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

L iLast 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 Pi li d A/D C t13.8 Pipelined A/D Converters
13.9 Time-Interleaved A/D Converters

T d f th f ll i h tToday – from the following chapters:
13.6 Interpolating A/D Converters 
13.7 Folding A/D Converters 
14 1 O l d t14.1 Oversampled converters



Interpolating ADCs. Rightmost interpol.=4 (1/4) 
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• Reduced complexity compared to Flash ADCs  reduced input capacitance 
and slightly reduced power.
I th th ti l bfi ld f i l l i i t l ti i• In the mathematical subfield of numerical analysis, interpolation is a 
method of constructing new data points within the range of a discrete set of 
known data points.16. mars 2010 3



Interpolating ADCs (2/4) 

• Uses input amplifiers• Uses input amplifiers 
behaving as linear 

lifi th iamplifiers near their 
threshold voltages, 
allowed to saturate for 
moderately large inputmoderately large input 
signals

• Thus ”noncritical” latches• Thus noncritical  latches 
need only determine the 
sign of the amplifier 
outputsp



Interpolating ADCs (3/4) 

• Amplifier outputs V and V as• Amplifier outputs V1 and V2 as 
well as their interpolated values 
are shown lowermost (fig 13 24)are shown lowermost (fig. 13.24)

• The reference points created  
from interpolated values (for p (
example V2a, V2b, V2c) have 
latches potentially triggering in 
order, for increasing (or 
decreasing) input.
F d li it th• For good linearity the 
interpolated signals need only 
cross the latch threshold at thecross the latch threshold at the 
correct points



Interpolating ADCs (4/4) 

• To achieve good linearity V1 and 
V2 need to be linear between their 
own thresholds. In figure 13.24 
this linear region corresponds tothis linear region corresponds to 
0.25 < Vin < 0.5 (horizontally)

• For fast operation the delays to 
each of the latches must be made 
t l h th hto equal each other as much as 
possible. In fig. 13.25 this is done 
using resistors.using resistors. 



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

• Vin = 0.4 V, gain of 
10 l i l l f 0-10, logic levels of 0 

and 5 volts. 

• V4 = 5 V5
• V3 = 5 V
• V2 = 3 5 VV2  3.5 V
• V1 = 1.0 V



Example – interpolating ADC (2/2)
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Folding A/D Converters (13.7)
• The number of latches isThe number of latches is 

reduced compared to the 
interpolating ADC, and even 
more from FLASH

2-bit
MSB A/D
converter
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Similar to folding block responses on previous slide..
• Bipolar folder outputs
• Ex: Input 1.05:
• F1 > threshold=0 -> ”1” 
• F2 > threshold=0 -> ”1”

F3 > th h ld 0 > ”1”• F3 > threshold=0 -> ”1”
• F4 < threshold=0 -> ”0”
• Thermometer code• Thermometer code 

produced for each of the 
four MSB regions (between g (
0 and ¼, ¼ and ½ , ½ and 
¾ , or ¾ and 1 for previous 
slide)

• (in certain respects related to interpolation 
in Fig 13.24) 16. mars 2010 10



Folding block with a folding rate of four
• Input output response for• Input-output response for 

the cross-coupled 
differential pair is showndifferential pair is shown 
lowermost

• Vout is low if and only ifVout is low if, and only if, 
both Va and Vb are low, 
otherwise higho e se g

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

• Differential solutions in practice



Folding and Interpolating ADC
• By introducing 

interpolation the number
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interpolate-by-two
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Interpolating and folding and interpolating ADCs
Resolution Sampling 

rate
ENOB Power 

dissip.
Supply
voltage

architecture reference

8 bit 100 MHz 6.5 bit@5V, 
7.1 bit@8V

1.2W@5V 5 or 8 V interpolating Steyaert , 
Roovers, 
Craninckx,
CICC 1993CICC 1993

5 bit 5 GHz 4 bit at 5GHz 113
mW@1V

1 V interpolating Wang, Liu, 
VLSI‐DAT 
’20072007

6 bit 200 MHz 5.35 bit 35 
mW@3.3V

3.3V folding and 
interpolating

Yin, Wang, 
Liu, ICSICT, 
20082008

6 bit 200 MHz 5.5 bit 78.8 
mW@2.5V

2.5V folding and 
interpolating

Silva, 
Fernandes,
ISCAS, 2003ISCAS, 2003
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Oversampling converters (chapter 14 in ”J & M”)
F hi h l ti l t di d• For high resolution, low-to-medium-speed 
applications like for example digital audio

• Relaxes requirements placed on analog circuitry• Relaxes requirements placed on analog circuitry, 
including matching tolerances and amplifier gains

• Simplify requirements placed on the analog anti-p y q p g
aliasing filters for A/D converters and smoothing 
filters for D/A converters.
S l d H ld i ll t i d th• Sample-and-Hold is usually not required on the 
input

• Extra bits of resolution can be extracted fromExtra 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



Resolution and clock cycles per sample



Nyquist Sampling and Oversampling 
Fi f• Figure from 
[Kest05]

• Straight over-Straight over
sampling 
gives an SNR 
i timprovement 
of 3 dB / 
octave

• fs > 2f0 (2f0 = 
Nyquist Rate

• OSR = fs/2f0
• SNRmax = 

6 02N+1 76+6.02N+1.76+
10log (OSR)



Oversampled converters; High resolution and relatively 
low speedlow speed









16. mars 2010 21



Oversampling (without noise shaping)
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• 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.

