Adaptive Techniques for Joint Optimization of
XTC and DFE Loop Gain in High-Speed I/O

High-speed I/O channels require adaptive techniques to
optimize the settings for filter tap weights at decision
feedback equalization (DFE) read channels to compensate
for channel inter-symbol interference (ISI) and crosstalk
from multiple adjacent channels. Both ISI and crosstalk
tend to vary with channel length, process, and
temperature  variations. Individually  optimizing
parameters such as those just mentioned leads to
suboptimal solutions. We propose a joint optimization
technique for crosstalk cancellation (XTC) at DFE to
compensate for both ISI and XTC in high-speed I/O
channels. The technique is used to compensate for
between 15.7 dB and 19.7 dB of channel loss combined
with a variety of crosstalk strengths from 60 mV,, to
180 mV,,, adaptively, where the transmit non-return-to-
zero signal amplitude is a constant S00 mV .
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1. Introduction

High-speed performance in multiple lanes depends on the
adaptive calibration algorithm used for crosstalk cancellation
(XTC). In this paper, we describe an adaptive calibration
algorithm that is currently being developed for high-speed
XTC signaling techniques for single-end 1/Os.

A crosstalk signal that occurs between channels in
multiple PCB lanes strongly depends on the channel spacing
of such lanes. Any occurring inter-symbol interference (ISI)
or crosstalk, which tends to vary across lanes due to
variations in the manufacturing process, requires adaptation.
To cope with the variations that can occur during the
manufacturing process, we propose an adaptive XTC
algorithm that operates in conjunction with the DFE block
for channel-ISI mitigation.

A low power XTC architecture is able to achieve high signal
integrity in severe crosstalk environments [1]-{5]. We develop
a joint adaptive solution to this power-efficient scheme; the
joint adaptive solution itself is also of low power. The results
of the adaptive XTC algorithm are verified via full system
simulations.

Adaptive algorithms have been actively investigated to find
the optimal compensation for channel loss in a single data
transmission channel [5]-{11]. However, due to the lack of
development in low power XTC architectures, research into
adaptive XTC has largely remained unexplored. Furthermore,
integrating adaptive XTC into existing decision feedback
equalization (DFE) remains an unsolved problem. We propose
a new adaptive XTC algorithm that is able to find a global
optimal eye-opening and thus best bit error rate performance
for the combination of XTC and DFE.

The key to integrating XTC into existing ISI equalization
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Fig. 1. Simulated eye degradation for various crosstalk strengths from channel spacing deviation.

techniques is to take advantage of the fact that a maximum
crosstalk amplitude occurs at a different time in comparison to
a maximum forward signal (cursor timing), at which data is
sampled. The received signal that is separated by half a unit
interval (UI) from the cursor timing is used to adapt the
coefficients of an XTC algorithm. In general, a maximum
crosstalk is generated half-way between the integer-Ul
sampling points of the forward signal such that independent
operation of XTC and of adaptive DFE is feasible.

The rest of the paper is composed as follows. Section II
provides an analysis of crosstalk behavior and an introduction
to our analysis of our adaptive XTC algorithm. In Section III,
we propose suitable extensions to our basic XTC algorithm,
which is then validated via simulations. Although a MIMO
signal exists alongside an XTC signal when one received
signal is differentiated (see [1]), the consideration of a MIMO
signal is omitted during our analysis of our adaptive XTC
algorithm for simplicity reasons. Section IV shows the
standard sign-LMS adaptive loop for DFE, which can be
adapted to include our XTC algorithm. Section V presents an
integration of the adaptive algorithm for XTC and DFE. We
validate the convergence properties of the XTC strength and
DFE tap coefficients. Finally, Section VI summarizes the

paper.
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II. Understanding Crosstalk Behavior

A crosstalk strength is a strong function of channel spacing.
Figure 1 shows simulated eye degradation with various
channel spacing. When the spacing is extremely small, the eye
is completely closed, as shown in the third row in Fig. 1. The
maximum crosstalk amplitude occurs at the timing of data
transition in an adjacent channel. The detection of maximum
crosstalk amplitude and maximum data amplitude can be
independently achieved, and adaptive loops of XTC and DFE
can operate separately.

