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Outline — Tuesday 20th of January

* Practical issues

» Learning goals

» Design project, tools and methods

» Syllabus

* Very brief introduction to various
circuit building blocks
(sample-and-holds, bandgap
references, switched capacitor
circuits, Nyquist- and
oversampling data converters,
phase-locked loops)

CMOS Integrated Circuits?

* Digital circuits
exploit mainly
transistors and
interconnect

* Mixed-Signal
(Digital AND
Analog) also use
resistors, capacitors
and inductors

» Work-horse of
modern Information
Technology
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Moore’s law: exponential increase
iINn components per area

Moore’s Law - 2005
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Why ASICs (Application Specific
Integrated Circuits) ??

¢ Advantages:

* Reduced size —
» Improved performance and functionality
 Easier to hide "company secrets”
* Reduced cost

* Reduced power consumption g
* Less radiated noise

¢ Disadvantages:
* Increased start-up cost
» High power density - Heat
» Hard to find top competence
e Time consuming development and production
» Time-to-market

e Transistors
 Several options

e Capacitors
e How to implement
e Linearity

* Resistors
* How to implement
e Area

¢ Inductors
e How to implement
 Quality factor

 Parasitic components
 Calculate
e Minimize

UNIVERSITETET
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Design methods; digital from HDL,
full custom analog

* Digital systems:

* Analog systems:

e Automatic
synthesis
* VHDL

» Schematic

* Module based
¢ Full-custom

UNIVERSITETET
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KISEL ELLER MJUKVARA
Och rill shat — 3r penddn pi vig
att sviinga frdn mjukvara eill hard-
vara? Idag handlar allk om energi-
forbrukning och i valet mellan
programmerbara  system  och
“hirds® ASIC-Msningas 3r det
ingen stérre tvekan om vad som
ar energieffektivast. Och der blir
samitidigt all [reare art konstrue-
ra med hialp av firdiga IP-block.

Om det hir hade jag e lngt
och intressamt  sameal  med
Kathryn Kranen, vd for EDA-fo-
retaget Jasper. Kathryn Kranen
hivdar med bestimdhet att hon
ser all fler halvledarkonstrulkrio-
ner, inte firee. Till och med Rve-
tag som inte tidigare gort egna
retsar tar mu steget till kisel fie
ant kdara sina krav.

Det hir ir ndgot som vi snart
kommer ant freckomma il
Annu 53 linge saknas hirda data,
men de exploderande mjukvaru-
kosmaderna gr s hardvara inte
nodvandigrvis ar dyrare in mjuk-
vars. Hirdvarukoastrukusrernas
disciplin och effekaiva verifiering
lanake gor an der dll shir Monar
sig med hindvara

Men det Siendran e nm®
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Mandatory design project

Design and implement mixed-mode circuit:
» Example: ADC, SC-filter, PLL, DAC ( 2008 )
» System for automatic removal of mismatch (2009)
» Milestones during the process
» Teaching assistant, Amir Hasanbegovic, will follow
up
Write a project report
» LaTeX or similar
Submission: Early/Mid May
Counts 40 % in the final grading (exam 60%)

UNIVERSITETET
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Challenge in 2008: Digital-to-Analog Converter ("DAC”)

INF 4420 - Prosjektoppgave: Digital til Analog
Omformer - 2008 10 S
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INF4420 Project 2009
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INF4420 project 2009 (n)

Replace the ideal DAC in your calibes

i Ioop west bench with the MM DAL

# How does this alect the performance of the ealibrasion loop?

Dirow layout for the M3M DAC and the current mirror. rememnber b
corrrcimess using DRC and LVS a s

fy it

» Simulaie the calibeation loop with the cxtracied metlisis

4 Project requirements

The tramsiston sizimg given in this docunsnt are seasonable guidelines 1 gt yos
started. You ase frot 1o chunge thi
Drxcumcnt overy

Ry e —
v B ot asable Bus crrwren ol » and simulation resubls. Discuss the choices you have made in designing and testing.
et (SARL The SAR wots . Everything should be clear just from reading the documeniaticn

5 Deliverables

1. Do the firs part of the progect, described ia Soct 1, Deadline March 19,

2. Do the sevond past of the project, described i Sect 2. Deadline Apeil

3. Finalize the project by compl
in Sect 3, and write your

g the third and final pan of the profect, described
iad report. Deadlioe May 11,
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Cadence ( http://www.cadence.com/ )

» Widely used IC design tool worldwide, both in
companies and academia

« Very large system cadence R
* PCB-design
° _ i C-to-Silicon Named
IC deSIgn . Huttc;'rult:;fl?:lt.'ofa;gg&
* Synthesis
» Schematic entry BN AR —pu

 Simulator (Analog Environment / Spectre)
* Layout (Virtouso)
* DRC and LVS performed by Calibre (Mentor)

' UNIVERSITETET

~ 10SLO

Design and calculation

» Design equations

» Dimensioning for matching
Schematic entry

» Simulations on cells and top level

» Several interactions
Layout

* Module interface

» Symmetry/hierarchy

» Post Layout Simulations on

critical modules

* Next module....

2/3/2010



Cadence forts.

 Start-up:
* Web manual

e Standard libraries:

 tsmcN9Orf

 analogLib
 Design views:

* Symbol

» Schematic

* Layout

% UNIVERSITETET

st Rty e
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Symbol, schematic and layout (cadence

NIVERSITETET

Process

e TSMC 90 nm low power CMOS:
e Minimum gate length: 90nm
1 Poly-layer
*9 Metal-layers
* True triple well
» Three different threshold voltages
» Supply voltage: 1.2 V typ.
Very advanced process

"§3% UNIVERSITETET
1
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AND-gate

Challenges regarding the project

* Project administration
» Theoretical analysis and circuit design
 Design errors
*LVS
 Parasitic components
 Extraction and Post Layout Simulation
(PLS)
* Process variations
» Simulations (Corner + Monte-Carlo)
* Noise
» Component and crosstalk
» Good layout practice / Symmetry

2/3/2010
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Practical information

e Lectures:
e Tuesdays . 9.15 — 11.00 (should not collide with FYS3240).
e From. 26/2: Tuesday . 9.15 — 12.00 ( Might be 9:15 — 11:00 in most cases )
e Syllabus:
» Johns and Martin: Analog Integrated Circuit design (Kap. 2, 8-14, 16. Not bipolar)
» Selected additional material and lecture notes
e LTH: Cadence 4.4
 |Fl: Lokal guide til Cadence
* Exercises

» 2 hours per week — Time will be set next week. Amir Hasanbegovic, amirh@ifi.uio.no

* Projectsupervision/design lab
* 2/4 hours each week — Time may be adjusted. Amir H., amirh@ifi.uio.no .
* Room 3217 (?)
e Software:
» Cadence 5.00 or 6.00 ((?))
e TSMC 90 nm design kit
e Where to run the software:
* Win PC running X-Win connected to Linux server /remote desktop and Linux
e Linux computer
« Student reference group
e 1-2 students

NIVERSITETET

© 1 0SLO

What do we expect from you?

» The course is demanding

» Theoretical background
» INF3410 analog microelectronics, or similar
* FYS3220 linear circuit theory, or similar
» INF3440 signal processing, or similar

* Prepare for the lectures

» Exercises

» Use the reference group and course evaluations to
provide feedback

NIVERSITETET
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Final exam — a few words

» Thursday 3rd of June, starting 14:30 (3 hours)

* Problems usually related to every single of the
relevant chapters in the book (2,8,9,...,14,16), and
material from the lectures

*0 X0 = % y(n) yi(t) Ysn(t)

Xo(t) | x4(t) convert to l convert to analog ye(®)
_>®_> discrete-time [ )| psp impulse |3 hold |—» low-pass |—p
sequence train filter

Xsn(t) X(n) = x(nT) o) Ysn(®)

X sample AD J DIA analog

€
—» and | DSP converter | )l low-pass |—p v

hold converter with hold filter

» Chapter 8 Sample and Holds, Voltage
references, and translinear circuits

» Chapter 9 Discrete-Time Signals
« Chapter 10 Switched-capacitor circuits
» Chapter 11 Data converter fundamentals

» Chapter 12 Nyquist-rate D/A converters

» Chapter 13 Nyquist-rate A/D converters

» Chapter 14 Oversampling converters

» Chapter 16 Phase-locked loops

¢ UNIVERSITETET

wU¥ . 10SLO

Syllabus; chapters 2,8,9,10,11,12,13,14,16

« Chapter 2 Processing and layout theut psich

2/3/2010
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Syll_abus; chapter 2

* CMOS processing

* Relative matching far better than absolute accuracy in CMOS

* CMOS layout and design rules

» "Matching is the Achilles heel of analog” C. Diorio, Impinj/
Washington State University

» A bad layout can ruin about any analog circuit.

% UNIVERSITETET

- 1 0OSLO

Chapter 8 Sample and Holds, Voltage
References

 Performance of S/H

* S/H basics

» Bandgap voltage reference basics
» Circuits for bandgap references

% UNIVERSITETET

2/3/2010
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Chapter 9 Discrete-Time Signals

* Signal spectra

* Laplace transform of discrete-time signals
 Z-transform

* Downsampling and upsampling

* Discrete-time filters

* S/H response W e e e

() ‘ X(t) convert to J convert to analog Yelt)
4,®;> discrete-time || psp impulse 13! hold [ low-pass [—»
sequence train filter

o) X0 = x0T} . Yo
X sample AD J DIA analog o
—  and | DSP p converter L)l Jow-pass _’yc
hold pverter with hold filter

UNIVERSITETET
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Chapter 10 Switched-Capacitor Circuits

* Building blocks
* Operation and analysis
* First-order filters " " 1

* Biquad filters J%lgi;bqs -

B ——
by [
eq
£ £

Vi L,_'I_I'_l_‘I‘L, V, Vi MA—o V2
["

AQ = Cl(Vl_Vz) every clock period & 1

2/3/2010
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Chapter 11 Data converter fundamentals
* Ideal D/A and A/D

e Quantization noise e
* Signed codes
. Performance limitations
- W EIEEED o
coustc  Electrical Binary (digital) flestrical  Acoustic

Digital Signal Processing

£ #8% UNIVERSITETET
“W¥ S 10sLO

Chapter 12 Nyquist-Rate D/A Converters

» Decoder-based converters

* Binary-scaled converters

* Thermometer-code converters
 Hybrid conv.

£ #8% UNIVERSITETET
% V¥ - 10SLO

2/3/2010
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Chapter 13 Nyquist-Rate A/D Converters

* Integrating converters
 Successive approx. converters
* Algorithmic converters ™+
« Flash (parallell) conv. 3 oo
» Two-step, interpolating, (
* Folding, pipelined conv.

i B

(2N-1)to N N digital
encoder outputs

i

Comparators

NIVERSITETET

© 1 0SLO

Two consequences of the Nyquist-
theorem and anti-aliasing filters wipede

« If the highest frequency B in the original signal is known, the theorem gives
the lower bound on the sampling frequency for which perfect reconstruction
can be assured. This lower bound to the sampling frequency, 2B, is called
the Nyquist rate.

« If instead the sampling frequency is known, the theorem gives us an upper
bound for frequency components, B<fs/2, of the signal to allow for perfect
reconstruction. This upper bound is the Nyquist frequency, denoted fN.

e An anti-aliasing filter is a filter used before a signal sampler, to restrict the
bandwidth of a signal to approximately satisfy the sampling theorem. Since
the theorem states that unambiguous interpretation of the signal from its
samples is possible only when the power of frequencies outside the Nyquist
bandwidth is zero, the anti-aliasing filter would have to have perfect stop-
band rejection to completely satisfy the theorem. Every realizable anti-
aliasing filter will permit some aliasing to occur; the amount of aliasing that
does occur depends on how good the filter is.

NIVERSITETET

0OSLO
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Chapter 14 Oversampling Converters

» Oversampling ( >> 2 Nyquist bandwidth) relaxes
requirements for matching

* High resolution, low to medium speed

 Noise shaping & oversampling

* N+1 order modulator gives a certain SNR for
lower OSR

Xinlt) % (1) xeplt) Xgemi™ X

than N-order mod. e [ e
« 24 bit Audio conv. e

Chapter 16 Phase-locked loops

 Application examples:

» clock multiplication,
< Freq. generation: The PLL output is a signal with frequency N times
the input frequency where N may be a fractional number

e FM demodulation (The input is a FM signal (IF) The output is the
demodulated baseband signal

Low-pass
iiter

. fil Gain
* Products: TV and wireless Vi o e Ve Vip w
j H HIp(S) H Klp F vora
!

—» detector voltage

Average voltage proportional to phase difference

2/3/2010
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www.akademika.no / www.gnist.no / www.amazon.co.uk

Analog Integrated Circuit Design
(Paperback)
[

UNIVERSITETET

Next week:

« Sample and Hold circuits (chapter 8)

* Questions: sa@ifi.uio.no

ANALDG INTEGRATED
CIREUIT GESIGN

wib
b BT

UNIVERSITETET
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»

Sample and Hold Circuits
(chapter 8)

Tuesday 2nd of February, 2010

Last time — Tuesday 26th of January

* Practical issues

Learning goals

Design project, tools and methods
Syllabus

Very brief introduction to various
circuit building blocks
(sample-and-holds, bandgap
references, switched capacitor
circuits, nyquist- and
oversampling data converters,
phase-locked loops)

JNIVERSITETET
SLO




Sample and Holds (S/H) — What are the purposes?

e Mainly used in Analog-to-Digital Converters (ADC)
e Samples analog input signal and holds value between
clock cycles
e Stable input value is required in many ADC-topologies
e Reduces ADC-error caused by internal ADC delay
variations
» Sometimes referred to as Track and Hold (T/H)
* Important parameters for S/H’s
» Hold step: Voltage error during S/H-transition
Signal isolation in hold mode
Input signal tracking speed in sample mode
Droop rate in hold mode: Small change in output voltage
Aperture jitter: Sampling time uncertainty

NIVERSITETET

© 1 0SLO

Overview of signal spectra — conceptual and physical realizations

t =
0 X = xD y(n) y(t) 0
Xe(t) | x4(t) convert to convert to analog Yelt)
p discrete-time |y pSp |—p{ impulse [ hold |—» low-pass [—p
sequence train filter
Xsh(t) x(n) = x(nT) Vo) Ysn(D)
*:(0 sample AD J DIA analog o
—» and | DSP converter | p{ low-pass |——p &
hold converter with hold filter

* An anti-aliasing filter (not shown) is assumed to band limit
the continous time signal, x.(t).

* DSP ("discrete-time signal processing”) may be
accomplished using fully digital processing or discrete-time
analog circuits (ex.: SC-circ.

. UNIVERSITETET
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Basic S/H-topology
ek

O Y
\ﬁno 41 _l_ EE::>——{)me
Cmd:I:

* Hold step:
» Switch charge injection causes signal dependent hold
step
 Aperture jitter:
» Sampling-time variations causes signal dependent
errors

NIVERSITETET

NIVERSITETET
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Charge injection due to channel capacitance

When ¢cik goes low, the channel charge of Q. is equally distributed between source and
drain, leaving 50% of the charge across Chid:

QCH CoxWLVeff-l
A, =% =77

hid

Vett.1 = Vesi—Vin = Voo —Vin—Vin

[

(o7 Y y
AV’ = M _ COXWL(VDD_th_Vin) Vin @JT|>_Q out
" Cwa

2Ch|d Chid

* AV'is linearly related to V,,, resulting in a gain error for the S/H.
There is also a linear relationship to Vtn, which is nonlinearly related
to Vin ( through Vsb ) resulting in distortion for the overall S/H.

Charge injection due to the gate overlap capacitance:

AV =~ — Cox WLoy(Vpp = Vss)
- Chid

* (See eq. 7.8) This component is usually smaller
than that due to the channel charge, and appears
as an offset, since it's signal independent.

Thus it may be removed in most systems.
 The clock signal should be relatively noise free, as the

power-supply rejection of this S/H might be poor. (if for
example clock signal comes from an inverter with common Vdd and
Vss)

2/3/2010



Hold step reduction

delk — o slightly delayed
9 delk felk

v o v v ol of v

" VAN S S [P
s 1
o Chig
o :[: I Chid

CMOS transmission gate Dummy switch

« Transmission gate reduces charge injection since the charge carriers in the
NMOS and PMOS have inversed polarity -> The negative charge from the
NMOS cancels the positive charge from the PMOS

e PMOS and NMOS are however hard to match in size,
reducing the benefit.

*« ANMOS dummy switch (S and D short-circuited) of half channel area
clocked on inverted clock may be used to absorb charge

* Hold step reduced by approximately 80%

e The dummy switch clock must be slightly delayed to ensure that no charge leaks
through Q1 while it is still open

NIVERSITETET
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Aperture jitter

Sampling jitter

* If the input voltage is lower than the capacitor
voltage, V,, is the source of the transistor used as a
switch

* \Vgs is then depending on V,,. For high values of V,,,
the switch turns off too fast while for low values of
V,, it turns off too late causing distortion

NIVERSITETET

0OSLO
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S/H (fig. 8.7)

dclk
L9
- T, |
Vin + i ‘ ! Vout
buffer
» Advantages: I Chid
 High input impedance

« Buffer offset voltage is divided by the gain of the input opamp,
due to negative feedback. Simple voltage follower may be used
at the output.

» Disadvantages:

 Errors due to finite clock rise- and fall-times (PMOS and NMOS are
not switched off at the same time)

 Signal dependent charge injection -> Distortion

» Feedback loop and need for stability limit maximum speed

* In Hold mode, the first opamp output goes to either rail. Must slew
back

. UNIVERSITETET

© 1 0SLO

Sample-and-Hold from fig. 8.7

s

Siines s SHARY achamnti | um 4 LE BT S0 8

. UNIVERSITETET
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Increased speed (fig. 8.8)

delk
i
Oclk
J % & delk
b
; 1L o ’ 1 oV
Vin + ‘

out
I Chid
input

* During hold mode the opamp output is tracking the

» Leads to increased speed

* Disadvantages in common with the previous circuit

= At "-_; UNIVERSITETET

I OSLO

5 §9% UNIVERSITETET
wy¥. 10sLO



2/3/2010

Sample-and-Hold from fig. 8.8

. UNIVERSITETET
I OSLO

Another S/H: Fig 8.9 (Improved version of the S/H from

fin O O\

3. februar 2010 ’ e
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Sample (track) mode to Hold mode (the S/H in fig.
8.9) signals, from top: Vyiopamp1r V02). Vo1 Vout » Vin

PR Y - = = = =

Fie fin frame Lo Aun Trace Seurs feem Tasis twm
SrRELESD s nnDXt RN

Al

DN WA

NIVERSITETET
0OSLO

S/H with hold step independent of input signal

(fig. 8-9)
Chid
Opamp 1 delk |
~ da [
Vin — —— Vout
— +
ek @,
— Opamp 2

+ : Both sides of Q, are nearly signal independent, so that the
charge injection is (nearly) signal independent, provided a
sufficient gain in the 2" Opamp. The charge injection on C, 4
causes the output of the 2" Opamp to have a positive hold
step, which is just a dc offset, with no signal distortion, and
signal independent.

+: Sampling time will not change due to finite slopes of the
sampling clock - less aperture jitter / aperture uncertainty ->
sample value closer to the ideal one.

UNIVERSITETET

I OSLO
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S/H with hold step independent of input signal
(fig. 8-9)

Chid
Opamp 1 dclk |
2
+ Ry ~
Vin = ——Vout

— +

ek Q,

— Opamp 2

+:Q, ground the outpTJt of OPAMP1 in hold mode, meaning that it's
close to (and quickly getting to) the voltage it should have in S. mode,
which improves speed.

- Preventing instability reduces speed

» Worsened due to two opamps in the feedback loop

» More relevant information: K. R. Stafford, P. R. Gray, R. A.
Blanchard: "A Complete Monolithic Sample/Hold Amplifier”, IEEE
Journal of Solid-State Circuits, Dec. 1974. ( available from

http://ieeexplore.ieee.org , when on UiO IP-address

UNIVERSITETET

"New(er) architecture”

FIGURE 9. Closed-Loop Architecture with Integrator Output

L Input Stags A new architecture which combines the speed of the open-

(Sample) loop configuration and the accuracy of the closed-loop con-
it figuration is the current-multiplexed architecture shown in
fnput p Output Stage Figure 10. The LFE197, National's High Performance VIPTM

s Sample-and-Hold Amplifier used this architecture. This ar-
chitecture provides for a cancellation of charge injection,
— Output X y ;
allowing one to use a small hold capacitor to get high
+ speeds without the disadvantage of a large hold step.
Im2

Input Stage

(Hold) Specifications and atoni Sermonduetor
_T_ s3 Architectures of Sample- July 1992
— and-Hold Amplifiers
= Gy

FIGURE 10. Current Multiplexed Architecture
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Continous efforts to improve S/H circuits..

A Sample/Hold Circuit for 80MSPS 14-bit A/D
Converter

Xino Kunguang'® . Wang Yuxing'* ,  Xu Minyuan'*, and Zhu Chan'*

LTV TONICS IN SICENAL, PROCERAING, VEN.. 3, M0 1, JUNY

Digital Calibration of a Nonlinear S/H

Parrick Satarzadeh. Sudent Memiber, IEEE. Bernard C. Levy, Fellow, TEEE. and Paul ). Hurst. Fellew, [EEE

A High-Speed Highly-Linear CMOS SH Circuit

i
—
a
o™ (=31}
o T_| s
5
2 54 (!i!. 53
" wm -

Byl Fipzel  Propewed open loep SH archireenure

978-1-4244-1692-9/08/$25.00 ©2008 IEEE

UNIVERSITETET

Reduced DC-error (fig. 8-10)

s
hid
delk H

<
=}
|
|
()
;
Q
o
w
=
)
=~
2
|
[
\KW
<
o
=

 Improved version of previous circuit (in fig. 8.9)

* By placing a copy of Q1 and Chld in parallel between ground and the positive
input of the second opamp, the voltage change due to charge injection will be
equal on both inputs. Error is cancelled by opamp CMRR.

The common-mode rejection ratio (CMRR) of a differential amplifier (or other
device) measures the tendency of the device to reject input signals common to
both input leads.

UNIVERSITETET
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Additional Background Litterature, S/H circuits

e A.S. Sedra, K. C. Smith: "Microelectronic Circuits”, Saunders College
Publishing, 1991.

¢ R. Gregorian, G. C. Temes: "Analog MOS Integrated Circuits for signal
processing”, Wiley, 1986.

« K. R. Stafford, P. R. Gray, R. A. Blanchard: "A Complete Monolithic Sample/Hold
Amplifier”, IEEE Journal of Solid-State Circuits, Dec. 1974.

* F. F. Kuo:"Network Analysis and Synthesis”, Wiley, 1966.
e S. Soma: "Grunnbok i elektronikk”, Universitetsforlaget, 1979.

