sample and it will appear larger than the early sample. A difference circuit and loop filter 

detects this condition and slows the oscillator to compensate. The opposite effect occurs 

when the signal is early and the oscillator frequency is increased to compensate. 

The same early-late concept is applied to this system using an asymmetric design. 

To generate the symmetric pulse required by the early-late synchronizer, the base station 

simultaneously transmits the impulse response of the matched filters Ci(z) from each of 

its antennas. These signals form a symmetric pulse (equal to the sum of the 

autocorrelation functions of the channels) when they combine at the terminal. The 

transmissions are advanced by 6(tt) + 6(t,,) samples to compensate for the expected time 

offset between sample clocks, and then delayed by an additionaI base station sample 

which moves the optimum sample point to a time midway between samples from the 

terminal's slower clock. A series of these pulses, as seen at the terminal's receiver, are 

a) No Synchronization Error 
Early Pulses Late Pulses 

b) Early Signal 
Early Pulses Late Pulses 

A 
r , 

c) Late Signal 
Early Pulses Late Pulses 

A 

* I  

Figure 5.4.2 - Early-Late Pulses under the condition of (a) no synchronization 
error, (b) and early signal, and (c) a late signal. 
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shown in Figure 5.4.2a. More than one pulse is transmitted so that the terminal can 

reduce the effect of channel noise by averaging. In this example, there are eight pulses in 

the series; the first four are sampIed on the early side of the pulse, and the last four are 

sampled on the late side. Each of the two sets is summed in the terminal's accumulator, 

and the results are measured by the terminal's square law detector. When the 

synchronization is correct, the power level in the early samples will match the power 

level in the late samples as shown in Figure 5.4.2a. If the signal arrives too early (Figure 

5.4.2b), the power in the early samples will be greater than the power in the late samples. 

A late arriving signal causes the late samples to be greater in power (Figure 5.4.2~). 

This measurement technique is used in the vernier signals described in Section 

5.3. In that instance, the vernier segment whose early and late power measurement most 

closely match is determined to be the best segment. The same technique is used to track 

the synchronization errors after the initial vernier measurements are complete. A series of 

early-late pulses are transmitted in the precursor of each TDMA packet. The terminal 

measures the pulses as described above and determines whether the signal is early, late, 

or about right. This information is reIayed back to the base station where small 

adjustments are made to 8, to correct the drift. By observing the accumulation of 

adjustments over several seconds, the base station determines if its estimate of f, is high 

or low and makes the necessary corrections. 

Early-late synchronizers only work if there is a consistent stream of information 

to the receiver. If the offset drifts by too much between tests, synchronization will be lost. 

In this time-shared system, there will be gaps between packets to any one terminal where 
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early-late measurements are impossible. With good quality oscillators and an accurate 

estimate of f,, it may be possible to bridge gaps of as much as a second without losing 

synchronization. Beyond that, the changes in offset between packets are beyond the 

prediction capability of the simple model given in equation 5.3.1. In the case of very 

large gaps, it may be necessary to correct the time offset estimate with a single vernier 

packet before continuing with earIy-Iate synchronization 

5.5 Digital Timing Adjustments 

The base station must be able to make minute timing adjustments to correct for 

the effects of the timing offset and to generate vernier signals and early-late timing 

signals. The base station's sample clock, which runs at twice the rate of the symbol clock, 

allows timing adjustments with a resolution of Sns with simple delay eIements. The 

synchronization circuits require a minimum resoiution of Ins. To achieve this, the 

Figure 5.5.1 - (a) The structure used to delay signals by a fraction of a sample, 
which is then (b) reduced by the polyphase identity and then to 

(c) the timing adjustment filter. 



effective sample rate within the base station must be increased to at least 1GHz. 

Timing adjustments are achieved with the interpolator-delay-decirnator chain 

shown in Figure 5.5.1a. The signal's sample frequency is increased to lGHz by an 

interpolator composed of the expander (7'5) and the anti-aliasing filterHa(z). See 

Vaidyanathan for a detailed description of anti-aliasing filter design [8, pp. 105-1093. The 

signal can now be delayed or advanced by a quantized value A,, to an accuracy of one 

cycle of the lGHz clock (Ins). The decimator (k5) completes the circuit by reducing the 

sample rate back down to the base station's normal 200MHz. 

While the structure shown in Figure 5.5. l a  is effective, it is not very efficient. A 

more efficient structure is found by applying the polyphase identity to achieve the system 

in Figure 5.5.lb. Although this still allows time adjustments of Ins, the filter runs at 

200MHz rather than the faster 1 GHz. This timing adjustmentfilter is then reduced to the 

simple filter shown in Figure 5.5. Icy which is given by 

The timing adjustment filter T,  (2) does, like every other filter in the system, 

become part of the channel and may disperse the signal and cause intersymbol 

interference. Its influence must be included as part of the training procedure so that the 

equalizer cancels any negative effects. To accomplish this, the received training sequence 

from each antenna is filtered by the delayless version of the timing adjustment filter T,(z)  

before being passed to the correlators. 



5.6 Frame Synchronization 

While it is theoretically possible to allow the clocks in the base station and 

terminals to drift apart without bound, as a practical matter it is best to keep the timing 

offsets relatively small. The main probIem is with the time-multiplexed frame that allows 

all terminals to share the same radio frequency band. Each terminal maintains a 

reference, based on it's own clock, that tells it when the frame and each of its slots begin. 

Eventually the references will drift apart and conflicts between terminals will occur. The 

base station controls this by monitoring the magnitude of 6(r) for each of its terminals. If 

an offset becomes too large, the base station sends a message to the offending terminal to 

adjust its frame reference by a given number of samples. The base station simultaneously 

adjusts 6, for that terminal to reflect the change. These coarse adjustments make sure 

that S(t )  is never too large and the TDMA frame integrity is maintained. 



Chapter 6 - Orthogonal Frequency Division Multiplexing 

The simple terminal should work equally well in whatever environment that the 

user is in, be it the office or the park. While in the office, the user is close enough to 

provide a clear, strong signal from his terminal to the base station and the asymmetric 

techniques described so far are effective. However, when the user is out for some fresh 

air in the park the distance to the base station is too great and the signals coming from the 

terminal are too weak to be of any use. The techniques introduced in this chapter are 

designed to extend the range of the simple terminal by allowing it to reduce its data rate 

and direct more energy into each bit of information. To accomplish this within the 

restrictions of the simple terminal, an asymmetric adaptation of a technique called 

orthogonal frequency division multiplexing (OFDM) is employed along with asymmetric 

antenna and frequency diversity. 

6.1 Orthogonal Frequency Division Multiplexing 

Before introducing asymmetric-OFDM, the principles of conventional orthogonal 

frequency division multiplexing are reviewed. OFDM was originally proposed by Chang 

in 1966 [22] and then improved with fast Fourier transform techniques by Weinstein and 

Ebert in 1971 [23]. It works by transforming a wideband radio channel into a set of 

narrowband channels as demonstrated by the two received signal spectra in Figure 6.1.1. 

