
Abstract

PATEL, VIRENDRA R. A Methodology for Hardware Design and Veri�cation of Architec-

tures for Channel Equalization. (Under the guidance and direction of Dr. Winser E. Alexan-

der.)

Hardware implementing wireless applications in today's cellular systems has stringent requirements

such as high speed, �exibility, and low power dissipation resulting in complex systems. These require-

ments have led to the development of systems on a single chip.Although this development promises a

variety of design advantages, designers are facing new design dif�culties and challenges while design-

ing these complex systems. Some of the design dif�culties and challenges presented by the traditional

design �ow, in designing these complex systems, are increase in the simulation time, increase in the

veri�cation effort required, increase in the time to market, dif�culty in exploring the design space, and

increase in the productivity gap.

In this research work, we introduce a new design �ow that starts at the system level. The design �ow,

called the system-level design �ow, promises to reduce the dif�culty in exploring the design space, to

reduce the simulation times, to reduce the veri�cation and debugging time, to allow the de�nition of

both hardware and software components of a design, and to allow de�ning the system at a high level

of abstraction. To validate our design �ow and its advantages, we consider a subsystem for a Wireless

Communication System called a “Multiple Input Multiple Output” (MIMO) wireless communication

system for analysis. We consider the designs of channel equalization architectures for the MIMO wire-

less communication system. We consider algorithms such as least mean square and iterative conjugate

gradient algorithms for implementing channel equalization. We design the algorithms using SystemC

and Verilog. We consider the use of SystemVerilog to interface SystemC to the Verilog environment.
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Chapter 1

Introduction

1.1. Design and Veri�cation Methodology for Hardware Systems

Hardware systems that implement wireless applications have stringent requirements. Some of

these requirements are lower costs, low power consumption,high performance, small hard-

ware size and �exibility. These requirements together withthe advances made in the silicon

processing technology have enabled integration of ever more complex systems on a single chip.

This has lead to new design paradigms including, System-on-Chip (SoC), System Level Design

(SLD) and platform-based-design (PBD). These so-called SoCs contain the entire functionality

of a system including dedicated hardware components, programmable processors, and mem-

ories in a single chip. Although this advancement promises avariety of design advantages,

designers are facing new design dif�culties and challengeswhile designing these complex

systems. The traditional design �ow is not capable of meeting these challenges. In short,

these systems are very large (module based), complicated and require not only the design of
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digital hardware but also the design of embedded software. This, in turn, has the effect of in-

creasing the productivity design gap between the semiconductor technology and methodology

and tool support. Silicon manufacturers are expected to continue advancing their capabilities

at a phenomenal compound annual growth rate of 58% but the design productivity has been

advancing at only a 21% rate [1]. In addition, system designers have to cope with the ever-

increasing application complexity and shrinking time-to-market windows. Therefore, new de-

sign methodologies have to be introduced that reduce the productivity gap and also reduce the

implementation complexity and time.

Designing systems at a high level of abstraction is fundamental in raising the productivity to

the levels that are needed to meet aggressive design schedules in the face of growing complex-

ity. The number of objects in the design decreases exponentially when the design is speci�ed at

higher levels of abstraction. This allows the designer and tools to focus on the critical aspects

of the design, enabling the exploration of a larger part of the design space without being over-

whelmed by unnecessary details. EDA tools will then help thedesigner in gradually re�ning

the design to lower and lower levels [2]. The successful deployment of these systems requires a

very high design productivity with limited design resources to deal with the immense complex-

ity of the system. This design productivity problem is the basis of the recent paradigm shifts

in system design. Some demanding requirements placed on system level designers, based on a

discussion given by Prof. Jan Rabaey of the University of California, Berkeley, are mentioned

below [3]:

� More and more reliance on Intellectual Property (IP) reuse

2



� “Software-inspired” abstractions at a higher level

� Support for heterogeneity through object-oriented encapsulation

� Incorporating platform based-design

� High abstraction level speci�cations covering both hardware and embedded software

aspects of SoC design

� Emphasis on veri�cation and validation at all levels (the earlier the better, introducing

the concept of an early design cycle)

� Minimum transpiration through automation and sharing of design �ows and libraries

� Enhanced “distribute” cooperation using modern communications

� Top-down design based on “enlightened” design-space exploration

Moreover, optimizing the design at the algorithmic and the architectural levels can deliver great

savings in the entire process of designing an ef�cient system. Optimizing the design at a lower

level of abstraction(e.g. the register transfer level)is very time consuming and expensive. In

the traditional front-end approach, the procedure used to ef�ciently design a system involved

estimating and analyzing the ef�ciency of the design at lower levels of abstraction. Some of the

parameters used to estimate the ef�ciency include speed, area, power consumption, accuracy,

�exibility, ease of veri�cation, etc. The procedure was followed at the register transfer level

or even earlier, at the gate level. Modi�cations were then applied accordingly in an attempt to

improve the ef�ciency. Optimization was only performed at the RTL within a given functional
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block in such a design methodology. The re�ning process continued until the desired results

were achieved. Figure 1.1 explains the traditional design �ow. From the �gure, we can see that

relatively simple modi�cations in the design to enhance theef�ciency in the order of around

15% result in a cost of several design days. Re�ning the design at the architectural level, to

avail a gain of 30%, would in turn take time in the order of several weeks. However, a more

far-reaching architectural and algorithmic re-design necessary to enable ef�ciency in the order

of up-to 75% may take months (the parameter that is considered for giving the percentage

estimate is power consumption [4]). In the traditional design �ow, modi�cations require re-

evaluation and re-veri�cation of the entire design, and re-synthesis of the design afresh. We

feel that there is a need for a new design methodology that must start at the system level and

avoid the design delays discussed in the traditional design�ow. This will ease the optimization

process. This is very important when we look at the algorithmic and the architectural designs

which have the greatest in�uence on most of the design parameters. Optimization at these

levels not only reduces the power consumption but also has animpact on other performance

metrics and therefore can largely affect the economics of the chip.

System-level design consists of the mapping of a high-levelfunctional system model onto

an architecture. Normally at this level, system designers are able to evaluate a large set of

algorithm and hardware architectures to enable a more ef�cient design. Design exploration at

these levels can be exercised without increasing the simulation time for that particular design.

Therefore, the optimization at this level becomes an integral part of the system-level solution

involving algorithmic and architectural design. It is alsorelatively simple to make changes to

the design de�nition if the functional speci�cation is not met at these levels of design abstrac-

4
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Figure 1.1: Traditional Design Flow
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tion. This methodology avoids the multiple iterations of the traditional approach. Figure 1.2

shows the system-level design �ow. The proposed design �ow allows optimization of the de-

sign at a high level of abstraction. This reduces the dif�culty in exploring the design space. The

design simulation time is also reduced, with design speci�cation performed at higher levels of

abstractions. The steps involved in the standard design �oware the netlist synthesis, design

veri�cation and the physical layout of the design. The stepsfollowed in the standard design

�ow are similar to those followed in the traditional design �ow.

1.2. Thesis Contributions

Not much research work has been carried out to quantify or justify the usage of a high level

of abstraction in a design methodology. The intent of this research work is to present a hard-

ware design and veri�cation methodology for a complex system. In the process, we hope to

satisfactorily justify the use of higher levels of abstractions when it comes to the design and

veri�cation of complex systems.

In this context, we consider a subsystem of a bigger complex hardware system called the

“Multiple Input Multiple output” (MIMO) wireless communication system. We present a de-

sign methodology for the channel equalization architectures. We consider MIMO channels

that are subjected to small-scale fading. We consider the fading effects due to Multipath Time

Delay Spread. Fading due to multipath causes the transmitted signal to undergo either �at or

frequency selective fading.
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We consider the Conjugate Gradient algorithm and the Least Mean Square algorithm for

channel equalization. The conjugate gradient algorithm isan iterative method to �nd the so-

lution to a set of linear equations. The least mean square algorithm is a very popular adaptive

equalization algorithm. We present hardware designs at thealgorithmic level to the behavioral

level in SystemC. We explore the design space in an attempt tooptimize the hardware design.

We consider implementing a set of specialized operations inwhich some level of architec-

ture �exibility is traded-off for smaller area, greater accuracy, increase in the performance and

lower power dissipation. We then introduce the approximately timed SystemC model. We also

present hardware designs for both of the algorithms at the register transfer level.

This research work also incorporates the use of SystemVerilog to interface the SystemC

model through the available interfaces (the interfaces of interest are the Programming Lan-

guage Interface (PLI) and the Direct Programming Interface(DPI)). We compile the SystemC

code using source code libraries available through online resources from www.systemc.org.

We compile the SystemVerilog code using the VCS compiler from Synopsys.

1.3. Thesis Organization

Chapter 2 presents the MIMO Wireless System. This chapter discusses the fundamentals of

the MIMO system. It also discusses the MIMO channel. We present the MIMO data model,

both at the transmitter and at the receiver. We present a discussion on channel equalization

and its importance in a communication system. We discuss theConjugate Gradient method

and the Least Mean Square method for channel equalization. We then present the performance

8



plots for the different algorithms, followed by the presentation of the statistical accuracy of the

algorithms.

Chapter 3 discusses the Design Methodology Using SystemC. We discuss the signi�cance

of modeling at higher levels of abstraction. We introduce SystemC as a language to facilitate

modeling the system at higher levels of abstractions. We present the different channel equal-

ization architectures modeled using SystemC. Chapter 4 introduces the topic of design and

veri�cation using SystemVerilog. We discuss hardware modeling using SystemVerilog. We

discuss the different SystemVerilog capabilities. We introduce the veri�cation methodology

using SystemVerilog. We then discuss Verilog's Programming Language Interface followed by

the SystemVerilog's Direct Programming Interface.

Chapter 5 discusses Modeling at the Register Transfer Level. In this chapter we present

designs for both algorithms at the register transfer level.Chapter 6 presents experiments to

validate the design and also presents the results obtained from the experiments. A variety of ex-

periments are implemented using SystemC, SystemVerilog and Verilog environments. Chapter

7 discusses the conclusions derived from this research work. This chapter also presents some

ideas and directions for extending this research.
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Chapter 2

MIMO Wireless System

This chapter provides the background for a MIMO wireless communication system. Sec-

tion 2.1 discusses the fundamentals of a MIMO system. This section also discusses the need for

channel equalization in any wireless system. Section 2.2 introduces the MIMO channel. We

also describe the channel requirements for successfully detecting the different signals. We con-

sider the Conjugate Gradient method (iterative implementation to the wiener solution) and the

Least Mean Square method. We consider the performance of this algorithms based on metrics

such as the bit error rate and accuracy. We consider time-invariant, statistically uncorrelated

and independent Gaussian channels. Section 2.3 discusses the MIMO Data model. Section

2.4 discusses the importance of channel equalization. Thissection also discusses the different

algorithms considered in this research work.

The discussion carried forth is based on a wireless downlinktransmission system with the

deployment of multiple transmit and receive antennas in communication system. We assume
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that the data for all the users is being transmitted simultaneously from the base station (trans-

mitter) in the same frequency band. We also assume that thereis orthogonality between the

transmitter for all users. Channel equalization serves to mitigate Multiple Access Interference

(MAI) and Inter-Symbol Interference (ISI). These interferences reduce and limit the capac-

ity of wireless systems. Therefore, channel equalization is very crucial in the downlink of a

wireless system since the traf�c load is more prevalent in downlink channels.

2.1. Fundamentals of MIMO Systems

There is an endless quest for increased capacity and improved quality in wireless communi-

cations. There is a signi�cant amount of research that is done so as to exploit and use the

available bandwidth to the fullest. The “Multi Input Multi Output” (MIMO) communication

system is one such prominent �eld of study. It provides ways to utilize antennas with multiple

elements in an intelligent way so as to increase the capacityof a wireless communication sys-

tem. A signi�cant increase in the capacity is guaranteed when the MIMO channels between the

set of transmitter and receiver pairs are all statisticallyindependent. The general de�nition for

MIMO refers to radio links with multiple antennas at the transmitter and at the receiver side.

The concept of MIMO was inspired by the distinctive works of Foschini [5]. Capacities can

be greatly increased using multiple antennas particularlyfor environments that are suf�ciently

rich in multipath components. This can be achieved without increasing the total transmission

power or bandwidth. The capacity increases linearly with the number of antennas that are used

in the wireless MIMO system under the assumption that the channels are statistically indepen-

dent. Immense capacities are promised when the channels between the transmit and receiver
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antenna pairs are statistically independent [6]. Correlation between channels decreases the

channel capacity. Multiple antennas in a MIMO system can be implemented in the following

ways:

� creation of a highly effective antenna diversity system

� deployment of multiple antennas for transmission of several parallel data streams to in-

crease the capacity of the system

Unlike Gaussian channels, wireless channels normally suffer attenuation caused by copies

of the transmitted signal reaching the receiver at different times. It would be rather dif�cult to

retrieve the transmitted signal without the use of diversity techniques. Fading experienced by

a transmitted signal is normally reduced by introducing antenna diversity. If multiple copies

of the same transmitted signal are noted at the receiver thenwe can combine them all into

a total signal with a very high quality even if some of the components that were used in the

addition may have exhibited low quality. The diversity order describes the effectiveness of

diversity in avoiding deep fades. The diversity order of a system having N receive antennas

is N. The diversity is related to the slope of the signal-to-noise ratio (SNR) distribution at the

combiner output [7]. Diversity techniques are used to reduce the attenuation in the replica(s)

of the transmitted signal at the receiver.

Another method is to use the multiple antenna elements in thespatial multiplexing or

BLAST approach. Different data streams are essentially transmitted (simultaneously) from

the set of different transmit antennas in this method. The receiver is responsible for separating
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the different data streams. A MIMO system havingN t andNr receiver antennas, would have

Nr combinations of theN t transmit signals. It is possible to retrieve the transmitted signal from

the respective antennas provided the channel is well-behaved in the sense that theNr received

signals are all linearly independent combinations and alsoN t � Nr . The advantage of this

way of exploiting the MIMO channel is readily seen in the sense that we can increase the data

rate by a factor ofN t without the requirement of more spectrum. Prior to the development

of MIMO, wireless communication systems treatedmultipath propagationas a problem to be

mitigated. MIMO is the �rst wireless communications technology that treats multipath prop-

agation as an opportunity to multiply the link capacity. A MIMO system can be termed to be

a linear system if it is additive and homogeneous. Therefore, a linear MIMO System should

satisfy the superposition principle. MIMO systems basically take advantage of random fading

and also multipath delay spread (if present) for multiplying the data transfer rate.

