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Abstract

This thesis focuses on two primary parts: the design of a 10-bit medium high-
speed, high-linearity current-steering digital-to-analog converter (DAC), and the
implementation of a linear analog interpolation technique aimed at suppressing
images at the DAC output.

Design considerations for the current-steering DAC are discussed comprehen-
sively, and the circuit is designed in 22nm Fully-Depleted Silicon-On-Insulator
(FDSOI) CMOS technology. A tree-structured Dynamic Element Matching (DEM)
scheme is employed to mitigate nonlinearity arising from current source mismatch.
The principles and circuit implementation of DEM are analyzed in detail.

To replace the conventional low-pass filter (LPF) typically used after the DAC
in transmitters, a four-fold analog linear interpolation technique in conjunction
with an RC filter is proposed. This approach effectively attenuates images to
meet system requirements. The theory and feasibility of linear interpolation are
thoroughly discussed.

At a sampling rate of 128MHz and an input signal frequency of 10MHz, the in-
terpolated DAC achieves 800mV peak-to-peak output swing, an Effective Number
of Bits (ENOB) of 9.63 bits, a Spurious-Free Dynamic Range (SFDR) of 72.7dB,
and a maximum image level of —48.7dBc under typical process corner, at 50°C and
0.83V supply voltage. The DAC core consumes an average current of 2.13mA.
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Popular Science Summary

Transceiver is one of the most essential components in wireless communication
system, responsible for receiving and transmitting communication signals. On the
transmitter side, digital-to-RF signal path composes of a large number of analog
blocks. The DAC converts the baseband digital signal into an analog signal. And
the DAC is followed by LPF that supresses unwanted spectral images at DAC
output. The filtered in-phase (I) and quadrature (Q) signals are then upconverted
to the IF or RF band through mixing with a local oscillator signal.

Large number of analog blocks in conventional transmitter add various source
of mismatch and distortion. And they occupy large silicon area, which doesn’t
decrease greatly as CMOS technology scales down. Transmitter structure with
higher integration-level and lower cost is desirable.

An intuitive idea is that we can combine the functionality of different analog
blocks together while maintain the same performance. The complexity of the
transmitter can be lower and higher integration can be achieved. An example that
utilizes this idea is RFDAC, which integrates DAC and mixer together and dismiss
the LPF[1][2]. Digital signal can be converted to RF band directly with only
RFDAC. In term of the system simplicity and flexibility, RFDAC is a promising
choice for modern communication system such as 5G and 5G-Advanced. However,
the Nyquist frequency of RFDAC are required to exceed the RF band to avoid
aliasing. It would add huge pressure on the design of DAC and consume high
power.

In WiFi IoT applications, power consumption is a key consideration for cus-
tomers. The additional design complexity and high power requirements of REDAC
make it less desirable for this scenario. Instead, a high integration-level solution
with low power consumption is more practical and better suited for WiFi IoT ap-
plication. This thesis presents such a solution without compromising performance.
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Chapter 1

Introduction

1.1 Background

DAC is a key component in communication systems, serving as the bridge between
the digital and analog domains. It converts digital signals into analog signal for
transmission in the analog world. Typically, a DAC performs two fundamental
operations: conversion and holding. In the conversion phase, the DAC converts
discrete digital codes into corresponding analog values; in the holding phase, it
hold the analog value for one sampling period.

During the conversion process, errors can be introduced and cause the analog
output to deviate from its ideal value. These errors can originate from various
circuit blocks within the DAC and induce static nonlinearity. In the holding op-
eration, the inherent zero-order hold behavior introduces spectral images, which
needs to be filtered out using a low-pass filter. Notably, the power and area con-
sumption of the LPF can be comparable to those of the DAC itself. Additionally,
imperfections during the holding phase such as glitches can lead to dynamic non-
linearity, which becomes increasingly problematic at higher speed.

While high-speed DACs exceeding Gsps are becoming popular in 5G and 5G-
Advanced systems, WiFi IoT applications prioritize cost-efficiency and low power
consumption over extreme speed. Medium high-speed DACs that offer a balance
between performance, power, and integration are more suitable in this application.
Thus, optimizing DAC design and the transmitter chain by extension to reduce
cost and power while maintaining performance is a valuable area for investigation.

Common methods to reduce static nonlinearity include calibration, DEM, or
increasing the area allocated to current sources for better matching. Addition-
ally, selecting an appropriate topology for the current cell and driver circuit can
significantly enhance dynamic linearity. Regarding power and area, replacing the
traditional analog low-pass filter with a more efficient technique could offer promis-
ing improvements in overall system efficiency.
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1.2 Basic of DAC

1.2.1 DAC structure

DAC can be broadly classified into Nyquist-rate DACs and oversampling DACs
based on their sampling rate. Nyquist-rate DACs are further categorized into
capacitor-based, resistor-based, and current source-based architectures [3] by their
structure. In contrast, oversampling DACs are typically realized using Sigma-Delta
modulation techniques.

A comparison of DACs with different architectures is provided in Table 1.1.
Among these, the current-steering DAC stands out for its ability to achieve both
high speed and high resolution. In this project, the DAC is aimed for 10-bit
resolution and 128 MHz sampling rate, which is kind of medium solution and
medium-high sampling rate. Current steering DAC is a better option to start
with in this scenerio.

Table 1.1: Comparison of different DAC architectures.

DAC Type Speed | Resolution Typical Use

R-2R Ladder Medium Medium Audio, general-purpose
Current-Steering High High Communications
Capacitor-based | Medium Low SAR-based DACs

Sigma-Delta Low Very High Audio, sensors

Figure 1.1 illustrates the architecture of a binary current-steering DAC. For an
N-bit DAC, there are N current cells, each providing a current that is proportional
to the bit weight. Each current cell is controlled by a digital bit that turns the
corresponding switch on or off. When a digital bit is high (‘1’), the switch is
activated, allowing the current to flow into the output. In this way, the digital
input code is accurately converted into an analog current. Detail about design
consideration in current steering DAC will be discussed in Chapter 2.

1.2.2  Performance Metrics of DAC

Differential Non-linearity(DNL)

With the successive code input, the ideal DAC output is a staircase-like wave-
form and the output difference between two successive code is always 1 least sig-
nificant bit(LSB). However, due to the mismatch of the current source, each step
may differ from 1 LSB, inducing nonlinearity. This kind of nonlinearity is called
Differential Nonlinearity. And the definition of DNL for code k is

DNL(k) = % —1 (1.1)

Where Ay, is output difference between input code k-1 and k, and A is the ideal 1
LSB output.

Integral Non-linearity (INL)



Introduction 3

l

Iout

Figure 1.1: Diagram of a binary current steering DAC.

INL is the difference between real output and ideal output with the same input
code. And it can be written as the summary of the DNL

k
INL(k) = Y  DNL(k) (1.2)
=1

Where I N L(k) is the INL for code k.

Signal to Noise Ratio (SNR)
SNR is the ratio between the signal power and noise power and its definition
is
Psig
SNR(dB) = 20log(—=——2-) (1.3)
notse

Where P,;, is the signal power and P, ;e is the noise power.

Signal to Noise and distortion Ratio (SNDR)
SNDR is the ratio between the signal power and the summary of noise power
and distortion power. Its definition is

Psi_q

SNDR(dB) = 201 14
( ) Og( Pnoise + Pdistortion ( )
Where Pyjistortion 1S the distortion power.
Effective Number of Bit (ENOB)
ENOB can be calculated from SNDR by
NDR(dB) — 1.
Enop = SNPR(B) = 1.76 (1.5)

6.02
Spurious Free Dynamic Range (SFDR)
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SFDR is the ratio between the signal power and highest in-band spur power
and its definition is

SFDR(dB) = 20log(——59___) (1.6)

highest spur

Where Ppignest spur is highest in-band spur power.

1.3  Outline of the thesis

Chapter 1: provides a brief introduction to the background and basics of the
DAC.

Chapter 2: discusses the design considerations of current-steering DACs in detail.
Chapter 3: introduces the concept of tree-structured DEM used to eliminate
mismatches in the current sources, and presents the implementation details of an
8-level tree-structured DEM.

Chapter 4: introduces the concept and theory of linear interpolation, and dis-
cusses how the linear interpolation technique can suppress images to the required
level.

Chapter 5: presents the design details of the DAC circuits.

Chapter 6: presents the simulation results of the linear interpolation DAC. Var-
ious simulations are performed to characterize the DAC.

Chapter 7: provides the conclusion and outlines future work.



Chapter 2

Design Considerations in Current Steering

DAC

2.1 Segmentation of the DAC

In the design of current steering DAC, two common schemes used to encode DAC
are binary and thermometer. In the binary-weighted scheme, each current cell is
controlled by one bit, so only N cells are needed in N bit DAC. The digital logic
and mapping of current cells are simple to implement. However, since multiple
cells have to be switched when digital code changes by one, the mismatch between
the cells will accumulate, contributing to bad linearity. Therefore, the matching
requirement on the current source cells is strict. In thermometer weighted scheme,
only one cell is switched when the digital code changes by one, hence the linearity
will be much better than that in the binary-weighted scheme. However, since
2N — 1 current cells are needed for a N bit DAC, the area of digital circuit will
explode exponentially and mapping of current cells will be troublesome.

VDD VDD
Iui) 2Iu? 2, i} Iui) Iui) Iui)
D, o D, 0 Dy 0 D, 0 D, 0 Dy, 0
1l 1l

(a) (b)
Figure 2.1: (a) Binary-weighted DAC(b) Thermometer-weight DAC

Considering the advantages and disadvantages of two schemes, nowadays seg-
mentation of DAC is commonly used in both industry and academia. Usually
the MSB part of the current steering DAC is encoded in thermometer-weighted
scheme, while the LSB part is encoded in the binary-weighted scheme. In this way,
good linearity can be achieved, while having moderate complexity in the digital
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part of the DAC circuit. In [4], a method to estimate optimal segmentation ratio
is given. On the premise of meeting the requirement of DNL and INL, required
area vs segmentation ratio is plotted. The segmentation that gives the lower area
can be chosen as a starting point in design.