The wideband signal (Figure 6.1. la) fills the entire bandwidth of the radio channel and is 

subject to frequency selective fading as shown. The OFDM signal (Figure 6.1.1 b) divides 



One radio signal fills the entire bandwidth 

*f 

Figure 6.1.1 - (a) A single wideband signal filling the entire bandwidth and 
(b) many narrowband OFDM signals occupying the same channel. 

the radio bandwidth into many sub-channels, possibly hundreds or even thousands, and 

while the overall radio channel is frequency selective, the individual sub-channels 

experience flat fading. Because flat fading does not distort the signal and cause 

intersymbol interference, no equalization is required in OFDM. Each of the OFDM sub- 

channels is capable of carrying only a fraction of the information of the wideband radio 

signal, but because there are many of them operating in parallel the aggregate data rate 

can be just as high. 

The key feature of OFDM modulation is the efficiency in which it packs together 

very narrow channels in the frequency domain. A standard frequency division 

multiplexing (FDM) spectrum is shown in Figure 6.1.2a. The different channels are 

filtered to a narrow bandwidth and then modulated to different frequencies by a set of 



a) Frequency Division Multiplexing 

b) Orthogonal Frequency Division Multiplexing 

Figure 6.1.2 - Comparison between the spectra of (a) frequency division multiplexed 
signals and (b) orthogonal frequency division multiplexed signals. 

sub-carriers. To keep the signals independent, guard bands are inserted between the sub- 

channels so that the receiver can filter out individual sub-channels for decoding. While 

effective, FDM is not a very efficient use of radio spectrum, mainly because of the waste 

caused by the guard bands. 

Figure 6.1.2b shows the spectra of three OFDM sub-carriers defined by 

O l n < N  
6.1.2 

otherwise 

0 5 n < N  
otherwise 

The zeroth sub-carrier x,(n) is a rectangular pulse N samples long, sub-carrier one x, (n) 

is one cycle of a complex sinusoid, and sub-carrier two x,(n) is two cycles of a complex 

sinusoid. Note that between the spectra of these three sub-carriers, there are no guard 

bands and the signals are packed so closely in frequency that the spectra actually overlap. 



It is the specific shape of the signal spectra that makes this possible. Each of the three 

OFDM signals has a spectrum with one main lobe and N-1 zeroes spaced at intervals of 

27rlN radians around the unit circle. By positioning the signals as in Figure 6. 1.2b, the 

main lobe of each sub-carrier lines up with the zeros of all the other nodes. Therefore at 

those frequencies, there is no interference between sub-carriers and they are perfectly 

orthogonal. 

Using this method, it is possible to pack up to N independent sub-carriers around 

the unit circle and modulate a different piece of information on each one. Sub-carrier k 

with information symbol mk is expressed as 

O l n < N  
x, (n) = 

otherwise 

When all the sub-carriers are combined together, the result is 

1 o otherwise 

I* otherwise 

In the final form of the OFDM signal (Equation 6.1.7) the part within the brackets is the 

inverse discrete Fourier transform (as defined in Equation 2.2.8) of the information 
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sequence. Therefore, the OFDM signal is calculated by applying an inverse-DFT to the 

set of message symbols and multiplying by N. 

In order to recover the information, the receiver needs to calculate the spectrum of 

the OFDM signal at the N points around the unit circle where the sub-carriers are 

orthogonal. A discrete Fourier transform of length N (Equation 2.2.5) directly returns 

exactly these frequency domain samples, therefore the information can be recovered 

simply by performing a DFT on the received signal. Both the inverse-DFT in the 

transmitter and the DFT in the receiver are implemented using the fast Fourier transform 

and N is usually a power of two. More details of the OFDM receiver are presented in 

Appendix B. 

6.2 Asymmetric-OFDM 

The conventional OFDM method described above clearly cannot be implemented 

within the limited capabilities of the simple terminal. Both the inverse-DFT in the 

transmitter and the DFT in the receiver require signal processing resources that the 

terminal does not have. There is, however, one sub-carrier that the terminal can access, 

and this is the basis of asymmetric-OFDM. The discrete Fourier transform of the zeroth 

sub-carrier is given by 

which is simply the sum of N samples. The terminal's accumulator is used to compute 

Equation 6.2.1 and recover the zeroth sub-carrier from an OFDM signal. Generating the 

zeroth sub-carrier is also a trivial operation given by 



rn, O l n < N  
0 otherwise' 

which is the message symbol repeated for N samples. 

An OFDM system that only uses one sub-carrier is not very useful. Suppose, 

however, that the base station transmits an OFDM signal with N sub-carriers, where each 

sub-carrier is destined for a different terminal. Each terminal then only needs to calculate 

one point of the DFT to recover its particular sub-carrier. The terminal using sub-carrier 

zero demodulates its part of the signal with its accumuIator using the method described 

above. The terminal assigned to sub-carrier one must compute 

however, this requires multiplying each sample by W," before accumulating, which is 

also beyond the terminal's abilities. It avoids this unwanted multiplication by slightly 

shifting the frequency of its radio frequency oscillator so that the base station's signal is 

shifted down in frequency by an amount equal to the spacing between sub-carriers. Now 

sub-carrier one is shifted down to the position where sub-carrier zero used to be, and the 

terminal can detect it using its accumulator. Similarly, all the other terminals adjust their 

RF oscillators so that their respective sub-carriers appear at OFDM position zero. In this 

way, each terminal detects a different OFDM sub-carrier using the same method. 

The same technique works for transmitting OFDM signals back to the base 

station. Each terminal simultaneously generates and transmits the zeroth OFDM sub- 

carrier described by Equation 6.2.2. However, since the RF oscillator of each terminal is 
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tuned to a different sub-carrier frequency, the base station receives N sub-carriers at 

different frequencies, which it can recover using a standard OFDM receiver. 

By changing the number of sub-carriers, N, used by the asymmetric-OFDM base 

station, the network designer can change the effective range of the simple terminals 

without having to change their output power or the bandwidth of their filters. With the 

equalization system, each symbol occupies one sample; therefore, every symbol has a 

transmitted energy equal to the energy in one sample E,. With OFDM, each symbol is 

composed of N samples and has an energy of NE,. It is not unusual to have a thousand or 

more sub-carriers in an OFDM system, which would increase the signal's energy 

proportionally and give the terminal the potential of transmitting signals a very long 

distance. Theoretically, it should be possible to lengthen the OFDM packet and increase 

the symbol energy arbitrarily to transmit signals any distance. In practice OFDM packets 

need to be much shorter than the coherence time of the channel, therefore the Doppler 

effect Iimits how long a packet can be and determines the system's maximum range. 

The compromise for using asymmetric-OFDM is that the maximum data rate 

available to any one terminal is reduced. While the overall capacity of the base station 

remains about the same, OFDM divides the bandwidth into N individual sub-carriers. 

Since a simple terminal can only access one sub-carrier at a time, its maximum data rate 

is roughly 1IN times the full capacity of the base station. 



6.3 OFDM Antenna Diversity 

The narrowband signals that make up an asymmetric-OFDM signal are subject to 

flat fading, therefore its possible for the attenuation of the communication link to be very 

high at times. When this happens, especially when the terminal is near the edge of the 

base station's range, the terminal's signal will not make it to the base station with enough 

power to sustain the link. One way to avoid this problem is to use asymmetric antenna 

diversity as described in Chapter 4. 