Figure 2.1 represents the conceptual block diagram of a MIMOsystem. The back end

processing of the data is similar to the case of a single input, single output channel. Source and

channel coding is applied to the signal before modulating the transmitted signal on a particular

constellation. Demodulation and decoding is performed at the receiver.
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Figure 2.1: MIMO System
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2.2. The MIMO Channel

Wireless capacities can be improved by exploiting the multi-element array (MAE) technology

in rich scattering environments. This involves processingthe spatial dimension (not just the

time dimension) in certain applications [8]. Analyzing theperformance of MIMO systems

requires proper modeling of the MIMO channel. This section describes the different types

of channels that are prevalent in a MIMO system. Figure 2.2 represents the additive nature

of the MIMO channel. Based on the nature of the impulse response of the channel, MIMO

channels can be categorized as �at fading channels, frequency selective fading channels, slow

fading channels and fast fading channels. Flat and frequency selective channels are a result

of multipath fading while the other two are a result of delay spread. A MIMO system, which

makes use ofN t transmit antennas andNr receive antennas, is characterized by aNr � N t

channel matrix.
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Figure 2.2: MIMO Channel

The entries of the matrix are the channel impulse responses for every transmit-receive antenna

pair. The entries are scalar coef�cients for �at fading channels. The entries are vectors of

channel coef�cients for frequency fading channels. Therefore, the channel for a MIMO system
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can be represented by the following channel matrix

H =

2

6
6
6
6
6
6
6
6
6
6
6
6
6
4

h11 h12 : : h1N t

h21 h22 : : h2N t

: : : : :

hN r 1 hN r 2 : : hN r N t

3

7
7
7
7
7
7
7
7
7
7
7
7
7
5

(2.1)

wherehj i is the complex channel gain between transmitterj and receiveri. Each element (chan-

nel gainhj i ) in the channel matrix, corresponds to an independently identically distributed

(i.i.d) random variable. We also assume each element to be a zero mean complex gaussian ran-

dom variable with unit variance [8]. Signals launched from aMIMO system with the antenna

elements being spatially multiplexed are expected to mix and be corrupted by noise. This is

because all the transmitters use the same frequency spectrum. The receiver separates the mixed

signals and also �lters out the noise. In essence, the receiver solves a set of linear equations.

The solution and hence the separation is only possible if thelinear equations are independent

and each antenna uses a statistically different channel. This is the case of a rich multi-path

environment. The rank of the MIMO channel matrix can be thought to be the number of in-

dependent equations for the linear system. The rank of the channel matrix has to be less than

or equal to the number of the transmit antennas. Therefore, the number of independent sig-

nals that one may safely transmit through the MIMO system is at most equal to the rank of

the channel matrix [9]. The output of the channel can be represented vectorially by the use of

equation 2.2:
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Y = HX + N (2.2)

whereH is the channel matrix,X is the transmitted signal matrix inclusive of the training se-

quence, andN is the noise vector. The time dispersion and frequency dispersion mechanisms

in a mobile radio channel lead to four possible distinct effects. These are manifested depending

on the nature of the transmitted signal, the channel, and thevelocity. In the following subsec-

tions we describe the different types of channels that are created by the fading effects caused

by multipath time delay spread.

2.2.1. Flat Fading Channels

Channels that have a constant gain and linear phase responseover a bandwidth which is greater

than the bandwidth of the transmitted signal are generally termed as�at fading channels.

This happens to be the most common type of fading in which the spectral characteristics of

the transmitted signal are preserved at the receiver. The amplitude of the signal may vary at

the receiver with time, due to the �uctuations in the gain of the channel caused by multipath

fading. A change in the amplitude is observed in the receivedsignal if the channel gain changes

over time. Therefore, the received signal only varies in gain and the frequency spectrum of the

transmitted signal at the receiver does not vary due to fading. Flat fading channels are also

known as amplitude varying channels. They are sometimes referred to as narrowband channels

because the bandwidth of the applied signal is narrow as compared to the channel �at fading

bandwidth [10]. In short, a channel is said to be �at if

Bs � Bc (2.3)
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whereBs is the bandwidth of the transmitted signal andBc is the coherence bandwidth. The

reciprocal bandwidth of the transmitted signal is much larger that the multipath time delay

spread of the channel for �at channels, and the channel transfer function can be approximated

to have no excess delay. Normally, �at fading channels causedeep fades and therefore they

may require up to 20 to 30 dB more transmitted power in order toachieve low bit error rates

during times of deep fades as compared to systems operating over non-fading channels [10]. A

simulation model for a �at fading channel can be generated using gaussian symbols for every

channel element. These elements are scalar quantities as they are memoryless elements. The

requirement that

Ts � � � (2.4)

whereTs is the reciprocal bandwidth (i.e. the symbol period) and� � is the rms delay spread.

2.2.2. Frequency Selective Fading Channels

Channels that have a constant gain and linear phase responseover a bandwidth that is smaller

than the bandwidth of the transmitted signal are generally termed asfrequency selective fad-

ing channels. The channel impulse response has a multi-path delay spreadwhich is greater

than the reciprocal bandwidth of the transmitted signal. The receiver gets multiple copies of

the transmitted signal which are attenuated and delayed in time, for such channels. This results

in a distorted received signal. Time dispersion in such channels causesintersymbol interfer-

ence(ISI). We see that certain frequencies have greater gains ascompared to the others in the

frequency spectrum for such channels.
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Such channels when compared to �at fading channels are even more dif�cult to model since

in this case we have to model every multipath signal and also the channel must be considered to

be a linear �lter. The spectrumS(f) of the transmitted signal has a bandwidth which is greater

that the coherence bandwidthBc of the channel for such channels. Therefore, we can say

that looking at the frequency domain, the gain that is experienced by the different frequency

components in the transmitted signal spectrumS(f) is going to be different. Frequency selec-

tive fading is caused by multipath delays which approach or exceed the symbol period of the

transmitted symbol. Such channels are also known as wideband channels since the bandwidth

of the signals(t) is wider that the bandwidth of the channel impulse response [10]. A signal

undergoes frequency fading if

Bs > B c (2.5)

and

Ts < � � (2.6)

Such a channel can be modeled as a FIR �lter that has a memory length of L and therefore

at the receiver the received signal can be modeled as the linear combination of the current

symbols andL previous symbols.

2.3. MIMO Data Model

We dedicate this section speci�cally to introduce the data model in order to facilitate the anal-

ysis of the MIMO wireless system. Figure 2.3 shows the data model that is used for the MIMO

wireless system study in this research work. The concept is explained by taking the case of a
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MIMO system with two transmit antennas and two receiver antennas. Symbols representing

two different users in the system are passed through a spreading code block. The spread-

ing codes used are orthogonal to each other. Once the user symbols are processed through

the spreading codes, they are added before they are actuallytransmitted from their respective

transmitter antennas. Such a MIMO system loosely implements the CDMA algorithm.
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Figure 2.3: MIMO:Data Model-Transmitter Side

Practical systems use orthogonal variable rate spreading factor codes. These have the ad-

vantage of portraying perfect orthogonality in an ideal channel. If such is the case, then the

maximum number of active users in a system can be calculated to beS � N t , whereS is the

spreading factor. A total ofN t spreading codes are required for the implementation. Like most

wireless systems using training sequences, a signi�cant number of symbols represent the data

while a small percentage of the total symbols in a frame represent the training sequence. Train-

ing is required at the receiver to estimate the channel coef�cients and hence the transmitted

sequence. If perfect knowledge of the channel is known at thereceiver then the capacity can

be shown to grow linearly as we increase the number of antennas used. The training symbols

help in estimating the channel coef�cients. The training symbols are also used to train the �lter

coef�cients of the equalizer.
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The transmitted signal from a particular transmit antennat can be expressed by the following

equation:

xt [n; g] = M �
KX

k=1

ck [g]dk[n] (2.7)

In equation 2.7, M represents the processing of the signal done after it is spread by the spreading

code.ck represents the spreading code for user k. The total number ofusers in the system isK

while dk [n] is the unprocessed cleankth user symbol. The equation for the received signal at a

particular receive antennar can be represented by the following:

yr [n; g] =
TX

t=1

xt [n; g] � htr + nr [n; g] (2.8)

In equation 2.8,xt [n; g] represents the transmitted symbols from thet th antenna,htr is the

channel transfer function between thet th and ther th antenna pair andnr [n; g] is the additive

white gaussian noise (AWGN) that is experienced at antennar . Channel equalization is applied

at the receiver to remove the effect of the �at fading on the received vector.F can be termed

to be the window size to estimate one transmitted symbol. Ideally, to estimate a data symbol

correctly the window size should be in�nite. The channel equalizer can be thought of being

a �lter whose transfer function is basically the inverse of the transfer function of the channel.

Based on the data model presented in this section, the numberof equalizers needed at the

receiver side of the wireless system is equal to the number oftransmit antennas. Therefore, a

total ofN t equalizers are needed. The number of coef�cients for every equalizer in the system

is equal to the number of receive antennas times the data window used to detect one transmit

symbol. Therefore, the number of coef�cients (size of the equalizer) is equal toNr � F . F is the
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length of equalizer that is required in the case of a single input single output system. Basically

the function of this channel equalizer is to �lter the incoming received vector and estimate the

transmitted symbols corresponding to a single transmit antenna. Details of computing the �lter

coef�cients are given in the next section.

Figure 2.4 shows the receiver side data model for the MIMO system. In this �gure, the

channel estimator computes the channel estimates, while the covariance estimator estimates the

covariance matrix. Both these estimates are fed into the equalizer for a particular transmitter.

The equalizer for a particular antenna estimates the symbols transmitted by that transmitter.

The output sequence at the output of the equalizer, is obtained by �ltering the multi-antenna

received signal. This output is the estimated data symbols which were essentially transmitted

from a particular corresponding single transmit antenna. We need to minimize the mean square

error between the estimated data symbols at the equalizer output and the training sequence

corresponding to a particular antenna to compute the �lter coef�cients of the equalizer. The

following equation represents this for a particular transmit antenna:

w[n; g] = argwmin E j wH x[n; g] � dtr [n; g] j2 (2.9)

The �lter coef�cients that minimize the difference betweenthe estimated and the training se-

quence can be obtained by differentiating equation 2.9. We set the derivative to zero to �nd the

minima or maxima. Differentiating and solving for the �ltercoef�cients gives equation 2.10.

This equation represents a linear equation in a communication system:
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w[n; g] = C � 1
y [g] E j x[n; g]d�

tr [n; g] j (2.10)

wherew[n; g] represents the �lter coef�cients which correspond to one particular transmit an-

tenna,C � 1
y [g] is the inverse of the receive covariance matrix andx[n; g] represents the received

symbols. In equation 2.10 the terms under expectation, i.e., E j x[n; g]d�
tr [n; g] j could be re-

duced to the channel coef�cientshN t N r [11]. This is the channel impulse response between

transmit antennaN t and the receive antennaNr .
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Figure 2.4: MIMO:Data Model-Receiver Side

After the reduction of the terms and using the channel coef�cients, we have the general equa-

tion of a linear system which is represented below for a particular antenna:
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Ĉyw = ĥ (2.11)

whereĈy is the estimated covariance matrix which has a size ofNr � F � Nr � F , w has a

size ofNr � F while ĥ has a size ofNr � F and contains the estimates of all channels between

transmit antennaN t and all the receive antennas in the system.Nr is the number of receive

antennas andF is the data window used to estimate one symbol.

2.4. Channel Equalization
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Figure 2.5: Channel Equalization in Wireless Communication Systems

A wireless channel has the effect of distorting the transmitted data symbols. These symbols

are typically a form of amplitude and phase modulated pulses. ThePulse spreading effect,

resulting from the fact that the channel impulse response isnot an ideal impulse function, is

the most signi�cant distorting effect for a communication channel. As a result of all this,

neighbouring data symbols interfere with each other, in turn making the detection process at

the receiver a much more dif�cult one. This phenomenon of interference between neighbour-

ing data symbols is known as intersymbol intereference (ISI). The role of the equalizer is to

resolve the distortion introduced by the channel (i.e. rejection or minimization of ISI) while
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minimizing the effect of additive noise at the threshold detector input (equalizer output) as

much as possible [12]. The problem is more apparent when the data rates become more de-

manding with respect to the channel bandwidth, making channel dispersion and the attendant

ISI a critical performance limiting issue [13]. The orthogonality of certain spreading codes, for

example the Walsh spreading codes, is lost because of ISI. This results in excessive amounts

of multiple access interface (MAI). Equalization methods are instrumental in overcoming per-

formance degradation. Transmission capacities increase when we mitigate the effects of ISI

and MAI [14]. If we consider that the channel has a transfer functionH (z), then an equalizer

with a transfer functionW(z) = 1 =H(z) could work perfectly. The overall transfer function

resulting from cascading the �lters would result inH (z)W(z) = 1 . This is the ideal condition

in which we can see that the transmitted symbolsx[n] reach the threshold detector without

any distortion. The intent of channel equalization is to restore the orthogonality between the

different transmitted signals at the receiver side of the wireless system.

Bottomley and Ottosson in [15] implemented a Rake receiver in hardware for a Single In-

put Single Output (SISO) channel in a Code Division MultipleAccess (CDMA) system. The

problem with this sort of a receiver to implement equalization is that for over loaded systems,

i.e. in high scattering environments, its performance degrades in appreciable amounts. Other

receivers that outperform such a receiver in a high scattering environment are the Linear chip-

level minimum mean-square error (LMMSE) receivers. These receivers work on algorithms

like the Conjugate-Gradient (CG) and were proposed by Chowdhary and Zoltowski [16] for

slow fading environments. Receivers using the CG algorithmhave been shown to signi�cantly

outperform Rake receivers [11]. We discuss two equalization methods that have been con-
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sidered in this research work in this section. The ConjugateGradient Method is discussed in

section 2.4.1 and the Least Mean Square (LMS) method is discussed in section 2.4.2. Both of

these methods are based on the LMMSE equalization algorithm. The direct implementation of

the LMMSE equalization algorithm involves high computational complexity mainly due to the

required matrix inversion in order to �nd the solution to thesystem of equations. Therefore,

these algorithms solve the system of linear equation without the inversion of the estimated

received covariance matrix.

2.4.1. Conjugate Gradient Method

Advances made in hardware technologies have made it possible to implement sophisticated al-

gorithms for adaptive �ltering. Methods such as the least mean square (LMS) method which we

consider in section 2.4.2, do not converge very quickly despite its simplicity in implementation.

