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Outline

 Practical information
e Curriculum overview

Introduction
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Examination

Oral exam 30 min per candidate

Date: June 8%

More details on schedule will come from Studadm
All printed and written material allowed

Final grade: Character grade A—F

Oral exam (60 %)

Project (40 %)
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Course content

From the course webpage:

"The course provides the know-how and skills needed to design advanced mixed-
signal CMOS integrated circuits using modern EDA tools. Key focus will be on circuits
and systems design involving both digital- and analog/RF components. The starting
point will be to introduce sampled systems and how the sampling process affects
signals. Switched-capacitor design technique and circuit examples will be covered in
detail. In addition, data converter methods/circuits and phase-locked loops are key
aspects. A central part of the course will be a design project where students will
implement a mixed-signal system in CMOS using modern design tools."

Introduction
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Learning outcomes

The main learning outcome is the ability to understand
and design advanced mixed-signal integrated circuit. In
particular you will be able to:

* Understand the concept of sampling and how the sampling
process affects the involved signals

* Implement filters and other circuit functions using switched-
capacitor design methodology

* Understand and design data converters, both analog-to-
digital and digital-to-analog converters including
oversampling and noise-shaping systems

* Understand and design phase-locked-loops (PLL) and its key
building blocks

+ Design and implement mixed-signal circuits in CMOS from
schematic to layout using state-of-the-art design tools and
methods

Introduction
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Curriculum

Chapter 2.2, 2.3, 2.4

Chapter 11.1, 11.2

Chapter 13

Chapter 14.1, 14.2, 14.3, 14.4, 14.5, 14.6, 14.7, 14.8

Chapter 15.1, 15.2, 15.3, 15.5

Chapter 16

Chapter 17.1,17.2,17.3,17.5,17.6, 17.7, 17.9

Chapter 18.1, 18.2 (Except: 18.2.6, 18.2.7), 18.3, 18.5, 18.7, 18.8
Chapter 19.1, 19.2, 19.3,19.5

Introduction
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Device Mismatch

« The physical manufacturing process gives rise to
imperfections in the manufactured devices

— “ldentical devices” (i.e. identically drawn devices) comes out
slightly different on silicon

— Systematic differences vs random differences
— Local variations vs global variations
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Device Mismatch

Mismatch is random mismatch between two identically drawn
devices, as close as possible in the layout, usually sharing
source. E.g.

 Differential pair input devices
« Current mirrors
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Hand calculation of matching

Matching of parameter, P, between two identically drawn

devices
Area proportionality constant
Parameters of ¢
devices closely )
spaced exhibit 9 AP 9 2
a random Oap= 77 Spr <— Distance
variance WL k
inversely * Variation with spacing

proportional Size

to area.
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Hand calculation of matching

Mismatch between two identically drawn adjacent transistors.

We use the previous formula to find AV, and %. Then we use

these results to find AIQ, Vos, etc.
D

R

w 2 P 2
— (Vas —Vru)” =7 (Vs — Vrn)

12

_ Un COX
2

Ip
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LAYOUT
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Layout

As circuit designers we must carefully consider how to draw layout
for critical/sensitive parts of the circuit to get robust and predictable
performance. Simulation results from schematic is not the final
answer (but necessary and a good indication).

Layout and technology 14
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Lithography system

Pattern on wafer is distorted by imperfections in the lithography
system.

Wavelength of light is a limitation for feature size.

Layout and technology

15



UiO ¢ Department of Informatics
University of Oslo

Depth of focus (DOF)

As the wafer is built layer by layer the geometry becomes uneven.

Wafer is planarized between each step with chemical mechanical

polishing (CMP)

inherent tradeoff between DOF and resolution (better NA, finer

pitch, more narrow DOF)

Layout and technology

77z

,”:m/

p* field-implant

p-channel transistor P n-channel transistor

16
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Design rules

The layout we draw is not perfectly reproduced on the wafer.

We must comply with a set of rules to ensure that the layout we
draw is manufacturable. This is a minimum requirement, and does
not guarantee robust and predictable performance. Necessary but
not sufficient.

