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Abstract 
 

Advances in CMOS technology have resulted in increased clock fre-

quencies, even exceeding 3GHz. At the same time, frequencies on most board 

wires are 125-800MHz. It is especially problematic in modern computer mem-

ory buses and high speed telecommunication devices, such as switches and 

routers operating at 10Gb/s on its ports. It is believed that circuit board buses 

can be used up to about 20GHz, but there is a problem with Intersymbol Inter-

ference (ISI) causing distortion of transmitted symbols by multiple reflections. 

Actually, the circuit board bus behaves like a passive low pass filter with 

unknown (perhaps changing) transfer characteristic. The problem of ISI was 

solved some time ago in the telecommunication area. With use of adaptive 

equalizers it is possible to increase throughput of a long distance communication 

channel dramatically. 

But the microprocessor bus has certain differences from telecommunica-

tion devices such as modems. First of all, the clock frequency on a bus is much 

higher than in modems. Secondly, a bus has a much more complex structure 

than a telecommunication channel. At the same time, we can’t use a lot of re-

sources for bus maintaining. 

The aim of the thesis work is to investigate the possibility of using adap-

tive equalization on a bus, and the construction of a reasonable mathematical 

model of such an equalizer. Also limits of equalization are examined and de-

pendencies are derived. 
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Chapter 1 
 

Introduction and problem statement 
 

This chapter presents a brief introduction to the problem, the require-

ments and the scope of the master thesis. 

 

1.1 Problem statement 

Modern computer systems are becoming faster1. Not long ago Intel® 

Corporation [1] introduced the Pentium® 4 processor using 2.8GHz clock fre-

quency. At the same time the most widely distributed memory is DDR333(266), 

utilizing 166(133)MHz clock frequency. So the throughput gap is approximately 

8 times. This shows that the bus is becoming a bottleneck of modern computer 

systems. The new 400MHz DDR memory has not been ratified by JEDEC [2] as 

of 09/24/2002. Even if it will be ratified, a 7x difference remains. 

Some works have been done in the area of increasing bus speed [3] [4] 

and especially I want to emphasize Rambus™ work [5]. They have evolved and 

implemented an innovative design methodology in the development of the Di-

rect Rambus™ DRAM (RDRAM®) Channel. The Rambus® Channel is a syn-

chronous, packet protocol bus. The clock operates at 400MHz, with data trans-

mitted and received at both falling and rising edges of the clock. Signal edge 

transition times can be as small as 200ps. Despite all its advantages RDRAM® 

is not widespread because of its expensiveness. Also it’s not compatible with 

previous memory technologies. Nowadays it is used in high performance serv-

ers. So there is no cheap and effective solution for increasing bus speed yet. 

                                           
1 All technologies are actual for September 2002 
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1.2 Small historical excursion 

In the beginning of the computer era, processor frequency was from 1 to 

10MHz and even for simple operations multiple clock cycles were needed. In 

these conditions 4 million memory reads/writes per second corresponded to 

250ns memory clock cycle. Standard DRAM cells had access times of 80-100ns 

and were fast enough for such processors. 

The starting frequency of the 486 processor was 25MHz. Later versions 

of the 486 processor had a bus frequency of up to 33MHz, with processor clock 

frequency raised 2 or 3 times. So the processor frequency was up to 100MHz. 

With a system bus frequency of 33 MHz the duration of memory clock cycle is 

30ns, therefore conventional memory DRAM, due to an access time of 70ns, 

could not provide data feed for one bus clock tick any more. To use the in-

creased potential of the processor it was necessary to introduce the small cache 

memory on SRAM chips with an access time of 15ns. Thus, memory access oc-

curred only in case of a cache miss. In this case, Fast Page Mode DRAM was 

used for simultaneous processor data feed and cache line fill. In spite of the fact 

that misses happened relatively seldom (3-4% of all cases), the speed of memory 

was so low, that the effective processor speed was essentially reduced. 

With Pentium processors, internal frequency began to grow quickly, and 

the system bus frequency increased to 66 MHz (a cycle duration is only 15ns). 

Fast Page Mode DRAM, though it also managed to reduce access time to 60ns, 

could not keep up with the processor (for cache line writing 10-12 clock ticks 

was required). Over time, FPM memory was replaced by EDO (Extended data 

out), which gave an insignificant performance gain. In addition, asynchronous 

15ns SRAM-memory became too slow to use as cache memory. It was neces-

sary to develop a new type of synchronous memory SRAM known as pipelined 

burst. The key parameter for this type of memory is not access time, but latency 

at data output, that is a period between search and appearance of the data in the 

bus. For SRAM chips used in the cache memory, the access time typically was 

6-8ns, less than a duration of clock period. 
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After the internal frequency of Pentium™ processors had exceeded 133 

MHz, Intel® Corporation introduced the TX and VX chip sets, which produced 

an interface with SDRAM system memory. SDRAM memory was produced in 

units such as DIMM (Double In Line Memory Module), that allowed a 64 bit 

wide bus. SDRAM chips used in such units, used a majority of circuit tech-

niques earlier used in the pipelined burst cache. As a result SDRAM DIMM 

units could  achieve the same speed of burst data transfer as for the cache, de-

spite the greater access first time. 

In 1997, Intel® corporation presented the Pentium™ II processor with 

internal frequency of 233-300 MHz. The new assembly was a module, which 

included L2 cache (second level). The processor/cache interface operated at 100 

MHz had such specific design and electrical requirements, that it physically had 

to be realized within the processor/L2 module. Because of the high-speed bus 

signaling, the bus was custom designed to reduce excess wiring and improve 

wire-wire parameter matching. However the system memory bus frequency re-

mained 66 MHz. 

Today, frequencies of the memory bus and the processor have diverged 

from 2-3x to 8x. 
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1.3 Requirements 

Investigation of ISI canceling is needed and we will study the use of 

adaptive equalization. The solution needs to be simple, cheap and effective. 

It is needed to start from a real channel model simulated in HSpice to get 

a knowledge about bus distortions and ISI. Also, it will be useful to look at 

crosstalks and Gaussian noise because they can limit the use of adaptation. 

It is possible that a negative result of the investigation might be obtained 

due to theoretical limitations. It is also useful to know if this attempt of problem 

solution is wrong. 
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Chapter 2 
 

Bus properties 
 

This chapter is devoted to theoretical concepts of adaptation and equali-

zation. Also physical bus fundamentals are presented. 

