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A 6.25 Gb/s Voltage-Time Conversion Based
Fractionally Spaced Linear Receive Equalizer for
Mesochronous High-Speed Links
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Abstract—Fractionally spaced linear receive equalization
(FSE) is shown in this work as an effective method to perform
joint equalization and phase-synchronization in mesochronous
high-speed links. Given an arbitrary receive sampling phase,
a modified sign-sign least mean squares (M-SSLMS) adaptive
algorithm is developed to tune the FSE tap weights to mitigate the
inter-symbol interference (ISI), avoiding the divergence issue in
the standard sign-sign least mean squares (SSLMS) algorithm. To
achieve the desired linearity with good energy efficiency and large
input dynamic range, an FSE is implemented using a voltage-time
conversion technique by inverter-based threshold detectors with
auto-zeroing function. The two-tap quad-rate FSE receiver with
one-tap DFE is fabricated in 90 nm bulk CMOS technology,
occupying 0.03 mm2 active area. With a 1.2 V supply, it achieves a
6.25 Gb/s rate, 3.6 mW/Gb/s efficiency and over 4 bits of linearity.
Index Terms—Fractionally spaced linear receive equalization,
high-speed links, modified sign-sign LMS algorithm, voltage-time
conversion technique.

I. INTRODUCTION

T

O keep the integrated system performance scaling as the
transistor density increases in advanced technologies, the
data-rate per pin must increase. However, bandwidth limited
electrical channels introduce more losses as the data rate grows,
and therefore require more sophisticated signal processing circuits, making it difficult to improve or even maintain the energy efficiency. These losses show as larger inter-symbol interference (ISI), which is the dominant factor for bit errors in
high-speed links, challenging both the equalization and synchronization subsystems.
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Equalization and synchronization loops typically work with
different error information and performance metrics [1]–[5]. As
shown in Fig. 1(a), the equalization loop minimizes the voltage
errors at data decision points for larger vertical eye openings
based on the data samples . On the other hand, according
, the synchronization loop
to the data and edge samples
(CDR) minimizes the phase errors at edge crossings for precise transition locking. This discrepancy results in suboptimal
performance, especially when the eye openings are asymmetric
due to ISI [6]–[9], such as in systems with loop-unrolled decision-feedback equalization (DFE). Even for the direct feedback
DFE systems [10], the feedback signal may disturb the crossing
edges, impact the recovered timing, and degrade the sampled
eye openings. Solutions such as separate DFE correction for
edge samples have been introduced at the cost of doubled receiver complexity [9].
To alleviate these effects, we have recently proposed in [11]
circuits and systems techniques that customize fractionally
spaced equalizers [12] for high-speed link receivers, integrating ISI reduction and phase synchronization into a single
control loop. A typical receive symbol-spaced equalization
(SSE) system requires one multi-bit data sample per symbol
for equalization and one single-bit edge sample for synchronization. In comparison, a 2x oversampled FSE operates on
both data and edge samples, requiring the same resolution
on both samples. Though higher resolution directly results in
increased power consumption, the FSE, shown in Fig. 1(b), has
the potential to reduce the receiver energy consumption and
improve the link performance by combining the equalization
and clock-data-recovery overheads.
In addition, due to large ISI, the receive equalization circuits have to operate at a relatively high input dynamic range
compared to the supply voltages in aggressively scaled CMOS
processes. Under these conditions, conventional current-mode
(CML) implementations suffer from the inherent trade-off between power and transistor linearity. To break this trade-off and
offset the power footprint of the FSE, we have proposed in
[11] the voltage-to-time (V2T) conversion based implementation, adapted for multi-gigasamples per second rates from original circuits in [13]. This technique improves the FSE energy efficiency and linearity under low supply voltages, and high input
dynamic range conditions compared to the conventional CML
implementations.
In this paper, we describe a second generation of the V2T
conversion based FSE receiver. It incorporates a faster variant of
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Fig. 1. (a) Conventional high-speed links with independent data recovery loop and phase synchronization loop (CDR) at receiver end. (b) Proposed FSE receiver
with unified equalization and synchronization loops for mesochronous systems.