¢ National Semiconductor: "Specifcations and Architectures of Sample-and-Hold
Architectures”, App. Note 775, July 1992.

e S. Aunet: "BICMOS Sample-and-Hold for Satelittkommunikasjon”,
hovedfagsoppgave, UiO, 1993.
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S/H stuff..
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Bandgap References and Discrete Time Signals

(chapter 8 + 9)

Tuesday 9th of February, 2010

4 %3', UNIVERSITETET
 10SLO

Last time — Tuesday 2nd of February, and today, February the 9th:

8.1 performance of Sample-and-Hold Circuits
8.2 MOS Sample-and-Hold circuits

8.3 Examples of CMOS S/H circuits

8.5 Bandgap Voltage Reference Basics
8.6 Circuits for Bandgap References
Chapter 9 Discrete-Time Signals

* 9.1 Overview of some signal spectra

9.2 Laplace Transforms of Discrete-Time
Signals

9.3 Z-transform

2/9/2010
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Voltage references (chapter 8.5)

* Purpose:
» Generate a constant on-chip voltage which is independent

of temperature, supply voltage, aging etc.

* Different approaches:
» 1) Breakdown voltage of a reverse-biased zener diode
e Too high voltage for CMOS
» 2) Threshold voltage difference between CMOS
enhancement and depletion transistors
» Depletion-mode transistors unavailable in most CMOS processes
» 3) Bandgap references: Canceling the negative
temperature dependence of a forward-biased pn-junction
(CTAT) with a positive temperature dependence (PTAT)
(proportional-to-absolute-temperature) circuit
e Most commonly used
CTAT Conversely proportlonal to temperature

JNIVERSITETET

More about todays Bandgap Reference

agenda (including, but not limited to):

» About the fundamental equations giving the
relationship between the output voltage of a
bandgap reference and temperature.

* How to design a bandgap reference for a "most
stable” reference voltage at a particular
temperature.

* How to estimate temperature dependence at
another temperature that the BG reference was
designed for.

* Practical implementations

9. februar 2010




Basic principle

Vier = Vae +KaVag

PTAT Generator

AVig

* The voltage Vge is CTAT

* The voltage avy: is PTAT

* AVge s scaled by K to get the same slope as Vge

* By adding Vgg and K AVge | the output V.
becomes independent of temperature

. UNIVERSITETET

0OSLO

A High Precision Curvature Comy 1 Bandgap Refs 248638 o0 Mref
without Resistors
46E00 —a-
e 5570 . \\
A High Precisior withe Zassee |7 A
Jianghua Chen; Xuewen Ni; Bangxian Ma; Zhanfel Wang; et I ” Ay
ohid-State and Integrated Circudt Technology, 2008, ICSICT 06, Bth inte 246510 [ \
23-26 Oct. 2006 Page{s) 1748 - 1750 \
Digital Object identifier 10.1109ACSICT 2006 306414 2.46480 \
AbsiractPlus | Full Text PDF{124 KB} |EEE CNF \\
Rights and Permizssions e S A L e A A L B A
.00 0.0 0.0 0.8 28
termp ( C )
Figure 4 Output reference Verf vs. temperature.
on
® m
+ Veer = Vrz(e.)+MVr 200 /
2 sy
258
3
Eones
Figure | General bandgap reference architecture. 252
wsa
EX T
2‘“!‘ . r s “w s LB 2 (2] e L1
9. februar 2010 ved ()

Figure 5 Output reference Vref vs, power supply Vdd.
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Theory

e Collector current

e = ,SeVBE/«kT)/Q)

 Solved with respect to Vgg:

T T mkT, (Toy, kT, (Jc
= ——+ —+—— In[=|+—In| =
Vge VGO(l T VBEOTQ q In(T) q In[Jco

- The junction current equals the effective area of the base-
emitter junction times the junction current density, Jc:

Ic = Agde

The difference between two base-emitter junctions biased
at different densities (proportional to temperature):

J
AVge =V, -V, = g2
a \Jp

NIVERSITETET

UNIVERSITETET
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Theory

* Assuming that:

[

[
S+

i0
* V. can then be written as:

Viet = Vee2 tKAVge

T kT, Toy , KT, (J2
= Vg +~(Vigoa—V. +m—1—|n(—]+K—|n—
(e} To( BE0-2— VG0) *( )q T q [31

» For a given temperature V,; may be independent of
changes in the temperature if a proper vaule of K is
assigned

» This (equation 8.16) is the fundamental equation giving
the relationship between the output voltage of a

bandgap voltage reference and temperature.

JNIVERSITETET

From Vg as a function of collector current and temperature to
Vout for BG ref. (part 1 of 2)

P 154 -25%
= _ I mbke T T, [
Vae = Veo (ll T.,) * Voce T T 5 ln (?u) + ?l In -JJ;) (5.0}
i " T
e (s 3 die T.\
= _ I I ke T T kT T
et B S (3) 55 1 (3)
]
- T T g
R O R S Y [Ny
% &L
T A — _—
Vge =V, T N (d&sb—\léb\ + BT T = MU T Iy o — kT
* G "_"q_ At — Ty
i o 9
U%'"‘“'%(“ﬂtn ~Ne) .:%;'Tll"‘ To= R (K ST ( b o tna - ln
f 4 EY g = bty 7= [l et
Voe _‘Ubn"i (“Geu "\JSo) 2 ST - M T n Te ouey _‘U"\t(_&_
? % % ER N ;wﬂm‘s -
- —_ . ek ke Frd eq |
\rw-_\lw-“;u(umb_uba)ﬁh_ﬁ_ﬂhE KT\ T !
a & T g
- —_ SIMiLAR TO
Voo =Uo = (\, - oy K T. s n
z B o Bea e oA Lpa— ) — la = =Y AL BT LAST
9. febru T \ ( \ o = ARt oE e Bib

. UNIVERSITETET
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From Vg as a function of collector current and temperature to
Vout for BG ref. (part 2 (of 2))

Be Viel = Vger * K AUge

:\J‘_U-«__‘__
S

__(\Jneml"‘uca\w(m-\)%‘\n (1—1—33 (&1e)
ck[ER (Y] ey b

This eguekon (b)) s Ao &AL\@W

e«g(u-ﬂvu"m g«-?\fn.-; ..lak,,d =L ,d{ahsp\;\() WWLM

T ou/&*f?'-ft‘ \»’aH-ig,«_ of -

%—Am el refertue,

9. februar 2010 11
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Differentiating eq. 8.16 with respect to temperature, getting eq. 8.17
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Setting equation 8.17 = 0, and T = T, getting eq. 8.18, giving the
needs for zero temperature dependence at the reference temp.

V% P s "
|
* (
& L
4
V) = ) vy
4
L
<l ( I ELi
o —_— | = = Yri—T/|
a |
A
<
K = =T Te [
7 T oo + | Sk { 1§
q /

UNIVERSITETET
I OSLO

Setting T=T, in eq. 8.16 gives the left side of eq. 8.18

g1 f )
= == T £ Ay
kT T kT 4z
- \ VKT, (T Bl =
Voo = ?J\hwh:-»m5~tm—u.lh¢T,}|\ﬂ L)
Letbing T=7 z /
= ey
T o [ 22N L ke Btn( =
. ( Veo) + (m-1) T I (7 ) 2K \7,)
e w)+ K =(3;)
kT Jzy
\ R e
] .
Tiar T < 3 el < 8,1 A {
o wlk 3
LT ..-'..-,_ \ y KT
¥ | & \ - W — | (= "L\_ )=
at -y | i
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For zero temperature dependence at T=TO0. At 300 K (s.18, 8.19, 8.20):
N@es-1 ii;| J" LJ:\\I]_ Ne li'\—l,lll‘_-h' (\I”J :'('::.L";J'-.:F'Iq
+ | — i
Tl et 4 . 0¥ eq I '.)’ i P i =
oukpt  volage Vg ot T=T, (as we have Sha <)
= 3¢ Le w2 Lu_Pe v, L at 1=y we need
e kT foo ral
Vetos 2 Voo {ia= L) == (&19)
1l & Spe cinh C e o 1y Bow I e o =P [S
(? (! \'_\ '.'.mlol-:' s Aot : "[.;’ Zere Tt nap h.—.-‘f..._.—‘_ L'\_,“-.-ql.‘..u
Ve =Ve = L8sbuid glon), L0 3
Lied = (o=
= |.2ob WV + |.% =15 2 mV
= .24 N Nete thet  Aair value TS
- d pea et wk of the Curment

Required value for K at 300K (eq. 8.21):

oy eq (81loy w t PR L R ) fur 2 temy
il tien Lt L3 =g ¥ Ll i n Lewm-{
Lhe %~ i
K { equaki LK
N R e s By
¢ = L ) 9 e | gy =\ .
o — = =
\ frd i)
s ( ) Foal = In
a S 1
he wkput o " { re bt b < by Ahe
Bond veliage ) Vee 3 ¢ a sl correet L
k : ek - vrdar effects
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Output voltage for temperatures different from the reference; get
(8.22) and then differentiate ...

The Aundomental equetican ¥ thee Letioas )
T ok puk  weliage of o g e e o L4 o
20wk o [ 55
2
¢ Vagz K A

UNIVERSITETET
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(8.22) differentiated with respect to T, getting (8.23):

Dilleeadiating £.22 Loy, (¥)=toga - logiv ]‘ ,,,,, gtz L
b =

p . _.-I - —_ [ - - |

NG \Y / kT A | Tuh [ f N1 el

== Wil & |\ B o1 a2 (= ,1\ iyt eyl o

o v i : - — L - —
= e " s
v

UNIVERSITETET
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Example 8.4

£ 4y F advpaad Le b mpratie

CMOS Bandgap References

n-well :

p_ substrate n~ substrate VADD

n-well p-well

* Vertical CMOS well transistors in an n-well and
p-well process (pnp in —well, npn in p-well)

2/9/2010
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CMOS BGR Circuits
Rl% Rsé Q1T\4 QzT\L
Iy \

+ ——0 Vref RZ £

|1 l |2 l t ——oVref
Ry F@i

p-well

|1|

v v

* CMOS bandgap references implemented with well
transistors

. UNIVERSITETET
I OSLO

Design equations, BG ref.

PESILR EQUAT 1UK S

The vu“fn.rxg e e +» T, -

' Vo T Gr w _T..r
” \ LR Ve

Viet = Vega * Vaa (s15) » 3 w
Somw Vaa = Vs , GSTUmAng en Tdedd 07-AMP: 1‘;'—_” .

Yra = Vesn = Negy = Ay, (¥7) U
IT_ M & ‘h'\nn...s‘-\.

Fig. 8.2%

bedh Ry anmd Ql)su ok

= R
LRSI = ooy - R
(e33p Ves o, U _R}l N (T «)

Sweskiuding (833 ) inh (25

Viek =VeaaTVrq = Vegq~ Vpy = Veaq + %_T BV (53%)

-
ln '-»Jtuﬁak-ul reckizakhons b Sipoler brmugistpes
e often TSV S Tl Guel difacent
/ 0
Correnl densHen 6t malied oy ’crckwLB

R, >R, Cawring T, =Ty

. 3R ey
9 A 3y ®

Reealling ‘Fro.‘...\ $11 ek BNy = Veaq —Vesy = K o 22 {840y
- 3

(839) ko (EVE) Vil =V & kT (R'$

(839) ko (838) Vil EFS‘\*RL¢1. "\—_\\ Kk

ln this caan
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Design Equations

Viet = Veg1 * Vr1

Vre = Veg1—Ves2 = AVeg

0 Vief

R3 R3

Vr3 = R—2sz = R_2

AVeg

- R
Viet = Vesr + g AVes
2

UNIVERSITETET

Design Equations

R R
KT, (% ! Sé
AVeg = Veg1~Vege = E'”(J_j %

A

+—0 Veef

=
—
-
-
\?

R R
v, 3KT 3

= Vem * R, q In[R—l] Q1 Qz

el

2/9/2010
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ExXAMPLE &S
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Chapetr 9; Discrete-time signals

* Discrete-time signal processing is heavily used in the
design and analysis of oversampling A/D and D/A
converters as well as switched capacitor filtering
;"SC-circuits”.

» Switched Capacitor filters are classified as analog,
since they use continous time analog values.

£ #8% UNIVERSITETET
w0¥ . 1osLo

2/9/2010
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Overview of signal spectra — conceptual and physical realizations

0 W=Dy ) Yol
xe(t) | x(t) convert to convert to analog Yelt)
p discrete-time | )l psp [ impulse | 3! hold |- low-pass |-

sequence train filter
Xsh(t) X() = x(nT) e Ysh(t)

() sample AD J DIA analog "

— 3 and DSP converter | pf low-pass |—p Ye

hold converter with hold filter

 An anti-aliasing filter (not shown) is assumed to band
limit the continous time signal, x(t).

* DSP ("discrete-time signal processing”) may be
accomplished using fully digital processing or
discrete-time analog circuits (ex.: SC-circ.).

UNIVERSITETET

I OSLO

A

X0

Signals in time, and frequency spectra

e
AR
0 o I\ _ l I
S

b

frequency

S(t): periodic impulse
train with period T =11,
X4(t) has the same
frequency spectrum as
X.(t), but the baseband
spectrum repeats every
f, (assuming no aliasing)
x(n) has the same
frequency spectrum as
X.(t), but the sampling
frequency is normalized
tol

The frequency spectrum
of x¢,(t) is equal to that
of x4(t) multiplied by the
sin(x)/x response of the

2/9/2010
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Laplace Transform of Discrete-Time Signals ws

()

! 0

S

(All pulses)

i ar T

T

) (Single pulse at nT)

¢ The signal must be defined for all time
e Fort=nT: X.(nT)
X(nT) = =—
» 1is chosen such that the area under x,(nT) equals the value of x,(nT)
* As t approaches 0, the height of x,(nT) goes to 00O

% UNIVERSITETET

- 1 0OSLO

Laplace Transform of Discrete-Time Signals (2/3)

* A single pulse at t=nT may be defined as:

1 (t20)

9(t) is the step function: S(t)z{ 0 (t<0)

*x,(t) may then be rewritten as a linear combination of a series
of pulses, xfs(t), where xsn(t) is zero everywhere except for
a single pulse at nT: X ()

Xsn(® =

[9(t-nT)-9(t-nT-1)]

T

0

X is now defined for all time: %0 = 2 X

n=-

% UNIVERSITETET

- 1 0OSLO
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Laplace Transform of Discrete-Time Signals (3/3)

* The Laplace transform for x.,(t) is:

Xals) = Y22 Jeme ™

« Since there is a linear relationship between x.(t) and
Xsn(1), the Laplace transform of x(t) is:

1- e_ST nT

Xs) = %(—S—) f xe(nme”®

n=-0

* When 1 approaches 0, the term before the sum

equals 1 (eq. 9.7): B a
Xq(s) = Z Xc(nT)e z=¢"

N=- X@)= i x(T)z ™"

Spectra of Discrete-Time Signals ws

 The frequency spectrum of x(t) may be found by replacing s
by jo in the Laplace transform (eq. 9.7).

» Another more intuitive approach is to use the property that
multiplication in the time domain equals convolution in the
frequency domain. Using this and t = 0, Xs(t) can be rewritten

Xt) = x(f)s(t)
* Define a pulse-train:

» The sampled signal is now: s® = 3 &(t-nT)

n=—

_2n <
« The Fourier-transform of s(t) is; 39 _Tnk;&m—kz%)

4}"‘ UNIVERSITETET
.

wy¥. 10sLO
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Spectra of Discrete-Time Signals @)
 Writing (9.8) in the frequency domain:
Xdio) = ixc(jm)(@ S(jo)

» The frequency spectrum of x(t) is then (eq. 9.12):

. o . jk
XGo) = 1 3 X -2

- T

which is periodic with period f, ( 9.13:).

No aliasing occurs if f<fs/2 1 > . .
X{f) = 3 % Xc(i2nf-jk2nfs)
k

- T

UNIVERSITETET

Multiplication in the time domain equals convolution in the frequency domain

« Figure from E. O. Brigham: "The Fast Fourier

Transform”, Prentice Hall Inc., 1974., in S. Aunet:
"BICMOS sample-and-hold for satellitt-kommunikasjon”, Cand.
Scient. Thesis, University of Oslo, 1993.

« Wikipedia; Convolution:

< In mathematics and, in particular, functional analysis,
convolution is a mathematical operation on two functions f and
g, producing a third function that is typically viewed as a modified

0 version of one of the original functions. Convolution is similar to
Jmitan « Computing the inverse of the convolution operation is known as

deconvolution.

U — +— - : X * In mathematics, the Fourier transform (often abbreviated FT) is
an operation that transforms one complex-valued function of a
real variable into another. In such applications as signal

LR S B S AL
™
1 e I processing, the domain of the original function is typically time
4]: s and is accordingly called the time domain. That of the new
! ‘ COVOLYDON 1 T L b function is frequency, and so the Fourier transform is often called
e - the frequency domain representation of the original function. It
¥ ' describes which frequencies are present in the original function.

Figor 2.7: Sammenhengen mellom sampling i tids- og frekvensdomenet.
Produktet av hit), figur 2.7 a), og Alt), i figar b), er lik den
samplede i figur c). Fourd i av hit) og Al
er gitt | henhaldsvis figur 2.7 c) og d).

Frekvenskonvolusjoastcoremet er illustrert ved a1 Fourierimansformen

av hity*Adt) er Hik hindir) [Brig74].

UNIVERSITETET
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Sampling at different frequencies

2.2 Signaler i tids- og frekvensdomenet, for ulike samplingsfrekvenser

A t

fg=131s —F T ST T [
T i e ]

Lo ~ L

Figur 2.4: Sampling ved ulike frekvenser, sett i tidsdomenet. fg er

samplingsfrekvensen, ogsd kalt samplingsraten, mens fyer
frekvensen for det analoge signalet som samples.[Kest91].

UNIVERSITETET

Figur 2.6:

Aliasing and potential degrading of signal / noise

|

DYHAMIC
RANGE

|

DYNAMIC
RANGE

JA L] L}
2 Figure 3.6

Aliasing og dynamisk omride [Kest91] I det gverste tilfellet
samples det slik at det dynamiske omradet beholdes. I det andre

tilfellet overlapper frekvensspekterne slik at dynamisk omrade,
eller signal/stgy -forhold, reduseres.

UNIVERSITETET
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Z-Transform

* Discrete-time systems are most often analyzed
using the z-transform which is equivalent to the
Laplace-transform with the following substitution:

e Then the z-transform is defined as :
ST
Z=¢

X@)= i x(NT)z "

n=-—g

UNIVERSITETET
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Z-Transform

» Two important properties of the z-transform:
c DIf x(MoX@ , then x(n—k) <> 2 X2
» 2) Convolution in the time-domain is equal to
multiplication in the freq. domain ( If y(n)=h(n) ® x(n), then
. Similarly, multiplication in the time-
domain equals convolution in the frequency domain
* X(z) is only related to the sampled sequence of numbers,
while X,(s) is the Laplace transform of x.(t) when t->0
» The frequency response of X(f) is related to X(») the
following way: X(f) = X(@‘
(f) =

fS
* Thus, the following scaling has been applied:
_ 2af
o — fs

UNIVERSITETET

wU¥ . 10SLO
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Z-Transform

 Important observation:
 Discrete-time signals have o in units of
radians/sample
* The original continuous-time signal have frequency
units of cycles/second (Hertz) or radians / second.
(2 © Radians ~ 360 degrees)
» Example:
A continuous-time sinusoidal signal of 1kHz when
sampled at 4 kHz will change by n/2 radians between
each sample. In such case the discrete time signal is

defined to have a frequency of n/2 radians per
sample

UNIVERSITETET

“W¥ S 10sLO

Next time, Tuesday 16th of February

* Chapter 9; 9.4 -9.6
» Chapter 10; Switched Capacitor Circuits

R ——

LA b,
£ L

Vi T T v, Vi o Mo V2
[

AQ = cl(vaz) every clock period &

9. februar 2010 42
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Jp.

Discrete Time Signals and Switched Capacitor Circuits
(rest of chapter 9 + 10.1, 10.2)

Tuesday 16th of February, 2010

»

Last time — Tuesday 9th of February, and today, February the 16th:

» 8.5 Bandgap Voltage Reference Basics
8.6 Circuits for Bandgap References

» Chapter 9 Discrete-Time Signals

* 9.1 Overview of some signal spectra

9.2 Laplace Transforms of Discrete-Time
Signals

9.2-9.6
10.1-10.2 (10.3((?)))
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9.5 Discrete-Time Filters (pp. 382 in “J&M”)

u(n) —P H( Z) > y(Il)

(ym equals nm) if wm 1san impulse)

(Discrete-time filter)

* An input series of numbers is applied to a filter to
create a modified output series of numbers

* Discrete-time filters are most often analyzed and
visualized in terms of the z-transform

* In this figure (Fig. 9.9) the output signal is defined to
be the impulse response, h(n), when the input, u(n), is
an impulse (i.e. 1 for n = 0 and 0 otherwise. Transfer

function; H(z) being the z-transform of the impulse
response, h(n

Continuous time LP-filter
PP 282 “lhug £ Mactin®
The 'b‘bwl.!‘-\(ef -)Cr.wuf{m-\ 'l:?f el Serefe — A
Lilters appeanr Stmile~ As  thosc Sor
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Discrete-Time Transfer Function

» Assume the following (LP-) transfer function: . zplane
1
0,05
Hz) = 94— .l e
z — 1,62+ 0,65 %z X
* Poles: Complex conjugated at 0.8+/-0.1j T

» Zeros: Two zeros at infinity (Defined). The number of zeros at infinity reflects the
difference in order between denominator and nominator

¢ In the discrete time somain z=1 corresponds to the freq. response at both dc (o= 0)
and o = 2m.

* The frequency respons need only be plotted for 0 < @ < & (frequency response
repeats every 2.

e The unit circle, €l , is used to determine the frequency response of a system that
has it’s input and output as a series of numbers.

* (The magnitude is represented by the product of the lengths of the zero-vectors
divided by the product of the lengths of the pole-vectors.

* The phase is calculated using addition and subtraction)

UNIVERSITETET

Frequency response

'\high—frequency o =i s o z-plane
i1 . et

-1 4 Va

X —»
"

(poles) jo=0 g

* The frequency response of discrete-time filters are similar to
the response of continuous-time filters. The poles and zeroes
are located in the z-plane instead of the s-plane

* DC/2r equals z=1, fs/2 equals z=-1
» The response is periodic with period 2n

UNIVERSITETET

I OSLO
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Stability of Discrete-Time Filters

y(n+1)
b

x(n) o—)—»@—b ' )

a

* The filters are described by finite difference
equations y(n+1) = bx(n)+ ay(n)

zY(z) = bX(2) +aY(z)

H(Z)=3LZ) - b
_X(Z) zZ—a

* H(z) has a pole in z=a. a<=1 to ensure stability
* In general a LTI system is stable if all the poles are
located inside or on the unit circle

¢ In the z-domain:

UNIVERSITETET

I OSLO

Test for stability

« Let the input, x(n) be an impulse signal (i.e. 1 for n=0, and
otherwise), which gives the following output signal, according to

9.25, =k, where k is some arbitrary initial state fory.
* y(n+1)=bx(n) + ay(n)
* y(0+1) =b x(0) + a =b1l+ak=b+ak,

cy(@2)=bx(l)+ay@)=b +a(b+ak)=ab+a%k

* YB)=bx(2)+ay(2) =b0+ay(2) =a(ab + a’k) = a?b +a3k

* Y(4) = adh +a*k

* Response, h(n) = 0 for (n < 0),

. k for (n=0)

. (a™b+a"k) for n>=1

 This response remains bounded only when |a|<=1 for this 1st
order filter, and unbounded otherwise.