As before, the antenna diversity is created with multiple antennas at the base 

station and a single antenna at the terminal. Suppose that the base station has two 

antennas and is in communication with N terminals. The complex channel gain from each 

terminal k to antenna one is C,,, , and from each terminal to antenna two is C,,, . Note that 

because the channels are flat fading, channel gains are described by a constant and not a 

function of frequency. The base station receives OFDM signals from each antenna and 

performs a DFT on each signal to break it down into it component sub-carriers: hi,., from 

antenna one and &,, from antenna two. For each user, the base station then combines the 

two sub-carriers using maximum ratio combining 

Gk = ~ ; ~ h ~ , ~  + ~ i . ~ f i ~ , ~ .  6.3.1 

This aligns the phase of the two signals and weighs each in proportion to the channel 

gain. If channel one is experiencing a deep multipath fade then most of the signal is 

picked up from channel two and vice versa. 
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When sending the OFDM signal back to the terminals, the base station adjusts the 

amplitude and phase of each sub-carrier before transmission. The sub-carriers sent to 

antenna one are 

"I.* = A k  c;k m~l 6.3.2 

and the sub-carriers sent to antenna two are 

Q.k =A, el, mk 7 6.3.3 

where A, is an arbitrary constant used by the base station to adjust the transmission 

power of the individual sub-carriers, for example reducing the power to nearby terminals 

while increasing it to further terminals. When all of the sub-carriers are sent 

simultaneously from the two antennas, the constants c,:, and c;, ensure that the signals 

combine at the terminals' antennas optimally. 

6.4 OFDM Frequency Diversity 

By exploiting both the terminal's decimator and accumulator, the simple terminal 

can decode OFDM signals with frequency diversity. Say that the base station 

simultaneously transmits the terminal's message on the four sub-carriers shown in bold in 

Figure 6.4.1. Note that sub-carriers are shown as vertical lines in this figure for clarity 

and are numbered according to their DFT index. The sub-carriers intended for this 

terminal are located at indices 0, 16, 32, and 48. After the terminal samples the signal, it 

decimates it by four. Aliasing causes the 64 sub-carriers in the original OFDM signal to 

recombine into a new OFDM signal with only 16 sub-carriers. The four sub-carriers 

marked in bold all combine into the zeroth sub-carrier. The terminal then uses its 
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accumulator to extract the combined zeroth sub-carrier from the rest of the signal. The 

base station uses maximal ratio combining to pre-weigh and pre-phase the sub-carriers in 

the same way that it did with antenna diversity so that when the four sub-carriers 

combine, they combine constructively. Now, up to three of the four sub-carriers can be 

severely attenuated and the signal will still pass through on the fourth. By adjusting the 

terminal's decimation factor, this technique can be applied to any desired level of 

frequency diversity. 

Received OFDM Signal 

0 7t 
Decimated OJ?DM signal + i x ( e J ( U - Z ~ l / 4 )  

' , , , * S = 2 ! 2 S 2 ~ ! 2 ~ ~ ~ ~ ~ ~  
1 1 1 1 1 1 1 1 1 l 1 1 1 1 1 1 ,  

-71: 0 7t 
*O 

Sum of subcaniers O,16,32, & 48-= 

Figure 6.4.1 - Demonstration of the use of decimation to combine sub-carriers 
within an OFDM signal. 
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For the terminal to send signals back to the base station with frequency diversity, 

it must be able to construct OFDM signals that occupy more than one sub-carrier using 

only its five point constellation. The expander method described in Chapter 4 is one way 

of accomplishing this. To construct an OFDM signal of length N with R active sub- 

carriers, start with the zeroth sub-carrier of length NIR as defined by Equation 6.2.2. The 

z-transform of this signal is 

The signal defined by Equation 6.4.1 contains NIR sub-carriers with only the one at the 

zeroth position occupied by message m. To create a signal with R sub-carriers, the signal 

is expanded by R 

N I  R-I 

X ( Z )  = X, ( z R )  = m Z-" . 
n =O 

This creates R copies of the original spectrum in the frequency domain to create a total of 

N sub-carriers with R of them occupied. For example, the OFDM signal for N=64 and 

and the spectrum of the signal is shown in Figure 6.4.2. As expected, there are four 

occupied sub-carriers and sixty vacant ones. 

The problem with the method above is power. OFDM signals get their processing 

gain by repeating the same information over again for many samples. If four-way 



-n -n /2 0 n/2 7~ 

Figure 6.4.2 - Frequency spectrum of the code given in Equation 6.4.3, 

diversity is implemented with expansion, three out every four samples are zero and the 

power of the signal actually drops by three-quarters over the no-diversity case. Since the 

point of using OFDM is to boost the power and range of the terminal's signal, having to 

reduce the signal power in order to use diversity is counterproductive. 

The power of the OFDM signal is boosted using a base code of length R ,  as 

defined by 

where the coefficients b(n) belong to the set { 1, j, -1, -j). When the base code 

polynomial is multiplied by the OFDM signal polynomial defined in Equation 6.4.2, the 

base code filIs in the empty space in the OFDM signal to produce the following OFDM- 

code 

N I  R-1 N I  R-I R-1 

Xc(z) = X(z)B(z) = m - m C C b(p)z-'Rn+p' . 6.4.5 



The coefficients of the OFDM-code x,(n) are the base code coefficients b(n) multipIied 

by the message symbol rn and repeated NIR times. The spectrum of the OFDM-code is a 

product of the spectra of the OFDM signal x(e jm)  and the base code ~ ( e j ~ )  and is 

shown in Figure 6.4.3 (for N=32, R=4). The OFDM signal spectrum x(ejW) defines the 

shape of the OF'DM-code spectrum with its R occupied sub-carriers and N-R null sub- 

carriers. The base code spectrum ~ ( e " )  amplifies the power of the occupied sub- 

Figure 6.4.3 - Frequency spectra of the components of an OFDM-code: 
(a) the OFDM signat, (b) the base code, and (c) the product of 

the OFDM signal and the base code. 
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carriers. In most cases it is desirable to boost the magnitude of all of the diversity carriers 

by the same amount, therefore the base code coefficients are chosen so that the 

magnitude of ~ ( e ' " )  is the same at the frequency of each of the occupied sub-carriers. 

An example OFDM-code is derived for N=64 and R=4 as foIlows. Since the result 

has four sub-carriers at frequencies 0, d2, n, and 4 2 ,  the base code should have equal 

amplitude at each of these frequencies, i.e. 

The length four Frank-Heimiller code given by 

meets this specifications and has a constant magnitude of two at the sub-carrier 

frequencies. The OFDM-code is evaluated from Equation 6.4.5 to return the following 

coefficients 

Figure 6.4.4 shows the frequency spectrum of this signal. The result is an OFDM signal 

with a total of 64 sub-carriers and, as predicted, four of the sub-carriers are occupied with 

equal amplitude signals and the remainder are empty and available for use by other 

terminals. The spectral shape of the signal in Figure 6.4.4 is identical to that in Figure 

6.4.2, however the code that generated it has four times as much energy. This is the same 

energy level as a length-64 OFDM signal without frequency diversity, therefore there is 

no power penalty for using diversity with OF'DM-codes. 



-7r -n 12 0 n/2 ' ~ t  

Figure 6.4.4 - Frequency spectrum of the code given in Equation 6.4.8. 

Table 6.4.1 shows base codes for one, two, four, eight, and sixteen-way diversity. 