Layout and technology 17
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Antenna design rules

Large metal area connected to a MOSFET gate collects ions during

manufacturing and potentially breaks down the gate oxide
(irreversibly).

Metal 2. -« - - - - - - » 47—
o ++++ + + + +
-y > ] ‘ ] ' ) | J | ]
polysilicon - - >$ # I
Un+ b v L!J n+ U n+ U n+
oxide breakdown
p~ region

p~ region

(a) (b) (0)

Layout and technology 18



UiO ¢ Department of Informatics
University of Oslo

Interconnect parasitics

Overlap capacitance

Low-k dielectric helps reduce
interconnect capacitance.

Fringe capacitance also
important.

Layout and technology

19
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Interconnect parasitics

Consider resistance and capacitance (and inductance).

Typical metal resistance is 0.1 Q/[]

10 Q per via (never use one single via)
Current handling capability (electromigration)

Process documentation lists actual values

Layout and technology

20
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Interconnect parasitics

Sizing metal lines is a trade-off between capacitance and resistance
(and current handling capability)

Wide lines, fewer squares, less resistance, but potentially more
overlap capacitance.

Resistance and capacitance vary due to dishing and erosion.

Layout and technology

21
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Unit elements

A

| l

Instead, make
identical unit
elements.

Layout and technology

5 [
A I

.

22
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Dummy elements

Make sure matched elements see the exact same surroundings

. - Dummy |
A IR » .
s [N s [
N D | c .
—_— S

Layout and technology

23
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Interdigitated layout

Process gradient almost evenly distributed
between components A and B.

A and B are split into units

Layout and technology

24
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Common centroid

Perfect cancelation of
linear gradients.

Several patterns are
possible.

Can split Aand B into
more than two units.

Layout and technology

.‘
.
.~
.
.
.
.’

.
.
.
.
.
‘.

25
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Well proximity effect (WPE)

As with S/D asymmetry, implantation angle may render the
scattering and doping asymmetric.

Affects threshold voltage, body effect, and mobility.

Layout and technology

26
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STl stress (LOD)

SA

SB

SA

SB

Trench
isolation —>
edge

LOD

Layout and technology

LOD

27
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Transistor interconnect

Unbalanced metal routing:
Transistors see different
source voltage.

Distribute
references
as currents,
not bias
voltage.

A

Iin V] I Iout

Q, %Qz

Layout and technology

28
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SAMPLE AND HOLD, AND DISCRETE-TIME
SIGNALS
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Basic circuit

e Sample and hold vs. track and hold

$1
{
[

Vin‘ﬁ

30
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Finite speed

31
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Finite speed

1
= B(Ves — Vin)

105 -

” /\
1

0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9
p— J—s

Vin

Ron kQ

32



UiO ¢ Department of Informatics
University of Oslo

Settling time

33
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Clock feed-through

$1
e Overlap capacitance j_\/ W Cov
« AV = — COXWé,OV Vdd Vin © '_'/l o Vout
H

e Constant, depends on
clock voltage only

34
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Discrete time (Ch 13)

Important to understand how

sampling affects the signal.
*(1)
z-transform to analyze H ﬂ

» time
Sampled SyStemS' T 2T 3T 4T oT 6T 7T 8T 9T
High frequenc: _ o __
s-plane K 10? _ ooq ¥ o =1/2 ‘Aj j z-plane
o o =0
X '

n

hon.

2n

o1

Introduction
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The z-transform

z=e

X(2) = i x(nT) -z " = i x|n]-z™"
n=0 n=0

« Delay by k samples, z7% - X(2)
« Convolution in time < multiplication in z

Discrete time
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Frequency response

Use the Laplace domain description of the sampled signal
As before, substitute s = jw

X(jw) = 2 x(nT) - e~ JonT

n=—oo
X(jw) is the Fourier transform of the impulse sampled input
signal, x(t).

e/* is cyclic, e/* = cosx + jsinx

Discrete time
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Frequency response

We go from the z-transform to the frequency response by
substituting z = e/«T
« As we sweep w we trace out the unit circle

K High frequency

s-plane jo = o




UiO ¢ Department of Informatics
University of Oslo

Frequency response

Rewriting to use frequency (Hz), rather than radian frequency

co

X()= ) x(nT)- e i20mr

n=—oo

Because e’* is cyclic, f; = k - f; + f1, where f; is an arbitrary
frequency, k is any integer and f; is the sampling frequency
(T71).

