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Abstract

The speed of serial link I/O and optical communication systems went beyond 10 Gb/s

recently and will continue to increasing. While the advance of silicon technology provides the

feasibility of building very-high-speed electronics, communication channel becomes the

barrier on the way to further improve the data rate because of its imperfections. One of the

most important limitations is due to inter-symbol interference (ISI) which is caused by the

fact that the channel response are generally like a low-pass filter, instead of an all-pass filter

ideally. To reduce ISI, various equalizers have been devised, and the majority of them are

digital or discrete-time implementations. Despite of the existence of vast amount of DSP

algorithms to achieve optimum ISI reduction, digital/discrete-time equalizers work at low data

rate and consume a lot of power. Conventional continuous-time equalizers utilize active

circuitries to obtain gain boosting in high frequencies, thus compensate the channel loss.

However, the power consumption is significant, especially as the frequency of operation

becomes higher than 10 GHz. This thesis proposes a low-power, 20-Gb/s continuous-time

adaptive passive equalizer relying on on-chip lumped RLC filter to reduce the power

consumption and improve the attainable data rate. A modified continuous-time adaptation

servo loop is integrated into the system to automatically adjust the frequency response of the

passive equalizer for the optimal gain compensation. The servo generates the control voltage

by estimating the power spectrum or the output data from the equalization filter, which is

different from the conventional conti~ ~,t~s-time adaptation technique, for which a slicer has

to be used. Simulations verify th,: :,,

channels. Implemented in a 0.13-.~ ~:

up to 20-dB channel loss at 1(~ ( 

operation of the designed equalizer on different

’4 BiCMOS process, the equalizer can compensate

~ile the power consumption is merely 11.5 mW

excluding the output driver. The.. ’.: ~assive equalization filter was fabricated and the

measurement data agree with the. :. : . ~ results.

ii



Acknowledgments

First of all, I would like t~ thank my advisor Professor Patrick Yue. It was his vision that

led to the idea of an adaptive passive equalizer. The countless insightful and useful

discussions with him always inspire me to learn and explore in this filed. I am grateful to

Professor Rick Carley for taking out time from his busy schedule to read my thesis. Just

bearing his name on this thesis is already an honor. I am very grateful to Dr, Frank O’Mahony

at Intel Circuit Research Lab for his valuable guidance and enlightened suggestions. I thank

Mr. Gerry Talbot at Advanced Mirco Devices (AMD) for providing the measured channel

characteristics to support our simulation. I also thank Professor Tamal Mukherjee for

providing the opportunity to tape-out part of the chip, and for his help in setting up the

process and CAD flows.

I feel very lucky to work in a research group with many talented students: Jaejin Park,

Dong Hun Shin, Kihwa Choi, Jen-Lung Liu, and Shadi Ghouchani Saberi. I want to thank

them all for help, encouragement and collaboration.

I would also like to thank Lynn Philibin and Elaine Lawrence in the ECE Department and

Roxann Martin in the Center for Silicon and System Implementation (CSSI) for their

generous help on various administrative issues.

Finally, I want to express my sincere gratitude to my entire family: my parents, my sister

and my wife for their constant love and support over years.

This work was lim, l~::j by the Semiconductor Research Corporation (SRC) and the

Industrial Technologs ~,. .,,_ arch Institute (ITRI) in Taiwan.

iii



Table of Contents

Abstract ................................................................................................... ii

Acknowledgments ....................................................................................... iii

Table of Contents ....................................................................................... iv

List of Tables .............................................................................................. v

List of Figures ............................................................................................. vi

Chapter 1 Introduction ................................................................................. 1

1.1 Equalization for High Speed Data Communication ........................................ 1

1.2 Adaptive Equalization Techniques ............................................................. 4

1.3 Organization ..................................................................................... 5

Chapter 2 System Architecture Design and Analysis ............................................ 7

2.1 Analysis of an Tunable RLC Passive Filter ................................................. 7

2.2 A Modified Continuous-Time Adaptation Technique .................................... 11

2.3 Summary ....................................................................................... 13

Chapter 3 Design of Equalizer Components ..................................................... 15