The four and sixteen base codes are Frank-Heimiller codes. The two and eight length 

codes were found by a search algorithm. To generate an OFDM-code with N total sub- 

carriers and R active sub-carriers, choose the base sequence of length R, repeat it a total 

of N/R times, and multiply the result by the message symbol rn. More base codes are 

possible and the complete set is presented in Appendix C. 

At the base station, sub-carriers received with frequency diversity are combined in 

the same way as those received with antenna diversity, with one exception. The base 

codes used to form the OFDM signals impose a different phase on each of the sub- 

carriers. For example, the four sub-carriers in Figure 6.4.4 have phases of 0, n / 2,0, and 

3n/2 respectively. These phase shifts must be removed before the maximal ratio 

combining coefficients are applied and the sub-carriers summed. 



Table 6.4.1 Base codes for different levels of diversity (R) 

6.5 DC Offset Problem 

In an implementation of a real OFDM system [24], the zeroth sub-carrier proved 

difficult to use. The problem was determined to be carrier-feedthrough in the radio 

receiver. Within the receiver's frequency mixer, some of the local oscillator leaks into the 

signal input and is downconve~led to dc. This results in a small dc offset at the output of 

the mixer. Under normal circumstances, the offset in negligible, however when many 

samples are summed to calculate the zeroth sub-carrier, the errors accumuIate and may 

overpower the actual signal. The problem gets worse for long-range transmissions as the 

OFDM signal length is increased and more samples are accumulated. If a hardware 

solution to the fundamental carrier-feedthrough problem can be found, then the 

information in this section is unnecessary. However, if the problem turns out to be 

chronic, then the following solution will get around it with only minor modifications to 

the terminal. 

The solution is to change the OFDM-code so that the sub-carriers arrive at some 

position other than dc. Sub-carrier N/2 - which is at the Nyquist frequency - is almost as 

trivial to recover as the zeroth sub-carrier. The DFT formula at the Nyquist frequency is 

R 
1 
2 
4 
8 
16 

Base Code b(n) 

( 1 1  
( l , j  1 

{ 1, 1, 1, "1 1 
{ 1, 1, 1, j, -1, 1, -1, j 1 

{ 1, 1, 1, 1, 1, j, -1, -., 1, -1, 1,-1, 1, -j, -1, j 1 



Standard Accumulator m 

Modified Accumulator -?A-%* 
Alternating sequence 

of +1, - I  

Figure 6.5-1 - Modifications to the accumulator to accommodate the 
Nyquist sub-carrier. 

Therefore, X,,, is calculated by alternately adding and subtracting samples. Figure 6.5.1 

shows modifications to the terminal's accumulator that allows it to make this calculation. 

The modified accumulator alternately adds and subtracts the signal. With this extra 

circuit, the terminal can recover a sub-carrier at the Nyquist frequency. Since this method 

avoids the dc sub-carrier completely, carrier-feedthrough is not a factor. 

The OFDM sub-carrier transmitted at the Nyquist frequency, as calculated from 

Equation 6.1.4, is also trivial 

(-1)"m O S n < N  
xN,2(n) = 

{o 
6.5.2 

otherwise 

The terminal needs to alternate message samples with negative message samples in order 

to generate it. 

When applying frequency diversity, OFDM-codes with R active sub-carriers out 

of a total of N sub-carriers still need to be generated, but their positions have to be shifted 

so that the result appears at the Nyquist frequency after decimation. These codes are 
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generated by following the same procedure as in Section 6.4. First the z-transform of the 

Nyquist frequency sub-carrier of length NIR 

N I  R-I 

XNIZR(z) = m (-l)"z-" 
n=O 

is expanded by R 

NIR-I 

X ( z )  = x,,,,(zR) = m C (-l)"z-" 

to form an OFDM signal with R active sub-carriers and N-R null sub-carriers. That 

polynomial is then multiplied by the base code B(z) defined in Equation 6.4.4 

NIR-I 

x,(z) = X(z)B(z )  = m 

to generate the OFDM-code. Note that the coefficients of the OFDM-code described by 

Equation 6.5.5 are identical to those described by Equation 6.4.5 except that when the 

base code is repeated, every alternate base code is negative. The base codes will also be 

different from those described in Section 6.4 since the frequencies that the sub-carriers 

occupy are different. 

Repeating the example from the previous section with N=64 and R=4 results in 

the following. Since the four sub-carriers now appear at frequencies d4, 3d4,  -3d4, and 

4 4 ,  the base code should have equal amplitude at each of these frequencies, i.e. 

From an extensive search, the code given by 



-n -IT /2 0 n12 n 
Figure 6.5.2 - Frequency spectrum of the code given in Equation 6-5.8. 

was found to meet these specifications. The OFDM-code is evaluated from Equation 

6.5.5 to get the following coefficients 

xC(n) = (m, m, jm, - jm, - m y  - m , -  jm, jm, m, rn, jm, - jm, -my  - m ,  - jm, jm, 

m,m, j m , - j m , - m , - m , - j m ,  jm,m,m, jm,- j m , - m , - m , - j m ,  jm, 
. 6.5.8 

m,m, jm,- j m , - m , - m y -  jm, jm,m,m, jm,- j m , - m , - m , -  jm, jm, 

m, m, jm,- j m , - m y - m y -  jm, jm,m,m, jm,- j m , - m y - m , -  jm, jm) 

The frequency spectrum of this code is shown in Figure 6.5.2, and clearly shows the four 

occupied sub-carriers, all shifted away from dc, and the sixty null sub-carriers. 

Sample base codes for different levels of diversity are shown in Table 6.5.1. The 

complete set is presented in Appendix C. Perfect base codes - where the amplitude is the 

same at all the sub-carrier frequencies - are only available for diversity levels up to four. 

The eight and sixteen-way diversity base codes given do not produce even amplitudes at 

the sub-carriers, but are the best approximations. 



Table 6.5.1 Nyquist frequency base codes for different levels of diversity (R) 

6.6 Training with OFDM 

When asymmetric-OFDM is operated without diversity, no special training is 

needed. The base station simply modulates DQPSK symbols onto the OFDM signal and 

sends them to the terminals. When either antenna or frequency diversity js introduced, the 

base station must learn the characteristics of the channel in order to control how the 

different sub-carriers combine. As with equalization, the uplink and downlink signals are 

multiplexed into the same radio channel. The base station need only measure the channel 

in the uplink and it can apply the same coefficients in the downlink. 

In a system with L antennas and N sub-carriers, the base station must keep track 

of LN different channel gains C,,k. Initially, each terminal sends the base station a known 

R 
1 
2 

series of symbols. The base station decodes the sub-carriers from that terminal and 

compares each received message with the anticipated symbol to recover the complex 

channel gain coefficients. Averaging the results from several training symbols results in a 

low-noise estimate of the channel gains. 

Once the initial coefficients are known, the base station must update the set as the 

channel changes. After recovering data from a particular terminal, the base station 

Base Code b(n) 

( 1 1  
{ 1 9  11 
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computes a new set of channel estimates e,,, for each of the sub-carriers associated with 

that data. These are then used to update the channel set for the next OFDM block as 

follows 

( C C , ~ ) ~ + ,  = a ( e c , k ) , ,  + (I - a ) ( ~ c , k ) ~  6.6.1 

The new channel set (c , , )~+,  is based partially on the old channel set and partially on the 

newly generated estimates. The constant a should be small enough that the noise in ec,k 
does not seriously contaminate the channel set and large enough so that the base station 

can track the changes in the channel. 

