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Abstract

A time-interleaved ADC analog front-end is presented with a sampling rate of
64GS/s. Tt has a hierarchical architecture of 2-4-4 giving 32 separate channels.
Each channel is constructed by an input buffer, 1%¢ rank (T /H), sub-buffer, and 27¢
rank T /H. The complimentary clocking generation consist of a 32G H z differential
signal divided down using a CML divide-by-4 and DFF divide-by-4 architecture.
The required duty cycles for the time-interleaved network were generated using
gate logic. The SFDR and SNR ranges from 41dBc-34dBc and 38dB-31dB re-
spectively within the FR3 band. In stable state, the total power consumption of
the analog front-end is 484mW including the interleaving network and clock gen-
eration. This was constructed using GlobalFoundaries 22FDX technology node.
All simulations were done in Cadence Virtuoso environment.
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Popular Science Summary

All modern mobile phones and other electronic equipment that uti-
lize wireless communication needs to have a receiving and transmitting
architecture. These architectures are built on many different compo-

nents that together makes wireless communication possible.

As the

speed of the communication increases with newer standards, as with
5G NR and the coming 6G, more reliable and speedy components have

to be made.

The standards for 5G NR and 6G
has enabled higher data-rate communi-
cation, this is because newer frequency
bands have become commercially open
for use. These newly opened frequency
bands are called FR2 and FR3, which
include parts of the spectrum that are
called centimeter- and millimeter-wave.
These frequency band are upwards of
tens of GHz where the used modulation
bands increase in bandwidth compare to
older standards.

These higher frequency signals also
suffer from higher isotropic path loss.
Meaning that the wireless signal has a
very short range before it attenuates
fully. A solution to this is to imple-
ment a technique called beamforming.
The technique builds on several antenna
modules working in unison to increase
directivity and therefore gain.

Once the signal has been received by
the beamforming antenna modules, it is
directed to the receiving architecture.
Older receiving architectures utilize a
technique called down-mixing.  This

il

builds on converting higher frequency
signals to a more manageable frequency.
The state of the art research points
to a new architecture called direct RF
sampling. Older architectures include
several stages to the analog front-end.
With direct RF sampling, this front-end
can be replaced by one larger network,
which grants higher flexibility and sup-
posedly lower power consumption.

In both architectures the end stage
converts the analog RF signal to a dig-
ital representation. That conversion
is done with the help of an analog-
to-digital converter (ADC). The peak
frequency that can be accurately con-
verted to a digital representation is lim-
ited by the sample rate of the ADC.
Higher sample rate ADC gives the pos-
sibility for higher input frequency sig-
nals to be converted. It is not possible
to do conversion in the intended FR3
range using one single ADC, due to its
limited sample rate. Thus to achieve
the required sample rate for FR3 con-
version many ADCs working in parallel



is needed. Each ADC receives a desig-
nated time-slot in which it alone is able
to do a sample of the signal. In the next
stage, on the digital side, all samples are
combined to create the completed digi-
tal representation.

This Master’s thesis will investigate

v

the construction and implementation of
a direct RF sampling architecture. This
will be done in the technical transistor
node of GlobalFoundaries 22FDX. Dif-
ferent design choices have been made
and at the end of the thesis a complete
analog front-end will be presented.
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Chapter 1

Introduction

The emerging 6G and existing 5G technologies have made GB/s communication
possible. With such high data rates, many high demanding technologies have
become possible as connected cars, cloud computing, Augmented Reality and Vir-
tual Reality etc. This GB/s communication is made possible by the use of the
mmWave band that the 5G standard introduced, moving away from the congested
sub-6G H z spectrum. However, these high frequency ranges suffer from high path
loss. To solve this, a multiple-input multiple-output (MIMO) network is imple-
mented. With multiple transmitting antennas, a technique called beamforming
can be used. The beamforming technique increases gain, gives higher directivity,
and allows for spatial multiplexing.

The increased gain and directivity combat the intrinsic high path loss that
mmWave has, but spatial multiplexing allows for an added benefit. Spatial multi-
plexing means that the same base station can provide several users simultaneously.
This is due to the effect of beamforming, where a signal can be transmitted in a
specific direction in space. With the superposition principle, two signals can be
combined, allowing for a higher downlink speed.

BeammWave AB is a deep-tech company with expertise in communication so-
lutions, composed of a group of engineers and technical experts whose objective
is to revolutionize the 5G and 6G space. The company is focused on fully digital
beamforming communication, ranging from systems and algorithms to designing
both digital and radio-frequency (RF) integrated circuits (ICs). The first gen-
eration of 5G devices implemented analog beamforming. This technique is slow,
especially in adapting to movement resulting in dropped communication links, and
it does not take full advantage of the mmWave spectrum efficiently. By instead per-
forming beamforming digitally with a systems approach, where each antenna has
its own transceiver chain and the beamforming is done in the digital baseband,
BeammWave can reduce power consumption to be better than or on par with
analog beamforming, with much better adaption time to changing radio channel
conditions and spectrum efficiency][1].

1.1 Analog-to-Digital Converter

Analog-to-digital converters (ADCs) are systems used to convert analog signals to
digital signals for a computer system. In the physical world, signals are continuous
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and always changing. However, computer systems are built on a binary foundation,
which means that all quantities depicted in a computer system are discrete values.
This difference between the analog domain (the physical world) and the digital
domain (the computer system) creates an obstacle. To solve this, one needs to use
an ADC.

The ADC takes a sample of the signal at specific intervals, called the sampling
rate, and it is given in units of samples per second, S/s. These samples are then
combined in the digital domain to create a representation of the analog signal. The
rate of the samples determine the highest signal frequency that can be perceived
and represented correctly in the digital domain. This highest frequency that can
be represented in the digital domain is called the Nyquist frequency of the ADC
system. This frequency is determined from the Nyquist-Shannon Theorem|2],
which says that to be able to represent a signal with the frequency f, one needs
to have a sample rate of at least double the frequency of the signal, i.e., 2- f S/s.