3.1 Passive Equalization Filter .................................................................... 15

3.2 Output Stage ..................................................................................... 17

3.3 Adaptive Control Loop ........................................................................ 22

3.4 Summary ....................................................................................... 30

Chapter 4 Results and Discussion .................................................................. 32

4.1 Data Generation and Cham~el Modeling ................................................... 32

4.2 Simulation Results ............................................................................. 35

4.3 Measurement Results ......................................................................... 41

4.4 Summary ...................................................................................... 48

Chapter 5 Conclusion ................................................................................. 50

5.1 Conclusion ..................................................................................

5.2 Directions of the Future Works ..........................................................

Appendices ...........................................................................................

Bibliography ...........................................................................................

iv



List of Tables

Table 3.1: Design parameters of the output stage ................................................... 18

Table 3.2: Design parameters of the output biasing circuit ........................................ 21

Table 3.3: Possible design specifications for the low-pass filter .................................. 23

Table 3.4: Design parameters of the low-pass filter ................................................ 23

Table 3.5: Design parameters of the power detector. .............................................. 25

Table 3.6: Design parameters of the error amplifier ................................................ 26

Table 3.7: Design parameters of the circuit shown in Figure 3.19 ............................... 29

Table 3.8: Summary of the performance of equalizer components ............................... 31

Table 4.1 : Design parameters of the fabricated tunable passive filter ............................ 42

Table 4.2: Performance comparison of recently published high-speed equalizers ............. 49



List of Figures

Figure 1.1 :

Figure 1.2:

Figure 1.3:

Block diagram of a typical high-speed digital data transceiver ....................... 1

Inter-symbol interference in (a) frequency domain, (b) time domain .................

Effect of channel equalization .............................................................. 2

Figure 1.4: Block diagram of a receiver with discrete-time equalization ......................... 4

Figure 1.5: Conventional continuous-time adaptive equalization technique ...................... 5

Figure 1.6: Limitation of the conventional continuous-time adaptation technique .............. 5

Figure 2.1: System-level block diagram of the adaptive passive equalizer ....................... 7

Figure 2.2: An ideal high-pass RLC filter: (a) circuit diagram, and (b) frequency response.

Figure 2.3: Tunable high-pass RLC filter: a MOSFET-R-L-C version .......................... 10

Figure 2.4: A pseudo-random bit sequence in (a) time domain, and (b) frequency domain.. 

Figure 2.5: Principle of the adaptation scheme for the passive equalizer ........................ 13

Figure 3.1: Circuit diagram of the differential passive equalization filter ....................... 15

Figure 3.2:$21 of the passive equalization filters .................................................. 16

Figure 3.3: Tuning of the $21 of the passive equalization filter ................................... 16

Figure 3.4: Variation of the S 11 of the passive equalization filter ............................... 17

Figure 3.5: Circuit diagram of the fully differential output driver ............................... 18

Figure 3.6: Frequency response of the pre-driver .................................................... 19

Figure 3.7: Eye-diagrams of the output signals of the output driver: (a) input amplitude = 

mV; (b) input amplitude = 25c/~’; (c) input amplitude - 500 mV .............................. 20

Figure 3.8: Circuit diagran: ~,~ ~:.,:. bias circuit of the output stage ............................... 21

Figure 3.9: Open-loop freqt~:~ : :sponse of the feedback in the replica bias circuit ......... 22

Figure 3.10: Circuit diagr ’,~: . ¯ low-pass filter ................................................. 23

Figure 3.11 : Frequency r~::,,~, , the low-pass filter ............................................ 24

Figure 3.12: Circuit di::~,~:- ’ .~ower detector ................................................. 2a



Figure 3.13: Input and output signals of the power detector: (a) input signal, and (b) output

signal ....................................................................................................... 25

Figure 3.14: Circuit diagram of the error amplifier ................................................. 26

Figure 3.15: Frequency response of the error amplifier ........................................... 26

Figure 3.16: An input offset cancellation technique for the error amplifier ..................... 27

Figure 3.17: A coupled differential pair ............................................................... 27

