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Abstract—As the data rate of communication systems increases
consistently over the years, the conversion rate of ADCs in these
systems needs to increase.High enough sampling frequency can be
obtained by time-interleaving multiple ADC channels. However,
performance is limited by mismatches between the different
channels. To ensure the time-interleaved ADC maintains an
acceptable performance, a calibration system is usually designed
to detect and correct these errors.

This thesis presents a 6 bit time-interleaved SAR ADC op-
erating at 4 GS/s, designed as a general purposes ADC but
around the specifications for communication systems based on the
IEEE 802.11ad standard. The ADC was designed at a schematic
level, in 28 nm CMOS process.It is comprised of 7 channels and
an additional reference channel used by the calibration system.
Although the work presents possible solutions for calibration
of the remaining mismatches, this thesis focused on timing
skew mismatches, which are the most difficult to calibrate. The
time skew calibration is based on a successive approximation
algorithm that fine tunes a programmable delay line in each
channel after comparing them to the reference channel.

The measured SNDR is 36.4 dB, ENOB is 5.75 bits and
SFDR is 51 dB. Using a 0.9 V supply, the ADC consumes 33.5
mW, achieving a Figure of Merit of 141.2 fJ/conversion-step is
obtained.

I. INTRODUCTION

Over the last decades communication systems have evolved
a lot. Either through higher speed or higher data capacity,
constant technological improvements allow for new and better
communication services. Since nowadays data is processed
digitally both before and after its analog propagation, Digital-
to-Analog Converters (DAC) and Analog-to-Digital Converters
(ADC) are always necessary. As a result, the constant evo-
lution of communication technologies is possibly the biggest
motivation for ADC performance increase, although ADCs are
used in other types of systems (e.g., audio, video, instrumen-
tation). In parallel, performance increases in Digital-to-Analog
Converters (DAC) are also highly motivated by communication
systems since these are needed given the digital processing
made before transmission.

The ADC developed in this work is aimed at innovative
wireless communication technologies. More specifically at
systems implementing the IEEE802.11ad protocol (also known
as WiGig), which is promoted by the WiGig alliance (Wireless
Gigabit Alliance). The IEEE 802.11 is the standard maintained
by the IEEE to set the media access control (MAC) and
physical layer (PHY) specifications for wireless networks. The
base version was introduced in 1997 [1], although wireless

ethernet connections had already been established as early as
in the 70s. In 1999 the Wi-Fi Alliance was created to hold
and promote the Wi-Fi trademark, and also to certificate Wi-Fi
related devices.Table I summarizes the existing IEEE 802.11
iterations since then until nowadays.

TABLE I
IEEE802.11 STANDARDS AND SPECIFICATIONS.

Freq [GHz] BW [MHz] Max Rate [Mbps]
a 5 20 54
b 2.4 5 11
g 2.4 20 54
n 2.4/5 20 288

40 600
ac 5 80 1733

160 6933
ad 60 2160 6757

The IEEE 802.11ad standard was introduced with the intent
to take advantage of the unlicensed 60 GHz frequency band.
IEEE 802.11ad features both Single Carry (SC) and Orthogo-
nal Frequency-Division Multiplexing (OFDM) modulation of
2160 MHz channels, and nowadays enables data rates up to
6.7 Gbps. By having a higher bandwidth, this standard also
allows a modulation scheme with smaller constellations, which
in turn causes the system to be less susceptible to noise. It is
important to note that the maximum data rate achievable by
the IEEE 802.11ac was a product of several optimizations,
such as the use of four 20 MHz channels aggregated together,
QAM-256 modulation and up to 8 spatial data streams, while
the IEEE 802.11ad currently achieves a similar data rate with
a 64-QAM modulation scheme, a single channel and a single
spatial stream [2]. So it is expected that greater data rates will
be achievable in the future with further improvements [3].

Additionally, multiple spatial streams can be produced
thanks to the Multiple-Input and Multiple-Output (MIMO)
method supported since IEEE 802.11n. It allows for data
to be multiplexed using different spatial streams, as long as
sufficient antennas are in place to support this feature. The
result is a higher data capacity distributed between multiple
data streams.