 

2.1 Bus fundamentals 

Perhaps, the only way to extend the digital channel capacity is to in-

crease its operation frequency and width of the bus that follows from the follow-

ing relation [6]: 

Th=fc*wb 

Th – throughput of the bus, bit/s 

fc – bus clock frequency 

wb – width of the bus (bit) 

Multiple methods are used to increase the efficiency of the digital chan-

nel, and to reduce delays of the memory component itself. These are: use of 

static memory in a dynamic chip (EDRAM, CDRAM); introduction of virtual 

high-speed channels (VCM technology); finally, combining high frequencies 

and narrow buses (RDRAM technology, SLDRAM and RLDRAM). However, 

all this is no more than an additional mean for reaching as high throughput as 

possible of separately taken digital channel. 

To achieve a high bus speed it is possible (for instance, direct RDRAM 

fc≥400Mhz) that hard technical solutions such as mandatory terminations, sur-

face mounting and capacity limitation on external outputs would be required.  

However, simultaneously increasing frequency and increasing data bus 

width is extremely difficult. With increase of a data bus width there is a problem 

of integration of chips and also a problem of electrical noise. A wide bus means 

many signals will switch simultaneously generating more high-frequency noise.  
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2.2 Electromagnetic interference 

High frequencies, high currents and crossing signal buses cause a dan-

gerous phenomenon called EMI – Electromagnetic interference [6]: 

EMI=kIAf2 

k – proportional coefficient 

I – RMS current 

A – crossing coefficient 

f – frequency 

In practice, with frequencies higher than 350MHz, functional depend-

ence becomes almost cubical. 

There are two EMI forms: CMR (Common mode radiation) and DMR 

(Differential mode radiation). CMR characterizes localized noise with respect to 

ground, which is introduced by propagation path between input and output be-

cause long signal leads behave as an antenna. DMR is a result of current loops 

formed between signal leads and ground leads. These loops behave like a mag-

netic antenna and completely depend on loop length. The level of dissipated en-

ergy may be large enough to exceed FCC (Federal Communication Commis-

sion)[7] requirements. 

 

 

2.3 Reciprocity of a multidrop bus 

There are two types of buses: point-to-point buses and multidrop buses. 

Point-to-point buses are very convenient but not suitable for motherboards, be-

cause a processor communicates with several memory banks (usually 2 to 4). 

A multidrop bus[8] is illustrated in Figure 1. Several modules, usually 

PC boards, connect to the bus via transceivers and wiring stubs. At any given 

point in time, one module is authorized to transmit and the other modules listen. 

From an abstract point of view, this bus is very convenient, since it permits, al-

beit in a serialized manner, any module to communicate with any other module. 
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Figure 1. A Multidrop Bus 

While in the point-to-point bus it is possible to avoid multiple reflections 

with the use of exact termination, in the multidrop bus it is impossible. Reached 

stub signal is partially reflected and partially propagated to both branches. The 

reflected signal is added to propagated signal at modules with different delays, 

that causes ISI. 

A very important property of a bus is its reciprocity. This means a bus 

has the same step response h(t) in both directions. This follows directly from 

four-pole theory. If a four-pole is passive and has the same termination on both 

ends, we can swap input and output nodes and the input signal will have the 

same shape on output. Reciprocity is shown in Figure 2. For proof refer to p.61 

[9].  

 

U2=U’2       =>       U’1=U1 

 

 

 

 
Figure 2. Reciprocity of a bus. 
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Chapter 3 
 

Adaptive equalizers basics 
 

A telecommunication system basically consists of three parts[10]. At one 

end is the transmitter. The transmitter accepts information from a source, 

transforms it into a form that can be transmitted and sends it over a channel. The 

channel possibly distorts the transmitted signal before it reaches the receiver. It 

is then the receivers job to figure out what signal was transmitted, and to turn it 

into understandable information. If everything goes well, the information the 

receiver delivers should coincide with the information fed into the transmitter. 

 

 

 
Figure 3: Basic components of a transmission system. 

 

Digital communication differs from its analogue counterpart in that it 

can only transmit a finite number of waveforms. The information to be 

transmitted is typically a stream of binary digits. 

The information reaching the transmitter is typically coded, i.e. 

redundant bits have been added to the message to provide protection against 

transmission errors. In the same way, the information that leaves the receiver 

must be decoded before it can be used. Neither encoding nor decoding will be 

discussed further, and the treatment of digital communication systems in general 

is very brief in this thesis. For a more complete treatment of such systems, see 

[11]. 

 

3.1 The Interface of a Digital Communication System 

The data that is to be transmitted in digital communication systems are 

typically bits. In the transmitter, these binary digits are divided into groups and 

Transmitter Channel Receiver 
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each group of bits is mapped into a so-called symbol. A symbol is a real or 

complex number. 

Every discrete symbol is transformed into a continuous-time signal by a 

generalized form of DA-conversion known as pulse shaping, which is depicted 

in Figure 4. In its simplest form, pulse shaping is accomplished by using a zero-

order hold DA converter, which will result in a rectangular pulse shape. 

However, more intelligent design of the pulse shaping filter improves the 

spectral effeciency of the continuous-time signal. 

 

 

 

 
Figure 4: Pulse shaping with the pulse shaping filter. In this example, the 

resulting pulse shape is a so-called raised cosine pulse. 

 

The continuous-time signal is called a baseband signal. Its spectrum is 

depicted in Figure 5. The baseband signal has a symmetric spectrum around the 

center frequency f=0 if and only if the symbols are real. This is a well known 

fact from complex analysis: only real signals have a spectrum that is symmetric 

with respect to f=0. 

 

 

 

 
Figure 5: The spectrum of the baseband signal. The spectrum is symmetric 

around f=0 if and only if the symbols are real. 

 

 

3.2 The transmission model 

Consider the received sampled data sequence  {y(t)}N
t=1, generated by 

transmission of one data burst, {d(t)}N
t=1 , over a time-variant and time-

p(t) 
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dispersive channel. By regarding the entire channel from the symbol sequence 

d(t) to the sampled measurements y(t) as a discrete-time system, it is possible to 

model the channel as 

             m 

y(t)=Ht(q-1)d(t)+v(t)=ht
0d(t)+ Σ ht

kd(t-k)+v(t);   t=1,…,N       (1) 
            k=1 

where  Ht(q-1)=ht
0+ht

1q-1+…+ ht
mq-m 

 

{ht
k}m

k=0 is the complex-valued, time-varying impulse response of the equivalent 

discrete-time channel. v(t) is measurement noise of zero mean, which is 

assumed to be independent of the symbol stream. I also make the assumption 

that the input stream is white, i.e. E[d(t)d(τ)]=0 for t≠τ. 