Figure 3.18: The improved power detector: (a) Type-I, and (b) Type-II ......................... 28

Figure 3. l 9: Improved design of the power detector and error comparator ..................... 29

Figure 3.20: Functionality of the improved design: two inputs with (a) different rise/fall

times, and (b) different amplitudes .................................................................... 30

Figure 3.21 : Block diagram of the passive equalizer with new adaptive loop .................. 31

Figure 4.1" Block diagram of a LFSR generating 223-1 PRBS .................................... 32

Figure 4.2: Comparison of simulated and calculated CAT-5 cable loss: (a) 2-m CAT-5 cable,

and (b) 5-m CAT-5 cable ................................................................................ 34

Figure 4.3: Measurement results of Channel-II ...................................................... 34

Figure 4.4: Simulation test bench for the equalizer: (a) Channel-I, and (b) Channel-II ....... 35

Figure 4.5: Simulated S-Parameters of the equalizer ............................................... 36

Figure 4.6: Eye-diagrams of the input and output signals for Channel-I 2-m CAT-5 .......... 36

Figure 4.7: Eye-diagrams of the input and output signals for Channel-I 5-m CAT-5 .......... 37

Figure 4.8: Adaptation process of the control voltage for Cha~mel-I ............................ 37

Figure 4.9: Eye-diagrams of the input and output signals for Channel-II with 20-Gb/s 223-1

PRBS: (a) equalizer input, (b) passive filter output, and (c) equalizer output .................... 38

Figure 4.10: Frequency response of the Channel-II, the equalizer and the overall system .... 39

Figure 4.11: Eye-diagrams of the input and output signals for Channel-II with 10-Gb/s 223-I

PRBS: (a) equalizer input, (b) passive filter output, and (c) equalizer output ................... 39

Figure 4.12: Output RMS noise of the passive equalization filter ................................. 40

Figure 4.13: BER vs. SNR for binary data .......................................................... 41

Figure 4.14: Chip micrograph of the passive equalization filter .................................. 41



Figure 4.15: Measurement setup for S-parameters of the passive Equalization filter .......... 42

Figure 4.16: Three connections between VNA and DUT to obtain the 4-port S-parameters

from 2-port S-parameter measurement ................................................................ 43

Figure 4.17: Comparison of the measured and the simulated 5’2~ of the passive equalization

filter ......................................................................................................... 45

Figure 4.18: Comparison of the measured and the simulated $11 of the passive equalization

filter ........................................................................................................ 45

Figure 4.19: Comparison of the measured and the simulated S_~I after considering the extra

parasitic capacitance ..................................................................................... 46

Figure 4.20: Comparison of the measured and the simulated S~¢ after considering the extra

parasitic capacitance ..................................................................................... 47

Figure 4.21: Eye-diagrams of a 10-Gb/s 223-1 PRBS signal at (a) channel output, and (b)

passive filter output for Channel-II .................................................................... 48

Figure 5.1 : Cascading several passive equalization filters .......................................... 51

Figure

Figure

Figure

Figure

Figure

Figure

Figure

5.2: Passive filter with inductor array and capacitor array ................................ 51

A. 1: A two-port network with impedance loading ......................................... 53

A.2: The passive filter consists of two parallel two-port networks ...................... 54

A,3: Source code of"eqf_!~aram_cal.m". ................................................... 56

A.4: Source code of"prbs23_data_gen.m". .................................................. 58

A.5: Source code of"prbs23_gen.m". ....................................................... 59

A.6: Source code of"bit2pwl.m". ............................................................ 60

ii



Chapter 1 Introduction

1.1 Equalization for Higl~-Speed Data Communication

A typical digital data communication system contains three basic building blocks: a

transmitter, a receiver and a channel, as illustrated in Figure 1.1. The transmitter converts the

digital bits into electrical or optical signals. Signals pass through the transmission channel

(copper wire, coaxial cable, and optical fiber etc.) to the receiver. The receiver converts the

analog signals back into binary data.

Transmitter Receiver

Figure 1.1: Block diagram of a typical high-speed digital data transceiver.