On the other hand, working at higher frequencies implies
a smaller connection range compared to previous standards.
The higher the working frequency, the bigger the free space
propagation attenuation, and in the case of IEEE 802.11ad it



is expected to be viable in the 10 m range [4], which calls
for compensation through high-gain directional antennas. In
closed spaces, however, the biggest limitation of WiGig is
probably the high penetration loss. For instance, a human body
walking in the transmission path can attenuate the signal by 15
dB or more [5]. This, in addition to walls, furniture and other
common household objects limits the 60 GHz communication
to a single room. However, IEEE802.11ad is featured with
beamforming mechanisms that make use of directional anten-
nas [4] [2] [6] in order to avoid small obstacles and adapt the
communication pathway.

Bearing the strengths and weaknesses of IEEE 802.11ad,
the most probable path will be to develop devices that take
advantage of the complimentary properties of this standard
with the 2.4/5 GHz already established standards, using the
most appropriate link for each purpose.

A. Applications

The opportunity of multi-gigabit data rates opens up the
possibility for high quality heavy data links between different
devices [5]. Examples are communication links for HD video,
which are nowadays covered by HDMI cables; wireless dock-
ing between a personal computer and several common office
peripherals such as monitors, a keyboard or a printer; WLAN
to provide Internet access with higher data rates.

B. ADC Requirements

The IEEE 802.11ad standard works with Single Carrier (SC)
and Orthogonal Frequency Division Multiplex (OFDM) mod-
ulation schemes [7]. The SC mode is a low-power scheme that
uses a RF channel with a bandwidth of BWRF = 1760MHz,
meaning that the maximum signal bandwidth is BWADC =
880MHz, which is exactly half of the minimum sampling
frequency, FSmin = 1760MHz (see Figure 1 (a)). Since there
needs to be an anti-aliasing filter with cut-off frequency at
BWADC , to give the low-pass filter enough margin after the
cut-off frequency FS = 2FSmin = 3520MHz. The OFDM
mode is a high-performance scheme where the RF channel
has a bandwidth of BWRF = 2160MHz, meaning the signal
bandwidth is BWADC = 912.25MHz (see Figure 1 (b)). The
specified minimum sampling frequency for the OFDM mode is
2.64 GHz, meaning that FS

2 is approximately 1.45·BWADC,
which is a comfortable enough margin for the anti-aliasing
filter. To ensure a comfortable margin for the sampling in both
modes, the target FS was set to 4 GHz.

Fig. 1. Signal bandwidth and sampling frequency for (a) SC mode with
FS = 3.52GHz; (b) OFDM mode with FS = 2.64GHz.

In terms of resolution, transreceiver chipsets based on IEEE
802.11ad [8] [9] employ 5 to 6 bit ADCs for signal conversion,
so a 6 bit resolution was set as the target of this work.

C. State of the Art

Table II compiles the relevant performance data on 3
publications of SAR ADCs in recent years.

TABLE II
STATE OF THE ART SAR CONVERTERS.

ADC [10] [11] [12]
Sampling Freq[GS/s] 1.62 1.2 1

CMOS Technology[nm] 40 32 65
Resolution 9 8 10
SNDR[dB] 48 39.3 51.4

ENOB 7.68 6.24 8.25
Supply Voltage[V] 1.1 1 1

Power[mW] 93 3.1 19.8
FoM [fJ/conv-step] 283 34 62.3

This section introduces the motivation for the development
of the ADC, its specifications and a reference to the state of the
art on the subject. Section II focuses on the pros and cons of
using time-interleaved, as well as the calibration system used
in this work. Section III discusses the developed ADC starting
by an overview of the SAR topology and algorithm, followed
by the design of each block. Section IV presents top level
measurements and simulations, such as FFT, INL and DNL.
Also, the results regarding the performance of the calibration
system are presented. Section V draws conclusions from this
work and presents potential future work.

