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A/D Converters and Sampling Theorem
Department of Mechanical Engineering
Instructor: Jia-Yush Yen 3/31/2010

What is a Physical Variable (I)

 You may like to do things like this
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What is a Physical Variable (II)

 Or probably this
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What is a Physical Variable (III)

 The physical properties that we are 
i t t d iinterested in 
 For studying
 For monitoring
 For control
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What is a Physical Variable (IV)

 Temperature
 Movement
 Vibration
 Speed
 Acceleration 
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 Sound pressure
 Heat flux
 …

The Time Variation of 
Physical Variables (I)
 You may say the temperature of the 

room is 25Croom is 25 C
 The stock price for MediaTek is 300 

dollars
 The noise level near the MRT line is 80 

dB
 The propulsion of Boeing 777 is 740,000 
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p p g ,
pound

 The Lamborghini Gallardo has got 500 
horse-power
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The Time Variation of 
Physical Variables (II)

 Eventually, these properties 
h ith tichange with time
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益通電子 3/21/06

The Time Variation of 
Physical Variables (III)

 And most of the time the time 
i ti ivariation gives you more 

information to work with
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Outline

 Motivation
Th A i i i S S The Acquisition System Setup

 The Physical Configuration of the 
Sampling System

 The Sampled Data
 The Appearance of the Sampled Datapp p
 Sampling Consideration
 Aliasing
 Nyquist Sampling Theorem
 Various forms of A/D HardwareMeasurement Technologies 9

Why Recording A Signal

 The time history of a physical 
i bl ll tvariable allows you to 

 See the trend
 Perform further data regression

 Curve fit
 Frequency spectrum
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Wavelet transform
 System identification
 Control
…
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How is Control Carried Out

Control logic

S

Power
interface

Processor
interface

P
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Sensor
interface

Processor
interface

How Is A Signal Recorded

 Computer only works with electrical 
signalssignals
 A sensor interface converts the signal into a 

easily handled voltage change

 Computer only works one instruction a 
time
 A computer interface to measure the
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 A computer interface to measure the 
magnitude of the voltage at some discrete 
instances

 Computer only works with numbers
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129
257
384

How is A Signal Recorded

 Computer only works 
ith b

384
509
633
754
872
987
1097
1204
1305

with numbers
 An interface to change the 

magnitudes into numbers
(Preferably integer 
numbers)
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1402
1493
1578
1657
1729
1795
1853

The Recorded Signal

 Floating Point Data

Measurement Technologies 14



2010/3/31

8

Actual Recorded 8-bit Data
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Recorded 16-bit Data
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Signals as seen by a 
computer

 200Hz signal taken at 1KHz 
li
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What is the time stamp here?

1 KHz –
0.001 sec/sample
50 x 0.001 = 0.05 sec

1

The original signal

 Actually, it is
(M t l k h lik )
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0.8(May not look very much alike)
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1

Suppose we do it faster

 Taken at 10KHz
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0.0001 sec x 500
= 0.05 sec

Suppose we do it slower

 Taken at 500Hz
1
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Suppose we do it even slower

 Sampled at 250 Hz
1

0 004 12
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0.004 x 12
= 0.048 sec

0 2 4 6 8 10 12
-1

-0.8

-0.6

-0.4

How do we know we are 
looking at the right signal?

 We need many samples
 How many?

 Many samples means fast rates
 How fast?

Measurement Technologies 22
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Shannon Sampling 
Theorem

Measurement Technologies 23

Shannon Sampling 
Theorem
 The Nyquist–Shannon sampling 

theorem also known as Whittakertheorem, also known as Whittaker–
Shannon sampling theorem, is a 
fundamental result in the field of 
information theory, in particular 
telecommunications. 
 In addition to E. T. Whittaker (statistical
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 In addition to E. T. Whittaker (statistical 
theorem published 1915), Claude Shannon
and Harry Nyquist, it is also attributed to 
Kotelnikov, and sometimes referred to as, 
simply, the sampling theorem. 
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 Claude Elwood Shannon
(April 30 1916 February 24(April 30, 1916 – February 24, 
2001), an American electrical 
engineer and mathematician, 
has been called "the father of 
information theory", and was 
the founder of practical digital
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the founder of practical digital 
circuit design theory. 

http://www.wikipedia.org

 Edmund Taylor Whittaker (24 
October 1873 - 24 March 1956) was anOctober 1873 24 March 1956) was an 
English mathematician, who contributed 
widely to applied mathematics, 
mathematical physics and the theory of 
special functions. He had a particular 
interest in numerical analysis, but also 
worked on celestial mechanics and the 
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history of applied mathematics and the 
history of physics. He was born in 
Southport, in Merseyside.

http://www.lms.ac.uk/newsletter/328/328_09.html
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 Harry Nyquist (February 7, 1889 – April 4, 1976) was 
an important contributor to information theory.