2.2  Current Source Mismatch

Mismatch in the current source cell can be categorized into system mismatch
and random mismatch. System mismatch can come from the gradient effect and
edge effect. In thermometer-weighted architecture, column-row selection scheme
is commonly used to switch thermometer cell, which switches adjacent cells one by
one. Therefore, mismatch from the gradient effect will accumulate and degrade the
linearity.A Q? random walk scheme[5], is proposed to solve this problem. Each
thermometer cell is split into multiple units and spread across the array. The
current cells are switched in a sequence such that the system mismatch doesn’t
accumulate any more.

However, the change of switch sequence will not help with the random mis-
match. The random mismatch of current source can be estimated through Pelgrom
model[6].

2 447
LIU — AIB + (VGS*;})[Z (2 1)
I, 2(WL)min '

where [, is the unit current, ol, is the standard deviation of the unit cur-
rent, Ag is the current factor mismatch parameter, A,; is the threshold voltage
mismatch parameter. Both of Ag, A,; are process-dependent variables. Since "TI
is reversely proportional to the area, usually larger area for the current source is

required to reduce the mismatch.

2.3 Finite impedance of current cell

In a current cell, the current is commuted by differential switches. Ideally, the
output impedance of current source is infinite and all the current will flow into the
load. However, the output impedance of a current source is finite due to channel-
length modulation. The finite output impedance of a current source will introduce
nonlinearity on the output.

An equivalent circuit of a current steering DAC is shown in Figure 2.2, where
the output impedance of each unit cell is represented with Z, and the load impedance
is Z1, while d is the digital input code ranging from 0 to N. All current flow into
the positive output node with d = N while all current flow into the negative node
with d = 0.

The current flowing into positive node and negative node is

I,=1,-dI,=1I,-(N—d) (2.2)



Design Considerations in Current Steering DAC 7

d-I, (N-d)-I,
2 ===

2] O O [

¢ Vout ¢

—0 (o m
+ -

A EZL

Figure 2.2: Equivalent circuit of DAC.

And the equivalent output impedance of turned-on current cell at each node can

be written as

Z Zy

Zy =217y, Zy = Z 2.
p d // Ly %n N—d// L ( 3)
The output is differential and can be written as
Z, Zo
Z, can be decomposed into Taylor series as
Zr Zr, AR } Zr,
Jpy=————=Z;,|1——=-d+ (=) -d"+ .| (5 d<<1 2.5
= A g () Zha<<n) @y

Similarly, Z, can be rewritten as

Zy = 2L
14 Z- . (N —d)
s {1_2.(N—d)+(gi)2-(zv_d)2+...] (%~(N—d) << 1) (26)

Substituting equation (2.5) (2.6) into equation (2.4), Vo, can be simplified as

73 .
Vout:_IuZLN+21uZLd+27§dslu
0
1 d Zr - N d 3
—27, N-I, |—= + & il 5
L w 2+N+( Zo ) (N) ( 7)

The transfer function between digital input and discrete output is give by
equation (2.7). This indicates that the third-order harmonic is the dominant

source of distortion, and its magnitude is proportional to (Z %’N )2. Increasing the




8 Design Considerations in Current Steering DAC

output impedance of a current source can improve the linearity. The expression
of the output impedance is

1 To
Zy= To//jwcp =TT jwrGy (2.8)
where 7, is the output resistance of the current source and C), is the parasitic
capacitance at the output node. A cascode is commonly used in the current cell
to achieve higher output resistance. However, as the signal frequency increases,
the output impedance decreases due to parasitic capacitance, which significantly
affects high-speed designs. In [7], a cascode stage is added after the switches rather
than before switches. And bleeding current is utilized to keep that cascode stage
always on. In this way, the switched capacitance is reduced and higher linearity

can be achieved over wider frequencies.

2.4 Disturbance from switching activities

2.4.1 Disturbance on common source node of switches

Ideally, during switching, the current from current source should remain constant.
However, as illustrated in Figure 2.3, voltage fluctuations at tail node X can oc-
cur, introducing current glitches at the output. Since the switching activity is
code-dependent, these glitches can generate unwanted harmonics in the output
spectrum.

To mitigate these glitches, it is crucial to ensure that at least one switch re-
mains on during the switching transition. If both switches turn off simultaneously,
the voltage at node X may be pulled toward the supply voltage or ground, resulting
in no current flow into the output and causing a significant glitch.

To prevent this, the crossing point of the switch control signals must be care-
fully tuned to avoid simultaneous turn-off. For instance, when using a PMOS
current source, a lower crossing point of the control signals is preferred to ensure
one switch stays on throughout the transition

VDD

— P
x| Vx U

[Cr Pl |

I I
Ip1 I Iy

Figure 2.3: Disturbance on tail node.
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Usually, dimension of switches is minimized to reduce the loading on the driver
circuit. Meanwhile, with smaller switches, the coupling between gate node and tail
node can be reduced, contributing to lower glitches. The glitches on the output
can also be attenuated by lowering the swing range of switch control signal, which
can attenuate the disturbance on common source node. However, lower sweeping
range of switch control requires more effort on the design of driver and the driver
will consume more power.

2.4.2 Disturbance on bias node

Current sources in the DAC are usually biased by a current mirror, which mirrors
the reference current to the current source. Ideally, the bias voltage should remain
constant when DAC is working. However, the source impedance of bias circuit is
not zero. As shown in Figure 2.4, the disturbance on the common source node of
switches will be coupled to bias node through parasitic capacitance. If a global
bias is used to provide bias voltage for all the current cells, the disturbance on
the bias node will induce current fluctuation on all the cells. Since switching is
code-dependent , the disturbance on bias node is code-dependent as well and can
introduce distortion at output current.

.
P4 ] G —* p1
ﬁv L;ljvx_/\_

Figure 2.4: Disturbance on bias node.

2.4.3 Disturbance on the supply

Ideally, the source impedance of supply is zero and the supply voltage should be
constant. However, since there are parasitic resistance from the metal line and
parasitic inductance from the package, the supply voltage will fluctuate during
switching since current glitches will flow into or out supply node. The disturbance
on the supply is code-dependent and will induce distortion. In [8], quad switches
are proposed to make the disturbance on the supply code-independent. As shown
in Figure 2.5, there are two switches on each side. The control logic is generated in
a way such that the current will be toggled between two switches on the same side
when digital code doesn’t change. Now, switching happens at every clock edge,
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turning out to be code-independent. However, quad switches transfer switching
from code-dependent to code-independent at the cost of more power and circuit.

VDD

vV, —

clk,-c,—]| |- clk--c-
clk-~c+—|E :"— clk,-c-

i ily

Figure 2.5: Quad switch

2.5 Time skew

There is mismatch between time at which digital signal transitions for each current
cell. And this time skew between different cells can induce dynamic error in the
DAC output. There are multiple resources of time skew, including the clock delay
mismatch, digital logic delay mismatch, latch mismatch[9]. To mitigate the delay
mismatch of digital signal, latch is usually used to synchronize the digital signal.

However, the mismatch between latches and switches can still result in tran-
sition mismatch between different cell, which can’t be eliminated by the latches.
Moreover, the layout mapping can induce delay mismatch in clock path and out-
put signal path. Usually layout tree for clock and timing distribution is utilized
to minimize the delay mismatch between distant current cells[9].



Chapter 3

Dynamic Element Matching

As discussed in Chaper 2, mismatch between different current cells will add error
to the output. Since these errors are nonlinearly code-dependent , they will in-
duce spurious tones in the output spectrum, thereby degrading the linearity. One
way to mitigate the nonlinearity resulted from mismatch is calibration. Differ-
ent calibration approach has been proposed in [10][11][12]. However, an ADC is
usually needed in calibration of the DAC, which adds to the complexity and cost
of the circuit. Another approach to linearize the DAC is to apply dynamic ele-
ment matching(DEM) technique, which is widely used in XA ADC [13][14]. The
basic idea of DEM is the set of unit elements selected will change dynamically
even though input code is the same. In this way, the errors at output is non-
deterministic with the input code and linear on average. The distortion induced
by mismatch is scrambled into random noise.

DEM has also been applied to high-resolution Nyquist-rate DACs to improve
the linearity [15]. And tree-structured DEM has gained its popularity because
it can be applied to the DAC with arbitrary output levels[16]. In this chapter,
the principles of tree-structured DEM is explained in detail and a 8-level tree-
structured DEM logic is implemented for the DAC in this project.

3.1 Unary weighted DAC

A unary-weighted DAC with N+1 output levels composes N unary cells. And each
cell can been considered as a 1-bit DAC. Figure 3.1 shows a unary weighted DAC
with N cells. z[n] is the digital input during n-th sampling period while y(t) is the
analog output. Assuming the output of a 1-bit DACs is one quantization interval
A when input is 1, y(¢) can be denoted as the function of x[n]

y(t) =a(t —nT) - z[n] - A (3.1)
Where aft] is 1 if 0 < t < T and 0 otherwise. If the mismatch in each 1-bit DAC
is taken into account, the output of i th 1-bit DAC during nth sampling period is

yi(t) = {a(t —nT) - zin] - A+ei(t —nT), xin]=1 52

0, x;[n] =0

11
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XqINn
0]
1-bDAC A

— | Encoder

Figure 3.1: Block Diagram of Unary weighted DAC

Where e;(t — nT) is the error of ith 1-bit DAC. Adding the output of all 1-bit
DAC together, output y(t) is

y(t) = a(t —nT) - x[n] - A+ €(t) (3.3)

And the expression of €(t) is

N
et) = Z z5(n) - e;(t — nT) (3.4)

If €(t) is a constant or linearly dependent on z[n]. The output y(t) is still
linear and e(¢) won’t induce distortion. However, only when z[n] = 0, N, €(¢) can
be denoted as a linear function of z[n].

