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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 of the output data from the equalization filter, which is

different from the conventional contin:« us-time adaptation technique, for which a slicer has
to be used. Simulations verify the o operation of the designed equalizer on different
channels. Implemented in a 0.13-t::. *+M BiCMOS process, the equalizer can compensate
up to 20-dB channel loss at 1¢ ¢ ¢ - ile the power consumption is merely 11.5 mW
excluding the output driver. The = -~ Hassive equalization filter was fabricated and the

measurement data agree with the <.: < . results.
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Chapter 1 Introduction

1.1 Equalization for High-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
gl N N

TX Channel l

Figure 1.1: Block diagram of a typical high-speed digital data transceiver.
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Figure 1.2: Intcr-symbol interference in (a) frequency domain, (b) time domain.

Digital data ha+. « broad spectrum. Unfortunately, a practical baseband communicatio:
channel is not an 1 l-pass filter, and as shown in Figure 1.2 (a), it usually behaves like -
low-pass filter. A asequence, different frequency components will lose different ame:
of power (frean -~ cpendent loss) and experience different amount of phase distot



Chapter 1: Introduction

(frequency-dependent dispersion) when propagating through the channel. Both of these
effects contribute to the corruption of the original signal, which is the well-known mter-
symbol interference (ISI). It is more intuitive to understand the ISI phenomenon in the time-
domain, as shown in Figure 1.2 (b). During the transmission, one single bit which ideally
should only occupy one unit interval (U, or bit-time) spreads over several Uls. 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 Equalizer Overall

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:

Vn = thxn—k = hOxn + thxnuk (1-1)
k k=0

where y, is the received data, x, is the transmitted data, and #; is the ch.nnce! impulse
response. The second term in Equation (1-1) represents the ISI. Applying - usform to

Equation (1-1), we get the according relation in the frequency domain:

Y(z)=H,(z)X(z) (1-2)
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where Y(z) is the z-transform of y,, X(z) is the z-transform of x,, H_(z) is the channel transfer
function. The continuous-time counterpart of Equation (1-2) is:

Y(s)=H,,(s)X(s) (1-3)
Based on Equation (1-2) and (1-3), one kind of the equalizer is a filter with a frequency

response:

H,(s)= (1-4)

The final output at the receiver is given by

Z(S)= HeqY(s): Heq (S)Hch (S)X(S): X(S) (1-5)
In the other word, the received data is same as the transmitted data. Such kind of equalization
1s 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

bn = —Z akxn—k (1'6)

k20
Then after adding y, and b, together, we can obtain the error-free data:
z, =Y, +b, = ayx, (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 be
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 wer hungry. The discrete-time analog FIR filters are

extensively used in today’s hich-ed transceivers PP 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 adaptation « ¢ 11side the equalizer, and the other is the feedback in the

timing recovery circuit. As a o~ . dilemma of operation may occur: with the IS], 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 v I

—»{ CDR }—+ Data

EQ Tap

.
_

EQ Tap
Weight

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

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

ro
ol

adaptation methods """, for example, least mean square (LMS) algorithms'”. As the

contrast, only few adapr+ion techniques exist for continuous-time equalizers.

One of the most »: . used continuous-time adaptive equalization techniques is show?:
in Figure 1.5 !"1""" ... problem is that the feedback output is only determined bv the
slope of the dat: -+ which essentially the high-frequency information of the muni

*) Note: LM ed for continuous-time equalizers, as demonstrated in "L
q
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signals. 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.

Limiting

. Amplifier
N Equalization A \ ® ouT
Filter ’f/ "

/ ‘ = I T
High-pass
Filter I—‘/l—» |

K-HCL

| Rectifier

Adaptive
i Control
§ !  Loop
Integrator

Figure 1.5: Conventional continuous-time adaptive equalization technique.