On the other side, methods such as recursive least squares (RLS) have been suggested which

have excellent convergence properties but at the same time are very computationally intensive

and demand high storage requirements for the matrix manipulations. Although there have been

modi�cations to the original RLS algorithm to reduce complexity, resulting in the emergence

of the “fast” RLS algorithm, there have been at the same time instability issues with this algo-

rithm [17]. The Conjugate Gradient method for the adaptive �ltering problem was considered

in this research work. The conjugate gradient method has convergence properties which are

superior to the LMS algorithm and at the same time has a computational complexity lower than

the RLS method. It does not suffer from any known stability problems [18].
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The conjugate gradient method is an algorithm that is used to�nd the nearest local min-

imum of a function of x variables based on the assumption thatthe gradient of the function

can be computed. The conjugate gradient method is best suited for symmetric positive de�nite

systems. In the application that we consider, we use this method to solve a system of linear

equations, i.e., solving forx in the equationAx = b. In general terms we can make use of

the conjugate gradient algorithm to solve any linear systemwhere the coef�cient matrix A is

both symmetric, and positive de�nite. The matrix A is positive de�nite if the eigenvalues of

A are positive. The conjugate gradient algorithm as such starts out by searching in the direc-

tion of the steepest descent (which is the negative of the gradient) on the very �rst iteration.

The conjugate gradient algorithm typically converges to anoptimal solution in a few iterations.

Typically, 3-5 iterations are required [11]. The conjugategradient algorithm is presented below

in the following steps. The symbolic representation used pertains to solving the linear equation

given in equation 2.11.

(i) step 1: Make an initial guess for the solution of equation 2.11, i.e., guess the vectorw,

initialize the residual by using the channel estimates (theresidual has to be made small enough),

also initialize the search direction.

w = 0 ::: initial guess for the solution (2.12)

r = ĥ � Ĉyw ::: residual initialization (2.13)
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p = r ::: initial search direction (2.14)

(ii) step 2: This step has to be carried within a loop, which could run anywhere from 3-5

iterations.

v = Ĉyp ::: matrix � vector multiply (2.15)

a = < r; r > = < p; v > ::: dot product (2.16)

w = w + a � p ::: update f ilter equation (2.17)

r new = r � a � v ::: update the residual (2.18)

g = < r new; r new > = < r; r > ::: dot product (2.19)

p = r new+ g � p ::: update search direction (2.20)

r = r new (2.21)

In order to compute the �lter coef�cients for the equalizer we actually need to estimate the

deterministic second order statistics. These include the covariance matrix of the received signal
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vector and the estimates of the channel coef�cients. The estimation of the covariance matrix is

done over N data samples (from the received vector) and it is given by the following expression:

Ĉy =
1
N

NX

i =1

y[i ]yH [i ] (2.22)

WhereĈy is the estimated covariance matrix andy[i ] is thei th symbol in the received vector.

The computational complexity portrayed by equation 2.22 can be very prohibitive especially

for real-time applications and therefore other methods which could possibly decrease the com-

plexity have to be considered. One such example is to exploitthe power spectral density of

the estimated channel impulse response, which involves computation of the Discrete Fourier

Transform and the Inverse Discrete Fourier Transform of thechannel estimation result. Equa-

tion 2.23 details the computation required for estimating the channel which is also done over

N data samples (from the received vector) and is given by the following expression:

ĥ
n t n r

=
1
N

NX

i =1

yn r [i ]dn t �
tr [i ]; nt = 1; :::; Nt and nr = 1; :::; Nr (2.23)

Whereĥ
n t n r

is the channel coef�cient estimated vector anddn t �
tr [i ] is the training sequence

corresponding to transmittert and receiverr . Equations 2.22 and 2.23 make use of N samples

to perform the estimation. This means that N data samples need to be buffered before the

�ltering action begins. Both these estimations are important in the conjugate gradient method

as they iteratively compute the �lter coef�cients. Practical implementations of the CG method

typically require 3-5 iterations. After the iterations have completed and we have found the

�lter coef�cients and the �lter is determined, it is appliedto one block of incoming data in
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the case of time-invariant channels. We could extend the same CG algorithm to time-varying

environments for the case of slow fading channels, but variations to the algorithm have been

proposed for the case of fast fading environments [11]. Later in this section, we evaluate the

algorithm for a time-invariant channel for some basic wireless con�gurations.

2.4.2. Least Mean Square Method

In the most basic de�nition, the Least Mean Square (LMS) method is a linear adaptive �ltering

algorithm which essentially consists of two basic processes, one is the �ltering process while

the other is the adaptive process [19]. Figure 2.6 presents asignal �ow diagram depicting the

LMS algorithm.
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Figure 2.6: Least Mean Square Signal Flow Diagram

From �gure 2.6, the output of the system on thei th symbol interval can be described as:

y(i ) = XT (i )W(i ) (2.24)
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whereW(i ) is the �lter coef�cient vector andX(i ) is the input vector. The error of the system

is calculated as:

e(i ) = d(i ) � y(i ) (2.25)

whered(i ) is the desired signal to which the �lter coef�cients are going to adapt. Based on the

error and the learning step size the �lter update equation isgiven by [12]:

W(i + 1) = W(i ) + 2 �e (i )X(i ) (2.26)

where� is a constant that represents the step size and the rate of convergence if it is within

a certain range. It controls the convergence and the �nal mean-square error in the sense that

the convergence time is inversely proportional to the step size, and the mean square error is

proportional to the step size.

The LMS algorithm uses a gradient-based method of steepest decent. It uses the estimates

of the gradient vector from the available data and takes an iterative procedure that makes suc-

cessive corrections to the weight vector (�lter coef�cients) in the direction of the negative of

the gradient vector which will eventually take the mean square error to a minimum. In com-

paring the LMS algorithm to the other adaptive algorithms, the LMS algorithm is fairly simple

to implement. The LMS algorithm does not require an estimatethe covariance matrix and the

channel matrix. More importantly, the LMS algorithm does not require matrix inversion. The

LMS algorithm updates the �lter coef�cients every symbol ofthe received sequence. Each

received symbol in a particular received block would represent a whole new iteration. There-

fore, the �lter coef�cients are updated every symbol. The following equations solve the linear

equation given in 2.11.
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(i) step 1:We start by initializing the �lter coef�cients corresponding to a particular transmit

antenna given by:

w[0] = y[1]d�
tr [1] (2.27)

wherew[0] represents the initial �lter coef�cients,y[1] represents the MIMO receive data

sample around the �rst symbol in the frame, whiled�
tr [1] is the conjugate value of the �rst

training chip corresponding to transmit antenna t.

(i) step 2:This step is an iteration which is repeated for each chipi in the frame and based on

the iteration we update the �lter equation using equation 2.8 for a particular transmit antenna:

w[i ] = w[i � 1] � � [i ][y[i ](yH [i ]w[i � 1]) � yd�
tr [i ]] (2.28)

In equation 2.8,w[i] represents the �lter coef�cients in the i-th iteration which corresponds to

the i-th symbol in the frame,� [i ] is the learning step which de�nes the rate of convergence

and also the �nal mean square error,y[i] is the received vector around the i-th sample in the

incoming received vector collected from all the receive antennas in the system whiled�
tr [i ] is

the conjugate value of the i-th training symbol corresponding to transmit antenna t. As seen

from the �lter update equation 2.8 when using the LMS algorithm, the tracking capability

is such that the �lter coef�cients are adapting every symbolinterval. Some systems have a

variable step size which keeps on adapting to the training sequence. The implementation of

such systems is a little more complex as compared to the case of a constant step size.
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2.5. Floating Point Comparison Plots

This section presents the performance plots for the different con�gurations of the MIMO sys-

tem considered. The MIMO con�gurations considered are the 2x2, 2x4 and a 4x4 MIMO

wireless system. A MIMO con�guration is characterized by the number of transmit and re-

ceive antennas it uses. Therefore, a 2x2 MIMO con�guration has two transmit and two receive

antennas. The frame length received at each receiver is1920symbols long. The training

sequence length at each receiver is320symbols long and the estimation data length used is

311 symbols long. The performance plots are obtained by varyingthe SNR for the system

and monitoring the BER. Figure 2.7 displays the performanceplot for the conjugate gradient

method.

The 2x4 MIMO �oating point implementation has the best performance for the CG method.

On the otherhand the 2x2 MIMO con�guration has the worst performance. The performace of

the 4x4 MIMO con�guration is slightly better than the 2x2 MIMO con�guration. In order to

achieve a BER of10� 2, we need a SNR of� 2dB. We can see that having more antennas at the

receiver increases the performance by appreciable amountsfrom the plots. One valid reason

for this could be the length of the �lters that are implemented at the receiver. Ideally, better

�ltering and hence better performance is obtained if the �lter size is increased. This is not

possible for practical implementations. Therefore, as thesize of channel equalizer increases,

the performance increases. The performance of the 2x2 MIMO system and the 4x4 MIMO

system follows each other closely. The performance of the 2x4 MIMO system increases at

higher SNRs. The discussion on the hardware implementationfor the different con�gurations

is given in the chapter 6.
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Figure 2.7: Performance plots for Conjugate Gradient Method

Figure 2.8 gives the performance plot for the least mean square method. As seen from

the plot the �oating point implementation for the LMS algorithm when we consider the 2x4

MIMO wireless system has the best performance compared to the other con�gurations. We

can extend the discussion we had for the 2x4 MIMO con�guration using the CG algorithm

to the case using LMS algorithm. The 4x4 MIMO con�gurations has a poor performance

when comparing it to the other con�gurations studied. The performance of the 2x2 MIMO

con�guration is slightly better than the 4x4 MIMO con�guration. A SNR of2dB is required

in order to achieve a BER of10� 2. We need4dB more signal power in the case of the LMS

algorithm when comparing it with the CG algorithm, in order to achieve a BER of10� 2 for
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the 2x4 MIMO con�guration. The performance of the system forSNR greater than4dB is

almost a constant. The 2x4 MIMO con�guration has the best performance compared to the

other con�gurations.
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Figure 2.8: Performance plots for Least Mean Square Method

Figure 2.9 shows the comparison plots for the two systems considering one particular con�gu-

ration. The plots compare the conjugate gradient and the LMSalgorithm. The �lter coef�cients

are obtained after 3-5 iterations for the CG method. The LMS algorithm updates the �lter co-

ef�cients every symbol for the entire training sequence.
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Therefore, we can say that the performance of the CG method isbetter than that for the

LMS method. The �rst plot compares the �oating point implementation for the two systems

for the case of 2x2 MIMO system. The performance becomes a constant after a SNR of3dB,

for the LMS algorithm. The second plot compares the �oating point implementation for the

two systems for the case of 2x4 MIMO system. The CG algorithm shows a steep decent in the

BER with increasing SNR while the LMS method stays constant with increasing SNR. A BER

of 10� 4 is achieved with a SNR of10dB.

2.6. Statistical Accuracy of Floating Point Implementations

This section discusses the statistical accuracy of the �oating point implementation. We mea-

sure the mean square error and the maximum error of the implementation. The mean square

error quanti�es the square of the error between the output ofthe MATLAB model and the

original sequence while the maximum error quanti�es the largest error between the output of

the MATLAB model and the original sequence. The tables beloware a representation of the

statistics for the different algorithms and con�gurations. The statistics for the different con-

�gurations as shown in 2.1, suggest that the system having 2 transmit antennas and 4 receive

antennas has the least errors. The 4x4 con�guration has the worst statistics compared to all

other con�gurations.

Table 2.2 shows the statistical values for the LMS algorithm. The performance of the 4x4

MIMO con�guration is poor when compared to the other con�gurations studied. Comparing

table 2.1 and table 2.2, we see that the statistics of the CG method suggest a better performance
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Table 2.1:Table of Statistics for different Con�gurations using the CG Method - Matlab

Con�gurations 2x2 2x4 4x4

MSE 0.0031 0.0015 0.1563

Maximum Error 0.1937 0.1344 1.6209

as compared to the LMS method.

Table 2.2:Table of Statistics for different Con�gurations using the LMS Method - Matlab

Con�gurations 2x2 2x4 4x4

MSE 0.0597 0.0232 0.4361

Maximum Error 0.5434 0.3255 3.1361
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Chapter 3

Design Methodology Using SystemC

3.1. Signi�cance of Modeling Systems at Higher Levels of Abstractions

Moore's Law predicting that the number of transistors will double every 18 months still stands

true. We need to make a similar amount of progress in the chip design process to make full

use of this technological advancement. The level of abstraction at which hardware was de-

signed increased signi�cantly with the widespread adoption of Hardware Description Lan-

guages (HDLs) as the speci�cation format. It provided an enormous increase in productivity

over the earlier schematic entry based design methodology.This leap in the productivity can

actually be accredited to the introduction of hardware description languages such as Verilog

and VHDL. These languages allow designers to specify functionality at an adequate amount

of complexity at the behavioral and the register transfer level (RTL). This was done in a very

compendious fashion as compared to the earlier structural-only methodology of design. The

current design methodology using versions of HDLs such as Verilog or VHDL, are insuf�-
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ciently equipped to handle the ever-increasing complexityof hardware design and system-

level design. It is no longer productive for designers to model at the level of individual bits

imposed by HDL. Therefore, more sophisticated data abstraction capabilities are needed [20].