€(t) = p(t — nT) - x[n] (3.5)
And
§0) =5 St (3.

In general case, €(t) can be written as
€(t) = plt — nT) - aln] + epac(t) (3.7)
And y(t) can be written as
y(t) = la(t —nT) +p(t —nT)] - zn] - A+ epac(t) (3.8)

Where epac(t) is deterministic error and nonlinearly dependent on the z[n].
We can denote

a;(t) = a(t) + e;(t) (3.9)
Then

a(t) = 5 Do ult) = alt) + plt) (3.10)
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y(t) can be rewritten as
y(t) =alt —nT) z[n] - A+epac(t) (3.11)

If the expectation of epac(t) is 0 for any of input x[n], then y(¢) is linearly
dependent on x[n| on average. Distortion induced by epac(t) is scrambled into
broadband noise. The goal of DEM algorithm in the next section is to design
random selection sequnce that make expectation of epac(t) 0.

3.2 Tree-structured DEM

The principles of tree-structured DEM are discussed in [16] thoroughly. In the
tree-structured DEM, the input code is split by digital blocks stage by stage, with
randomization added in each stage. The topology of DEM block looks like a tree
structure, that’s where the name comes from. Before discussing the principle of
tree-structure DEM, some definitions need to be proposed first.

DAC™w): For any integer u, w that satisfy 0 < u < w < N + 1, DAC(w)
is composed of the uth through wth 1-bit DACs and an encoder[16]. The digital
input is written as

2 ) = Ew:xi [n] (3.12)
The analog output is -
y @) () = o) (¢ —nT) - 2 [n] - A+ epac(t) (3.13)
Where 1 w
a(“’w)(t) Rr— ; a;(t) (3.14)

When u = w, epac(t) = 0.

S(w.vw): For any integer u,w that satisfy 0 < u < v < w < N 41, §®vw) jg
a switching block that splits digital input 2(**) into (%) z(*+1.9) a5 the digital
input of DAC("?) and DAC*1L%) respectively. Figure 3.2 shows how (%) is
decomposed by switching block S(%v%)

() g (+1w) are calculated by

2 [n] = (1 = G2 [n]) - 20 [n] + s(02) [n] (3.15)

x(v—&-l,w)[n] — G(u,v,w)[n] _x(u,w) [n] _ S(u,v,w)[n] (316)
Where s(*v)[n] is a switching sequence. And G(*v*)[n] is
w—v
w—u+1

Sw.vw) decomposes DAC™™) into DAC**) and DAC®+1%) The analog
output of DAC(®™) can be written as

G ) = (3.17)
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(v+1,w)
X|n
[ ] DAc(v+1,w)

x[n] (ww)

= gl o

DAC™”

x[n] ()

Figure 3.2: Block Diagram of decomposition

y(u,w) (t) _ y(u’v)(t) + y(”+1xw)(t) (3.18)

Substituting equation(3.11), y(“*)(¢) can be rewritten as

g (1) = o (e = nT) -] A+ 30 0)

. (3.19)
4 a@TL (¢ nT) 2 ] A 1 el (p)
With equations (3.14)(3.15)(3.16), y(“*)(t) can rewritten as
y)(t) = ) (t = nT) - 2 [n] - A 4 50 [n] AL (£ — nT) (3.20)
+ebas(t) +ebie™ (0)
Where
A(u,v,w)(t) _ [a(uw)(t) _ a(erl,w)(t)} A (3,21)

The decomposition process starts from the switching block S(*"N) and can
be continued recursively until $%®)(y = 1,2,3,..., N — 1),w > u, which drives

the 1-bit DAC directly. From equation(3.20), e%‘ ch) (t) can be written as

u,w VW UV, W U,V v+1,w
epac(t) = sCU AT (- nT) + ek (1) +epEe™ () (322)

egh]\g (t) can be obtained from the recursion step

egANC) Z 50 w) [p) A(0w) (¢ — T +Ze£j:c) (3.23)

uU,v,w

Since e(D"A"();(t) = 0 for all u, equation above can be rewritten as

eoue(t) = st At —pT) (3.24)

Where the sum in equation(3.24) includes all the value of w, v, w used in the
whole decomposition process. As defined in equation(3.21), Alwow) (¢ nT) is
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a pulse with fixed value, the statistical properties of eg;fg (t) are dependent on

s(wvW)[p]. As discussed in Section 3.1, the necessary condition to mitigate the
distortion induced by e(Dl;‘I\Q (t) is making the expectation of e(Dlj\Q (t) be zero for all
input z[n]. Switching sequence s(***)[n] need to be designed properly to achieve

this condition.

For any switching block S(%) if (%) € {0,w — u + 1}, switching sequence
s(wvw) i5 0 since there is only one choice for z(¥) z(v+1.w) = Otherwise, there are
at least two choices for s(**®)  In the tree-structured DEM, the following two
choices are used.

st [n] = <w — m(“’w)> or <w — m(“’“’)> ~1 (3.25)

w—u-+1 w—u-+1

Where < a >= a — |a], |a| denotes the largest integer which is less than or
equal to a. The selection of s(*¥")[n] ensures that z(*¥) z(*+1.%) is integer.

The switching sequence can have zero value or two non-zero values with oppo-
site signs. For each switching block, they can select switching sequence from those
values dynamically in such a way that the expectation of each s(**%) is zero.
In the next section, a design example of 8-level tree-structured DEM is shown to
present how the switching sequence can be selected.

3.3 Design case of a 8-level tree-structured DEM

In this section, an 8-level tree-structure DEM for use in a 10-bit DAC is described.
10-bit DAC is segmented into 3-bit unary part, 3-bit unary part, 4-bit binary part.
The tree-structure DEM is applied to the most significant 3-bit for the purposes
of improving the linearity. The tree-structure DEM decoder driving 7 1-bit DACs
in MSB part is shown in Figure. Each switching block needs to select appropriate
switching sequence with an expectation of zero.

_/., §(66.7)
_\_, 45

[ §457)

§2.37)

§2.23)

i)

S(I,I,7)

Figure 3.3: Block Diagram of 8-level tree-structured DEM

Let’s discuss s(117)[n] first. For each case of digital input z[n], s [n] can
be expressed as
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0, w0 [n] € {0, 7}
ga_%7 x(l”?)[n} € {1}
%7 7%7 x(l”?)[n} € {2}
s(LLT) [n] = %7,%7 x(lﬁ)[n} € {3} (3.26)
%7 7%a x(l”?)[n} € {4}
%7 7%a x(l”?)[n} € {5}
%7 7ga x(l”?)[n} € {6}

To meet the requirement that the expectation of s(*17)[n] should be zero, the
probability distribution of s("'%7)[n] must satisfy the following equations

P(st17[n] = 0) =1, D] € {0,7}
P(s100fn) = §) = 1, P4l = —1) = 8, 20T[a] € {1)

P(s10 0] = 3) = 2, PO = —2) = £, 2] € {2)
P(sWt0[p) = 2) =2 P(sWb0[p) = -2) =2, 2(L0[n] € {3} (3.27)
P(st 0] = 3) = 2, P(s"1 0] = —=3) = 2, 27 [n] € {4}
P(st1 0] = 2) = 2, P(s"0 0] = =2) = 2, 27 [n] € {5}

P(st 0[] = 1) = 8, P(s"1 D) = =) = 7, 27 [n] € {6}

Different s(1:1:7)[n] corresponds to different (") [n] and 227 [n]. Take 2(1:7)[n] =
1 as an example, z(1:)[n] should be 0 or 1 and the probability should be ¢ and
% respectively. The digital logic of switching block S\l that generates (1! [n]
and x(>7)[n] is shown is in Figure 3.4

<2:0> <2:0> ]
x[n]*7 LUT 22| x[n]®?
<5:0>] s PUT L x[n] D

MUX

1
PSN
D> D D> D D D D <2:0>
CLK—]|
DEM_EN— %6 §.17)

Figure 3.4: Digital logic of switching block S(1:1.7)

LUT in Figure 3.4 will search case for each input code and choose output from
two sets depending on the output code of MUX. The output code of MUX is called
selection code and denoted as SEL[n] < 5 : 0 >, with 6 bits for 6 input cases.
For example, if (17 [n] = 1, LUT will output (Y [n] = 0,227 [n] = 1 when
SEL[n] < 0>=0 and z(*Y[n] = 1,27 [n] = 0 when SEL[n] < 0 >= 1. Figure
3.4 also shows the digital logic to generate selection code for each case. 7 D flip-
flops form a recirculating shift register initialized with the predefined sequence.
The MUX will select one D flip-flop output to pass depending on selection signal
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PSN < 2:0 >, which is pseudo random number. Condition (3.27) can achieved
by defining corresponding sequence in shift register. For example, for ("7 [n] = 1,
recirculating shift register can initialized with the sequence 1, 0, 0, 0, 0, 0, 0.

If PSN < 2:0 > is fixed, the output of MUX will be periodic, with a period of
7 sampling periods. In this case, though (3.27) is satisfied, the switching sequence
is still deterministic and will induce harmonics. So pseudo-random number is
provided to determine which D flip-flops output will be selected as the the output
of MUX. The pseudo random number generator is implemented by a 4-bit linear
feedback shift register(LFSR) shown in Figure 3.5 , which is clocked at % sampling
rate. MUX will select a new output node according to pseudo random number
every 7 sampling clocks. The output sequence of LESR is periododic as well. But
the period is 16 sampling period, which makes the switching sequence random

enough.