Now, if the input d(t) is to be recovered from y(t), it is evident from the 

right hand side of (1) that the middle term, the intersymbol interference, and the 

noise v(t) distorts the detection of d(t) from y(t). To extract the symbols, I use an 

equalizer. The design of the equalizer obviously depends on the impulse 

response of the channel. Since this is not only unknown, but also time-variant, 

an adaptive equalizer has to be used. 

The problem of designing an equalizer is complicated by the fact that the 

possible regressors  {d(t)} are unknown as well. I cannot use adaptive modelling 

directly, since I do not know the input to the adaptive filter. Also, I cannot 

directly use inverse adaptive modelling since I do not know the desired signal. 

To cope with this problem, I first transmit a known (training) sequence. It helps 

the filter to adapt to the channel characteristics. This part I call system initializa-

tion. When the filter is adapted (I consider the filter adapted when the eye dia-

gram is open on 50%), further adaptation can occur in the decision phase. See 

Figure 6. 
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Figure 6: System adaptattion 

 

It is thus natural to partition the adaptation procedure into two modes: 

1. Learning-directed mode, {d(t),y(t)}Ntr
t=1: Training sequence {d(t)}Ntr

t=1  

is utilized to initialize equalizer parameters. 

2. Decision-directed mode, {d’(t),y(t)}N
t=Ntr+1: Detected symbols, 

{d’(t)}N
t=Ntr+1, are used as substitutes for {d(t)}N

t=Ntr+1 . The adaptation of the 

filter parameters is then based on detected data. 

The adaptive equalization problem is depicted in Figure 7. An inherent 

difficulty is that adaptation has to be based on detected data, {d’(t)}. If incorrect 

decisions are made and subsequently used in the adaptation, there is a potential 

risk of losing tracking ability. If the tracking is lost, too many errors will occur, 

which in turn will make the equalizer useless. However, since a bus system is 

supposed to operate under such conditions that almost all decisions are correct 

and an error check is introduced, this is not a serious problem. 

 

 

 

 

 

 
Figure 7: A transmitted sequence of data {d(t)}, propagating through a time-

variant channel, yields a received sampled sequence {y(t)}. The training sequence and 

corresponding data in the received sequence are used to initialize the adaptation. In 

decision-directed mode, the transmitted (unknown) symbols, d(t) are replaced by 

decisions d’(t) and adaptation of filter parameters works in tandem with the symbol 

estimator. 

 

Estimation of 
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3.3 Equalizer design. 

An equalizer is an input estimator. Since I am interested in making 

correct decisions, it is natural to choose an input estimator that minimizes the 

probability of making an error, i.e. d’(t)≠d(t). Such an estimator is optimal under 

the so-called MAP-criterion (MAP=Maximum A posteriori Probability). If all 

values in the symbol alphabet are equally probable, this criterion is equivalent to 

the more familiar ML-criterion (ML=Maximum Likelihood). If the noise is 

white and gaussian, this optimal estimator computes the quantity  

          N 

J= Σ |y(t)-Ht(q-1)d’(t)|2 
       t=Ntr+1 

for all possible input sequences {d’(t)}N
t=Ntr+1 and chooses the sequence which 

results in the smallest J. Since the estimator makes decisions concerning a 

sequence of symbols rather than a single symbol, this detection scheme is called 

MLSE, Maximum Likelihood Sequence Estimation. 

The MLSE can be relatively efficiently implemented using the so-called 

Viterbi algorithm, which also enables symbol-by-symbol detection. Still, the 

complexity of the detection algorithm increases exponentially with the length of 

the channel impulse response. 

Due to the complexity of the optimal algorithm, suboptimal schemes 

based on linear filters can be used. An outline of such an approach is depicted in 

Figure 8. The filters produce an estimate d’’(t) of the transmitted symbol d(t). 

This estimate is fed into a decision device to obtain a detected symbol d’(t). The 

decision device selects the symbol which is closest, in Euclidean distance, to the 

estimate d’’(t). For example, if d(t) takes the possible values ±1, the decision 

device would simply be d’(t)=sgn(d’’(t)), where sgn() is the sign function. Our 

goal is still to minimize the probability of making an erronous decision, i.e. 

d’(t)≠d(t). To achieve this goal, I choose filters which minimize the mean square 

error of the estimate d’’(t), i.e. minimize E[|d(t)-d’’(t)|2]. 
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Figure 8: The structure of an equalizer. The transmitted symbols {d(t)} 

propagate through a time-variant and time-dispersive channel, having the impulse 

response {hk(t)}m
k=0. The received signal y(t) is corrupted by noise v(t). The filters give 

an estimate d’’(t) and a decision device selects the symbol d’(t). 

 

In the following, I’ll present two types of equalizers which are often used 

in practice: the transversal linear equalizer and the transversal decision feedback 

equalizer. In contrast to the linear equalizer, the decision feedback equalizer 

utilizes the fact that the input attains only a finite number of values, e.g. ±1. The 

linear equalizer is described also in Chapter 10 in [12]. 

 

3.3.1 The linear transversal equalizer 

The aim of a linear equalizer is to estimate d(t) from (delayed) noisy 

measurements  

d’’(t)=Ct(q-1)y(t)   (2) 

 

As stated earlier, I wish to make the estimation error as small as possible. 

Let a time-variant channel model of (1) be expressed in transfer function form 

 

y(t)=Ht(q-1)d(t)+v(t),   (3) 

where Ht(q-1)=ht
0+ht

1q-1+…+ ht
mq-m 

 

Substitution of y(t) from (3) into (2) yields 

 

d’’(t)=Ct(q-1)Ht(q-1)d(t)+Ct(q-1)v(t) 

 

Channel Filters Decision 
device 

d(t) 
v(t) 

y(t) d’’(t) d’(t)

Equalizer

Decision feedback
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The estimation error is now given by 

 

ε(t)=d(t)-d’’(t)= [1- Ct(q-1)Ht(q-1)]d(t) - Ct(q-1)v(t) 

 

I observe that the estimation error consists of two terms, one term 

originating from the intersymbol interference and the other from the noise. 