6.7 Other Applications of Asymmetric-OFDM 

The descriptions above are only an introduction to the capabilities of asymmetric- 

OFDM and OFDM-codes. Below are some of the other possible applications of the 

technique. 

Paging Most user terminals are idle for most of their existence. While in this 

state, terminals shut down to consume the minimum possible power and conserve battery 

energy for non-idle times, however they must stiIl listen to the base station occasionally 

for paging signals telling them when to wake up. All of the communication techniques 

described up to this point require closed-loop communications to operate, except for 

basic asymmetrical-OFDM that can operate in receive-only mode with the transmitter 

shut down. An OFDM paging signal would not have antenna or frequency diversity - it 

requires closed-loop control - but would be long enough to compensate for the 
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attenuation caused by flat fading. The paging message is very short, usually the address 

of the terminal to be aroused from its sleep, therefore it does not consume any significant 

network bandwidth. 

Ad-Hoc Connections When two simple terminals are in an area with no base 

station they may still be able to connect using OFDM. Each would communicate with the 

other using the zeroth OFDM sub-carrier with no frequency or antenna diversity. This is 

neither fast nor spectrally efficient, but it allows two terminals to obtain a rudimentary 

connection without a base station. 

Dynamic Frequency Diversity The OFDM-codes described above used base 

codes that were designed to give equal power to each of the diversity sub-carriers. It may 

be possible to improve the performance of asymmetric-OFDM by using non-ideal base 

codes that favor some sub-carriers over others. The base station could dynamically 

change the base code so that more terminal power is directed into the sub-carriers that are 

in stronger channels. 

Very Wideband Base Stations There is no reason in asymmetric-OFDM why 

the bandwidth of the base station cannot be much wider than the bandwidth of the 

individual terminals, as long as the base station only assigns any one terminal a group of 

sub-carriers within its band. Figure 6.7.1 shows an example of a base station with 

SOOMHz of bandwidth, five times that of a terminal. It establishes a number of sub- 

carriers across the band and assigns them out to the two different terminals as shown. 

Each terminal can recover its sub-carriers from its part of the OFDM spectrum, without 

needing the bandwidth to see the whole thing. This provides the opportunity to create 



Sub-caniers assigned to Sub-carriers assigned to 
Terminal A Terminal B - - 

Base Station- 
Sub-carriers 

I 
*f 

I ' Terminal A ' Terminal 3 I I Bandwidth = 100MHz Bandwidth = IOOMHz I 
I Base Station Bandwidth = 5OOMHz 

Figure 6.7.1 - Sub-carrier assignment for a very wideband base station. 

very wideband base stations with the capability of communicating with thousands of 

terminals simultaneously. 



Chapter 7 - Implementation 

Up to this point, all of the discussions have been theoretical in nature, and some 

of the details required to implement the system have been omitted. This chapter provides 

brief descriptions of some of the issues that arise when the system is implemented in 

hardware. Causality, which was ignored in the theoretical discussions, is addressed here, 

as is the validity of the channel reciprocity assumption. The remainder of the chapter is 

devoted to efficient structures for implementing the signal processing hardware in the 

base station. 

7.1 Causality 

Many of the filters described in the previous chapters, including the equalizer 

filters and the timing adjustment filters, are non-causal and therefore impossible to 

implement in a real system. To overcome this problem, a causality element is inserted 

into the path of both the pre and post-equalizer. The element delays the signal passing 

through it by D base station samples, where D is large eno~rgh so that when the causality 

element is combined with the non-causal equalization and timing adjustment filters, the 

net result is causal. 

The effect of the causality element must be accounted for in the rest of the system, 

especially the synchronizer that is extremely sensitive to delay. The extra delay causes 

the symbols from the post-equalizer to arrive D samples later than the ideal. The extra 
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delay in the pre-equalizer is compensated by sending the symbols D samples earlier than 

normal. 

7.2 Channel Reciprocity 

All of the systems developed in this thesis are based on the assumption that the 

channel has reciprocity. While the radio channel has been shown to be reciprocal in 

Section 2.1, the rest of the channel elements, as described in Section 2.3, must also 

conform to reciprocity for the system to work. By implementing identical filters in the 

terminal's transmitter and receiver path, and doing likewise in the base station, the 

filtering effect of the channel will be identical in both directions (within reasonable 

tolerances). As long as signals are transmitted and received from the same antennas, these 

will not cause a problem. The amplifiers should be designed with the flattest possible 

gain across the band so that they do not disturb reciprocity. The one component that does 

not exhibit reciprocity is the frequency response of the digital-to-analogue converters. 

The base stations DACs operate at the frequency of the equalization filters, 

200MHz, and the terminal's DACs operate at the symbol frequency, 100MHz, therefore 

their frequency responses are different. From Equation 2.3.2, the terminaI DAC's 

frequency response is 

where f, is the lOOMHz symbol rate. Similarly, the base station DAC's frequency 

response is 



where 2f,  is the 200MHz equalizer sample rate. In the uplink, the frequency response of 

the DAC in the terminal does not affect the results since it is measured during the training 

phase and is compensated for in the equalization process. In the downlink however, there 

must be some compensation to allow for this change in the channel. This compensation 

has the form 

The filter, 

has a frequency response 

H(@) = 1 + e- j"  7.2.7 

= 2e-jmi2 cos(wl2). 7.2.8 

Running this filter at the base station sample rate of 2 6 ,  and substituting the normalized 

frequency o = 27f / 2 6  gives 

q e ' 2 @ / 2 f 0  ) = 2e-'@/2f0 ~ 0 ~ ( @ / 2 f , )  
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which is identical to the continuous filter response required for the correction (Equation 

7.2.5). Therefore, incorporating the discrete filter given in Equation 7.2.6 into the pre- 

equalizer will restore reciprocity. 

7.3 Implementation of the Base Station Equalizers 

The structure of the base station post-equalizer is shown in Figure 7.3.1. For each 

of the L antennas, there is the equalization filter E,,(z),  a timing adjustment filter TAU ( z )  

from Section 5.5, and the causality element z-D from Section 7.1. Each arm of the pre- 

equalizer structure, shown in Figure 7.3.2, contains the equalization filter En (2) , the 

timing adjustment filter Gd (z), the causality element z - ~ ,  plus the DAC correction filter 

Figure 7.3.1 - Structure of the base station post-equalizer. 

j 1 + Z-l +To Antenna 2 

I 

Figure 7.3.2 - Structure of the base station pre-equalizer. 

G ( z )  + T , ( z ) ~  z - D  1 + z-' --+ To Antenna 1 
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1 + z-' from Section 7.2. Note that the time adjustment is different for the uplink (A, 

nanoseconds) and the downlink (A, nanoseconds) for the reasons covered in Chapter 5. 

