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The article first discusses the major
non-ideal issues of low-cost transmis-
sion media for over Gbps data trans-
missions—the frequency dispersion
loss and channel noise. The former
causes ISI in received signal, which
presents difficulty for clock and data
recovery at high frequencies and
results higher BER. The latter further
degrades the received signal quality
and further limits the data transmis-
sion rate and transmission distance.
Then, two equalization approaches—
transmitter pre-emphasis and receiv-
er equalization, are reviewed, in addi-
tion to various adaptation criteria and
algorithms.
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Introduction

C
ommunication systems may be described by the
block diagram shown in Figure 1. They always
involve three basic parts: the transmitter (TX), the

channel, and the receiver (RX). The signal, s(t), is the
transmitted signal and the signal, r(t), is the received sig-
nal. Non-ideal channel characteristics, for example, limit-
ed channel bandwidth and crosstalk noise, often
deteriorate the signal quality of the received signal and
causes error in data recovery.

For example, Figure 2 illustrates that a band limited
channel causes inter-symbol-interference (ISI). The top
trace is the transmitted signal, which is a binary digital
signal composed of “1”s and “0”s; the bottom trace is the
received signal. When the transmitted data has a long
string of “1”s, followed by single “0” at location A and B,
the effect of ISI is very significant as circled. The “0” fol-
lowing the three “1” is very close to the reference voltage,
which is defined as the middle voltage between the bina-
ry voltage levels. When there is additional noise present-
ed in the channel, this “0” code will very likely be
misinterpreted as a “1” code and this causes higher bit
error rate in data recovery. 

In addition to the data recov-
ery error, ISI together with other
non-ideal characteristics of the
channel also cause difficulty in
clock and data recovery (CDR) at
high frequencies. This can be
illustrated by the eye diagram
shown in Figure 3. The eye dia-
gram can be viewed on an oscil-
loscope by displaying the signal
on the vertical input with hori-
zontal sweep rate set at multi-
ples symbol rate frequency. Eye
diagram is also called eye-pat-
tern because its resemblance to
human eyes. Figure 3(a) shows
the eye diagram of the transmit-
ted signal, which is the same sig-
nal shown in Figure 2. It has wide
open eyes and the clock informa-
tion can be easily recovered.
However, the eye diagram of the
received signal shown in Figure
3(b) has closed eyes and timing
jitter is very severe. Clock and
data recovery is impossible and
equalization is mandatory to

restore the timing information in this case. In summary,
equalization is used to improve the received signal qual-
ity for correct clock and data recovery, so that the sys-
tem achieves lower bit error rate for the goal of
error-proof data communications.

There are various communication channels with dis-
tinct channel characteristics. Some examples are: air,
vacuum, seawater, twisted pair telephone lines, coaxial
cables, waveguides, printed circuit board (PCB) traces,
fiber-optics cables, and magnetic read/write channels. A
classical equalization application is sending fax through
the telephone line; the connection tones we hear at the
beginning of sending fax are for the purpose of equaliza-
tion. The path connecting two phone terminals is differ-
ent depending on the phone number; even with the same
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Figure 2. Illustration of ISI—the transmitted signal (top) and the received signal (bottom)
through a band limited channel.
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phone number, the switch network might connect them
differently each time depending on the traffic. Thus, in
this case, training sequences known to both TX and RX
are transmitted; the channel characteristics can be com-
puted by comparing the known training sequence with
the actual received signal. Other typical examples are

Ethernet communications with transmis-
sion rate of several hundred Mbps [1],
where over 100 meters of transmission
distance causes severe channel loss, and
the magnetic read/write channels for hard
disk drives [2] with speed around 500
Mbps, where adjacent track causes severe
ISI at high storage densities. With the
increasing demand for higher speed pro-
cessing, the data rate in chip-to-chip com-
munications for back plane, front plane,
personal and mainframe computer has
been pushed to several Gbps range and
even beyond 10 Gbps range. At this fre-
quency range, the low-cost printed circuit
board (PCB) trace introduces significant
attenuation to the signal; equalization has
become mandatory to ensure reasonable
transmission distance. Due to the limited
bandwidth of the PCB trace material, opti-
cal channel has been considered for
beyond 10 Gbps data transmission for
above chip-to-chip applications. Current-
ly, the main barriers are high cost, lower
degree of integration, and complexity of
the implementation. For optical communi-
cations, the ISI is caused by polarization
mode dispersion (PMD), chromatic dis-
persion (CD), and other impairments [3];
electronic equalizer at 10 Gbps has also
been used as an effective solution [4].