Ideally, if Ht(q-1) is stably invertible, and there is no noise present,                

Ct(q-1)=1/Ht(q-1) would make the error zero. There is however no guarantee 

whatsoever that Ht(q-1) has all its zeroes inside the unit circle. 

The traditional way of dealing with this problem is to use an FIR, or 

transversal, equalizer: 

 

Ct(q,q-1)=ct
-Lq-L+…+ct

0+…+ct
LqL 

 

Notice that this is a non-causal filter, i.e. the output at time t depends not 

only on present and past inputs, but also on future ones. The non-causality is not 

a serious problem, since I in practise can introduce a sufficiently long delay in 

the estimator to make it causal. This means of course that the estimator instead 

can be written  

 

d’’(t-L)=Ct(q,q-1)y(t-L)   (4) 

 

which is causal. The estimator above introduces an unwanted delay of L samples 

into the detection process. To estimate d(t) without this delay would however be 

hazardous, since only one of the available measurements (y(t)) contains any 

information about d(t). If h0
t is small, this measurement could easily be 

destroyed by noise. The probability of correctly detecting d(t) then diminishes. 

If more measurements (y(t+j), j=1,…,m) are used in the detection process, the 

noise has to distort many measurements to cause an error. In general, the 

probability of error is reduced as the decision delay (or smoothing lag) L 
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increases. Increasing L however means increased complexity, so the choice of 

filter size is a trade-off between complexity and performance. 

The coefficients of Ct(q,q-1) are determined to minimize the mean square 

error (MSE) of the estimate: 

 

Ct(q,q-1)=arg minE|ε(t)|2 

 

The minimum MSE solution corresponds to solving a set of 2L+1 linear 

equations, the so-called Wiener-Hopf equations[10]. 

The length of the linear transversal equalizer must often be chosen rather 

large if good performance is to be obtained. 

 

3.3.2 The transversal Decision Feedback Equalizer (DFE) 

A better equalizer is the decision feedback equalizer. It uses past 

decisions d’(t) in the estimation, to remove interference from symbols which 

have already been detected. A transversal DFE with a finite smoothing lag (or 

decision delay) mf has the structure  

 

d’’(t)=qmfSt(q-1)y(t)-Rt(q-1)d’(t-1),   (5) 

 

where 

 

St(q-1)=st
0+ st

1q-1+…+ st
mfq-mf 

Rt(q-1)=rt
1+ rt

2q-1+…+ rt
mqm-1 

 

The smoothing lag is a design parameter, i.e. it is chosen by the system 

designer. As for the linear equalizer, the choice of smoothing lag is a trade-off 

between complexity and performance. 

Usually, St(q-1) and Rt(q-1) are referred to as the forward filter and the 

feedback filter, respectively. 
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The structure of the DFE is depicted in Figure 9. 

 

 

 

 

 
Figure 9: The structure of a decision feedback equalizer. It consists of the filter 

St(q-1) in the forward path, the filter Rt(q-1) in the feedback path from d’(t-1), and a 

decision device. 

 

We note from above that the order of the feedback filter is determined by 

the length of the channel impulse response. The order of the forward filter 

equals the smoothing lag. Thus, the transversal DFE is described by the 

following coefficient vector 

 

θt
eq=(st

0 … stmf    rt
1 … rt

m)T 

 

Let us illustrate the basic idea behind the DFE. The most obvious way to 

utilize past decisions would be to rearrange (1), substitute detected data d’(t) for 

d(t) and then divide by ht
0 to obtain an estimate 

                 m 

d’’(t)=(1/ht
0)[y(t)- Σ ht

kd’(t-k)]    (6) 

                k=1 

This estimator corresponds to setting mf=0 and choosing S(and          

Rt(q-1)=1/ht
0[ht

1+ ht
2q-1+ … +ht

mq-(m-1)]. Now, substitution of y(t) from 

(1) into (6) yields  

             m 

d’’(t)=d(t)+ (1/ht
0)Σ ht

k[d’(t-k)-d(t-k)]+(1/ht
0)v(t) 

k=1 

 If the past decisions   {d’(t-k)}m
k=1 were correct, the estimate becomes 

 

St(q-1) 

Rt(q-1) 

Decision 
device Σ

y(t+mf) d’’(t) d’(t)

DFE q-1 
- 

+ 
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d’’(t)=d(t)+(1/ht
0)v(t) 

 

Clearly, this estimator removes all the intersymbol interference caused 

by the previously transmitted symbols d(t-1),…,d(t-m). In the noise-free case, I 

thus have d’’(t)=d(t). However, if ht
0 is small, the noise will be severely 

amplified. Again, reduction of the intersymbol interference must be balanced 

against noise amplification. 

 

3.4 Adaptive equalization structures 

In this section, I describe two different approaches to adaptive 

equalization: the direct and the indirect equalization scheme. The direct scheme 

corresponds to the inverse modelling approach discussed in Chapter 10 in [12]. I 

thus use an adaptive algorithm to adjust the filter coefficients in order to 

minimize the difference between our desired response (d(t) or d'(t)) and the 

output of the DFE (d’’(t)). 

In the indirect scheme I use adaptive modelling to estimate the impulse 

response of the channel. I thus adjust our adaptive filter so that its output 

matches the output of the channel when it is driven by d(t) or d’(t). I then design 

a DFE using the estimated channel impulse response. 

The estimates produced by the equalizers discussed in the previous 

section can be obtained as an inner product of two vectors  

 

d’’(t)=ϕT
eq(t)θt

eq 

 

where θt
eq is a vector of time-dependent equalizer parameters and ϕT

eq(t) a vector 

of regressors. 

For the linear equalizer above I have that 

 

ϕT
eq(t)=(y(t+L) … y(t) … y(t-L)) 

θt
eq=(ct

-L … ct
0 … ct

L)T=θt
c 
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and for the decision feedback equalizer I obtain, in decision-directed mode, 

 

ϕT
eq(t)=(y(t+mf) … y(t)-d’(t-1) … -d’(t-m)) 

θt
eq=(st

0 … st
mf   rt

1… rt
m)T 

 

To obtain detected symbols d’(t), the estimates d’’(t) are fed into the 

decision device. Before I proceed to describe the two adaptive equalization 

approaches, let me make some notes about the time-varying estimation problem. 