This problem is evidenced in the “productive gap” between the number of transistors-per-chip

that we can effectively manufacture and the transistors-per-designer-per-year that we can ef-

fectively design [21]. In essence, system level design promises to reduce the productive gap

between fabrication and design. Some of the bene�ts of usinga high level of abstraction design

methodology include:

� Higher level of abstractions reduces the design time

� Abstraction and Encapsulation will lead to reuse, which will result in the design of more

gates in less time

� Higher level of abstractions means faster veri�cation

� A common language for hardware design and software design would promote hardware

and software co-design

3.2. System Design using SystemC

The most important points that have led to the development ofSystemC as a high level language

for designing hardware systems are:

� The increasingly shortened time to market requirements forelectronic devices
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� The growing complexity of electronic devices and the establishment of platform based

design methodologies

SystemC is based on the C++ programming language. It can be used at a very high level

such as the algorithmic level and can also be used at lower levels such as the register transfer

level. It basically extends the capabilities of C++ to enable hardware description. In essence,

SystemC is a library of C++ classes, global functions, data types and a simulation kernel that

can be used for creating cycle-accurate simulators of hardware architectures. It adds impor-

tant concepts to C++ such as concurrency (multiple processes executing concurrently), timed

events and data types. Since SystemC is based on C++, we can make use of the standard C++

programming language development tools. These tools can beused to create, simulate, debug

and explore various architectural and algorithmic descriptions of a design. SystemC provides

a single language to de�ne hardware and software components. Therefore, it provides a sin-

gle language to facilitate seamless hardware software co-simulation. It also provides a single

language to facilitate step-by-step re�nement of a system design down to the register transfer

level for synthesis [22]. Therefore, SystemC provides a design methodology for describing:

� system level design

� software algorithms

� hardware architecture

The use of SystemC enables faster simulation, hardware/software co-simulation and architec-

tural exploration. Therefore, specifying a design at the system level makes it easier to actually
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iterate and explore various algorithms and alternate architectures quickly, compared to explor-

ing at the register transfer level. SystemC also establishes the ability to exchange Intellectual

Property (IP) easily and ef�ciently. It also establishes the ability to reuse test benches across

different levels of modeling abstraction.

Why SystemC instead of C++

One may ask that, if SystemC is using the C++ library why not use C++ itself and why bother

at all to develop a new language which can be used for modelinghardware designs at a higher

abstraction levels. The reason is that the C++ language is based on sequential programming

and consequently it is not suited for the modeling of concurrent activities. Most systems and

hardware models require a notion of delays, clock or time, which are some examples of features

that are not present in C++ as a software programming language. This is one of the reasons

why complex systems cannot be ef�ciently modeled using C++ only. Another reason is that

the communication processes used in hardware systems are completely different as compared

to software models. Also, data types used in C++ are too different from the actual hardware

implementation and therefore we need to have a language thatprovides unique communication

processes and data types.
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3.2.1. SystemC Language Capabilities

Modules and Hierarchy

A module is the basic unit for describing a structure or classin SystemC. The concept of a

module in SystemC is similar to the concept of a module in Verilog. The modules can have

any number of input, output or inout ports. They are simply the basic building blocks of the

SystemC hierarchy. Module, and only modules, can contain processes and ports. A module

can also contain instances of other modules and also of channels. They encapsulate concurrent

processes, data and algorithms. A module declaration is done by usingSC MODULE or can

also be done explicitly by deriving a new class from a scmodule. The hierarchy of a particular

design can be speci�ed by the use of the SCMODULE construct. The constructor for class

sc module takes a string argument giving the instance name of the module in SystemC module

hierarchy. The variable name used for referring to the module object must match the module

instance name. We can actually bind the port of the module to the channels in the module that

has the instance of the module object. There are two possibleways of binding or specifying

such interconnections:

� By the use of positional association - In this type of binding, the ports are identi�ed by

the order in which they are bound.

� By the use of named association - In this type of binding, we actually identify the ports

by name when binding them to channels.
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Named Binding is generally recommended compared to positional binding. This is because

mistakes are easily made when we just rely on the order of names typed in a list. Positional

binding is more concise because named binding requires a separate statement for each port.

Processes and Time

Processes are contained in Modules. Processes are used to model concurrency. Therefore, pro-

cesses execute concurrently with respect to other processes. Each process has a single thread

of execution, although individual processes can only do onething at a time. Processes are also

the basic block unit used for simulation. Processes are usedto describe the functionality of

the system. A process is sensitive to a set of signals which when changed, stimulate the pro-

cess to run. This set of signals formulate the sensitivity list. There are three different types of

processes - methods, threads and, clocked threads.

� Methods - such a process is sensitive to a speci�ed set of signals and ports which are

de�ned in the method's sensitivity list. Await statement cannot be used to suspend such

processes. It is only after the completion of the process declared as a method that it gives

the control back to the simulation kernel. In�nite loops cannot be contained in a method

process. In�nite loops in processes declared within an SCMETHOD will indicate a

programming error.

� Threads - such a process is also sensitive to the speci�ed sensitivity list. Thread pro-

cesses can be suspended and activated by the simulation kernel. A thread process can be

suspended by the use of thewait statement. Such processes can resume again if one of
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the signals or ports in the sensitivity list changes its logical value. Once the execution

resumes, it will continue from the next statement before it suspended. In�nite loops can

be contained in processes which are declared as threads.

� Clocked Thread - This is a special case of a thread process which is sensitiveonly to

the clock signal. This type of a process is used for hardware synthesis. Over time, this

type of method has been deprecated and not really much in use.

SystemC provides a construct calledsc signalfor communication purposes between processes.

The sensitivity of the processes can be divided into the following two categories:

� Static Sensitivity - this sensitivity is similar to the declaration of sensitivity in verilog or

VHDL, e.g., declaring the list assensitive � a, means that the process starts running

when à' changes its value.

� Dynamic Sensitivity - thewait() command is usually used to exercise dynamic sensitiv-

ity. Basically, in this type of sensitivity, the sensitivity list changes each timewait() is

called.

Ports and Signals

These are similar in function as they are de�ned in Verilog and VHDL. Ports declared in a

module provide external interfaces to other modules. Therefore, they can be used to pass

on information between two modules. There are three types ofport constructs available in

SystemC:
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� sc in - this declares the input port to the module.

� sc out - this declares the output port to the module.

� sc inout - this declares bi-directional ports.

Signals in SystemC are similar in function to reg and wire (insome cases) in the case of Verilog.

Signals are used to transfer data from one port to another. The constructsc signal is used to

declare signals in SystemC. When a port is read by an externalprocess from the interface, the

value of the signal the port is connected to is returned. On the other hand, if a port is written

to, then the value of the signal that is connected to the port is updated. The signal value is not

updated immediately, but it is updated at the end of the simulation cycle ensuring that the same

value of the signal is seen within a simulation cycle. Both ports and signals can be declared

using any data types supported by SystemC.

Debugging and Tracing

Debugging in SystemC is similar to how it is done in Verilog. Like any software program,

SystemC models can be debugged using different styles. Debugging styles include the use

of print statements, tracing the waveforms, use of softwaredebuggers and �nally SystemC

debuggers. We can also trace hierarchy within modules. Thiscan be done using the dot (.)

operator or the indirection (� > ) operator.
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SystemC Data Types

Most of the data types used in SystemC are oriented towards hardware modeling. In addition,

since SystemC is a C++ library. It supports all the native data types of the C++ language such

as integer, �oat, char and so on. SystemC provides additional data types such assc bit and

sc logic for modeling logic and hardware, where scbit is a two-valued type representing a

single bit of information. This is very similar to the use ofboolwhile sc logic is a four valued

(0,1,X,Z) data type. SystemC also provides the use of �xed-precision signed and unsigned

integer data types where the user has the �exibility of specifying the number of bits used to

represent a number.

3.2.2. SystemC Simulation Kernel

Designs written in SystemC can be complied using any ANSI C++compiler. It has a built-in

cycle-based simulation kernel to simulate the designs. Theentire package of the simulation

kernel is built into the class library and therefore needs noexternal tools for simulation of

the model. The source code for the kernel and the compilationlibrary is available with the

distribution of the SystemC platform [23].

We discuss how the simulation kernel handles the execution of processes de�ned in a system.

Each de�ned process is executed independently of the other de�ned processes and the kernel.

Simulation begins with a call to the functionsc start(), when this happens all processes are

initialized and are also scheduled for execution. Every process gets a chance to execute in

every simulation cycle, because of the concurrency exhibited by the processes. The order of
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execution is not deterministic and because of this, any changes in the signal values are not

immediately updated but they are updated in the next cycle. Therefore, we can see that the

simulation can be designed to be cycle accurate. Any processthat is in the execution phase or

has been scheduled to be executed is in the active state. Oncethe execution completes or if the

process reaches a wait statement, the process enters a suspension state. The kernel updates the

signals once all the processes reach the suspension state. After the kernel updates the signals,

it advances the simulation time and then enters the next simulation cycle. Figure 3.1 explains

the entire process.
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Figure 3.1: Simulation Cycle Breakdown

All initial events are generated by module initialization or by test benches. These events then

trigger the processes taking them into the active state and therefore are executed. Speci�cally,

clock threads are only sensitive to clock signals and are therefore held to be executed in the

47



future. As processes are executed and enter the suspension state, signals are updated which

may trigger other processes which in turn trigger other processes and on and on until all the

processes are in a suspension state. It is only after this that the clock threads are executed (they

also update the signals at the end of execution) completing one simulation cycle. The entire

description continues until the simulation comes to an end or is stopped from the testbench.

Figure 3.2 explains the simulation �ow in the SystemC kernel.
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Figure 3.2: Simulation Flow

The SystemC kernel carries with it a large overhead and performance penalty which may

not be feasible in the case of embedded applications. Embedded systems have an Operating

System with its own overhead, which makes it dif�cult to simply port the SystemC library and

simulation kernel over to the embedded processor.
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3.2.3. The SystemC Design Flow

Conventional hardware design involved writing an executable speci�cation in a high level lan-

guage. The executable, thus created was debugged and veri�ed until all design speci�cations

of the function were met. Once this is done, the executable speci�cation is handed over to the

RTL group. The function of the RTL group was to re-write the design at the Register Trans-

fer Level to synthesize it to gates. Certain information maybe lost in this hand over process

from the system level designer to the RTL designer. The effect of this was that the functional

description of the model at the system level may differ from that at the RTL level. This in

turn has an impact on the design cycle because now debugging the differences would taking

additional time. The entire process is quite dif�cult, verytime consuming, error prone and

de�nitely challenging. Besides the list of problems just described, one major �aw in this type

of methodology is when modeling at the RT Level, we may discover that something in the con-

ceptual model cannot be implemented. In such a case, the design cycle must be started over.

Figure 3.3 details the traditional approach of designing hardware.

SystemC is one language that can work both at the hardware level and software level. The

system designer only needs to write the SystemC model because of this uniformity. The task of

the system designer is then to iteratively re�ne the executable speci�cation down to the register

transfer level. This re�nement is still done in SystemC, prior to synthesis. More importantly,

the testbench, which is written in SystemC, can be reused at different levels to ensure that the

re�nement did not introduce any errors. This potentially avoids the translation error that was

discussed in the case of the non-SystemC design cycle. We could totally avoid the “understand”

step, if the re�nement to the RTL level ensures that the �nal design is synthesizable before the
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Figure 3.3: Non-SystemC Design Cycle

design is given to the RTL designer for synthesis and implementation. The beauty of this

style of design is that if it is discovered that something in the conceptual model cannot be

implemented, it is much easier to go back to it and change it, so that it can be implemented. It

is easy to do this because of the fact that now we have a common environment for the system

design and design implementation. Figure 3.4 details the SystemC methodology of designing

hardware.

Typically the �rst conceptual model is normally not synthesizable. It is mostly event driven,

and uses high level constructs enabling abstract communication. The use of classes, structures,

etc. is predominant when we design the �rst conceptual model. This model is usually an un-

timed model, capturing only the behavior of the system. The advantage here is that various
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Figure 3.4: SystemC Design Cycle

algorithms can be explored and the speci�cations of the system can be thoroughly understood.

The next step involves introducing the timing concept to themodel. This is done either by

assigning run times to processes or by introducing the notion of a clock cycle. We can ex-

plore the various architectures, perform performance analysis to determine the best scenario

for hardware and software partitioning, once we have the timed model. The software imple-

mentation requires a selection of a real time operating system and later the development of a

target code. The hardware design is re�ned to make a cycle-accurate model if the re�nement

involves producing a behavioral model that can be synthesizable. If a behavioral synthesis tool

is not available, the model is re�ned to the RTL level using SystemC.
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3.3. Channel Equalization Architectures

This section discusses the Channel Equalization Architectures designed using SystemC. The

models were designed at the algorithmic level or the behavioral level to begin with. The notion

of time was not incorporated in this conceptual model. We then designed a cycle accurate

model from the conceptual model. We did this by changing the method processes to thread

processes and incorporating wait statements with thefor loops so that every iteration of the for

loops happens in one cycle. This essentially gives us a cycleaccurate SystemC model which

functions such as to have each iteration in every cycle.

3.3.1. Conjugate Gradient Method

This section discusses the Conjugate Gradient Method. The models that are described in this

section are basically de�ned at the algorithmic level or thebehavioral level. Figure 3.5 shows

the hardware model that was designed using SystemC which implements the adaptive equal-

ization process using the conjugate gradient method.

As seen from �gure 3.5, the preprocessing of data is actuallydone using a MATLAB model

which implements the entire MIMO wireless system using a particular con�guration such as

x transmit antennas andy receive antennas. The computation of the received vector ispart

of the preprocessing block. Once it has been computed, we store the received vector and the

training sequence into �les which are then called and used bythe hardware model as shown in

the �gure 3.5. The storage block is the �rst block in the hardware model. The function of the

storage model is to load the values of the received vector andthe training sequence from the
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Figure 3.5: SystemC model-Equalization using Conjugate Gradient Method

�les. It has output ports which output the vectors once the loading has been completed. The

output port of the storage module which re�ects the receivedvector is connected to the input

port of the covariance matrix estimator module. This modulecomputes the estimates of the

covariance matrix of the received vector. The output of the storage module, which re�ects both

the received vector and the training sequence, is connectedto the input ports of the channel

matrix estimator module. This module computes the estimates of the channel matrix which is

used by the conjugate gradient method. The channel estimates and the covariance estimates

are fed into the equation solver (CG) module. This is the mostcomputationally intense module

in the entire hardware system. The function of this block is to �nd an approximate solution to

the Wiener's solution. It is on the basis of this that we obtain the �lter coef�cients that solve

the linear equation as explained in chapter 2 and is repeatedhere, for the sake of convenience,

by equation 3.1.
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Ĉyw = ĥ (3.1)

The conjugate gradient method solves the linear equation inan iterative fashion, so the module

contains a loop which runs for around 5 times to compute the �lter coef�cients. Once the �lter

coef�cients have been computed, they are then passed to the adaptive equalizing �lter module

which �lters the received data that comes from the storage module. The output of this module

is the estimated data which is an estimation of the transmitted data by a particular transmit

antenna at the corresponding receive antenna.

3.3.2. LMS Method

This section discusses the Least Mean Square (LMS) Method. The LMS method is popular

because of its simplicity for implementation in either hardware or software. Figure 3.6 shows

the conceptual model of the LMS algorithm. The basic functionality is the same as that for the

conjugate gradient algorithm. The preprocessing system isresponsible for loading the arrays.