 He was born in Nilsby, Sweden. He emigrated to the USA
in 1907 and entered the University of North Dakota in 
1912. He received a Ph.D. in physics at Yale University in 
1917. He worked at AT&T from 1917 to 1934, then 
moved to Bell Telephone Laboratories.

 As an engineer at Bell Laboratories, he did important 
work on thermal noise ("Johnson Nyquist noise") and thework on thermal noise ( Johnson-Nyquist noise ) and the 
stability of feedback amplifiers.

 His early theoretical work on determining the bandwidth 
requirements for transmitting information, as published in 
"Certain factors affecting telegraph speed" (Bell System 
Technical Journal, 3, 324–346, 1924), laid the 
foundations for later advances by Claude Shannon, which 
led to the development of information theory. 

 In 1927 Nyquist determined that an analog signal should 
be sampled at regular intervals over time and at twice the 
frequency of the signal's bandwidth in order to be

Measurement Technologies 27

frequency of the signal s bandwidth in order to be 
converted into an adequate representation of the signal in 
digital form. Nyquist published his results in the paper 
Certain topics in Telegraph Transmission Theory (1928). 
This rule is now known as the Nyquist–Shannon sampling 
theorem.

 He retired from Bell Labs in 1954. Nyquist died in 
Harlingen, Texas on April 4, 1976.

Ref: en.wikipedia.org/wiki/Harry_Nyquist
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Shannon Sampling 
Theorem
 A signal that is bandlimited is constrained in 

terms of how fast it can change and therefore 
h h d t il it i b thow much detail it can convey in between 
discrete moments of time. 

 The sampling theorem means that the discrete 
samples are a complete representation of the 
signal if the bandwidth is less than half the 
sampling rate, which is referred to as the 
Nyquist frequency.

 Frequency components that are above the
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 Frequency components that are above the 
Nyquist frequency are subject to a phenomenon 
called aliasing, which is undesirable in most 
applications. The severity of the problem 
depends on the relative strength of the aliased 
components.

Shannon Sampling 
Theorem

Let x(t) represent a real-valued continuous-time signal and let X(f)  
represent its unitary Fourier transform (to the domain of 
ordinary frequency, Hz). I.e.:



The right figure depicts a bandlimited X(f) whose highest frequency 
is fH. i.e.:

X(f) = 0 for |f| > fH

Then the condition for alias-free sampling at rate fs (in samples per 
second) is:

fs > 2fH (Nyquist rate) 

  




 dtetxtxfX ftj 2)()()(

Measurement Technologies 30

or equivalently:
fH < fs/2   (Nyquist frequency) 

The time interval between successive samples is a constant, referred 
to as sampling interval. It is given, in seconds, by:

T = 1/fs

And the samples of x(t) are denoted by:
x(n/fs) = x(nT), n  Z

Spectrum of a bandlimited 
signal as a function of 

frequency
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1

The same signal
Sampled at 400Hz
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Digitizing a Signal

 The device to digitize a signal is 
ll d “A l t Di it l (A/D)called an “Analog-to-Digital (A/D) 

Converter” 

Measurement Technologies 32
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Concept of Sampling

 You only take data at certain time 
i tinstances
 (There is no information about the 

signal in between samples.)

Measurement Technologies 33

Discretize vs. Digitize

D
igitize
m

agnitude

Measurement Technologies 34

Discretize
time

e
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Let’s look at a more 
complicated signal

)2002sin(5.0)102sin( tt  

Measurement Technologies 35

 Sampled at 2KHz

Measurement Technologies 36
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 Sampled at 1KHz

Measurement Technologies 37

 Sampled at 500Hz

Measurement Technologies 38
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 Sampled at 200Hz

Measurement Technologies 39

 Sampled at 100Hz

Measurement Technologies 40



2010/3/31

21

 Sampled at 50Hz

Measurement Technologies 41

 Sampled at 20Hz

Measurement Technologies 42
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 Sampled at 1.3Hz

Measurement Technologies 43

Digitization

Measurement Technologies 44
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A/D Converter 
Characteristics

 Consider N-bit A/D converter

12
,

2

1




















N
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V
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n

 The sampled data
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In Other Word