The goal in the estimation (tracking) of a time-varying system is to 

determine a sequence of parameter estimates,  {θ’t}N
t=1, such that the cumulative 

squared prediction errors are minimized, 

            N 

{θ’t}N
t=1=arg min Σε2(t, θ)  

              {θt} t=1 

In order to minimize this criterion, parameters of time-varying systems 

are often estimated by recursive algorithms having the structure 

 

θ’t = θ’t-1+K(t)ε(t)    (7) 

 

The choice of gain vector sequence  {K(t)} differs in different 

algorithms. I note from (7) that K(t) cannot tend to zero, and still retain tracking 

capability. For the particular case of a linear regression model I choose to 

express the gain as 

 

K(t)=P(t)ϕ(t), 

 

where P(t) is a positive definite matrix. For more details see [13]. It should be 

mentioned that there exist other algorithm structures than (7), which are more 

suitable in some cases. 
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3.4.1 Direct adaptation of the equalizer parameters 

The traditional and the most straightforward way of adapting the 

coefficients in an equalizer, is to update the equalizer coefficient estimates, θ’t
eq 

directly from data. The adjustment of the coefficients is based on recursive 

minimization of a function of the input prediction error. In training mode, this 

error is given by  

εd(t)=d(t)-d’’(t), 

 

while in decision-directed mode, detected symbols are used as 

substitutes for the unknown transmitted symbols so that εd(t)=d’(t)-d’’(t),. Thus, 

at each time instant, the equalizer parameters are updated by a recursive 

algorithm 

 

θ’t
eq = θ’t-1

eq+Keq(t)εd(t). 

 

This is also known as inverse adaptive modelling, since I am trying to 

model the inverse of the channel. 

 

 

3.4.2 Indirect adaptation of the equalizer parameters 

Indirect adaptation is based on adaptive modelling of the channel 

coefficient vector  

 

θt
ch = (ht

0 … ht
m)T. 

 

Using the updated channel parameters  the equalizer parameters are 

calculated occasionally, possibly at every sample, by performing a mapping 

θ’t
eq=θ’t

ch. The estimation is based on recursive minimization of a function of 

the output prediction error 
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εy(t)=y(t)-y’(t) 

 

When the noise v(t) in (1) is white, the one step prediction is simply 

 

y’(t)=ϕT
ch(t)θ’t

ch 

ϕT
ch(t)=(d(t) … d(t-m)), 

 

where ϕT
ch(t) is the channel regression vector. In decision-directed mode, 

I am forced to use detected symbols ϕT
ch(t)=(d’(t) … d’(t-m)) to replace the 

unknown transmitted symbols. 

Thus, in this approach I first estimate the impulse response and then 

calculate the equalizer parameters: 

 

θ’t
ch=θ’t-1

ch+Kch(t)εy(t) 

θ’t
eq=f(θ’t

ch) 

 

Here I substitute estimates θ’t
ch for the true channel coefficients. For the 

decision feedback equalizer, I have to solve  possibly at each time instant: 

 

[ρ’I+Ft
tFt]θ’t

s=h’t
s   θ’t

r=ϑ tθ’t
s 

 

The indirect approach is illustrated in Figure 10. In contrast to the direct 

approach, this approach requires the noise power Ev2(t) to be estimated. 
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Figure 10: The structure of an indirect adaptive equalizer. At each time instant, 

the channel model coefficients are updated via the estimate θ’t
ch, produced by the 

channel estimator. Inputs to the channel estimator are the regression vector ϕch(t) and 

the output prediction error εy(t), respectively. Based on this channel estimate, the 

equalizer parameters are updated by making the mapping θ’t
eq=f(θ’t

ch). 

 

3.5 Comparison 

From the discussion above, it follows that the most straightforward 

approach to adaptive equalization is to use the direct form. However, this 

approach might lead to a very difficult tracking problem. A closer examination 

of the (MSE optimal) equalizer parameters, derived and discussed in Section 3, 

indicates a non-linear relationship between the parameters and the channel 

coefficients. This follows from the fact that an equalizer attains channel 

inversion in some way. 

The typical relation is ~1/ht
0, where ht

0 is the direct term in the channel 

impulse response. A problem arises when ht
0 passes zero. Then, large and rapid 

changes in the equalizer parameters occur. These parameter “jumps” are the rea-

son why direct adaptation of equalizer parameters could result in a very difficult 

tracking problem. This problem is avoided if the equalizer parameters are up-

dated via channel estimates. The channel coefficients might change rapidly, but 

normally smoothly, without large jumps. 

θ’t
eq=f(θ’t

ch) 

Σ

ϕT
eq(t) 

d’(t) 

y’(t)

DFE Channel 
estimator

- 
+ 

θ’t
ch 

ϕT
ch(t)

{d(t)}Ntr
t=1

y(t) εy(t) 
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Chapter 4 
 

Industry channel model simulation 
 

This chapter presents my research of an industry HSpice bus model. 

 

The investigation is started from an industry channel model to demon-

strate, that equalizer works not only with a theoretical model of the bus but also 

with a real model taken from the industry. But as the equalizer is adaptive, we 

provide flexibility to allow any model of the bus. Further, the worst case model, 

that distorts a transmitted signal more strongly, is studied to demonstrate that the 

equalizer work does not depend on the characteristics of the channel. 

Intel® Corporation provided the data from industry. The data represents 

the complete description of the bus characteristics in a HSpice format. All resis-

tances, inductances, capacities, mutual inductances are included in the descrip-

tion. The purpose of my research of this model is to get the step response of the 

bus. Having the bus step response makes it possible to feed the designed equal-

izer with a distorted signal modeling a signal that has propagated through this 

bus. 

The HSpice model consists of two types of files. The first type is the file 

describing connection of different elements and the second type describes the 

characteristics of transmission lines. I use an industrial model of a standard 2-

stub DDRII memory bus with on-die terminations and with a maximum bus 

length of 140mm (see Figure 11). The model describes the computer chip, the 

package of that chip, a 10mm wire on the circuit board, a circuit board via, a bus 

on the circuit board, two DIMM units connected to that bus, each DIMM unit 

containing a contact, a board wire, a termination and a memory chip. 

As can be seen in Figure 11, the circuit is very heterogeneous, in that it 

causes multiple reflections. 
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Figure 11. Simplified model of a bus. 