CLK

) [t [t

Figure 3.5: 4-bit Linear feedback shift register

RESET

Similarly, the switching sequence of s%7)[n] for all value of z(>7)[n] is listed

as
0, z>D[n] € {0,6}
0,—1, 237[n] € {3}
@anp = %L (3.28)
s n .
%7 _%7 I(2’7) [n] € {27 5}
%7_%7 x(2,7)[n] € {174}
The probability distribution of 5(1:2:6)[n] need to satisfy
P(s@30[n] =0) =1, z2[n] € {0,3,6}
P(s90 ] = 1) = 2 P(s®3V) = -3 = 1 2BV (25) (329
P(s230 o] = 3) = § P(s@30n) = ~1) = 2, 2] € {14}

For the other switching sequence s(“’”’“’)[n], the expression of them can be
generalize as

svwfy = 10 2] is even (3.30)
s.—3%, 2w n]isodd

The probability distribution of 537 [n] need to satisfy

P(S(u,v,u;) [TL]
P(S(u,v,w) _

(4 [n) is even

L
 P(stwow) = 1y =10 2(w)n] s odd

2 (3.31)

N~
~—
o= |
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The switching blocks to generate switching sequence s(>%7)[n] and the others
are similar to Figure 3.4, but has lower complexity. All the switching blocks and
pseudo random number generator is implemented in verilog. An example verilog
code for switching block S(1:1.7) is given in Appendix.



Chapter 4

Interpolation

4.1 Background

The conventional DAC is a zero order hold circuit and the output is a staircase-
like waveform. The output of the DAC can be represented as the convolution of
discrete output with a rectangular pulse as shown in Figure 4.1, where T is the
sampling period.

Discrete output Rectangular Pulse
12 12

=
o

-

o

14

£
°
®
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o
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0.2
) 0.0
OTs 1T 2Ts 3Ts 4Ts 5Ts 6Ts 7T 8Ts 9Ts 10T:11Ts Ts  -Tsl2 0 Ts/2 Ts

14
o

Time Convolution Time

Continuous output

Amplitude

0T 175 2T 3Ts 4T 5Ts 6T Ts 8Ts 9T 10T;  11Ts
Time

Figure 4.1: Convolution of discrete output and rectangular pulse

The data sampling frequency fs in Figure 4.1 is % Assuming the signal
frequency of a sinusoidal input is f;,, the spectrum of a discrete-time output is
periodic with f, with signal image at n* fs + f;, and n* fg — f;,,. The frequency

response of the rectangular wave in Figure 4.1 can be expressed as

sin(m x [/ fs)
T f/fs

According to the theory of Fourier transformation, the output spectrum is the

H(f) = sinc(f/fs) = (4.1)

19
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multiplication of discrete-time output spectrum and rectangular pulse spectrum.
Figure 4.2 shows the multiplication of the spectrum. Continuous output spectrum
is the spectrum of discrete-time output attenuated by the sinc frequency response

of rectangular pulse. Now images are distortion in the the spectrum rather than
exact copy of signal tone.

Spectrum Before and After Sinc Attenuation
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Figure 4.2: Spectrum before and after sinc attenuation

A low-pass filter (LPF) is typically required in the transmitter to suppress the
spectral images. The design requirements for the LPF depend on the signal band-
width and the sampling rate. A lower ratio of sampling rate to signal bandwidth
demands a sharper filter response, which significantly increases the complexity
of the LPF design and can be challenging to implement. While increasing the
sampling rate can ease the filter requirements, the LPF still tends to occupy con-
siderable chip area and consumes substantial power It will be promising if LPF
can be replaced by more power-efficient and area-efficient approach.

A novel way to do filtering in analog domain without using LPF is analog
interpolation, proposed in [17]. In the conventional DAC, the output transition
occurs in each clock circle and completes in one step. But in the interpolation
DAC, each current cell is divided into multiple units and controlled by clocks with
different phases. In this way, one transition step is divided into multiple steps
and the output is interpolated. A 4x linear interpolation is shown in Figure 4.3.
According to the theoretical analysis in the next section, linear interpolation can
provide higher attenuation on the images. If the interpolation order is high enough,
the images can be attenuated to a low enough level to meet system requirements.
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Figure 4.3: 4 fold Linear Interpolation

4.2 Theory analysis

Mathematical analysis of interpolation is discussed in depth in [18]. Figure 4.4
shows the diagram of 2-fold interpolation DAC. Both DACs are clocked with a
sampling frequency fs but the clock of the second DAC has a delay of td. z[n] is
the digital input of the DAC while y;(¢) and y»(t) are the analog output of two
DACs respectively.

| pact YO
x[n] Ferko e}{;—» ya(t)
> DAC2 B
A CLK(t-td)

Figure 4.4: A two phase interpolation DAC

Output signal y;(¢) can be written as

o0

y(t) = Z z[n] - 6(t —nTy) | * rect(é) (4.2)

n=—oo
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Where rect(t) is the rectangular pulse function and * denotes convolution.
The value of rect(t) is 0 only if —3 <t < 3. Using

z[n] - 6(t —nTs) = x(t) - 6(t — nTy) (4.3)

We can write y1(t) as

i) = a(t) - l i 5(t = nTy) *rect(Tis)
The Fourier transform of y; (t)n Is h
Yi(f) = X(f) + ;Snia(f | R L E )
‘We can denote
Ai(f) = X(f) l S 6 - 7| (4.5)
and s
H(f)= W (4.6)

where A;(f) is the spectrum of discrete points train, with a period of T;. And
H(f) is the frequency response of the rectangular pulse, which can be regarded as
a filtering function.

The output of the second DAC can be written as

y2(t) = y1(t — td) (4.7)

The Fourier transform of yo(t) is

Ya(f) = Ya(f) - em72m i (4.8)
The sum of y;(t) and yo(¢) can be written as

Yr(f) = Yi(f) - (L+e P2m) = Ay (f) - H(f) - (1 + 7727 7) (4.9)

Total filtering frequency response from sinc function and interpolation is de-
noted by

HT(f) _ H(f) ) (1 + e,jgﬂ—.f.td> _ Sln(ﬂ'f . Ts) . (1 + efj27r~f-td)’ (4_10)
wf T
which can be derived further as
. T B
Hr(f) = M ceTImftd, 2cos(mf - td) (4.11)

7Tf'Ts
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Only the amplitude of Hp(f) is of interest and it is

sin(mwf - Ty)
’/Tf T
Apart from sinc function, there is an additional filtering function cos(w f -td) which

comes from analog interpolation. Assuming that td = T /2, filtering function from
interpolation can be written as

|HT(f)| =

- 2cos(mf - td)‘ (4.12)

wf
2'fs

|Hitp(f)| has zeros at (2n — 1) % fg,n = 1,2,3... while it is equal to 1 when f =
2n# fs,n =1,2,3.... It means that the images near (2n — 1) x f,; will be attenuated
further by |H;,(f)| while the image near 2n x f, will stay almost the same.

The discussion above derives the frequency response of a 2-fold interpolation
DAC. It can be generalized for a 2V-fold interpolation DAC. Assuming t4[n] =
"2*53 ,n=1,2..,2V — 1, the total filtering function from sinc function and interpo-
lation can be written as

|Hitp (f)] = |2cos( ) (4.13)

oN _1
HT<f>2N=5m7f;§f TT 1D
_ sin(rf - T) Ty 2 N
B 1;[ (2’%) (1)

If the amplitude of Hp(f)o~ at different interpolation order is normalized, it can
be written as

/1)
[Hr(f)av | = ) H cos( %)

The frequency response |Hp(f)qn| with different interpolation orders is plotted in
Figure 4.5. Cosine terms in |Hp(f)on | give more attenuation, which can be utilized
to filter the images. And with higher interpolation order, higher attenuation is
achieved. Taking 4x interpolation as an example, cos(; ;c ) - cos( ”}f ) = 0 when
f=fs,2fs,3fs. The image near f,,2fs,3fs will be attenuated further. When f
= 4f, cos(y ff K cos(;ff ) = 1 and it gives negligible attenuation on image near
4fs. The level of images near 4 f; will stay almost the same with the one without
interpolation.

Additional filtering from interpolation makes it possible that images can be
attenuated to required level without using LPF. The role that LPF plays can
be replaced by the analog linear interpolation. The feasibility of this idea needs
to be verified in the application case of this project. As discussed before, DAC
in this project is used for WiFi 6 application, with 128MHz sampling rate and
20MHz baseband packet.Input frequency of 10 MHz is chosen as the worse case to
explore how much linear interpolation could attenuate images in this transmitter

(4.15)
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|Hr{fln| with N = 0,1, 2,3

o~ --- No Interpolation
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Figure 4.5: Frequency response with different interpolation order

system. With 10MHz input tone and 128MHz sampling rate, images will appear
at 128MHz + k« 10MHz,k = 1,2,3.... In Table 4.1, the level of 2nd-5th order
images with different interpolation order is listed. Since images at 128M Hz — k
10M H z are usually higher than images at 128M Hz + kx 10M H z, only images at
128 M Hz — k « 10M H z are listed in the Table 4.1.

Table 4.1: Images level with different interpolation order

Images@ | 1 x Interp. | 2 x Interp. | 4 X Interp. | 8 X Interp.
118MHz -21.4dBc -39.6dBc -42.2dBc -42.7dBc
246MHz | -27.8dBc -27.9dBc -52.1dBc -54.9dBc
374MHz | -31.5dBc -49.7dBc -53.3dBc -61.0dBc
502MHz -34dBc -34.1dBc -34.1dBc -64.3dBc

Figure 4.6 demonstrates the spectral mask for 20 MHz channel in WiFi 6
system. The transmit spectrum shouldn’t exceed -40 dBr(dB relative to the max-
imum spectral density of the signal) at 30MHz offset and above [19]. With 7.5 dB
margin, the images are required to be lower than -47.5 dBc.