In the digital domain, signals are represented using discrete values, contrary
to the analog domain where they are continuous. The resolution in the digital
domain is represented by the number of bits the system has. For example, an
ADC with a resolution of 6-bits has 26 = 64 different discrete levels.

1.2  Time-Interleaved ADC

As modern communication technologies implement more advanced modulation
techniques and higher carrier frequencies, in the tens of GHz, the need for higher
sampling rate analog-to-digital converters are sought after. One technique is in
the forefront for high sample rate ADCs and that is time-interleaved ADCs. Time-
interleaved (TI) ADCs utilize several lower sampling rate sub-ADCs in parallel.
By buffering the RF input signal to the sub-ADCs a higher sampling rate can be
achieved, unlocking what before was thought to be impossible.

A TT ADC receives the analog signal and distributes it with its branching front-
end to the sub-ADCs. Each sub-ADC receives one time interval of the analog signal
that the sub-ADC then decodes to a digital representation of the input signal.

This time-interleaved distribution is thought to be a more viable option to
the analog front-end (AFE) in today’s receivers. Current receiver technology is
called super-heterodyne. The received signal is down-converted to an intermediate
frequency (IF) with the same characteristics as the RF signal, meaning the IF signal
carries the information. This IF signal is then sent for decoding to the ADC. This
receiving method has been the standard for decades. However, with a higher
sampling rate, in the tens of GS/s, direct RF sampling is a possibility. This would
change the RF receiving architecture and allow for a more flexible design.

1.3 Goal of Project

The goal of the project is to design and implement a schematic representation of
a functioning TI ADC network. The design of the network is limited to the AFE
and the clock generation of the system. The TI network should have a Nyquist
frequency that encapsulates the frequency range 3 (FR3), 7.125GHz to 24.25GHz,
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that will supposedly be part of the coming 6G standard. The focus in this thesis
is on pushing the limits of GlobalFoundries 22FDX technology, i.e. how high can
the sampling speed be increased for the specific ADC architecture.
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Chapter 2

Radio Frequency Receiving Architectures

Radio frequency (RF) receivers are the link between the analog signal domain and
the digital signal domain. An antenna receives the transmitted analog signal and
then passes it onward to the RF IC. Traditional receiving architectures implement
a structure called super-heterodyne [3], see Figure 2.1.

Antenna )
RF BPF LNA RF BPF Mixer IF filter IF amplifier ~ ADC

o ~C oY | A
~x ~ ~x | D
Oscillator

Figure 2.1: Super-heterodyne receiver. The pink color denotes RF
domain and green color denotes IF domain.

The heterodyne structure converts the RF signal to an intermediate frequency
(IF). This IF signal has a lower frequency that the analog-to-digital converter can
sample. The down conversion of the signal is made to be able to convert the
analog signal to a digital signal. It is the ADC’s job to do the conversion, and to
convert the signal properly, the IF signal must be within the first Nyquist zone of
the ADC, see Figure 2.2.

Fth 6th , Nyquist zone

|

! !
! !
! !
1 1

> f

Figure 2.2: Nyquist zones.

This is to avoid aliasing. If the IF signal is outside the first Nyquist zone,
the signal will be aliased into the 1%% Nyquist zone and be wrongly assumed to
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be another signal. The RF signal, in the super-heterodyne case, is first filtered
and then amplified by a low noise amplifier (LNA). It is filtered again to remove
harmonics from the LNA. Afterwards, it is down mixed to an IF signal that is then
fed to the ADC. This architecture is widely used to receive and convert signals.

The inherent image frequency problem of the heterodyne receiver architec-
ture gives stringent filter requirements. These requirements can be relaxed by
doing double (or multi) conversion architectures[3], see Figure 2.3. In this double
conversion technique several intermediate frequencies are utilized to reduce image
frequencies.

Antenna

RF BPF LNA RF BPF  Mixer TF filter IF amplifier  Mixer IF filter 1F amplifier  ADC

Oscillator

Figure 2.3: Double conversion Super-heterodyne receiver. The pink
color denotes RF domain and green color denotes the 15 IF
domain and yellow color denotes the 2"¢ IF domain.

The image problem can be solved by using a quadrature mixing of the signal,
see Figure 2.4. The I/Q-mixing relies on accurate quadrature path matching and
multi-phase clock generation to minimize 1/Q imbalance, adding other constraints
to the receiving architecture.

Mixer 1 ADC
Y A
X D
Antenna LPF
RF BPF LNA RF BPF
Y >y LO
% % o0 BB amplifiers
Q ADC
Y A
X D
Mixer LPF

Figure 2.4: |/Q super-heterodyne receiver. The pink color denotes
RF domain and green color denotes IF domain.

The short comings of the heterodyne architecture and the increased technical
possibilities in circuit, architectural, and algorithmic innovations has started the
search for a new receiving architecture. One proposed method for receiving archi-
tecture is direct RF sampling. This architecture utilizes a time-interleaved analog
front-end, see Figure 2.5 for the block diagram representation of the receiving ar-
chitecture. By focusing on increasing the sample rate, f, to tens of GS/s, the
RF signal can be directly sampled. This removes the down mixing stage, the local
oscillator is changed to a fixed clock generator and the IF filters are also removed
from the receiving architecture. The sampling frequency of the architecture is
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Clock

Clk gen.

Antenna
RF BPF

LNA RF BPF

Buffer

3 RF sampling ADC

Figure 2.5: Direct RF receiver.

determined by the amount of sub-ADCs that are in parallel and their individual
sampling rate.