the V2T front-end with an auto-zeroed inverter-based crossing
detector. This implementation improves the decision speed
by keeping the detector devices strongly on at the decision
threshold, and increases the input dynamic range because the
inverter switching threshold is larger than the nMOS threshold
used previously. An auto-zeroing scheme [14] is used to
compensate for the threshold mismatch. This new design is
implemented as a quad-rate two-tap 2x oversampled FSE with
a one-tap loop-unrolled DFE, samplers for tap coefficient adaptation and in-situ link monitoring blocks. This FSE receiver
enables robust equalization and phase synchronization in a
mesochronous system.
Traditional low-cost SSLMS algorithm has been applied for
the FSE coefficient adaptation [15]. To overcome the algorithm
divergence issue [16], [17] without costly high-speed multi-bit
analog to digital converters, a modified sign-sign least mean
squares (M-SSLMS) algorithm has been developed. By reducing
the quantization noise, it enables robust adaptation for arbitrary
sampling phases using the same low-cost SSLMS hardware.
In order to analyze the system-benefits of the FSE in highspeed links, in Section II we present a simplified model of the
FSE over bandwidth limited channels and describe the adaptive algorithm modifications. The corresponding tap design is
explained in Section III. The new V2T FSE implementation is
presented in Section IV, and measurement results are analyzed
in Section V. Conclusions are given in Section VI.
II. FSE FOR LINKS
A. FSE Overview
An FSE samples the input signal multiple times per symbol.
By processing these samples with an FIR-type filter, it produces
multiple equalized outputs per symbol, of which only one is
used to make a decision [12]. For most of the high-speed links

with high channel losses above the Nyquist frequency, a 2x oversampling rate is sufficient to handle the aliasing properly and
equalize the signal for arbitrary sampling phase with negligible
performance degradation. On the contrary, an SSE may suffer
severely due to the limited ability to handle aliasing, especially
when the receiver (Rx) sampling phase is non-optimal.
Given the same channel and sampling phase, FSE also
demonstrates better ISI cancellation ability than SSE. We illustrate this property with a simple RC-dominant channel. The
channel pulse response is shown in Fig. 2. To keep the derivations tractable, a 2-tap SSE and a 2-tap FSE are investigated.
The FSE’s output is down-sampled by 2x, and only the pulse
response observed by the slicer is studied. The same method
can be extended to the study of arbitrarily long equalizers.
For easier understanding, the comparison starts from the optimal phase case, where the peak of the analog pulse response
is sampled as one cursor of the symbol-spaced pulse response.
With the proper tap values, which are illustrated in Fig. 2, both
the SSE and the FSE can cancel the ISI completely. Furthermore, the FSE can generate the main cursor either with just the
first pre-Eq cursor or with a combination of the first two pre-Eq
cursors. Thus, at this phase, the FSE offers one more degree of
freedom. The resulting dominant post-Eq cursors are offset by
half of the symbol time (UI).
The SSE’s performance may degrade significantly at other
sampling phases, while the FSE’s performance is robust to sampling phase offset. A scenario is shown in Fig. 3, where the phase
is away from the optimal. The SSE taps can be tuned according
to several criteria – zero-forcing the pre-cursor or post-cursor
residual ISI, or minimizing the ISI in the mean-square sense.
However, it can be proved that in all cases the post-Eq ISI is
nonzero due to its limited ability to handle the aliasing. For
highly lossy channels (
and
), the residual ISI
may close the eye opening, causing bit errors. Under the same
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Fig. 2. FSE and SSE achieve the same equalization performance at the optimal phase.

Fig. 3. SSE is sensitive to the sampling phase: there always exists non-zero residual ISI no matter what equalization optimization strategy is taken. The FSE is
immune to the phase offset: zero residual ISI for all sampling phases.

sampling phase, given the FSE tap values already shown in
Fig. 3, the corresponding FSE generates the desired post-Eq
main cursor and zeros the residual ISI, the same as the optimal
phase case.
This simple example reveals several interesting properties of
the FSE. Firstly, with same number of taps, though the time period covered by the FSE is only half that of the SSE, it shows
equal (at the optimal sampling phase) or even better (at a nonoptimal phase) equalization ability, which has been reported
in the communication community [12]. Secondly, the receiver
sampling phase may degrade the SSE performance, while
there is little impact on the FSE performance. Thirdly, by generating the dominant post-Eq cursor with the first two pre-Eq
cursors, an FSE is effective to cancel the post-Eq precursors.
Obviously, this may lead to greater equalizer coefficients. But