• Oversampling usually combined with noise shaping and• Oversampling usually combined with noise shaping and 
higher order modulators, for higher increase in dynamic range 
per octave  (”OSR”)



SNRmax = 6.02N+1.76+10log(OSR) [dB] 
SNR improvement 0 5 bits / octaveSNR improvement 0.5 bits / octave



Ex. 14.3



Advantages of 1-bit A/D converters (p.537 in ”J&M”)
O li i i l i• 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 

• Advantage of 1-bit D/A is that it is inherently 
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).



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



Oversampling with noise shaping (14.2)
• Oversampling combined with noise shaping can give 

much more dramatic improvement in dynamic range p y g
each time the sampling frequency is doubled.

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

• The decimator converts to a high resolution digital 
signalsignal



Multi-order sigma delta noise shapers (Sangil 
Park, Motorola))



OSR, modulator order and Dynamic Range • 2 X increase 
in Min M 
(6L+3)dB or 
(L+0 5) bit(L+0.5) bit 
increase in 
DRDR.

• L: sigma-delta 
dorder

• Oversampling 
d iand noise 

shaping



Ex. 14.5 

• Given that a 1-bit A/D 
converter has a 6 dB

• Oversampling with no 
noise shaping: Fromconverter has a 6 dB 

SNR, which sample rate 
is required to obtain a

noise shaping: From 
ex. 14.3 we know that 
straight oversamplingis required to obtain a 

96-dB SNR (or 16 bits) if 
f = 25 kHz for straight

straight oversampling 
requires a sampling 
rate of 54 THzf0 = 25 kHz for straight 

oversampling as well as 
first and second order

rate of 54 THz.
• (6.02N+1.76+10 log 

(OSR) 96first-and second-order
noise shaping?

(OSR) = 96                 
<->                              
6 + 10 l OSR 96)6 + 10 log OSR = 96) 

<-> 10 log OSR = 90



Ex. 14.5 

• Oversampling with 1st order noise shaping: 
• 6 - 5.17 + 30 log(OSR) = 96                  OSR = fs / 2f0
• 30log (OSR) = 96 – 6 + 5.17 = 95.17g ( )

A doubling of the OSR gives an SNR improvement 
of 9 dB / octave for a 1st order modulator;o 9 d / octa e o a st o de odu ato ;
95.17 / 9 = 10.57       210.56 x 2*25 kHz = 75.48 MHz

OR: log(OSR)=95 17/30 = 3 17 OSR = 1509 6OR: log(OSR) 95.17/30  3.17  OSR  1509.6
1509.6 * (2*25kHz) = 75.48 MHz



Ex. 14.5 

• Oversampling with 2nd order noise shaping: 
• 6 12 9 + 50 log(OSR) = 96 OSR = fs / 2f• 6 – 12.9 + 50 log(OSR) = 96                OSR = fs / 2f0
• 50 log (OSR) = 96 – 6 + 12.9 = 102.9

A d bli f th OSR i SNR i tA doubling of the OSR gives an SNR improvement 
of 15 dB / octave for a 2nd order modulator;
102 9 / 15 6 86 26 86 2*25 kH 5 81 MH102.9 / 15 = 6.86       26.86 x 2*25 kHz = 5.81 MHz



Ex. 14.5 ”point”: • 2 X increase in M 
(6L+3)dB or (L+0.5) bit 
increase in DR.

• L: sigma-delta order
• 6 db Quantizer, for 96 dB 

SNRSNR:
• Plain oversampling: fs=54 

GHzGHz
• 1st order : fs=75.48 MHz
• 2nd order: f = 5 81 MHz2nd order: fs  5.81 MHz

• Exam problem (INF4420) below
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Sigma Delta converters,ISSCC 2008

• ISSCC-
ForemostForemost 
global 
forumforum

• ”CT”: 
continous time 



2nd order sigma delta modulator 



Additional litterature
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• Y. Chiu, B. Nicolic, P. R. Gray: Scaling of Analog-to-Digital Converters into Ultra-Deep-Submicron CMOS, 

Proceedings of Custom Integrated Circuits Conference, 2005.
• Richard Hagelauer, Frank Oehler, Gunther Rohmer, Josef Sauerer, Dieter Seitzer: A GigaSample/Second 

5-b ADC with On-Chip Track-And-Hold Based on an Industrial 1 um GaAs MESFET E/D Process, IEEE p
Journal of Solid-State Circuits (”JSSC”), October 1992.

• Walt Kester: Which ADC Architecture is right for your application?, Analog Dialogue, Analog Devices, 
2005.

• Richard Lyons Randy Yates: ”Reducing ADC Quantization Noise” MicroWaves & RF 2005• Richard Lyons, Randy Yates: Reducing ADC Quantization Noise , MicroWaves & RF, 2005
• Sangil Park: ”Principles of sigma-delta modulators for analog to digital converters”, Motorola
• B. E. Boser, B. A. Wooley: ”The design of sigma delta modulation analog to digital converters, IEEE 

JSSC, 1988.
• John P. Bentley:  Principles of Measurement  Systems, 2nd ed., Bentley, 1989.
• Lecture Notes, University of California, Berkeley, 

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



Next Time, 23/3-10:,

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

• Beginning of chapter 16; Phase-Locked Loops• Beginning of chapter 16; Phase-Locked Loops 
(16.1)



Guide to writing a thesis / report: The Design and implementation of a Nifty Gadget (page 1 and 2)
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”Nifty Gadget” page 3 and 4
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