* In general, an arbitrary, time invariant, discrete time filter, H(z), is
stable if, and only if, all its poles are located within the unit circle.

2/15/2010



IR and FIR Filters
* Infinite Impulse Response (IIR) filters are discrete-
time filters whose outputs remain non-zero when
excited by an impulse:
» Can be more efficient
 Finite precision arithmetic may cause limit-cycle
oscillations
* Finite Impulse Response (FIR) filters are discrete-
time filters whose outputs goes precisely to zero after
a finite delay:
* Poles only in z=0
» Always stable
» Exact linear phase filters may be designed
» High order often required

% UNIVERSITETET
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Bilinear transform

Biline s Traum S 1o vrmn
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Bilinear Transform

* In many cases it is desirable to convert a
continuous-time filter into a discrete-time filter
or vice-versa.

e H(p) Is a CT transfer function withp = op+iQ

.Then

_z-l1 _1+p
P =2 z 1-p

* The bilinear transforms map the z-plane
locations of 1(DC) and -1(fs/2) to the p-plane
locations 0 and o .

Bilinear Transform

to the entire jQ2-axis in the p-plane:
ej"’fl - ej(w/z)(ej(w/z)ie*j(m/z))

)

- (o “i(0/2)

(/2 2
e.l(o)/ )(e / )_'_e

do+1 [
_ 2jsin(w/2) _
Zeos(/2) | EAN©/2)

 The following frequency mapping occurs:
Q= tan((o /2)

e Then H(z) =H((z— 1)/(z+ 1)) and HE*) = H (jtan(0/2))

¢ ' UNIVERSITETET

wU¥ . 10SLO

e The unit-circle z= ¢ inthe z-plane is mapped
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Sample-and-Hold Response ws

* A sampled and held signal is related to the
sampled continuous-time signal as follows:
X = Y xnD[Y(t—nT) - §(t—nT-T)]

n=-—g

* Taking the Laplace-transform:

—sT

1— —snT
Xap(®) = —=— 3 xnTe
n=—g

sT
1€ x@)

S

Sample-and-Hold Response .

 The hold transfer function Hg,(s) is due to the

previous result equal to: s

1—e
Hsh(s) = s

» The spectrum is found by setting s=jm:

* Finally the magnitude is given by:

in(©L) |Sirl Ifn_f\i

| \_TT| [H(0] = T rji

* This response sin(x)/x is usually referred to as the sinc-
response.

[Hydi)| = T

fj‘:‘ UNIVERSITETET
s

wy¥. 10sLO
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Sample-and-Hold Response @5
|Hsh(jm)|

o f
S, oA 0 S 2 3

« Shaping only occurs for continuous-time /{\
signals, since a sampled signal will not . /V\ /V\ .
be affected by the hold function. \ ’ ’

* A S/H before an A/D converter does not /*\ /V\ /v‘\
reduce the demand of an anti-aliasing o
filter preceeding the A/D-converter, but )
simply allow the A/D to have a constant /i\ o

rA'aN PN N

input value during the conversion. i i,

Tuesday 16th of February:

 Discrete Time Signals
(from chapter 9)

Today: as far as we get with:

10.1 Basic building blocks (Opamps,
Capacitors, Switches,
Nonoverlappingg clocks)

10.2 Basic operation and analysis
(Resistor equivalence of a Switched
Capacitor, Parasitic Insensitive
Integrators)

NIVERSITETET
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Properties of SC circuits
 Popular due to accurate frequency response, good linearity
and dynamic range
* Easily analyzed with z-transform
* Typically require aliasing and smoothing filters
» Accuracy is obtained since filter coefficients are determined

from capacitance ratios, and relative matching is good in
CMOS

» The overall frequency response remains a function of the
clock, and the frequency may be set very precisely through the
use of a crystal oscillator

» SC-techniques may be used to realize other signal processing
blocks like for example gain stages, voltage-controlled
oscillators and modulators

Basic building blocks in SC circuits; Opamps, capacitors, switches, clock
generators (chapter 10.1)

» DC gain typically in the order of 40 to 80 dB (100 — 10000 x)

* Unity gain frequency should be > 5 x clock speed (rule of
thumb)

* Phase margin > 70 degrees (according to Johns & Martin)

* Unity-gain and phase margin highly dependent on the load
capacitance, in SC-circuits. In single stage opamps a
doubling of the load capacitance halves the unity gain
frequency and improve the phase margin

* The finite slew rate may limit the upper clock speed.

* Nonzero DC offset can result in a high output dc offset,
depending on the topology chosen, especially if correlated
double sampling is not used

2/15/2010
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Basic building blocks in SC circuits; Opamps,
capacitors, switches, clock generators

metal metal

1
polyl
.y LA I
Cp1 thin oxide

—

™ — c !

bott lat ! -
poly2 /* J_ Cp2  thick oxide g " ™=
% ¢ s

le I Cp l
(substrate - ac ground) ]
—_———————

equivalent circuit

cross-section view

* Typically constructed between two polysilicon layers

* Parasitics; Cpl, Cp2.

 Parasitic Cp2 may be as large as 20 % of the
desired, C1

* Cp1 typically 1- 5 % of C1. Therefore, the equivalent model
contain 3 capacitors

Basic building blocks in SC circuits;
Opamps, capacitors, switches, clock generators

o
Symbol 1 1 n-channel

) transmission
0 ¢ gate
N Saa
)

 Desired: very high off-resistance (to avoid leakage), relatively low
on-resistance (for fast settling), no offset

Phi, the clock signal, switches between the power supply levels

» Convention: Phi is high means that the switch is on (shorted)

» Transmission gate switches may increase the signal range

* Some nonideal effects: nonlinear capacitance on each side of the
switch, charge injection, capacitive coupling to each side

2/15/2010
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Basic building blocks in SC circuits;
Opamps, capacitors, switches, clock generators

o1 T

» Must be nonoverlapping; at no time both signals can be high

» Convention in "Johns & Martin”; sampling numbers are
integer values

* Location of clock edges need only be moderately controlled
(assuming low-jitter sample-and-holds on input and output of
the overall circuit)

 Delay elements above can be an even number of inverters or
an RC network

UNIVERSITETET

I OSLO

SC Resistor Equivalent w»

o L) R

eq
£ £
v \%
v, D_'rr_ljr_,, v, o MA—o V2
C
I 1
1 ®
AQ = €V, -V, every clock period @~ C

QX = CX VX

C1is first charged to V1 and then charged to V2 during one clock cycle
AQ; = C (V- V2)

The average current is then given by the change in charge during one cycle

Ci(Vi-Vy)
avg — T

Where T is the clock period (1/fs)

2/15/2010
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SC Resistor Equivalent e

L L% R

eq
voT T VoA —s V2
vv

=
I
Ol=

AQ = € (V, V) every clock period

The current through an equivalent resistor is given by:
Combining the previous equation with lavg:

V-V,
qu = Req

The resistor equivalence is valid when fs is much larger than the signal
frequency. In the case of higher signal frequencies, z-domain analysis is
required : X __1

Example of resistor implementation

* What is the resistance of a 5 pF capacitance

sampled at a clock frequency of 100 kHz?

* Note the large resistance that can be implemented.
Implemented in CMOS it would take a large area for

a resistor of the same resistance

1

=2MD)

T (510 100 10')

2/15/2010
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An inverting integrator

V(D

| -+
b b, | (
C

€ Vo) € o

2
VC|(t) Vco(t) J_
¥ o T
V.0 /I\ c

v(n) = v (nT) vo(n) = VCO(HT)

. UNIVERSITETET
0

M
i
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Example waveforms. H(z) rewritten to eliminate terms of z
having negative powers. Equation representative just before
end of phil only

V(@) Ch 1
" Ho=9v5 = ’(6'2)2 _1
3%
V.0
\\
\\

Frequency response (Low frequency)

e (Cl) 12
Z = e .
C,/72— 712
z = eloT = cos(T) +jsin(wT)
zl/2 = cos(ﬂ)-*-jsin(ﬂ)
2 2
7712 = cos(m—'r)—jsm(w—T)
2 2

H(eij) ) (g_l)cos(%T)—jsin(%T)

G

2/15/2010
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Example 10.2 (2/2)

* Assuming low frequency i.e.

ol «l

» The gain-constant is depending only on the
capacitor-ratio and clock frequency:

£ #8% UNIVERSITETET
w0¥ . 1osLo

Parasitics reducing accuracy and performance

c, * Parasitics added
: * C,, the one that is harmful,
S as accurate discrete-time
C C frequency responses
o " depends on precise

~matching of capacitors,
.« _Tr_ (sometimes down to 0.1
percent)
* C,; 1-5 % of C1 (page 396)
» Gain coefficient related to

C,+C. .\ "y
Hz) = {— pl) 1 C,1 which is not well

" §A% UNIVIRSITETET
“0¥ 7 rosLo

2/15/2010

20



2/15/2010

Effect of parasitic capacitors

He) = {CL L

v ()

» The gain coefficient depends on the parasitic and
possibly non-linear capacitance

Parasitic-Insensitive Integrator

e FT
& . wz_ I( g )
oo om0 .
el Ny outl s N (. o o
o F o _TL_+
“1l"

» The following parasitics does not influence:
e Cp2is either connected to virtual ground or physical ground
e Cp3is connected to virtual ground
» Cp4 is driven by the output
» Cpl is charged between vi(n) and gnd.

UNIVERSITETET

I OSLO
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Parasitic-Insensitive Integrator

CZ
é o I(
o ’ \
1 . L3
v,0 Vo, ® 1
o _J_
ke _I I_ o

V‘(ﬂ) = VC‘(HT) — vo(n) = vco(nT)

» Two additional switches removes sensitivity to
parasitics:
* Improved linearity
» More well-defined and accurate transfer-functions

Transfer function not dependent on Cpl:

@, 3. B HaS)
L N T
el S| EESS——— T |

| g | i e

RSITETET
0

2/15/2010
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Parasitic-Insensitive Integrator (fig. 10.9)

o 6 | (
o i {
L L o
va® 3 v 0 L
o T
o F o

vl(n) = vc‘(nT) L L = va(n) = vm(nT)

Vo) AT
| | . Hi= v - ()L
 Note that the integrator is now positive Vi \GJz-1
» C, and C, no longer need to be much larger than parasitics
» Aremaining limitation is the lateral stray capacitance between the lines leading
to the electrodes of C; and C,. This can be reduced by inserting a grounded
line between the leads. In any case the minimum permissible C, and C, values
are reduced by a factor 10 — 50 if the stray-insensitive configuration is used,
hence reducing the area required by the capacitors is reduced by the same
factor [GrTe86]. Price is proportional to area.
» While parasitics do not affect the discrete time difference equation (or H(z)),
they may slow down settling time behaviour.

. UNIVERSITETET

0OSLO

H(z) for inverting, delay-free integrator

lnvee Fina " o

| fig b AT m Jam )

2/15/2010
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Inverting delay-free integrator (fig. 10.12)

2

([
o ¢ 1
c 1 \
1 € 4
v(n) 1
o V()
V.(2) ' _I |_ N

» Equations similar to previous slide, but with clocking- and
timing convention as in fig. 10.3:

Cyveo(mT=T72) = Covo(n'T-T)

Coveo(nT) = Cyveo(nT —T/2) — Cvei(nT)

. )
« H(z) having z'! removed: o=y e

z—1

' UNIVERSITETET

~ 10SLO

Next time, Tuesday the 23rd

 Rest of chapter 10. (10.3, 10.4, 10.5, 10.7)
» Chapter 11, Data Converter Fundamentals

15. februar 2010 48

% UNIVERSITETET
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»

Switched-CapacitorCircuits

(chapters 10.4, 10.5, 10.6, start of chapter 11 Data converter

fundamentals)
Tuesday 23rd of February, 2010, 9:15-12:00

Last time — and today, Tuesday 23rd of February:

9.2 Laplace Transform of Discrete Time Signals
9.3 z-transform

9.4 downsampling and Upsampling

9.5 Discrete Time Filters

9.6 Sample-and-Hold Response

10.1 Switched Capacitor Circuits
10.2 Basic Operation and Analysis

Today:

10.3 First-order filters

10.4 Biquad filters (high-Q)

10.5 Charge injection

10.7 Correlated double sampling techn
11.1 Ideal D/A converter

11.2 Ideal A/D converter

11.3 quantization noise

11.4 signed codes

2/22/2010



Signal-flow-graph analysis (p. 407)

1
Vy@— T ey o B
¢|[ I ¢3 ) o | r.
. L 2 Cy i’ & |
I'2(3) : ) oy F— XS o 2 : |
@54 [ 7, ] l = . 'IL 2
- L | - L &
o7 . /o) T : 4 .
L G : |
Vaiz . f
3 T M
04 b T
I T
* Applying charge equations is tedious for “'
larger circuits. Using some rules and Vol®) . . K
signal-flow-graph analysis simplifies v, (% A
analysis and design of SC-circuits.
¢ Superposition (Wikipedia)ln a linear Vo (2] C, 2 PR [
system, the net response at a given —om S =, VOB ey ing et it
place and time caused by two or more e d ol

independent stimuli is the sum of the
responses which would have been
caused by each stimulus individually.
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Signal Flow Graph (Fig. 10.13in "J & M”)

SlenaL ELOW GRAPH  In e i, (5P

(10.%0) (2) d ( Cr, B e
VB> = =2 el =5 o Wy e S8 L oty
Ca Ca - t c \mi\uj()

A

First-Order Filters
4\/\/\,_

.—| l—.
Vin(9) ﬂ Vou(s)

* Select a known Active-RC circuit
* Replace resistors by SC-equivalents
* Analyze using discrete-time methods
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equivalent

@,

Making 1st order SC-filter from active RC

1 4 o, @,

b Fiibters

W s P s rh
? —||— ¢ | L] ;
; — L
=l—L~, — lf..‘ \ i‘ i 4 L
| Vot (5) o |
= |
4
A (2)
V. o /s ral 5
v 3 S, & = e e / 2 o 5 >
|—=2 T Yaur (™) z, v (2)
'V, - 4 { A .
ot =Ly (1 =27 = = Via () = €3 - Vo (2) ¢, (1=2"") -V (2)

PoL \ f =
S8 L Gk g Ly vaan adte v = _ Ca
\ b Zp = .
i ar Co e
e N i1}
I e ‘-I 2 — —
\ & )
% i - {(2
I
. Ea . : (
@ - = — | | = ™ =
A Coa
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Switch sharing (p. 413)

Fully Differential Filters (p. 414 (1/3))

_ 2 3 4
Vo1 = Kyvy + KoV +kgvi+ vy +

nonlinear

Vi o
! P element

Vit = 2KV, + Zkgvi + 2k5v§+

nonlinear

v,
“—M  clement

2 3 4
Vo = —KqVy + KoV —Kavy +Kevy+

» The signal is represented by the difference of two voltages
* Most SC-designs are fully differential, typically operating

around a dc common-mode voltage halfway between the
supply voltages

* Reduced common-mode noise

e Cancellation of even-order harmonic distortion, if the
nonlinearity is memoryless
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SFG based on superposition, similar as in fig 10.13.

e N
First-Order Filter
I
T
ﬂ:-ltl ,II.ZIWJ G;ﬂ{ PI—‘D:
= = = F‘A
c l—|{_ b,
. 1
Vi2) o ) - v (2) T
t
Gy
V@
22. februai

11

Differential implementation (fig. 10.18 p. 415)

‘ plly
. e
o : o — o +
Vi@ Vi)
1 ‘bl h
- £
: JT i
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Vrets  Vrel-

A

S:sT
C
oo | o s
o——1
S1 Cst | 54
Sa
L

sz ) |
1

Vrel- Vrafs

Vrste Vet
Sz
Vem_in - Vc_mr n -
53
51 clsl:» ] 54
f > T
s |ce Ls« ’J
Sa 148t
Cit .L Ce quantizer
Vem_in WVem in
5
2] Wrete | Vret- @ Vi and GND
T WVem_in & Input CM level
Vret- Wrefs

S1.52 53,54 controllad by noncverapping clock phases

* Downloaded from IEEEXplore
( http://ieeexplore.ieee.org/Xplore/dynhome.jsp )

Example: Fully differential SC-sigma-delta ADC published May 2007

A MICRO POWER SIGMA-DELTA A/D CONVERTER IN 0.35.uM CMOS FOR
LOW FREQUENCY APPLICATIONS

P

P A

Figure 4, Nonoverlapping clock phases

Properties of Fully Differential Filters, compared

to single-ended solutions

* Requires two copies of a single-ended filter except from
the Opamp which is shared
« Common-mode feedback circuitry is required
* The input- and output signal amplitude are doubled. The
same dynamic range can be achieved with half-sized
capacitors:
» Area reduction and less power consumption
» Reduced size of switches (less charge)
* More wires are required
 Improved performance with respect to noise and distortion
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Some Active RC 1st order filters (Sedra & Smith p. 779).
Filter in fig 10.14 in "Johns & Martin” lowermost.

" o il ve

) Liww-Pans i . as
L
" 20 tofi 2|

Fig. 11.13 Finl-orchor Mo

Additional litterature

» Adnan Gundel, William N. Carr: A micropower sigma-delta
A/D converter in 0.35 um CMOS for low-frequency
applications, Proceedings of IEEE Long Island Systems,
Applications and Technology Conference, IEEE 2007

* [GrTe86]: Roubik Gregorian, Gabor C. Temes: Analog MOS
Integrated Circuits for signal processing, Wiley, 1986.

* [Haah94]: Nils Haaheim: Analog CMOS, Universitetet i
Trondheim, Norges Tekniske Hagskole, 1994.

» Adel S. Sedra, Kenneth C. Smith: Microelectronic Circuits,
Saunders College Publ., 1989.

» Kenneth R. Laker, Willy M. C. Sansen: Design of analog
integrated circuits and systems, McGraw-Hill, 1994.
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Vial(s)

High-Q Biquad active RC-filter

W

ki oy,

- Vouls)
4

» Another circuit is required for high Q-values and
small capacitor spread

» Q-damping is obtained by adding a capacitor around

both integrators instead of a resistive feedback
around the last integrator

' UNIVERSITETET

~ 10SLO

High-Q Switched-capacitor biquad filter (Fig. 10.25, p. 421) by
changing the resistors with SC-equivalents

iy L
’ L L
Vilz) o
2 4 [

Ve B

% UNIVERSITETET
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High-Q Biquad Filter

» General transfer function: J
HQ) V@) _ Kez +(KKg+ KoKs —2K3)7 + (K3 - KyKi)
)=—r" =~
Vi@ 27+ (K Ky + KoK - 22+ (1- K5Kg)
» The function can be rewritten as:

2
ayz +aiZ +ag
HE) = —5— 20

2
« The coefficients are then: Z +byz+hy

KiKs = ap+ay +a

KoKs = a; —ag

Ks =2
K4K5 = 1+b0+b1
KsKg = l—bo

» Asignal-flow-graph approach is used to find the transfer function. There is some
freedom in chossing the coefficients as there is one less equation than the
number of coefficients. K4 = K5 = SQR (1+b0 + b1) defines the other ratios.

. UNIVERSITETET

© 1 0SLO

Ex 10.5 1) BP-filter, peak gain 5 near fs/10 amd Q of about 10

22. febru . L. §§ b LEf — = — = ( 20
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Charge Injection (chapter 10.5)

c, Y
|
1 ) 5/—
o, F @ [ : - '
. LN /—
1 . 'l"" ]
i 8 :
o o1
C. P ]
L 2 L
Vi(2) TC ). TT VN
Q,

« To reduce the effects of charge injection in SC circuits, realize
all switches connected to ground or virtual ground as n-
channel switches only, and turn off the switches connected to
ground or virtual ground first. Such an approach will minimize
distortion and gain error as well as keeping DC offset low.

* In this case 0,, and 0,, are turned off first to prevent other
switches affecting the output voltage of the circuit.
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Correlated Double Sampling ("CDS”)

* Used to realize highly accurate gain amplifiers, sample-and-
hold circuits and integrators to reduce errors due to offset
voltages, 1/f noise and finite opamp gain.

* Method: During a calibration phase the input voltage of an
opamp is sampled and stored (accross a C) and later
subtracted from the signal in the operational phase (when the
output is being sampled), by appropriate switching of the
capacitors.