Discrete time
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Frequency response
The frequency spectrum repeats. We can only uniquely

represent frequencies from DC to % (the Nyquist frequency).

Important practical consequence: We must band limit the
signal before sampling to avoid aliasing. A non-linear

distortion.

Discrete time
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Frequency response

ik
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Frequency response

If the signal contains frequencies beyond % sampling results
in in aliasing. Images of the signal interfere.
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Sampling rate conversion

« Changing the sampling rate after sampling

« We come back to this when discussing oversampled
converters

« Oversampling = sampling faster than the Nyquist frequency
would indicate

« Upsampling is increasing the sampling rate (number of
samples per unit of time)

« Downsampling is decreasing the sampling rate
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Downsampling

; Il[ $
0 4 8 T ) _’¢L_’012\‘lllb
L=4 L
(a)
0 23 27n
(b) 6

2n

&
6

Keep every n-th sample.
Downsample too much: Aliasing
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Upsampling

Insert n zero valued samples between each original sample,
and low-pass filter. Requires gain to maintain the signal level.

e N gy E K,

0 1 2 l l

|-
A aNASN

AN

|
T n on

(@)
(b)

D
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Discrete time filters

Analog filters use integrators, s~*, as building blocks to
implement filter functions. Discrete time filters use delay, z71.

Example:

Time domain: y[n + 1] = bx|n] + ay[n]
z-domain: zY(z) = bX(z) + aY(2)

Y(2) b
X(2) T Z—a

H(z) =
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Discrete time filters

Frequency response, z = e/ (w normalized to the sampling
frequency, really z = e/®T)

. b
H(ejw) = eJw

—da

DCisz=¢/0=1.

The sampling frequency is z = /2" = 1 (also).

Sufficient to evaluate the frequency response from 0 to T due
to symmetry (for real signals).

Discrete time



UiO ¢ Department of Informatics
University of Oslo

Stability

yln + 1] = bx[n] + ay[n]

If a > 1, the output grows without bounds. Not stable.

H(Z)zz—a

In a stable system, all poles are inside the unit circle
e a = 1: Discrete time integrator
e a = —1: Oscillator
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lIR filters

yln + 1] = bx[n] + ay[n] is an infinite impulse response filter.

Single impulse input (x[0] = 1, 0 otherwise) results in an output
that decays towards zero, but (in theory) never reaches zero. If
we try to characterize the filter by its impulse response, we
need an infinite number of outputs to characterize it.
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FIR filters

yln] = 3 Celn] + x[n — 1] + xln — 2)

Is a FIR (finite impulse response filter).

He =1y o
Z—3. Z
1=0

FIR filters are inherently stable but require higher order (more
delay elements) than IIR.
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Bilinear transform

« Mapping between continuous and discrete time

Design the filter as a continuous time transfer function and
map it to the z-domain

z—1 1+s
s = —, conversely, z = —
z+1 1-s

e s=0mapstoz=1(DC)

e s=ocomapstoz=-1 (%)

First order approximation

Discrete time
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SWITCHED CAPACITOR CIRCUITS
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Switched capacitor circuits

Discrete time analog signal processing

BB ‘qu + ﬁ

Why?

53
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Introduction

b CLK L

¢, JLIL L

o o
%‘Ac T B ¢ LN
B l

The arrangement of switches and the capacitor
approximates a resistor.