Figure 2 shows an eye diagram of a non-return-to-zero
(NRZ) signal with crosstalk and a zoomed-in version of the
transition timing (upper-right inset). We note that there are two
types of crosstalk that couple onto the data transition; that is,
positive and negative. If we place a data slicer (one that is
triggered by a recovered clock) at the middle of a transition,
then the resulting digital values can represent positive or
negative impact due to crosstalk depending on the type of data
transition of the adjacent forward signal. The logical relations
that result in either positive or negative crosstalk impact are
described and summarized in the table at the bottom RHS of
Fig. 2 (Cases I-1V). Regardless of the data transition type of
the forward signal, the polarity of crosstalk impact relies only
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on the type of data transition from the adjacent channel.

III. Adaptive XTC

Figure 3 presents the proposed XTC algorithm, which uses
the logical relations between types of data transitions and
polarity of resultant crosstalk. A data slicer that is triggered by a
recovered clock makes decisions on the equalized signal. In
parallel, an edge slicer samples the data signal at the time of
transition and detects whether any crosstalk is likely to produce
a positive or negative impact. The detected digital signals are
used to feed an adaptive XTC loop. CML-to-CMOS circuits
convert the differential signals at the slicer outputs into digital
ones. A combinational logic block generates the “UP” or “DN”
pulses depending on the sign of the crosstalk. An integrator
updates the XTC gain by integrating the “UP” or “DN” pulses.
The “digital delay” and ‘“‘combinational logic” blocks are
similar to the phase detectors in the “clock recovery” block and
can be shared to save power.

Since the ISI equalizer cannot remove the crosstalk, it causes
a timing jitter. A DFE can mitigate any occurring ISI without
increasing crosstalk noise, but any jitter via the crosstalk
remains uninfluenced and reduces the horizontal eye margin.

Assuming that the recovered 0° clock provides a rising-edge
timing at the data eye center for the differential data slicer, the
differential edge slicer is triggered by a 180° clock and samples
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the digital signal generated at the data edge, xi[fys]. If the
detected differential data signal at any time during the period of
the rising edge of the 180° clock is larger than O (crossing
point), which implies a positive crosstalk impact, then the
“edge slicer” and “CML-to-CMOS blocks end up having a
value of “1”; and vice versa. The “digital delay” block that
follows holds x;[7ys] with a half UL, and all of x,[#], x1[%s], and
x1[#1] are sent to the “‘combinational logic” block concurrently
for judging an over or under XTC compensation.

Using x;[#] and xi[#] from channel 1 and x,[#)] and x;[#]
from channel 2, we can predict if the data transitions will
contain either positive or negative crosstalk, as explained in
Fig. 2. If the detected digital signal, x[#5] or x»[#ys], is identical
to the predicted digital signal, then the XTC is
underperforming and the ‘“‘combinational logic” block then
generates an “UP” to increase any XTC signal gain; and vice
versa. Based on the preceding logical hypothesis and the table
in Fig. 2, Table 1 is created. Through an adaptive XTC loop,
the edge sample is forced to have zero mean.

The bottom half of Fig. 4 describes the low-frequency
feedback loop for an adaptive XTC. The “detection” and
“combinational logic” blocks generate “UP” or “DN” pulses,
and these pulses are integrated by a charge pump to update the
control voltage for XTC gain. The loop gain in the frequency

domain can be express as
Al
Loop gain =0.25—=%,
s

(M

where [ is the current of the charge pump, C is an integration
capacitance (see Fig. 4), 4 is an AGC gain (this is set to a unity
gain for simplicity reasons), and 0.25 is a necessary factor
because the transitions in both channel 1 and channel 2 occur at
the same time with a probability of 1/4. In reality, the factor
varies depending on the patterns in channel 1 and channel 2.
Since there is a single pole at zero-frequency in the whole
feedback-loop transfer function, the loop is stable with a phase
margin of no less than 90.
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Fig. 3. Proposed adaptive XTC algorithm (equalizer blocks are simplified).