It is this direct RF sampling method, the time-interleaved ADC architecture,
that is going to be investigated in this report.
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Chapter 3

Time-Interleaved Analog-to-Digital
Converter Architecture

3.1 Time-Interleaved Networks

The idea of time-interleaved networks has been known for decades, it was first
postulated in 1980 [4]. It is only in the last decades that the technique has been
feasible to implement for tens of GHz. To increase the conversion time of the
analog signal to a digital representation, D identical ADCs are time-interleaved
together. Equivalently creating an ADC with a sampling rate equal to D - fq,
where each sub-ADC has a sampling rate of fs.

With the concept of time-interleaving the input to the sub-ADCs, the next step
is to implement the analog front end to make this possible. This step requires some
finesse. Many different ways are possible, but most TI ADC architectures utilize
a three step approach, called a hierarchical sampling approach. The hierarchical
time-interleaved network is beneficial in reducing input load and crosstalk between
the different ADC channels, which improves performance over the direct sampling
interleavers, [5, 6, 7.

The hierarchical approach has a parameter representation, M-N-K. Where
M denotes the number of input buffers, N the number of track-and-hold (T/H)
circuits with their sub-buffers, and K is the number of unit sub-ADCs. In the
architecture presented, see Figure 3.1, two input buffers, M = 2, will share the
input signal, V;,, between the odd and even parts of the network. Then four 1%
rank track and hold circuits with a sub-buffer, N = 4, will divide it further to four
274 rank T/H circuits with each having a sub-ADC, K = 4. This results in an
increased sampling rate of 32 - f; sup—apc as the interleaving network, 2 — 4 — 4,
gives a combined increased sample rate of D = 2 -4 -4 = 32. As can be seen
in Figure 3.1, the front end structure of the purposed architecture is depicted.
Only the positive half of the differential network is shown to make it easier to
read. In the constructed network the T/H circuits are single ended. There are
two parallel T/H circuits, one taking the positive input, V;,, and one taking the
negative input, V;,. The combined hold value, V;;, and V;,, is then passed to the
onward for conversion. The differential path can be seen in Figure 3.2.

The hierarchical architecture with the representation of 2 — 4 — 4 was used due
to the ease of design of the clock generation network. This is becasue the base
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VipVin
e N 7 T 7 O 7 I 7 A 27 N 27 R 74 A T 7 T 7 O 7 I 27 A 27 O 27 J 74
T /H; T /Hs m T/Hy T /Hy
Buffer Buffer
| 0dd | Even |
| |
T/Hs T /H7 T /Hg T /H,

T I 7 D N P A 7 O V74 I P74

2 I 7 I 7 P B P A 7 I 74 O P74

Is a differential

circuit but for simplicity only the positive half is depicted.

Figure 3.1: Time-interleaving analog front-end.
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15¢ rank nd .
Input buffer ran Sub-buffer 2"¢ rank
Vip T/Ho [T/ Hoo A
D
Vin N
T/Ho [T/ Hog D

Figure 3.2: The signal path from RF to ADC.

two design can utilize dividers that divide by two. This will be further discussed
in the following section 3.3.

The two different sides of the interleaved network, named Odd and Even see
Figure 3.1, work 90° out of phase from each other. When the T/Hj is in track
mode, it tracks the input that comes from the input buffer. After half of the track
time of T/Hy, T/H; starts to track the input on the Odd side of the interleaving
network. This round robin schedule is repeated after all 15¢ rank T /H circuits have
tracked the input signal. See Figure 3.3 for the timing diagram of the interleaving
network.

’7 1.2 1
T/HQ | 3 L |

T/H,
T/Hs | |

T/Hy | |

T/Hg 3 3

T/H; |

Figure 3.3: Timing diagram of the time-interleaved network. Only
1% rank T/H's.

After the 1% rank T/H circuits has tracked, the 2"¢ rank T/H circuits start
tracking and send the RF signal to the sub-ADC it supplies. The timing of the
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Eng
T/Ho 31.25ps
T /Hoo 13 - 31.25ps = 406.25ps
3-31.25ps = 93.75ps
T/Ho
T/Hp2

T/Hos

Figure 3.4: Timing between 15 and 2"? rank T/H.

274 rank can be seen in Figure 3.4. When the 15 rank T/H is in hold mode, the
27 rank T/H starts its track mode.

The 1%¢ rank T/H circuit plays a large role in the time-interleaved network. It
has to track the input and then hold the value for the following 2"¢ rank T /H and
sub-ADCs. The track time allocated to each 15! rank T/H circuit is determined
through this equation,

. M2
T/H,time — fq = 64GS/S

In Equation 3.1, fs is the total sample rate of the system, assuming that
each sub-ADC has a sample rate of f; sup—apc = 2GS/s. Having such a small
track time, the construction of the T/H circuit is vital for a good functioning
time-interleaved network. Because the T/H circuit is a bottleneck, [8, 9, 10], in
the construction of the time-interleaved network this was the first block to be
researched and constructed.

= 31.25ps (3.1)

3.1.1 Track and Hold

Track and hold (T/H) circuits, often referred to as sample and hold (S/H) but in
this report T/H, function is to track an voltage and then, as the name implies,
hold that voltage. The decider between the phases is a switch, see Figure 3.5.
During the track phase the switch is passing the input voltage onto a capacitor,
Cs. When the switch is turned off, the input voltage at the moment of switching
is captured on the capacitor, Cg.

This ideal switch is implemented by an NMOS switch transistor, see Figure
3.6. When the transistor is in the tracking phase, with high voltage, V44, on the
gate, the input voltage is passed through the NMOS channel to the capacitor.
However, the input voltage that is passed through the channel is affected by the
on-resistance of the NMOS switch, see Equation 3.2.