Both the pre and post-equalization structures can be optimized using multirate 

techniques. The goal of multirate optimization is to manipulate the filters running on the 

high-rate side of expanders or decimators so that they can be transferred to the low-rate 

side using the noble identities. This generally produces structures with fewer operations 

per second, and the hardware that impIements the filters operates at lower clock speeds, 

To optimize the post-equalizer shown in Figure 7.3.1, the equalizers are first split 

into the common equalizer and matched filter (Equation 4.2.1). The result is rearranged 

into the blocks in Figure 7.3.3. The first block in each antenna arm contains the common 

equalizer i ( z 2 R )  with sufficient delay D, to make it causal. Also, 4 must be a multiple 

of 2R. The rest of the eIernents fall into the second block. To simplify, define the uplink 

filters 

and redraw as shown in Figure 7.3.4. Since ~ ~ ( z ~ ~ )  is common to all the antennas it can 

From Antenna I + 

From Antenna 2 - 
Figure 7.3.3 - Figure 7.3.1 with the elements rearranged 

into two filters per antenna channel. 

From Antenna L + 

( 2 )  Th (2) z 
-D+q 

c(Z) G,(z) 2- D+4 

Z-D1 

~(2'~) Z-D1 

~(2'~) z-~' 

+ 

+ 

4 e L ( z )  T ,  ( 2 )  2 - D+D, 



From Antenna 1 

From Antenna 2 
Symbols 

e e e  

From Antenna L 4 4 ( z ~ ~ )  

Figure 7.3.4 - Figure 7.3.3 with simplified filters. 

From Antenna 1 Ul ( 2 )  

From Antenna 2 j!c\,mH%k U2(Z) 
symbols 

* * a  

Figure 7.3.5 - Figure 7.3.4 with the A, filters combined into one. 

From Antenna L ~ G P  
From Antenna 2 ---, U2(z ) 

Figure 7.3.6 - Figure 7.3.5 with the A, filter transferred to a lower sample rate. 

be moved to the right of the summation point (Figure 7.3.3, thus saving the processing 

required to calculate the filter L times. is then moved to the right of the 

decimator using noble identity 1 (Figure 7.3.6) where it can be run at the lower clock 

rate. The U,,(z) filters are then redrawn using the polyphase representation (Equation 

2.2.18) to produce the system in Figure 7.3.7. The polyphase components are given by 

+ Symbols 1 2 R -+ - 4 (z) 



From Antenna 

Symbols 

' I  (repeated for each antenna) from other 
antennas 

Figure 7.3.7- Polyphase expansion of Figure 7.3.6. 

Figure 7.3.8 - Optimized post-equalizer structure. 

From Antenna 1 4 2R - 
-L 2R + 

In this configuration, the decimator can be moved to the left of the polyphase components 

8 - 0  (2) 

e,l(z) 

using noble identity 1 as shown in Figure 7.3.8. In this form, all of the filters are 

operating at the lowest possible sample rate. 

..a 

To optimize the pre-equalizer in Figure 7.3.2, all of the elements from each 

J- 2 R  + 

antenna arm are combined into a single download filter 

8,2,-,(z) 

and redrawn as shown in Figure 7.3.9. Each filter is then expressed in its polyphase form 

(repeated for each antenna) 

antennas 

as shown in  Figure 7.3.10, where 



The expander is then moved to the right of the filters using noble identity 2 to form the 

system shown in Figure 7.3.1 1. As before, this form allows all of the filters to operate at 

the lowest possible sample rate. Counting operations in the post-equalizer (Figure 7.3.8) 

and the pre-equalizer (Figure 7.3. I 1) reveals that the pre-equalizer implementation is not 

as efficient as the post-equalizer implementation. This is because the common equalizer 

was not treated specially in the pre-equalizer optimization. This deficit is more than 

compensated by another property of the pre-equalizer structure. Because the input of 

every filter in Figure 7.3.1 1 can only be one of the four DQPSK states (1 +j, -1  +j, - 13, 

Symbols 

I-dGk To Antenna L 

Figure 7.3.9 - Figure 7.3.2 with simplified filters. 

Symbols 9 2 R lrLd <ro (z2 R, 
TO A~~~~~~ 

to other 
antennas 4, (2'")  

(repeated for each antenna) 

Figure 7.3.10- Polyphase expansion of Figure 7.3.9. 



Symbols 

antennas 

Antenna 1 

(repeated for each antenna) 

Figure 7.3.11 - Optimized pre-equalizer structure. 

and 1-j) all real multiplies are reduced to the trivial factors of - 1,O, or 1. This eliminates 

all the complex multiplication circuitry and results in much simpler filter hardware. 

While the polyphase structures described above allow the filter implementation to 

become more efficient and run at slower clock frequencies than the direct 

implementation, the base station still has to carry enough hardware to handle the highest 

possibIe transfer rate. Even at the highest rate (R=l) however, the polyphase structures 

reduce the filter sample rate from 200MHz to lOOMHz, which is a substantial advantage. 

If the system is limited to lower transfer rates, then the polyphase structure allows the 

filters to be optimized further. For example to build a base station that can achieve up to 

forty megabits per second (R=4), the polyphase structures could be used to reduce the 

filter clock rate to just 25MHz. This would allow more economical base stations to be 

constructed with much slower signal processing hardware. 



Chapter 8 - Conclusions and Future Work 

This work has explored a variety of techniques for establishing the physical link 

for a wireless network. Limiting the hardware in the terminal to simple elements reduces 

the cost, size, weight, and power consumption of the device while allowing it to achieve 

very high data rates. The asymmetric techniques of equalization, antenna diversity, 

frequency diversity, orthogonal frequency diversity multiplexing, and synchronization 

implemented in the base station correct the channel impairments so the high-speed andlor 

long-range communications can occur reliably with the simple terminal. 

The idea of using asymmetric equalization combined with asymmetric diversity 

for the primary radio link in a wireless network has been shown in theory, simulation, 

and in laboratory tests. The laboratory tests demonstrated the effectiveness of the system 

only in the downlink with a static channel. For a complete test, the system should be real- 

time, so that it can adapt to a changing channel, and bi-directional, so that it can test both 

links and use independent terminals. The equipment to do these tests is unavailable at this 

time, but is under development. Likewise, the asymmetric synchronization concepts 

require a real-time, bi-directional system to be tested effectively and will be tested fully 

when the new hardware is available. 

The asymmetric-OFDM concepts are still in the conceptual stage. They need to be 

tested and verified under laboratory conditions. The asymmetric synchronization 

techniques need to be extended to encompass OFDM signaling as well. The techniques 
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that were introduced but not discussed - paging, ad hoc connections, dynamic frequency 

diversity, and very wideband base stations - require more research to fully develop. 

Certainly, there are other communications techniques that can be converted to 

asymmetric designs as well. It may be possible to do asymmetric carrier recovery where 

the base station learns the carrier phase of the terminal and adjusts the phase of its signal 

accordingly. This would allow the differential QPSK receiver in the terminal to be 

replaced by a coherent QPSK receiver, which would be easier to implement and have 

better performance. It may be possible to implement asymmetric direct sequence spread 

spectrum, which would place the RAKE part of the receiver [3, pp. 798-8061 and the chip 

synchronization in the transmitter. The receiver would only have to multiply the 

incoming signal by the appropriate code and accumulate the result to decode the signal. It 

may be possible to implement automatic gain control asymmetrically. The terminal 

would then have both fixed transmission power and receiver gain, and all gain 

adjustments would be done at the base station. 