 

Figure 12 shows the results of those multiple reflections. The plot in fig-

ure 12 corresponds to the following sent sequence: 
N 1 2 3 4 5 6 7 8 9 10 11 12 13 14

bit 1 0 1 1 1 1 1 1 1 0 1 1 1 1 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 12. High frequency response of the bus model. 
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The response of the bus modeled in Figure 11 distorts the symbol se-

quence such that the amplitude of the first ‘1’ is less than that of the 10th ‘0’ in 

this sequence, as shown in Figure 12. The crosstalk amplitude is 8%. 

For adaptive filter simulations a model of the distorted signal is needed. 

To get this model I give a step to the bus model input, and the response is ob-

served on the bus model output. This step response is depicted in Figure 13. 

Figure 13. Obtained step response. 

 

Now, having the step response, the distortion of any binary signal se-

quence can be precisely determined. It can be done with the use of convolution. 

In case of transition from zero to one there is a positive step and it is necessary 
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to add a step response to all subsequent pulses with the appropriate delay. In 

case of transition from one to zero there is a negative step and it is necessary to 

subtract step response from all subsequent pulses with the appropriate delay, as 

illustrated in Figure 14. 

 

 

 

 

 

 

 

 
Figure 14. Illustration of the convolution. 

 

After bus propagation the digital signal does not have only ones and ze-

roes but also middle values. To analyze it an A/D converter is needed. To sim-

plify an estimated adaptive equalizer, a sampling frequency equal to the bus 

clock frequency is used. The received signal is thus analyzed only at certain 

points on the falling edge of the bus clock (Figure 15).  

 

 

 

 

 

 

 

 

 

 
Figure 15. Received and sampled signals. 
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I started with bus clock frequency equal to ft=1GHz, which requires ref-

erence points every 1ns. Measurements of h(t) are: [0.43, 0.48, 0.48, 0.47, 0.48, 

0.48 …]. I assume that other points are equal to 0.48. I don’t take into account 

amplitude losses so I bring h(t) to 1 (normalize it):  h(t)=[0.9, 1, 1, 0.98, 1, 1]. 

The measurement methodology is depicted in Figure 16. 

Figure 16. Measurement methodology of h(t) on frequency ft=1GHz. 

 

Initially, I use this optimistic h(t) to show basic functionality of the de-

sign. Next I use an h(t) which corresponds to a much worse distortion, for ex-

ample h(t)=[0.6, 0.5, 0.8, 0.9, 1]. This h(t) corresponds to a poorly balanced line 

with unmatched terminations. 
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Also h(t) corresponding to a bus clock frequency of ft=2GHz (0.5ns dis-

tance between reference points) is measured. Results are shown in Figure 17. 

 

Figure 17. Measurement of h(t) on frequency ft=2GHz. 

 

Obtained value of step response is h(t) = [0.25, 0.44, 0.43, 0.48, 0.48, 

0.48, 0.48, 0.47, 0.48]. Or brought to “1” h(t) = [0.52, 0.92, 0.90, 1, 1, 1, 1, 0.98, 

1]. 
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Chapter 5 
 

Adaptive filter modeling in Matlab®   
 

This chapter presents my modeling of an adaptive equalizer in Matlab®. 

 

DFE is taken as model of the filter (see 3.5), because it is able to remove 

interference from symbols, which have already been detected. Moreover, DFE 

reduces the buffer word length since it only stores one bit data. 

In the previous chapter, the impulse response of the industrial bus model 

was obtained. With the use of convolution it is possible to synthesize distorted 

signal as if it was transmitted over the bus. I use the mathematical filter sche-

matic shown in Figure 18. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 
Figure 18. Mathematical filter schematic (3rd order filter). 
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Variables for filter adjusting are: 

• mu – updating coefficient, is responsible for equalization speed, normally 

mu=0.1…0.001. 

• Filter order, which depends on the extent of distortion. The filter order is ap-

proximately equal to the number of non “1” coefficient of h(t). 

• Filter precision (bits), depends on precision needed for the decision device 

(quantizer to 1 bit). 

• Training stage time; depends on all above (usually 100-1000 samples). 

Now it is possible to feed the input of the filter with distorted signal and 

observe output. During simulations I observed: channel input (not distorted se-

quence), channel output i.e. filter input (distorted sequence), error (difference 

between signal before and after decision device), filter coefficients and histo-

grams of equalization process. In Figures 19 and 20, results of the first experi-

ment are shown. 

Figure 19. Experiment #1 (ft=1GHz), training time is 50 samples. Input se-

quence, distorted sequence, error and filter coefficients.  
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Figure 20. Experiment #1 (ft=1GHz), training time is 50 samples. Histograms 

(correspond to eye diagram in certain points): all samples before equalization, beginning 

of adaptation, continuation of adaptation, end of adaptation. 

 

Experiment #1 is done at ft=1GHz with the aim of observing the ideal case. It 

doesn’t include noise, crosstalk and coefficient quantization. 

Experiment #2 is done to observe the results for ft=2GHz. Results are depicted 

in Figure 21. 

Next, experiments #3-8 were run using ft=2GHz. 

In experiment #3 coefficient quantization is introduced (4 bits). 

In experiment #4 some random noise (rectangular distribution) is added. Noise 

amplitude = 10% of the input signal, 6 bits coefficient quantization is used also. 

In experiment #5 a small h(t) (±3%) changing is introduced after 1500 samples. 

In experiment #6 the number of filter stages decreased to 4. 

In experiment #7 h(t) is changed to a value corresponding to a poorly balanced bus. 

In experiment #8 noise is increased to 25% of the input signal. 

In experiment #9 frequency is increased to 4GHz. 
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Figure 21. Experiment #2 (ft=2GHz), training time is 200 samples. Input se-

quence, distorted sequence, error and filter coefficients. Histograms: all samples before 

equalization, beginning of adaptation, continuation of adaptation, end of adaptation. 
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Figure 22. Experiment #3 (ft=2GHz), 4 bit coefficients quantization added, 

training time is 200 samples. Input sequence, distorted sequence, error and filter coeffi-

cients. Histograms: all samples before equalization, beginning of adaptation, continua-

tion of adaptation, end of adaptation. 
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Figure 23. Experiment #4 (ft=2GHz), 6 bit coefficients quantization, 10% ran-

dom noise is added, training time is 300 samples. Input sequence, distorted sequence, 

error and filter coefficients. Histograms: all samples before equalization, beginning of 

adaptation, continuation of adaptation, end of adaptation. 
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Figure 24. Experiment #5 (ft=2GHz), 6 bit coefficients quantization, 10% ran-

dom noise added, training time is 300 samples, after 1500 samples h(t) is changed 

(changes are 3%). Input sequence, distorted sequence, error and filter coefficients. His-

tograms: all samples before equalization, beginning of adaptation, continuation of adap-

tation, end of adaptation. 