L
W(Vgs - ‘/th)ﬂncox

The resistance is also affected by the input voltage as the input voltage affects
the gate-source voltage, V., see Equation 3.4[11].

Ron =

(3.2)
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Vi > Vo

—— .

Figure 3.5: Ideal track and hold circuit.

Vo = Vag — Vi (3.3)
L
W(Vdd — Vin — Vth),uncom

From the equations it can be seen that R,, is dependent on the gate voltage
and also the input voltage. This leads to two conclusions, that a high gate volt-
age will lower the on-resistance and that the input has an effect on the channel
resistance. As the input voltage increases or decreases during the track phase a
non-linear effect is created. To mitigate these non-idealities a bootstrap circuit is
implemented. The bootstrap circuit applies a higher voltage, > Vg4, on the gate
and also passes the input voltage variation onto the gate. This has the effect of re-
ducing the R, and also removing the non-linear dependence of the input voltage.
The equation for the on-resistance becomes,

Ron =

(3.4)

Vqs = Vgate — Viource = Vst — Vi (35)
Vst = Vaa + Vin (36)
L L
R, = = (37)

W(Vbst - Vvln - Wh)uncoz W(Vdd - Wh)uncow

The voltage Vs is the voltage created from the bootstrap circuit for the gate of
the switch transistor. In Equation 3.7, the non-linear effect from the input voltage
has been removed. Effectively creating a linear low resistance pass-transistor. The
construction of a bootstrap circuit can be done in several ways. In the following
sections, one method will be described and with it some improvement techniques.

Conventional Bootstrap Circuit

The conventional bootstrap circuit, see Figure 3.7, applies an increased voltage
on the switch’s gate, simultaneously reducing the R,, and the dependency of the
input voltage, V;,. The bootstrapped T/H circuit is working in two different
modes. In the hold mode the signal Clky is high and then Clk is correspondingly
low. The goal with the hold mode is to charge Vg4 over the capacitor, Cg. This
charging is done through the transistors Ms and Ms. They are controlled with
the Clky signal that opens M7 and then passes ground to the gate of My through
Mg and M7, it passes ground to the gates of Mgy it and M; also. The transistor
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o
SIS

—— s

Figure 3.6: Track and hold circuit with NMOS switch.

M, inv,n M. 4

Vo

Ctkyo|[,_Ms

Cs

Figure 3.7: Conventional bootstrap T/H.

Ms is kept closed with the inverter circuit, M;ny p and My, p, setting its gate to
high.

Then, when the track mode is initiated, Clky is set to low. This turns off Mj3
which closes the path to the ground for the bottom of the capacitor, C'z, and to
the gates of My, My, My, and Myiten. The inverter circuit pulls the low voltage
of the bottom plate of the capacitor to the gate of M5. This makes so the high
voltage over the capacitor is shared over the gates of the transistors M7y, My, My,
and Mgyiten. This in turn, turns on My, My, and Mgycn, and turns off Ms.
The turned on M; passes the input voltage to the bottom plate of the capacitor.
The capacitor wants to keep the same voltage over its plates so the voltage on the
top plate is increased, giving a high voltage to the gate of Mgyiten, making the
on-resistance low. As the input voltage is passed to the bottom plate, the gate
voltages of My, My, and Mgt inherit the input voltage variation, removing the
non-linear effect.

The capacitor is utilized as a battery to load the boosted voltage on the node
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=
Li

]\/15[, Auz. A[Gb M7b

Main

Cg __

— 1
71 71

M 1 l M, switch

Clky ] [: M ) L

b=

Figure 3.8: Auxiliary path bootstrap T/H.

to which the Mgyiten gate is connected. A voltage division is made when the
bootstrap circuit gets into track mode. The voltage division will between all
the parasitic capacitance in that node, the gates of My, My, My, and Mgyiich,
and the capacitor Cg. To increase the effectiveness of the bootstrap circuit, two
improvements can be made. Introducing an auxiliary path, see Figure 3.8, reduces
the parasitic capacitance at the critical node when the node is discharged. Another
improvement technique is dual path or fully split bootstrap, see Figure 3.9. This
improvement builds on the auxiliary path circuit but also splits the capacitor, Cp,
into two parallel capacitors. This way, the voltage division is lowered and the rise-
and fall-time of the gate voltage of Mgy itcn is lowered also.

Auxiliary Path Bootstrap

In Figure 3.8 the auxiliary path bootstrap circuit can be seen. The difference
between the conventional bootstrap circuit and auxiliary path bootstrap circuit
is the addition of another path. The transistors Ms, Mg, and M7 are duplicated
and used to create a new identical path. These two identical paths are called
main and auxiliary, Main and Aux in the Figure 3.8. By doing this, the discharge,
when going from track mode to hold mode, of the boosted voltage on the gate of
Mwiten can be done quicker, as the gate is discharged by a separate circuit than
the auxiliary path. The transistors Mg, and M7, discharge the main path quicker
than the auxiliary path as the parasitic capacitance is lower, the number of gates
on the main path is 1 and the auxiliary path is 2.
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In Figure 3.9 the fully split bootstrap circuit can be seen. The difference from the
auxiliary path is that the capacitor has been split into two capacitors, Cg; and
Cpo. This makes the gate of Mgyitcn only connected to the necessary charging
and discharging part of the bootstrap circuit. The voltage division is reduced
as the gate of Mgyiien is the only gate that is loading the capacitor Cpgy. This
speeds up the rise-time. To increase rise-time the transistors Mg, and Mg, have
also been added. When Clk, becomes high, Mg, and Mg, pull Vz; down to the
Main and auxiliary path. This changes the voltage division between the parasitic
capacitance and the capacitors C'g; and Cps, since the voltage at the gates of My,
Moo, Moy, My, and Mgyiien is at a higher potential before Ms, and Ms, are open
and conducting.