In this article, we will first introduce, in
section Metalic Channel Loss, the fre-
quency dependent loss of metallic chan-
nel, specifically the PCB media for over
Gbps data transmissions, then, in section
Inter-symbol Interference, ISI as a result of
channel loss will be explained. In section
Crosstalk, the major noise source—
crosstalk noise in high-speed communica-
tion system is briefly discussed and in
section Pulse Modulation, the widely used
pulse modulation schemes are reviewed.
There are two types of equalization
schemes: one is at the transmitter side, as
reviewed in section Transmitter Pre-
emphasis; the other is at the receiver

side, as reviewed in section Receiver Equalizer. As men-
tioned earlier, the communication channel characteris-
tics vary and adaptive equalization is generally
required. Section Adaptation Criteria and Related Algo-
rithmus will discuss the adaptation schemes for high-
speed equalizers. 
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Metallic Channel Loss

For PCB channel in chip-to-chip communications, there
are mainly two non-ideal characteristics that limit the
data transmission rate and distance. The first is the limit-
ed bandwidth due to frequency dependent channel loss;
the second is cross talk. For all metallic media, including
PCB traces and metallic cables like unshielded twist pair
(UTP) cables, shielded twisted pair (STP) cables and
coaxial cables, the channel losses at higher frequencies
are mainly caused by skin effect and dielectric loss [5, 6].
Other loss scheme like radiation loss is negligible even
when the signal frequency is up to 10 GHz. When high-fre-
quency signal flows through metallic media, the induced
magnetic field causes the current to flow only on the con-
ductor surface and current density decreases exponen-
tially toward the interior. This phenomenon is called skin
effect. Dielectric loss is the loss of electromagnetic power
due to the non-ideal characteristics of the dielectric mate-
rial as isolator around the conducting media during elec-
tromagnetic wave propagation. The channel loss due to
these two factors can be expressed by the following equa-
tion [6]:

C (f) = e−[hs(1+ j)
√

f+hd f]l,

where hs is skin-effect loss coefficient, hd is
dielectric loss coefficient, l is length of the
media, and f is frequency. Figure 4 shows
the measurement of the channel loss,
specifically it is the S21 parameter of a sin-
gle-ended 180-inch PCB microstrip with
two SMT connectors. The trace width
affects the loss characteristics; a wider
trace introduces smaller attenuation. 

Both the equation and the plot show
that the channel loss increases with fre-
quency, specifically, the attenuation due to
skin effect increases exponentially with the
square root of frequency and the
attenuation due to dielectric loss
increases exponentially with fre-
quency. Thus, the metallic trans-
mission media have limited
bandwidth which limits the data
transmission rate. Also shown in
the equation is that the channel
loss increases exponentially with
media length, as a result, the data
transmission has limited trans-
mission distance. Indeed, the
equation shows that there is a
trade off between the transmis-
sion rate and the transmission

distance. For the same media, if the transmission distance
is shorter, it is possible to transmit at higher data rate.
Each different media has its own unique skin effect coeffi-
cient and the dielectric loss coefficient. For example, the
UTP cables widely used for building wiring have larger
attenuation coefficients than those of the coaxial cables.

Figure 4 shows that at 1 GHz, the channel loss for this
trace is about 25 dB. The signals shown in Figure 2 and
Figure 3 are for data transmission through this channel at
data rate 1 Gbps. When the channel loss is the only non-
ideal factor being considered, the loss characteristics can
be identified by the channel loss at symbol rate frequen-
cy; for 1 Gbps data rate, the corresponding symbol rate
frequency is 1 GHz. When the channel attenuation is
about 25 dB at symbol rate frequency, the channel loss is
quite severe and it causes the received signal to have
closed eyes.

Inter-symbol Interference

The channel transfer function in the previous section
shows that different frequency suffers different degrees of
attenuation and phase delay. A transmitted square wave
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Figure 4. Measured S21 parameter for a PCB trace.
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contains many frequency components, after transmission
through the channel, the frequency components suffer
dispersion due to different degrees of magnitude attenua-
tion and phase delay. Due to similar dispersion effect on
light, we see the appearance of rainbow.