The �lter update block implements the �lter update equationas shown in �gure 3.6. Concep-

tually, this is the block that has the �lter coef�cients which adapt to the training sequence and

it passes the updated �lter coef�cients to the data estimation and �lter block once the training

data block has been completely processed. The �lter update block updates the �lter coef�cients

with every incoming sample of the training sequence. The output of this block is the estimated

training sequence. The estimated training sequence is fed into the error calculation block. The

implementation of this block is a subtraction of the actual training sequence from the estimated

training sequence.

54



L M N O M P

Q R S T U V M N W T R

X U Y Z U T [ Y \ \ W R ]

^

N T U M ] Y

V T _ ` O Y a

W O N Y U ` Z _ M N Y

P O T [ b

c U U T U d M O [ ` O M N W T R

e O T [ b

f _ M Z N W g Y

c h ` M O W i W R ]

a

W O N Y U j k l m n o l p q

r

o l o

s

m t l p u

v w

p x x m

v

m p y l k

z

p

v

p m { p q

q o l o

|

k o n } t p k

x

w

u

p k l m n o l m

w

y

~

o u q • o u p

€

n } t p n p y l o l m

w

y

•

u o m y m y ‚

k p ƒ „ p y

v

p

j u u

w

u

k p ƒ „ p y

v

p

j k l m n o l p q

l u o m y m y ‚

k p ƒ „ p y

v

p

Figure 3.6: SystemC model-Equalization using LMS Method

The actual training sequence is known at the receiver end. The error sequence is supplied to

the step size update �lter. The step size is updated based on the error difference. The variation

of the step size has to be within a range. If the step size increases beyond a certain value

then the LMS algorithm will not converge to give the optimal �lter coef�cients. If the step

size is very small, then the system will take a long time to converge. Ideally, assuming that

the channel does not vary with time, if the training sequenceis long enough then all the data

symbols would be covered meaning that the �lter would have adapted fully and therefore we

would have very few errors if any. But this would increase theoverhead in the transmission

and therefore we limit the number of estimation blocks that are actually used in the system. As

a result, the �lter estimates the data correctly for the datasequence which was used to obtain

the �lter coef�cients. Once the estimation block data symbols train the �lter coef�cients, the

actual data sequence is �ltered through the data processingand �ltering block. The output of

this block is the estimated data symbols for the entire data block.
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Chapter 4

Design and Veri�cation Methodology

Using SystemVerilog

4.1. Introduction to Hardware Modeling using SystemVerilog

SystemVerilog is a language that is gaining attraction for designing and verifying system mod-

els. SystemVerilog is a standard set of extensions to the IEEE 1364-2001 Verilog Standard.

These extensions integrate the best features in the SUPERLOG and C languages. SystemVer-

ilog is a uni�ed language that brings together enhanced design, veri�cation and assertion fea-

tures. All these qualities of the language promote increased designer productivity and smarter

veri�cation. This results in an ef�cient design cycle to geteven more challenging jobs done.

SystemVerilog improves the productivity, readability, and reusability of Verilog based code.

The RTL code that is used for the representation increases dramatically with the increase in de-

sign sizes. There is also a proportional increase in the lines of code required to verify a design.
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The increase in the veri�cation code to test these large designs has a more signi�cant impact

on the design time. SystemVerilog is a proposed solution to this problem. SystemVerilog is

termed to be a “Hardware Description and Veri�cation Language” (HDVL). It is targeted pri-

marily at the chip implementation and veri�cation �ow, withpowerful links to the system level

design. Some of its important SOC-targeted improvements over verilog-2001 include [24]:

� Modeling capabilities and support at the “transaction” level of abstraction. One of the

interfaces that SystemVerilog offers is the “Direct Programming interface” (DPI). This

interface enables it to call C/C++/SystemC functions and vice versa. Therefore, Sys-

temVerilog is the �rst Verilog-based language to enable ef�cient co-simulation with Sys-

temC blocks. Thus, it can be an invaluable link between system level design and chip

implementation and veri�cation.

� A set of extensions to address advanced design requirements, e.g., removal of restrictions

on module port connections, allowing any data type on each side of the port, extended

data types to allow C type modeling, etc.

� Development of a new veri�cation methodology based on the “Assertion Based Veri�-

cation” (ABV), enabling the so called “design for veri�cation” methodology. Assertion

information is build into the language. This, in turn, eliminates the need for the special

modules, pragmas or PLI calls used in traditional Verilog. ABV has been shown to sig-

ni�cantly reduce debug time. IBM reported a 50% reduction indebug time using this

methodology [24]. SystemVerilog also allows the use of cover properties to implement

functional coverage in addition to implementing assertions to catch design bugs.
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� New features to support hardware models and testbenches that utilize object-oriented

techniques - testbenches that are eminently re-usable. Thecombination of SystemVer-

ilog's interface method with object-oriented testbench creation techniques enables the

easy implementation of a powerful constraint-driven veri�cation methodology. The con-

straints are supplied by embedded assertions that express design properties that must be

proved true, or are covered during veri�cation. Such assertions may be re-used in SoC

development that leverages design re-use and/or IP-based design.

Figure 4.1 shows a comparison of where Verilog, Verilog withthe SystemVerilog exten-

sions, VHDL and SystemC �t in the hardware modeling paradigm[25].

4.1.1. SystemVerilog Language Capabilities

SystemVerilog uni�es several proven hardware design and veri�cation languages, in the form

of extensions to the Verilog HDL. These extensions provide powerful and signi�cantly new

capabilities for modeling hardware at the RTL, system and architectural levels, along with a

rich set of features for verifying model functionality [26]. Below are mentioned some of the

key SystemVerilog enhancements for hardware design [26].

� A uni�ed assertion language for both simulation and formal veri�cation

� Object oriented C++ like classes, with encapsulation, inheritance, and polymorphism.

� Interfaces to encapsulate communication and protocol checking within a design

� Special program blocks and clocking domains for de�ning race free test programs

58



… † ‡ ˆ ‰ Š ‹ Œ Š • Ž • • ‘ Œ Ž Ž Œ Ž ’ ‹ † “ ‹ Š • • ” • “

• – — ˜ † Ž Œ ™ ” • “

š Œ › Š œ ” † ‹ Š ™ • – ‹ Š • ž Š Ÿ ˆ ” † • ˜ † Ž Œ ™ ” • “

  ‘ ¡ Œ Ÿ ˆ   ‹ ” Œ • ˆ Œ Ž ’ ‹ † “ ‹ Š • • ” • “

… ‰ ” ˆ Ÿ › ¢ — Œ œ Œ ™ ˜ † Ž Œ ™ ” • “

… ˆ ‹ £ Ÿ ˆ £ ‹ Š ™ ¤ “ Š ˆ Œ ¢ ™ Œ œ Œ ™ ¥ ˜ † Ž Œ ™ ” • “

¦ § ¨ —

¦ Œ ‹ ” ™ † “

¦ Œ ‹ ” ™ † “ ‰ ” ˆ ›

… © ž ˆ Œ • ¦ Œ ‹ ” ™ † “

Œ ª ˆ Œ • ž ” † • ž

… © ž ˆ Œ • «

¦ Œ ‹ ” ™ † “

Figure 4.1: Design Language Overlap

� Constrained random number generation

� C like data types, such as int

� User de�ned types, using the C typedef

� Enumerate types

� Type casting

� Structures and unions, as in C

� Strings, dynamic arrays, associative arrays and lists
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� External compilation-unit scope declarations

� ++,–,+= and other assignment operators

� Pass by reference to tasks, functions and modules

� Semaphore and mailbox inter-process communication and synchronization

� SystemVerilog extends the ability of Verilog's 'de�ne textsubstitution macro by allowing

the macro text to include certain special characters.

� Addition of the package construct. This contains the same types of declarations as

compilation-unit scope.

� SystemVerilog adds a static keyword, and allows any variable to be explicitly declared

as either static or automatic.

� A direct Programming Interface (DPI) to allow SystemVerilog to directly call C func-

tions and for C functions to directly call Verilog functionswithout the complex Verilog

Programming Interface (PLI)

4.2. Veri�cation Methodology using SystemVerilog

Functional Veri�cation is by far the biggest bottleneck in atypical hardware design cycle. Ver-

i�cation plays a very important role in the design cycle. Thefaster a design bug is found in a

typical design cycle the less expensive it is to actually �x the bug. Design veri�cation starts

with an implementation and con�rms that the implementationmeets its speci�cations. This
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essentially means that there is a veri�cation step corresponding to each design step. Therefore,

a design step that turns a functional speci�cation into an algorithmic implementation requires

a veri�cation step to ensure that the algorithm functionally performs according to the speci�-

cations. There are many ways in which a design can be veri�ed.Some of them are mentioned

below:

� Assertion Based Veri�cation (ABV)

� Built-in-self-test (BIST)

� Random Test Vectors

� Regression testing

� Formal Veri�cation - Formality tools

� Veri�cation via Test �xtures

We consider the assertion based approach for veri�cation. An assertion in the most general

terms is a statement that a given property is required to be true, and a directive to veri�cation

tools to verify that the property does hold. Assertions can be divided into the following two

categories:

� Positive Assertions

� Negative Assertions

Positive Assertions are assertions written to con�rm that agiven functional property is cov-

ered by the design. Such properties are also termed as cover properties. Negative Assertions
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are assertions that are written to con�rm that certain properties are not violated. The usage of

Assertions to verify a hardware design is one of the key advantages associated with SystemVer-

ilog. Assertion-Based Veri�cation (ABV), is a veri�cationtechnique that involves instrument-

ing the design with assertions to provide added visibility and white-box testing into its internal

processing. Assertion-Based Veri�cation (ABV) has actually moved the traditional design pro-

cess from an informal RTL coding approach with a poor documentation to a methodology that

provides the following bene�ts [27]:

� Addresses and Documents design decisions

� Documents design properties and assumptions

� Addresses solutions (e.g., interfaces, implied FSMs) to requirements prior to any RTL

coding

� Addresses veri�cation of assertions, which items to monitor for during the design of RTL

and testbench

� Facilitates functional coverage to ensure that simulationaddresses complex timing-based

corner cases

� Provides an excellent basis for design and veri�cation reviews

� Simpli�es the design of testbench reference models or scoreboards, which veri�es the

correctness of the design

� Guides the development of testbench vectors for conditionsto be tested
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The intent of using assertions in a design is to de�ne properties that the design must meet.

Most of the properties can normally be expressed by using thevariables available in the design.

The example shown below is an assertion that is written to monitor the correct functioning of

a handshaking protocol.

property handShake;

@(posedge clk) req |-> ##[1:3] ack;

endproperty:handShake

hShake: assert property (handShake);

The assertion property monitors the ack within a window of 3 cycles after the req signal has

been asserted. If this property is violated then the assertion will �re and the simulation would

be stopped. The assertion �res exactly where the design bug is sitting from the example shown.

Therefore, the debug time in general is reduced appreciably. The property presented monitors

just the control logic. In actual real designs, however, we have a mix of control and data

elements. Hence a closer interaction between a higher levelprocedural language (i.e. usage of

arrays, abstract data types etc) and a declarative, formal language is needed to verify the data

aspects of the design.

4.2.1. Assertions in the context of Veri�cation

As seen from the previous discussion, SystemVerilog Assertions are very integral to Sys-

temVerilog to support an Assertion Based Veri�cation methodology. Assertions document the

combinational and the temporal (i.e., sequential behaviorover time) properties of the design
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that must hold true for the design to be correct. Assertions can be checked either dynamically

during simulation (this is the more common method) or they can be checked statically through

formal methods. By formal method, we mean the usage of formaltools. We shall discuss some

of the advantages of using the ABV methodology for our designveri�cation:

Clear de�nition of design intent

Normally, the very basic design assumptions are not captured as part of the HDL model. They

are overlooked in the description of the core functionalityof the design and therefore, it is

not guaranteed that the entire design intent it met. This happens mostly for designs that re-

quire special start up conditions. As start up conditions are performed once in the beginning,

many assumptions are not captured and also the design is not re�ned ef�ciently. Using Asser-

tion Based Veri�cation is quite advantageous in such scenarios, since we can simply write an

assertion to ensure correct initialization during the start-up process.

Allows protocols to be de�ned and veri�ed

Thread sequences can be used to specify and verify interfaceand bus protocols. Such asser-

tions, in addition to de�ning the values of signal, also de�ne the relationship between signals

over time. The veri�cation aspect can be done through simulation and/or formal veri�cation.
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Reduced time to market

The usage of the ABV methodology to verify designs leads to reduced time to market which is

a very important factor in a chip's success in the market. This again has a direct impact on the

cost of implementing the chip. Below are some of the points that lead to concluding that the

usage of ABV does reduce the time to market:

� The use of assertions, as we design, generally provides early detection of errors.

� The use of assertions facilitates the overall debugging process since the failure of an

assertion brings the simulation to an end. Therefore, assertions can behave as monitors

close to the sources of errors.

� The use of assertions with formal tools (formality check), can prove that the design meets

functional requirements.

� The use of assertions, owing to the above reasons, reduces the cost of implementing the

chip since the sooner a design bug is found the less costly it is to �x it.

Simplicity in the veri�cation of reusable IP

If an IP block includes the use of assertions expressing input constraints and interface protocols,

the same assertions can be used to check whether the block is used properly in a much larger

system. Assertions added to IP blocks help to ensure proper integration of the IP. As systems

grow, designs are de�ned by the usage of IP blocks, and therefore the veri�cation is done at the

interfaces rather that the individual block's functionality. A common experience with Ip-based
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designs reveals that most of the bugs are as a result of improper usage and con�guration of the

IP, rather that the functionality of the IP itself. Therefore, using ABV is well suited for such a

scenario.

Functional coverage properties

Functional coverage measures the level of functionality that is exercised by veri�cation. Func-

tional coverage is the ratio of exercised behaviors over thetotal number of speci�ed behaviors.

The functional coverage metric can be speci�ed in SystemVerilog assertions through the de�ni-

tion of user-de�ned coverage points using the cover directive. Functional coverage is achieved

by monitoring whether the assertions were exercised duringveri�cation.

Generates counterexamples to demonstrate violation of properties

Formal veri�cation tools use SystemVerilog Assertions constraints and design properties to

determine if the design meets those properties. If it does not, then those tools will generate

counterexamples to demonstrate the conditions under whichthe rules were violated.