this requirement is generally mild. For highly lossy channels
and
), the greatest coefficient is less than 2.
(
On the contrary, if the SSE dominant post-Eq cursor is just demust be
rived from the first pre-Eq cursor, the tap weight
, which becomes unrealistically large
when the sampling phase is small.
Since the dominant post-Eq tap is derived from the first two
pre-Eq cursors instead of the two greatest pre-Eq cursors, it
may boost noise. Therefore, there exists a tradeoff between ISI
cancellation and noise reduction when down-sampling the FSE
output. For dispersive channels with high-loss past the Nyquist
frequency, Figs. 2 and 3 show the optimal solutions.
In summary of this example, for those lossy – ISI dominant
channels, the SSE relies on the synchronization loop to lock at
a particular phase so that the samples are well aligned with the
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Fig. 4. A 2x oversampled 4-tap FSE’s robustness against phase offset. Top: channel transfer function, 17 dB attenuation at 3 GHz (Nyquist frequency), and eye
diagram at 6 Gb/s with no equalization. Middle: numerical optimal tap weights for each phase offset at 6 Gb/s data rate. Bottom: numerical worst case eye opening
given the optimal tap weights for each phase offset. The fluctuation of eye opening is less than 5%; the eye varies and even closes completely for some phase
range for SSE.

6

TABLE I
PROPERTIES OF THE SSE/FSE OPTIMAL COEFFICIENTS OVER 1 UI PHASE OFFSET RANGE.

The L norm of the optimal coefficients

The L norm of the optimal coefficients

fw ; w ; 1 1 1 ; w g is defined as
fw ; w ; 1 1 1 ; w g is defined as

maximal eye opening position. Any phase drift from the optimal may result in performance degradation or zero eye opening
of SSE, even with perfectly tuned tap coefficients. A properly
tuned FSE, on the other hand, can keep the receiver output well
equalized for any sampling phase.
To do a similar analytical comparison with measured channels and arbitrarily long SSEs/FSEs is difficult. In order to verify
the statements drawn from the simplified model, a 4-tap FSE
at 6.0 Gb/s rate is studied numerically for a measured 20-inch
legacy backplane channel with 16 dB loss at 3 GHz Nyquist frequency. The Rx clock phase relative to Tx clock is swept within
1 UI. The FSE coefficients are calculated by convex programming for each phase (to maximize the worst-case equalized ver-

jw j .
jw j .

tical eye opening, subject to 0.5 V equalized main tap amplitude) and the corresponding worst case eye openings are shown
variain Fig. 4. The worst case eye opening is flat with
tion over all the phases, while for the 4-tap SSE, the worst case
eye opening varies in a much larger scale and even closes in
some phase range. The properties of the optimal coefficients of
the SSE/FSE over 1 UI phase offset range are given in Table I.
In comparison with the SSE, the FSE requires a wider amplitude range. However, the extra gain is no more than 2, which is
consistent with the analytical conclusion on the 2-tap FSE/SSE
case.
This test illustrates that the FSE can equalize the channel
for any sampling phase with almost identical worst-case eye
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Fig. 5. (a) Block diagram of an adaptation FSE. For SSLMS algorithm, the quantizers are 1-bit. (b) Convergence comparison between LMS algorithm and SSLMS
algorithm for a 2-tap FSE. w and w are the tap coefficients. The background is the mean square error of the corresponding tap setting.

Fig. 6. An illustration of the M-SSLMS adaptation algorithm at the phase where the sample d [n] is on the edge. Signs of the samples are applied to tune FSE
taps. By detecting the absence of the edge transition, the signs of sample d [n]’s neighbors, i.e., sign(d [n 1]) and sign(d [n]), provide indications whether
sign(d [n]) is reliable or not. The M-SSLMS algorithm adjusts the corresponding tap only with those reliable signs.

0

opening. Obviously, the optimal coefficients vary as the sampling phase varies and an adaptation scheme is needed for any
practical implementation.
B. FSE Adaptation
An adaptation structure is shown in Fig. 5(a). It combines the
information of the input and error signals to adjust the equalizer coefficients W accordingly. There are several algorithm options for adaptation, such as LMS algorithm, sign LMS algorithm, sign-regressor LMS algorithm and SSLMS algorithm. The
SSLMS algorithm requires only 1-bit quantization of the equalizer’s inputs and outputs to adapt. The low implementation cost
makes the SSLMS algorithm practical for links applications [6].
However, as a coarse approximation of the LMS algorithm, the
SSLMS algorithm may converge differently and result in suboptimal performance or even divergence, for different phase
offsets.
One example is shown in Fig. 5(b). Given the same initial condition, the LMS algorithm converges to the minimal mean square
error (MMSE) solution while the SSLMS algorithm converges to
a different solution. Further analysis shows that the SSLMS solution satisfies the condition that the product of the input signal
signs and the corresponding error signs is binary distributed
with a probability of 0.5. In other words, at the SSLMS solution,
the tap increase probability is equal to the tap decrease probability. Otherwise, the tap weights have to change until this condition is met. Obviously, this intrinsic property is determined by