The term of inter-symbol interference describes the
dispersion effect in discrete time domain, where the
transmitted data are treated as digital symbols with pulse
modulation. Figure 5 shows the communication channel
with transmitter pulse modulation and receiver filter. For
binary data, which is also know as two level pulse ampli-
tude modulation (2-PAM) shown in Figure 2, the discrete
information-bearing symbol { In} is either “1” or “0” and
the modulation pulse is a square pulse as shown. 

For several types of digital modulation techniques,
including 2-PAM, the received signal after the receiver

filter, without considering channel noise, can be
expressed as [7] 

y(t) =
∞∑

n=0

Inx(t − nT)

where x(t) is the overall response including the transmit-
ter modulation, channel function, and receiver filter. To
obtain the recovered symbol, y(t) is sampled at times
t = kT + τ0,k = 0,1, . . . , where τ0 is the transmission
delay. We then have 

y(kT + τ0) ≡ yk =
∞∑

n=0

Inx(kT + τ0 − nT)

or equivalently,

yk =
∞∑

n=0

Inxk−n = x0 Ik +
∞∑

n=0
n�=k

Inxk−n

The term x0 Ik represents the desired information symbol
at the kth sampling point and the term 

∑∞
n=0
n�=k

Inxk−n rep-
resents ISI.

If the channel has infinite bandwidth, the channel
impulse response is an impulse, δ(t). Because of band-
width limitation, the channel impulse response, c(t), is a
spread pulse as shown in the above figure. Convolving
the modulation pulse, g(t), with c(t) results an impulse
response whose pulse width is wider than T, the pulse
width of g(t). The receiver filter is usually designed as
match filter. Without equalization filter in the receiver fil-
ter, the overall impulse response x(t) will have wider
pulse width than T, as illustrated in the top plot in
Figure 6. The bottom plot in the same figure shows that
four consecutive symbols of “1”s are transmitted. Look-
ing at the sampling point KT, the recovered symbol is the
sum of the desired symbol value labeled by point 0; it
equals x0 on curve C, plus ISI from neighboring symbols,
namely point 1 from curve B (=x1), point 2 from curve A
(=x2) and point 3 from curve D (=x–1). In summary, ISI
occurs when the overall impulse response, x(t), has wider
spread than the symbol period T.

Crosstalk

In addition to the channel loss non-ideal characteristic,
there are various noise sources that cause errors in data
and clock recovery, for example, the crosstalk noise, the
power supply noise, and reflection noise. Crosstalk is
caused by the electromagnetic coupling between signal
lines through mutual capacitance and mutual inductance.
Power supply noise is induced by switching large cur-
rents in short duration across the parasitic inductance in
power distribution network; it increases with the switch-
ing frequency of I/O driver, output signal swing, and num-
ber of switching drivers at the same time. Reflections are
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due to impedance discontinuities; common reflection
noise for backplane applications includes card-to-board
connectors, cable-to-card connectors, long vias with their
respective end pads, wire bonds or flip-chip solder balls
and orthogonal wiring [8, 9]. 

Among the various noise factors, the dominant one for
backplane is the crosstalk noise, specially the near end
cross talk (NEXT) at the connectors. Figure 7 illustrates
the near end crosstalk and the far end crosstalk (FEXT).
For the receiver at point A, the crosstalk generated from
nearby transmitter at point X is the NEXT. In this figure,
only the major coupling path—through the connector, is
illustrated. In reality, the PCB traces between the two con-
nectors also contribute for NEXT. The FEXT is generated
from transmitter at the other end, point Y in the figure. As
NEXT, FEXT also has multiple paths. Since the FEXT trans-
fer channel has much longer distance than that of NEXT,
the FEXT transfer function has much more severe attenu-
ation than the NEXT transfer function. Therefore, NEXT is
more critical to correct data recovery of weak received
signal in receiver end. The NEXT transfer function
increases with frequency [10, 11]. For high-speed data
transmissions, effective equalization method to mitigate
the NEXT has become necessary.