» A detailed description is beyond the scope of the text in "J &
M”. The interested reader may check : C. G. Themes, C. Enz:
"Circuit techniques for reducing the effects of opamp
imperfections: Autozeroing, Correlated Double Sampling, and
Chopper Stabilization”, Proceedings of the IEEE, Nov. 1996.
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SC amplifier (left) and SC integrator with
CDS (right)

s

b9

C
e S
¢24|i
o
bg = 24 02(01)
2 c, 20 c, o 014 0

“ ! "o Ty ! > T
1 4'—1 ¥ 4|il b1 4% ¢1(¢2HEl MEI Cy 4

. Fo(rjthe amplifier: During 62 the error is sampled and stored across C1
and C2

e The stored error is then subtracted during 61

 For the integrator: During 61 the error is sampled and stored across C'2

e The stored error is then subtracted during 62
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SC-integrator with CDS ("J & M” page 434)

¢1—|% ¢1—|'Zl

* During Phil the error is sampled and stored
accross C2

91
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Data Converter Fundamentals (chapter 11)

SOUND ENTRY Microphans Reeefiees SOUHP EXIT
¥ ¥

fivo EERET 4|

Acoustic  Electrical Binary (digital) Electrical  Acoustic

Digital Signal Processing

NIVERSITETET

© 1 0SLO

Main data converter types:

* Nyquist-rate converters:
e Each value has a one-to-one correspondencewith a single
input
e The sample-rate must be at least equal to twice the signal
frequency (Typically somewhat higher)
e Oversampled converters:
* The sample-rate is much higher than the signal frequency,
typically 20 — 512 times.
e The extra samples are used to increase the SNR
» Often combined with noise shaping

NIVERSITETET

0OSLO
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Flash ADC from 1926 (Analog Digital

Conversion handbook, Analog Devices)

The first docmnented flash converter was part of Paul M. Rainey's electro-mechanical
PCM facsimile system described in a relatively ignoved patent filed in 1921 (Reference
S—see further discussions in Chaprer 1 of this book). In the ADC, a current propogtional
to the intensity of light drives a galvanometer which in num moves another beam of light
which activates o 32 individual photocells. depending npon the amount of
galvanometer deflection (see Figure 3.49), Eaclh individual photocell oaput activates pan
of a relay nerwork which gemverates the 5-bit binary code

T# | SERIAL DATA TO RECENVER

ROTATING COMMUTATOR

ATATIONARY
ELECTRACAL CONTACTS

PARALLEL BMARY g
CUTPUT DATA

RELAY ORCOOMG
Lo GALVANOMETER

PHOTOSELL BANK [32)

Figure 3.49: A 5-Bit Flash ADC Proposed by Paul Rainey
Adapled from Paul M. Rainey, "Facsimile Telegraph System,” U.S. Patent
1,608,527, Filed July 20, 1921, Issued November 30, 1926

UNIVERSITETET
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Bip, > D/A

ref

Bin = b12_1 + b22_2+ et bNZJ\l

Vour = Vre]‘(blz_1 + b22_2 Tt bNZJ\I)

11.1 Ideal D/A converter

»

out

UNIVERSITETET

I OSLO
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Example 11.1 : 8-bit D/A converter

. Vref
An ideal D/A converter has Visg = 5
Vief =5V
Find Vout when 1LSB = ‘1N
B;, = 10110100 2

B,=2 +2°+2"+27° = 0703125

Vout = VieBin = 3516 V ! 2-bit DAC
Find *
Viss 1 Lss_1_iie8
14 ref
V g = 5/256 = 195 mV 1 S

NIVERSITETET

© 1 0SLO

11.2 Ideal A/D converter ( Fig. 11.3)

Vin A/D q Bout

Y/

ref

Vier(bi2 7 +0,27 4 4 b2 ™) = V£ V,
where

1 1
_EVLSB <V < EVLSB

NIVERSITETET
0OSLO
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Ideal transfer curve for a 2-bit A/D converter ( Fig. 11.4))

\Y
Bout 1 \'/'SB = 1/4 = 1LSB.-
ref o
< >
1 4 —
10 +
014
Vin
00 +——+—+—+—+ —
0 14 12 i 34 1 ref

VOl/Vref Vll/vref

A range of input values produce the same output value (QA range of input
values produce the same output value (Quantization error)

«Different from the D/A case

UNIVERSITETET

11.3 Quantization noise

B Vl
Vin AD s DIA
+
— Quantization
’@ > VQ noise

MMAAAARL
W

UNIVERSITETET
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Quantization noise model

A Vo
Vi, 4
—» > — Vi —— > v
Vi = Vin+Vg
Quantizer Model

*TThe model is exact as long as Vq is properly defined

*V/q is most often assumed to be white and uniformely distributed between +/-
Vlsh/2

UNIVERSITETET

Quantization noise

*The rms-value of the quantization noise can be shown to be:

V
v L LSB
Q(rms) Jl_Z

Total noise power is independent of sampling frequency

«In the case of a sinusoidal input signal with p-p amplitude of Viet/2

SNR

V; V, /(242
ZOlog{ |n(rm3)] - 20log( ref ( »/_)j

Q(rms) VLSB/(,\/l_Z)
SNR = 6,02N + 1,76 dB

UNIVERSITETET
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Quantization noise

sol 10-bit
SNR \
(dB) S0 Best possible SNR
4041
30+
201
V. =V
10l ( pp ref)
/
0 . 1+ + 1+ + 1+ »V. (dB)
760 -50 -40 30 20 -10 O In

«Signal-to Noise ratio is highest for maximum input signal amplitude

. UNIVERSITETET
0

11.4 Signed codes

Table 11,1 Some 4-bit signed digitol representations

* Unipolar / bipolar

« Common signed digital repr.:
sign magnitude, 1's
complement, 2’s compl.

——— * Sign. M.: 5:0101, -5:1101,

Normalized Sign 1's Ofset

Nember _mmber _mepltele cmpema SA T (WO repr. Of 0, 2N-1 numb.
©o&m G W W W 'scompl.: Neg. Numbers are
s mles M SR is complement of all bits for
LW Ge o @ W o equiv. Pos. Number: 5:0101, -
! % B W omom s

©o& @ B W W . Offsetbin: 0000 to the most
G wwowom o neg., and then counting up..

+: closely related to unipolar
through simple offset

JNIVERSITETET

© 1 0SLO
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2’'s complement
o 5,,:0101 = 22 4+ 20

AlaZatal

-]
=
3

0111
0110
0101
0100
0011
0010
0001
0000
1000
1001
1010
1011
1100
1101
1110
1111 -7

T +-5,,:(0101) +1 = 1010+ 1 =
1011

. AL + |+ | +|+
LRSI PN ERT TR ET 4 Al A B g I A

 Addition of positive and negative numbers is straightforward,
using addition, and requires little hardware

» 2's complement is most popular representation for signed

numbers when arithmetic operations have to be performed

7,061 Via addition using two’s complement of -6

» 0000 0000 0000 0000 0000 0000 0000 0000 00111, = 7,4
« 0000 0000 0000 0000 0000 0000 0000 0000 00110, = 644

 Subtraction uses addition: The appropriate operand is negated
before being added

* Negating a two’s complement number: Simply invert every 0 and 1
and add one to the result. Example:

» 0000 0000 0000 0000 0000 0000 0000 0000 0110, becomes
« 1111 1111 1721 1117 1111 1117 1111 1111 1001,
+ 1,

= 1111 1111 1111 1111 11171 1111 1111 1111 1010,

0000 0000 0000 0000 0000 0000 0000 0000 0111, = 74
1111 1111 11171 1721 1211 1111 1111 1111 1010, =-64,
0000 0000 0000 0000 0000 0000 0000 0000 0001, = 1,

+
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11.5 performance limitations
» Resolution
» Offset and gain error
e Accuracy
* Integral nonlinearity (INL) error
» Differential nonlinearity (DNL) error
» Monotonicity
e Missing codes
» A/D conversion time and sampling rate
» D/A settling time and sampling rate
e Sampling time uncertainty
* Dynamic range
* NB!! Different meanings and definitions of performance parameters

sometimes exist. 2 Be sure what's meant in a particular specification or
scientific paper.. There are also more than those mentioned here.

NIVERSITETET

© 1 0SLO

Resolution

» Resolution usually refers to the number of bits in
the input (D/A) or output (ADC) word, and is

often different from the accuracy.

* Analog-Digital Conversion Handbook, Analog Devices, 3rd
Edition, 1986: An n-bit binary converter should be able to
provide 2n distinct and different analog output values
corresponding to the set of n binary words. A converter that
satisfies this criterion is said to have a resolution of n bits.

A Cost-Efficient High-Speed 12-bit Pipeline ADC
in 0.18-pm Digital CMOS

TABLE |
KEY DaTa FoR THE ADC

Nominal sampling rate 110MS s

Tochnobogy 0.18pm digital CMOS
Nominal supply volage 1AV
Resolution 12hit
Full scale analog input Nes
Arca 0.86mm”
Power consu mplion YImW 40
DXL £1.2 LS8R

INL. -1.5/+1 LSB
SNR (/o= 10MHz) 67.1 dB
SNDR (= 10MHz) 4.2 dB
SR (= 10MHz) 694 dB

120 160 200
Conversion Rate (MS/s)

ENCHE (=101 L) 10.4 bit ig. 5. SFDR. SNR, asd SN
s 10 MHz a

W versus conversion rate. The inpet frequency
AHz and I\ p_p. respectively

signal swing i
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Walt Kester
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ANALOG-DIGITAL CONVERSION

Additional litterature:

IEEE JOURNAL OF SOLID-STATE CIRCUITS, VOL. 40, NO. 7, JULY 2005

A Cost-Efficient High-Speed 12-bit Pipeline ADC
in 0.18-m Digital CMOS

Terje Nortvedt Andersen, Bjgrnar Hernes, Member, IEEE, Atle Briskemyr, Frode Telstg,
Johnny Bjernsen, Member, IEEE, Thomas E. Bonnerud, and Gystein Moldsvor

High speed data converters
fully integrated in CMOS

by

Leif Hanssen
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»

Nyquist-Rate D/A Converters (12.1-12.4)

Tuesday 2nd of March, 2010, 9:15-11:00

Last time — and today, Tuesday 2nd of March:
Last time:

10.3 First-order filters

10.4 Biquad filters (high-Q)

10.5 Charge injection

10.7 Correlated double sampling techniques
11.1 Ideal D/A converter

11.2 Ideal A/D converter

11.3 quantization noise

11.4 signed codes

Today:

11.5 Performance Limitations

12.1 Decoder-based converters
12.2 Binary-scaled converters

12.3 Thermometer-code converters
12.4 Hybrid converters

10:55 : 5 minute survey by "Micro”

NIVERSITETET
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Offset and gain error

* In a D/A converter ("DAC”) the
offset error is defined to be the
output that occurs for the input
code that should provide zero

output. For an A/D converter @

("ADC") the offset error is the r:f ' ldeal

deviation of VO...01 from % 1 )

LSB 34 1 I «_____Gain error
» The gain error is the the 12 |

difference at the full scale value »
between ideal and actual curves gy et error . 1

when the offset has been OIOD"' TR TR TR (T R
reduced to zero. For a DAC it is
given in units of LSBs.

. ziven by
ADC: _* Vs Y

in

(11.25)

] NIVERSITETET
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Integral nonlinearity error (INL)

Vout Integral nonlinearity error (best-fit) END POINT METHOD BEST STRAIGHT LINE METHCOD
Vref A i ]
1l .

QUTPUT

LINEARITY A Lmeany
ERRGR = X ERRCA - X1t

3/4 L

/|- integral nonlinearity error (endpaint) rer— ' wuT

1/2 L

1/4 s Figure 2.18: Method of Measuring Infegral Linearity Emors
T/ (Same Converter on Both Graphs)

0o £
0o 01 10 11 (100) By, ——— max INL

o‘0‘0 01 10 11 (100) By,

* After both offset and gain errors have been removed, the
integral nonlinearity (INL) error is defined to be the deviation
from a straight line. Possible straight lines: endpoints of
the converters transfer respons, best-fit straight line such that

the difference (or mean squared error) is minimized.

. UNIVERSITETET




Differential nonlinearity error (DNL)

max DNL
0558 /

0

‘oo 01 10\1.1 (100) By,

step size between 00 and 01 is 1.5 LSB

step size between 10 and 11 is 0.7 LSB
eldeally, each analog step size is equal to 1 LSB. DNL is variation in
step size from V| g (after removal of gain and offset errors). ldeally
DNL is O for all digital values. DNL is in “J & M” defined for each digital
word, whereas other sometimes refer to DNL as the maximum
magnitude of DNL values.

JNIVERSITETET

Monotonicity in DACs

» A monotonic DAC is one in which
the output always increases as the
input increases (slope of the
transfer response is of only one
sign.) Fs
e If the maximum DNL error is less T .
than 1 LSB, the DAC is 1 o
guaranteed to be monotonic. ANALOG |
« Aconverter is guaranteed to be  °UTPUT |
monotonic if maximum DNLis <1
LSB (or if INL is less than %2 LSB).

« 3-bit nonmonotonic example in the figure is from Analog-Digital
conversion handbook by Analog Devices

DAC

. s
-+ '.’" @ NoN-MONOTONIC

14

000 001 010 011 100 101 110 111
DIGITAL INPUT

JNIVERSITETET
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D/A (DAC) settling time and sampling rate

* In a DAC the settling time is
defined as the time it takes for
the converter to settle within
some specified amount of the
final value (usually 0.5 LSB).

* The sampling rate is the rate at
which samples can be
continously converted and is
typically the inverse of the
settling time.

» Different combinations of input
vectors give different settling

tl IMES. Ficture fiom "High-speed data converters fully integrated in CMOS”,
dissertation for the dr. scient. degree by Leif Hanssen, Ifi, UiO, 1990

Fig 3.9 Risetime 6 bit DAC, input 0 to 128. (Xdivision = 50ns)

. UNIVERSITETET
OSL

Nyquist Rate D/A Converters

e 12.1 Decoder-based converters
resistor string conv.
folded resistor string conv.
multiple R-string converters

» 12.2 Binary-Scaled converters
binary-weighted resistor converters
reduced resistance-ratio ladders
R-2R-based converters
charge-redistribution switched-capacitor conv.
current-mode conv.

» 12.3 Thermometer-code converters
thermometer-code current-mode D/A converters {
single-supply positive-output converters
dynamically matched current sources

e 12.4 Hybrid converters
resistor-capacitor hybrid converters
segmented converters

JNIVERSITETET

© 1 0SLO
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Some systems exploiting data converters, "Allen & Holberg”

1 oo

Analog © puler
A s ] Bl

L H 1
e e ] 21, | L‘

e I |

! Reference

tles
liet

| Synctrosfres

Reference

b

Figure 10.1-1 (a) A/D converters and (b) D/A converters in signal processi

systems.

Ideal D/A converter

Bip, > D/A > Vout

\Y

ref

By = b2 40,27 0+ .+ b2

Vout = V(0127 +5,27 +..4b2™)

UNIVERSITETET

I OSLO
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Ideal D/A converter

Vout
Vref )
1+ 2-bit DAC
341 ‘
112 3
—+ K A V
- ; LSB _ 1 _
v— =7 =1LsB
4l ref
0+ I L1
00 o1 10 11 (100) ' Bj,

Vref
Viss=—x 1LSB = —
2 N

[uny

12.1 Decoder-Based Converters

* Creates 2N reference signals and passes the appropriate
signal to the output, depending on the digital input word.

» The switching network produces one, and only one, low
impedance path between the resistor string and the input of

the buffer
* Relatively compact switches if n-channel devices are used

instead of transmission gates.




N

Resistors

out

Resistor String Converters (12.1)

¢ Only one path between resistor
string and D/A-output

e Guaranteed monotonicity,
provided that the voltage follower
does not have too large offset

e Compact design when using only
n-transistors (no contacts)

¢ Polysilicon resistors may give
resolution up to 10 bit

e Delay through switch network is
the major speed limitation of the
circuit

« 2N resistors are required (when
only one resistor string is
included)

UNIVERSITETET

Resistors

3to 1 of 8 decoder

Resistor String Converters (12.1)

High-speed implementation
(when compared to the previous
one), due to maximum of one
switch in series >

Less resistance through switches
The switches are controlled by
digital logic

More area for the decoder
compared to the previous DAC
Larger capacitance on the buffer
input, due to the 2N transistors
connected to it

Pipelining may be applied for
“moderate speed”

2N resistors are required

UNIVERSITETET

5/22/2010



Estimating the time constant for n resistors and capacitors in series (ex. 12.2)

"

O R L N

time  constant e e tre {Test capacive RC

3 UNIVERSITETET

Folded Resistor-String Converters 12.1

» Reduzing size of digital circuitry and capacitive
loading
» 2N resistors are required

* b1b2 : Most significant bits in the 4 bit case
(selects one single word line.)
 Structure similar to what can be found in digital

memories.
- + OBS! NMOS switches here
T gorawes + Number of transistor junctions connected to the
5| B b output line is now 2 SQRT (2V), instead of 2N

RHERER T ‘ * 4 bit case: 8 instead of 16
ar %lﬁ Eag 1l « 8 bit case: 32 instead of 256

A I ‘ 10 bit case: 64 instead of 1024

e e « When a word line goes high, alle the bit

Ty L > lines must be pulled to new levels, limiting
[ zronofédecoder ] speed (no increase equal to the ratio
Z ([2 SQRT (2V)]/2N)

i
o
=4

UNIVERSITETET
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Multiple R-String Converters (12.1)

A second tapped resistor string is connected
between buffers whose inputs are two adjacent
nodes of the first resistor string, as shown.

* In this 6-bit case the 3 MSBs determine the
two adjacent nodes. The 2 (“fine”) string

g
L
(

%
:

Jidks linearly interpolates between the two adjacent
voltages from the first (“coarse”) resistor string
— - 2 x2 » Additional logic needed to handle polarity
Pk switching, related to which intermediate buffer

(el equal sizes)

has the highest voltage on the input

» Guaranteed monotonicity assuming matched
opamps and voltage insensitive offset voltages
S e 2 x 2N2resistors are required

o » Relaxed matching requirements for the 2nd
resistor string.

» Ex.: 10 bit, 4 bits for the 15t string, matched to
0.1 %. Requirements for 2" string? 24 x 0.1 %
=1.6%

i
|

A
el I |

i
(

NIVERSITETET
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12.2 Binary-Scaled Converters

» Combining a set of signals that are related in a
binary fashion

* Typically currents (resistors or plain current) or
binary weighted arrays of charges

* Example: 4-bit binary-weighted resistor DAC:

Re

. v
b, b, I] b, b, out

NIVERSITETET
0OSLO




Binary-Weighted Resistor Converters (12.2)

Re

iy \
by b, out

I 4A-bit

by by b3
Vou = ReVie “2RT4R 8R™ )
» Few switches and resistors

e Large resistor and current ratios (2V)

» Monotonicity not guaranteed

 Prone to glitches for high-speed operation

UNIVERSITETET

Glitches —from Analog Digital Conversion Handbook

- * Glitches waste energy
hen a DAC owiput changes it should move from one value an d m ake n O i Se

cally. In practice. the outpat is likely to overshoot, undersl
This uncontrolled movement of the DAC ourput during 3
difch. It can anse from two mechanisms: capacitive conpli
transitions 1o the analog output, and the effects of some switches i the DAC operating
more quickly than others and producing temporary spurions outputs,

TRANSITION WITH
TRANSITION WITH
+ IDEAL TRANSITION 4 DOUBLET GLITCH n UMIPOLAR (SKEW)

Figure 2.94: DAC Transitions (Showing Giitch)

Capacitive conpling frequently produces roughly equal positive and negative spikes
{sometimes called a dowbler gliteh) whack cancel m the longer term. The
glitch produced by switch timing di y unipolar, much larger and of
greater concem

UNIVERSITETET
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Glitches waste energy and produce noise

- Glitches can be seen as * Potential cures:
unwanted transitions on the ¢ Exact matching in time

output, instead of a (difficult)
monotonous move from one  * Reducing the bandwidth by
output value to the next placing C accross Rfin a

« Mainly the result of different circuit similar to the one in
delays occuring when fig. 12.13

switching different signals * Add S/H to the output
A Modify some or all of the

000 0000000 digital word from binary to
ool 0000001 thermometer code (most
010 0000011

011 0000111 popl"”ar)

100 0001111

22. mai 2010

21
101 0011111

0111111
1111111

~N o U B W N = O

Reduced-Resistance-Ratio Ladders (12.2)

-ba by
¢ I :
R S2R 4R S4R <
AWy

_1
3R é—’ Vp = 3V

ref)

4-bit
* Reducing the large resistor ratios (compared to Fig. 12.7, left) in a binary

weighted array by introducing a series resistor (right).
» Same relationship to the digital binary signals as in the previous case, but
with one-fourth the resistance ratio
(4/2 - not 16/2)
Somewhat similar to the R-2R ladder structure..

5/22/2010
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R-2R Iae §o b & tru e vt S\ Ve U=R
| o \ L4y
b | R by ZR — —_— ilhy
@ bayh an > & ann I
\ )= A VY y = AN 2 28 f
B r | 3
2 1 > .
R Lk 21 L=
i < L
: | [ |
= B = = i Lis ks
Tho f I
Thar-hire e
) Vref i i
e = g
“x _ S G P to
Fre
(%
2R i
The wildase @
3 g £ od tay
i x 2
2 < L et
I =L — TR
" e a2 g
D :
~,

% UNIVERSITETET
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R-2R-Based Converters (12.2)

R, R, R, R, Ry R; R, Ry

LLeLLoelLLol La
./\/\/\I.W\/./\/\/\,.
W2 wZ] wz| az] ¢

Vet ©

Viet Viet Vret Vret
— 2R — 4R — B8R — 16R

* Only two resistor values .

« Improved matching = i < R
- 4 - -

* 2 smaller size and better R, = R+R, = 2R

accuracy R, = 2R|R, = R

% UNIVERSITETET
C
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4-bit R-2R Resistor Ladder (12.2)

Vit

» The current is scaled by controlling the switches
* Important to scale the switches accordingly
« Ensuring equal voltage drop across the switches

* Suited for fast operation
¢ V. is the only changing voltage

12

UNIVERSITETET
I OSLO

(12.2)

R-2R Resistor Ladder with equal current through all switches

* Not necessary to scale switch sizes (Equal
current)

» Slower due to changing node voltages

5/22/2010
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Binary weighted current mode DAC
(12.2)(fig. 12.13)

R

% V')IJ\
s D=‘£%% ‘g%m -E%f
W1 Wiz T Whse /8 =

5V

Fig. 12.13  Binaryweighted current mode D/A converler

e Current-mode DACs are very similar to resistor-
based converters, but intended for higher speed
applications

» The output current is converted to a voltage

through the use of R

7% UNIVERSITETET

I OSLO

UNIVERSITETET
I OSLO

- n::::::'-— T - M_-._a |
" _;“:”"fw?f B ke |
et ([ = 5 ary weighted current mode DAC
- e e E (12.2)(fig. 12.13)
i
i@ T ”j
e P ST j“:]:)\
H - node DACs ares -\
i ﬂi nverters, but |r
HE > mns
[ bt current is cc:/
| _ ~|-e e

5/22/2010
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Parallel charge sharing DAC principle
=i ol [ w o
I i o W T
\ : =Rt R AL
- A __lL | . JI
: U7 o B e
Kh ;\ﬂ T\ / tg_L
4] i

% UNIVERSITETET

- 1 0OSLO

Capacitance ratios defining voltage gain

CANUANT EHET Apac R SA
iy | -k g 5
g | ak
N bk -
4 4+ lte plidi cad o
? | .. o
—— —_— M 1
- WA
The i le A m— _ b
y i
Vouk 2a
v 2, -
i
r |
14 | wher L
tonmk { 14
TN \ z) ¢
T 2 il —_—
2 Ly
b
J
L L

5/22/2010
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—
f [XCH)

(PCA) a charge based converter is obtained

finite amplifier gain.
« An additional sign bit may be realized by interchanging the clock phases

ground

Charge-Redistribution Switched Capacitor Converter (12.2) (fig.