 35

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 
Figure 25. Experiment #6 (ft=2GHz), 6 bit coefficients quantization, 10% ran-

dom noise added, training time is 300 samples, number of filter stages reduced to 4. In-

put sequence, distorted sequence, error and filter coefficients. Histograms: all samples 

before equalization, beginning of adaptation, continuation of adaptation, end of adapta-

tion. 
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Figure 26. Experiment #7 (ft=2GHz), 6 bit coefficients quantization, 10% ran-

dom noise added, training time is 1000 samples, h(t) is changed to h=[0.4 0.8 1.1 0.9 1.05 

0.95 1.02 0.98]. Input sequence, distorted sequence, error and filter coefficients. Histo-

grams: all samples before equalization, beginning of adaptation, continuation of adapta-

tion, end of adaptation. 
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Figure 27. Experiment #8 (ft=2GHz), 6 bit coefficients quantization, 25% ran-

dom noise added, training time is 2000 samples, h(t) is changed to h=[0.4 0.8 1.1 0.9 1.05 

0.95 1.02 0.98]. Input sequence, distorted sequence, error and filter coefficients. Histo-

grams: all samples before equalization, beginning of adaptation, continuation of adapta-

tion, end of adaptation. 
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Figure 28. Experiment #9 (ft=4GHz), 8 bit coefficients quantization, 5% random 

noise added, training time is 10000 samples, h(t) is changed to h=[0.2 0.5 0.4 0.7 0.8 0.75 

0.85 0.9 0.95 1.02 1.1 0.9 1.05 0.95 1.02 0.98]. Input sequence, distorted sequence, error 

and filter coefficients. Histograms: all samples before equalization, beginning of adapta-

tion, continuation of adaptation, end of adaptation. 
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Chapter 6 
 

Results analysis and conclusions 
 

This chapter presents an analysis of the experiments, some dependencies 

are derived and conclusions are made. 

 

Experimental results have shown the advantage of the adaptive equal-

izer. It is possible to remove ISI products for a frequency of 2GHz with 10% 

noise and for a frequency of 4GHz with 5% noise up to a 60% eye diagram 

opening. 

To decrease the cost of memory, it is considered to place the equalizer 

on the processor side. On the memory side, only a decision device is needed. 

When the memory transmits data to the processor, the data is distorted by the 

bus and then recovered by the equalizer. When the processor transmits data to 

the memory, the data is predistorted by the equalizer and then recovered by the 

bus. Reciprocity (see Chapter 2) of a bus gives us the possibility of using the 

same set of coefficients in both directions. After initialization of the system 

memory it should transmit 500-1000 training samples for the adaptation process. 

After the adaptation is complete (eye diagram is 50% open) it is possible to 

transmit data in both directions. 

The error rate depends on how wide the eye is opened and the level of 

Gaussian noise. As Gaussian noise has no amplitude limit it can be larger than 

50% of the signal amplitude but with a low probability of occurrence. Normally 

CRC is used in computer systems, so it is possible to neglect such probability of 

an error. 

Precision tests have shown that the best precision is 6-8 bits, but 4-bit 

precision is also acceptable. Precision affects the speed of all operations in the 

filter. With a frequency of ft=1GHz, the time for the filter to accomplish multi-
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plication, addition and rounding is less than 1ns. There is a trade off between 

performance and speed. 

Noise tests have shown that the device can tolerate random noise and 

crosstalk up to 20% of input signal amplitude with ft=2GHz and up to 10% with 

ft=4GHz. 

The filter order is equal to 1+Nh (t)≠1, where Nh(t)≠1 is a number of coeffi-

cients which are not equal to ‘1’. For example h=[0.55 0.85 0.75 0.85 1.05 0.90 

1.02 0.95 1 1 1] means there are 8 not equal to ‘1’ members. Therefore filter or-

der should be 9. It is possible to decrease filter order to 4 but that causes losses 

of up to 44% (2*[0.05+0.1+0.02+0.05]) in the eye diagram. 
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List of Acronyms 
 

AD –  analog to digital 

CMOS –  complimentary metal oxide semiconductor 

CMR –  common mode radiation 

DA –  digital to analog 

DDR –  double data rate 

DFE –  decision feedback equalizer 

DIMM –  double in line memory module 

DMR –  differential mode radiation 

DRAM –  dynamic random access memory  

EMI –  electromagnetic interference 

FPM –  fast page mode 

ISI –  intersimbol interference  

JEDEC –  Joint Electron Device Engineering Council 

L2 –  level 2 

MAP –  maximum a posteriori probability 

MLSE –  maximum likelihood sequence estimation 

MSE –  mean square error 

PC –  personal computer 

SRAM –  static random access memory 

SSC –  spread spectrum clock 
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Glossary 
 

Eye diagram - An eye diagram is a simple and convenient tool for 

studying the effects of intersymbol interference and other channel impairments 

in a digital transmission. To construct an eye diagram, plot the received signal 

against time on a fixed-interval axis. At the end of the fixed time interval, wrap 

around to the beginning of the time axis. Thus the diagram consists of many 

overlapping curves. One way to use an eye diagram is to look for the place 

where the "eye" is most widely opened, and use that point as the decision point 

when demapping a demodulated signal to recover a digital message. 

 

DDR (double data rate) – is a hack that sends bits on both the rising 

and falling transitions of the clock, and can be used to increase the data rate 

without increasing the clock frequency.  