the 1-bit quantization scheme, which saves hardware while introducing more quantization errors and cannot be changed by
averaging. It is especially acute when some of the samples are
at the signal transitions, such as at the phase shown in Fig. 6,
since large quantization errors are generated as the samplers revalues. Furthermore, these
store the small voltages to full
quantization errors are correlated to the error and data signals
at the output of the filter,1 which cannot be fixed by averaging,
and may lead to divergence in the algorithm.
Reducing the quantization errors by increasing the number
of the quantization levels is an effective way to solve this
problem. However, it requires more hardware and consumes
more power. To alleviate quantization errors and help the convergence without introducing extra slicers, we have developed
a modified sign-sign LMS algorithm, which is shown in Fig. 6:
is updated at cycle if and only if the corresponding
a tap
sample
has the same sign as its two neighbors (
and
). In other words, a tap is updated only on those input
values with high amplitude, which are still reliable after quantization. For those with low amplitude, the tap is updated with
1The correlation of two samples spaced by 0.5 UI is higher than that of the
samples spaced by 1 UI. This effect is especially strong for some phases at which
one of the samples is very small so that the quantization of samples (or functions
of them, such as the error function) causes a relatively large gain. The strong
data/error sign correlation at those phases can force the coefficient to move in
a single direction instead of settling into a steady-state, and hence can cause
divergence for the SSLMS algorithm. The LMS algorithm is free of this issue
because the low signal amplitude automatically attenuates this effect.
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Fig. 7. M-SSLMS algorithm converges at any phase for a 4-tap FSE at 6.25 Gb/s. Top: the steady-state coefficients versus phase for LMS algorithm, M-SSLMS
algorithm, and SSLMS algorithm. Bottom: the corresponding steady-state worst case eye openings versus phase. The M-SSLMS algorithm performance is close to
the LMS algorithm, and the SSLMS algorithm diverges at phases 0.4 UI and 0.8 UI. When the phase is around 0.4 UI, the taps w and w are aligned with the data
transitions (same as w in Fig. 6).

0 equivalently. Thus, sample
is effectively quantized into
or 1.5 bit, and the quantization error
three levels
is reduced. Further simulations demonstrate that the M-SSLMS
algorithm converges at any sampling phase with performance
comparable to the LMS algorithm, as shown in Fig. 7.

shorting the inverter’s input and output. In the evaluation phase,
the back plate is first switched to GND. Due to the existing
capacitive divider circuit, a voltage drop is generated at node
, which is a function of the sampling capacitance
,
load and parasitic capacitance
of the node
:

III. FSE TAP DESIGN
The CML-based SSE and FSE tap implementations have been
reported in high-speed link receivers [15], [18]–[20]. In these
designs, the channel output voltages are converted into current
by the transconductance of the input device pair, and then converted back to voltage on a resistive load, as shown in Fig. 8(a).
Thus, the multiplication and summation operations are achieved
simultaneously through analog summing of weighted currents.
The input pair transconductance and the tail current
determine the overall system linearity. For example,
must be
reasonably large for good linearity. Circuit modifications like
source degeneration resistors improve the linearity by reducing
the gain and common-mode rejection. In order to keep a relatively constant gain,
must be reasonably large, affecting
the energy efficiency.
To relax the tight coupling between the linearity and power
in CML-type designs and enable better performance scaling
in advanced processes with limited voltage headroom, we recently proposed an FSE implementation based on the voltagetime conversion technique [11]. To increase the speed and enlarge the input swing range, as well as tune-out the detector
threshold mismatch, here we present a second generation of the
V2T front-end with an inverter-based crossing detector, shown
in Fig. 8(b).
The V2T stage operates in track & hold and evaluation
phases. During the track & hold phase, the back plate of the
sampling cap
tracks the channel voltage, while the top
plate tracks the inverter switching threshold voltage
by

Thus, the voltage at node

is shifted to:

which guarantees that
is lower than
and the inverter output voltage is initially high. Afterwards, a constant
current
starts to charge the node
and the corresponding voltage ramps up linearly. When it crosses the inverter
switching voltage
, a falling edge is generated at the inverter
output. The output timing is:

where
is the delay introduced by the threshold crossing
detector (
ps in simulation). Similarly the other leg of the
pseudo-differential V2T stage converts the other channel output
into time domain:

Assuming perfect matching (
and

,
), the
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Fig. 8. CML and voltage-time conversion based FIR tap implementation concepts. (a) CML based implementation. (b) Voltage-time conversion based implementation with timing diagram. For CML based implementation, the transconductance of the input devices determines the linearity. For voltage-time conversion based
implementation, the current I
determines the linearity.

input differential voltage signal is converted into a differential
timing signal:

which controls current switches at the following differential
T2V stage.
The T2V converter operates in preset and evaluate phases.
are preDuring the preset phase, the output nodes
charged to
. Because of the gated current switches, there
is no significant leakage current in this step. In the evaluation
phase, the output nodes are first discharged with a shared current
until the first timing signal arrives (e.g.,
). The falling
floats the output node
at:
edge of

Since
voltage

, the T2V differential output
is:

The negative sign can be flipped by exchanging the terminal
and
. Thus, relying on the voltage-time
connections of
conversion, a programmable FIR filter tap is built by tuning any
of
,
,
, or . These extra degrees of freedom
can be further used to compensate for mismatch. For example,
the mismatch between
and
can be corrected by tuning
and
or vice versa, while keeping:

On the other hand, the mismatch between
causes the tap-gain dependent output offset:

and

The node
continues to discharge at double rate until the
edge arrives. At this point, it equals:
However, it is independent of the high-speed input signal, and
can be compensated by tuning the threshold of the decision de-
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vice (strong-arm sense amplifier), together with its native offset
cancellation2 [22]. Larger auto-zeroed inverters can minimize
this offset and simplify the front-end design. Implemented with
-based design compensates
an auto-zeroing scheme, the
for the variance between the detector thresholds. Mismatch
and
does not impact the output timing.
between
This V2T conversion circuit is relatively insensitive to the
clock jitter. In each cycle, the uncertainty of the clock moves
and
in the same direction by the same
the output edges
amount, while the differential timing is unchanged. Hence, the
clock jitter only shows as the common-mode timing variation,
which can be rejected by the following T2V converter. On the
may impact the
other hand, the jitter of the sampling clock
sampling accuracy. To minimize this effect, the sampling circuit
should be designed with a proper aperture (bandwidth) for a
given application.
This V2T conversion circuit is relatively insensitive to the
low to midfrequency supply noise and device noise, in a way
similar to the robustness to the jitter with clock . The low frequency supply noise moves the timing signals in the same direction with the same amount, leaving the differential timing
unchanged. However, the high frequency supply/device noise
that varies within each clock cycle can affect the timing edges
differently as they propagate through the V2T converter stage,
and hence get converted into a differential voltage offset. The
full range of timing signals has to be reasonably large to tolerate this effect.3
and are the two
The above analysis suggests that
is required
main sources of nonlinearity. Interestingly,
is lower than
to be linear only when the node voltage
, where the current source device is in
the threshold voltage
deep saturation. Therefore, good linearity can be expected. In
sets the output dynamic
the same way, the nonlinearity of
range. Simulation shows that over 5.5 bits linearity can be
achieved given 600 mV dynamic range on each output at 1
V supply, which already surpasses the CML. Further analysis
shows that the dominant nonlinearity in the V2T stage comes
from the device channel length modulation, which makes the
V2T transfer function concave (follows a logarithmic curve)
and the T2V transfer function convex (follows an exponential curve). These two nonlinear effects partially cancel-out,
making the overall voltage-to-voltage conversion more linear.
Simulations show that given the same linearity requirement (5
bits) and the same condition (1 V supply, 800 mV differential
input, unity gain), voltage-time conversion technique offers
approximately 2x power savings over the tail-degenerated CML
implementation.
-based V2T converter has faster rate and larger
The
input dynamic range, compared to the
-based V2T
converter [11], as illustrated in Fig. 9. Assuming the same
as the
transistor size and same load capacitance, with
input voltage, the sensing transistor in
-based design
is only weakly-on and the corresponding transconductance
2For example, if the delay mismatched related output offset is
mV at a I
setting, the threshold of the data slicer should be tuned to mV.
3Time-interleaving is an effective way to increase the range of the timing
signal.
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Fig. 9.