12.12)
16C [
. . . 4
lgc 14(: lzc lcl j >_0 Vout
I
bl b2 b3 ’
W
6 2
Var o o & A-bit

By replacing the input capacitor of an SC gain amplifier by a programmable capacitor array

* Employs correlated double sampling (CDS) — insensitive to 1/f noise, input-offset voltage and

» Carefully generated clock waveforms and a deglitching capacitor are required
 Digital codes must change only when the input-side of the capacitors are connected to

% UNIVERSITETET

5 10SLO

Thermometer-Code Converters (Chapter 12.3)- number of 1s
represents the decimal value

» + compared to binary

* Lower DNL errors 0 000
» Reduced glitching noise * oA
.- 2 010

* Guaranteed monotonicity o1
* - compared to binary 4 100
counterp.: 5 101
* Need 2N — 1 digital inputs 110
7 111

to represent 2N input
values

counterpart e e e
d1d2d3d4d5d6d7

0000000
0000001
0000011
0000111
0001111
0011111
0111111
1111111

UNIVERSITETET

I OSLO
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Thermometer Based 3-bit DAC

by 02 b3
J J ’
Binary-to-thermometer code conversion
P R R S S R
B \%
Gl rrg % )

Vret

» Equal resistor sizes
» Equal switch sizes
« 2N resistors required

Thermometer-Code Charge-Redistribution DAC (12.3)
(Fig. 12.16)

1

2N

required

Vriet—% T

X

Top Capacitors are

Connected to Ground

]
]

it

Bottom Capacitors are
Connected to V gf s

-
-

.—/J

]

. * 2N capacitors
T P
VUU[

C 2
I
1T N
1
c | S

C2

5/22/2010
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Thermometer-code Current-Mode D/A-Converter (12.3)

* Thermometer-code decoder in
both row and column, for
inherent monotonicity and
good DNL

e Current is switched to the
output when both row and

T T X column lines for a cell are high
g - » Cascode current source used
77— % for improved current matching

» Suited for high speed, with
output fed directly into a

5 o] resistor (50 or 75 Ohms),
Col out

, ;= | instead of an output opamp.
l‘DD—I>°—| o & | * The delay to all switches must
:

aay | beequal (suppress glitching)
 Important that the edges of d;
and d; are synchronized

UNIVERSITETET
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Thermometer-code Current-Mode DAC -
example

) » Cascode current sources
An 80-MHz 8-bit CMOS D /A Converter . | atches connected to decoding

A e s ¥T7UA. + One gate in the differential pair
may be put to a dc level, to
improve speed.

IR FOURNAL OF SOLID-STATE CERCUITS, W 5621, MO, 6. DOCTMIER 954

TABLE I
CHARACTERISTICS OF THE DAC

Fig 1 Twostep decoding
Fig. 3. High-speed decoding circuit.

. T
ol e
'“J—r 2 T
& A

L m
fl—m
Fig 4 t’\-!lluulmc“h(LﬁH CUTEN SurOE.

Ve Ve v Vot

L-TR - ) ] Lh
ade
o

I [

. P " UNIVERSITETET
Pig 3. Configuration o fis nruh]s‘!lk ransator onfigera- SL

5/22/2010

18



Single-Supply Positive-Output Converters

Q1 Qo o o
Vbias Viias
Vout
50

For fast single-supply positive-output

» One side of each current-steering pair connected to V., rather than the
inversion of the bit signal, to maintain current matching. When the current is
steered to the output through Q2, the drain-source voltage across the current
source, Q3, remains mostly constant if V,, stays close to zero, such that Q2
remains in the active region.

» Thus, Q2 and Q3 effectively form a cascode current source when driving current to
the output.

» Does not need d;and d; ; reduces complexity and removes the need for precisely

timed edges to avoid gI'itches.

. UNIVERSITETET

© 1 0SLO

Dynamically Matched Current Sources

(12 3) . Cur_rer)t sources are
- , periodically being

- for high resolution  eqjjated to ideally
the same value
(matched) during
normal operation, to

ensure proper
}J et resolution.

A Low-Power Stereo 16-bit CMOS D/A
Converter for Digital Audio

HANS J. SCHOUWENAARS. sewion stsnes. itee, [ WOUTER J GROENEVELD,
ant UMK A I TERMERR

L| Shift Register
0]

0 0]

» A*once and for all’
matching of each
current source is not

la1 Iz [ lga las les

@| @ —| @ o gpough due to
1 ST e A Coe mechanisms
_ [ e T#?:S §| . .
‘ Iz;u;_:;gmmoua 4B |nC|ud|ng

Switch  Network |s ....,' v | .
‘ e temperature drift and
i o T 1 [ s |

=mezm—l=t—1 gate leakage.

. UNIVERSITETET

© 1 0SLO
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Dynamically Matched Current Sources

(12.3)

Shift Register }J |
T] T T y 4
vl el ol

lgs N las les

‘ Switch  Network ‘

[ v v v [ [

To D/IA

* 6 MSB realized using a
thermometer code.
(binary array for the
remaining bits)

* All currents are matched

against |, one after

one, to get the same

precise value on all Idi.

One extra current source

is included to provide

continous operation,
even when one of the
sources is being
calibrated.

NIVERSITETET

0OSLO

Dynamic matched current sources’,
— method for calibration

Calibration Regular Usage °

| 4 Is connected to |.; during
calibration. This places whatever
voltage is necessary across the
parasitic Cy so that Iy equals I -
When S; is opened Idi remains
nearly equal to I .

Major limitation in matching the 64
current sources is due to
differences in clock feedthrough
and charge injection of the
switches S;. - have relatively large
Cgs and V (large Vs so that a
certain voltage difference will
cause a smaller current deviation.)
Using 0.91 . in parallell makes Q,
need only to source a current near
0.1 ¢+ With such an arrangement
a large low-transconductance
device can be used (ex.: W/L=1/8)

et UNIVERSIETET
0

I OSL(
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12.4 Hybrid Converters

« Combination of different techniques, like for
example decoder based, binary scaled, and
thermometer-code converters

» Hybrid converters combine the advantages of
different approaches for better performance

* Example: Thermometer code used for MSBs,
while using a binary-scaled technique for the
lower LSBs to reduce glitching. Using binary
scaled for the LSBs, where glitching

requirements are reduced, may save valuable
chip area.

Resistor-Capacitor Hybrid Converters (12.4)

e Top 7 MSBs determine
Cumrme  Cmme which pair of voltages

) _T :[lr R across a single resistor is

passed on to the 8-hbit
L G840 capacitor array.

e A 7-bit resistor-sting DAC

is combined with an 8-bit

vty ! SC binary-weighted DAC
for a 15-bit converter

_]_i_”_l _[J] * 15-bit monotonicity,

ME - without trimming
N = AI__I_—I__|V High-Resolution Low-Power CMOS D /A Converter
A,
9u, OF g, JOHN W. YANG anp KENNETH W. MARTIN,
‘“‘T—‘— SENIOR MEMBER, IEEE .
= 5, Bus-
Abstract — A very-low-power, high-res dium-speed D /A con-
verter is described. The converter was realized using a standard analog
CMOS technology. It achieved 15-bit “monotonicity and less than
Tbis Boas 0.07-percent overall linearity at a clock frequency of 100 kHz, without
Fig- 1221 One excmple of o 1 5-bit resisior copacitor hybeid DA coewerter requiring any frimming or calibration. The measured SNR was 85 dB, th

power dissipation was less than 10 mW, and the distortion for a sinusoid:
output was less than 0.04 percent. The D/A converter is intended fol
battery-powered speech and music synthesis applications where high dy-
namic range, low power, and low cost are all important.

5/22/2010
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Segmented Converters (12.4)

» Combination of
R2 thermometer- and
binary
Yo « 2 MSB’s are
thermometer
(reduces glitches)
«4|SB’s are
binary
* High bits
switched to the
output, low bits to
ground

Viet

2MSB's 4Bt Binary LSB - Segment

UNIVERSITETET

A few published DACs

Publication SFDR ENOB @ Nyquist Power Supply Technology Reference
year @Nyquist Nyquist update rate, consumpt. voltage [nm]
[dB] [Ms/s] [mw] v1
188 65

2009 >60dB 9.7 1000 K LR

2008 80 129 11 119 0.8 1.8 180 o AerCASs

2007 59 9.5 200 56 2.25 33 180 o
@3.3V

2004 40 6 250 23 0.14 1.8 180 ;"e‘i";;{ed,, sty

2001 61 9.84 1000 110 035 3.0 350 o scommor

1988 95 15.45 0.044 15 5 2.5-5 2000 ERE

UNIVERSITETET
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Next Tuesday (9/3-08):

» Chapter 13 Nyquist Analog-to-Digital Converters

% UNIVERSITETET

- 1 0OSLO

Additional litterature

* Phillip E. Allen, Douglas R. Holberg: CMOS Analog
Circuit Design, Holt Rinehart Winston, 1987.

* R. Gregorian, G. Temes: Analog MOS Integrated
Circuits for Signal Processing, Wiley, 1986

« Leif Hanssen: High Speed Data Converters Fully
Integrated in CMOS, dissertation for the dr. scient.
Degree, University Of Oslo, 1990.

» A/D , D/A Conversion Handbook, Analog Devices.

* Lecture Notes, University of California, Berkeley,

EE247 Analog Digital Interface Integrated Circuits,
Fall 07;http://inst.eecs.berkeley.edu/~ee247/fa07/

% UNIVERSITETET
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Nyquist.Rate Analog-to-Digital Converters
Tuesday 9th of March, 2009, 9:15 — 11:00

Last time — and today, Tuesday 9th of March:

Last time:

12.1 Decoder-Based Converters
12.2 Binary-Scaled Converters

12.3 Thermometer-Code Converters
12.4 Hybrid Converters

Today — from the following chapters:
13.1 Integrating Converters U
13.2 Successive-Approx. Converters W“i
13.3 Algorithmic (or cyclic) A/D Converters

13.4 Flash (or parallel) converters

13.5 Two-Step A/D converters
13.6 Interpolating A/D Converters ( 16/3-10)
13.7 Folding A/D Converters (16/3-10)
13.8 Pipelined A/D Converters

13.9 Time-Interleaved A/D Converters

5/22/2010



Different A/D Converter Architectures
Low-to-Medium Medium Speed High Speed
Speed Medium Accuracy Low-to-Medium
High Accuracy Accuracy
Integrating Successive Flash
approximation
Oversampling Algorithmic Two-Step
Interpolating
Folding
Pipelined
Time-interleaved

UNIVERSITETET

Different ADCs depending on needs

18 1 T T T
MERSUREMENT I i I oFlash
24 16 i e + -0 Folding
VOICEBAND, 2 Subranging
i AUDIG 1 i I :
22 ra 14 F === | + - rwr)-StEp
| DATA p— * * Pipeline
) 20 /a:oulsrmu g 12 W
= HIGH SPEED; m
= 184 INSTRUMENTATION, e
E VIDED, IF SAMPLING, m 10
5 e SOFTWARE RADIO, ETC. (=]
g L]
Q 14
6
12
=== CURREN
STATE OF THE ART 4
10 (APPROXIMATE)
B T T T T T T T |. 2 L 1 L . :
1@ we ok ek woock M oM oM G 0.1 1 10 100 1000 10000 100000

SAMPLING RATE (Hz) Sample Rate [MHz]

Figure 1. ADC architectures, applications., resolution,

and sampling rates, Fig. 2. ADC sample rate vs. ENOB from 1987 w 2005,

TEEE 2005 CUSTOM INTEGRATED CIRCUITS CONFERENCE,

Which ADC Architecture Is Right
for Your Application?

By Walt Kester [walt.kester@analog.com]

Scaling of Analog-to-Digital Converters into Ulira-Deep-Submicron CMOS

UNIVERSITETET
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A/D-conversion — Basic Principle

Vin — | AD > B 1t

out

9 10+
Vref

01+

0
Vie(b12 0,27 + 402 ™) = Vip+x

1 1
where (_EVLSB <X< EVLSB)
» The analog input value is mapped to discrete digital

output value
» Quantization error is introduced

Integrating Converters (13.1)

1
<
— . (s,)
G
S i
“Vin 1 R, Comparator l—oby
Mo . e Control > — P2
Vref / ) Counter | . ba
logic )
(Vin is held constant during conversion.) Py
Clock 1
o |
fo = =— Bout
Telk

* V(1) = V,,t/ RC (V, ramp derivative depending on V,, )
* High linearity and low offset/gain error

» Small amount of circuitry

* Low conversion speed

o 2N*1* 1/T, (Worst case)

5/22/2010



Integrating Converters

~Vin3,/
Prase() | | Phase (Il)
(Constart slope)

T, (Three values for three inpLits)

» The digital output is given by the count at the end of T,
 The digital output value is independent of the time-constant RC

PosSivive INTELGIRATO N U SE D
| DUAL - SuOVvE Apt S
f e - | L
v T POrH % U,y = — | .. df
— A | S R \
1 e | -I* \\\ )
NV L e—t — e ¢
r ) —1 | ¢
| T T g | = e 2 t
e o el - | R ¢
-_ P | — =
: a0 e ple | L PR P = Lwso = Slope  An L
| oo~ |—— ‘II:““”"j ot V=4 Vo = Yy L |
| ouk put b e
ey X 1,7 Zow ¢ REC = tomstant ? Clack b
C P ik 2" A
\ = % el " T = — - 15 M,
1 L= 4 Ve cHawme™ o &
f |
~ by | r . Ak . . £ e
— Vi _ 2854 equetton (1117
== o 3 Lk
v L — T \ | 2
- A [V q o - Yia W gy V 2omg
Vot 1l Vo = L= -
e = = iE L [ L
re 3 -
ok iR C E R :
T = 18 wa €
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Integrating Converters — careful choice of T1 can attenuate
frequency components superimposed on the input signal

0 -
H() B —20 dB/decade slope

(@B) T

-30 4

f |(\p > Frequency (Hz)

. )
7o 60 100 120 180 240 300 (Log scale)

* In the above case, 60 Hz and harmonics are
attenuated when T1 is an integer multiple of 1/60 Hz.

* Sinc-response with rejection of frequencies multiples
of 1/T,

UNIVERSITETET

I OSLO

Successive approx ADC algorithm
(13.2)

TEST ASSUME X = 45

* If we have weights of 1

kg, 2 kg, 4 kg, 8 kg, 16
ves—remnz -1 K, 32 kg and will find
the weight of an

IS X = (32 + 16)? NO — REJECT 16 — 0
unknown X assumed to
HHH sx=p2+82 YES — RETAIN8 = 1
H sx=p2+s+42 YES — RETAIN 4 — 1 be 45 kg
[T] ISX=(32+8+4+2)7 NOREJECT20 © 1011012
(] ISX=(3248444+24+1)?  YES— RETAIN1 =1

TOTALS: X =32 +8 +4 +1 = 4510 = 1011012 =1*32+0*16+1*8+1*4+0

Figure 4. Successive-approximation ADC algorithm * *
using balance scale and binary weights. 2+1 1
Which ADC Architecture Is Right = 4510

for Your Application?

By Walt Kester [walt.kester@analog.com)

5/22/2010



Successive-Approximation Converters

— « Uses binary-search
CBCSLELE algorithm

* Accuracy of 2N requires N
steps

* The digital signal
accuracy is within +/- 0.5
Vref

* Medium speed

* Medium resolution

* Relatively moderate

complexit

JNIVERSITETET

0OSLO

DAC-Based Successive Approximation

V.

in ; iati i
Successive-approximation register
o S/H %. (SAR) and control logic
by| by| - : b, — Bout
1] P2 N
D/A converter

Voia ——o V

ref

* V4 IS adjusted until the value is within 1LSB of V,
« Starts with MSB and continues until LSB is found

* Requires DAC, S/H, Comparator and digital logic

» The DAC is typically limiting the resolution

£ #8% UNIVERSITETET
“0¥ - 10sLO
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Succ. Approx ADC, example 13.2

Extmple 13.2 Vot
Ve ¥
~
" = : 1+
— Sy l—’]1>_\ T2
| T ooaL ] T
1 otpet
| b+
— eled Doyt | ead
Vnn eyelt eyt tyded
: veg #
Vet = 8V PR
Vi = 2.8V .oy
"
T-bit ttmuersiva oy
Al w
: P
(.f'.g 1=z By =100 , Se lest v, = Mow | Swee M. < Vg b, =06
Cuele 1 Bax =016, 5 dack Vo ® 2.0V . Shnee Voo 2 Vga , ba=>l
Cucle % Bair =00 e < y
2 | : o O Nio & W, ; \:1 e
o 2

UNIVERSITETET

I OSLO

SThe [ B A R=T=]
loer L// FLow

Nee 5v

T Vo = T = o = 4v
lshmf't Vin , L=0O \ efped o 25 2
L
T Vi, PV, & 287w >4V s No v
1
biia = Pra=b =0

C=i+1 = ox1 =1
Vo s

/ [ V?‘M - g - .;:\r—_ Y —2d T2V

T=1 237 — no

Via 7 Vo &> 2 g3y >V 1y yES T

T34 biya = Baa 74 S ‘:’231
L‘\E__l ————.
T=1+1 =1=+1= 2
N £ &
Vg = Vg * 7 = IV + gzl

2
] 2 =4
=2 2237 w~NoO?

Via> Von & 263V >3 7 — o ¥
by=0

|oree | :

——— T
T > 2+
Vosa ug-iu:iw R 27 o fmve
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Charge-Redistributio

* Instead of using a
separate DAC and
setting it equal to the
input voltage (within 1
LSB) as for the DAC
based converter from
figure 13.5, one can
use the error signal
equaling the difference
between the input
signal, V;,, and the
DAC output, Vpa

n A/D-Converter (unipolar)

Signed input

Sample v =V, =1

Fig. 13.6 Flow groph for o modified successive approximation

|divided remainder]

Numbers from 13.2 setting an error signal V equal to
Vi, — Vpa — modified succ. approx as in fig. 13.6

Fie 134 E4AMELE 132 USime  mosimiee Sule. ACPRe< ((Divi 080 Remimeca)
. 1 -
__—5 [ddert brme Signat V= Vi = Voa,
[Sant)
[Bos Ve, V=4l §31v 4 U ==l kb
B | S L B o b,= 0
— N O— ) —_ =
| ] Vs — 164V + 2V = 0.3 v
1 .fﬂ L
i T =7 f=141=12
| 'r 1
| | | 2 - 2 - - (]
L
S A
| -
I| Vv =S | \,-e&‘\l,-n/(..{ o 8L W0 ?
= [ 1
__t__ e by = |
| | T
|| L_‘;‘___u page MWL V26, 83 — S/}{)«— — 0. bS WV
| 2 l The o L=2+\=73
ll = "k Sipmed W eowals T
I Syl e e B byby= 01D
PR B bl o (T' _3.
TR the in €< 132)
| 570 | Bedween  Ane N s

T S‘-T-IJ LN

\'L"‘“u Comdd A

B wwlpet
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Unipolar Charge-Redistribution A/D-Converter

VX 0
16C L 8C L ac —L J— »SAR
bl b2 b
39 32 _f_ s, 1. Sample mode

n

I's
1 2
Vinb—?/T—oref T T T T r
IECJ_ 8C = 4C - 2C T c= c== -+ SAR
LAY
s

\Y
ref
VX——Vin+T ﬁz
1EC_|8C_L4CJ_ ZCJ' C_L C_L I+ SAR
b. b —

1
Viod L oVie 2. Hold mode
- Tsa
3. Bit cycling

1N

|_<,

/.

UNIVERSITETET

Charge-Redistribution A/D-Converter

e Sample mode:

« All capacitors charged to Vin while the V.m0 2
comparator is reset to its threshold o S B G A san
voltage through S,. The capacitor array ] T Pl L el
is performing S/H operation. i;% —i:% —i——% = —i:% A R

» Hold mode: .

*  The comparator is taken out of reset by v D_?JT_OV.
opening S,, then all capacitors are . ’—/o—
switched to ground. V, is now equal to i : |
—V,, Finally S, is switched so that Vg~ "= = w75 == o P‘“
can be applied to the capacitors during _ETT JET“I J;;I L T _g_'i J;JTS s
bit-cycling.

« Bit-cycling: . O_T—k:_o -

* The largest capacitor is switched to

Vi Vy g0€S to =V, + V2. If V, is e l—/ ;
negative, then V, is greater than V, /2 - 7 ‘EQ_' ‘i
o ' g

and the MSB capacitor is left EC“;LLT 0
S

connected to V,. Otherwise the MSB
capacitor is disconnected and the
same procedure is repeated N times g;

5 10SLO
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o 477

hote wultages ot
cherge - redisdibodlon  Conyerban

oK. (2.2
Find inlermectiate
opuradion of ke €- bk
-'1'5. 1323 Assume £ af a

pormsitie cap. ob Uy
Vief2 SV Wi, = L23V
,

Tep -plstes 5
Vin Su bo Vo te Rl =T
TGk Lol [ minias e s =
FM Sitic s C_‘ V’ {_
Veeo = copaciane | Vout = ————.Vre
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E2vT Hew

LS
e b, Ts sw'.),am‘.\l Comdrolti g
o b tageitme !
V= ~pq8y « = .SV
AR @r~&)
= —8 984 V + 2v = {,01eV
Vo6 =b=0
S
iz = \.I(‘,_:—-o_ﬁ-f"fu -t--—-?—'- SV
@ (22+&)
Va 2 ~ 6984w +10 = 0006V
Whew b, 0§ switchedd Vg S0
So b, =0 Gad Vi T3 &F
hﬁdc_?:_.:'g_‘i&q vV by
o Swikeeng !;Z_BGLK + 8"‘“‘

* by S Swikhed :
Ves =084V 1 A= —0u84V

V, 75 mow < 0 => bg= [ and
by lft enmecked 4o Ve f 20
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SVIZ w2 8W
1v i = Lase
lasw il = 8 L3SV
L iy = 8 s
W I3 0,00y

(B.rrsrorasIv = 01FFSv

(8015 v 0. U v LI Te1S v = | 09338

22. mai 2010

Ex. 13 VIEWED I s THER LAY  Amg WITREUT
Vit (2 ¢
a

c Veek = S

Succ. Approx. Approach
flow graph

PALASITICS
-
Signed input
v
| Sample V. Vga=0, i=1
No
Yes
| b =1 | I b, =0 |
| Vga Vou *V,q /2"t |l Vo> Von — (Vo /2 Y |

22

UNIVERSITETET
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Signed Charge redistribution A/D

(Fig. 13.8)

* Resembling the unipolar version
(Fig. 13.7)

» Assming V,, is between +/- V, /2

« Disadvantage: V,, attenuated by
a factor 2, making noise more of
a problem for high resolution
ADCs

» Any error in the MSB capacitor
causes both offset and a sign-
dependent gain error, leading to
INL errors

Resistor-Capacitor Hybrid (figure 13.9 in "J & M”)
* First all capacitors are charged to V;,

before the comparator is being reset.

* Next a succ. approx. conversion is
performed to find the two adjacent
resistor nodes having voltages larger
and smaller than V,,

TJ =~ 4+ One bus will be connected to one

node while the other is connected to
the other node. All of the capacitors
are connected to the bus having the
lower voltage.

* Then a successive approximation
using the capacitor-array network is
done, starting with the largest
capacitor...

IRy
s (=

TTTTTTTT
L

| L

s ool

)

I cemeprier

JNIVERSITETET

" 1 0SLO
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Speed estimate for charge-redistribution converters

* RC time constants often limit speed

* Individual time constant due to the
2C cap.: (Rg;*R+R,)2C

* (R ; bit line)

* Tau,=(Rs;*R+R,)2NC, for the
circuit in fig. 13.12

* For better tha 0.5 LSB accuracy: e
Timaueq < 1/(2N+1), T = charging time

¢ T>Taug, (N+1) In2

Fig. 13.12  Simplifi
pling v implified model of & capociior array during the sam-

= 0.69(N+1)Tau,,

* 30 % higher than from Spice
simulations ("J & M”

NIVERSITETET

Algorithmic (or Cyclic) A/D Converter (13.3)

* Similar to the Successive
approximation converter

» Constant V4

* Doubles the error each cycle,
instead of halving the
reference voltage in each
cycle, like succ. approx. conv.