II. TIME-INTERLEAVED ADC

Time interleaving is a technique which uses several sub-
ADC in parallel in order to sample at a higher rate. By using
M equal channels in succession one can ideally increase the
sampling rate by M times. As seen in Figure 2, each channel
has its own sampling phase Φi which are all spaced by 2π

M .
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Fig. 2. Time interleaved ADC and phase representation of M = 4 channels.

It is important to note that having M sub-ADCs means
roughly M times the area and power consumption, so the
SAR appears to be a favorable option because of its low
area and power requirements. But the suitability of an ADC
topology to integrate a time-interleaved architecture depends
on converter application and requirements, and on designer
preferences and expertise. It is possible, however, to take into
account the popularity of each ADC in publications for the
past years. According to [13], an ongoing survey covering
IEEE major conferences since 1997, out of 78 time-interleaved
ADCs the SAR ranks in as the most popular topology with a
47% appearance. This led us to choose the SAR ADC for this
work.

A. Channel mismatches

There are unwanted phenomenons related to time-
interleaving several channels that prompt the need for calibra-
tion. Due to the cycled use of the different channels, pattern
noise is originated and easily spotted in the frequency domain,
as pictured in Figure 3. The most significant and studied
mismatch offset mismatches, gain mismatches and timing
mismatches. Reference [14] does a 2-channel breakdown of
how each of these mismatches affect the output of the ADC.

Although the different channels are similar and use the
same components, each device in a certain channel will be
slightly different from the same corresponding device in the
other channels simply due to fabrication variations. No matter
how small these random variations may be, when all parts are
taken into account, the code outputted by different channels
for the same input may be significantly different. One possible
outcome of this is an offset value between channels which

Fig. 3. Mismatches related spurs for a M = 4 channels time-interleaved
ADC.

B. Calibration system

Although for offset and gain mismatches there are somewhat
straightforward calibration methods, timing mismatches are
more problematic. As such, in this work there was an added
concern in developing an accurate timing mismatch correction
system. The developed solution is composed of clock distri-
bution for the multiple channels, a reference channel used
for comparison with the time-interleaved channels, a digital
calibration system that compares the outputs of the interleaved
channels with the reference channel, and a programmable
delay block behind each channel in order to correct the
detected timing mismatches. Figure 4 presents an overview
of the whole system in a M = 3 channels configuration. This
work, however, implements a M = 7 channels system.

Fig. 4. Overview of the time interleaved channels and the calibration system
(M = 3).

The reference channel is set in such a way that it peri-
odically samples simultaneously with all M time-interleaved
channels in sequence (compares one sample with Channel 1,
then one sample with Channel 2, and so on), so that it is
possible to compare the samples from the reference channel
with the corresponding samples in each interleaved channels.
To achieve this the reference channel is set to fref = fs

M+1 .
The mismatch error estimation is done by comparing the

output code of the reference channel and the output code of
another channel that sampled simultaneously:
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εABS =

Npoints∑
n=1

|xrefn − xn|

Npoints
. (1)

The algorithm goes through several phases to determine the
programmable delay control word for each channel, similar
to how the SAR algorithm goes through different phases to
determine each bit of the whole digital output, starting from
the MSB down to the LSB. Let us use Figure 5 as a visual
representation of the algorithm.

In a starting phase all bits are set to ”1” (D = 1...1), placing
the channel phase at the upper extreme of the calibration
range. Having done that, the corresponding error, εABSHIGH

,
is calculated and stored. The same is then done, but by setting
all bits to ”0” (D = 0...0), leading to εABSLOW

. Since these
values result from the cumulative errors between both channels
along a large array of samples, the smallest value indicates
the delay setting in which the phase of the channel being
calibrated was closer to the phase of the reference channel.
This enables the decision of the MSB and its value is set. The
same procedure is then performed for the remaining bits of
the control word, D, until the optimal delay cell configuration
is achieved to minimize timing skew.

Fig. 5. Calibration example.