V

-based V2T converter design [11].

is smaller than the one for the strongly-on inverter
. Thus, the
-based V2T
stage
converter offers greater bandwidth, reduces the path delay
, increases the time dynamic range, and enables higher
-based V2T converter can also work with
throughput. The
-based converter
a greater input dynamic range than the
. For the
-based implementation, in
because
order to make the detector input voltage no less than 0 mV
after the level-shifting operation, the maximal and minimal
and
(assuming zero
channel voltages are to
parasitics) respectively, limiting the input differential dynamic
. For the
-based implementation,
range to be within
to satisfy the same criteria, the maximal input dynamic range is
, which is 1.7x larger assuming typical
and
.
IV. RECEIVER IMPLEMENTATION
Although an FSE samples twice per symbol, each track &
hold circuit works at symbol rate with 0.5 UI offset from its
neighbors. The FSE also produces the output at symbol rate,
because the slicer runs at the same rate to match the Tx symbol
throughput. For example, at 6.25 Gb/s rate, the FSE samples
effectively at 12.5 GHz and processes these samples at 6.25
GHz with 4-bit linearity for an effective adaptation. However,
even though all FSE blocks run at symbol rate, designing an energy-efficient front-end at this high rate is challenging. In this
second generation design, we further parallelize the FSE into
four slices to relax the timing requirements and improve the energy efficiency.
The implemented architecture is a 4-slice time interleaved
FSE, including two feed-forward taps and one feedback tap in
each slice, as shown in Fig. 10. The DFE is implemented using
latch-based 4-slice coupled loop-unrolling structure to relax the
speed requirements [22]. At 6.25 Gb/s rate, four external clock
phases at 3.125 GHz with quadrature phases, are converted
on-chip to eight sampling clock phases at 1.5625 GHz each
with 0.125 data UI phase offset, as shown in Fig. 11.
A. FSE Implementation
1) V2T Converter Implementation: The circuit of the implemented V2T converter is shown in Fig. 12. The sampling clock
is in the same phase as for the first tap and 0.5 UI earlier
than for the second tap so that the two samples are spaced
by 0.5 UI. In comparison with Fig. 8, an inverter chain with
two sign-MUXes is applied between the V2T converters and
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Fig. 10. Architecture of receive FSE and DFE with adaptation sensors. Scan-chain and snapshot are applied for in-situ link characterization.

Fig. 11. Eight-clock-phase generator and assignment for 4-slice time interleaving. At 6.25 Gb/s data rate, each input clock is at 3.125 GHz frequency and each
output clock is at 1.5625 GHz frequency.

T2V converter to both sharpen the edges and derive an edge
pair (including a rising edge and a falling edge) to control the
differential current switch pair in the T2V block. The delay
to node
is designed to match with that
from node
to node
so that the rising and falling
from node
edges carry the same timing information. Each output MUX
(sign-MUX) selects the rising or falling edge as the output, de-

pending on whether a summation or subtraction is required. All
the sign-MUXes can be configured independently.
The
is generated by a 5-bit gated current DAC
(IDAC), which can be programmed to adjust the V2T conversion gain. In order to increase the time domain dynamic range,
is offset by 0.5 UI to amortize for
the evaluation clock
the delay of the first inverter along the signal path. When
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Fig. 12. Schematic of the implemented V -based programmable V2T converter. A direct path from supply to ground occurs during each track and hold phase.
To eliminate it, a circuit modification is suggested.

is high, MN0 pulls node
low and the output nodes are iniearlier
tialized. It blocks the threshold crossings at node
than the falling edge of
. Due to the intrinsic delay of the
is later than the falling
first inverter, the falling edge of
edge of
. Therefore, it does not limit the timing dynamic
range. On the other hand, it allows threshold-crossings at node
to be as late as
before the rising edge of
,
which extends the timing dynamic range by 0.5 UI.
Due to a design error, relatively large leakage current between
MP0 and MN0 occurs during the track & hold phase, when the
while the MN0 gate voltage
MP0 gate voltage approaches
is at
(Fig. 12). This crowbar current represents half of the
measured V2T power consumption. Substitution of MN0 with
an inverter eliminates this problem, which improves the energy
efficiency of the design with no performance degradation.
During the track & preset phase, the output of the inverter is
connected with its input and a direct current path is generated
from supply to ground. However, the inverter size is only 4x of
the minimal size. According to the simulation, it does not impact
the overall system energy efficiency.
2) T2V Converter Implementation: The one-tap implementation of the T2V converter is shown in Fig. 13. Summation,
subtraction and multiplication are realized by applying the
timing signals to turn on/off the current sources to discharge
the output capacitors. Reference currents control the discharge
current amplitudes, corresponding to the FSE weights, and
V2T outputs control the discharge timing, corresponding to the
channel voltage. In comparison with the conceptual T2V

Fig. 13. Schematic and timing diagram of one-tap T2V converter, I
[11].