As shown in Table 4.1, lower images can be achieved through higher interpo-
lation order. For example, it’s promising that all images level can be below -47.5
dBc if interpolation order above 8 is used. However, higher interpolation order
will make the clock mapping more troublesome and the generation of multiphase
clocks will need extra effort. It is desirable that the interpolation DAC can pro-
vide extra filtering needed, meanwhile, has acceptable complexity. It can be found
that with 4-fold interpolation, images near 2f; and 3f, are below -47.5 dBc while
images near fs,4f still violate the requirement. However, since images near f;
is only 5.5 dB higher than the requirement. It’s possible that a simple RC filter
can provide additional attenuation needed. Assuming a capacitor C is added in
parallel with resistor load R in each differential end, the frequency response of RC
filter can be written as
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Spectral Mask for 20 MHz Channel

0 dBr

-20 dBr

/ -28 dBr

-40 dBr

Freq[MHz] 9.7510.5 20 30

Figure 4.6: Spectral mask for 20MHz channel

R

H = 4.1
relD) = om0 (4.10)
The amplitude of Hre(f) can be denoted as
R2
H = 4.1

The images at fs — fin,4 * fs — fin should be below -47.5 dBc with additional
filtering from RC filter. The requirement can be written as

|Hrc (fin)| } B
20l0g {lHRc(fs | 24T - 422 (4.18)
|Hrc(fin)
20log |:|HRC(4 fo fm)d >47.5—-34.1 (4.19)

It can be derived that RCy; > 2.12ns, and RCy > 1.46ns from the two equa-
tions above respectively. With a load resistor of 2002, the minimum capacitor
needed is 10.6 pF. If a capacitor is added across the differential output rather
than at each differential node, the capacitor needed is 5.3 pF equivalently, which
is more acceptable.

4.3 Implementation

In theory section, the 4-fold linear interpolation DAC composes In the theory sec-
tion, the 4-fold linear interpolation DAC is described as consisting of four identical
DACs, each driven by a different clock phase with a 90-degree phase shift between
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them. To realize this architecture, a single DAC is partitioned into four sub-DACs.
As shown in Figure 4.7, the 10-bit DAC is segmented into a 6-bit thermometer
code and a 4-bit binary code. All thermometer bits, along with the two binary
MSBs, correspond to at least four unit current each. This allows them to be evenly
divided into four groups, each driven by one of the four clock phases.

FETEEEEEEEEEEEEEEES ir==-=, ===

I
'161, 161, 8L, (D) 41())2L, I,
| oo o 1 :
: e, P
1 Tes T, B, B; B2/~ 1By

T Lot 1
IR

4 groups 2 groups 1group

Figure 4.7: DAC partition for 4-fold interpolation

However, the two binary LSBs represent only two unit current and one unit
current, respectively. These cannot be split evenly into four groups. As a result,
the LSB (bit 0) is assigned to a single clock phase, while the next bit (bit 1) is
divided into two groups and driven by two clock phases. Consequently, the DAC
is partitioned into four sub-DACs with slightly different weights.

The output of this interpolation DAC therefore deviates slightly from an ideal
4-fold linear interpolation, leading to a small loss in resolution. Nonetheless, this
implementation offers a simple and practical solution, and the resolution trade-off
remains acceptable.
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Circuit Design

51 Current cell

Considering trade-off between linearity, area and complexity, 6 MSBs-4 LSBs seg-
mentation is chosen for the 10-bit current steering DAC where the 6 MSBs are
thermometer-weighted while the 4 LSBs are binary-weighted. And the 6 MSBs
are segmented into two thermometer parts further, with 3 bits each. DEM logic
is added in 3 MSBs. With the 3-3-4 segmentation, the maximum DNL in statistic
appears at the transition: 0001111111— > 0010000000. The relationship between
the mismatch ratio of the least significant bit current and DN L, 4, is

I
(DN Lpaz) = V25 — 1% % (5.1)

Where Tu is the current of LSB. According to [4], the relationship between the
mismatch ratio of least significant bit and INL is independent on segmentation
and can be expressed by

I
G(INLaz) = V2N-2 — 1 % % (5.2)

where N is the total bits of the DAC. The requirement on the DNL and INL is

30(IN Lings) < 1LSB, 36(DN Lyas) < 1LSB. (5.3)

It can be derived that the requirement on the "I—IJ‘ is

olu
— <21 4
Tu < 2.1% (5.4)

With the requirement on ”I—Iu“, the dimension of current source need to be sized
properly to achieve low enough mismatch ratio. And with the design purpose of
low power consumption, the unit current for LSB in binary part is selected to
be 2uA initially. The total current of all current cells is 2.05mA, and the supply
voltage for the DAC core is 0.83V.

PMOS is used for the design of current cell for its better matching and noise
performance. Cascode transistor is added to improve the output impedance. Two
different cascode structure of current cell is shown in Figure 5.1. The topology in
Figure 5.1(a) has a transistor between current source transistor and switches while

27
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the cascode transistor in Figure 5.1(b) is added at the output. Considering static
linearity, both topology can provide high enough output impedance. However, the
dynamic linearity is different between two topologies. In Figure 5.1(a), the drain
of switch is connected with output node. The voltage variation of output node is
large and code-dependent, which has significant impact on the switching activity.
And it will induce distortion at the output signal. In the contrast, the drain
voltage of switches in Figure 5.1(b) is more stable, and thus switches contribute
less nonlinearity to output. Simulation results show that topology in Figure 5.1(b)
gives better linearity to DAC and is selected eventually.

VDD VDD

Vu = P1 Ve —[ " P1

Ve —|_ P4 c [ r P3| cQ

o | P3 ;j|—CQ |L|

Ip IN IP IN
(a) (b)

Figure 5.1: (a) cascode transistor between current source and switch
(b) cascode transistor at output

The current source transistor is biased at 420mV while the cascode transistor
is biased at 230mV. Current source transistor is sized as W = 800nm, L = 1um
to meet the requirement of mismatch. And it is decomposed into four transistors
in series. The dimension of switches and cascode transistor is iterated to give
better linearity. Sizing of the current cell is summarized in Table 5.1. Current
cells in higher bit has the same topology but the number of transistors increases
proportionally.

Table 5.1: Sizing of current cell.

Current source | Cascode | Switch
W 800nm 600nm | 120nm
L lum 100nm 40nm
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5.2 Bias circuit

Current cell with bias circuit is shown in Figure 5.2. An external reference current
of 20 pA is mirrored into a diode-connected PMOS transistor, which generate the
bias voltages. Diode-connected PMOS transistors have the same W/L raio but
different number of cells with current source transistor. They constitute a current
mirror that copies the reference current to the current cell. The bias voltage for
the cascode transistor is generated by mirroring a 20 pA current across an 11.5
k) resistor. Since variations in the cascode bias voltage have a negligible effect
on the current value and noise performance, the main concern in the bias circuit
design lies in the primary bias voltage.

P6:l—|- ----- 7 1——————||'_" P1

20uA

N1 JH—[. N2 | |

GND

Figure 5.2: Current cell with bias circuit

One important design consideration of bias circuit is the source impedance.
As the source impedance is not zero, a dip on common source node of switch pairs
will be coupled to the bias node through parasitic capacitance of current source,
contributing to disturbance on bias node. Since the bias circuit provides global
bias voltage for all the current cells, the disturbance on bias node will be translated
into disturbance on the output of each cell and induce dynamic nonlinearity. A
bypass capacitor can be added in the bias node to filter out the disturbance.
However, a large bypass capacitor is usually needed and the large area it occupies
is unacceptable.

To attenuate disturbance on bias node, the strategy used in this design is
trying to reduce the source impedance of bias circuit. The source impedance is
mainly dependent on the gm of diode connected PMOS. PMOS is sized to be larger
to lower the source impedance. The mirror ratio between diode-connected PMOS
and LSB current source transistor is chosen to be 10:1. From the simulation result,
the source impedance of bias circuit is about 3.72K)

Another significant issue on the design of bias circuit is the noise performance.
The noise from the bias circuit will be amplified by the current cells and added
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on the output of DAC. It’s important to reduce the output noise of bias circuit to
achieve high SNDR of the DAC. The N1 and N2 in bias circuit contributes most
noise.

A common approach to attenuate the noise of a current mirror is to insert
an RC filter between N1 and N2. However, in our case, a large load capacitance
is already present due to the bias node being connected to all the current cells.
Simulation results show that the equivalent load capacitance of the current source
array is approximately 10 pF. Together with the source impedance, this forms
an effective RC filter with a cutoff frequency of about f_s;p = 4.28 MHz, which
significantly attenuates flicker noise.

5.3 Master-Slave Latch

In each current cell, switch pair is preceded by a driver, which generates the switch
control signal. A low-crossing point of positive /negative control signal is desirable
to ensure switches don’t turn off at the same time. It can lower the glitch power
at the output and then improve the linearity. A latch shown in Figure 5.3 [3]can
serve this purpose.

VDD

Figure 5.3: A latch driving the switching pair

In Figure 5.3, D and DQ are the input digital signals, while S and SQ are the
differential outputs that drive the switches in the current cell. Transistors P1, P2,
N1, and N2 form two head-to-tail connected inverters . When CLK is low, N4 and
N6 are turned off, and the output state is latched, remaining unchanged regardless
of the input. When CLK transitions high, N4 and N6 turn on, enabling the circuit
to respond to input changes.