The minimum time step for the calibration system was ex-
trapolated from a target SFDR value defined at the start of the
project. As a safe margin, the timing mismatch related spurs
are kept at least 45 dB below the input signal (SFDR ¿ 45 dB).
To understand how to reach this target a mathematical model
of the calibration system was developed in Matlab. After
sweeping a range of time intervals over multiple simulations
we concluded that a 1ps step is enough to ensure a successful
calibration with the desired SFDR. Figure 6 represents the
probability of being below a certain SFDR value given a 1ps
correction step (retrieved from 10000 Montecarlo runs).

Fig. 6. Probability of achieving target SFDR, considering 1 ps step.

III. SAR ADC

The SAR ADC is comprised of a Sample and Hold block, a
DAC, a Comparator and a Logic block, as pictured in Figure
7. Since the S&H block and DAC are made of switches and
capacitors, the comparator is centered around 2 back-to-back
CMOS incerters, and the Logic gate is composed of digital
logic gates and registers, the rise and constant improvement
of CMOS technologies and general digital applications has
contributed to the rise in popularity of this architecture.

Fig. 7. The block diagram of a SAR ADC.

The SAR relies on a multi-step algorithm to find a digital
code composed of bits, ranging from the MSB (Most Signif-
icant Bit) to the LSB (Least Significant Bit), whose weight
is

biti = 2i−1 · VLSB , i = 1, .., N. (2)

At each cycle the input value is compared to a reference
value, and depending on the answer a bit is defined as either
”0” or ”1”. For instance, the first step decides the MSB.
Therefore the input voltage is compared to half of the fullscale.
The following bit is compared to whatever was defined for the
MSB plus a quarter of the fullscale, and so on. In Figure 8
there is a step by step demonstration where an input voltage
(red) is compared to a constantly changing reference voltage
(black).

4



Fig. 8. The SAR algorithm.

A. S&H/DAC

A conventional way of realizing the S&H and the DAC is
with an array of capacitors, as seen in Figure 9. Their values
grow exponentially: each capacitance is twice as big as the
next, until the last which we call the unit capacitance, C.
The sum of all capacitors makes CDAC . Each capacitor is
associated to one of N bits. Similarly to (2):

Ci = 2i−1C i = 1, .., N. (3)

Fig. 9. A conventional N bit binary-weighted DAC.

The DAC is operated through switches which determine
whether each capacitor connects to vIN , VREFP or VREFN ,
redistributing the charge in the whole DAC according to the
SAR algorithm operation throughout the different decisions. In
the sampling phase the top plate is connected to GND through
SWTOP and the bottom to vIN through SWBOTTOM . As a
consequence a charge proportional to vIN is stored in each
capacitor. Hold mode follows with the opening of SWTOP

and connection of the bottom plate to VREFN . Following the
charge conservation principle, the top plate naturally goes to
−vIN : {

QAsamp
= −vIN · CDAC

QAhold
= vA · CDAC

⇒ vA = −vIN . (4)

From this point on, each bit in the output code is decided in
each cycle and its capacitor is connected to either VREFP or
VREFN . For each decision, the corresponding bit is connected
to VREFP while all the undecided bits are connected to
VREFN . For the MSB decision, seeing as his capacitance is
half capacitance in the whole DAC:

{
QAhold

= −vIN · CDAC
QAconv

= (vA − VREFP ) · CDAC

2 + (vA − VREFN ) · CDAC

2
(5)

QAhold
= QAconv

⇒ vA = −vIN+
VREFP − VREFN

2
+VREFN ,

(6)
which essentially means that the input is compared to half the
full scale of the references. In case vA is positive the capacitor
is connected to VREFP , otherwise to VREFN .

B. VCM -based differential array

Due to the inefficient switching technique in the conven-
tional array (the switching varies depending on the decision), a
VCM -based differential array was developed, as seen in Figure
10. This allows for the capacitors to be connected to a ”middle-
range” value,

VCMREF
=
VREFP + VREFN

2
, (7)

when their bits are yet to be decided. This, allied with a
differential structure where symmetric capacitors in the two
branches are connected to opposite references, allows for a
more efficient switching at each decision, and independent of
the outcome.