54
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Parasitic insensitive integrators

Critical for performance
\(/)1 ¢ -
1

[ o 1

Vin © B 1 B -
$2 °—|Ii fl—° $1 . — Vow

Turn off first (bottom plate sampling)

Again, we analyze the charge transfer from one clock phase to
the next to find the transfer function. 5



UiO ¢ Department of Informatics
University of Oslo

Delay free integrator

Same circuit as before, but modified clocking of the switches.

1 1 N

C,v,(nT) = C,v, (nT - ;) — C,v;(nT) v ; ﬁl ,—L >
= Cv,(nT — T) — Cyv;(nT) " b2 o_"J1 . fl_o ®2 r>_° Vout

voln] = vy n — 1] - o]

V,(2) G 1
D =yo = 6T-21
C, z

56
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Signal flow graph analysis

_ Vo (2) _ _&
Hi(2) =3 5= ~ e,
(inverting gain stage)

H,(z) is the non-

inverting delaying
integrator

H3(z) is the inverting
delay-free integrator

¢,
Vi@ h
b4 c, 42
Vy(2)
624 ko4
q) - - ¢
L G
Vi(2)
024 k2

Vi(2)

Vy(2)

Vi(2)

o,
L
l:[>_.,vo(z) K.

— V.(2)

57
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Data converters (Ch 15-18)

—>D » S/H

DSP

nnnnnnnnnnnn
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DATA CONVERTER FUNDAMENTALS



UiO ¢ Department of Informatics
University of Oslo

Least significant bit

We want each bit to represent a fixed (constant) voltage

V.
Visg = ;Ievf | Volt]

We relate many performance metrics to the unitless least
significant bit (LSB)

1

60
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Analog to digital conversion

|deally, the analog input has infinite precision
« Limited by noise
 Distortion sets a practical limit

The output has a finite number of information carrying units
(bits)

The ADC quantizes the input voltage to a finite number of bits



UiO ¢ Department of Informatics
University of Oslo

Quantization

Data converters must represent continuous values in a range

using a set of discrete values. A binary code is used to
represent the value.

Information is lost!

« Hot or cold %
* Freezing, cold, warm, or hot g

e —20°C,—19.5°C,...,20°C

62
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Quantization noise

Probability density function, p

A

-1
A
A R
2 2
o0 éez AZ
P, = €% p(ey) de =f 2 de, =
q j:oo qp( Cl) q _% A q 12

63
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Quantization noise

Assuming sine wave input

2

x2  A292N
:—f 5 sin?@rfrde= ;S: -

SNR due to quantization noise

P, 3.22N
P

q

~6.02N +1.76 dB

64
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kT/C Noise (I)

« SNR drives power consumption

« Signal headroom is reduced when the supply voltage is
reduced

« Supply voltage is reduced because of scaling (beneficial for
digital, less power consumption)

 Noise is constant
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kT/C Noise (ll)

V. () A R =1kQ
. Vio(f)
() 2 L
A/H_Z = = =3 =4 > f fo _ 1 ]_:C = 0159
1.0 10 100 10° 10 27rRC °
(a) (b)
. A A
|A(J27tf)| A(s) = + Vo)
(dB) 1 +s/2nf,
0 [nvj 20
T f, = 10° JHz) T
—20T o4
} | } } > f | | = f
1.0 10 100 10° 10* 1.0 10 100 10° 10*

(c) (d)
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Signal to noise ratio

signal power
SNR = 10log4 ey

noise power

Example:
. . VDD . . kT
Best case signal swing, V, = —, » noise is —.

2
I/DD

R =
oN 8kT

67
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SNR vs power

* Increasing C to improve SNR has a power penalty

* |f we need one more bit of resolution
— This is the same as ~ 6 dB increase in the SNR

2
- 10x log;o 522 - 6.02 dB

— |.e. we need 4%xC

+ With higher C, to maintain UGF = ™ we also need 4x g,
L

. 21
— Power increases 4 X because of g—D
m

68
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Sampling jitter

Sampling time
uncertainty
translates to an
error in the input
voltage.

Need a low noise
sampling clock to
get high accuracy.