Assuming the SQ node is initially high and S is low, a rising edge on D turns
on N3, pulling the SQ node low. Due to the positive feedback loop at the output,
SQ is eventually driven to ground while S is pulled up to VDD. Since SQ starts
to fall before S begins to rise, the crossing point of the two signals occurs below
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VDD/2. The same mechanism applies in the opposite direction, where S is pulled
low and SQ rises. This crossing level is primarily determined by the delay between
the falling and rising edges of S and SQ.

The crossing point can be tuned by adjusting the transistor dimensions of N3,
N4, N5, and N6. Increasing the W/L ratio allows the output node to be pulled
down more quickly when N3 or N5 is turned on, increasing the delay between the
falling and rising edges and resulting in a lower crossing point. A typical output
waveform of the latch is shown in Figure 5.4, demonstrating full rail-to-rail swing
and a crossing point around 80mV.

Latch Output

800

600

V(mV)

200 4

T T T T T
13.4 13.6 13.8 14.0 14.2

t(ns)
Figure 5.4: Output waveform of the latch

As discussed in Section 2.5, time skew from the input signal will induce distor-
tion. To synchronize the input signal, two latches shown in Figure 5.3 are used to
form a master-slave latch. Figure 5.5 is the block diagram of master-slave latch.
When CLK is low, digital signal is passed to the output of the first latch. When
CLK is high, the output of the first latch will keep unchanged and will be passed to
the output of the second latch at rising edge of the clock. In this way, transition
only happens in the rising edge of the clock and timing skew of input signal is
reduced significantly.

C
|CQ

DQ SQ DQ SQ

CLK; > >

Figure 5.5: Master-slave Latch
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5.4 Binary to Thermometer decoder

The 10-bit DAC is segmented in 3T-3T-4B scheme. There are two thermometer
parts with 3 bits and binary to thermometer decoder is needed. Since the decoder
for MSB thermometer part is implemented by DEM logic, only one decoder is
required to convert 3 binary bits to 7 thermometer bits. Boolean equations between
3 bits binary code and 7 bits thermometer code is shown in Table 5.2. Bg is the
MSB of the bianry code and 77 is the MSB of thermometer code.

To remove the redundant logic, the equations can be rearranged like in the
Table 5.3. In this way, NOR and NAND gate is used rather than AND, OR, and
the number of transistors can be reduced. The full binary to thermometer decoder
design is shown in Figure 5.6.

Table 5.2: Boolean equations of decoder.

Output Equation
T1 B1 + By + B3
T2 B2 —+ B3
T3 B3 + (B2 - By)
T4 Bs
T5 Bs - (Bs + By)
T6 Bs - By
T7 Bs- By - By

Table 5.3: New Boolean equations of decoder.

Output Equation

T1 | B B, B
T2 By - Bs
T3 | By B; Bs
T4 B

T5 B+ By + B3
T6 By + B3
7 By -By+ B3




Circuit Design

33

Bl
B2

B2

Bl
B2

B3

D}—Tl

. ._:)o—Tz

R D—m
>0 d *—

-, >0

Lé:

_Dc S

e

—

Figure 5.6: Binary to thermometer decoder
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Chapter 6

Simulation Results and Discussion

6.1 DAC Testbench

As discussed in Chapter 3, 4-fold linear interpolation is the optimal choice that
gives filtering function needed while maintains acceptable complexity. The test-
bench to simulate the performance of the linear interpolation DAC is shown in
Figure 6.1

ADC P4 DAC >

£ ff £ fos

Phase
Generator

1.
1

I
i‘sl
Figure 6.1: Testbench of linear interpolation DAC.

At the sampling rate of fs, a 10-bit ADC model converts sinusoid input signal
with frequency of f;, into digital code , which serves as the digital input of the
DAC. A phase generator model generates four clock phases with 90° phase shift
between each other. Four clock phases will drive four groups of cells in DAC,
achieving 4-fold linear interpolation. R,, R, is the resistor load at differential
output end and has a resistance of 297Q2. R; and Cj model the resistive and
capacitive load at next stage and their value are 750€2, 700 f F' respectively. Since
our interpolation DAC is expected to replace the existing DAC+LPF, Ry and
C, are modeling the load of LPF. A 6pF capacitor Cr is added to form a RC
filter with resistor load, which can provide extra filtering. Samping frequency fs
is 128MHz while fin is set to % x fs = 10.125M H z, which is close to 10MHZ
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and meets the coherent sampling condition.

6.2 Performance of the DAC without linear interpolation

Before exploring the performance of the linear interpolation DAC, the DAC with-
out interpolation is characterized. C'r in Figure 6.1 is dismissed and four clocks
driving the DAC are set to have the same phase. Transient simulation without
noise is performed and the differential output waveform of the DAC is shown in
Figure 6.2.

DAC Qutput
400
200+
>
I 0
=
—200 +
—400 4
260 2é5 250 ZII'S 360 3i5 35|0 375
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Figure 6.2: Differential output waveform of the DAC without inter-
polation.
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Figure 6.3: Output spectrum of the DAC without interpolation.
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The full scale of differential output is 800mV peak-to-peak. And thanks to the
technique used in the latch and current cell, the glitch at the output is ignorable.
The spectrum of the output within fs = 128M Hz is displayed in Figure 6.3.
Signal tone, third-order harmonic, fifth-order harmonic and image are marked in
the spectrum. Referred to signal tone level, image at 117.825 MHz is -21.3dBc.
The fifth-order harmonic is the highest harmonic within the Nyquist band and the
level of it is -68.8dBc, which decides the value of SFDR. It’s noticeable that there
is a image of third-order harmonic in the spectrum, which has higher power level
than third-order harmonic. Considering the noise and harmonic within Nyquist
band, the ENOB and SFDR of the DAC is 9.8 bits and 68.8 dB respectively.

To investigate how the performance changes with the input frequency, fin is
swept from 6.375MHz to 50.125MHz while fs stays 128MHz. Figure 6.4 plots the
relationship between ENOB, SFDR and input frequency. Both ENOB and SFDR
degrade significantly when the input frequency exceeds 20MHz. For instance, the
ENOB decreases from 9.66 bits to 9.22 bits when input frequency increases from
20MHz to 25MHz.
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Figure 6.4: ENOB, SFDR vs input frequency.

The sampling frequency fs is swept as well to explore how performance changes
with fs while fin stays 10MHz. The relationship between ENOB, SFDR and
sampling rate is displayed in Figure 6.5. The performance of the DAC shows high
sensitivity to the sampling rate. When fs increasing from 128MHz to 768MHz,
ENOB degrades from 9.8 bits to 8.16 bits. The severe performance degradation at
high sampling rate can comes from higher distortion induced by switching activity
as discussed in Chapter 2.
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ENOB, SFDR vs fs @fin = 10MHz
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Figure 6.5: ENOB, SFDR vs sampling rate.

6.3 Performance of the linear interpolation DAC

6.3.1 Levels of harmonics and images in interpolation DAC output

According to Section 6.1, the linear interpolation DAC is characterized through
transient simulation and transient noise isn’t added in the beginning. The output
waveform of the interpolation DAC is shown in Figure 6.6. Compared with the
output of the DAC without interpolation, the waveform displayed in Figure 6.6 is
smoothed by linear interpolation and RC filter.

DAC Qutput
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>
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=
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Figure 6.6: Differential output waveform of the interpolation DAC.

Figure 6.7 shows the output spectrum of interpolation DAC within 128MHz.
Compared with Figure 6.3, the image at 117.825 MHz dropped from -21.3dBc to
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-48.6dBc due to the filtering from interpolation and RC filter. And the image of
third-order harmonic is attenuated to a negligible power level. Considering the
noise and harmonic within Nyquist band, ENOB and SFDR of the DAC is 9.98
bits and 72.5 dB respectively.

Output Spectrum
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Figure 6.7: Output spectrum of the interpolation DAC.

To further compare the image power levels in DAC outputs with and with-
out interpolation, Figure 6.8 presents the output spectrum of both DACs within
the range of 4fs. A significant reduction in image levels is observed in Figure
6.8(b) compared to Figure 6.8(a). The image levels at 117.875MHz, 245.875MHz,
373.875MHz, and 501.875MHz are summarized in Table 6.1. Notably, the domi-
nant image at 117.875MHz decreases from —21.3dBc to —48.6dBc with 4 x interpo-
lation. This suppression is sufficient to meet typical spectral mask requirements

Table 6.1: Image levels with and without interpolation.

Images@ | No interpolation | 4X Interpolation | Drop
117.875MHz -21.3 dBc -48.6 dBc 27.3 dB
245.875MHz -28 dBc -64.2 dBc 36.2 dB
373.875MHz -32 dBc -68.8 dBc 36.8 dB
501.875MHz -35 dBc -52.6 dBc 27.6 dB

To demonstrate that the output spectrum of the interpolation DAC meets
the spectral mask requirements, a baseband signal is used as the digital stimulus.
The baseband signal is modulated using a 1024-QAM scheme, with a sampling
rate of 128 MHz and a 20 MHz bandwidth packet. The output spectrum of the
interpolation DAC, along with the spectral mask, is shown in Figure 6.9. As
illustrated, output spectrum of the DAC remains within the bounds of the spectral
mask, with image components well below the mask floor. Now the output of the
interpolation DAC can be mixed with LO signal without the filtering of LPF.
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Figure 6.8: (a) Output spectrum of the DAC without interpolation.
(b) Output spectrum of the DAC with 4x interpolation.
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Spectral Mask vs Output Spectrum
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Figure 6.9: Spectral Mask vs Output spectrum.