-25

02 :

5 lO
Frequency (GHz) Time

(a) (b)

Figure 1.2: Inter-symbol interference in (a) frequency domain, (b) time domain.

Digital data ha,, :: broad spectrum. Unforttmately, a practical baseband communicati~,

channel is not an ~. :. ’ ill-pass filter, and as shown in Figure 1.2 (a), it usually behaves lib:

low-pass filter .\.: asequence, different frequency components will lose different am,,

of power (fr~.,,, :pendent loss) and experience different amount of phase dist,, 
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(frequency-dependent dispersion) when propagating through the channel. Both of Ihese

effects contribute to the corruption of the original signal, which is the well-known ~ter-

symbol interference (ISI). It is more intuitive to understand the IS1 phenomenon in the lime-

domain, as shown in Figure 1.2 (b). During the transmission, one single bit which ideally

should only occupy one unit interval (UI, or bit-time) spreads over several UIs. Obviously,

the adjacent bits will be interfered such that an error may occur.

Most of the electrical communication channels are built with copper, and their

bandwidths usually are below GHz. To maintain a reliable data communication running at

several Gb/s or even higher, equalization is needed to remove or reduce ISI. An equalizer

provides an inverse channel response such that the overall (i.e. combination of channel and

equalizer) frequency response is flat over the bandwidth of interest. This can be illustrated in

Figure 1.3.

Channel OverallEqualizer

-!- ’~

| |

Figure 1.3: Effect of channel equalization.

Theoretically, for a channel which can be modeled as a linear time-invariant (LTI)

system, the relation between the received data and the transmitted data can be described by

following equation:

y,, : ~ h~,x,,_k = hox,’ + ~ h~,xn_~,
(1-1)

k k~O

where Yn is the received data, x,, is the transmitted data, and hk is the ci~.t~r~,i impulse

response. The second te~ m Equation (1-1) r~resents the ISI. Applying 7-,~ ,~go~ 

Equation (1-1), we get the according relation ~ the frequency domain:
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where Y(z) is the z-transform ofyn, X(z) is the z-transform ofx~, Hc~(z) is the channel transfer

function. The continuous-time counterpart of Equation (1-2) is:

Y(s)=Hch(s)X(s) (1-3)

Based on Equation (1-2) and (1-3), o~e kind of the equalizer is a filter with a frequency

response:

1
(1-4)Heq(S)= Hch($)

The final output at the receiver is given by

In the other word, the received data is same as the transmitted data. Such kind of equalization

is called linear equalization (LE), which was described in the previous paragraph.

The other kind of equalization is nonlinear decision-feedback equalization (DFE). From

Equation (1-1), if an error-correction bit sequence b, can be constructed such that

b, = -~-’~ ak x,_k (1-6)
k,e0

Then after adding y, and b, together, we can obtain the error-free data:

zo = y. + b. = aox,, (1-7)

In general, DFE provides a better performance compared with LE especially in a noisy

environment.

For digital or discrete-time implementation, finite-impulse-response (FIR) filter can 

used to build both LE and DFE. For multi-Gb/s data link, the digital equalization requires

very fast and accurate analog-to digital converter (ADC) or digital-to-analog converter

(DAC). which is costly and i.~,~,cr hungry. The discrete-time analog FIR filters are

extensively used in today’s hi~!~ .<.:ed transceivers I~lllzlI~lI41Isl. A typical block diagram of

such kind of receiver is showr: ;: i.; ,.ure 1.4. It is easy to identify two feedback loops in the

system: one is the adaptatio~ , ~ ~ tside the equalizer, and the other is the feedback in the

timing recovery circuit. As u ~-:. : dilemma of operation may occur: with the ISI, it is hard
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to extract correct timing information from the incoming data; at the same time, without a

correct clock signal, discrete-time filter cannot work properly. Thus there is a convergence

problem in this kind of system. Power consumption of these equalizers is still a concern,

especially when the channel response is so complex that the required number of equalization

taps is large.

Clock

_.~ Sampler ~

EQ Tap
,Setting

EQ Tap
Weight

Data

Figure 1.4: Block diagram of a receiver with discrete-time equalization.