Pulse Modulation

Currently, the most popular pulse modulation scheme for
high-speed transceivers is the binary NRZ (2-PAM) with
8 b/10 b coding and scrambling. The data throughput rate
can be improved by increasing the symbol rate or by
using multilevel pulse modulation schemes like 4-PAM
and 8-PAM as illustrated in Figure 8. For the same data
throughput, the 4-PAM scheme transmits data at half the
rate 2-PAM scheme. This is advantageous since the chan-
nel loss is smaller at lower frequencies. However, 4-PAM
schemes that employ symbols {−1,−3} suffer from the
increased energy due to symbols −3, and from having to
use three thresholds to separate the symbols. Specifical-
ly, a 4-PAM scheme requires an average energy 5 times as
much as a binary scheme, which has a significant impact
on detection. If the same maximum amplitude is main-
tained, the separation between adjacent symbol ampli-
tudes (we define it as symbol amplitude here) in 4-PAM is
1/3 of binary signaling, which results in about a 9.5 dB
loss in symbol power. As a result, multilevel coding
schemes reduce the data transmission rate, at the price
of reducing received symbol power. It is desirable to
search for binary schemes that can increase the trans-
mission rate without expanding the signal bandwidth.

The power spectrum density of widely used binary
NRZ scheme resembles the shape of a sinc2 function. For
example, Figure 9 shows the magnitude of the Fourier
transform of a random 2 Gbps 8 b/10 b coded NRZ data

sequence. There is a null frequency at the symbol rate fre-
quency, 2 GHz.

Transmitter Pre-emphasis

There are two types of equalization: transmitter pre-
emphasis and receiver equalization. Both seek to either
emphasize the high-frequency components or to de-
emphasize the low frequency components of the trans-
mitted or received signal, in order to compensate the
effect that the high-frequency components are attenuated
more than the low-frequency components through the
channel. Using both the transmitter and receiver equaliza-
tion allows the best system performance in terms of BER.

The transfer function of both types of equalizer is a
high-pass filter; though in practice, it is a band-pass filter.
One reason is that the bandwidth limitation of semicon-
ductor devices cannot achieve infinite bandwidth; the
other is to avoid noise amplification. Though the spec-
trum of transmitted signal is infinite, the main slope with-
in the symbol rate frequency contains most of the
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information, as shown in Figure 9. With additive white
Gaussian noise (AWGN) and crosstalk noise, there is sig-
nificant amount of noise beyond the symbol rate frequen-
cy bandwidth. If the equalizer still has significant gain
after this bandwidth, the high-frequency noise will be
amplified and it deteriorates the signal quality. 

Pre-emphasis [12–16] is realized at the transmitter
side. In some cases it increases the high-frequency com-
ponents, which can cause EMI and more severe crosstalk

problems. In other cases it reduces the power of low fre-
quency components, known as de-emphasis. FIR filters
are generally used for transmitter pre-emphasis. A simpli-
fied approach is to use two differential amplifiers, with
the first one controlled by the original code, and the sec-
ond by emphasis code (produced by inverting the origi-
nal code and delay one symbol period). In some cases,
the FIR filter was approximated by a transition filter
implemented with a look-up table.

Figure 10 shows the block diagram of 4-tap sparse FIR
filter for pre-emphasis equalizer with 4-PAM scheme [12].
Four 2-bit digital-to-analog converters (DAC) serve as the
multiplier for FIR filter, whose input signal come from the
data serializer. The 2-bit resolution is due to 4-PAM
scheme. The FIR coefficients are set by controlling the
steering current of 2 bit DACs using other four 6-bit DACs.
Output currents of four MDACs are summed up at their
output node and converted to voltage through off-chip 
50 ohm resistors.

When parallel data are not present, the tap delay line
can be simply realized with digital delay unit without
need for high-speed ADC or analog tap delay line as in
FIR filter of receiver end [17]. Figure 11 shows a block
diagram of transmitter equalizer realized as 4-tap trans-
versal FIR filter. Each FIR filter contains four 2-bit DAC
modules, (again due to 4-PAM scheme), which corre-

spond to four taps of FIR filter.
The first DAC is the main tap and
its output is proportional to the
current output signal. Other
three taps, whose inputs are one
symbol to three symbols delay
separately, compensate for the
post-cursor ISI. All five FIR filters
also serve as a 5:1 output multi-
plexer. They are toggled consec-
utively with 10 equal spaced
clocks at each symbol period.