.

sinc(f)

BW,

hpf

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,

there are some designs with adaptive equalization in the transmitter, for example, as in @),

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-pm, 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 ', 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
IN L ouT
Equalization jﬂ
Filter

Low-pass

| ‘bl’ Filter
N petector X

\
1

+ - | Adaptive
5 i Control
Loop
{ Error

Comparator |

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

2.1 Analysi~ ot 1. Tunable RLC Passive Filter

The prop: .- 1nable passive equalization filter is based on a RLC filter shown in Figure
22. The L been widely used as a passive equalizer "'""I'"®) because of two inherit
merits: fir: - leal termination (Z), the input impedance of the filter will equal to Z; at
any frequ- :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 is

practically important.

| ! |A/(s)] (dB)

Vinls) | | Vouds)
— .
! é Z, '

Zinls) ! ! '
‘ ' f, f (log)

(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 Z, can be derived to be

Equation (2-1) (see Appendix A),

4.(s)= wié"'(f))

s2+s(iqﬁ+—1—+——}g- +—}—-&— (2-1)
L 2RC 2L) LC 2R

R
S2+Sﬁ”_+ 1+2£ _I—+£ +.__1.___..‘_RiM_+£M_+__+_1.
L Z,)2RC 2L| LC \2R Z, 2Z, 2

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

Zin (S): v”’ (‘)
i (8
e

SZ+5} </L+ 1+2£ _1_+£ +__L. _&+RﬁM+i+l (2'2)

e ! Z,)J2RC 2L| LC \2R Z, 2Z, 2
=Ly
L L 2RC 2L) LC \2R 2R 2
To have a constaiv i . -ut impedance equal to Z, and a loss of a-dB (o < 0) at frequency @, (as

indicated in Figuio - (b)), the following criteria need to be satisfied,
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a
K=10 20(>1) (2-3)
wy = 27f,
—C%:a)OCZ():——\[]Z
Z, K—-1
R_K-1
Z, K+1
Ry _ 2K
Z, K’-1

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

. 1 N
sz+s~‘/%1a)o+a)o2 (s+\/Ea)0)-(s+—\/?wo
A4,(5)=— = :
s’ +5-2VKw, + Ko? (SJM/;(_Q)O)Z (2-4)
1
S+‘\/—E”Cl)0 ) s+a)z

s+tvKo, s+,

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

general, Equation (2-1) represents a 2-pole and 2-zero system. The -3-dB bandwidth (@.345) 1S

@345 =JK—~12? ‘0, =0, (for K >>1) (2-5)

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

located at,

construct a filter which can compensates up to 20-dB channel loss (o = -20dB) at 10GHz (.
3ap = 2mx10Grad/s), then the procedure is,

1. Using Equation (2-3) to calculate K;

2. Using Equation (2-3) to get the values of R and R,;

3. Using Equation (2-5) to determine ay;

4. { sL¢ Equation (2-3) to calculate the values of L and C.

5. ivieeion (2-2) automatically gives us Z;, = Z.

A Moo program has been written to calculate the desired R, L, and C v.0- which is
given o udIX AL

1) tells us
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Ry

2R ~
A = , A, =1 2-6)
Ry Ry RO 1T (

2R Z, 2z, 2

where 4pc is the de gain and A, is the high frequency gain. Equation (2-6) implies that the

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

Ry Ry R 1

Ry
2R a7
w2
=20log | 1+ =—+—2
Z, R¢
R

Apparently, this value will decrease monotonically as R,, increases. In the other words, if we
can change the value of Ry, then we have a tunable equalizer. This leads to the circuit shown
in Figure 2-3, where Ry, is replaced by a MOSFET working in triode region whose resistance

depends on the gate voltage.

Cc
1L
mln

Vin(s)

R .
Ao Ny

Zin(s)

t
!
|
)
I
|
{
|
|
|
|
|
|
|
}
{
|
\
i
|
|
{
|
|
}

Figure 2.3: Tunable hich-:s RLC filter: a MOSFET-R-L-C version.

There are two variables in Eque: - 7)) that determine the attenuation: Ry, and R. The
main reason that we choose R, -+ . U R is because of the simplicity of the circuit.

However, this choice does myp - - - itation of the equalizer tuning range. As Ry

10