Fig. 10. A VCM -based binary-weighted DAC with VCMREF
generated

using split capacitors.

Since VCMREF
is a middle-range value (neither near VDD

nor near GND) a simple CMOS switch would have a hard
time to operate correctly in every condition, so clockboosts
would be needed to guarantee a correct operation, meaning
bigger and more complex switches would be added to the
circuit. There is also the need to generate this VCMREF

middle-
range value. One way to avoid these challenges is to generate
this voltage through the capacitors in the array: if every
capacitor, C, in the array is divided into 2 equal halves (CA
and CB), connecting one to VREFP (the positive reference)
and the other to VREFN (the negative reference) will consist
of a voltage divider that achieves the sought out VCMREF

.
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Note that this solution separates the DAC from the S&H.
This provides faster DAC settling times because of less
parasitic capacitance in the top plate, and a higher input
bandwidth in the S&H since it also experiences less parasitic
capacitance. Additionally, this way there is no feed-through
from the sampling switches to the reference nodes.

C. Sampling capacitor design

For this work VFSIN
= 1V since it is a common dif-

ferential input signal fullscale for ADCs in communication
systems. However VREFP = 0.9V and VREFN = 0V ,
which means that the full scale of the differential array is
2 · (VREFP − VREFN ) = 1.8V . In order to overcome this
difference in fullscale values, the ratio between the sampling
and total DAC capacitances is set to compensate for the
mismatch. Following the Principle of Charge Conservation
(similar to previous sections) we found the ratio between the
sampling capacitor, CS , and the array, CDAC , which matches
the input and DAC full scales:

CS = 1.8 · CDAC . (8)

D. DAC capacitor design

The dimensions of the capacitors in the DAC array are
subject to constraints in order to keep the sampling noise
low, and to maintain the linearity of the DAC. Using smaller
capacitors results in a more compact and power efficient DAC,
but thermal noise and capacitor mismatches limit how small
the capacitors can be.

Based on the thermal noise of a 1st order RC circuit [15],
the sampling noise can be defined as

vSamp Noise =

√
2
kT

CS
(1 +

CDAC + Cp
CS

), (9)

where k is the Boltzmann constant (1.38x10−23 J/K), T is
temperature and Cp is the parasitic capacitance associated
with the capacitors and switches connected to node A (it
was estimated as 1

3CDAC). Assuming a 34.9 dB target (in
order to achieve a 5.5 ENOB), taking into account the existing
quantization noise, and assuming an equal contribution from
the comparator noise as the sampling noise, it is possi-
ble to calculate the maximum acceptable sampling noise as
vSamp NoiseMAX

= 3.2 mV , which yields a minimum unit
capacitor of Cu = 0.05 fF .

The linearity of the DAC also sets a limitation to how
small the capacitors can be. According to the Pelgrom
model [16] the smaller the devices the bigger the presence
of random fabrication process mismatches is felt. Also
dividing each capacitance, Ci, into two halves (CAi and CBi )
further generates additional linearity concerns. To account
for this, an analysis of the standard deviations of the INL
and DNL is performed: since the capacitors in the DAC are
what define the transition levels, mismatching between them
need to be analyzed. To minimize systematic mismatches,
each capacitor, Ci, in the array is made of multiple unit
capacitors, Cu, which in turn will have an error value

∆(Ci). Considering these errors for each capacitor pair in
the array, the voltage generated by the DAC will be depend on

N−2∑
i=1

[2i+1Cubi︸ ︷︷ ︸
Ideal

+

bi((∆CAPi
+ ∆CANi

) + (∆CBPi
+ ∆CBNi

))︸ ︷︷ ︸
Array mismatches

+

δ[bi]((∆CAPi
+ ∆CANi

)− (∆CBPi
+ ∆CBNi

))︸ ︷︷ ︸
Pairs mismatches

]

. (10)

Each portion in the total capacitance in (10) has a physical
meaning: the sum of the expected values, Cu, for all capacitors
represents the ideal total capacitance; the mismatches asso-
ciated with bi are cumulative and represent the mismatches
between capacitors in the array; and the mismatches associ-
ated with δ[bi] are subtracting and represent the mismatches
between pairs of capacitors, CA and CB . By finding the
expression for the standard deviations of the INL, σ(INL),
and DNL, σ(DNL), 1 we found the minimum unit capacitance
to be Cu = 0.5fF .