6.3.2 Impact of clock jitter

Random clock jitter would add white noise in the output spectrum of the DAC,
degrading ENOB. To investigate the impact of jitter on ENOB, gaussian jitter is
added in f! shown in Figure 6.1. The relationship between ENOB and jitter is
plotted in Figure 6.10. As the standard deviation of the jitter increases from zero
to 31.25ps, ENOB drops from 9.98 bits to 8.80 bits. And the ENOB is around 9.5
bits when jitter is 15ps. It means that the clock jitter should be lower than 15ps
to ensure the noise from jitter less than quantization noise.
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Figure 6.10: ENOB vs Jitter.
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6.3.3 Transient noise analysis

There are many noise sources in current steering DAC such as bias circuit, load
resistor and current source. And noise from bias circuit deserves special attention.
Bias circuit provides a global bias for current source array. The noise from bias
circuit will add a voltage noise at bias node and be converted into current noise at
output current. So the noise at positive and negative output node is proportional
to the output current. In other words, the noise at output is code-dependent. Since
the output is differential, noise at differential output is zero at mid-scale input and
reach maximum at zero or full scale input. To investigate the relationship between
the noise power at the differential output and the bias node, a brief analysis is
presented below.

Assuming the noise at bias node is vy, pigs(t), it’s amplified to maximum value
Un.maz(t) at output when input is at full scale. The relationship between vy, 44 (%)
and vy, pigs(t) is

Un,maz(t) =N- 9m * RL ' /Un,bias(t) (61)

Where g,, is the transconductance of LSB current cell and N is the total number
of LSB cells. Assuming differential output is V,, at full-scale input, the general
expression of the voltage at positive and negative output node can be written as

VI(t) = Vy(t) + V;?j) ()
Va(t) = Va(t) + V’;/iw “ Un,max (1) (6.2)

Where V,,(t), V,,(t) is output voltage without noise and V, (t), V,(t) is output volt-
age with noise. The summary of V}, and V;, is V,,. The differential output can be
written as

- Up max (t) (6.3)

The second term in (6.3) is the noise term at output and the power of it can
be written as

V,(t
Pn,out_E{|: p()Vo

— Va(t) ovn,max(t):| } (6.4)

Where E denotes the expectation. Since V,(t) — V;,(t) and vy, max(t) are uncorre-
lated, (6.4) can be written as
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In the interpolation DAC, V,,(t) — V,,(¢) can be approximated as a sinusoidal
signal with amplitude of V,. Equation (6.5) can be rewritten as

1
Pmout = §P<vn,max) (66)
Substituting(6.2), (6.6) can be rewritten further as

(N - g - R1)” - P(n,bias) (6.7)

N =

-P,outn =

Where P(vy, bias) is noise power at the bias node.(6.7) describes the relationship
between the noise power at output and the noise power at bias node.

To analyze the noise contributions from different circuit components, transient
noise analysis is enabled in the transient simulation with f,.« set to 50GHz. Two
simulation runs are conducted to quantify the noise originating from different
sources. In the first run, only the noise from the bias circuit is enabled. In the
second run, all noise sources are turned on. The resulting ENOB and SFDR from
both simulation are summarized in Table 6.2.

Table 6.2: Transient noise simulation results

ENOB(bits) | SFDR(dB)
Noise contribution from Bias 9.66 71.0
Noise contribution from all circuits 9.63 72.7

When only noise contribution from bias circuit is activated, ENOB decreases
from 9.98 bits to 9.66 bits. And ENOB stays almost the same when other noise
contribution is enabled. It indicates that the noise from bias circuit is the dominant
noise source in the DAC circuit. Referred to the definition of ENOB and SNDR,
the noise power contributed from bias circuit can be calculated.

Prbias = 0.56 - Py (6.8)

Where Py is the quantization noise power.

Figure 6.11 compared the output spectrum with and without transient noise.
It can found that the noise floor near signal tone is higher in the spectrum with
transient noise. It can be explained by equation(6.3). The noise term at the output
Vo) —Va(®) Un,max(t) is the multiplication of signal and noise from bias in time
domain. In frequency domain, it is the convolution of signal spectrum and bias
noise spectrum. Due to flicker noise from bias circuit, the spectrum of bias noise
is higher in lower frequency. Convoluted with signal spectrum, it contributes to
the higher noise floor near signal tone in Figure 6.11(b).
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Figure 6.11: (a) Output spectrum of the interpolation DAC without
transient noise. (b) Output spectrum of the interpolation DAC
with transient noise
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6.3.4 Monte Carlo Simulation

Monte Carlo simulation is performed to evaluate the impact of circuit mismatch
on the performance. Mismatch can come from the current source, latches and the
load resistors. Initially, the bias circuit is replaced with an analoglib model to
eliminate its influence. Monte Carlo simulation results with 50 points are listed
in Table 6.3. Considering the mean value, ENOB drops to 9.77 bits and SFDR
drops to 68.7 dB due to the circuit mismatch .

Table 6.3: Monte Carlo simulation results

min | max | mean | Std dev
ENOB(bits) | 9.15 | 9.98 9.77 0.16
SFDR(dB) | 59.17 | 73.6 68.7 3.2

Tree-structured DEM is used to scramble the distortion induced by the current
cell mismatch. Monte Carlo simulation results with DEM enabled is listed in Table
6.4. Compared with results in Table 6.3, mean value of SFDR increases from
68.7dB to 73.2dB, demonstrating the effectiveness of DEM in reducing distortion.
And the histogram of SFDR in two simulation run is shown in Figure 6.12.

Table 6.4: Monte Carlo simulation results with DEM enabled

min | max | mean | Std dev
ENOB(bits) | 9.34 | 9.90 9.64 0.13
SFDR(dB) | 67.9 | 77.3 73.2 2.2

The output spectrum of one Monte Carlo point with and without DEM is
displayed in Figure 6.13. When DEM is activated, the third harmonic in the
spectrum drops from -96.5dB to -105.2dB. It demonstrates that the harmonics
induced from current cell mismatch are scrambled into broadband noise.
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()

Figure 6.12: (a) Histogram of SFDR without DEM. (b) Histogram
of SFDR with DEM
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Figure 6.13: (a) Output spectrum without DEM. (b) Output spec-
trum with DEM
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Then analoglib model for bias is replaced by bias circuit and mismatch from
bias circuit is activated. The Monte Carlo simulation results with and without
DEM are listed in Table 6.5 and Table 6.6 respectively. DEM continues to effec-
tively improve the minimum and standard deviation of SFDR; however, its impact
on the mean SFDR is negligible. This indicates that mismatch from bias circuit
is the primary bottleneck limiting SFDR.

Table 6.5: Monte Carlo simulation results with bias circuit

min | max | mean | Std dev
ENOB(bits) | 9.08 | 9.92 9.69 0.14
SFDR(dB) | 58.8 | 72.5 68.1 2.5

Table 6.6: Monte Carlo simulation results with bias circuit and DEM

min | max | mean | Std dev
ENOB(bits) | 9.32 | 9.78 9.57 0.11
SFDR(dB) | 65.8 | 71.2 68.7 1.1

6.3.5 Performance across Process, Voltage, Temperature(PVT)

To evaluate the robustness of the interpolation DAC across process, voltage, and
temperature (PVT) variations, transient noise simulations are performed under
different process corners, supply voltages, and temperatures. The resulting SFDR
and ENOB values across PVT conditions are shown in Figure 6.14 and Figure
6.15. Both ENOB and SFDR degrade with increasing temperature, particularly
beyond 90°C'. As temperature rises, the load resistance increases, leading to a
larger output swing. This increased swing pushes the current source transistors
closer to the triode region, thereby introducing more nonlinearity. Additionally,
the PVT simulation results indicate that both ENOB and SFDR improve with
higher supply voltage, due to the increased headroom available for the current
source transistors. ENOB has the worst value of 9.01 bits at ss process corner,
0.80V supply and 125°C. And SFDR has its lowest value of 59.4dB at fs process
corner, 0.80V supply and 125°C.
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Figure 6.14: SFDR over PVT.
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Figure 6.15: ENOB over PVT.
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In addition to the standard PVT corners, transient noise simulations are also
performed under four specific corners that account for variations in resistor, ca-
pacitor, and noise process parameters. The resulting SFDR and ENOB are listed
in Table 6.7,where Rh,Nh,Ch,Vh,Th means high resistance, high noise, high cap,
high supply voltage, high temperature respectively. High resistance and high tem-
perature lead to higher out swing, contributing to worst ENOB and SFDR.

Table 6.7: Performance across 4 special corners

Corners ENOB(bits) | SFDR(dB)
ff,R1,Nh,Cl,Vh,T1 9.31 69.23
ff,RLNL,CL VD, Th 9.45 65
ss,RIL,NI,Ch, VI, T1 9.41 65.6
ss,Rh,Nh,Ch,V],Th 8.58 95

6.4 Performance summary

The operating conditions and performance of the interpolation DAC used in this
thesis are summarized in Table 6.8. With a sampling rate of 128 MHz and an input
frequency of 10 MHz, the DAC achieves an SFDR of 72.7 dBc and an ENOB of
9.63 bits, demonstrating excellent linearity. More importantly, the highest image
level is only —48.5 dBc, fully satisfying the Wi-Fi 6 spectral mask requirements. In
addition, the DAC core consumes an average current of just 2.13 mA at a supply
voltage of 0.83 V, highlighting its low power consumption.