 When sampling data
 1. Amplify the signal to

before attaching to A/D
 2. When recording –

multiply data by
(in_data_array)*V
t bt i th t it d

  refref VV

to obtain the correct magnitude

Measurement Technologies 46
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Effect of Bit-depth

 1 Floating point
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 8 bits sampled
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Power Spectrum 
Consideration
 Floating point signal
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Compare Bit-length
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Sample-and-Hold

 Ideal response of an S/H
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Analog-to-Digital Converter

 Integrating Type
(Ch di iti i A/D)(Charge-digitizing A/D) 

 Tracking A/D
 Successive Approximation Type
 Flash A/D converter
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 Subranging Flash A/D

Integrating A/D Converter

 Integrating dual-slop A/D converter 
h tischematics

Measurement Technologies 52

 Operating principle
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Tracking A/D Converter

 Repeatedly compares its input with the output 
of a D/A converterof a D/A converter.

Measurement Technologies 53

Successive Approximation 
A/D (I)

 Flow chart –
U bi Uses a binary 
search to 
sequentially 
determine 
the bits of 
the output
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Successive Approximation A/D 
(II)

 Block diagram for the successive 
i ti A/Dapproximation A/D
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Flash A/D Converter

 Uses 2N – 1 
comparators tocomparators to 
determine 
simultaneously 
all N bits of the 
digital outputs.

Measurement Technologies 56

Generates the address of 
the bit most representative 

to the input voltage
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Subranging Flash A/D Converter

 Flash converter 
is too costlyis too costly

 More practical 
solution
 Hybrid 

between the 
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successive-
approximation 
and the flash 
converter

Multi-channel Consideration

 This would work “funny”

multiplexermultiplexer

 Why?

Inputs Output

Measurement Technologies 58
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Conversion Time 
Consideration

 Conversion takes time (especially 
i t ti A/D)integrating A/D)

 S/H needs time to settle
 Output digital data takes time 

(especially when using serial 
output)
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output)

 This is more ideal application

Actually

Inputs
Output

S/HS/H multiplexermultiplexer

Measurement Technologies 60
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TI ADS7806

Ref: www.ti.com

The ADS7806 is a low-power, 12-bit, sampling Analog-to-
Digital (A/D) converter using state of the art CMOS 
structures.

It contains a complete 12-bit, capacitor-based, Successive 
Approximation Register (SAR) A/D converter with sample 
and-hold, clock, reference, and a microprocessor interface 
with parallel and serial output drivers.

The ADS7806 can acquire and convert to full 12-bit accuracy 
in 25μs max while consuming only 35mW max Laser

Measurement Technologies 61

in 25μs max, while consuming only 35mW max. Laser 
trimmed scaling resistors provide standard industrial input 
ranges of ±10V and 0V to +5V. In addition, a 0V to +4V 
range allows development of complete single-supply 
systems.

The ADS7806 is available in a 0.3" DIP-28 and SO-28, both 
fully specified for operation over the industrial –40°C to 
+85°C temperature range.

ADS7806 –
successive approximation

Measurement Technologies 62
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How to use R1in and R2in
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 12 bits is 1/4096
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DDC112
Integrating A/D
 20 bits is 1/1,048,576

0 000001= 0.000001
 Conversion time is 220s

Measurement Technologies 67

DDC112 Data sheet

Measurement Technologies 68



2010/3/31

35

DDC112 Data sheet 
(cont.)
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Agilent 3458A

 Measurement Capability
8 1 d V ti l 8-ppm 1 year dcV accuracy, optional 
4-ppm 

 0.05 ppm dcV transfer accuracy 
 Superior AC voltage measurements 
 System Capability

Measurement Technologies 70
www.agilent.com

 100,000 readings per second at 4 1/2 
digits

 US$ 7,892
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 Converter

 Converting amplitude into frequency
 Utilizing the fast clock rate in 

modern IC
 Achieving fast conversion with high 

resolution
S l bl i b t Scalable compromise between 
resolution and speed

 Low operating voltage
 Example TI ADS7806
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Charge-Digitizing A/D

Period generation
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Voltage-to-frequency
conversion

First order delta-sigma 
modulator
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Difference
from 1-bit feedback

 modulator principle

from 1 bit feedback
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Analog Device AD7190
 GENERAL DESCRIPTION

 Low noise, complete analog front end for high precision measurement 
applications It contains a low noise 24-bit sigma-delta (Σ-Δ) analog toapplications. It contains a low noise, 24 bit sigma delta (Σ Δ) analog to 
digital converter (ADC). On-Chip low noise gain stage allow signals of 
small amplitude can be interfaced directly to the ADC.