Nonidealities with the T/H

The construction of the bootstrap circuit is done and the function of the cir-
cuit is satisfying, however some added benefits can be done to mitigate circuit
nonidealities. Three different non-idealizes exist in the bootstrap circuit: signal
feedthrough, charge injection, and clock feedthrough [7].

The signal feedthrough can be observed in Figure 3.10. The input signal is fed
through the Mgy¢ch, see Figure 3.9. This, having a high effect on output voltage,
can vary the captured and decoded value that the ADC captures. This will create
an error. To minimize this, a signal feedthrough compensation technique can
be used, this can be done with an always off dummy bootstrap network, with no
capacitors to reduce area. In this dummy network the negative input is used. This
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Figure 3.10: Two implementation of the T/H circuit, one with signal
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method reduces the ripple that can be seen on the hold capacitor, C's, minimizing
errors. The dummy bootstrap circuit is the same as the fully split bootstrap[5],
[12].

Charge injection occurs when the main switch goes from “ON” to “OFF”, the
channel collapses and the residual charge in the channel is injected into the circuit,
through the drain and source. In the T/H case, this injection of charge lowers or
increases the hold voltage over the capacitance, creating a hold error. The amount
of charge in the channel at the moment of switching between the “ON” and “OFF”
states depends on the input voltage. Techniques have been investigated to mitigate
this error. One technique is to utilize one or several dummy transistors. These
dummy transistors are fed with an inverted gate signal to the main switch and its
source and drain are coupled together. When the main switch is switched to the
“OFF” state, the charge still in the channel is absorbed by the dummy transistor
that is switched “ON”. This technique reduces the charge injection, leading to a
reduction in holding error [13].

Clock feedthrough is a capacitance effect that occurs from the parasitic Cys
and Cgyq. When the gate is clocked from high to low, the parasitic capacitance
wants to keep the voltage difference. This would push the voltage at the output
through capacitive coupling. Clock feedthrough is an intrinsic non-ideality and
compensation for it has not been implemented. To keep effects low from clock
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Figure 3.11: T/H switch with dummy transistors.

feedthrough, the size of the switch is to be kept low [14].

The constructed switch used can be seen in Figure 3.11. The switch has
been split into two parts, where the drain and source are connected to reduce the
process effects when the transistors is made, gate-drain and gate-source can be
different sizes so this technique creates an equal charge injection for both ports of
the switch. The newly split transistors, M, and My, widths are half of Mytch,
see Figure 3.9. The other transistors, My; and Mys, are the dummy transistors
that will absorb the charge from the channel when the main switch, M, and M,,
is turned off. Their width is half of Myiten-

Complete T/H Circuit

The complete T/H circuit used in this report can be seen in Figure 3.12. Here the
new switch can be seen with its dummy transistors to minimize the charge injection
effect. The dummy BS. is represented by a box, and it is used to minimize the
signal feedthrough. Another change is that the drains of M7, and M7, have been
connected to a 150mV voltage source. This added change has made the rise-time
faster for the track mode. As the main and auxiliary path already is loaded with
a voltage, the charging from the capacitors Cg; and Cp; is faster.

3.1.2 Input Buffer

The purpose of the input buffer is to isolate the two different paths, Odd and
Even from each other, see Figure 3.1. As they are being clocked separately and
have T/Hs that track at the same time, the loading of the input would change
irregularly if they were connected. To mitigate this effect, the buffers keep the
input load constant and separate the two different branches.

The buffer is a PMOS source follower, see Figure 3.13. The PMOS buffer is
chosen because the input has no dc part, which means that the input varies around
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Figure 3.12: Complete T/H circuit, with signal feedthrough and
charge injection compensation.

ground, V' = 0V. The bias voltage, V}, is chosen so that the output dc voltage
level is at V, 4o = 450mV. The rail voltage is changed for this block to a value
of V3g = 1.1V, this is to increase the gain and bandwidth of the stage. As the
input of the buffer will be an RF signal, the bandwidth needs to be very wide,
approximately 32GH z, to avoid distortion of the input signal.

3.1.3 Sub-buffer

The construction of the sub-buffer is done with an NMOS source follower, see
Figure 3.14. An NMOS design was chosen because the input voltage of the sub-
buffer has a DC part of 450mV. The objective of the sub-buffer is to buffer the
input from the 1% rank T/H. Having a buffer reduces the capacitance seen of the
1%t rank T/H, easing the design of the T/H. The design of the sub-buffer had to
take into account the input capacitance of the ADC during the construction. The
intended sub-ADC for the time-interleaving network has an input capacitance of
1pF'. Therefore, this load capacitance was used. The bandwidth of the sub-buffer
is BW =~ 10GHz. This low bandwidth is due to the fact that the input to the
sub-buffer is a static voltage with an AC part during the 1°¢ rank T /H track phase.

3.1.4 2" Rank T/H

The roll of the 2"¢ rank T/H is to hold the voltage for the sub-buffers. The
T/H’s design is an auxiliary path bootstrap circuit, see Figure 3.15. The track
and hold time can be seen in Figure 3.4. A charge injection compensation switch
is implemented. A signal feedthrough compensation circuit is not implemented
because the input signal to the T/H has such a low ac voltage part making the
compensation circuit redundant.



20 Time-Interleaved Analog-to-Digital Converter Architecture

‘Zb—.”iM;3 M4il|.—‘§’

‘gp—-”_:Ml sz}—vé'"

Figure 3.13: Input buffer.