Transmitter equalizer can also
be a de-emphasis filter which
reduces the power of low frequen-
cy component in advance. The

simplest way to implement is increasing the signal ampli-
tude at each transition edge and reducing the signal ampli-
tude when there is no transition. In [14], the de-emphasis
equalizer uses the inverted signal of previous bit as
emphasis signal. During ‘0’ to ‘1’ transition edge, signal
amplitude is increased; in ‘1’ to ‘0’ transition edge, signal
amplitude is further increased to negative direction. In
other periods when there is no transition, the emphasis
signal is opposite to the current bit and signal amplitude
is reduced. To better control the strength of pulse, the
auxiliary 3-bit DACs can be used to set the emphasis level
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[15]. Figure 12 shows the block diagram of
de-emphasis equalizer. This de-emphasis is
actually a 2-tap FIR filter with a high-pass
frequency response. Figure 13 illustrates
the effect of de-emphasis. 

The implementation of transmitter
equalizer using FIR filter is relatively easi-
er than that at the receiver side, because
the parallel data bus naturally supplies
the data input for FIR filter. However, the
use of de-emphasis decreases the total
transmitting signal power; as a result,
decreasing the SNR at the receiver. In addition, since
pre-emphasis is at the transmitter side, no channel
characteristics information is present. Thus, it needs
information sent from the receiver for dynamic or fine-
tuned equalization, with special encoding packet or side
band signaling. Alternatively, fixed amount of pre-
emphasis can be used without consideration of the
channel characteristics; the purpose of pre-emphasis is
to improve in certain degree the received signal quality.
The adaptation to varying channel characteristics is left
to the receiver equalizer. Receiver equalizer can be
adapted to the channel length, temperature and process
variation. It can also incorporate complicated signal
processing technique to increase bit error rate, such as
using DSP-based processing, Viterbi decoder and partial
response signaling. However, designing a GHz range fil-
ter or analog to digital converter (ADC) remains a chal-
lenging task. 

Receiver Equalizer

There are generally four categories of receiver equal-
izers for over Gbps data transmissions: passive-com-
ponent equalizer, active continuous-time equalizer
using split-path amplifier, active equalizer using dis-
crete-time FIR filter and active equalizer using contin-
uous-time FIR filter.

Passive Receiver Equalizer
Figure 14 shows an implementation of a passive equalizer
using bridged-T similar network [18]. Passive compo-
nents in the equalizer define frequency characteristics in
different band independently, which eases the design pro-
cedure. For example, R3, R4, R5 and L2 set the character-
istics impedance; C2 and R2 set the low frequency
compensation; mid-band frequency compensation is set
by L2; and L1 and C1 set the high frequency compensa-
tion. Fixed passive equalization is easy to implement, it
can work in a wide bit rate range and has low power con-
sumption. However, the implementation highly depends
on the coding scheme, it is sensitive to the model and
process variation and has low SNR level and narrow com-

pensation range. Passive equalizer is preferred in the
case when the received signal has large amplitude and
the receiver sensitivity is high.

Active Continuous-time
Equalizer Using  Split-path Amplifier
Split-path amplifier divides the signal path into two paths
[19]. One path comprises a high pass filter or peak
response filter to amplify the high frequency component.
Another path is an all pass filter or a low pass filter to
match the time delay of first path. Weighted sum of two
paths is equivalent to a variant gain high pass filter,
whose gain factor can be varied by control the weight of
those two paths. Figure 15 shows a 3.2 Gbps adaptive
cable equalizer using a peak response filter which is also
a feedforward amplifier as it is equivalent to add a zero
or a feed-ward path [20]. An equalizer control circuit
compares the power ratio at two specific frequency
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points using bandpass filters to set the
weighted factor of those two paths. 

To better match phase delay in split-
path amplifier, the flat response path
must use the same amplifier as in the
feedforward path. Wider gain control
range is achieved by jointly adjusting the
poles position in both paths [21]. Tradi-
tional OPAMP-based amplifier using feed-
back resistor provides precise gain and
low nonlinearity [1]. However, negative

feedback loop prevents the
amplifier working in GHz range.
Phase mismatch between feed-
back loop and input signal also
limit using a feedback loop
amplifier in high frequency
range. Figure 16 shows a wide
band split-path amplifier with-
out feedback loop; the amplifier
gain is controlled through the
load resistor instead of using
feedback resistor.