4.2.2. Overview of Properties and Assertions

properties

A property is a collection of logical and temporal relationships, that in aggregate represent a

set of behavior, rules, or characteristics about a design. Properties are either “functional” or
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“structural”. The use of SVA directly exercises the functional properties.

sequences

Boolean expressions represent the primitive building blocks. A set of boolean expressions can

be combined using powerful operators to build sequences.

Antecedent/Consequent/Thread

A thread in SVA is a related sequence of events that may last for one or more cycles to represent

a design property. A new thread may be started every cycle andall threads are independent from

each other. Antecedent is an assertion de�nition which de�nes the trigger condition. This is an

expression which when true, starts a new thread and monitorsthe assertion. If the antecedent

is false then the assertion passes vacuously. The consequent in an assertion de�nition is the

expression that follows the implication operator. This is the condition that is checked. If this is

true then the assertion will not �re but if this is false then the assertion will �re on that assertion.

Contraint

A constraint is a condition, usually on the input signals, that limits the set of behaviors to be

considered. Formal veri�cation uses constraints to limit the search space.
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4.3. Verilog's Programming Language Interface

This section givens an introduction to the Verilog's Programming Language Interface (PLI).

This was introduced before the SystemVerilog's Direct Programming Interface (DPI). The Ver-

ilog's PLI allows Verilog users and Verilog application developers to in�nitely extend the capa-

bilities of the Verilog language and the Verilog simulator.The Verilog PLI makes it possible to

place an entire Verilog simulation into a larger infrastructure, thus allowing real information to

dynamically �ow into and out of the simulation. In the most generic de�nitions, the Verilog's

PLI provides a means for both hardware and software engineers to interface their own programs

to commercial Verilog simulators. It is through this interface, that the Verilog simulator can be

customized to perform virtually any engineering task. Verilog's PLI is a user-programmable

procedural interface for Verilog digital logic simulators. Below are a list of some common

engineering tasks that are required in the design of hardware, and for which the PLI is aptly

�tted [28].

� C language bus-functional models: Abstract bus-functional hardware models are some-

times represented in the C language to protect intellectualproperty or to optimize per-

formance of simulation. The PLI essentially provides for data exchanges between the

different models that are created using different languages.

� Reading test vector �les: A �le reader program in C makes it very easy to read and write

data. Therefore, it is easy to pass values read by the C program to a Verilog simulation

using the PLI.

� Delay calculation: A Verilog simulator can call an ASIC or FPGA vendor's delay cal-
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culator program. The delay calculator can estimate the effects that fanout, voltage, tem-

perature and other variances will have on the delays of ASIC cells or gates. The delay

calculator can modify the Verilog Simulation data structure, so that the simulation uses

more accurate delays, through the PLI.

� Custom output displays: A logic simulator must generate outputs to verify design func-

tionality. The Verilog HDL is responsible for generating formatted text output, and most

other simulators provide waveform displays and other graphical output displays. The

PLI can therefore be used to increase the output capabilities, e.g., a video controller can

be connected to the interface to generate video output for a CRT panel.

� Co-Simulation: Complex designs require several types of logic simulations, such as the

mix of different HDL languages, analog and digital simulations. It would be a good idea

as far as performance is concerned to co-simulate all these different simulators together.

The PLI can be effectively used as a communication channel for Verilog simulators to

transfer data to and from other types of simulators.

� Simulation Analysis: The PLI can be used in order to enhance the simulation capabilities

by analyzing what has to happen inside a design to generate the output waves. It can be

used to generate toggle check reports, code coverage reports, power usage reports, etc.

A PLI application is a user-de�ned C language which can be executed by a Verilog simulator.

In essence the PLI can interact with the simulation by both reading and modifying the simula-

tion logic and delay values. In general the following are thesteps that need to be followed in

order to create a PLI application [28]:
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� De�ne a System task or system function name for the application

� Write a C language calltf (Verilog task or Verilog function)routine which will be ex-

ecuted by the simulator whenever simulation encounters thesystem task name or the

system function name

� Register the system task or system function name and the associated C language routines

with the Verilog simulator. This registration tells the simulator about the new system

task or system function name, and the name of the calltf routine associated with that task

or system function

� Compile the C source �les which contain the PLI application routines, and link the object

�les into the verilog simulator.

4.4. SystemVerilog's Direct Programming Interface

Direct Programming interface is the interface provided by SystemVerilog which allows the

Verilog enviroment to call functions de�ned using higher level languages, such as C. The func-

tions can be called in either direction. A SystemVerilog task or function can call a C function

and conversely, a C language function can call a SystemVerilog task or function. Despite the

popularity of Verilog's PLI, a more generalized and lucid interface which has less overhead is

required. In addition, PLIs have a number of disadvantages which are discussed for compar-

ison purposes with the DPIs. The DPI calls a SystemC functionas if the function is a native

Verilog task or function. This can be facilitated by importing the SystemC function name into

verilog using a simple import statement. Below is an exampleshowing the usage of DPI [29].
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import "DPI" function real sin(real in);

always @(posedge clock)

begin slope <= sin(angle);

end

DPI allows Verilog code to directly call SystemC functions,without the need of creating and

de�ning a system task or function name and an associated calltf routine. Passing the values

to and from the two models can be done without the use of any procedural interface libraries.

The DPI standard has its origins in two proprietary interfaces, the VCS DirectC interface from

Synopsys, and the SystemSim Cblend interface from Co-Design Automation (later acquired

by Synopsys) [29]. SystemVerilog's DPI allows two import declarations, these are:

� import “DPI” function real sin(real in); - sine function in Cmath library

� import “DPI” task �le write(string data); - user-supplied C function

We can declare the import statement anywhere a native Verilog function is de�ned. The im-

ported task or function is local to the function that called it from the native Verilog environment.

The imported SystemC or C functions can have any number of arguments. If a C function was

called into the native Verilog environment, then the returntype to the function could be a legal

type in the C language. SystemVerilog adds a special chandledata type for pointers. The le-

gal data types that are supported on the verilog side of the interface are void, logic, bit, byte,

shortint, int, longint, real, shortreal, chandle, and string. Vectors in the Verilog environment,

such as, reg, logic and bit data types can be de�ned with arbitrary widths, varying from 1 bit

wide to 1 million bits wide. The conversion of bit vectors to numbers that are understood by

71



the C function is done by a library of special C functions. Verilog structures and arrays can

also be passed into and out of imported C functions, but in this case the DPI imposes several

limitations. The SystemVerilog LRM [30] shows a methodology by which complex structures

and arrays can be passed to and from C functions using the DPI.Systemverilog's DPI allows

C functions to be classi�ed as:

� Pure functions: In this case, the result must solely depend on the values that are supplied

to the Verilog environment through formal arguments.

� Context functions: In this case, the C function can use global and static variables, and

can call other C functions.

� Generic functions: This is the default case, it can call other functions, but cannot call any

function from the Verilog PLI libraries that require a senseof context.

Interfacing SystemC models with Verilog models uses the following approach [29]:

� Create a Verilog Shell module which is essentially representing the input and output ports

of the SystemC model.

� Create a C-language function that holds and transmits values between the DPI appli-

cation and the SystemC model, using SystemC calls to advancetime in the SystemC

kernel.

� Within the Verilog shell module, directly call the C function that controls the SystemC

model
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Figure 4.2 shows the steps taken to interface SystemC modelswith Verilog over the DPI pro-

vided by SystemVerilog. As seen from the example we seen thatto begin with the Verilog

netlist instantiates a Verilog shell module is going to represent the SystemC model. This step

can be avoided and we can directly call the SystemC model as will be shown in the examples

in the appendix. This Verilog shell module directly calls the SystemC I/O function, this is done

using the import“DPI” statement. From the �gure presented,we can see that every time value1

or value2 changes, we see that the actual SystemC code is called into the Verilog environment.

We de�ne the actual functionality of the adder in the SystemCenvironment. This is essentially

a C function which is controlling the SystemC model. The method or thread declaration for this

C type function is written in the SystemC language as shown bythe last quarter of the example.

Innate calls to the SystemC kernel are made by SystemC constructs such as scstart(time) to

generate a cycle accurate model is needed. The code that exercises the usage of DPIs for chan-

nel equalization architectures is presented in the appendix. A listing of data types commonly

used when working with DPIs is given later in the appendix. Wepresent an example that shows

the usage of the DPI.
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Figure 4.2: Interfacing SystemC models into the Verilog environment
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Chapter 5

Modeling at the Register Transfer Level

We consider modeling the channel equalization architectures at the register transfer level in

this chapter. We study the designs for both the Conjugate Gradient method and the Least Mean

Square Method. The LMS method has gained a lot of popularity because of its simplicity in

implementation. On the other hand, the CG method is not as simple to implement because it

is computationally more complex compared to the LMS method.The LMS method has poorer

converging properties as compared to the CG method. The convergence of the LMS method

depends on the learning step size of the system. Increasing this step size beyond a limit would

result in failure of the system response to converge. In the coming sections we will discuss the

design and implementation of both of these methods at the register transfer level.
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5.1. Conjugate Gradient Design at the Register Transfer Level

We consider modeling the Conjugate Gradient method at the register transfer level in this sec-

tion. The conjugate gradient method solves the linear equation Cw = h, whereC is the covari-

ance estimate matrix,w is the �lter coef�cient vector andh is the channel coef�cient estimate

matrix. The system is divided into three small modules. The three modules are the covari-

ance matrix estimation module, the channel estimation module, and the equation solver (CG)

module. We will discuss the RTL designs of all the three different modules in the following

subsections.

5.1.1. Covariance Matrix Estimation Design

We consider the design of the covariance estimator in this subsection. Covariance is a mea-

sure of dependency between random variables. The function of the covariance estimator is to

estimate the elements of the covariance matrix. The estimates obtained from this module are

used in solving the linear equation to obtain the updated �lter coef�cients. The size of the

covariance matrix is crucial in the design and therefore, dictates the total hardware size of the

design. The size of the covariance matrix depends on the number of receive antennas used in

the system.

Figure 5.1 presents the data �ow diagram for the covariance estimator. The design is divided

into two processing blocks. One of the processing blocks is the initialization block while the

other is the loop processing block. The initialization block is responsible for initializing the

matrix elements. The loop processing block consists of the received sequence array packing
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block, the vector multiplier block, the matrix adder accumulator block, the address generator

block, and the scalar block. The received sequence array block is responsible for packing

Nr � F received symbols into an array. This array is essentially a vector of elements. The

address generator block is responsible for generating the addresses for theNr � F elements as

they are loaded from the receiver RAM. This vector array is then passed to the vector multiplier

block. This block performs a vector multiplication betweenthe vector array elements and its

transpose. The result of this block, which is aNr � F x Nr � F matrix, is fed into the matrix adder

accumulator block. This block is responsible for accumulating the results of the multiplication

block. The result from the accumulator block is averaged over N iterations in the scalar block

once all theN iterations have been completed. The estimates are then stored into the memory

serially. A complete signal is asserted once the estimates have been stored in the memory.
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Figure 5.1: Data Flow Diagram - Covariance Matrix Estimator
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Figure 5.2 presents the control �ow diagram for the covariance estimator. As seen from the

�ow diagram, initialization of the matrix is performed after the start signal has been asserted

through the testbench. The loop processing part of the design begins functioning as soon as

the initialization has completed. The loop processing block iterates its function for a total of

N iterations. N is the length of the training sequence over which the resultsare averaged.

The loop counter block is responsible for generating a pulse. This pulse indicates the start of

a new loop iteration. All blocks which form a part of the loop processing block operate in

sequence. The received sequence array block starts packingthe received sequence array as

soon as the loop counter block generates a pulse. This block asserts the packing completed

signal once the array has been packed. This signal triggers the vector multiplication block to

begin its operation. The multiply complete monitor block asserts the multiply complete signal

when the vector multiply block completes the multiplication. This signal then triggers matrix

adder accumulator block to begin its operation. The adder complete monitor block asserts the

add complete signal once the block completes accumulating the result from the multiply block.

The add complete signal is fed to the loop counter block whichagain generates another pulse

to start the next iteration. This continues until all the iterations have completed.

5.1.2. Channel Estimation Design

We consider the design of the channel estimation block in this subsection. The channel coef-

�cients model the transmission gain between a pair of transmitter and receiver antennas. The

function of the channel estimator is to estimate the channelcoef�cients. The estimates ob-

tained from this module are also used in solving the linear equation to obtain the updated �lter
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Figure 5.2: Control Flow Diagram - Covariance Matrix Estimator

coef�cients.

Figure 5.3 presents the data �ow diagram for the channel estimator. Conceptually, the

function of the channel estimator block is similar to the covariance matrix estimator. One

change to the design is the addition of the training sequence. The design is again divided into

two processing blocks. One of the processing blocks is the initialization block while the other

is the loop processing block. The initialization block is responsible for initializing the channel

coef�cients between a transmitter antenna and all the receiver antennas for all the transmitter

antennas. Therefore, this block is instantiated once for every transmit antenna. The function
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and operation of the blocks in the design is similar to that ofthe blocks in the covariance

estimator design and is therefore not discussed in this subsection.

The same computational block could be used for computing both the covariance matrix

estimates and the channel estimates in hardware constrained systems. The problem with such

an approach is that the latency in the computation will increase. This is more prevalent as the

size of the covariance matrix increases. Therefore, the suggested design in this thesis work is

to have separate modules for the two computational blocks. The �ow diagram for this design

is similar to that of the covariance estimation design, given in �gure 5.2.
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Figure 5.3: Data Flow Diagram - Channel Estimator

5.1.3. Equation Solver (CG) Design

We consider the design of the block to implement the conjugate gradient algorithm in this

subsection. This block is responsible for solving the linear equation that was derived and
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presented in equation 2.11. The algorithm is an approximateimplementation of the Wiener's

solution to a linear equation in an iterative fashion. The block takes as input, the covariance

matrix and the channel estimates. Therefore, the outputs ofthe design discussed in 5.1.1 and

in 5.1.2 are connected to the input ports of this block.

Figure 5.4 presents the data �ow diagram for the equation solver (CG) module. The design

is divided into two processing blocks. One of the processingblock is the initialization block

while the other is the loop processing block. The vectors that are initialized are the initial

search direction and the residual vectors. The loop processing block consists of the matrix

vector multiply block, the �lter update block, the residualupdate block, the search direction

update block, and four dot product blocks.
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Figure 5.4: Data Flow Diagram - Equation solver

The matrix vector multiply block is responsible for calculating the vectorV. This vector is

used in updating both the �lter equation and also the residual vector. The �lter update equation
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requires a scalar weight based on the residual and the vectorV. The dot product blocks compute

the dot products of the input vectors. The input to the dot product block 1 is the residual vector.