A\

69
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Integral non-linearity error

INL measures deviation from a straight line (best fit straight
line or based on end points), after correcting for offset and
gain error.

<

¢
=

Integral nonlinearity error (best-fit)

<
|

Result usually given
in LSBs. T

3/4 -+

12 4 v’ 'Integral nonlinearity error (endpoint)

Static, meaning
measured
from DC inputs.

1/4——,,/,"

// >
0oo 01 10 11 (100) B,

70
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Differential non-linearity error

DNL is a measure of the step size error. Ideally the distance
between two codes are exactly 1 LSB (after correcting for gain
and offset).

Like INL, DNL is measured at DC (no dynamic influence).

Both INL and DNL are common measures of data converter
accuracy.

71
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Dynamic specifications

Measure the performance when the input is a sine wave. Look
at the converter output spectrum.

- SNR @

. SINAD (SNDR) UJVLJNR
- SFDR

« THD fopvs " Havoncs f

* DR
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SFDR

dB
A
.................. s

......... E

e =)

T, =)

o

= a

= L

m m

AN
Input Harmonics
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SNR

N~
Input

Harmonics
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THD

~~AS
Input

Harmonics
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SINAD

B N

Input Harmonics
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Dynamic specifications

Other dynamic specifications

* |ntermodulation distortion
« Glitching

77



UiO ¢ Department of Informatics
University of Oslo

Effective number of bits

Data converter resolution is the number of “physical” bits in the
system. The effective number of bits (ENOB) tells us how
many of these bits contains useful information. Relate the data

converter performance to a converter limited only by
guantization noise

SINAD — 1.76 dB
6.02 dB

ENOB =

78
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Figure of merit

Try to come up with an equation that tells us how good the
data converter is. Several possibilities. Non are perfect. One
commonly used figure of merit (FoM) is

M
FoM =
ZENOBf

Not necessarily a fair comparison, but tells us that if we want
one bit improvement, we should expect the power
consumption to double.

79
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DIGITAL TO ANALOG CONVERTERS
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R-2R based DAC

Popular choice for F[,RL RF[iRﬁ RF[in, RF[:T,ZR
resistive DACs. "
. 2R¢2R¢2R¢2R¢:
Low spread in 1, 1. Lln 1
component values: R and 2R. Only 2N resistors.
/\AR;\{
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Charge redistribution DAC

Can be viewed as a SC gain circuit, amplifying a fixed
reference voltage, where the gain is programmed by selecting

capacitors.
16C ‘1;
" T e / 02 i
ool =] <] MD__
b1 b2 bs b, . 1L
61(62) ‘l' '1' 'l' 'l' 1 "C2
Vref°—/ rd)za
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Segmented current steering DAC

Unit element T
CS DAC, on-1r 41u%; 2l @ Iu
gOOdNDNL., b1 b2 b1 s bo
but 2V units L o Iout
Binary weighted, I T T T
fewer elements
but worse DNL ? ? 7 7

byn-1 by / by / bg /
Segmented: MSBs | o Iout

are unit elements and LSBs are bmary, compromize.
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ANALOG TO DIGITAL CONVERTERS
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Comparator performance

Non-ideal behavior
limits performance.

— Not a one-to-one
mapping between input
voltage and output, but
a probability.

« Offset (mismatch)
* Noise

+ Hysteresis (‘0 — ‘0’ and ‘1" — ‘1" more likely)

Probability of high output

1

0 ————— —— — = = —

0.8p

0.7p

0.6p

oS —— — — — = — — — — -

0.4p
0.3p
0.2p
0.1p

90% at 4.28 mV

50% at 3 mV

G Il I 'S
00 8 6 4

" "
-2 0

Input [mV]

Comparators
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Flash ADC

* The Kelvin divider is
used to generate 2V
reference voltages

« Comparators compare
the sample and held
inputs to each derived
reference voltage

 Thermometer output
decoded to binary

Decoder
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Time-interleaved ADC

Technique to increase the sampling rate by interleaving.