To solve these problems, high-speed continuous-time equalizers became attractive

I6?ITlls]I%I~0]. However, as most of the continuous-time equalization filters are active circuits,

higher speed and lower power consumption is still a challenge.

1.2 Adaptive Equalization Techniques

The characteristics of a communication channel can vary significantly. Temperature, the

properties of the materials made of the channel, and the length of cable are all variable. It is

desired to design an adaptive equalizer. For digital or discrete-time equalizers, there are many

adaptation method~ ’:~ ~:~l, for example, least mean square (LMS) algorithms(*). As the

contrast, only few adJ?v ~’ i,,n techniques exist for continuous-time equalizers.

One of the mo~t ~, i i... used continuous-time adaptive equalization techniques is sh~,w;.

in Figure 1.5 i~4~t~ .... :’,.. problem is that the feedback output is only determined b~ r!~.

slope of the dat, r. ’ , which essentially the high-frequency information of the: ~:~z,,~

(*) Notc: t.M’ ed for continuous-time equalizers, as demonstrated in i~31.
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sig~aals. If the signal amplitude at point A is not equal to the signal amplitude at point B, as

shown in Figure 1.6, although the ISI has been removed at the output of the equalization

filter, the adaptive control loop may still output an error signal to change the filter response.

This behavior is not desired for the passive equalizer, since the passive filter will attenuate the

signal while the limiting amplifier will restore the signal such that the signal amplitudes at A

and B are indeed unequal. So, the proper adaptation servo suitable for the passive equalizer

has to be developed, which will be discussed in Chapter 2.

/
[~ EqualizationFilter

Limiting
Amplifier

Filter L.~ ~

ator

OUT

Adaptive
Control

Loop

Figure 1.5: Conventional continuous-time adaptive equalization technique.

~.sinc2(f)

BWhpf ~

Figure 1.6: Limitation of the conventional continuous-time adaptation technique.
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Finally, most of the adaptive equalizers are placed in the receiver, since the information

of the channel ISI is embedded in the incoming data and can be easily extracted. However,

them are some designs with adaptive equalization in the transmitter, for example, as in [3]

1.3 Organization

As the main motivation is to achieve low power and maintain the flexibility of an

adaptive equalizer, a novel continuous-time adaptive passive equalizer is proposed in this

thesis. Chapter 2 analyzes the proposed equalizer at the system level. To reduce the power

consumption, passive filter was used in place of the active filter. The performance of a

tunable on-chip RLC filter will be examined. Because the conventional continuous-time

adaptive technique is not suitable for the passive equalizer, it was modified to fit into the new

design. The transistor-level circuit design of each building block is explored in Chapter 3. The

Spectre® simulation was used to verify the design in various aspects. A new design of the

power detector and the error comparator, which overcomes the problem of input offset

voltage, is compared with the old design. The new design also simplifies the adaptation servo

and saves the power. In Chapter 4, top-level simulation results are discussed, along with the

measurement results of the tunable passive equalization filter. It begins with describing the

random data generation, which is followed by a discussion of channel modeling. Eye-

diagrams are obtained from the Spectre® simulation, and used as the criteria to evaluate the

performance of the equalizer. The passive filter was fabricated in a 0.13-~tm, 1P8M BiCMOS

process, and the measurement results are presented. Chapter 4 ends with a comparison of the

performance of our low-power continuous-time adaptive passive equalizer with other recently

published state-of-arts continuous-time equalizers. Finally, conclusions are drawn in Chapter

5, and the directions of future works are discussed briefly.



Chapter 2 System Architecture Design and Analysis

The overall system architecture of the proposed equalizer is shown in Figure 2.1. A

tunable passive filter performs the equalization function, and the limiting amplifier restores

the signal level. Passive equalizers have been commercially available I~71, but with fixed

equalization. To change the equalization amount, a p-type MOSFET has been used as a

variable resistor in the passive filter to obtain an adjustable frequency response. In addition,

because the conventional continuous-time adaptation circuit is not suitable for the passive

equalizer, a new low-power design of the continuous-time adaptation servo loop will be

developed.