 

Histogram – is a representation of a frequency distribution by means of 

rectangles whose widths represent class intervals and whose areas are 

proportional to the corresponding frequencies. 
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Appendix A: Matlab® filter model 
 
response_order=8;                                 %The order of the h(t) 

h=[0.4 0.8 1.1 0.9 1.05 0.95 1.02 0.98];        %Step response in certain points, should be response_order length 

n_samples=3000;                             %Number of samples (should be divisible by 3 for histograms) 

training_time=1000;                     %Number of samples for training 

buffer_length=9;                      %The order of the filter 

mu=0.004;                           %Adjusting step 

r=64;                                                           %Precision of coefficients 

in_sample=rand(n_samples, 1);          %Input random data 

noise=rand(n_samples, 1);              %Noise and crosstalk 

for n=1:n_samples; 

    noise(n)=noise(n)*0.1;             %Noise + crosstalk 

    if n<(buffer_length+1); 

        in_sample(n)=0;                %I need some "0" samples for distorter synchronization 

    end; 

    if in_sample(n)>0.5;               %Rounding of the data 

        in_sample(n)=1; 

    else in_sample(n)=0; 

    end; 

end; 

 

 

a=0;                                              %"Memory of the channel" 

t=[1:n_samples];                                  %Time (number of sample) 

g=[1:buffer_length];                              %Number of coefficient 

sd=zeros(1,n_samples);                           %Distorted signal 

sn=zeros(1,n_samples);                            %Equilized signal 

error=zeros(1,n_samples);                         %Errors array 

error_bck=zeros(1,n_samples);                    %Errors array for figure 

koeff=zeros(1,buffer_length);                     %Coefficients array 

buffer=zeros(1,buffer_length);                    %Buffer array 

koeff(1)=1;                                        %First coefficient=1 to minimize adjusting time 

first=zeros(1,n_samples/3);                       %For histogram 

second=zeros(1,n_samples/3);                      %For histogram 

third=zeros(1,n_samples/3);                      %For histogram 

for n=(response_order+1):n_samples;                         %Distortion of the data 

  %  if n>600;                                      %Changing of coefficients after 600 samples 

   %   h=[0.55 0.85 0.75 0.85 1.0 0.90 1.0 0.9]; 

   %end; 

    if n>(response_order+2);                                     %"Memory of the channel" 
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        if in_sample(n-response_order-1)>in_sample(n-response_order); 

            a=a+1; 

        end; 

        if in_sample(n-response_order-1)<in_sample(n-response_order); 

            a=a-1; 

        end; 

    end; 

    sd(n)=-a; 

     

    for m=1:response_order;                                      %Distortion formula. I look at 0->1 and 1->0 switching 

        sd(n)=sd(n)+h(m)*(in_sample(n+1-m)-in_sample(n-m));     % and introduce distortion with step response                       

end; 

     

    sd(n)=sd(n)+noise(n);                          %add some noise and crosstalk 

     

    %%%%%%%%%%%%%%%%% F I L T E R %%%%%%%%%%%%%%%%%%%% 

         

    for k=1:(buffer_length-1);                                        %Buffer shifting 

            buffer(buffer_length+1-k)=buffer(buffer_length-k); 

        end; 

        buffer(1)=round(sd(n)*r)/r;             %Quantize arithmetic, assign to the first buffer cell input sample 

        sn(n)=0;                                                      %Filtering 

        for k=1:buffer_length; 

            sn(n)=sn(n)+round(buffer(k)*koeff(k)*r)/r; 

            if n<(n_samples/3+1);                                     %For histogram 

                first(n)=sn(n); 

            end; 

            if n>n_samples/3 & n<((2*n_samples/3)+1);                 %For histogram 

                second(n-(n_samples/3))=sn(n); 

            end; 

            if n>(2*n_samples/3) & n<n_samples;                           %For histogram 

                third(n-(2*n_samples/3))=sn(n); 

            end; 

        end; 

        error_bck(n)=sn(n)-in_sample(n);         

        if n>training_time;                                %Decision by nearest 

            if sn(n)>0.5; 

                error(n)=sn(n)-1; 

                sn(n)=1; 

            else                

                error(n)=sn(n); 

                sn(n)=0;  
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            end; 

        else                                              %Decision by training 

            error(n)=sn(n)-in_sample(n); 

             

            sn(n)=in_sample(n); 

        end; 

         

        if error(n)>0; 

            error(n)=1; 

        else error(n)=-1; 

        end; 

        buffer(1)=sn(n);                                  %In buffer I store filtered sample 

        for k=1:buffer_length; 

            koeff(k)=koeff(k)-mu*error(n)*buffer(k);     %Coefficients adjusting 

        end; 

end;                         

koeff 

 

figure(1)                                                 %Plotting of the results 

clf 

stairs(t,sn) 

axis([10 40 -0.5 1.5]) 

title ('Input sequence'); 

 

figure(2) 

clf 

plot(t,sd) 

axis([10 40 -0.5 1.5]) 

title ('Distorted sequence'); 

 

figure(3) 

clf 

stairs(t,error_bck) 

axis([0 n_samples -0.5 0.5]) 

title ('Error'); 

 

figure(4) 

clf 

stairs(g,koeff) 

title ('Filter coefficients'); 

 

figure(5) 
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clf 

hist (sd,50) 

title ('Histogram of all samples before equalization'); 

 

figure(6) 

clf 

hist(first,50) 

title ('Histogram of the first 1/3 part of samples after equalization'); 

 

figure(7) 

clf 

hist(second,50) 

title ('Histogram of the second 1/3 part of samples after equalization'); 

 

figure(8) 

clf 

hist(third,50) 

title ('Histogram of the last 1/3 part of samples after equalization'); 
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Sammanfattning 
Abstract 
Advances in CMOS technology have resulted in increased clock fre-quencies, even exceeding 
3GHz. At the same time, frequencies on most board wires are 125-800MHz. It is especially 
problematic in modern computer mem-ory buses and high speed telecommunication devices, such 
as switches and routers operating at 10Gb/s on its ports. It is believed that circuit board buses can 
be used up to about 20GHz, but there is a problem with Intersymbol Inter-ference (ISI) causing 
distortion of transmitted symbols by multiple reflections. Actually, the circuit board bus behaves 
like a passive low pass filter with unknown (perhaps changing) transfer characteristic. The 
problem of ISI was solved some time ago in the telecommunication area. With use of adaptive 
equalizers it is possible to increase throughput of a long distance communication channel 
dramatically. But the microprocessor bus has certain differences from telecommunica-tion devices 
such as modems. First of all, the clock frequency on a bus is much higher than in modems. 
Secondly, a bus has a much more complex structure than a telecommunication channel. At the 
same time, we can’t use a lot of re-sources for bus maintaining. The aim of the thesis work is to 
investigate the possibility of using adap-tive equalization on a bus, and the construction of a 
reasonable mathematical model of such an equalizer. Also limits of equalization are examined and 
de-pendencies are derived.  
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