Run N ADCs in parallel.
Requires fast S/H

Offset and gain mismatch
between channels and
clock misalignment

O]
-

p2
— ADC —

ON
G-
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Time-interleaved ADC

Digital correction of gain and offset

U 04 offset |
i i o Analog | Digital
B4 : B
» SH > N-bit A/D — > SH N-bit/a/D
gain }
mismatch

& 5

1B,

[
o |
§ { |
bo bo N Ba "
> S/H » N-bit A/D —> S/H N-bit (\/D
|

i Digital i Digital
itput
Vi . output Vin . Di i
¢ Dig. | o— — 3 9
SiH i ml?x S i o | 03 mux

> S/H > N-bit A/D >

—» SH g N-bit A/D —>

rLE

Analog to
Digital
Converters
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SAR ADC

The successive approximation register (SAR) tests each bit
sequentially (MSB first, one clock period per bit), and decides
whether too keep the bit or not based on the comparator's

output.
Vi o— +
sh >—> SAR > (D0,.... b1}

DAC

i
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Charge redistribution SAR ADC

¢r
SAR ADCs are the most Ve |
energy efficient ADCs Ay 20 T Gy = cuf >?§mp
(in terms of FoM). w (111111 v
Limited in resolution Vie

v v v

by capacitor matching (~ 10 bits).
1. Sample mode

2. Hold mode * Inherent S/H function.
3. Bit cycling . Auto .zero of the comparator
is optional
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Charge redistribution SAR ADC

No amplifiers needed
(except for the comparator
preamp). Saves power.

Comparator and charging
of the capacitive array
determines power
consumption.

V, =0 S2
16C - 8C L 4c L 2C = c L c= é+; AR
b, b, b, b, bs =
_;L _i_ _i_ _i_ _i_ _i_ S5 1. Sample mode
Vin o—?)?—‘o Viet
v, S2
N S SR SR S S sar
b, b, b, bs L
= T = T L T = T i)'T L TS: 2. Hold mode
Vin o—?‘\q—o Vit

o1
ESI S
|ty =
e "
P

a%%
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Charge redistribution SAR ADC speed

Speed limitation due to the RC time constant of the capacitor
array and switches. T > 0.69(N + 1)7,,

T.q €stimated al
from zero value Rs2
time constant.
B . 2N*2C r _L o—

Charging time, T, e T ¢
assuming better R% R% R R%

than 1/, LSB.
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Charge redistribution SAR ADC

Error correction systems can be used to extend the resolution
beyond the ~ 10 bit set by capacitor matching. Example in the
textbook, fig. 17.11

We have considered SAR ADCs that determine one bit per
clock cycle. To speed up, could consider converters that
determine more than one bit per clock cycle.
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Integrating ADC
High accuracy, but low speed.
S,
—— (54—
=79 S R, _'= v, Comparator —o 31
Vou === 'v'f>__rb_’ C;,ggitéol <"Counter_:: b23
(Vi, is held constant during ;:onversion.) i A [ by
Clock - I}
1 out

fo =

Phase |: Integrate V;,, for a fixed amount of time

Phase |l: Measure the time it takes to discharge the integrator
to zero with a fixed voltage
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Integrating ADC

Phase | lasts for T; = 2V - T,;,, counter value when phase ||
completes is the digital output.

% i
O Utp ut Phase (I) Phase (II)
WO rd doeS (Constant slope)
not depend
on RC.
| s >Time
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OVERSAMPLING CONVERTERS
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Introduction

Instead of relying only on the number of quantization levels,
we can use signal processing to improve the resolution. A2
modulator based data converters relies on oversampling and
noise shaping to improve the resolution.
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Introduction

Oversampling means that the sampling rate is increased to
several times what is required just to avoid aliasing. Shortly,
we will see why this helps improving the resolution.

Noise shaping means that the quantization noise is moved
away from the signal band that we are interested in.
(Oversampling implies that or signal band occupies a fraction
of the full spectrum).
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Oversampling

Important observation: The quantization noise depends on the
quantization step size only. It does not depend on sampling
frequency.