Table 6.8: Performance Summary

This work
Resolution(bits) 10
Process 22nm FDSOI

Supply(V) 0.83
fs(MS/s) 128

Fon (M H?2) 10
Tavarage(mA) 2.13
Prore (mW) 1.77
Core area(mm?) 0.028
ENOB(bits) 9.63
SFDR(dB) 2.7
Imagepighest(dBc) -48.5
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Chapter 7

Conclusion and future work

7.1 Conclusion

The 10-bit linear interpolation DAC in this thesis employs a current-steering ar-
chitecture to support medium high-speed operation. The cascode current source,
combined with a rail-to-rail latch driver used in this design, manages to lower
power consumption while maintain good linearity. And the tree-structure DEM
employed in this design demonstrates its effectiveness in mitigating nonlinearity
caused by current source mismatch. Operating at a sampling rate of 128 MHz
with a 10 MHz input signal, the proposed DAC achieves an ENOB of 9.66 bits
and a spurious-free SFDR of 72.7 dB, demonstrating excellent linearity.

Moreover, with linear interpolation technique proposed in this design, images
at the DAC output are suppressed from -21.3 dBc to -48.6 dBc, meeting the
requirements of the Wi-Fi 6 spectral mask. This enables the elimination of the
conventional low-pass filter following the DAC, offering a more power-efficient and
area-efficient transmitter solution.

However, simulation results also indicate that there is room for improvement in
the design. The linearity and noise performance are primarily limited by the bias
circuit, and the overall performance shows significant degradation under certain
conditions, particularly at high temperature.

7.2 Future work

This design presents a promising solution for Wi-Fi 6 transmitter applications.
However, several aspects deserve further investigation and optimization:

Phase Generator: The four clock phases required by the linear interpolation
DAC are currently generated using a Verilog-A model, which does not account for
non-ideal effects. In a practical implementation, a frequency divider with a 256
MHz input clock can be used to generate four 128 MHz clock phases. However,
such dividers may introduce additional jitter and phase mismatches, which could
have impact on the DAC.

Bias Circuit: Simulation results indicate that the bias circuit is the dominant
contributor to output noise. Furthermore, after DEM effectively mitigates current
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source mismatch, the bias circuit becomes the primary limitation on SFDR. There-
fore, optimizing the bias circuit is essential to improving both noise performance
and linearity.

Robustness Across Corners: The DAC exhibits significant linearity degra-
dation under high-temperature (125°C) and high-resistance process conditions,
primarily due to increased output swing. To address this, tunability can be intro-
duced in the load resistance and output current, allowing dynamic adjustment of
output swing and better corner robustness.

Tree-Structured DEM: In this design, the tree-structured DEM is implemented
in Verilog code. For future work, it can be synthesized and implemented in CMOS
digital circuit, enabling accurate estimation of circuit complexity and power con-
sumption.
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Appendix A

Some extra material

A.1 Verilog Code for DEM switching block

//Verilog HDL for switching block "S_1_1_7"

module S_1_1_7 (Data, DEM_en, clk, reset, outup, outdown

, PSN);

input [2:0] Data;
input clk, reset;
input DEM_en;

input [2:0] PSN;

output regl[2:0] outup;
output reg outdown;

reg [6:0] seql,seq2,seq3,seq4,seqb5,seqb;

reg SW1, SW2, SW3, SW4, SW5, SW6;
reg [5:0] enable_seq;
wire [6:0] Q1,Q2,Q3,Q4,Q5,Q6;

// regl[3:0] outup,outdown;

assign Q1 = seql;
assign Q2 = seq2;
assign Q3 = seq3;
assign Q4 = seq4;
assign Q5 = seqb;
assign Q6 = seqb;

always @(Data, SW1, SW2, SW3, SW4, SW5,
begin
case (Data)

SW6)

//output that don't depend on sw when input

is 0,7;
3'b000:// input O

o7
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outdown

outdown

outdown

outdown

is 3;

outdown

outdown

]

begin
enable_seq = 6'b000000;
outup = 3'b000;
outdown = 1'DbO0O;

end

3'b111:// dinput 7
begin
enable_seq = 6'b000000;
outup = 3'b110;
outdown = 1'b1l;
end

// output that depend on swl when input is

3'b001://input 1
begin
enable_seq = 6'b000001;
case(SW1 && DEM_en)
0: begin outup = 3'b001;

1'b0; end
1: begin outup = 3'Db000;
1'bl; end
endcase
end

3'b010://input 2
begin
enable_seq = 6'b000010;
case(SW2 && DEM_en)
0: begin outup = 3'b010;

1'b0; end
1: begin outup = 3'Db001;
1'bl; end
endcase
end

//output that depend on sw2 when input

3'b011://input 3
begin

enable_seq = 6'b000100;

case (SW3 && DEM_en)

0: begin outup

3'b011;

1: begin outup = 3'b010;
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endcase
end

3'b100://input 4
begin
enable_seq = 6'b001000;
case (SW4 && DEM_en)
0: begin outup = 3'b100;
outdown = 1'b0O; end
1: begin outup = 3'b011;
outdown = 1'bl; end
endcase
end

3'b101://input 5
begin
enable_seq = 6'b010000;
case (SW5 && DEM_en)
0: begin outup = 3'b1l01;
outdown = 1'b0O; end
1: begin outup = 3'b100;
outdown = 1'bl; end
endcase
end

3'b110://input 6
begin
enable_seq = 6'b100000;
case (SW6 && DEM_en)
0: begin outup = 3'b110;

outdown 1'b0; end
1: begin outup = 3'b101;
outdown = 1'bl; end
endcase

end

endcase
end

// Mux

always @(PSN,Q1, Q2, Q3, Q4, Q5, Q6)
begin

case (PSN)
3'b000:

begin SW1 = Q1[0];SW2 = Q2[0];3W3
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Q3[0];SW4 = Q4[0];S8W5 = Q5[0];8W6 =

Q1[1];SwW2
Q1[2];sw2
Q6[2]; end

Q1[3];SwW2
Q6 [3]; end

Q1[4];sw2
Q6[4]; end

Q1[5];sSw2
Q6 [5]; end

Q1[6];sw2
Q4[6];SW5 = Q5[6];SW6 = Q6[6]; end

Q6 [0]; end

Q2[1];8W3 =

Q2 [2];SW3 =

Q2[3];8W3 =

Q2 [4];SW3 =

Q2 [5];8W3 =

= Q2[6];8W3 =

3'b001:
begin SW1 =
Q3[1];SW4 = Q4[1]1;8wWw5 = Q5[1];8W6 = Q6[1]; end
3'b010:
begin SW1 =
Q3[2];SW4 = Q4[2];SW5 = Q5[2];s8W6 =
3'b011:
begin SW1 =
Q3[3];SW4 = Q4[3];S8W5 = Q5[3];8W6 =
3'b100:
begin SW1 =
Q3[4];SW4 = Q4[4];S8W5 = Q5[4];8W6 =
3'b101:
begin SW1 =
Q3[5];SW4 = Q4[5];SW5 = Q5[5];8W6 =
3'b110:
begin SW1 =
Q3[6];s8W4 =
endcase
end

// shift register 1

always @(posedge clk, posedge T
begin
if (reset==1'b1l)
seql <= 7'b1000000;
else begin
case (enable_seq[0])
O0:seql <= seql;
1: begin
seql [6] <=
seql [6] <=
seql[4] <=
seql [3] <=
seql [2] <=
seql [1] <=
seql [0] <=
end
endcase
end
end

// shift register 2

always @(posedge clk, posedge r

eset)

seql [0];
seql [6];
seql [5];
seql [4];
seql[3];
seql [2];
seql [1];

eset)
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begin
if (reset==1'bl)
seq2 <= 7'b1001000;
else begin
case (enable_seq[1])
0:seq2 <= seq2;
1: begin
seq2[6] <= seq2[0];
seq2[5] <= seq2[6];
seq2[4] <= seq2[5];
seq2[3] <= seq2[4];
seq2[2] <= seq2[3];
seq2[1] <= seq2[2];
seq2[0] <= seq2[1];
end
endcase
end
end

// shift register 3

always @(posedge clk, posedge reset)
begin
if (reset==1'bl)
seq3 <= 7'b1001001;
else begin
case (enable_seq[2])
0:seq3 <= seq3;
1: begin
seq3[6] <= seq3[0];
seq3[5] <= seq3[6];
seql3[4] <= seq3[5];
seq3[3] <= seq3[4];
seq3[2] <= seq3[3];
seq3[1] <= seq3[2];
seq3[0] <= seq3[1];
end
endcase
end
end

// shift register 4
always @(posedge clk, posedge reset)
begin
if (reset==1'bl)
seq4 <= 7'b1101001;
else begin
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case (enable_seq[3])
0:seq4 <= seq4;
1: begin
seq4 [6] <=
seq4 [5] <=
seq4 [4] <=
seq4 [3] <=
seq4 [2] <=
seq4 [1] <=
seq4 [0] <=
end
endcase
end
end

// shift register 5

seq4 [0];
seq4 [6];
seq4 [5];
seq4 [4];
seq4 [3];
seq4 [2];
seq4 [1];

always @(posedge clk, posedge reset)

begin
if (reset==1'bl)
seqb <= 7'b1101011;
else begin
case (enable_seq[4])
0:seqb <= seqb;
1: begin
seqb[6] <=
seqb[6] <=
seqb [4] <=
seqb[3] <=
seqb[2] <=
seqb[1] <=
seqb [0] <=
end
endcase
end
end

// shift register 6

seqb5[0];
seqb [6];
seqb [5];
seqb [4];
seqb[3];
seqb[2];
seqb[1];

always @(posedge clk, posedge reset)

begin

if (reset==1'bl)

seq6 <= 7'b1111011;
else begin

case (enable_seq[5])
O0:seqb6 <= seqb;

1: begin
seq6[6] <=

seq6[0];
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end
end

endmodule

end
endcase

seq6 [5]
seq6 [4]
seq6 [3]
seq6 [2]
seq6 [1]
seq6 [0]

seq6 [6];
seq6 [5];
seq6 [4];
seq6 [3];
seq6 [2];
seq6 [1];
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