The updating voltage step (AV) in Veonr at each symbol
duration is AL7;/C. For the signal in the third row in Fig. 1, we
have simulated an adaptive XTC. In our 12 Gb/s application,
we set 7 as 83.3 ps. The other parameters are 4 = 1, [,=50 pA,
and C =1 pF. The difference of a control voltage from an initial
value to an optimal converging value is 757 mV. Based on
these settings, the theoretical converging time of the loop can
be calculated as

757 mV -7,
0.25-AV

Convergence time = =60.1ns.

@

Compared to our simulated value, 62 ns, it shows a 3.2%
error because of the randomness of the data pattern. By
increasing the current of the charge pump or reducing the size
of the capacitor, the updating voltage step can increase to
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reduce the converging time. However, the large static state
noise of the control voltage due to the large step size directly
translates to more residual crosstalk noise after XTC.

In practice, there will be an expected channel spacing and
initial XTC gain for each PCB channel product. Figure 5
shows the high-speed signal adder circuit, and Fig. 6 shows the
simulation results of our adaptive XTC for various crosstalk
strengths that are inversely proportional to channel spacings.
The circuit on the top RHS of Fig. 5 shows an implementation
of the adder block with analog control. We control the ratio of
dc current in the forward path amplifier and XTC path
amplifier. The trans-conductance of the two paths share a
common load, and the addition gain can be varied depending
on the g, ratio. Since the dc current at the load is constant
regardless of current ratios (that is, the gain as well), the dc

Taehyoun Oh and Ramesh Harjani 909
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values at the output nodes remain constant so that ac coupling
capacitors can be avoided in the next stage. We can implement
this block by using DAC-based current source switching, as
shown in the bottom picture of Fig. 5. The circuit shows a 3-bit
control but can easily be extended for high resolution control.
The range of ‘Veont’ is from 0 V to 1V, and the overall gain
of the adder, G, is set to a value of four in our simulation. If
‘Veonr’ 1s increased, then a larger XTC signal is added while
the forward signal with the crosstalk signal decreases. To cope
with various input signal levels, this adder (along with the gain
control block) precedes the XTC and DFE blocks. As shown
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by the simulation results in Fig. 6, Vconr converges to large
values for large crosstalk values; it just takes a little longer to do
so. The large settling times for large crosstalk values are due to
the constant slope of settling.

Throughout this section, we have avoided any consideration
of a MIMO signal (shown in [1]) in our analysis of the
adaptive XTC loop. In fact, a MIMO signal does not affect the
decision of an edge slicer. This is because a MIMO signal is a
derivative of a crosstalk signal. At the timing of the maximum
crosstalk amplitude during a data transition when the edge
slicer decides a positive or negative crosstalk impact, the
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theoretical MIMO signal value is zero; consequently, the
decision of the edge slicer is unaffected. For larger crosstalk
strengths, the gains of the forward signals after XTC adaptation
tend to become smaller, as shown in Fig. 6. The AGC block
can adjust these various forward-signal strengths into constant
signal amplitude. The integration of both adaptive XTC and
adaptive DFE will be presented in the following section.

I'V. Automatic Gain Control and Adaptive DFE

A decision feedback equalizer is a discrete-time scheme,
where a sampling clock provides an edge at a maximum pulse
response amplitude (cursor timing). A single symbol-duration
pulse at the transmitter produces a pulse response that contains
ISI tails upon passing through a dispersive channel, as shown
in Fig. 7(a). The RHS picture in Fig. 7(a) shows our algorithm
for the adaptive DFE in the discrete domain. In our simulation,
we assume two ISI post taps (%1, 4;). The goal of the adaptive
DFE block is to generate an ISI-free signal with a constant
amplitude (B) on the node before a slicer, where the signal is
indicated as z[k]. In Fig. 7, the slicer generates a digital output
— “1” or “~1” depending on the input.