Figure 3.14: Sub-buffer.
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3.2 Mismatch of TI Networks

The complete system is being built on multiple similar smaller blocks, which dur-
ing production can undergo different process variations, PVT variations, creating
mismatches in the TI network. When the digital output from the sub-ADCs are
time-demultiplexed into a single data stream, the mixing of inevitable mismatches
among sub-ADCs and other blocks in the time-interleaved network introduces
non-negligible spurious spectral content. These mismatches in time-interleaved
networks can be categorized: 1) offset; 2) gain error; 3) bandwidth among the
time-interleaved samplers and quantizers; and 4) sampling time skew [6].

The offset mismatch depends on the varied offsets that the signal chain imposes
on the input signal. This means that for a DC input, each ADC would produce
a different output code. This will appear with a period of D/fs in the output
converted signal, where D is the number of sub-ADCs. In the frequency domain,
this would introduce spurs at the frequencies [15],

foffset:k'fs/Da k:07172a"' (38)

Gain mismatches are introduced from different gains in the buffers. The error
will be, as with the offset, with a period of D/f,. However, the magnitude is
modulated by the input frequency. Leading to an amplitude modulation like error
distribution. The frequency spurs will be located at,

k
fgain:ifin—i_ﬁfsa k:172737'“ (39)
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Bandwidth mismatch between the channels is a non-ideality that is described
with a first-order system approximation. The different channels can be described
by an RC system. Especially the T/H circuits, having an on-resistance depend-
ing on PVT variations and holding capacitors. The frequency transfer function
becomes,

1
Aw) =1 ke

Here, R and C are the first-order resistance and capacitance representations of
the system. As variations will be present after fabrication, the different channels
will manipulate the input differently as the resistance and capacitance will vary.
This leads to a bandwidth mismatch resulting in frequency spurs at,

(3.10)

Jow =ifm+ﬁfs, k=1,23,.. (3.11)

Where M and N are the number of input buffers and 15! rank T/H circuits,
respectively.

The last mismatch causing spurious input images is sampling time skew. There
are two kinds of timing errors in a TT network, clock skew (systematic error) and
clock jitter (random error) [15]. Jitter is unavoidable but can be manged, clock
skew is the main suspect. If the clocking of the T /H is skewed from the ideal timing
the captured value is erroneous. The largest variation in the captured value occurs
when the input signal has the largest slew rate. This mismatch gives rise to spurs
in the frequency domain, the spurs follow the same periodicity as gain mismatch,

k
fskew = ifzn + stv k= 1a2,37 (312)

Due to these mismatches, the output spectrum from the ADC will show addi-
tional images of the input signal at different frequencies and power levels. These
spurs in the frequency spectrum are known as interleaving spurious signals or TI
spurs or artifacts. To mitigate these introduced T1 spurs, calibration is needed for
the time-interleaved networks. Different calibration options exist and are described
in brief in the Appendix, but are out of the scope of the report.

Up until now, ideal clocking has been assumed for the circuit. However, no
ideal clock exists so the next step in the thesis is to create a clocking network for
the TT ADC.

3.3 Clock Generation

The timing of the interleaving network is vital for a working TT ADC network.
To capture a true representation of the RF signal, the captured samples have to
be well defined. To have a well defined clock with low jitter and low skew, one
needs to start with a common clock source. The clock generation starts with a
differential 32G H z sinusoidal signal, assumed to be created by a on-chip phase
locked-loop (PLL). These signals are then divided into the required frequencies
and duty cycles. As can be seen in Figure 3.16
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Figure 3.16: Clock generation of 15 rank T/H.

3.3.1 Current Mode Logic

To create the signals for the 15 rank T /H’s, the high frequency 32G H z sinusoidal
signal is down converted using four current mode logic (CML) latches in series,
see Figure 3.17, [16]. The configuration seen in Figure 3.18 effectively divides the
differential 32GHz signal into eight 8GH z signals, [17], [18]. As can be seen in
Figure 3.19 the CML is biased through a high-pass filter, where the 32G H z signal
is the input.

An earlier iteration of clock generation utilized a differential DFF, [19]. The
CML then only divided the 32G H z signal into four 16GH z signals. The further
division to 8GH z signals used a DFF, and this implementation reduced the current
consumption. However, the DFF blocks are prone to be easily effected by loads.
This resulted in a decision of using a higher order division with the CML latch
blocks instead.

3.3.2 Sinusoidal to Square Wave Conversion

After the CML divider the signal has to be converted to square waves. This is
done via an amplifier stage, see Figure 3.20. The capacitor is a DC block to not
disturb biasing and is also a tuning parameter to create resonance at 8GHz. The
amplification of the stage effectively sets high voltages to Vg4 and low voltages to
ground, creating a square wave. The results are eight 8GH z square wave signals
that are 45° off phase to each other.

3.3.3 Gate Logic

The generation of the specific duty cycles for the 15¢ rank T/H is done with logic
gates. As can be seen in Figure 3.21, using the AND logic gate and combining
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the 8GH z signals that are 90° off phase to each other generates a duty cycle of
25%. This is done for all the possible combination, generating the signals for the
15¢ rank T/H. The inverted signal of the clocks, CLKj, are generated by using a
NOR gate instead.

3.3.4 Second Rank T/H

For the generation of the 32 2GHz 18.75% clock signals, a divide-by-4 block is
used. It is implemented with a differential digital flip-flop (DFF), see Figure 3.22.
Connecting two Dff block in series as seen in Figure 3.23, each 8 G H z signal creates
four 2G H z signals. This results in 32 2G H z signals with a duty cycle of 50%. With
the same technique for the generation of 25% duty cycle for 8GH z AND gate logic
is used for the 2GH z.

The specific duty cycle of 18.75% is than created with an AND gate with the
input signals of clk, for the 1% rank T/H and the 2GHz 25% duty cycle signals.
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Chapter 4

Results

4.1 Complete System

The two systems, the clock generation and the time-interleaving network, were
combined. The functionality and limits of the time-interleaved network and clock
generation were simulated both separately and in combination.