E. Comparator

The comparator used for this work is based on an input
amplification stage and an output regeneration stage. As seen
in Figure 11, the comparator has a differential architecture
making a decision based on any imbalance caused by the input
differential signal. The regeneration stage is composed of the
two back-to-back inverters, each comprised of M6 and M7.
This kind of system is called a latch and the output nodes tend
to one of two stable states: vOUT+ = VDD and vOUT− =
GND, or the opposite. Depending on the differential input
signal, one inverter will be on earlier than the other, and given
the natural positive feedback of the latch, one of the two stable
statesis achieved.

Fig. 11. Comparator containing input integration stage and output latch stage.

F. SAR logic

This block, depicted in Figure 12, generates the signals that
control internal operations, such as triggering the conversions

1Full demonstration in thesis document.
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or stopping the sampling phase. Additionally there is a bank of
flip-flops connected in a looping ring which make up the state
machine. There are essentially 8 states in every conversion:

• Sampling state (STATE0): When the sampling capac-
itor is connected to the input voltage.

• Decision states (STATE1 − STATE6): The following
6 states are for deciding each of the 6 bits in the output
code, starting from the MSB to the LSB. After the com-
parator signals the end of a comparison, the capacitors
controlled by the bit that has just been decided are toggled
to wither VREFP or VREFN , and the comparator inputs
settle to their new value before transitioning to the next
state, where the comparator is triggered once again.

• Reset state (STATE7): The final state in a conversion
where SWCMComp is turned on, which guarantees that
the comparator inputs and that the capacitor switches in
the DAC are reset. After these nodes in the DAC have
settled, the ADC is ready to start a new sampling phase.

This state machine is asynchronous, meaning that each state
takes as longs as it needs to reach a decision. There is however
a constant time after each comparison to ensure the comparator
input has settled before a new comparison ensues.

Fig. 12. General view of the ADC and control signals propagation.

G. Delay Cells

As a part of the calibration system, the programmable
delay line is set before each interleaved channel. Each delay
cell is comprised of a series of inverters with variable load
capacitance. The load capacitance, CL,is implemented as a
bank of capacitors that is connected to the inverter output
through a switch controlled by the delay control word, D,
presented in Figure 13. Similarly to [17], an NMOS transistor
is used as a capacitor which minimizes the occupied area.
These blocks are an array of binary weighted transistors that,
paired with the digital delay control word, allow for a binary
weighted load capacitance. For the binary wighting, each i
MOS capacitor is comprised of 2i−1 unit NMOS transistors.
Figure 13 shows that MOS capacitor MDelay has its source
and drain shorted and its gate is connected to node L1 and L3

according to Di.

Fig. 13. Programmable delay cell.

IV. RESULTS

Figure 14 presents the FFT plot for a sine wave with
fIN = 975MHz in the typical corner. The ADC accomplishes
a SNDR of 37.23 dB, and consequentially a 5.89 bit ENOB.
Also the SFDR is measured at 50.99 dB.

Fig. 14. FFT plot for the typical corner (fin = 975MHz).

Figure 15 presents both the DNL and INL plots for the
ADC. The red curve presents the results for the ideal ADC,
while the blue curves are the results for 10 MonteCarlo
runs with variations in the capacitors of the array. These
were plotted together to give a sense of how deviated the
MonteCarlo results can be in relation to the ideal case. For
the The maximum (in absolute value) measured DNL was
0.12 LSB and INL was 0.113 LSB. The DNL result assures
that no missing codes are found in the transfer function of the
ADC since no all measure are more than −1 LSB.
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Fig. 15. DNL and INL plot for one ideal and 10 MonteCarlo runs.