The received signal, r[k], is a convolution of a transmitted
signal sequence, x[k], and a pulse response of the channel, (/[0],
A[1], and A[2]). This signal is amplified by a gain control value,
A[k], and equalized by the DFE loop. The equalized signal, z[k],
is expressed as A[k]r{k] — ci[kIx[k — 1] — co[kIx[k — 2], where
x[k— 1] and x[k — 2] are the slicer’s digital output at times k£ — 1
and &k — 2, respectively. All parameters bar x[k] and x[k] are
discrete-time values and can be any real number. Here, 7{k] and
z[k] are differential signals. For the adaptation of the adaptive
DFE, we use a least mean square (LMS) algorithm. As the gain
control and equalization proceeds iteratively, the adaptive
variables, A[k], c|[k], and c,[k], converge to their respective
optimal values; the expectation of the error signal, E(e’[k]),
reaches a minimum value. The aforementioned error signal can
be expressed as

elk] = z[k]— Bx[k]

= ATKV k] - ¢, [KIx[k = 11— c,x[k — 2] Bx[k]. ®)

The principle that lies behind the LMS algorithm is based on
the gradient descent. At every symbol period, each adaptive
variable is updated with a negative partial derivative of each of
the variables A[k], c|[k], and c,[k] with respect to the error
signal €’[k], which represents a gradient of the function E(e’[k])
in a space constructed by A[k], ¢,[k], and c,[k] (that is, E(’[k])
= func(A[k], c1[k], colk]));

0e’[k]

Al +1]= A= o =

Ak]=2p-rlk]elk], (4
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Fig. 7. (a) Discrete-time model of DFE adaptive loop and (b)
convergence of AGC gain and DFE coefficients (LMS
(left) and sign-sign LMS (right)).

oe’ [k
& lk+11= okl u ai[[k]] — [K1+ 2 X[k~ 11k, (5)
e[k +1]= k] - 2j 53 — e, [+ 200 X[k~ 21elk]  (6)

is an updating speed. For large values of u, any resulting
settling times can be reduced; however, the stability of the DFE
loop will be degraded. A typical value for x is 0.05. After
sufficient iterations, the amplitude of e[k] approaches zero and
all adaptive variables converge. In simulations, this LMS
algorithm can be proven to be valid, as shown in Fig. 7(b).
However, the multiplications in equations (4)~6) are power
costly in terms of hardware implementation. The most
significant features of each iteration of the LMS algorithm are
the signs of the gradients of the adaptive variables and the sign
of the error signal. As long as the gradient of each adaptive
variable is heading in the correct direction, then the adaptive
variables will eventually reach their respective optimal values
(where the error signal ¢’[k] approaches its minimum value).
This modified version of LMS is called sign-sign LMS and is
easily implementable in hardware.

Alk +1]= A[k]—2u-sign(x[k])sign(e[k]), @)
e,k +1]=¢,[k]+2u-sign(x[k —1]sign(e[k]),  (8)
Taehyoun Oh and Ramesh Harjani 911
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o[k +1]=c,[k]+2u-sign(x[k —2])sign(e[k]). Q)

In (4), r{k] is replaced by x[£] in (7) because a latency from
r[k] to ¢[k] in an actual implementation becomes problematic.
When A[k], c[k], and c,[k] converge to a finite value after
sufficient iterations, the amplitude of e[k] approaches zero and
the values of sign(x[]), sign(e[£]), sign(x[k — 1])sign(e[k]), and
sign(x[k — 2])sign(e[4]) toggle between “1” and “~1” with an
equal number of occurrences. Because p is a small value,
the adaptive variables do not vary significantly and finally
converge. Figure 7(b) presents converging simulations of the
adaptive coefficients of both the LMS and the sign-sign LMS
algorithm (in Matlab). In these simulations, the cursor, first-tap
ISI, and second-tap ISI (%, /;, and A, respectively) are set to
500 mV, 200 mV, and 100 mV, respectively. The pulse
response is convoluted with a data sequence x[k] of a digital
value, 1 or —1. The target amplitude of the equalized signal z[k]
is 500 mVg,,, (B =250 mV in Fig. 7(a)). The AGC gain, A[£],
converges to 0.5 to meet the target amplitude, and the DFE tap
coefficients become half of that of the ISI taps due to the
reduced AGC gain.

When implementing the algorithm to hardware, multiplying
B with x[k] and comparing it with z[£] to generate sign(e[k]) at
symbol rate is power hungry due to the speed.