The complete system have many sources of non-idealities. These come from
both the TI network and the clock generation. Therefore, to understand all the
non-idealities, the blocks need to undergo different types of tests before the full
system can be evaluated.

4.1.1 Complete System with Ideal Clock Generation

The TI network is connected to an ideal clock generation circuit. This will make
it possible to investigate the non-idealities that only the TT network contributes
with.

Since the TI network is in principle a larger sampling circuit, the verification
becomes that the output maps to the input. Meaning that the frequency of the
sampled output holds the same value as the input signal.

FFT

During this part of the report the results from the ideal clocked TI network is
presented.

From Figure 4.1 we notice that SFDR increases with frequency up until a point
where it starts to decrease. This is not realistic behavior, even though there is no
added noise or other distortion to the circuit. Considering the circuit investigated
being a time-interleaving network, with T/Hs and buffers, the most reasonable
contributor is assumed to be the charge-injection compensation switch. Due to
the peak in SFDR at 15GH z, it points to an optimum sizing of the switch for that
frequency. This because the designing process of the T/H was done with an input
frequency of 15GHz. For lower and higher input frequencies, the compensation
may not match as well to the input signal’s voltage level during the falling edge of
the tracking clock. This effect was not known about during the design process of
the T/H. If it had been known, the input frequency during design would be varied.

29
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4.1.2 Clock Generation Network

In this section, the function of the clock generation network will be investigated.
In Figure 4.5 the generated clocks for one of the leaves can be observed. There is
an overlap between the 1°¢ rank clock and the 2" rank clock, this has to do with
the fact that the 2"¢ rank clock are generated by the 1% rank clock. However,
since the overlap occurs at the negative edge of the 1% rank clock and not the
positive, the tracked value that the 2" rank T/H has will not be affected.

Frequency Dividers

For a functional system, the frequency dividers need to produce a stable output
frequency. The presented topology consists of a CML divide-by-4 and a DFF
divide-by-4 dividers. The CML divider divides the input 32GHz frequency to
8G H z and these 8GH z clocks are then divided using DFF to 2GHz. In Figures 4.6
and 4.7 stable frequencies for both the CML and DFF dividers can be seen. There
is some variation in frequency, however, not enough to diminish the sampling.
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Limit Testing Clock Generation Network

The clock generation is very vital for a time-interleaved network to function.
Therefore, the clock generation network was limit tested. The input frequency
to the clock generation network, assumed being from an on-chip PLL, was var-
ied with a deviation of maximum +200M Hz with increments of 25M Hz and
12.5Mhz.

Looking at Figure 4.11 and Figure 4.12 unrealistic results are present. To un-
derstand these results, it is required to take a further look into the generated clock
signals when the input frequency is shifted. As per Figure 4.13, it is noticeable
that with a drifted frequency to 31.8GHz, the clock signals still look relevant,
however, shifted in time compared to that of the 32GHz input clock. Since the
output is sampled according to a 32G H z clock division, when the clock drifts, the
outputs are sampled at the wrong time. This includes other frequency artifacts
that are not accurate, and explains why the results look they do in Figure 4.11
and 4.12.

4.1.3 Complete System with Non-ideal Clock Generation

Here, the whole system, clock generation and TI network, is combined and simu-
lated. Presented are comparative measurements between the ideal and non-ideal
systems as well as more in depth measurements and analysis of the non-ideal
network.

Signal Propagation Through One Channel

An objective verification of the functionality of the TI network with the clock
generation network is a signal propagation from RF signal to ADC input, which
can be seen in Figure 4.14 and 4.15. Noticeable from the graphs are the clock skew
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effects, as the buffered signal is varied depending on load. This is an observable
mismatch occurring. Comparing the 15 and 2"? tracking it is obvious that the
1%t rank suffers from very low track time, Ty /H time = 31.25ps, due to the input
frequency.

FFT

In the following figures, sampled outputs for some frequencies and SFDR, are pre-
sented.

With the implementation of the non-ideal clock generation network several
spurs are prevalent. These added spurs are due to sampling time skew. Comparing
Figures 4.2 and 4.16, which have the same input frequency, extra spurs can be
observed at f; = 13.34GHz, fo = 18.7GHz, and f3 = 29.31GH z. This links back
to Equation 3.12. The other mismatch spurs, gain, bandwidth, and offset, are not
present due to the ideality of the TI network.

Noise in Tl Network

In this section, noise is added to the time-interleaved and clock generation net-
works. The noise that is simulated in the circuit is phase noise and transistor
noise, which includes thermal noise and flicker noise.

Comparing Figures 4.20 and 4.21 to the corresponding frequencies without
noise, Figures 4.16 and 4.18, the noise floor has increased noticeably. This sets a
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18.3125G H z. Non-ideal clocking.
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Figure 4.18: FFT of sampled output with input frequency at f;, =
25.0625G H z. Non-ideal clocking.
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Figure 4.19: SFDR of the non-ideal clocked TI network.
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Figure 4.20: FFT of sampled output with input frequency at f;, =
2.6875G H z. Non-ideal clocking with noise.
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Figure 4.21: FFT of sampled output with input frequency at f;, =
25.0625G H z. Non-ideal clocking with noise.

criterion for the input stages before the time-interleaving network to have lower
input noise than the generated circuit noise.

In both SFDR and SNR figures, Figure 4.22 and Figure 4.23, a downward
trend can be observed with increasing frequency. This is a reasonable result given
that the noise is a constant addition to the sampled signal. Higher frequency
signals have a lower number of sampled values per period, which means that the
noise has a greater degenerative effect.