It is known that the transcon-
ductance of a source degenera-
tion transconductor is close to
the conductance, 1/R of the
degeneration resistor [22]. If the
degeneration comprises a resis-
tor and a capacitor, the resistor

corresponds to an all path loop while the capacitor cor-
responds to a high pass path. Therefore, such a transcon-
ductor cell serves as a compact split-path amplifier. To
tune the high frequency gain and low frequency gain, the
capacitor and resistor are implemented with varactor and
a linear MOS transistor. Figure 17 shows the schematic of
the source degeneration transconductor [23, 24]. Varying
the controlling voltage of varactor and MOS transistor,
Vctrl and gmctrl, will change the high frequency boosting
and low frequency gain.

Active Equalizer Using Discrete-time FIR Filter
Traditional discrete-time transversal FIR filters have been
widely used in hard disk read channel equalization
[25–27] and in broadband modems equalizer [28].
Depending on the circuit realization of tap delay line and
multiplier, the discrete-time FIR filters can be grouped
into following four categories:

■ Fully digital realization [29–31]
■ Digital tap delay line + multiplying digital to analog

converter (MDAC) [32]
■ Serial sampling analog tap delay line + analog mul-

tiplier
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■ Parallel sampling analog tap delay line + analog
multiplier

Structures of the first two types require high speed
ADC to convert received analog signal into digital bits,
which is hard to realize with CMOS technology at Gbps
data rate. Tap delay line of the third type has been real-
ized with unit gain sample-and-hold (S&H) cell. Analog
input signal passes through the delay line directly and
there is no need for high-speed ADC. The disadvantage of
this structure is that each S&H cell introduces distortion
and attenuation to the delayed signal. All distortion and
attenuation due to nonlinearity, clock feed through and
limited bandwidth of S&H cell will accumulate along the
line [33]. Another main drawback of serial sampling delay
is that each delay unit must settle down in one symbol
period which requires high frequency clock and wide
bandwidth S&H. 

To avoid error accumulation, parallel sampling units of
the fourth type sample input signal in sequence and
switch them to the corresponding multipliers through
rotating switch matrix [33–36]. To relieve timing con-
straint on settling time of S&H, extra redundant S&H units
can be added. This method lowers speed requirement of
S&H at the cost of additional delay and area. Instead of
switching sampled analog signal, coefficient-rotating
architecture shifts the digital coefficients of FIR filter [37,
38]. At each clock period, only one S&H samples the cur-
rent input and all digital coefficients are shifted once to
align with input data. 

As charges stored on sampling capacitor can be
summed up directly by short connection of all of them;
parallel sampling, multiplication and summing can be
realized with very compact switch-capacitor FIR filter
[39–41]. Figure 18 shows the block diagram of switch-
capacitor FIR filter in [41]. Since opamp works in negative
feedback loop, limited bandwidth prevents this structure
being used in high frequency. Figure 19 shows the
schematic of 2-tap switch-capacitor FIR filter for 1.25 Gb/s
data transceiver without feedback loop [42]. At clock
phase �1, output is reset to a pre-charge voltage Vtt and
input signals are stored on C2. At the next sampling phase
�2, C1 and C2 are connected parallel and the output is
equal to a weighted sum of previously stored sampling
and the current sampling. Coefficients of FIR filter are set
by ratio of two capacitance values. Dynamically adaptive
FIR filter can be implemented by replacing each capacitor
with a binary weighted capacitor array at the cost of
lower bandwidth.

Both methods above avoid error accumulation along
the line, while introducing new issues. The complexity
of rotating switch matrix increases with square law of
tap number, which may lead to lay out difficulty and
crosstalk [38]. Coefficient-rotating architecture needs to

rotate digital coefficient each clock period. This process
also introduces crosstalk to analog signal and consumes
lots of power. To avoid complex switching matrix and
solve the settling time problems of delay unit, multiplier
and adder, discrete FIR filter in high speed data trans-
ceiver uses parallel sampling + parallel multiplier struc-
ture. FIR filter in Gbps data transceiver uses only two
tap symbol-rate or half symbol-rate FIR filter [17, 43]. FIR
filter with more tap numbers is limited by the time mar-
gin. Figure 20 shows the block diagram of such a paral-
lel equalizer [44]. Two adjacent outputs of
demultiplexer are fed to one equalizer and subtracted
using a cross-coupled transconductor, whose output
current is proportional to the difference of two inputs.
Therefore, FIR coefficients can be dynamically adjusted
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by controlling the source current of transconductor. The
speed requirement is relaxed by using 8 parallel equal-
izers. For data period T, each equalizer has 8 T time to
complete one calculation. 