This block performs the dot product of the residual vector with itself. The input to the dot

product block 2 is the vectorV and the search direction vector. The results from the dot

product blocks are divided to get a scalar value, which is then fed to the �lter update block.

The function of the �lter update block is to update the equation for the next iteration. The

same scalar value is fed into the residual update block whichis responsible for updating the

residual vector. This residual vector is used for updating the search direction. This completes

one iteration of the loop. The loop counter and latch generate block will then generate another

pulse so as to start of the next loop. The CG method converges to the �nal solution in about

3-5 iterations, after which the solution does not change appreciably. We choose a total of 5

iterations for our design. After the �fth iteration completes, the �lter coef�cients are latched

on the output registers. These are the �lter coef�cients that are used to estimate the transmitted

data symbols.

From �gure 5.4, we see that the equation solver (CG) needs twoadditional memories, to

store both the covariance and the channel estimations. Thismay be a restriction, especially for

large matrix sizes, for hardware implementation. This is one of the biggest drawbacks for the

conjugate gradient method, when comparing it with the leastmean square method. The LMS

method, as would be discussed in section 5.2, does not require an additional storage area.

Figure 5.5 presents the control �ow diagram for the equationsolver (CG) design. This

block requires the most control logic. The initialization block is responsible for initializing
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the vectors that are used in the computation. Once the vectors have been initialized, the loop

processing counter generates a pulse indicating a new iteration. The blocks contained in the

loop processing block operate in sequence. Therefore, a complete signal from a particular block

triggers the next block to begin functioning in the control �ow diagram. The �lter coef�cients

are then used for equalizing the received vector at the end of5 iterations. We use a hard

decision protocol for detection of the transmitted samples.
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Figure 5.5: Control Flow Diagram - Equation solver

5.2. Least Mean Square Design at the Register Transfer Level

The Least Mean Square method has been very successful in its implementation in wireless

communication because of its simplicity. The general idea behind the implementation of the

algorithm is that the system tries to adapt to the training sequence by reducing the error between
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the estimated sequence and the training sequence. It adaptsto the training sequence sample by

sample. This happens for the entire length of the training sequence after which the processing

switch changes, indicating the start of the �ltering process of the actual data.

Figure 5.6 presents the data �ow diagram for the LMS design. The design is divided into

two processing blocks. One of the processing block is the initialization block while the other

is the loop processing block. The initialization block is responsible for initializing the vectors

used in the design.
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Figure 5.6: Data Flow Diagram - LMS Method

The loop processing block consists of the received sequenceand training sequence array pack-

ing block, the multiplier accumulator block, the vector multiplier blocks 1 and 2, the error

difference block, the �lter coef�cient update block, and the address generator block. The loop

counter and latch generator block generates a pulse which indicates the start of a new iteration

and the value of the loop counter is latched into the array packing block. Once the value of
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the loop counter is latched, the array packing block starts reading the received array from the

latched value for a total ofNr � F elements. This is the size of one �lter and there areN t

such �lters functioning in parallel. This array is essentially a vector of elements. It also reads

the one training sample corresponding to that transmit antenna. The inputs to the Multiplier

Accumulator block are the �lter coef�cients and the received vector array. The function of this

block is to perform the dot product of the two vectors. The output of this block is therefore

a scalar value representing the dot product of the two incoming vectors. The function of the

vector Multiplier Block 1 and 2 is to perform a vector multiplication. Block 1 implements the

expression 5.1.

y[i ](yH [i ] � w[i � 1]) (5.1)

Wherey[i] is the received sequence vector used in thei th iteration andw[i-1] is the �lter

coef�cients vector that was obtained from the updates in thei � 1th iteration. Block 2 performs

a vector multiplication of thej th training symbol and the received vector array given by the

received sequence array packing block. The outputs from thevector multiplication blocks

are then fed to the Error Difference Calculator module. A difference is generated between

the estimation and the training sequence in this block. Onceit completes, the error sequence

is then fed to the Filter coef�cients Update block. The function of the �lter update block is

to update the �lter coef�cients. Therefore, it takes the previous �lter coef�cients, i.e., the

i � 1th coef�cients and subtracts the error difference sequence togive the new, i.e., thei th

coef�cients. Once this is done, the �lter coef�cients are said to have adapted and therefore the

�lter coef�cients are passed on the next block as seen in �gure 5.6. This continues for the

entire length of the training sequence.
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Figure 5.7 presents the control �ow diagram for the LMS method. The control �ow is

similar to that of the covariance matrix design, only that ithas some more blocks. Initialization

is done by certain signals coming from the testbench. The loop processing block begins its

operations as soon as the initialization has completed. Theloop counter and latch generator

module then generates a pulse. From the control �ow, we see that the complete signal from

a particular block monitors the functioning of the block that follows it. Upon completion

of a particular loop, a �lter update signal is generated to indicate that a new loop can start.

This process continues for the total length of the training sequence. After all iterations have

completed, the �lter coef�cients are passed on to the adaptive equalizer block. We use a hard

decision protocol for detection of the transmitted samples.

5.3. Summary and Comparisons

� The hardware implementation of the conjugate gradient method is more complex than

the hardware implementation of the least mean square method.

� The conjugate gradient method requires more multipliers than the least mean square

method.

� The conjugate gradient method requires more storage space than the LMS method to

store the covariance matrix estimates and channel estimates. This is the biggest drawback

for the CG method when comparing it with the LMS method.

� The conjugate gradient method shows superior convergence capabilities when compared

to the least mean square method.
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Figure 5.7: Control Flow Diagram - LMS Method
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Chapter 6

Experimental Results

This chapter presents the experimental results. We discussthe advantages of using a higher

level of abstraction for designing complex hardware. We consider the �oating point imple-

mentation of the SystemC model to quantify the accuracy of the model. These metrics are

compared with the benchmarks provided by the Matlab model. We then consider the integer

implementation for the algorithms using SystemC. The performance is then measured for the

integer implementation of the algorithms. We then considerexperiments that involve a com-

parison between the model designed using SystemC and the model designed using Verilog.

These experiments are followed by experiments that involvecomparing the code ef�ciency

between the models. Finally, we consider experiments that measure design ef�ciency at the

RTL by comparing the hardware sizes. The experimentation that is carried out in this section

is based on certain performance parameters. Some of these parameters are accuracy (�oating

point implementation), bit sizes (integer implementation), simulation speed, simulation cycles,

performance plots, physical area, and design cycle estimates.

88



6.1. SystemC Floating Point Implementation

In this section we consider the �oating point implementation for the channel equalization al-

gorithms. It is important for us to perform this experiment since we design the Verilog model

based on the SystemC model. Therefore, we need to capture thecorrect functional speci�ca-

tion for the different equalization algorithms considered. We measure the level of accuracy

presented by the SystemC model in terms of the mean square error (MSE) and the maximum

error between the original transmitted sequence and the output of the equalizers. The MSE

quanti�es the square of the error between the two sequences while the maximum error quan-

ti�es the largest error between the two sequences. We consider the 2x2, 2x4 and the 4x4

con�gurations for the MIMO wireless system. Anxm con�guration impliesn transmitters

andm receivers. The frame length received at each receiver is1920symbols long. The train-

ing sequence length at each receiver is320symbols long and the estimation data length used is

311symbols long. We choose a large frame length to improve the statistical performance. The

results of the experiments are presented in the tables below. Table 6.1 presents the statistics

for the Conjugate gradient method for the different MIMO con�gurations studied.

Table 6.1:Table of Statistics for different Con�gurations using the CG Method - SystemC

Con�gurations 2x2 2x4 4x4

MSE 0.0928 0.0694 0.2968

Maximum Error 1.1419 0.734 2.435
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Table 6.2 presents the statistics for the least mean square method for the different MIMO

con�gurations studied. The 2x4 MIMO con�guration showed the best statistical performance

compared to the any other con�guration studied for both equalization methods considered. We

also see a performance degradation with the increase in the number of antennas used at the

transmit side of the MIMO system. The 4x4 MIMO con�guration showed the worst statistical

performance compared to any other con�gurations studied. For this con�guration, the mean

and the variance deviate quite signi�cantly from the ideal value of zero.

Table 6.2:Table of Statistics for different Con�gurations using the LMS Method - SystemC

Con�gurations 2x2 2x4 4x4

MSE 0.1737 0.1608 1.5431

Maximum Error 2.7693 1.984 4.853

From the tables, we can conclude that the statistical performance for the CG method is better

than the LMS method for any con�guration studied. The experiments reveal a high maximum

error of 4:853 for the 4x4 MIMO con�gurations using the LMS method. This results from

using a smaller number of estimation blocks for the LMS method. Therefore, we have to in-

crease the estimation blocks used in the system as the numberof channel coef�cients increase,

in order to improve the statistical performance. We comparethe statistics for the Matlab imple-

mentation of the CG method from table 2.1 with the statisticsfor the SystemC implementation

of the CG method from table 6.1. The comparison indicates that, the SystemC model follows

the Matlab model very closely. The order of difference between the models was noted to be in

the range of10� 4. Therefore, we can say that the SystemC model preserves the accuracy of the
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Matlab model. This in turn authenticates our design. We present the output plots for the 2x4

MIMO con�guration for the Matlab model as well as the SystemCmodel in �gures 6.1 and

6.2 respectively. These plots represent the conjugate gradient method.
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Figure 6.1: Channel equalization output plots - Matlab Model, 2x4 MIMO con�guration

The SystemC output follows the output from the Matlab model,as depicted from the plots.

Closely observing �gure 6.2 reveals that, the SystemC modelhas some spikes (overshoots) in

the estimated data values, which cause the two models to mismatch slightly. This is as a result

of the difference in the number representation in both the models. We compare the statistics

for the Matlab implementation of the LMS method from table 2.2 with the statistics for the
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SystemC implementation of the LMS method from table 6.2. Thecomparison indicates that,

the SystemC model follows the Matlab model very closely. Theorder of difference between

the models was noted to be in the range of10� 3.
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Figure 6.2: Channel equalization output plots - SystemC Model, 2x4 MIMO con�guration

6.2. SystemC Integer Arithmetic Implementation

In this section we consider the integer arithmetic implementation for the channel equalization

algorithms using SystemC. We consider the bit size requirements for the different MIMO con-

�gurations studied. We use the same experimental setup thatwas used for the SystemC �oating
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point implementation experiment. The frame length received at each receiver is1920symbols

long. The training sequence length at each receiver is320symbols long and the estimation data

length used is311symbols long. We perform these experiments while maintaining the statis-

tical numbers we obtained from our experiments in section 6.1. The number of bits used for

the hardware implementation is of primary importance in anydesign. The physical area of the

hardware implementation is directly proportional to the number of bits used for the implemen-

tation. We scale the received sequence and the training sequence by a particular scale factor.

The number of bits that are needed for implementing a particular algorithm depends on the

computational complexity of the algorithm. The CG method ishighly computational having a

combination of all the mathematical operators, i.e. addition, substraction, multiplication and

division. One the other hand, the most computationally intense block for the LMS method is

the �lter update block. The LMS method is less computationally intense than the CG method

as it has a smaller number of multipliers and dividers as compared to the CG method.

One of the blocks in the CG method, the equation solver block,is implemented with an

iterative loop. A result of the loop is that, if any quantization errors are induced, then they

are propagated to the next iteration of the loop. The result of this is that errors accumulate.

These errors are more prevalent in the case of the CG method since this method involves

more arithmetic computations. Therefore, it is important to reduce the quantization errors to

begin with. We need to increase the number of bits to represent the actual number in order to

minimize these quantization errors.
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Another implementation impact is the fact that since we are using such high number of bits,

multiplication results in a number with at most 44 bits. So all the signals within procedures

are represented by 64 bits and once the processing is done, the result is converted back to 32

bits. Therefore, the SystemC implementation has modules that are connected using 32 bit wires

while all the computations inside a particular module are done through signals which are 64

bits wide. The number of bits required for the hardware implementation is presented in table

6.3.

Table 6.3:Table of bits required for different Con�gurations - SystemC

Con�gurations 2x2 2x4 4x4

CG 20 17 22

LMS 8 5 9

We observe that the number of bits required for the case of 2x4MIMO con�guration is the

least. We extend the same discussion we presented earlier for this con�guration. Also the 4x4

MIMO con�guration requires the most bits for the hardware implementation. From the results

presented in table 6.3, the number of bits required for the CGmethod is less than that required

for the LMS method. Considering the overall algorithm, the LMS method works best for small

values of the received and training sequences. LMS method could be better implemented using

the vector �oating point implementation.
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6.3. Performance Plots for Integer Point Implementation

In this section we present the performance plots for the integer point implementation. The

number of bits used for the integer implementation are obtained from the previous set of ex-

periments. In an attempt to compare the performance plots with those presented by the Matlab

model in �gure 2.7 and 2.8 we divide the estimated sequence bythe scale factor. Figure 6.3

plots the performance of the Conjugate gradient method whenimplemented using SystemC.

This plot follows the plot presented in �gure 2.7 closely. The discrepancy seen is as a result

of the quantization errors when we implement using the integer arithmetic.
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Figure 6.3: Performance plots for Conjugate Gradient Method - SystemC

Figure 6.4 plots the performance of the least mean square when implemented using Sys-

temC. Again this plot follows the plot presented in �gure 2.8. We can extend the discussion

presented in section 2.5 for the different MIMO con�gurations to discuss the performance

plot. The 2x4 MIMO con�guration has the best performance as depicted by �gures 6.3 and
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Figure 6.4: Performance plots for Least Mean Square Method -SystemC

6.4. The performance of the 2x2 MIMO con�guration and the 4x4MIMO con�guration is

almost the same, as seen from the plots. The performance of a particular MIMO con�guration

depends on the number number of �lter coef�cients used at thereceiver. As the number of

�lter coef�cients increase, the performance gets better.

6.4. Estimation block length

We analyze the variation of the cycle count as a function of the estimation block length in this

section . The covariance and channel matrices are estimatedand averaged over a �xed length

of data symbols. This parameter is referred to as the estimation block lenght. We consider

the 2x2 MIMO con�guration for our analysis. The frame lengthreceived at each receiver

is 640symbols long. The training sequence length at each receiveris 256symbols long. The

experiments vary N, the estimation block length . We consider the conjugate gradient algorithm

96



to facilitate our analysis. The RTL code was run on CADENCE compilation and simulation

tools. The variation of the cycle count with respect to the estimation block length is presented

in 6.4.