Phase Noise in Clock Dividers

An effort was made to determine the relative performance of the clock dividers
with phase noise. This was unfortunately not possible due to non converging pss
simulations. The most likely factor to this is that the CML implementation has
some self oscillating behavior, which makes it difficult for the clock system to find a
stable state. Due to limited time, redesigning the system for a converging periodic
steady state (pss) was not achieved at the end of this thesis work.

Monte Carlo Simulation

The system was tested with process variation to evaluate the stability. This in-
cludes transistor variations, which gives rise to mismatches in the channels. In
Figures 4.24 and 4.25 two FFT graphs can be observed. In these figures several
more spurs have appeared. These spurs are bandwidth, offset, and gain mis-
matches. For example, in Figure 4.24, the spur located at 10.664GHz is a gain
mismatch spur, the one located at 13.331G H z is a bandwidth mismatch spur, and
the spur at 8GH z is an offset mismatch. Several of the other spurs are also one of
gain, offset, skew, or bandwidth. The same applies to Figure 4.25 where the spurs
can be given a specific contributor.
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In Figure 4.26 a histogram of one hundred Monte Carlo simulations can be
observed. In the figure there is a good indication of a bell curve distribution
centered around a median SFDR of 30dBe. This result, from one hundred Monte
Carlo simulations, indicates a stable system where a functional time-interleaved
network with a clock generation network functions regardless of process variations.

4.1.4 Power Consumption

The total power consumption was measured in stable state and was determined
to be 484mW. Comparing this to another research paper [5] using a smaller
technology node, achieving power consumptions of 227mW excluding ADCs, the
presented design has a higher power consumption. However, comparing to a similar
node as in [20], with power consumption of 753mW excluding ADCs, comparable
power consumption can be observed when considering the difference in sampling
rate.



Chapter 5

Conclusion

The goal of this thesis was to construct a time-interleaved network with a sampling
rate of 64GS/s intended for the FR3 range, 7.125GHz to 24.25GHz. A higher
sampling rate was implemented then required because of easy of design with a
base 2 interleaving network and end stage ADCs having a sampling rate of 2GS/ s.
A time-interleaved network with buffers and T /Hs to distribute samples to ADCs.
In addition, a clock generation network creates the sampling clocks for the 1%¢ and
274 yank T/Hs.

Achieving a power consumption of 484mW is comparable to the state of the
art interleaving networks. Since the main goal of the work was not focusing on
power consumption this is a great addition to the thesis results. Having a high
SFDR for the FR3 band was achieved however, with more time and optimization
it could have been improved further. With the addition of spurs from both clock
generation and process variation, the dynamic range is still effective up to very high
frequencies. Due to the way the samples are distributed along the channels, the
collection of data was very tedious. It would be interesting to verify the network
with the addition of end stage ADCs.

5.1 Future work

For future work there are several different paths. Firstly, in our opinion the next
stage is the addition of end stage ADCs. This would complete the analog front-end
for the direct RF sampling circuit. The suggestion of ADC architecture for a TI
network is the SAR ADC as it has a low area and power consumption, as well as
smaller input capacitance. This smaller capacitance would ease the design of the
T/Hs. Considering the additional area that comes with 32 channels, with each
having an end stage ADC, the total area increases rapidly. With a smaller input
capacitance to the ADCs, the strain on the time interleaved network decreases.

Secondly, it is possible to expand the network for even higher sampling rate,
possibly including the FR2 band.

Thirdly, enabling on and off switching of subsequent channels would allow for a
varying sampling rate up to 64G.S/s. This, to achieve a lower power consumption
when looking at lower parts of the FR3 band, where the higher sampling rate is
negligible. Lastly, adding a digital or analog calibration circuit would be beneficial
in the removal of spurs, leading to an improved SFDR.

47
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Further investigate in to the clock generation network would be needed. As of
the end of the project a stable state for the CML circuit was not achieved.
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Appendix A

Extended Material

A.1 Calibration

Zhang et al. [5] have done a thorough investigation of the time-interleaved network
where they have taken into account mismatch errors in every decision. They have
implemented a calibration technique that during system running mitigates, skews,
gains, and offset spurs.

The calibration of a TI network can be done both analog and digitally. As
well as in the foreground and background. Foreground calibration is done with
a known input signal that the chip can than use to know where adjustments to
the circuit has to be done. This is done before the chip is sold and then also
when the circuit is started, but less extensive. Background calibration is done
continuously during operation. Changes that can occur during regular operation
are for example, temperature variations.

Analog calibration is done with analog circuitry "sensing" the non-idealizes on
the chip where they happening. With this sensing circuitry, the mismatch can be
either corrected or canceled from the TT output. This calibration is done in the
background.

Digital calibration is done by inspection of the output. It is done in the
background but can also be implemented in the foreground[6].

A.1.1 Randomize The Sampling of The ADCs

Mismatch mitigation is maybe not always be an option or the calibration tech-
niques is not enough to completely remove the effects. To further reduce mismatch
spurs an additional mitigation technique is possible, randomization.

Since the mismatch spurs originate from a mixing of periodic errors in the
channels, breaking this periodicity can mitigate the problem. This would make
the spurs irregular and therefore improve performance[6].

A.2  Other Direct RF Sampling Options

Other researchers have taken another approach towards direct RF sampling[3].
Instead of pushing for higher sampling rates to increase the bandwidth in the first
Nyquist region, a reduction of SNDR in higher Nyquist zones has been targeted,
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52 Extended Material

see Figure 2.2. Changing focus from increasing sampling rates to a reduction of
SNDR instead creates a lower demand on power consumption and calibration, as
the interleaving network has reduced in size. Reducing SNDR in higher nyquist
zones means that undersampling can be utilized, where the higher frequency signals
are aliased. This method sets high criteria on LNA and other analog front-end
blocks to reduce noise and distortion contributions.