The asymmetric techniques described in this thesis have only been developed to 

the point where they function effectively. No attempt has been made to compare these 

algorithms to other methods to determine if their performance is optimal. For example, 

the equalization and diversity techniques described in this work have all been based on 

spectral shaping in the frequency domain using the Nyquist criterion of distortionless 

transmission and the theory of maximal ratio combining. The equalizer equations, 

including the effects of asymmetric diversity, could be derived again using a least mean 

squares algorithm [3, pp. 639-6491, which minimizes the mean-square-error at the output 
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of the equalizer in the time domain. The two systems could then be compared to 

determine which is more effective. Similarly, better methods of probing the channel or 

determining the optimal level of frequency diversity may be available. 

While the structure of the simple terminal has been specified in considerable 

detail, especially regarding what signal processing capabilities is does and does not have, 

the detailed structure of the base station has been left intentionally vague. What has been 

presented is a collection of techniques - asymmetric equalization, antenna diversity, 

frequency diversity, and OF'DM - that can be assembled in various combinations and 

configurations to suit the diverse problems that different situations present. What follows 

are examples of how the base station techniques can be applied to three different 

environments: a campus, a small office, and a home. 

At the campus, the system provides a basic level of service to the entire area, and 

enhanced service in specific areas such as classrooms, libraries, and office clusters. The 

large area coverage is accomplished with a single base station that uses asymmetric- 

OFDM exclusively, and uses OFDM-codes long enough to ensure an adequate coverage 

area. To make the basic service as reliable as possibIe, antenna diversity is available at 

the base station and frequency diversity available, as necessary, for terminals near the 

edge of the campus. Separate high-speed base stations are installed to provide better 

service at strategic locations, and to offload the main OFDM base station in high traffic 

areas. These use asymmetric equalization and work in the same virtual network as the 

OFDM base station, but use different frequency bands with a frequency reuse plan 

similar to a cellular radio system. When a terminal's signal gets too weak to be supported 
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by one of the high-speed base stations, its signal is transferred back to the OFDM system 

until a new high-speed link can be found. Although a campus network such as this 

requires a considerable amount of knowledge to set up and maintain, it is not unusual to 

use network specialists for a task of this magnitude. 

For a small office, all of the tasks of the campus network are compressed into a 

single base station. Most of the network traffic is handled using asymmetric equalization 

and several antennas are installed at the base station to allow the system to maintain the 

maximum possible data rate. To fiII in regions of the office that are poorly illuminated by 

the base station and extend the range of the network to the area immediately surrounding 

the office, asymmetric-OFDM is implemented within the same base station. The OFDM- 

codes used in the office network are not as long as those used in the campus network 

since the distances involved are much smaller. The network administrator decides the 

maximum range of the network by setting a limit on the length of the OFDM-codes. The 

OFDM signals share the same bandwidth as the equalized signals by time multiplexing 

them into the same channel. The setup and maintenance of the single base station office 

network still requires soma specialized skills, but it is considerably less than the multi 

base station campus network. 

The home network is designed to be as simple and cost effective as possible, and 

to require no specific knowledge to set up or maintain. In the home, neither the very high 

data rates nor the spectral efficiency of a high-end network are required. This allows 

home units to cut costs by cutting capabilities in the base station. The most obvious 

method of cutting cost is to not use antenna diversity, so that only one antenna is 
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required, and rely exclusively on frequency diversity. Further cost cutting is achieved by 

fixing the level of frequency diversity to a specific value - say eight-way diversity. This 

would reduce the data rate of an equalizer-based base station to a, still respectable, 20 

million bits per second, while at the same time reducing the signal processing 

requirements considerably by using the multirate techniques described in Chapter 7. 

Since the coverage area of the home network is very small, it is unnecessary to 

implement OFDM in this base station. Ideally, the user should be able to just plug the 

base station into the network, hang it on the wall, and be ready to go. 

The examples above illustrate how one simple terminal can be used in a variety of 

environments. It is this terminal that is central to the work described in this thesis. The 

many elaborate signal processing techniques that make up the base station designs are not 

as important as the few simple devices that make up the terminal: the accumulator that 

allows a wideband system to convert to narrowband, the expander that creates frequency 

diversity by inserting zeros, and the decimator that combines frequency diverse channels 

by discarding samples. These provide some of the essential functions that cannot be 

implemented anywhere but in the terminal. i n  an asymmetric design, whatever is not 

essential to the terminal does not belong. If a complete and minimal set of essential 

terminal components can be established and standardized, this wouId be a good step 

towards an ultimate goal of creating effective wireless networks that can be extended to 

any environment, and be accessible with a single, simple device. 
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APPENDIX A - Calculation of the Equalization Filters with a Timing Offset 

The measured channel impulse responses with a timing offset CL(z) are identical 

to the ideal ones Cn(z) except that the all of the delays represented in the impulse 

responses appear A samples too short, or 

CL(z) = C, ( z )  zA. A. 1 

This offset will propagate through the remainder of the training procedure. The matched 

filters used in the equalizers are given by 

Substituting A. 1 into A.2 reveals the effect of the timing offsets on the matched filters, 

In other words, the timing offset adds A samples of delay to the matched filters. The next 

step in the training algorithm is to calculate the equivalent channel given by 

Substituting A.3 and A. 1 into A.4 gives 

Therefore, the timing offset has no effect on the equivalent channel. The common 

equalizer function At(z) depends only on the equivalent channel function GP(z), 

therefore it will also be unaffected by the delay, 



d'(z )  = a(,). 
The individual equalization filters are then given by 

E,'(z) = ~ ' ( Z ~ ~ ) ~ : ( Z )  = en ( z ) f A  = E,,(z)z-". A.7 

The net effect that the t h i n g  offset of A samples has on the training procedure is to insert 

an extra delay of A samples into each of the equalization filters. 



Appendix B - OFDM Receivers 

The OFDM receiver operates by taking the discrete Fourier transform of the 

received signal, however there are some complications due to the time-loop property of 

the DFT (see Section 2.2.2). The transmitted OFDM signal is exactly N samples long 

and, if the channel does not disperse the signal, those samples can be passed through a 

DFI' to recover the individual sub-carriers. However in a real radio channel, the channel 

does disperse the signal and the received signal will be more than N samples long. Since 

the received signal does not fit into a single DFT time loop some processing must be 

done to reduce it to N samples without distorting the measurement. 

Figure B. 1 shows one time packet for an OFDM signal. The packet is longer than 

the length of the signal by N, samples to allow for dispersion of the signal. If the channel 

disperses the signal outside of this guard region, then it will interfere with the 

neighboring packets and cause distortion. 

There are two methods of packing the N + N, samples of the OFDM packet into 

the N samples required by the DFT algorithm. The first is to send a normal OFDM signal 

from the transmitter and run a virtual time loop at the receiver. Figure B.2 shows the 

I l l  
-- - - 

OFDM signal n-1 OFDM signal n I I ( OFDM signal n+l 
b 

Packet n- 1 - Packet n Packet n+ 1 

N Samples 
4 L. 

N+N, Samples 

d - r 

Figure B.1- OFDM time packet. 

7 F 



Packet (N-cN, Samples) 
4 . 1  

I I I I Transmitted OFDM signaI 

I I 
*t 

Received OFDM signal 
*t 

Add middle N samples to tails 

+ 
- - 

N samples for the OFDM decoder 

N Samples < 

Figure B.2 - OFDM receiver with a virtual time loop. 

process. The tails of the dispersed OFDM signal are cut off so that the signal is only N 

samples long. The tails are then time wrapped and added back into the N sample signal. 