Figure 8 shows a circuit implementation that can circumvent
this problem. The equalized signal z,[k] is a positive pair of a
differential signal z[k], and we compare it with a reference
voltage (B/2 or —B/2) by using a differential slicer. In a
combinational logic, we can make sign(e[£]) in (7), (8), and (9),
which could be “—1” or “l,” to be represented by an
implementable digital value of “0”” or “1,” which is indicated as
elk] in Fig. 8. The logic gates are based on the assumption that
when x[£] is “1,” e[k] is “1” only if the detected digital values

912  Taehyoun Oh and Ramesh Harjani

Table 2. Combinational logic table for LMS algorithm.

Adaptive coefficients Charge pump node Logic expression

UP €j k] ® Xil k]
A4 [ ]7 (K]

DN UP

UP elk] ® x[k—1]
alk]

DN UP

Up e[k] ® x[k—2]
colk] —

DN UP

in the top two slicers, p,[k] and n{k], are “1.” In addition, when
x[k] is “0,” efk] is ““1” only if the detected digital value n{k] on
the slicer in the middle is “1.” The value of e[£] is an inverted
digital value of efk]; x[k] is an implementable digital data bit
of the digital value x[£], which can be either “1” or “—1.”

Using the digital value of the error sign, efk], and the
detected digital data values, x;[k— 2], x,[k— 1], and x[k], we can
create “UP” or “DN” signals for a charge pump that integrates
the functions —sign(a[k])sign(e[k]), sign(x[k — 1])sign(e[£]), and
sign(x[k — 2])sign(e[k]) of (7), (8), and (9) with a speed of ;
this speed is decided by an integration current and the capacitor
of the charge pump similar to the charge pump case used in
the adaptive XTC case in Fig. 4. Table 2 shows a minimized
combinational logic for implementing the integrators for each
adaptive coefficient.

The timing difference between e[k] and xjk], x[k — 1] or
x,[k — 2], can be compensated and aligned by adding flip-flops.
Since the charge pumps are in either an “UP” or “DN” mode,
the charge pumps can be replaced by RC integrators to reduce
power consumption; this is not so in the adaptive XTC case
(see Table 1), where it is required that the charge pumps be in a
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Fig. 9. Timing for forward and crosstalk signals; forward signal is dominant at integer Ul intervals and crosstalk is dominant at half Ul

points.

“no update” state.

V. Combining Adaptation of XTC and DFE Coefficients

In Sections II and III, we proposed an adaptive XTC and
described a fundamental sign-sign LMS algorithm to
implement an adaptive DFE. In this section, we demonstrate an
independent adaptation of the two loops and validate it by
behavioral simulations in Verilog-A.

Figure 9 shows a pulse response of a forward signal and
crosstalk (bottom left) and the resultant eye-diagram (bottom
right). Since the forward signal and crosstalk are independent
of each other, the crosstalk acts as a noise — its largest impact
occurring on the data transition timing of the forward signal (as
is explained by Fig. 2). As illustrated in Section II, the sampling
timing for an adaptive XTC loop is the middle timing between
integer Uls when the noise by a crosstalk is a dominant factor.
On the other hand, in most symbol-rate equalization schemes,
the sampling time for an adaptive equalization loop is at an
integer Ul when the vertical eye-opening is largest (cursor
timing). At this timing, the channel ISI contributes to the
voltage noise mostly and the noise caused by a crosstalk is
trivial. Using two independent sampling times for the
adaptation loops of XTC and DFE, the integration of the two
adaptations can be achieved independently.
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The integrated adaptive XTC with an ISI equalization
architecture is shown in Fig. 10(a). The data and edge (data
transition) samplers are triggered by the interleaved clocks. The
XTC loop uses the digital output signal from both samplers,
whereas the DFE loop uses the digital output signal of the data
sampler and the signal just before the sampler via an error
detector block. The VGA gain (4) and coefficients of the three
taps (c1, ¢, and ¢;) are adaptively adjusted using the error
signals. There are three nodes used for a signal observation in
the simulation, as marked at the top of Fig. 10. The received
signal at point X is single-ended and includes a crosstalk from
an adjacent channel, which will be converted to a differential
by an SDC with a unity gain. The XTC adder block combines
the forward signal path and differentiation signal path with a
ratio of G(1 — a) to a. The overall gain, G, is set to a value of
four. After XTC, the signal at point Y is crosstalk-free but
suffers from a varying signal amplitude and ISI tails. The
variation in amplitude comes from the various crosstalk
strengths, the adding ratio of the XTC adder (), the degree of
channel loss, and the MIMO signal strength. The AGC and
DFE create an NRZ signal with a constant signal level at point
Z (see Fig. 10(a)); the sign-sign LMS algorithm required to
achieve this feat is explained in Section II1.