* Requires an accurate
multiply-by-2 amplifier

» Accuracy can be improved by
operating in four cycles
(instead of two)

» compact

| Vo 2(V =V 14) | | Vs 2(V+ Vg 4)

5/22/2010
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Ratio-Independent Algorithmic Converter

Out
Vino—o . .
S/H , -‘ Cmp Shift register]
%2 | sH J o—o Vref/4
i
Gain amp — Tv—o-Vref/a

» Simple circuitry

* Due to the cyclic operation the circuitry are reused in
time

* Fully differential circuits normally used

NIVERSITETET

© 1 0SLO

Ratio-Independent Algorithmic Converter
Q1

c2l

c1 AL a o—
’ 3_ ol e I ol

1. Sample remainder and cancel input-offset voltage. 2. Transfer charge Q, from C, to C,.
1

+

vil,

4]

Vout = 2 Ve

T_ g’c_zra\l
C1 C1 L

Verr Verr o3

c

STy T :

T

3. Sample in;ut signal with C; again
after storing charge Q; on C,. 4. Combine Q; and Q, on C,, and connect C, to output.

» The basic idea is to sample the input signal twice using the same capacitor.
During the 2 sampling the charge from the 15t capacitor is stored on a 2"
capacitor whose size is unimportant. After the 2" sampling both charges are
recombined into the 1st capacitor which is then connected between the
opamp input and output.

» Does not rely on capacitor matching, is insensitive to amplifier offset.

. UNIVERSITETET
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@N-1)to N
encoder

N digital
outputs

Flash (Parallel) Converters (13.4)

High speed — among the fastest
2N comparators in parallel, each
connected to different nodes —
area consuming

High power consumption
Thermometer-code output fed
into decoder

Nands used for simpler
decoding and error detection
(bubble error)

Differential comparator required
to ensure sufficient PSSR

Top and bottom resistors
chosen to create the 0.5 LSB
offset in an A/D converter

. UNIVERSITETET
I OSLO

. UNIVERSITETET
I OSLO

5/22/2010
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Clocked CMOS comparator

Rasistor
string

L
Vi c CMOS inverter
» = To decoding
i logic
" “
[

L]

Fig. 12.17 A clocked CMOS comparaior

* When the clock ("phi”) is high, the inverter is set to its
bistable point, Vin = Vout (= Vdd/2). The other (left)
side of C is charged to V,;.

* When the clock ("phi”) goes low, the inverter
switches, depending on the voltage difference
between Vri and Vin- (Vy > Vin; 1 output, V,; <V, 0 output from inv. )

» Differential inverters helps poor PSRR with this
simple comparator solution.

NIVERSITETET

© 1 0SLO

Issues in Designing Flash A/D Converters
 Input Capacitive Loading: The large number of comparators connected to
Vin results in a large capacitive load on at the input node which increases

power and reduces speed

« Comparator Latch-to-Track Delay: The internal delay in the comparator
when going from latch to track mode

» Signal and/or Clock Delay: Differences in signal/clock delay between the
comparators may cause errors. Example: A250-MHz, 1-V peak input-
sinusoid converted with 8-bit resolution requires a precision of 5ps. Can be
reduced by matching the delays and capacitive loads on the signal/clock.

e Substrate and Power-Supply Noise: For a 8-bit converter with Vref=2V
only 7.8mV of noise injection is required to introduce an error of 1LSB. The
problem can be reduced by proper layout (Shielding, Differential clocks,
Separate power supplies, and symmetrical layout)

e Bubble Error Removal: Comparator metastability may introduce wrong
thermometer code ( a single 1 or 0 in between opposite values)

* Flashback: Caused by latched comparators. When the comparator is
switched from track to latch mode a charge glitch is introduced at the input.
The problem is reduced by using a preamplifier and input impedance
matching

. UNIVERSITETET
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Two-Step (Subranging) A/D Converters (13.5)

Vin
. 4-bit it |1V 4-bit
vml» MSB [y B b q» LSB

A/D AD

Gain am

First 4 bits Lower 4 bits
(by,05 bg by (bg, bg, b, bg)

» Popular choice for high-speed medium accuracy converters (8-10 b)

» Less area and power consumption than a Flash ADC

» The MSB's are converted during the first step. In the next step the
remaining error is converted into the LSB’s

» Speed is limited by the Gain Amplifier

» Requires N-bit accuracy for all components (May be relaxed by

ing Digital Error Correction

Digital Error Correction for two-step A/D

S/H2
(8-bitaccurate)

Gain amp

4-bit 4-bit
Vin o—»S/H1| e '\,QISDB —\ D/A

(5-bit accurate)

8-bit accurate)
( ) 8-bitaccurate)

4-bit accurate)
5 bits

Error M 5-bit
D :|>oorreetion<:: LSB

AD

(5-bit accurate)

8 bits

Digital delay

» The accuracy requirements on the input ADC is

relaxed due to the error corr.. 4-bit for MSb converter

5/22/2010
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Pipelined ADCs (13.5) Once the first stage has completed it's
work it immediately starts working on the next sample

* Small area

The pipelined ADC has its origins in the subranging architecture,
first used in the 1950s. A block diagram of a simple 6-bit,
rwo-stage subranging ADC is shown in Figure 11,

bx

Q ANALOG
_ O
. b s
g .
g | @ SIE}
£ R
5 | | OUTPUT REGISTER
& : H Lk sh e d
Z‘ . - obus N1 MSHs [3) N2 LSHa {3}

Q1 Q1 Q1 -z -

DATAOUTPUT, N-BMS=N1 + M2 =2 +3=0
T Figure 11. &-bit, two-stage subranging ADC.

| I
V2 1-bit 1-bit 1-bit 1-bit
ne=MDAPRX DAPRX ® ® * “PDAPRX DAPRX

(DAPRX - digital approximator)

The output of the SHA is digitized by the first-stage 3-bit
sub-ADC (SADC)—usually a flash converter, The coarse 3-bit
MBSE conversion is converted back to an analog signal using a 3-bit
sub-DAC (SDAC). Then the SDAC output is subrracted from the
SHA output, the difterence is amplified, and this "residue signal”
is digitized by a second-stage 3-bit SADC to generate the three
LSBs of the total 6-bit curput word.

A R = RANGE
IDEAL b
N1 SADC /I/I/l./l L /I/I/I/ }OF e

UNIVERSITETET

Analog pipeline!

I OSLO

Pipelined ADC -example
A Cost-Efficient High-Speed 12-bit Pipeline ADC
in 0.18-pm Digital CMOS

Terje Nortvedt Andersen, Bjornar Hernes, Member, IEEE. Atle Briskemyr, Frode Telsta,
Johnny Bjernsen, Member, IEEE, Thomas E. Bonnerud, and @ystein Moldsvor

Swilched-Capacitor Reference Voltage Cammon Mode Nomimal sempling ree 1M
Bias Generator Genarator Voltage Generator Technology T Obpm digial CMOS
Nominal supply voltage L3V
Full scale analog input Wor
Arca OB
[ r—
DAL
2 bit flash T !\].
SN (= 10Mi1z)
SNDR (G 10MHz)
SFOR (fo=10MHz)
ENOE (= 10M11)
2

|2i
Dour

& Supphy voltsges[2 V2TV
* Supply voltage=[IV,3 V)
» Supply voltagest/
" Supsty voltsges 10V

100
UA 2

5/22/2010
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« f, is four timer higher than f;

 Tones are introduced at multiples of f,/N

Time-Interleaved A/D-converter (13.9)

» Very high speed (figure to the right from “Allen & Holberg”)
—f,, which in addition is slightly delayed
e Only the S/H and the MUX must run on the highest frequency

—

: - 5= S|
n Ty Ty+Te Tyt T, Tyu+1g

Figure 10.7-2 A time-interweaved A/D converter array.

. UNIVERSITETET
OSL

Time Iinterleaved
Time Interleaved
Flasl Ipellne ADC
ADC
Plpellne
ADC

Time-Interleaved — best compromise between
complexity and sampling rate — may be used for
different architectures [Elbjornsson '05]

r s

ajes Budweg

ADC
T
ntegrating|
(A DC

ampling rate

Complexity'die size/power consumption

Frgue 7 Comparison between ADC architectures. The tme mbcrleaved suscesinve
approximation ADC gives the best conpromise between complexity and

JNIVERSITETET

© 1 0SLO
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Dynamic range

» Dynamic range is defined as the power of the
maximum input signal range divided by the total
power of the quantization noise and distortion

 Often referred to as Signal-to-Noise-and-
Distortion range

RELATIVE fy =7MHz
° S/(N + D) AMPLITUDE
HARMONICS AT: |#Kf infy| 1, = 20MSP
° SINAD n=ORDER OF HARMONIC, K=0,1,2,3,...
HARMONICS
E 3" HARMONIC §
I S
& : !
- |
1 2 3 4 1] 6 T 8 L] 10
FREQUENCY (MHz)

NIVERSITETET

© 1 0SLO

Analog and digital supply voltages are reduced as technology scales

Some ADC trends:
*® =" « Limited dynamic range at
T RO 7 .46 7 400 o N FRNRRTROITE TSRS S low supply voltages
s, W’W P : remains the utmost
;ﬁ, ‘/Preusionm\alug lr’/m Cha”enge for hlgh_
& sl - . .
= : resolution Nyquist
%_5 L T Dl Vg K@\ converters.
% ; mm I « Oversampling converters
] Th[ﬂsnola Voltages m W|” dominate thIS arena in
05 S e e the future
0 : : : * Linearity correction with
250 200 150 100 50 1] . . . .
Technology node [ digital correction is

becoming prevalent
Fig. 1. Scaling of supply and threshold voltages.

TEEE 208 CUSTOM INTEGRATED CIRCUITS CONFERENCE

22. mai 2010
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Scaling of Analog-to-Digital Converters into Ultra-Deep-Submicron CMOS

¢ BN dP. R Gray®
) Y. Chiu ", B, Nik and P. R. Gray NIVERSITETET
' Electrical and Computer Enginee v of linois st Urbana-Champaign OSLOD

* Electrical Engincering and Computer Sciences. University of California at Berkeley
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FOM = 2PENOBE

FOM (17 step)

Effective Number of Bits

Fig. 22. FOM as a function of effective number of bits and technology.

Analog Circuit Design in
Nanoscale CMOS Technologies

C

22. mai 2010

e FOM: Figure of Merit

 High-resolution conv.:
FOM minimum at about
10-17J/step

orders of magnitude
worse than 14 bit
converters, suggesting
that there is much to be

Nyquist ADCs at ISSCC; FOM, Effective Number of Bits

6-bit ADCs : FOM about 4

gained by designing more

effecient 6-bit ADCs

» Better ENOB reported for
350 nm than 250 nm, 180

nm and 130 nm

» Data from ISSCC up to
2005.

% UNIVERSITETET

5 10SLO
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P
FOM = 2?ENOB°

i *0.09
00|| 013
I ®08

0.001

o:mmi
| ;
L Sampling Frequency

Fiig. Z3. FOM cBIY for Nyguist ADCS in SSCE 2000-2007.

22 maizoto  Analog Circuit Design in
Nanoscale CMOS Technologies

Nyquist ADCs at ISSCC; FOM, Sampling rate
* Maximum Sampling

frequency (Usually
faster is better) and
FOM.

* ISSCC 2000-2007 (90

nm, 130 nm, 180 nm
technologies)

* Small improvement in

sampling frequency in

VoL 57, .0, Gtober 2009 | Pro<rsorna of e IEEE going to finer

technologies, mainly
due to reduced
capacitance.

UNIVERSITETET

I OSLO

42
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Publication SFDR [3\[e]:¥) Nyquist Power Supply Technology Reference
year @Nyquist Nyquist update consumpt. voltage [nm]
[dB] [mw] v
IMSISI

2006 8. 1000 250 3.5 1.2 e ved | EEERSC08

2007 4 2500 24 0.057 1.2 130 peeined e

2007 5 500 6 0.9 1.2 65 e | GeRRe
S oo

2007 8 100 30 204 1.0 180 oot sco
pipelined

2008 10 30 22 0.7 1.8 180 PR

2009 81 13 0.073 0.7 180 B

2009 275 43 1750 2.2 002 1.0 90

2009 10 1.2 122 0354 33 350 e B

22. mai 2010 43
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Sampling-time uncertainty

*Variation in output voltage caused by variations in the time of sampling

V
Consider the following input signal: Vin = —;—Ef sin(2xfint)

If the variation in sampling time is Al following equation must be
satisfied to keep A\/ less than 1LSB

UNIVERSITETET

I OSLO

5/22/2010
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A Cost-Efficient High-Speed 12-bit Pipeline ADC
in 0.18-y:m Digital CMOS

Terje Nortvedt Andersen, Bjornar Hernes, Member, IEEE, Atle Briskemyr, Frode Telsta,
JTohnny Bjersen, Member, IEEE, Thomas E. Bonnerud, and @ystein Moldsvor

UNIVERSITETET

MESOLUTION [1518)

Next Tuesday (10/3-08):

Rest of chapter 13.
» Chapter 14 Oversampling Converters

A o NYQUIST QUANTIZATION
NOISE=q/
m OPERATION I e A v
ts fs

NDUSTIIAL
MEASUREMENT

OVERSAMPLING
AGgAND. + DIGITAL FILTER

e B Kfs L pecmation ) fs
T L.
2 DIGITAL
T RN ATION. m FILTER

— DIGITAL FILTER
REMOVED NOISE

VIDED, IF SAMPLING.
= SOFTWARE RADHC, ETE.

s Kig Kfg
" T =
- PP . b OVERSAMPLING
o CURMENT 3 z L + NOISE SHAPING
] A . Kfs + DIGITAL FILTER |fs
d c i + DECIMATION "
" e ————————
W8 Ik 1k 1K M fOM fooM 1o 2-4 - REMOVED
SAMPLING RATE {Hr) MOD %‘m NOISE
Figure 1. ADC arc . applications, . g Kig Kfg
and sampling rates. 3 2

Figure 6. Noise-spectrum effects of the fundamental
concepts used in Z-A: oversampling, digital filtering,

noise shaping, and decimation.

5/22/2010
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Analog Layout - mismatch

ANALOG LAYOUT

Alan Hastings

e ”...The ratio between two similar components on the same integrated
circuit can be controlled to better than +/- 1 %, and in many cases, to
better than +/- 0.1 %. Devices specifically constructed to obtain a
known, constant ratio are called matched devices.”

» "Matching — the Achilles Heel of Analog” (Chris Diorio)

22. mai 2010

47

Some companies located in Norway, doing (or that have
done) full custom data converter designs:

» Analog Concepts (Trondheim)
« Arctic Silicon Devices (Trondheim) ’ﬂSEMRD

ONDUCTOR

» Atmel Norway (Trondheim)

* Energy Micro (Oslo)

* GE Vingmed Ultrasound (Horten)

* Nordic Semiconductors (Trondheim,
Oslo) S EN ERGY

* Novelda (Oslo)

» Micrel (Oslo)

* Sintef (Trondheim, Oslo)

 Texas Instruments (Oslo)

#3 TEXAS INSTRUMENTS

22. mai 2010

48

5/22/2010

24



Metastability iN FFS ( http:/mmww.asic-world.comttidbits/metastablity.html ) To avoid M. in comparators: Make gain
high, increase current levels.

©@Wnat is metastability?
Whenever there are sebup and hodd time violations in any fiip-fop, it enters a
state where its oufput is unpredictable; this state is known as metastable
state (quas: stable state); al the end of metastable state, the flip-flop setties
down to either 1" or 0", This whole process is known as metastability. In the
figure belgw Tsu is the setup time and Th is the hold time. Whenever the

input signal D does not meet the Tsu and Th of the given D flip-flop,
metastability occurs.

When a flip-flop is in metastable state, its output oscillate between 0° and '1°
as shown in the figure below (here the fipflop output setties down to '07)
How long i takes ta settle down, depends on the technalogy of the fiip-flop.

22. mai 2010

49
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Interpolating ADCs, Folding ADCs and Oversampling

Converters
Tuesday 16th of March, 2009, 9:15 — 11:00

Last time — and today, Tuesday 16th of March:

Last time:

13.1 Integrating Converters

13.2 Successive-Approx. Converters

13.3 Algorithmic (or cyclic) A/D Converters
13.4 Flash (or parallel) converters

13.5 Two-Step A/D converters

13.8 Pipelined A/D Converters

13.9 Time-Interleaved A/D Converters

Today — from the following chapters:
13.6 Interpolating A/D Converters R L]
13.7 Folding A/D Converters

14.1 Oversampled converters

— T
1 2 4 8 16 32 64 128 256 5121024
Oversampling Rate

JNIVERSITETET

° 1 0SLO
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Interpolating ADCs. Rightmost interpol.=4 (1/4)

R Vin Vyui¥
2 Over rang V.= | [ V. (Oveton)
R e M
\% ™ n b 14
R o
L 078 ¥ R3 it
< " ==, =
R T, " SEEE L
- ; T e e [
q (@N-1) N N digital _D:_,_‘ﬁ_z_
g >W”E>T:i)__ A ~ B RS =~
< y
R Vie
R < ~ 0V R
Ve Ag et g
L e
< 3
f Tl :>— RE
! 1 corrpaen

R/2S  Comparators
» Reduced complexity compared to Flash ADCs = reduced input capacitance
and slightly reduced power.
* In the mathematical subfield of numerical analysis, interpolation is a
method of constructing new data points within the range of a discrete set of
1ekrrgfcdata points. 3

5 §9% UNIVERSITETET
“W¥ S 10sLO

Interpolating ADCSs ()

» Uses input amplifiers
behaving as linear
amplifiers near their
threshold voltages,
allowed to saturate for
moderately large input
signals

» Thus "noncritical” latches
need only determine the

_ sign of the amplifier

o 3 S S OUtUtS

5.0 e

{Valts)

= A’f UNIVERSITETET
s

wU¥ . 10SLO
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Interpolating ADCSs @)

i « Amplifier outputs V, and V, as

:D_ well as their interpolated values

are shown lowermost (fig. 13.24)
% . * The reference points created

e i) = .. from interpolated values (for

s el [T example Vs, Vi, V,) have

Z’ latches potentially triggering in
J>; — order, for increasing (or

Gt decreasing) input.

J o « For good linearity the

interpolated signals need only
cross the latch threshold at the
correct points

% UNIVERSITETET

5 10SLO

Interpolating ADCS ()

5.0

* To achieve good linearity V, and
V, need to be linear between their

(Valts)

i 0_5\ >, own thresholds. In figure 13.24
o s e - ™ this linear region corresponds to
Vin _ 0.25 < V,, < 0.5 (horizontally)
| = 8
05V 5 * For fast operation the delays to
-s' each of the latches must be made
et to equal each other as much as
o g ] po_SS|bIe._In fig. 13.25 this is done
o using resistors.

Fig. 13.25 Adding series resistors to equalize
delay times to the latch comparators.

UNIVERSITETET

I OSLO
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Example, based on Fig. 13.23 (1/2)

{H—_ *Vin = 0.4V, gain of
e | -10, logic levels of 0
i and 5 volts. >

*V4=5V
*V3=5V
*V2=35V
*V1=10V

(Voits)

% UNIVERSITETET

¥ ° 10SLO

Example — interpolating ADC (2/2)

Va=1V

v, e—

o

H
|

Col i T R

E

&
5

|

075V

zé

=

I
=
&
s W
®
3
85
g2
a < <
=S =
D 1 m ;
2EfE L
sEIEIEIEIE]
= w &

16. mars 2010
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Folding A/D Converters (13.7)

e The number of latches is
reduced compared to the

2-bit 1 . ;
| usean b, Fadng beckrespomes interpolating ADC, and even
more from FLASH
Vg =1V . .
v, Nons) mesnad ® The figure shows a 4 bit
Foldin . .
] ook e | 0_ converter with folding rate of 4
v{%‘é%%@} ° £ 2 ¥ '™ Agroup of LSBs are found
V.
Vi Y, ’ mesod  Separately from a group of
block Digital —b3 | MSBs.
logic -
IREX) l_.b 7 ou 15 .
{%%%1_2} 4 16 5 & B . The MSB converter determines
roara 1 V3 A A mesod  whether the input signal, V,,, is
. = i o in one of four voltage regions
ITTT 2
v, = %,%g,l_g} - (between 0 and Y4, Y2 and %% ,
v, .
| o | Var— mwesws Y5 and Y, or Y and 1)
e [ 4 * V, to V, produce a
T35 15 9 B Vin
v EssE 6B thermometer code for each of

the four MSB regions

IVERSITETET
SLO

Similar to folding block responses on previous slide..

* Bipolar folder outputs
* Ex: Input 1.05:

» Thermometer code
produced for each of the
four MSB regions (between

o 0 and Y4, Y2 and %2, %2 and

. %, or ¥sand 1 for previous

slide)

 (in certain respects related to interpolation
16. mars 2010 in Fig 13.24

04 * F1 > threshold=0 -> "1”
502 e F2 > threshold=0 -> "1”
3  F3 > threshold=0 ->"1"
8 « F4 < threshold=0 -> 0"

o=
[

=
.

UNIVERSITETET
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Folding block with a folding rate of four

* Input-output response for
the cross-coupled
differential pair is shown
lowermost

* Vout is low if, and only if,
both V, and V, are low,
otherwise high

* The output from a folding
block is at a much higher
frequency than the input
signal, limiting the practical
folding rate.

« Differential solutions in practice

Folding and Interpolating ADC

— I veaap * By introducing

Folding-block responses

converter ’ b2

1l

interpolation, the number
of folding blocks is
LML reduced

L, 20T e Input capacitance is

o 7 \'/ \",  reduced (if both folding
Lo 5522 " andinterpolating is

_ . , . merd  combined)
¥in o Folding-rate of four and

PR interpolate-by-two
* (Literature references on
page 523)

3/16/2010



Interpolating and folding and interpolating ADCs
Resolution Sampling Power Supply architecture | reference
rate dissip. voltage
8 bit 100 MHz 6.5 bit@5Vv, 1.2W@5V 5o0r8V interpolating ~Steyaert,
7.1 bit@8V Roovers,
Craninckx,
CICC 1993
5 bit 5 GHz 4 bitat 5GHz 113 1V interpolating Wang, Liu,
mW@1Vv VLSI-DAT
2007
6 bit 200 MHz 5.35 bit 35 3.3V folding and Yin, Wang,
mW@3.3V interpolating Liu, ICSICT,
2008
6 bit 200 MHz 5.5 bit 78.8 2.5v folding and Silva,
mW@2.5vV interpolating  Fernandes,
ISCAS, 2003
16. mars 2010 13

3 UNIVERSITETET

Oversampling converters (chapter 14 in "J & M”)

* For high resolution, low-to-medium-speed mmee=— &

applications like for example digital audio e o
* Relaxes requirements placed on analog circuitry,
including matching tolerances and amplifier gains B&% g b

» Simplify requirements placed on the analog anti-
aliasing filters for A/D converters and smoothing
filters for D/A converters.