A Input

i J-df=Pq
J-df =Pq
T

band.



UiO ¢ Department of Informatics
University of Oslo

Oversampling

OSR = =2
~ 2F,

OSR is the fraction of the full sampled spectrum that our signal
band occupies. The quantization noise (that we need to
consider) is reduced proportionately. (Assume that we can

remove the excess part of the spectrum with a “brick wall”
filter).
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Oversampling

The signal energy, assuming a full scale sine wave input, is
not changed
A222N
P =
> 8

P
SQNR = 10 logP—S =6.02N + 1.76 + 10log OSR

Q N— A -
| 7

Contribution from oversampling
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Noise shaping

We can not magically remove noise (fundamental limit).
However, we can “move” noise from the signal band to the
oversampled part of the spectrum, which we are removing
anyway.

The idea is to highpass filter the noise (without spectrally
shaping the signal). Done correctly, will suppress noise in
the signal band, at the cost of amplifying noise in the
oversampled part of the spectrum. (So noise is not moved as

such). .
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Noise shaping

Y(2)
U(z)
quantization noise input to 0 (superposition).

Y(z) = Ha(Z)[U(Z) —Y(2)] u("T)4§>—>Ha(z) > y(nT)

Y(z) _ Ha(Z)
U(z) 1+H,(2)

Signal transfer function, STF, H, = Analyze by setting the
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Noise shaping

Noise transfer function, NTF, H,,(z) = igi
Y(2) = E(z) — Ho(2)Y (2) o “% R
Y(2) 1 )
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Noise shaping

If we choose H,(z) to be an integrator ...

E(z)

. - Simple delay (signal)
H.(z) =z

<—— Highpass filter (noise)

H,(z)=1-z1
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Noise shaping

f”2f A? nf
P, = - 4sin® —df

e ) £ 12 2
_

NTF

3.2 A2

(Zfb> T A

“\f) 312
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Noise shaping

Assuming a full-scale sine wave input as before

SQNR = 6.02N + 1.76 — 5.17 + 301log1o OSR

Doubling the OSR improves the SQNR by 1.5 bits.
(compared to oversampling only, 0.5 bits).
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Second order noise shaping

We can design the modulator such that it achieves a second
order high-pass filter instead.

More suppression in the signal band (assuming sufficient
OSR).

Second-order

A Ng(h)
First-order

No noise shaping

0 fo f

N o™ 4
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Idle tones

Sine or DC input and single bit quantization gives rise to
guantization noise that is not white. Some inputs cause the
output pattern to repeat after a deterministic number of
samples.

Shows up as tones in the output spectrum and may occur
iInside the signal band.

Intentionally add noise to decorrelate the quantization noise
pattern, dithering.
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Circuit example

First order A2 modulator discrete time implementation
example (single bit quantizer).
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Multi-bit quantization

Multi-bit quantization helps stability and idle tones. Less
inherent quantization noise. Quantizer non-linearity is shaped
by the NTF, but the DAC must be linear to the full resolution of

the system.

x(nT);?— 1A ADC :|—~ y(nT)
DAC

)

(
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Multi-stage noise shaping (MASH)

A cascade structure where a higher order modulator is
realized by two lower order modulators.

E1(2)
U(z) —>| Hs1(2)
(4 —— H1(2) —(+ — Y (2)
Input to the Hy1 (2) U ' j_ ‘
second modulator r
is the quantization Y;
noise from the first
modulator. E>(2)
E(z) — Hy2(2)
+ > Hp(z)

|—> Hpz(2)
% Yz
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Multi-stage noise shaping (MASH)

We want to cancel the quantization noise from the first
modulator.