 Two differential inputs or four pseudo differential inputs. The 
on-chip channel sequencer allows several channels to be enabled, and 
the AD7190 sequentially converts on each enabled channel. This 
simplifies communication with the part. The on-chip 4.92 MHz clock can 
be used as the clock source to the ADC or, alternatively, an external 
clock or crystal can be used. The output data rate from the part can be 
varied from 4.7 Hz to 4.8 kHz.

 Two digital filter options. The choice of filter affects the rms 
noise/noise-free resolution at the programmed output data rate, the 
settling time, and the 50 Hz/60 Hz rejection. For applications that 
require all conversions to be settled, the AD7190 includes a zero latency 
feature.

 Operates with 5 V analog power supply and a digital power supply 
from 2.7 V to 5.25 V. It consumes a current of 6 mA. It is housed in a 
24-lead TSSOP package.Measurement Technologies 76
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Analog Device AD7190

 FEATURES
 RMS noise: 8.5 nV @ 4.7 Hz 

(gain = 128)

 Power supply
 AVDD: 4.75 V to 5.25 V
 DVDD: 2 7 V to 5 25 V(gain = 128)

 16 noise free bits @ 2.4 kHz 
(gain = 128)

 Up to 22.5 noise free bits 
(gain = 1)

 Offset drift: 5 nV/°C
 Gain drift: 1 ppm/°C
 Specified drift over time
 2 differential/4 pseudo 

differential input channels

 DVDD: 2.7 V to 5.25 V
 Current: 6 mA
 Temperature range: –40°C to 

+105°C
 Interface
 3-wire serial
 SPI, QSPI™, MICROWIRE™, 

and DSP compatible
 Schmitt trigger on SCLK

 APPLICATIONS
 Automatic channel sequencer
 Programmable gain (1 to 128)
 Output data rate: 4.7 Hz to 4.8 

kHz
 Internal or external clock
 Simultaneous 50 Hz/60 Hz 

rejection
 4 general-purpose digital 

outputs

 APPLICATIONS
 Weigh scales
 Strain gauge transducers
 Pressure measurement
 Temperature measurement
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AD7190 block diagram

Measurement Technologies 78
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AD7190 application example
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Sample and Hold

 Sample and hold block diagram
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Sample and hold 
waveform

Measurement Technologies 81

Practical Sample and 
Hold
 Hold-to-sample transition
 Sample interval
 Sample-to-hold transition
 Hold interval

Measurement Technologies 82
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Hold-to-sample transition 
errors
 Acquisition time – time required for the 

S/H to acquire and than track the inputS/H to acquire and than track the input 
signal after the “sample” commend.
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 Hold-to-sample mode transient, and settling 
timetime
 This transient will be present even in the case where 

there is no large difference between the previously 
held voltage and the new sample.

 The amplitude of this transient may be well in excess 
of the rated S/H accuracy, it must be allowed a 
sufficient time period to die out before the output 
voltage sample can be considered validvoltage sample can be considered valid. 
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Sample errors

 Gain nonlinearity
 Offset
 Offset temperature drift
 Settling time
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Sample-to-hold transition 
errors

 Aperture time
 S/H offset

Measurement Technologies 86
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 Aperture time - The time 
which elapses betweenwhich elapses between 
the point when a HOLD 
command is issued and 
the actual opening of the 
S/A switch. 
 Problem!! when there is a 

rapid change in the input.

Measurement Technologies 87

 Aperture related 
time/voltage errors

 Maximum input sine 
wave frequency forwave frequency for 
various aperture times 
and resolutions

Measurement Technologies 88
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 S/H offset
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 Sample-to-hold settling time –
 The time for the S/H output to settle 

to within its rated accuracy following 
the Hold command.

Measurement Technologies 90



2010/3/31

46

Hold Interval Errors

HL CItV // 
 Where 
 IL is the leakage current
 CH is the Hold capacitor value

Measurement Technologies 91

 Feedthrough
 Is an analog error caused by leakage 

of ac signals through the S/H switch in 
the HOLD state.

Measurement Technologies 92
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Dielectric Absorption

 With some common capacitor types, 
th di l t i d t l t lthe dielectric does not completely 
release all of its energy after a 
charge/discharge cycle.
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Drift and Noise

 A S/H can possess different drift 
h t i ti i th HOLD dcharacteristics in the HOLD mode 

than those in the SAMPLE mode.
 In the HOLD mode, the output 

terminal sees only the drift of the 
output buffer amplifier.

 In the SAMPLE mode, it sees either 
the input amplifier alone or the 
composite drift of two series 
amplifiers.
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