A simulation with forced time skews for each channel was
ran creating timing mismatches related spurs in the FFT plot
of the ADC, as seen in Figure 16. Note that spurs are located
at k fsM − fin, k = 1, ...,M − 1.

Fig. 16. FFT plot of the ADC before calibration (fIN = 975 MHz, fS =
4 GHz).

In Figure 17 one can see the FFT plot of the ADC after
the calibration has taken place. Before and after correction
performance results are presented in Table III. The calibration
process allowed for an increase of 16 dB in the SFDR, and 1.4
bit improvement in the ENOB. This performance satisfies the
45 dB SFDR specification set for the ADC with the calibration
system.

Fig. 17. FFT plot of the ADC after calibration (fIN = 975 MHz, fS =
4 GHz).

TABLE III
ADC PERFORMANCE IMPROVEMENT DURING CALIBRATION.

SNR SNDR SFDR ENOB
Before 29.56 29.55 35.38 4.62
After 38.05 37.97 51.44 6
Diff +8.49 +8.42 +6.06 +1.38

V. CONCLUSIONS

An ADC that satisfies the specifications set by the WiGig
protocol was successfully designed and developed at a
schematic level. Operating at a sampling frequency of 4 GS/s,
the 6 bit time-interleaved ADC presents a 37.3 dB SNR,
which equates to a 5.89 bits ENOB. The time-interleaved
converter consumes a total of 33.5 mW, resulting in a Figure
of Merit of 141.2 fJ/conversion-step. Also the Single-Channel
ADC presents a maximum DNL and INL of 0.12 LSB
and 0.113 LSB, respectively. These results were validated
through SPICE simulations along strict PVT corners, with
±10% variation in supply voltage, and temperature variations
between -40◦C and 125◦C.

A digital timing mismatch calibration system was also
developed, successfully obtaining a 51.4 dB SFDR, which is
comfortably above the specification of 45 dB. The calibration
system relies on a reference ADC, programmable delay lines
and an adder for each channel to minimize timing differences
between the different channel’s sampling blocks. In terms of
power and area, these elements are a small increment to the 7
channel Time-Interleaved ADC. It also takes 512 samples to
calculate an error value, which equates to around 40000 clock
cycles of calibration time during startup.

Table IV presents the ADC performance metrics in both
specification and results stages for easy comparison.

Although the developed calibration system only focused on
timing mismatch errors, explanation and solutions for both
offset and gain mismatch were also provided.

Additionally a comprehensive search on ADCs from major
conferences in the area of this work was done, and a state of
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TABLE IV
ADC PERFORMANCE VS TOP SPECIFICATIONS.

Specifications Results
ENOB [bit] 5.5 5.75
SNR [dB] 34.9 37.3

SFDR [dB] 45 51.4
INL [LSB] 1 0.113
DNL [LSB] 1 0.12

Sampling Frequency [GHz] 4
Technology [nm] 28

Supply Voltage [V] 0.9
Input Full-Scale [V] 1

Resolution [bit] 6

the art list was compiled according to similar specifications to
those of the converter.

A. Future work

A logical next step for this work would be to develop the
layout of the ADC and further test the system to obtain a more
thorough analysis with layout constraints. This would provide
results closer to what is expected in a physical chip.

An important improvement would be to optimize the power
consumption. The main goal for this work was to build
an ADC that satisfied the proposed speed and performance
specifications. So power consumption, although minimized
when possible, was not a major concern when designing the
different blocks and devices in them.

Alongside the presented time-skew calibration system, off-
set and gain calibration systems could also be developed
to minimize the errors introduced by the time-interleaving
scheme. This work focused on time skew mismatches since
these are traditionally the most complex to address in time-
interleaved ADCs, but an overall calibration system could be
designed where offset errors would be corrected, followed by
gain error correction, and finally time-skew errors correction.
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