Y1(2) = Hg (2)U(2) + Hy1(2) E1 (2)
Y2(2) = Hs2(2)E1(2) + Hyp2 (2) E2 (2)
Y (2) = H1(2)Y1(2) — H2(2) Y2(2)

Choose H,(z) and H,(z) such that E, (z) cancels.
Hy(2) Hp1 (z) — H2(2) Hg2(2) = 0
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Multi-stage noise shaping (MASH)

This requirement is satisfied if we choose
H,(z) = Hs;(z) and Hy(z) = Hy4(2)

Easy enough, but we must take into account that H,(z) and
H,(z) are in digital and we must match them to H¢,(z) and
Hy,(z) which are analog functions. Imperfections in the analog
circuitry (offset, gain, etc.) will deteriorate the noise
suppression.
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Phase locked loops (Ch 19)

Frequency
multiplication
Frequency synthesis
Clock deskew (PLL or
DLL)

Clock recovery (from
serial data)
Demodulation

Vin O——{ Phase

»| detector

vdiv

lpg OF Vg

T.

Loop

filter

Vcntl

v

+N
Divider

VCO

Average current or voltage proportional to phase difference

v

osc

Introduction



UiO ¢ Department of Informatics
University of Oslo
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Oscillator model

t

(6) = $(0) + f w(1) dr
/\ 0

Arbitrary initial phase
Laplace transform:

(U(S) . Kochctl (S)
S S

¢(s) =

K,sc is a mapping from the control voltage to the frequency
deviation. Assumed to be constant.

Phase locked loops
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Charge pump PD

Generate a pulsed output who’s pulse width is equal to the phase
difference (¢4). If REF comes first the VCO must speed up. Otherwise
the VCO must slow down.

é ICh

P loa
Vio o—| Phase |—> S
detector
Pd
% |

Va

Vv o— logic

FFI P,
R Q] i
v, 3 R Q]
S Qf " Reset
T
" S R Q
v, S Qf 5 9
",
3 ",
1 2
Roset
—> . N
o Pras
—> s e
2
e
Ich
Vi
Voo
e, L I1
kfﬂ
3 I I
Charge-pump phase detector
W n

.
1 M,

Phase locked loops 118



UiO ¢ Department of Informatics
University of Oslo

Loop filter (LP)
Venei (s) _ Z1(5)Z2(s) o —
La(s)  Z1(s) + Z»(s) °
B 1+ CyRs
~ s(Cy + C, + C,C,Rs) %
[®
Simplify this as: Z =R +i
SCl
Ve () 11+ sRC;

= Kllep (s) =

Lyq(s) C; S

Phase locked loops

l De-glitch
I capacitor

C, < Cy

Zy
1

:E
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Small signal PLL model

K

pd
in Vcn\
din(s) da(s) log or Vg KioHi(s) I A ks i)(s)
daiv(S)
1/N

)l

A(s) = Kdellep(S)Kosc ’ _ l
N

Phase difference (error) transfer function

¢d(S) _ 1 Ns

Pin(s) 14 BA(s) KyaKip,Hip (s)Kpse + Ns
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Small signal PLL model

Similarly we find the output transfer function
¢(S) . A(S) NKdellep(S)Kosc

H(S) = = e
din(s) 1+ BA(s) KyaKipHip (s)K,s. + Ns
S Second order
1+ o denominator
= Z S s>
1+ + — woQ  wg
Resonant frequency
Wo = Wpqi
a)Z

Phase locked loops



UiO ¢ Department of Informatics
University of Oslo

Jitter and phase noise

However, noise introduces a random deviation from the ideal zero
crossing time points

tk = kTO +Tk

T; is the absolute jitter. Can also be expressed in radians

B 2T
b = Tk T,

Phase locked loops
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Total PLL phase noise

S (f) = Spin(DIHOI? + VEDIHR (I + Sp 05c (P Hose (I

C

I
(4]
(=]

=100 % “““““““““ :-'wrwu-wwwuwu% ““““““““““““““““

Phase Transfer Functions
Output Phase Noise [1O|og10(rad2/Hz)]

» " - Inpu
e : reference E
-, : Kt
; - » S \' s
.27 vco R
‘¢" : : ,\'\Loop :
PR : '\o‘ Filter, R : 3
; B : *
-150' A 22 &
— 10° 10° 10* 10° 10°
Frequency Frequency

Phase locked loops