Active Equalizer Using Continuous-time FIR Filter
Analog continuous-time delay cell [4, 45–47] has been
proposed for continuous-time FIR filter design. One of
the methods is to use source follower [46, 48]. However,
applying active continuous-time tap delay line in higher
frequency range is highly limited by the bandwidth of
CMOS circuit. Artificial transmission line made of bond-
ing wire or on-chip planar inductors have been used to
increase bandwidth of distributed amplifier [49, 50]. A
differential 4-tap fractionally spaced FIR filter in SiGe
technology for 10 Gb/s optical receiver equalization has
been reported [4]. Its transmission line composed of off-
chip spiral inductors and on-chip MIM capacitors
because the transmission line is too long to be realized
on chip. Although artificial transmission line has shown
great potential for wide bandwidth operation, it is chal-
lenging to implement high quality on-chip inductor and
minimize the chip area. In [47], a 0.25-µm CMOS contin-
uous-time 6-tap FIR filter as an 8x fractionally spaced
receiver equalizer has been designed. The FIR filter has
on-chip analog delay line realized with second order low
pass filters; the group delay per tap is designed for 125
ps. The bandwidth with a constant group delay is tun-
able from 800 MHz to 2.1 GHz.

Adaptation Criteria and Related Algorithms

To adapt to the effect of variation in transmission dis-
tance and additional sockets/connectors, an error signal
related to the quality of the received data must be gener-

ated to tune the transfer function of the equalization filter.
Though the bit-error-rate (BER) criterion is the primary
performance measurement for digital communication
systems, the vast amount of data samples required for
BER calculation makes it an inefficient adaptation criteri-
on. The most widely used adaptation criterion is mean
square error (MSE) calculated between the recovered sig-
nal and the training data in the time domain at sampling
points. The typical equalizer structures using this criteri-
on are feed-forward transversal equalizers (FFE) and deci-
sion-feedback equalizer (DFE) using least-mean square
(LMS) algorithm or its variations. The second method
obtains error signal by sampling the equalizer output
waveform and then analyzing its characteristics in the
time domain. The third method to generate error signal,
mainly used in high-speed analog equalizers, is to use sta-
tistical spectrum information. 

Minimum Mean Square Error
The minimum mean square error (MMSE) criterion tries
to minimize the power of residual ISI and noise at the
decision instants of received signal, which is expressed as
below [51, 52]:

min ε = min E[e2
k] = min E[(xk − xk)

2],

where E[·] is the expectation value, xk is equalized data
and xk is the reference data. After the training process
converges or the BER is low, the reference data can be
replaced by decision data [53]. The typical equalizer
structures using this criterion are linear equalizer or deci-
sion feedback equalizer (DFE).

For MMSE equalizer, the matrix form of optimum trans-
fer function is expressed as:

C = �−1ξ,

where � is the covariance matrix of the signal samples, C
is the coefficients vector of linear equalizer and ξ is coef-
ficients vector of channel equalizer, which can be mod-
eled using a linear equalizer. The above expression
provides the analytical expression for the optimum trans-
fer function for linear equalizer under MMSE criterion.
The value C can be solved by using Levinson-Durbin algo-
rithm to find the inverse matrix of � or using iterative pro-
cedure, such as steepest-descent method. The updated
process of iterative procedure for coefficient vector C is: 

Ck+1 = Ck − �Gradk

= Ck − �(−E(εkVk)),

where � is a constant to ensure that iterative process
converges. The updated gradient Gradk is equal to the
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expectation value of multiplication of error εk and Vk, the
sampled vector of received data corresponding to error εk.

However, for practical real time digital communica-
tion, channel response is always unknown and the covari-
ance matrix of signal sequence is not available. To
overcome this difficulty, least mean square (LMS) algo-
rithm uses the instantaneous value of −εkVk as updated
gradient instead of its expectation value. Consequently,
the coefficients updated equation for LMS algorithm is:

Ck+1 = Ck + �εkVk

To speed up computation process and simplify the
implementation, variations of LMS algorithm use only the
sign information of εk (sign-error LMS or SE-LMS), the sign
information of Vk (sign-data LMS or SD-LMS) or both signs
information (sign-sign LMS or SS-LMS). When realized in
analog circuit and in the presence of DC offset, SD-LMS
and SS-LMS algorithm can diverge from the optimum gra-
dient path and result in excess MSE. SE-LMS algorithm is
most suitable for high-speed analog adaptive filters due to
its simple realization and low sensitivity to DC offset [54].