From �gure 6.5, we see that for a particular MIMO con�guration, the cycle count increases

almost linearly as we increase the estimation data length. Because of this linearity, we can

Table 6.4:Cycle Count as a function of Estimation Data Block length - CGMethod

Estimation Data length 8 16 32

SystemC 2600 4280 7640

RTL 2866 4592 8074

estimate the number of cycles taken and therefore, a corresponding simulation time, for larger

frame sizes.
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Figure 6.5: Cycle Count as a function of Estimation Data Length - CG Method
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6.5. Simulation Time Comparisons

We discuss the simulation time taken by the different modelsconsidered in this section. The

RTL code was written using Verilog. We used CADENCE for compiling and simulating our

code. One of the mainstream incentives behind this work was to investigate the effect of de-

signing at higher levels of abstractions on the simulation time. We monitor the simulation time

for the different con�gurations. The frame length receivedat each receiver is640 symbols

long. The training sequence length at each receiver is256symbols long. The estimation data

length used for this experiment is �xed at64 symbols. The simulation time for the conjugate

gradient method is presented in table 6.5.

Table 6.5:Simulation Time Comparison - CG Method

Con�gurations 2x2 2x4 4x4

SystemC 5.92s 12.32s 14.09s

RTL 72.1s 253.8s 253.7s

As shown in �gure 6.6, the experiments reveal that the SystemC simulation time does not

vary signi�cantly when considering the different con�gurations. At the same time, the RTL

simulation time varies signi�cantly as we increase the number of receiver antennas in the sys-

tem. The experiments reveal that the RTL simulation time forthe 2x4 MIMO con�guration

and the 4x4 MIMO con�guration is almost the same. The simulation time is a function of the

number of antennas used at the receiver side in the case of theCG method. The RTL simulation

time is on the average15times more than the SystemC simulation time. We also notice that as
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we increase the number of antennas in the con�guration, we increase the ratio of the RTL and

SystemC simulation time.
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Figure 6.6: Simulation Time - CG Method

As presented in table 6.6, the simulation time for the LMS method for the different models

follows the same pattern that we discussed for the CG method.The SystemC simulation time

does not vary signi�cantly when considering the different con�gurations. The RTL simulation

time varies signi�cantly as we increase the number of total antennas in the system, unlike the

case of CG method, where it is heavily dependant on the numberof receive antennas. The RTL

simulation time was measured to be 7 times more than the SystemC simulation time for the

implementation of the LMS method. The ratio between the SystemC simulation time and the

RTL simulation time is almost a constant for the different con�gurations studied. Figure 6.7

presents the simulation time as a function of the MIMO con�guration for the two models.
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Table 6.6:Simulation Time Comparison - LMS Method

Con�gurations 2x2 2x4 4x4

SystemC 2.12s 4.86s 7.33s

RTL 15s 28.6s 47.2s

The simulation time for the CG method is greater than that of the LMS method as can be con-

cluded from the experiments performed in this section. Optimizing the design at a high level of

abstraction does not increase the simulation time signi�cantly. Therefore, it is advantageous to

describe and to optimize designs at higher levels of abstractions than to perform the optimiza-

tion process at the register transfer level.
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Figure 6.7: Simulation Time - LMS Method
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6.6. Simulation Clock Cycles Comparisons

We discuss the clock cycles taken by the different models in this section. The experiment mea-

sures the number of clock cycles consumed by the different MIMO con�gurations. The intent

of this experiment is to verify that the SystemC model is a cycle accurate model. We used the

Verilog language to write the RTL code. We used CADENCE for compiling and simulating

our code. The frame length received at each receiver is640symbols long. The training se-

quence length at each receiver is256symbols long. We choose the estimation data length to

be a power of 2. This simpli�ed the hardware implementation,since the scalar division could

be performed by shift registers. We use an estimation data length of 16 in our experiment.

We begin by considering the conjugate gradient method. The simulation clock cycles for the

conjugate gradient method is presented in table 6.7.

Table 6.7:Simulation Clock Cycles Comparison - CG Method

Con�gurations 2x2 2x4 4x4

SystemC (cycles) 4280 16360 16360

RTL (cycles) 4592 17147 17147

The results from table 6.7 indicate that both models consumealmost the same amount of

cycles for the simulation runs. This is in accordance to whatwe expected. The results are

plotted in �gure 6.8.

Table 6.8 compares the simulation speeds for the LMS method.From the table, we notice

that the simulation cycles for the LMS algorithm is almost comparable for the two models. The
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Simulation Clock Cycles - CG Method
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Figure 6.8: Simulation Clock Cycles - CG Method

results are plotted in �gure 6.9.

Table 6.8:Simulation Clock Cycles Comparison - LMS Method

Con�gurations 2x2 2x4 4x4

SystemC 1160 2320 4320

RTL 1222 2452 4440

The results indicate that the clock cycles consumed in the case of the RTL model is slightly

higher as compared to the SystemC model for both equalization methods. This can be accred-

ited to the fact that, the RTL model requires additional control logic for its functioning. This

additional control logic consumes a few clock cycles and therefore, impacts the total simula-

tion clock cycle count. Therefore, the SystemC model is a 90%-95% cycle accurate model.

We can therefore estimate the throughput of the RTL model through the system level design

implemented using SystemC.
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Simulation Clock Cycles - LMS Method
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Figure 6.9: Simulation Clock Cycles - LMS Method

For the CG method, the cycle count for the 2x4 MIMO con�guration and the 4x4 MIMO

con�guration is the same for the two models. A possible explanation for this observation is that

the most dominating block as far as the cycle count is concerned, is the covariance estimator

block. The only difference in the two con�gurations, is the number of transmit antennas used.

A change in the number of transmit antennas affects only the channel estimator. It does not

affect the covariance estimator block and the equation solver (CG) block, because this block is

being implemented in parallel for each transmitter. Therefore, the increase in the cycle count

in the channel estimator is shadowed by the cycle count for the covariance estimator block.

However, the number of transmit antennas used in the system does affect the simulation clock

cycles for the LMS method as is presented in table 6.8. The number of clock cycles required

by the LMS method to present the �nal answer is less than that required by the CG method

as seen from this experiment. Therefore, the LMS method is preferred over the CG method in

systems that have a high number of receive antennas.
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6.7. Coding Ef�ciency

We consider the code ef�ciency for two different models in this section. We design the RTL

model from the SystemC design to maintain a one to one correspondence between the models.

We consider the 2x2 MIMO con�guration to exercise our experiment. The comparison metric

used in this experiment is the number of lines. In order to make a ef�cient comparison, every

single line of code is written on a different line. Table 6.9 presents the results for the experi-

ment. The approximate increase in the code length when we consider coding in Verilog at the

RT Level, was in the order of 3-5 times more than coding using SystemC. Therefore, SystemC

cycle accurate model provides a superior coding ef�ciency in terms of the number of code lines

compared to the corresponding RTL model.

Table 6.9:Code Length (number of lines) Comparison

Equalization Algorithm CG LMS

SystemC (lines) 247 88

RTL (lines) 897 321

6.8. Hardware Sizes

We discuss the hardware sizes (physical area) of the different algorithms in this section. We

consider the implementation of the conjugate gradient method and the least mean square

method. We consider the RTL implementation of the 2x2 MIMO con�guration in our discus-

sion. The frame length received at each receiver is640symbols long. The training sequence

104



length at each receiver is256symbols long. The estimation data length at each receiver is64

symbols. The size of one memory module is1280entries, with every entry being32bits wide.

In our experiment, we make use of two such memory modules. Oneof the memory module is

used for storing the received sequence while the other is used for storing the training sequence.

Table 6.10 presents the hardware sizes required by the different algorithms considered in this

experiment. The total area required to implement the CG method is greater than that required

to implement the LMS method. The CG method also requires two additional memory modules

of smaller sizes to store the covariance matrix estimates and the channel estimates respectively.

The CG algorithm entails a higher computational complexityas compared to the LMS algo-

rithm as discussed in chapter 5.

Table 6.10:Hardware Size Comparison

Equalization Algorithm CG LMS

RTL 19418619�m 2 17267819�m 2
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Chapter 7

Conclusions and Future Work

We now discuss the conclusions derived from the experimentsconducted in chapter 6. This

chapter also introduces possible research areas which serve to be an extension to this research

work. We begin by discussing the conclusions of this research work in section 7.1 and then

discuss potential extensions to this work in section 7.2.

7.1. Conclusions

As the design methodology elevates to the system level, the amount of logic incorporated on a

chip increases. This has resulted into the development of system on chip designs. The current

abstraction level for designing complex system is no longeroptimal. Such complexity levels in

system design justify the need for higher levels of abstraction both in design and veri�cation.

Some of the conclusions derived from this work are:

� The SystemC �oating point implementation for both equalization algorithms exhibited
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acceptable amounts of accuracy when compared with the benchmark results provided

by Matlab models. Therefore, accuracy is not lost when we design at a higher level of

abstraction using �oating point models.

� The simulations for the SystemC model ran faster than that for the Verilog RTL model.

Therefore, it is easier for the designer to explore different designs at the system level,

without the worry about increasing the design cycle time.

� The simulation clock cycles for the SystemC model was almostthe same as that of the

RTL model (in most cases slightly less because of control logic in the case of RTL).

Therefore, the cycle count can be accurately simulated at the system level using Sys-

temC. This in turn helps in estimating the throughput of the RTL design while at the

system level.

� Coding is more ef�cient when we use SystemC at the system level compared to the

coding that uses Verilog at the register transfer level.

� The register word size required for the hardware implementation of the CG method is

larger than the register word size required for the hardwareimplementation of the LMS

method. Therefore, the LMS method is more favorable in applications where the hard-

ware size is an issue.

� The CG method required more hardware size compared to the LMSmethod.

� Assertion Based Veri�cation provides a formal means of verifying a design in the least

amount of time. Therefore, the use of ABV reduces the debug time and it is ideally suited

for complex systems.
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This research work contributes in providing a new design �owthat begins at the system

level. We show, through this research, that designing at thesystem level results in an ef�cient

optimization process. Optimizing the design at the system level saves on the design resources.

For example, the simulation time remains essentially constant with variations in architectures

for the equalizer. More designs can be validated at the system level without increasing the

design cycle time. We also show, through cycle accurate model, that the cycle count can be

accurately simulated at the system level. This provides a means to the designer to estimate

the throughput of the Verilog RTL design beforehand. We explore the designs of two channel

equalization architectures to validate our contributions.

7.2. Future Work

The extension to this research work can be broadly extended in both the �elds of design and

veri�cation. We will �rst look at possible areas of interests in the �eld of design. We will then

look at possible areas of interests in the �eld of veri�cation. Below are some of the potential

research interests in the �eld of design:

7.2.1. Design Space Exploration

The performance of any hardware implementation of an algorithm (functional speci�cation)

varies as we vary the design. Design space becomes very largeespecially when the design

involves so many components. Changing the design while meeting the functional speci�cation

could result into notable improvements as far as metrics such as timing, power, physical area etc
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are concerned. Possible extensions to this research work could involve obtaining better design

representation for both the CG and LMS algorithms. We could explore ways in which we

could decrease the number of computations for the CG method which is highly computational.

The algorithms considered involved matrix computations. Therefore, we could explore better

methodologies for matrix arithmetic. One such way to decrease the power consumed by a chip

while performing matrix computation is to introduce loop unrolling to the matrix computation

while introducing pipelining.

7.2.2. Synthesizable SystemC models

It is desirable to synthesize any design that is written using available Hardware Description

Languages (HDLs). One possible research extension is to design both the CG and the LMS

architectures using synthesizable SystemC constructs. Based on the design methodology pro-

posed, a functional speci�cation is coded using SystemC, this speci�cation is re�ned to the

cycle accurate model. Once this is done, there is a manual translation of the design from the

SystemC cycle accurate model to the Verilog timing accuratemodel. One possible extension

is to consider ways of re�ning the cycle accurate model to theregister transfer level using syn-

thesizable SystemC constructs. We could then synthesize the SystemC model directly to give

power, timing and area estimates without the manual conversion to Verilog.
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7.2.3. Development of SystemC to RTL translators

Owing to the current capabilities of SystemC we cannot design an entire system using the syn-

thesizable constructs. In order to get the most out of SystemC as a modeling language we need

to use the entire set of constructs available, including thehigh level constructs derived from

the C++ libraries. Designing style at the algorithmic/architectural level is different compared

to the style at the register transfer level. Therefore, we donot have a one to one match of con-

structs between the two levels. Therefore, one possible extension to this research work could

be developing ef�cient SystemC to Verilog translators. Thetask of such translators would be

to taking a SystemC model which would have been designed at a high level and give a model

which is Verilog based at the register transfer level.

7.2.4. Transactional Level Modeling of the Architectures

Designing SystemC models using transactional level modeling (TLM) enables very fast design

space exploration and performance evaluation, veri�es thearchitectural design at upwards of

1,000 times faster than at RTL level, enables HW/SW co-veri�cation, accelerates the develop-

ment and eases the re-use of integration platforms and speeds the evaluation, integration and

re-use of IP. One possible extension to research work is to model the different algorithms using

transactional level modeling.
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APPENDIX

Verilog TestBench

module tb_main();

reg clk;

reg [31:0] a;

reg [31:0] b;

wire [31:0] c;

integer counter;

integer direction;

// SystemC model

adder add1(a, b, c);

initial begin

a = 32'b010;

b = 32'b000;

counter = 0;

direction = 1;

#10 $finish;

end
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always #5 clk = ˜clk;

always @(posedge clk) begin

a <= counter+2;

b <= 32'b010;

if (direction == 1)

if (counter == 9) begin

counter = counter - 1;

direction = 0;

end

else

counter = counter + 1;

else

if (counter == 0) begin

counter = counter + 1;

direction = 1;

end

else

counter = counter - 1;

end

always @(posedge clk) begin

$display("%d + %d = %d", a, b, c);

end endmodule
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SystemC Code

#include "systemc.h"

SC_MODULE(adder) {

public:

sc_in<sc_int<32> > ina;

sc_in<sc_int<32> > inb;

sc_out<sc_int<32> > result;

SC_CTOR(adder) {

SC_METHOD(do_adder);

sensitive << ina << inb;

}

void do_adder() {

result.write(ina.read().get_word(0) + inb.read().get_ word(0));

}

};
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