» Sample-and-Hold is usually not required on the
input

 Extra bits of resolution can be extracted from
converters that samples much faster than the
Nyquist-rate. Extra resolution can be obtained
with lower oversampling rates by exploiting noise
shaping

3/16/2010



Resolution and clock cycles per sample
1

resolution

1 10 100 1000
clock cycles/ sample

. Dependence of achievable resolution and required clock cycles per
sample for various ADC SYSICMS. o or sos e omevrs von 550 s ocroses o
A Gigasample/Second 5-b ADC with On-Chip Track
and Hold Based on an Industrial 1-pm GaAs
MESFET E/D Process

Richard Hageluscr, Member, IEEE,
and Dicter Sci

Frank Ochler, Ganter Robmer, Joscf Saucrcr.
zer, Senior Member, IEEE

Nyquist Sampling and Oversampling

* Figure from
[Kest05]

» Straight over-
sampling
gives an SNR

‘fs QUANTIZATION improvement
___IE OPERATION B — zzlffs;q Hid of 3dB/
: octave
fs fs
7 . fs > 2f, (2f, =
o Tl Nyquist Rate
S + DECIMATION s DIGITAL FILTER —
= ‘ DIGITAL ‘ REMOVED NOISE * OSR =14/2f,
—| avc |—{ BTk [oect~  SNRmax =
f?s KTfs kts  6.02N+1.76+
10log (OSR)

% UNIVERSITETET

3/16/2010



Oversampled converters; High resolution and relatively
low speed

-
o

| ,
INDUSTRIAL [ F|ﬂS|I'I
MEASUREMENT bl e e 1 -0 Folding
| 4 Subranging
14 F--—R-aTg-t-———==—-= += & Two-Slep
| xPipeline

-
=3

nterleaved

0
3 @ -
[} HIGH SPEED: E’ 10 Dvafsamplad
= INSTRUMENTATION, H
] VIDED, IF SAMPLING, =]
£ SOFTWANE RADIO.ETC. 2 o o]
: | ’ ’
= & : 5]
| 1
T 4 ===
STATE OF THE ART =
1w (APPROXIMATE} 2 ]
] e R e i e e 0.1 1 10 100 1000 10000 100000
Sample Rate [MHz]
SAMPLING RATE [Hz)
Figure 1. ADC architectures, applications, resolution, Fig. 2. ADC sample rate vs. ENOB from 1987 w 2005,

and sampling rates,

Which ADC Architecture Is Right oot A
for Your Application?

By Walt Kester [walt.kester@analog.com]

STOM INTECRATED CIREUTTS CONFERENCE

al Converters into Ulra-Deep-Submicron CVIOS

UNIVERSITETET
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Oversam p| i NQg (without noise shaping)

«Total stoy er gitt iY: 4
P = [S(f)df == ——
oo 12 OSR
2fs/2 fs/2 0 fs/2 2f5/2 Frekvens (Hz) °

» Doubling of the sampling frequency increases the dynamic
range by 3 dB = 0.5 bit.

» To get a high SNR a very high fs is needed - high power
consumption.

e Oversampling usually combined with noise shaping and
higher order modulators, for higher increase in dynamic range

o

& §3% UNIVERSITETET
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SNRmax = 6.02N+1.76+10log(OSR) [dB]
SNR improvement 0.5 bits / octave

20
18

16

ON O

14

12 Columni

10 10log(OSR)
8 Column2

2 4 8 16

32 64

UNIVERSITETET
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Ex. 14.3

EXAMPLE 14.3

Given that a I-bit A/D converter has a 6-dB SNR, what sample rate is
required using oversampling (no noise shaping) to obtain a 96-dB SNR (ie..
16 bits) if f, = 25 kHz ? (Note that the input into the A/D converter has 1o be
¢ active for the white-noise quantization model to be valid—a difficult
ement when using a 1-bit quantizer with oversampling without noise
ping).

Solution
Oversampling (without noise shaping) gives 3 dB/octave where | octave

implies doubling the sampling rate. We require 90 dB divided by 3 dB/octave ,
or 30 octaves. Thus, the required sampling rate, s

27 % 2,

000 GHz !

This example shows why noise shaping is needed to improve the SNR
faster than 3 dBfoctave , since 54,000 GHz is highly impracti

3/16/2010
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Advantages of 1-bit A/D converters (p.537 in "J&M”)
» Oversampling improves signal-to-noise
ratio, but not linearity
» Ex.: 12-bit converter with oversampling
needs component accuracy to match better
than 16-bit accuracy if a 16-bit linear
converter is desired R
* Advantage of 1-bit D/Ais that it is mherently
linear. Two points define a straight line, so
no laser trimming or calibration is required
* Many audio converters presently use 1-bit
converters for realizing 16- to 18-bit linear
converters (with noise shaping).

. UNIVERSITETET

© 1 0SLO

Problems with some 1-bit converters ((?))

Why 1-Bit Sigma-Delta Conversion is Unsuitable
for High-Quality Applications

by

Stanley P. Lipshitz and John Vanderkooy
Audio Research Group, University of Waterloo
Waterloo, Ontario N2L 3G1, Canada

ABSTRACT
Single-stage. 1-bit sigma-delta converters are in principle imperfectible. We prove this fact. The reason. simply
stated. is that. when properly dithered. they are in constant overload. Pre\'enu’o:: of overload allows only partial
dithering to be performed. The consequence is that distortion. limit cycles, bility. and noise modulation can
never be totally q\aided Wi e demonstnle these effects, and using coherent averaging tec 11.111ques are able to display
"u‘reh('ls which are usually hidden in the noise floor. Recording. editing.
. 1-bit 5 felt Aulators. are thus inimical to audio of the
A (l |ld conve 111."|‘. which outpat lm ear PCM code

e in principle
infinitely }H.lr‘t[]'l] (Here, multi-bit refers to at least two bits in the converter.) They can be properly dithered so
as to guarantee the absence of all distortion. limit cycles. and noise modulation. The andio industry is misguided if
it adopts 1-bit sigma-delta conversion as the basis for any high-quality processing. archiving. or distribution format
to replace multi-bit, linear PCM.

Audio Engineering Society
“ Convention Paper 5395

NIVERSITETET

0OSLO
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Oversampling with noise shaping (14.2)

» Oversampling combined with noise shaping can give
much more dramatic improvement in dynamic range
each time the sampling frequency is doubled.

» The sigma delta modulator converts the analog
signal into a noise-shaped low-resolution digital
signal.

» The decimator converts to a high resolution digital
signal

Xt %A

X 1}
Antl- Sampl AT : Digital /
—p{ aliasing and- > —p l —
filter hotd |1 | ™od |4, ! f, OSAI

Anal ‘__.‘
o4 s Digital

Fig. 14.5 Block diagram of an ovarsampling A/D converter

Multi-order sigma delta noise shapers (sani

Park, Motorola)

Nyquist Sampler (1 bit) Third Order A Modulator

Second Order XA Modulator

First Order XA Modulator

Oversampler

fg Frequency Fg/2

Note: Higher order Noise Shaper has less baseband noise

14
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OSR, modulator order and Dynamic Range e« 2 X increase
inM->

120 | 1=3 r P 420 (6L+3)dB or
(L+0.5) bit

Increase in

DR.

L: sigma-delta

order

{1, Oversampling

and noise

0o 4 8 16 32 84 128 256 512 shaping

Oversampling Ratio, M

-
o

I}
Resolution (Bits)

Dynamic Range (dB)

4}"‘ UNIVERSITETET
.

wy¥. 10sLO

Ex. 14.5
* Given that a 1-bit A/D » Oversampling with no
converter has a 6 dB noise shaping: From
SNR, which sample rate ex. 14.3 we know that
IS required to obtain a straight oversampling
96-dB SNR (or 16 bits) if ~ requires a sampling
fo = 25 kHz for straight rate of 54 THz.
oversampling as wellas  « (6.02N+1.76+10 log
first-and second-order (OSR) = 96
noise shaping? <->
6 + 10 log OSR = 96)
<->10log OSR =90

£ #8% UNIVERSITETET
w0¥ . 1osLo
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Ex. 14.5
SNR_,, = 6.02N + 1.76 - 5.17 + 30 1og (OSR) (1428 s = S =

We see here that doubling the OSR gives an SNR impror it for a first-order mod " _.(n)_.@—. _r,_r‘_ T .

ulator of 9 dB or, equivalently, a gain of 1.5 bits/octav 5 result should be come Guantizar

pared to the 0.5 bitsfoctave when oversampling with no noise shaping.

Fig. 14.7 A firstorder nolseshaped interpolative m odulator.

» Oversampling with 1st order noise shaping:
«6-5.17 + 30 log(OSR) = 96 OSR =f_/ 2f,

e 30log (OSR) =96 -6 +5.17 = 95.17
A doubling of the OSR gives an SNR improvement
of 9 dB / octave for a 1st order modulator;
95.17/9=10.57 21056 x 2*25 kHz = 75.48 MHz
: log(OSR)=95.17/30 = 3.17 > OSR = 1509.6
1509.6 * (2*25kHz) = 75.48 MHz

£ #8% UNIVERSITETET
wy¥. 10sLO

X
b

) I 0o, W I
+ Mt z
Hrd

» Oversampling with 2nd order noise shaping:
*6—12.9 + 50 log(OSR) = 96 OSR =fs/ 2f,
* 50 log (OSR) =96 -6 + 12.9 =102.9
A doubling of the OSR gives an SNR improvement
of 15 dB / octave for a 2nd order modulator;
102.9/15=6.86 26-86 x 2*25 kHz = 5.81 MHz

£ #8% UNIVERSITETET
wy¥. 10sLO
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Ex. 14.5 "point”:

2 Xincrease in M >

(6L+3)dB or (L+0.5) bit
increase in DR.

[
.
SMR [dB]
160 - [
140
120 A
100 °
a0
a0
40
20 o
0 .
-20 T T T T T T T T T
1 2 4 8 1A 37 A4 12A P5A 5121024
Cversampling Rate
L]

16. mars 2010

3 a) (Weight 10 %)

L: sigma-delta order

6 db Quantizer, for 96 dB
SNR:

Plain oversampling: f;=54
GHz

1st order : f,=75.48 MHz
2nd order: f,=5.81 MHz

Exam problem (INF4420) below

A sampled signal is bandlimited to f; = 22 kHz What is the sampling frequency. f. for an

oversampling ratio ("OSR”) of 1287

A 1-bit analog-to-digital converter ("TADC”) has an inherent 6-dB SNR. Which maxinmm SNR is
acquired by combining it with strict oversampling and an OSR of 128, if no neise shaping is used?

What is the maximum SNR in the similar case exploiting 2™ order noise shaping?
If a 1-bit ADC using 3 order noise shaping has a maximum SNR of 125 dB for an OSR of 128, what

is the expected maximum SNR if the OSR is reduced to 327

Sigma Delta converters,ISSCC 2008

* |ISSCC-
Foremost
global

forum
° !!CT”:
continous time

AL DATA CONVERTERS
Ehair: Thangyuan Chang, IDT Tesknology, Shanghal China
Aseaciane Chair: Yiansas Manoll. Universiny of Frelburg. Freiburg. Garmany

01 A WBas-EN

miW Owversampling DAC wih a Three-Level DEM Technique
BH0AM

K Ngayen A Bandyopadnyay. §. Asams. K Sweedand. F. faginsi)

Aoy Devices, Wikmington, WA

A& mUTHB k0 DA I 3 0.18pm GMOS procs wses a M levd DEM schems atd

an [£1-free outpud stage b achiewe 10848 SNIR while consaming 2 total of 1.9miW per

channal from a 1.6V supply.
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2nd order sigma delta modulator

3 %

g

DYHAMIC RANGE [d1]

2 E 3 7B
=
3 —

" '
SAMPLING FREQUENCY [Wih]

Fig. 14. Maximum operating frequency.

Fig. 10k Second onder 4 modulator implementotion. E
L — - , §
o0
g + SHR ,«.’:‘ £
o™ + TSR A N
= -
& 6o -
w Ve T T 7T
g%9 // | tog, M
:“:‘«1- ’I/." 15, Thmamic 'mﬁ;rﬁmzﬂmmmpﬁng ratio for a
Fw - * e | )
Al ! s o o 3 T AT . 3, B, e 9
The Design of Sigma-Delta Modulation
£ N R AR AR R A A t ot
INPUT LEVEL (a8 Analog-to-Digital Converters
Fig. 13 Measured SNR a sampling frequency of 4 MHz and a BERNHARD E BOSER, s1unest wswar, i0r, avp BRUCE A WOOLEY, ratow, i

for
al

sign uency of 102 kHz
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Next Time, 23/3-10:

» More from Chapter 14; Oversampling Converters
(14.2,14.3,14.4,14.5,14.7)

* Beginning of chapter 16; Phase-Locked Loops

(16.1)

UNIVERSITETET

Guide to writing a thesis / report: The Design and implementation of a Nifty Gadget (page 1 and 2)

Guide to Writing a Thesis

el s e meire by v Memsson

The Design and Implementation of a Nifty
Gadget

Tokls Lis Bask

Preface

Have you done asything that doeut Save 83 & with your srarasch?
Have you pubinbed pasts of fhan wok befour™

Acknowledgement

Why do you sevaerate previom work
What 1s yoms contmbemeon 12 the fiekd of Nifty Gadpess”

2 Theoretical background

Whiat v the reqired hackground knowledge?
Where caa 1 fied it?

2.1 Varions appraaches to Nifry Gadgets

What i the relevans prios work?
Where can [ fid
Wy shiouibd it be e dfferensty?

Blas swvoae srmemaptnd o apprmach prevacush®
Where r that week reporied”

2.3 Nifty Gadgets my way

What 13 the cvatore o yooum oy
Blave you prablsnd it Befoer?

3 My implementation of 2 Nifty Gadget

b s b st the sl

5 Discussion

Asr youm sl satnfactery”
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B there 2 mevd for muprovemen?
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"Nifty Gadget” page 3 and 4
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6 References
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Appendix A
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Appendix B
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Result
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Discussion
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Oversampling Converters and PLLsS

Tuesday 23rd of March,.2010,9:15 — 11:10

-~
rmatics
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e

Last time — and today, Tuesday 16th of March:

Last time: SR (0]

180
140
120

13.6 Interpolating A/D Converters

13.7 Folding A/D Converters po

40

14.1 Oversampled converters 20

[]

Today: 1 2 4 8 16 32 64 100 256 5121024

Oversampling Rate

14.2 Oversampling with noise shaping
14.3 System Architectures
14.4 Digital Decimation Filters
14.5 Higher-Order Modulators
(14.6 Bandpass Oversampling Converters)
14.7 Practical Considerations
14.8 Multi-bit oversampling converters
2nd order sigma delta design example
16.1 Basic Phase Locked Loop Architecture

Fig. 16,3
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Nyquist Sampling

Shaping

, Oversampling, Noise

* Figure from

*fs A QUANTIZATION [Kest05]
NOISE = q 2 i .
— [ Apc | _OPERATION g iLsE . Stralght over
. sampling
L gives an SNR
oy, improvement
B l"fs +pECImaTioN |8 _—DIGITAL FILTER of 3dB/
—=[Ave |—=[ DA Toec] ~ REMOVED NOISE octave
15 Kig xig ©* fs>2f, (2f, =
2 2 i
Cres, A
Kfs + DIGITAL FILTER [fs * OSR = f//2f,
‘ + DECIMATION * SNR
- REMOVED ° max =
b —={ i |o=cl- o 6.02N+1.76+
1 Ki Kf,
z = *  10log (OSR)
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OSR, modulator order and Dynamic Range

e 2 X increase

inM -
(6L+3)dB or
- 1°  (L+0.5) bit
g | 1w _increase in
sol £ DR
&l 1 12__§ e L: sigma-delta
£l 1¢ § order
A 1. " e Oversampling
°l and noise
Do ; ; 1‘5 3; &Ic 12In 2;6 51’2 Shaping

Oversampling Ratio, M
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14.2 Oversampling with noise shaping

Epll) xl) Xunllh Hgyrinl) Xl o
Antl- pl Digital
ARG [ - low-pass [~ l OSA
] e filter f -
s =
Analog Ve Decupalon Mer_ . . 83
: Oygital

Fig. 14.5  Block diagram of an cversampling A/D converter,

* The anti aliasing filter bandlimits the input signals less than f./2.

» The continous time signal x(t) is sampled by a S/H (not
necessary with separate S/H in Switched Capacitor impl.)

» The Delta Sigma modulator converts the analog signal to a
noise shaped low resolution digital signal

» The decimator converts the oversampled low resolution digital
signal into a high resolution digital signal at a lower sampling

rate usually equal to twice the desired bandwidth of the desired

input signal (conceptually a low-pass filter followed by a

downsampler).

UNIVERSITETET
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Noise shaped Delta Sigma Modulator
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First-Order Noise Shaplng (Figures from Schreier & Temes '05)
DAC Speass
2]

: Eiz) R
{B) = i

(a) u

0. 2 03 04 0
Mormalized Frequency (f/ fg)

Figure 1.4; (a) A delta-sigma modulator used as an ADC and

(b} its linear z-domain model, Figure 1.5: Noise-shaping function for the AZ modulator shown in Fig. 1.4.

* Sie(z) = [H(z)/1+H(2)] (eq. 14.15) Ne(2) = [1/1+H(2)]

Y(2) = Sre(2) U(@) + Nye(2) E(2)

H(z) = 1/z-1 (discrete time integrator) gives 1st order noise shaping
S+e(2) = [H(2)[1+H(2)] = 1/(z-1)/[1+1/(z-1)] = z**

N1(z) = [V/1+H(2)] = V[1+1/(z-1)]1 = (1 -z?)

The signal transfer function is simply a delay, while the noise

transfer function is a discrete-time differentiator (i.e. a high-pass
filter)

JNIVERSITETET
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14.2 Oversampling with noise shaping

G L-{hg {ﬂ-am 5 <~ giuen by
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Fig. 1414 Block diagram of an oversampling A/D converter.
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14.3 System Architectures (A/[;)(t) is sampled and held,

resulting in Xgp(t).

* Xg(t) is applied to an A/D
Sigma Delta modulator which
has a 1-bit output, Xgsm(n).
The 1-bit signal is assumed
to be linearly related to the
input X(t) (accurate to many
orders of resolution),
although it includes a large
amount of out-of-band
guantization noise (seen to
the right).

« Adigital LP filter removes
any high frequency content,
including out of band
guantization noise, resulting
in Xp(n)

* Next, Xj,(n) is resampled at
2f, to obtain X(n) by keeping
samples at a submultiple of
the OSR
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Fig. 14.17  Signols and spectra in an aversampling 0/A converfer

System Architectures (D/A)

The digital input, X4(n) is a multi-bit signal
and has an equivalent sample rate of 2f,
where f, ,is slightly higher than the highest
input signal frequency.

* Since Xy(n) is just a series of numbers the
frequency spectrum has normalized the
sample rate to 2.

* The signal is upsampled to an equivalent
higher sampling rate, f;, resulting in the
signal Xg,(n)

* Xg(n) has images left that are filtered out
by the interpolation filter (brick-wall type) to
create the multi-bit signal X,,(n) , by
digitally filtering out the images.

e Xp(n) is applied to a fully digital sigma
delta modulator producing the 1-bit signal,
Xgsm(N) , containing shaped quantization
noise.

e Xgsm(n) is fed to a 1-bit D/A producing
Xga(t), which has excellent linearity
properties but still quantization noise.

* The desired signal, X(t) can be obtained
by using an analog filter to filter out the
out-of-band quantization noise. (filter
should be at least one order higher than
the modulator.)

UNIVERSITETET
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Rate = 81,

Lih-order Aate = {,
AL
modulator

modulator »

Sinc™*" FIR filter Halfband FIR filters Sine compensation

) FIR filter

Fig. 14.18  Multistage decimation filters: [o] sinc followed

S b 1R il
[} sine followed by halfband Flters (Ah i

Rate = 21,

sinc" "' FIR fiter 1IR fitter
(&)
Rate = f,  Rata = 8, Rate = 4f, Rate = 2f
: L Rate = 3
Lth-crdar ata:=i2ly
AL

14.4 Digital decimation filters

* Many techniques

 a) FIR filter removes much of
the quantization noise, so that
the output can be
downsampled by a 2nd stage
filter which may be either IIR
type (as in @), uppermost ) or
a cascade of FIR filters (as in
b), below )

 In b) a few halfband FIR filters
in combination with a sinc
compensation FIR-filter are
used.
In some applications, these
halfband and sinc
compensation filters can be
realized using no general
multi-bit multipliers [Saramaki,

UNIVERSITETET
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14.5 Higher-Order Modulators —
Interpolative structure

uin}

Fig. 14.20 A block diogram of o fifth-order modulator.

Lth order noise shaping modulators improve SNR by 6L+3dB/octave.
Typically a single high-order structure with feedback from the quantized
signal.

In figure 14.20 a single-bit D/A is used for feedback, providing excellent
linearity.

Unfortunately, modulators of order two or more can go unstable, especially
when large input signals are present (and may not return to stability)
Guaranteed stability for an interpolative modulator is nontrivial.

UNIVERSITETET
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Multi-Stage Noise Shaping architecture
("MASH")

win) -—b(; 2w+ (1-2"1eyin)

&yin)

z o0+ (1 -2 jestm)

Analog Digital

Fig. 14.21 A second-arder MASH madulator using two firstorder medulators
Mote that the oulpu, yin), is o fourlevel signal

Overall higher order modulators are constructed using lower-order, more
stable, ones - more stable overall system.

Fig. 14.21: 2nd order using two first-order modulators.
Higher order noise filtering can be achieved using lower-order modulators.
Unfortunately sensitive to finite opamp gain and mismatch
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14.7 Practical considerations

o Stability
* Linearity of two-level converters

o - - - yas ot 17 28) =
tor. For this case, the Qulput sequence becomes

) Idle toneS LI (3 HE T R LLRLL-L G121, 3 e

The period of this ¢
b == O this output paitern fs now 16 evcle:
W lﬂ‘__-MlL'N.niling raio of S .r\ \L_J\r\ long and has ~Ume power at ./ 16,

3/8 1o the sume moduly.

H not altenuate the signg = 16 ), the post low-pa o
b DI the rl n ——caate the signal power at 716 since T o pass filier will
quency band of interest, In other words :'::‘ 1hit frequency 5 just within he e

level of 3/8 into this modulator witt

produce the COmeet d Guinut ciamal b L

« Opamp gain

Dither signal

wim —:f}r Hiz) ‘-‘-é = _'JJJ_ —]—b yin)

Quantizor

Fig. 14.26 Adding dithering to a delta-sigma modulator. Noke that
the dithered signal is alsa noise shaped
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Design example, 14b 2nd order Sigma-Delta mod s>

BOSER AND WOOLEY:. SIGMA-DELTA MODULATION ANALOG-TO-DIGITAL CONVERTERS =

{UINTECRATOR T {TWTEGRETOR T} {TGUANTIZER § DIGITAL FILTER |
it ‘
x{1) ¥nT) - i

Fig. 2. Modified architecture of second-order 4 modulator.