I

=I =

converter shown in Fig. 8, the implemented T2V converters use
differential current switches, requiring rising and falling edge
pairs for each timing signal
and
.
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Fig. 14. Schematic and time diagram of a latch-based 4-way loop unrolling DFE with threshold-tunable sense amplifiers.

Fig. 15. Die photo and floor plan for one way. The receiver occupies 0.03 mm active area out of a 1 mm x 1 mm chip.

The implemented 2-tap T2V is made of two identical 1-tap
T2Vs with shared output nodes. As shown in Fig. 10, the FSE
and
are given by two 7-bit IDACs. Tuning
tap weights
the IDAC code can effectively change the FSE tap values. The
IDACs for of all four slices share a different external current
reference than that for , which introduces one more degree of
freedom in tap tuning.
B. DFE and Adaptation Blocks Implementation
The DFE is implemented with a 4-slice interleaved version
of the latch-based loop-unrolling structure [22], as shown in
Fig. 14. For each slice, the output of the T2V blocks goes into
two sampling sense amplifiers with threshold voltages biased
respectively, where is the feedback tap weight. Both
to
sense amplifiers are followed by latches. These two branches
share one latch multiplexer, which is controlled by the output
bit from its neighbor.
For each slice, two input-sign sense amplifiers are placed
at the input of FSE to sense the sign of the input signal for
adaptation. An additional error sign sense amplifier in parallel
with data samplers is placed and biased at one of the data
levels to extract the sign of the error. The M-SSLMS adaptation
algorithm implemented off-chip utilizes these error and data
streams to optimize the FSE taps. Coefficients in all slices
can be set independently, allowing for separate gain/phase
mismatch compensation.

The sense amplifier schematic is shown in Fig. 14. By tuning
and selecting the polarity through
the tail current
and
, the sampling sense-amplifier threshold voltage is
adjusted with an efficiency of 8
.
is generated by
an on-chip 7-bit IDAC, as shown in Fig. 10. The input-sign and
error-sign samplers are also placed to monitor the signals before
and after the FSE in-situ.
V. MEASUREMENTS
-based two-tap FSE with
This 4-slice time interleaved
one-tap loop unrolling DFE is fabricated in a 90 nm process
and occupies 0.03 mm active area, as shown in Fig. 15. Scan
chains and data snapshots are placed around the core circuit to
facilitate the external adaptation and in-situ system characterization. The coefficient and threshold settings are scanned into
the chip to program the core circuit. The snapshots capture the
received data, input signal signs and error signs to load the scan
chain for off-chip analysis and adaptation.
System level simulations show that to achieve the adaptation
convergence, the linearity of the taps for both the signal and the
coefficients should be no less than 4 bits. To test the linearity
versus input voltage, the IDAC code for tap weight is set to
be 40 (out of 127), the other tap
is set to be zero and input
differential voltage is swept from 0 to 400 mV. The error-sign
sampler’s threshold is swept with the help of the 7-bit reference
IDAC to sense the FSE output level for each input. The DNL
and INL of the FSE output voltage versus FSE input voltage are
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Fig. 16. FSE Linearity versus input voltage (at tap weight of 40) and tap weight (at input voltage of 200 mV) from nominal tap resolution of 7 bits.

Fig. 17. Tap convergence for two different sampling phases with 0.5 UI offset.

shown in Fig. 16 (left two plots). At 6.25 Gb/s rate, the worstcase DNL is about 2 LSB out of 128 quantization levels and the
linearity with input voltage is about 5 bits.
To test the linearity of the FSE tap weights, the input voltage
is swept from 0
is set to be 200 mV and the FSE tap code
to 96. Similar to the input voltage linearity test, the error-sign
sampler is applied to detect the FSE output voltage for each tap
value. The DNL and INL of the FSE output voltage versus FSE
tap value are shown in Fig. 16 (right two plots). At 6.25 Gb/s
out of 128 quantirate, the worst-case DNL is about
zation levels and the linearity with input voltage is over 4 bits.
Thus, the linearity with the input voltage and tap weights are
both higher than 4 bits, satisfying the adaptation requirements.
Fig. 17 shows the convergence of the M-SSLMS algorithm
at two different phase positions offset by 0.5 UI, where one of
the taps dominates. This algorithm makes use of the input-sign
samplers and output level error-sign sampler of the FSE conditioned on the neighbor input-sign sampler’s outputs, as shown in
Fig. 6. On the other hand, the conventional SSLMS algorithm diverges for the same phase settings. The channel pulse responses

Fig. 18. (a) Input eye opening at 6.25 Gb/s. (b) FSE output eye opening versus
sampling phase.

observed by the FSE are different at different phases, and have
different gradients for adaptation. Hence, the adaptation converges with different rates at different phases.