Figure 10(b) presents the simulation results for a 12 Gb/s
adaptive XTC and DFE system. The featured channel has an
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Fig. 10. (a) Integrated adaptive XTC and DFE architecture for channels with both ISI and crosstalk and (b) eye-diagrams at points X, Y,
and Z at convergent state and adaptation of each coefficient (4, a, ¢y, ¢5, and ¢3) at insertion loss of —15.7 dB.

insertion loss of —15.7 dB with three crosstalk strengths of
60 mV,,, 120 mV,,,,, and 180 mV,,,,. The transmitted signal is
an NRZ signal with 500 mV,,,, amplitude. The eye-diagrams
for the nodes at points X, Y, and Z are observed and their
overall signal amplitude and vertical eye-opening at the
sampling point are shown in the first three columns. The fourth
column shows the converging values of the AGC gain (4) and
the XTC adding ratio (). The fifth column shows the values
for the DFE coefficients (¢, ¢, ¢3).

The graphs shown in Fig. 11 summarize the simulation
results of Fig. 10(b), as well as more extensive simulations with
various channel-loss variations (-15.7 dB, —17.7 dB, and
—19.7 dB). Figure 11(a) shows the converging XTC ratio (o)
over various crosstalk strengths. For a larger crosstalk, the XTC
allots more gain to the XTC path (). For a larger insertion loss,
o. increases, because the forward-signal amplitude becomes
smaller relative to the crosstalk strength, and an increased
addition ratio (a) is required. Figure 11(b) shows the
converging AGC gain (4) and first DFE tap coefficient (c;) in
accordance with various insertion losses. A larger insertion loss
requires a higher AGC gain to meet the constant target
amplitude, as well as requiring larger DFE tap coefficients to
cope with larger ISI tails. Interestingly, the larger MIMO signal
helps decrease the required DFE tap coefficients, and the
final value for ¢; in the case of higher crosstalk is smaller.
Figure 11(c) shows the saved power on AGC only, and
Fig. 11(d) shows the total saved power (%) of the DFE taps
relative to the total consumed power of the DFE taps. For a
higher crosstalk and insertion loss, the improvement by a
MIMO signal is larger and results in more power being saved.
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Fig. 11. Summary of adaptive XTC and DFE simulation results.

For a —19.7 dB insertion loss and 180 mV,, crosstalk, the
MIMO signal energy reaches up to 35% of the DFE energy
consumed during equalization. If the signal is added with a
proper polarity and timing, then it will save the DFE power,
which shows at 4 mA current consumption in our simulation.

VI. Conclusion

A new adaptive algorithm for XTC is proposed and is
proven to be workable in conjunction with adaptive DFE
schemes. Transition-filtering detectors evaluate for under- or
over-compensation by considering the sampled value in the
middle of the data transition. Through a low-speed control loop,
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the XTC gain optimally adapts to the strength of the crosstalk.
A range of input signal amplitudes after XTC is handled by
the adaptive DFE stages. LMS algorithms are used for the
adaptation of the DFE and are integrated with our adaptive
XTC algorithm. The different detection timings for adaptive
loops enable both the adaptive XTC and the DFE to run
independently, making the integration of the two adaptive
loops feasible. The beneficial reutilized crosstalk energy has
been quantified by considering the final values of the
coefficients for the DFE. The MIMO signal contributes to the
cursor and DFE taps, allowing smaller adaptation values.
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