The resulting N samples can then be processed by the DFT without distortion. 

The other method, called cyclic-extension, runs a virtual time loop at the 

transmitter. This is shown in Figure B.3. The guard time before the start of the real 

OF'DM signal is filled with a precursor that is composed of the last part of the OFDM 

signal. The guard time after the real OFDM signal is filled with a postcursor composed of 

the beginning of the OFDM signal. The receiver simpIy samples the N samples in the 

middle and passes them on to the DFT. Since the source appears to be looping in time, 

the time-loop condition of the DFT is already met. 



I Packet (N+N, Samples) I 

Transmitted OFDM signal 
st 

Received OFDM signal 
*t 

Sample middle N samples and discard tails 

Figure B.3 - Cyclic extension in the OFDM transmitter. 

Either of these two methods can be applied at either the base station or the 

terminal receivers. The cyclic-extension does produce a signal with Iess noise, however it 

also requires more transmission power. 



Appendix C - OFDM Base Codes 

Table C.1 lists the perfect base codes that form OFDM-codes for the zeroth sub- 

carrier (from Section 6.4). Table C.2 lists all of the perfect base codes for the Nyquist 

frequency sub-carrier (from Section 6.5). The codes are listed for diversity values (R) of 

one, two, four, eight, and sixteen. The codes are found using an exhaustive search of all 

possible codes. The frequency response of each code is calculated at the R appropriate 

sub-carrier locations, and code was labeled perfect if the frequency response magnitude 

was the same at every sub-carrier. Many more perfect codes exist than are listed below, 

however most of the codes can be derived from other codes using one or more of the 

following operations: 

1. Multiplying every element of the code by -1, j, or -j. 

2. Rotating the elements of the code by any amount. For example turning {b(O), 

b(l), b(2), b(3)) into M3), b(O)Y b(1), b(2)).  

3. Time reversing the elements of the code. For example turning {b(O), b(l), 

b(2), b(3) 1 into (b(3)Y b(2), b(U, b(O) 1 

4. Taking the complex conjugate of each element in the code. 

For example, of the 4,294,967,295 possible codes that make up sixteen-way diversity, 

6,144 of them were perfect, however only 28 of them could not be derived from other 

codes using the four rules above. Only these fundamental base codes are listed in the 

tables. The remainder can be derived from the fundamentals using the rules above. 
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Table C.1 A11 base codes for different levels of diversity (R) 

R 

1 
2 
4 

8 

16 

Base Code b(n) 

( 1 )  
{ 1, j  1 

{ 1 ,  1 ,  1 ,  -1 1 
{ l y j 7  1,-j  1 

{ 1 ,  l , l ,  j, - 1 ,  1, -1 ,  j  1 
{ 1 ,  l , j y  1 ,  1 ,  -1, j, -1 } 

{ 1 ,  1 ,  1 ,  1 ,  1 ,  j, - 1 ,  -j, 1 ,  -1 ,  1 ,  - 1 ,  1 ,  -j, - 1 ,  j } 
{ l , l , l , l ,  1 , j - j -1 ,  1 - 1 - l , l y l - j , j - 1  } 
{ I ,  1 ,  1 ,  l , j ,  1 -j-1 - I 3  1 - 1 ,  1 -j, l y j - 1  } 
{ 1 ,  1 , 1 ,  l , j ,  1 - 1  -j-1, 1, 1 - 1  -j, 1 - l , j }  
{ l , l , l , l , j - j , l - 1 - 1 - l , l , l - j , j , l - 1  } 

{ 1 ,  1 ,  l , j y  l y j - j j ,  1 - 1  - l , j ,  1 - j , j - j )  
{ l , l , l , j , l , j - l , l , l - 1 ,  1 - j , l - j - 1 - 1  } 
{ l , l ,  l , j ,  1 - j , j- j ,  1 - 1  - l , j ,  1 , j - j - j }  

{ 1,131, j ,  1 - l , j ,  l y l ,  1 -1- j ,  1-1- j-1 } 
{ 1 ,  l , l , j , j ,  1 - j - j -1 ,  1 -1 , j - j ,  1 2 j - j }  

{ ~ , ~ , ~ , j , j , ~ , - ~ , ~ , - ~ , ~ , ~ , ~ , - j , ~ , - ~ , - ~  1 
{ 1 ,  1 ,  1 ,  j, j, -j, -1, j, - 1 ,  - 1 ,  l , j ,  -j,j,  - 1 ,  j  I 

{ ~ , l , ~ , j , j , - ~ , ~ y ~ , - ~ , ~ , ~ , ~ , - j , - ~ , ~ , - ~  1 
{ 1 ,  l , l , j , j , -1 , - j , j , -1 ,  1 , - l y j , - j , - l , j , j }  
{ 1 ,  1 ,  l , j ,  -j, j, - l , j ,  - 1 ,  - 1 ,  l , j ,  j, -j, - 1 ,  j  1 
{ 1 ,  1 ,  1 ,  jy -j, - 1 ,  j ,  j, - 1 ,  1 ,  - l y j y j ,  -1 ,  -j,j 1 

{ ~ , ~ , ~ , j , - ~ , j , ~ , ~ , ~ , - ~ , ~ , - j , - ~ , ~ , ~ , - ~  1 
{ 1 ,  1 ,  1 ,  -1,  jy - 1 ,  -j, - 1 ,  -1, 1 ,  - I y  - 1 ,  -j, -1 ,  j-1 } 

{ 1 ,  1, j, 1 ,  L j ,  1 ,  - 1 ,  1 ,  - 1 ,  -j, 1 ,  1 ,  -j, -1 ,  -1 1 
{ 1 ,  l , j ,  1, Lj , - j , - j ,  1 , -L j , -1 ,  1,-j ,- j , j  1 
{ 1 ,  l , j , l ,  1 , - j , - j , j , l , - l , j , -1 ,  l , j , - j , - j }  

{ 1 ,  L j ,  1 ,  1,-j,-1,-1, 1 , - ly - j ,  1 ,  l , j ,  1 , - 1  1 
{ l y  1, j, 1, j, 1 ,  1 ,  - 1 ,  - 1 ,  l , d ,  1 ,  -j, 1 ,  -1 ,  -1  1 
{ l , l , j , l , j , l , - j , j , - l ,  l , j , - ~ , - j , l , = j , j }  
{ 1 ,  1 ,  j, 1 ,  j, - l , j ,  -j, - 1 ,  1 ,  j, -1, -j, - l , j y  j  I 
{ 1 ,  l , j ,  1,-j, 1,-j,j,-1, l , j , - l , j ,  17-j7-j  1 
{ 1 ,  1, j, 1 ,  -j, - l , j ,  j, - 1 ,  1 ,  j ,  - I y  J, -1, j, -j 1 
{ 1 ,  l , j ,  1 ,  - l , j , j ,  -j, 1 ,  - l , j ,  -1 ,  -1 ,  -j,j,  j  1 



Table C.2 All Nyquist frequency base codes for different levels of diversity (R) 
C 

R 
1 
2 

4 

8 
16 

Base Code b(n) 

( 1 1  
{ 1 , 1 )  
{ 1,-1) 

{ 1, 1, j, -J, 1 
{ 1 4  j, 1 1 . . 

{ L J ,  -J, -1 1 
(no perfect codes exist) 
(no perfect codes exist) 