16 bit, 24 kHz , OSR as powers of two, and allowing for increased
baseband noise due to nonidealities: OSR 512 was chosen

. UNIVERSITETET

© 1 0SLO
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Design example, 14b 2nd order Sigma-Delta mod

—— e —

« Among most relevant nonidealities: . ]
* Finite DC gain ;* e |
» Bandwidth, 9‘, |
* Slew rate ! e
* Swing limitation - |
« Offset voltage Fig. 15, Dyssmic :‘:E:pmmt e i o

 Gain nonlinearity
* Flicker noise

» Sampling jitter ]
* \Voltage dependent capacitors + __k
» Switch on-resistance

» Offset voltage and settling time for
comparators

3 UNIVERSITETET

4.1 Specification of modulator functions
= SYSTEM
Technology: CMOS 0.8 micron
Paw apply: VS5 =-26V, GND=0V, VDD =25V
Terperatute: 0 to 70 degrees C
= OPERATION AMPLIFIER

Diff, autput voltage sving: > 6V

Slew rate: at least 3005
« SWITCH
Ren < 44000

* CAPACITORS
¥

Fig. 1. Fully differential lolded-cascods amplifics (after [4])

* LATCH
D-type, able to settle within 20 ns

s COMPARATOR
Hysteresis: < 0.5V

Settling time: < 20 ns

¢ Noninverting parasitic insensitive integrator (fig 10.9) was used (fully differential
implementation)

UNIVERSITETET

Design example, 14b 2nd order Sigma-Delta mod s>
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2nd order modulator; top level schematics

NOULVINTNT AN

{H
1]

» Two-phase clock generator, switches, chopper stabilized OTA (1st int.),

DAC. Biasing circuit. Functional after test.

% UNIVERSITETET

5 10SLO

OTA (2nd int.- fully differential folded cascode), comparator, latch, two-level

Phase-locked loops (chapter 16)

» Phase-locked loop
» From Wikipedia, the free encyclopedia

of a controlled oscillator until it is matched to the reference in both
frequency and phase. A phase-locked loop is an example of a control
system using negative feedback.

Phase-locked loops are widely used in radio, telecommunications,
computers and other electronic applications. They may generate stable
frequencies, recover a signal from a noisy communication channel, or
distribute clock timing pulses in digital logic designs such as

second up to many gigahertz.

UNIVERSITETET

I OSLO

* Aphase-locked loop or phase lock loop (PLL) is a control system that
generates a signal that has a fixed relation to the phase of a "reference"
signal. A phase-locked loop circuit responds to both the frequency and the
phase of the input signals, automatically raising or lowering the frequency

microprocessors. Since a single integrated circuit can provide a complete
phase-locked-loop building block, the technique is widely used in modern
electronic devices, with output frequencies from a fraction of a cycle per

3/23/2010

11



Phase-locked loops (chapter 16)

Low-pass
filter v Gain WO
V. + Vod Ip :

in O&—— Phase Hio(®) Kp 4 Output i
—» detector N P P voltage [T I
e L
wn an
Average voltage proportional to phase difference - g,
an
P an
L} )
i o LT
- -

Vent ne—

vCo ==

(voltage controlled oscillator)

« Clock multiplication:

« The input signal is reference oscillator with fixed frequency

* The PLL output is a signal with frequency N times the input frequency where N is an integer
« Data recovery and clock resynchronization:

« The input signal is a digital signal containing data

« The output is digital data at a certain clock rate

« The system clock is recovered from the digital input signal
« Frequency synthesis (ex: to select channels in television or wireless communication systems):

* The input signal is reference oscillator with fixed frequency

* The PLL output is a signal with frequency N times the input frequency where N may be a fractional

number

* FM demodulation:
The input is a FM signal (IF)
The output is the demodulated baseband signal

Phase-Locked Loop, typical architecture

Low-pags
tier Gain

Output
yoltage

Fig. 16,1 The basic archirecture of o phoselocked loop.

The phase detector ("PD”) normally has an output voltage with an

average value proportional to the phase difference between the input

signal and the output of the VCO ("Voltage Controlled Oscillator”).

¢ The low-pass filter is used to extract the average value from the output of
the PD.

« The average value is amplified by the Gain block and used to drive the
VCO.

« The negative feedback of the loop results in the output of the VCO being

23 eya3Blronized with the input signal.

24
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Phase-locked loop example (p. 649)
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V;, and V. exactly in phase when ®=90°

Vm = Ein Sil’]((x)t),

e Vosc =E_ sin(ot—d4+90°) = E__ sin(wt-90°+90°) = E__ sin(ot)

e The input signal and the output of the oscillator will be exactly in phase, and the
output from the phase detector (” PD”) is found to be the amplitudes of the two
sinusoids multiplied together and divided by 2, resulting in
Vet = KipKyEinEosd/2 (Eq. 16.5, p 650 in J&M)

Fig. 16.2, below, shows the output from the PD when V,, and V. are nearly in phase.

0sc

o Outpat
voltage

UNIVERSITETET
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Examples of different waveforms, as a function of different @,
(J&M p 650-651 ,fig. 16.3)
* Vooe = EgscSin(ot — @4 +90°) =E cos(ot—D,) (16.4)
e @, > 0 corresponds to waveforms that are more in phase.

* When the input signal and VCO output have a 90° phase diff. (® = 0),
they are uncorrelated and the output of the LP-filter will be zero.)

0sc

Low-pass
iter Gain
Vi

o Outpat
voltage

Fig. 161 The bosic archilecture of o phaselocked loop.

27

UNIVERSITETET

Some relevant mathematical relationships from 16.1, pages 650-652 in "J&M”

The output of the phase detector:

* Vpd = KV, \Vose = KpEinEose Sin(ot)cos(ot-Dy) (16.6)
* Using sin(A)cos(B) = (1/2)[sin(A+B)+sin(A-B)] we have
Vpd = KV, Vosc/2 [SIN(Dy)+2sin(2ot-D,)] (16.8)

The LP-filter removes the second term at twice the frequency of the input signal,
s0 V,, is therefore given by

chl = KlpKM(EinEosc/z) Sin(q)d) (1 69)

* Since V_,, is either a dc value or slowly varying, for small @, the following

approximation for (16.9) may be used:

Vena FKjp K (B Eos/2) @y = KK, @y (16.10)

Thus, the output of the LP-filter is approximately proportional to the phase
difference between the output of the oscillator and the input signal, assuming the
90 ofset bias is ignored. The approximation is used in analyzing the PLL to obtain
a linear model. The constant of proportionality is called K 4 and is given by
Kpd=Ky(EE/2) s (16.11)

23. mars 2010 e A 2

|| e |
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More on PLL operation (p. 652-653)

» Assume that the VCO has a free-running
frequency o, when it's input is zero, and

that the input signal is initially equal to o,

and the system has @, = 0 (in lock).

* NEXT, assume the input frequency slowly

. Now, with , the two

waveforms will become more in phase (See
fig. 16.3). After a short time the output of the
LP-filter will go positive. Since the two
waveforms are at slightly different
frequencies, the output of the LP-filter will
slowly increase. Since the VCO frequency is
proportional to V, this increase will cause
the VCO frequency to increase until it is the
same of that of the input signal again, which
will keep the two signals in synchronism (i.e.

loc ked) (The opposite would occur for a decrease in
23. mars 201u nal fr

F':.JI. IL."\.

]

'ﬂ r 7
Phigs Tl
ia‘!w 1 i vallage
dcenaryi vobags pnc.-.fcns 1o phasa dilirerss ‘

| |

ia
oo

Fig, 181 The base awchizeure of & chaizlocied losp

More on PLL operation (p. 652-653)

» At a new input frequency, (# o ) which
does not equal the free-running frequency, we
can find the new phase difference for the two
locked signals by noting that the frequency of
the oscillator’s output signal is given by
Opse = Ko Vent + O (16.12).

osc ' cntl

K 1s a constant relating the change in
frequency to control voltage ratio. The output
voltage of the amplified LP-filter is now
given by

cntl (O‘)m(‘)fr)/Kosc ( 16.1 3)
where w;, is the frequency of the input signal,
which is equal to the frequency of the
oscillator’s output. From (16.10):

ch = Vcntl(Klprd) = ((Din_a)fr)/KlprdKosc

F':.JI. IL."\.

e ”
Phigs Duljpt
! | vallage

(1 6. 1 4) Ayarari vobags pncrﬂcn! 12 phtesa wifiireris ‘

23. mars 2010 | |

Fig, 181 The base awchizeure of & chaizlocied losp
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Linear model of the PLL — when in

lock
Kpd
din(s) KipHip(s) oVentl
KOSC
4)050(5) 1/s ¢ <
Vent (8) = Kpd KipHi(S) [in(8) — dosc(8 )]

K. ..V

WO

S

4}" UNIVERSITETET
s

wU¥ . 10SLO

PLL transfer functions
« Combining equations from previous slide:

Ve KK pH ()
(I)in( S) s+ Kpd KlpKOSC Hlp(S)

* This is a highpass response from input phase to
the control voltage.
» Rewriting gives:
dos(3) _ _ KpdKipKoseHy(9)
din(8) 8T KpaKipKosc Hip(s)

 This is a lowpass response from the input phase

£ #8% UNIVERSITETET
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Additional litterature

» Walt Kester: Which ADC Architecture is right for your application?, Analog Dialogue, Analog
Devices, 2005.

» Behzad Razavi: "Design of Analog CMOS Integrated Circuits”, McGraw-Hill, reprint 2009.

« Jimmy J. Cathey, Syed A. Nasar: Basic Electrical Engineering , Schaum’s Outlines, McGraw
Hill 1997.

* Richard Schreier, Gabor C. Temes: Understanding Delta-Sigma Data Converters, IEEE Press /
Wiley Interscience, 2005

» Tapio Saramaki et. Al: Multiplier-Free Decimator Algorithms for Super-Resolution Oversampled
Converters, IEEE International Symposium on Circuits and Systems, 1990.

« Bernhard A. Boser, Bruce A. Wooley: The Design of Sigma-Delta Modulation Analog-to-Digital
Converters, IEEE Journal of Solid-State Circuits, December 1988.

* Sudhir M. Mallya, Joseph H. Nevin: Design Procedures for a Fully Differential Folded-Cascode
CMOS Operational Amplifier , IEEE Journal of Solid-State Circuits, December 1989.

< http://www.wikipedia.org (on PLLs)

* Snorre Aunet: Second-Order Sigma Delta Modulator, Nordic VLSI, May 4, 1994.
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PLLS, report writing
Tuesday 13th of April, 2009, 9:15 — 11:00

-~
rmatics

§49% UNIVERSITETET
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Last time — and today, Tuesday 13th of April:

March the 23rd:

14.2 Oversampling with noise shaping Ya
14.3 System Architectures
14.4 Digital Decimation Filters
14.5 Higher-Order Modulators
(14.6 Bandpass Oversampling Converters)
14.7 Practical Considerations
14.8 Multi-bit oversampling converters

2nd order sigma delta design example
16.1 Basic Phase Locked Loop Architecture

Fig. 16.1 The basic aechitecture of o phasedocked

Today:

16.1Linearized small-signal analysis of general PLLs
16.2 PLLs with charge-pump phase comparators
16.3 Voltage controlled oscillators

16.4 Computer Simulations of PLLs

About writing the report
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' ™
PLL Basic Architecture
Low-pass
filter Gain
; + Vpa I
Vin O—— Phase ! H. (s) P K Output
—{ detector = Ip p voltage
Average voltage proportional to phase difference
Vemt
vCO
Vo
(volage controlled oscillator)
* In general. output may be V_, or V'
A @ University of Toronto Jof26 J
Ay €D foben K S, 597 3

UNIVERSITETET

PLL linear model applying to almost every PLL

» Combining above 2 equations ...
Vetls) _ 5K, yK) Hy ()
O (8) 5+ K Ky KogeH ) (5)

= This is a highpass response from input phase to control
voltage
= Can also be written as
Ogels) Kk

Ols) s+ KK

——Ven

K (5

Koscl Ty}

I

Ip

+ This is a lowpass response from input phase to output
phase

Vertt () = K, ;K H, (5)[0,,(5) =0, (s i
ontt )= BpaipH (0103 =005 § pigtarences between PLLs
K 1

0y () = —oselent®) are determined only by what
’ is used for the LP-filter
|+ ¢t (H,(s)), the Phase Detector
H,(5) = 75 (K,q) Or the oscillator (Kog,).
P
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More on the 2nd order PLL model

0] bl = TQ eV rm himpin £ = O0F%
12.¢ A ) 2 (T 5

Capture range, lock range, false lock

* The maximum difference between the input signal’s
frequency and the oscillator’s free-running frequency
where lock can eventually be attained is defined as
the capture range

* One lock is attained, as long as the input signal’s
frequency changes only slowly it will remain in lock
over a range that is much larger than the capture
range

* When a multiplier is used for the phase detector the
loop may lock to harmonics (multiple of the frequency)
of the input signal. This is called a false lock.

£ #8% UNIVERSITETET
“0¥ - 10sLO
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Exclusive-OR Phase comparators

put given by V4 = V,, ® V... where the amplitudes of the signals are determir
by the logic levels. Some typical waveforms are shown in Fig. 16.6. It is seen 1l

el () o IO o N oy [0

Fig. 16.6 Typical woveforms when an exclusiveOR gote is used os o phase
roamnarator

* When the waveforms are 90 degrees out of phase
the output is a waveform at twice the frequency of
the input signal and has a 50 percent duty cycle.

« If all waveforms are symmetric about O volts the

average value extracted by the low-pass filter would
be zero.

UNIVERSITETET

I OSLO

EXOR phase comp

X d phesc cow

* When the waveforms become more out of phase, the average value
of the output signal is positive; whereas when they become more in

phase, the average value of the output signal is negative

4/12/2010
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CHARGE —PumP LorTARATOR
v o s, gutfacent => S, W ll he elosed
r—>
i v owinag  Chaerga Wwa  Tha \oop -
M~ amel  dieaSiag W VEO
i ||".-c~‘.-n.‘-u..}
=
Y
o ne delse leek  chaing lock -.‘W'LLgL3 ; — e
' 2 s ] B Joe——
s Vi oand Mgy 6kt -.'H:<1|L-‘I b placSc - : —
A uge i \ ) -
whew  he  Susdemy 15w leck
' - P T I
i { - =
e miccts leaues alonme by CORSE P2 Ve | ST, , R
3 / ) la— 270 —y
¢ e < & the copacifor Tw Hae
d = . =
LP = +ilte~ diptustine  sn  Tu and P Fal
. e clofe el T.w intreales e Comtrul welbaod oRs ¢ Notce Thal Pu  onls Goes
el g e Rl I'“c_:ll" at o lea -“““J b -'C:‘ i
L Vs wite s hue o Thea
Sa cles T ot ouk of Hoe LP-FTem wZH ' v
bewl
Syt
g. & «
« T, aud Sigmad Output
git M - woltage
« HE N qoea o | hedoee Nose ) thew T
will taaring e dwe Duak the  siquels
Py “=n '..-I.e.-.'.\- eharg.
ELSE Gees | e VW, Paowill
b Hag A el Ml Tnpdd o

Small-Signal Model of the Charge-Pump PLL

Ich
n,
v, wental | PU_, . )
o e N « In average the current from the CP is: |, = 22,
Voso_| detector | P, & s p 2n
2
leh

C, -
%j (de-glitching cap)
R -c
Ki‘//
Charge-pump phase comparator §
i Low-pass filter i i .
The transfer function from the loop filter is (C2 ignored):
Vip®)
| —
Hip(s) = == = R+
avg(S)
L
dox(9) _ _ (1+3RCy
in(S s2C
din(S) 1+5RC, + 1
M’in deosc

P ‘_;ﬁ J_’ 00 = 1 _ ,Ichlzosc
2 Tpll 27Cy
. | o= L -1[Z—
RCimo R*jClIChKosc

1 1+sRC
sC;  sC;
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€. .M

Vin  o—

Set;
Py.dshl

I

Reset

n

FF3

Set,

a

=

FF4

Phase Frequency Detector (PFD)

—o0 Vosc

* Most commonly used sequential phase detector is
the Phase Frequency Detector (PFD).

* This circuit handles phase differences up to 2m.

4/12/2010
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Phase Frequency Detector (PFD)

Assume P, Py, P gspir Py.asoi RESEL, Vi,
Vs are low

* V,, goes high; FF1 set/ Pu goes high ->

| ov... VCO frequency increases

* V. goes high; FF2 set temporarily,
reset goes high, causing P, and P4 go
low after some delay. Reset going high
causes FF3 and FF4 to be set and P, 4qp,
and Py 4, 90 high, which later causes
reset to go low. FF1 and FF2 are kept in

Reset
Vi o—

S

- reset mode and P, and P, low.

| e * V;, goes back to 0; FF3 reset and P 4,
v, u %} is turned off.

ino—| Sequential L, S;
phase % i i
Voo, | doecor | P, l—T—Osz . Ip « Similarly, when V. goes low, FF4 is
L

| reset goes low, FF4 is reset and P yqp
o o " (de-glitching cap) goes low. (back to original state).
- C . . . .
1 1 2 (The operation is very similar if V.
—~— leads V;,)

Charge-pump phase comparator 3
Low-pass filter

UNIVERSITETET

I OSLO

PFD waveforms — when V,, has a much
higher frequency than Vosc

* Whenever a positive going edge of Vin
occurs, Pu goes high causing the VCO
frequency to increase, and stays high

Py until both Vin and Vosc go to 1. Then

I
_ I

E

| reset goes high, setting both Pu-dsbl
and Pd-dsbl, and causing Pu and Pd to

s 1 go low. The next time Vin goes to o,
e 1 L [ FFlisreset, which resets FF3, turning
Pu-dsbl off.
» Most of the time (here) Pu is high,
I causing Vosc to quickly increase in
v o P Cfs'h frequency until lock is achieved.
V'% wee [ jgl_'_Qvlp « No false lock
it D = G « Only suitable for digital (non-sine)
%) i R "l (de-glitching cap) inputs

UNIVERSITETET
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Voltage controlled oscillators (VCO)

Oscillators
|
J ]
Tuned oscillators Nonlinear oscillators
|
RC SC LC Crystal Relaxation Ring
0SC. 0SC. 0SC. OsC. 0sC. 0sc.

 Sinusoidal output oscillators usually realized some frequency
selective or tuned circuit in feedback configuration, while square-
wave output oscillators are usually realized using a nonlinear
feedback config.

e The tuned oscillators offers better frequency stability, but limited
tuning range.

UNIVERSITETET

Ring oscillators

M

w [V]

1] 2 4 G 8 10 [}
t [ns] + -
Vout (quadrature)

Tinv is the delay of each inverter foe =5 =
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0.2 V subthreshold VCO

Frequency [He|

Wi es s

Figure 3. RVCO transfer function for a 5 stage
9l RYCO simulated in Cadence

£4 03 02 0l 0
Vs 1¥1

AK,

LY
et 06 s 04 03 FIE] i n

Vg V1

Figure 4. Sensitivity of the RVCO illustrates a
nonlinearity of 0.5 %

Linearity of Bulk-Controlled Inverter Ring VCO in Weak and Strong
Inversion

ar*. Dag 1

UNIVERSITETET
I OSLO

Differential inverter

/'Q IB IB
Vcntl o

Vout™ O

+
Vin O_‘

Q Q
Vbiasi O LJ?’—¢ !

+
Vout

Ql Q2 I_Ovin—

Vent O—/?

* Programmable delay

e Cascode transistors Q3,
Q4 to increase output
impedance of
programmable current
sources for better PSRR

* |z = Kbias Vcentl
(proportional)

 Tau proportional to C, /
Om» fosc Proportional to
SQRT(V,,y) ;nonlinear
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Bias circuit
4 Al Al
Qg _”-J J | J
Qg ’—| QB Qs
Vhias O*’f—J = II:I
Q Q
Ventl ': Q s il To other
7 —» oscillators
b l >y Q1 E Q
Rj 21 o
T First inverter of -
Control circuitry ring oscillator

Computer simulations of PLLs

* Nontrivial due to often very wide range of time constants
present in PLLs.

» SPICE simulations only may be highly impractical and take
too long time.

* Possible approach:

Simulate the individual components using SPICE over a few
periods of the VCO'’s output waveform before simulating the
complete system using simplified models where continous
time components are replaced by approximately equivalent
difference-equation models;

Simulink in Matlab (easy, don’t need much expertise)

or custom difference equations using for example C. (fast
and may be modified for greater accuracy)

10



4/12/2010

Additional litterature

» Ulrik Wismar, Dag T. Wisland, Pietro Andreani: Linearity of Bulk-Controlled Inverter Ring VCO
in weak and strong inversion, Proceedings of IEEE Norchip Conference, 2005.

* http://www.eecg.toronto.edu/~johns/nobots/Book/book.html
*  http://www.iue.tuwien.ac.at/phd/grasser/node83.html (Ring osc.)
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Some pointers

« http://www.idi.nthu.no/~lasse/DM/SkriveTips.php

* Preface
* (Acknowledgement)
* 1 Introduction
» 2 Theoretical background
* (2.1 Various approaches to Nifty Gadgets)
» 2.2 Nifty Gadgets my way
* 3 My implementation of a Nifty Gadget
* 4 Nifty Gadget results
5 Discussion

£ #8% UNIVERSITETET
“0¥ - 10sLO

Nifty Gadget / DAC chapter 3

* 3 My implementation of a Nifty Gadget

» Can you describe your implementation in detail?
Why did you use this technology?
How does the theory relate to your
implementation?
What are your underlying assumptions?
What did you neglect and what simplifications
have you made?
What tools and methods did you use?
Why use these tools and methods?

,{'j‘:‘ UNIVERSITETET
s

wU¥ . 10SLO
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Nifty Gadget / DAC chapter 4

* 4 Nifty Gadget results
* Did you actually build it?
How can you test it?
How did you test it?
Why did you test it this way?
Are the results satisfactory?
Why should you (not) test it more?
What compensations had to be made to interpret
the results?
Why did you succeed/fail?

£ #8% UNIVERSITETET
“0¥ - 10sLO

Nifty Gadget / DAC chapter 5

* 5 Discussion
* Are your results satisfactory?
Can they be improved?
Is there a need for improvement?
Are other approaches worth trying out?
Will some restriction be lifted?
Will you save the world with your Nifty Gadget?

£ #8% UNIVERSITETET
“0¥ - 10sLO
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Ex. 16.2

L= filbes
S Nl ey Wl
o) = M) ——| K, b Outper
— | | 1]
|
Vi |

= MF..
W | L%\

%lg .

L;\/Q \MJ

o
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