Limiting
Amplifier

Power
Detector

Error
Comparator

Adaptive
Control

Loop

Figure 2.1: System-level block diagram of the adaptive passive equalizer.

2.1 Analysi~ ,,~ .~ Tunable RLC Passive Filter

The pro! ....

2.2. The

merits:

any frequ ~

~nable passive equalization filter is based on a RLC filter shown in Figure

been widely used as a passive equalizer I~v~I~ because of two inherit

teal termination (Zo), the input impedance of the filter will equal to Zo at

:h ensures an ideal matching; second, the filter characteristic is insensitive
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to the parasitics of the RLC components (i.e. Q value of the capacitor and inductor), which 

practically important.

I&(s)l (dB)

fo f

(a) (b)

Figure 2.2: An ideal high-pass RLC filter: (a) circuit diagram, and (b) frequency

response.

The voltage transfer function of this RLC filter with a load of Zo can be derived to be

Equation (2-1) (see Appendix 

$2+S +-- .
2RC 2L ) LC 2R

2RC

(2-1)

and the input impedance is given by Equation (2-2),

Z,,(s) .....

= Zo- -

ii~ (s)

sZ+ 1+
2RC

/R£1 Z° ~1 + R--)+ 1 Rv ½)
¯ ~-s + --+ ¯ +

L 2RC 2L) -L~ ~f~-+ Z°2R

(2-2)

To have a consta~v .at impedance equal to Zo and a loss of c,-dB (ct < 0) at frequency o90 (as

indicated in Fi,_:: a:: (b)), the following criteria need to be satisfied,



Chapter 2: System Architecture Design and Analysis 9

K = IO 2o (>1)

coo = 2 ~o

cooL = cooCZo -
Zo

R K-1

Zo K + 1

Ru 2K

Zo Ke - 1

K-1

(2-3)

Plug these values into Equation (2-1), then the transfer function becomes,

1
S + ~cO°

S _t_ (Oz

S + ~r~O)o S + (Op

(2-4)

And surprisingly, this is a very simple first-order system with 1 pole and l zero, although in

general, Equation (2-1) represents a 2-pole and 2-zero system. The -3-dB bandwidth (co_s,~,) 

located at,

(for K >> 1) (2-5)COO ~ COp

Equation (2-3) and (2-5) can be used to design the passive equalizer. For example, 

construct a filter which can compensates up to 20-dB channel loss (ct = -20dB) at 10GHz

sa~ = 2~x 10Grad/s), then the procedure is,

1. Using Equation (2-3) to calculate 

2. U,~ing Equation (2-3) to get the values of R and R.~4;

3. t:<~,_, Equation (2-5) to determine COo;

4. i ~ Equation (2-3) to calculate the values of L and 

5. i~ ~:: ~on (2-2) automatically gives us Z,,, Zo.

A \ 1, ~, : program has been written to calculate the desired R, L, and ( ,..~,:..vhich 

: , . " 1) tells us
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RM

2R A.t.~,~ = 1Az)c = M Rv R 1 ’
--+--+ +

2R Z o 2Z o 2

(2-6)

where ADc is the dc gain and Af~ is the high frequency gain. Equation (2-6) implies that the

maximum equalization that the filter can provide is (in dB),

2R Z0
Af .... l~ - Aoc,ae = 20 log~o

Ra~

2R

2R Zo= 20 log~o 1 +-- +
Zo

2Zo

(2-7)

Apparently, this value will decrease monotonically as Ra4 increases. In the other words, if we

can change the value of R~t, then we have a tunable equalizer. This leads to the circuit shown

in Figure 2-3, where RM is replaced by a MOSFET working in triode region whose resistance

depends on the gate voltage.

Vi.(s) 

C

Figure 2.3: Tunable hi gta-.:. :~ is RLC filter: a MOSFET-R-L-C version.

There are two variables in Eq~.t

main reason that we choose R,~.,

However, this choice does

that determine the attenuation: RM and R. The

:’R is because of the simplicity of the circuit.

itation of the equalizer tuning range. As Ra~