Another algorithm called Sign-sign block LMS [55] can
be used to reduce further the hardware implementation
complexity and speed requirement; it has been used in a
transmitter pre-emphasis adaptive equalizer in [12]. The
weight updating algorithm is as follows:

Ck( j + 1) = Ck( j) + sgn

(
L−1∑

i=0

sgn(εjL−1)sgn(εjL−i−k)

)
.

Waveform Monitor
The second criterion obtains error signal by sampling the
equalized output waveform and then analyzing its char-
acteristics in time domain. For example, the value of
equalized signal sampled at the peak or in the transition
band can be used to decide whether it is over equaliza-
tion or under equalization [56, 57]. Another example,
which has been used in optical receiver, is to monitor the
eye opening of the equalized signal [58]. When ISI is not
severe, the received signal usually has open eyes, as in
the case of optical channel and it is easy to determine the
quality of the received signal by the eye opening width.
However, when the transmission speed and/or the media
length are increased, ISI could be very severe for coaxial
cable or PCB traces, so that the received signal has
closed eyes. It becomes impossible to compare the quali-
ty of two received signals when both have closed eyes. 

Frequency Spectrum Error Criterion
Criteria and algorithms above need a clock with accurate
sampling phase to obtain time-domain information

required for error calculation. However, clock recovery
loop, like PLL, needs well-equalized data to converge.
These two loops are not independent and may both fail
[56]. The third error criterion is to minimize statistical
spectrum error [1, 59–61]. This method has several
advantages over the previous methods: (a) using statisti-
cal information as adaptation criteria relaxes the speed
requirement of the tuning circuit since statistical infor-
mation is time-average result; (b) using continuous-time
analog circuit to compare signals in frequency domain
other than time domain, sampling clock with accurate
phase is not needed; and (c) the desired spectrum is a
statistical information and it is not necessary to have a
training sequence.

For data communications with data rate higher than
several hundred Mbps, the typical method to find the
power spectrum is to use high-pass or bandpass filters
followed by a rectifier or a squarer circuit [1, 59, 60, 62,
63]. For signals in the GHz range, the excess phase prob-
lem prevents any attempt of using a traditional Gm-C or
OTA-C CMOS filter to realize bandpass filter [64]; an
alternative method is to use an active inductor or gyra-
tor to simulate passive RLC circuits [65] [66]. The main
drawbacks are their small linear input range and high
power consumption. In addition, they also suffer from
the influence of the nonlinearity of parasitic capacitors.
In [67], a method called pulse extraction has been used
to estimate the power spectrum of digital signals, which
is then used to generate an error signal to tune Gbps
data rate equalizers for digital communications. The DC
component of the pulse extraction circuit output is the
weighted integration of the input signal power spec-
trum; the weight factor is equivalent to a bandpass filter
bank. This method can be realized with standard digital
circuits, thus, it is scalable to higher-speed technologies
and is less sensitive to the influence of the parasitic. At
the same time, the power consumption and chip area
are largely reduced.

There are two other issues for applying spectrum
error criterion in adaptive FIR filter. First, unlike in LMS
algorithm, where the updating gradient of coefficient of
the FIR filter is proportional to the multiplication of the
MSE with the received signal, the power spectrum differ-
ence across the slicer is only a sign of under equalization,
well equalization or over equalization. The adaptive gra-
dient cannot be calculated from the spectrum difference
and the updating gradient is unknown. Second, when the
ISI is not severe, the slicer will make correct decisions
most of the time, then, the slicer output is essentially
equivalent to a reference signal. However, when the ISI is
very severe, the slicer will make wrong decisions most of
the time, then, the slicer output will not have the same
statistical spectrum as the scrambled and coded random
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data. For a well designed split-path filter, this might not be
a problem since there are only two adapting directions; if
the decision is mostly wrong, the signal is under equal-
ized and increase the high frequency band gain is the
right direction to go. But, for FIR filters with multiple taps,
the decision is not as simple and the adaptation criterion
will be misleading. In [61, 67], random-weight-change
algorithm has been used to solve this problem to adapt a
6-tap FIR filter based on the spectrum criterion.
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