SONG AND STOJANOVIĆ: A 6.25 Gb/s VOLTAGE-TIME CONVERSION BASED FRACTIONALLY SPACED LINEAR RECEIVE EQUALIZER

1195

Fig. 19. Simulated sinusoid jitter tolerance performance of a 2-tap FSE at 5.0 Gb/s with the same channel shown in Fig. 4. Left: jitter tolerance with different
loop bandwidth given 200 mV worst case eye opening as the criterion. Right: Jitter performance degradation at 200 MHz loop bandwidth. At each point, the eye
is closed without the FSE adaptation loop off.
TABLE II
A COMPARISON OF THE RECEIVE LINEAR EQUALIZER DESIGNS WITH THE WORKS OF THIS PAPER

At 6.25 Gb/s, tuning the FSE tap weights achieves a flat open
for any delay between data and clock (Fig. 18).
eye within
As shown in Fig. 18(a), we illustrate the large deviation of the

eye opening in the 1-tap SSE case by disabling the second oversampled tap. Unlike the FSE eye, which always stays open with
minimal degradation, the SSE eye collapses for about 0.25 UI.
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Fig. 20. Simulated power partition of this FSE design @ 6.25 Gb/s.

Because the adaptive engine is external and the scan chain
speed is limited (at 2 MHz rate with 992-bit length), the adaptive
loop bandwidth is limited to kilohertz range. Hence, in Fig. 19,
we illustrate the simulated sinusoidal jitter tolerance of the adaptation loop, at 5 Gb/s data rate with 5-bit resolution (31.25 mV
per step) and different loop bandwidths. Low bandwidth setting
provides good quantization noise filtering at the expense of poor
jitter tracking. On the other hand, high bandwidth setting shows
poor quantization noise filtering and good jitter tracking. For the
mesochronous system, this offers another degree of freedom to
track/filter jitter outside the CDR bandwidth. For example, the
reference PLL or CDR bandwidth can be set high to filter out
the VCO noise while the residual jitter can be handled by the
FSE adaptation.
Table II presents a comparison of recent receive linear FIR
equalizer designs for links in the literature, including the FSE
designs in [11], [15], [18], [20] and SSE designs in [19], [24],
with the design presented in this paper. In comparison with
CML-based designs, which are mostly done in older technologies and rely on voltage-to-current conversion linearity
with higher supplies, the VT technique offers better linearity
performance and better energy efficiency. The linearity of
the voltage-to-current conversion technique depends on the
transconductance linearity, which improves as power increases.
On the other hand, the integration currents during the V2T
conversion and T2V conversion are the dominant linearity
factors. Therefore, the correlation between linearity and power
-based design shows 60%–130% energy
is relaxed. The
efficiency improvement over CML designs with over 1.7 bits
linearity gain. At 6.25 Gb/s rate, the core circuit consumes
22.5 mW power, which covers the V2T, T2V, DFE, sign samplers and the clock tree. The power breakdown is shown in
Fig. 20.
VI. CONCLUSION
In this paper we analyze the behavior of the fractionallyspaced linear receive equalizers for high-speed links. We show
that FSE can provide good channel equalization for arbitrary
sampling phase, with relatively small dynamic range penalty
compared to linear symbol-spaced equalizers. To enable low-

cost FSE tap tuning, we propose a modified sign-sign LMS algorithm that overcomes the divergence issues of the traditional
sign-sign LMS related to the excessive quantization noise at critical sampling phases.
At the circuit level, we leverage the speed of advanced digital processes by adopting V2T conversion techniques as an energy-efficient way to overcome the linearity issues of receive
filters in high-speed links. The proposed inverter-based V2T
converter with auto-zeroing implementation improves the conversion speed and input-dynamic range at low-supply voltages,
while eliminating the detection threshold mismatch. Based on
these design principles, a quad-rate link receiver has been designed in 90 nm CMOS, operating at 1.2 V supply, at rate of
6.25 Gb/s, with over 4 bits of linearity, and 3.6 mW/Gb/s power
efficiency.
ACKNOWLEDGMENT
The authors would like to express their appreciation to
J. Socci, J. Wieser, M. Bohsali, and H. Wu of National Semiconductor Corporation for the fruitful discussions, and thank
F. Chen, B. Kim, R. Sredojević, J. Leu, and M. Georgas of
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Dr. Stojanović was a recipient of the 2009 NSF CAREER Award.

