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Motivatie

Alle fysieke signalen zijn 
analoge signalen

Voor verwerking van 
signalen is het dankzij de 
huidige rekenkracht van 
computers en 
microcontrollers veel 
praktischer om met digitale 
signalen te werken

Digitale signalen hebben 
als voordeel dat 
vervormingen/ruis veel 
beter onder controle 
kunnen worden gehouden

Dus er zijn omzetters nodig 
van analoge naar digitale 
signalen en omgekeerd



Analoge versus digitale signalen

Digitale 𝑁-bits signalen (𝑏!, 𝑏", 𝑏#, … , 𝑏$%") geven een 
benadering van de mogelijke analoge signalen 𝑈:
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Ø Wat is de range van de mogelijke analoge signalen? 
Ø Wat is het MSB en LSB?
Ø Wat is de resolutie?



Analoge versus digitale signalen

Belangrijke begrippen:

Resolutie

Bandbreedte

Snelheid

Sampling

Quantisatie

Uni/bi-polar converters 

(Non)linearity

(Non)monotonic

Latency



Resolutie
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Figure 6.112:   LSB size for a 2 V Full-Scale Input 
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Quantization uncertainty
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consists of eight points—while it is reasonable to discuss the line through these points, it 
is very important to remember that the actual transfer characteristic is not a line, but a 
number of discrete points.  

 
 

Figure 5.13: Transfer Functions for Ideal 3-Bit DAC and ADC 
 

 
The input to an ADC is analog and is not quantized, but its output is quantized. The 
transfer characteristic therefore consists of eight horizontal steps. When considering the 
offset, gain, and linearity of an ADC we consider the line joining the midpoints of these 
steps—often referred to as the code centers.  
 
For both DACs and ADCs, digital full-scale (all 1s) corresponds to 1 LSB below the 
analog full-scale (FS). The (ideal) ADC transitions take place at ½ LSB above zero, and 
thereafter every LSB, until 1½ LSB below analog full-scale. Since the analog input to an 
ADC can take any value, but the digital output is quantized, there may be a difference of 
up to ½ LSB between the actual analog input and the exact value of the digital output. 
This is known as the quantization error or quantization uncertainty as shown in Figure 
5.15. In ac (sampling) applications this quantization error gives rise to quantization noise 
which will be discussed in Section 5.3 of this chapter.  
 
As previously discussed, there are many possible digital coding schemes for data 
converters: straight binary, offset binary, 1s complement, 2s complement, sign 
magnitude, gray code, BCD, and others. This section, being devoted mainly to the analog 
issues surrounding data converters, will use simple binary and offset binary in its 
examples and will not consider the merits and disadvantages of these, or any other forms 
of digital code.  
 
The examples in Figure 5.13 use unipolar converters, whose analog port has only a single 
polarity. These are the simplest type, but bipolar converters are generally more useful in 
real-world applications. There are two types of bipolar converters: the simpler is merely a 
unipolar converter with an accurate 1 MSB of negative offset (and many converters are 
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Nyquist criterium

Om alle signaal informatie te behouden moet er 
gesampled worden met een sample-frequentie 𝑓* die 
minstens 2 zo groot is dan de bandbreedte Δ𝑓 van het 
signaal:

𝑓* ≥ 2	Δ𝑓

https://svi.nl/NyquistRate

https://svi.nl/NyquistRate


R-2R Ladder Network DAC 

Leg uit of deze methode monotoon altijd is
Bepaal 𝑉+ in termen van (𝑏!, 𝑏", … , 𝑏$%")



Flash ADC 

1230 Part 3 Digital Electronics
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Figure 16.93 A 3-bit flash or parallel A/D converter

1024 resistors and 1023 comparators are required. However, 10-bit resolution A/D
flash converters have been fabricated as ICs.

Counting A/D
A second type of A/D converter is the counting converter. This system contains a
comparator, a counter, and a D/A converter in a feedback configuration as shown in
Figure 16.94(a). Additional control circuitry is not shown for simplicity.

Initially the output of the counter is set equal to zero and the output of the D/A
converter is set to vO = 1

2 LSB. When an analog input voltage vA is applied, the out-
put of the comparator is high (unless vA < 1

2 LSB), which enables the counter. Then
for each clock pulse, the output of the counter increases by one, producing an N-bit
digital output. When the output of the D/A becomes just greater than the analog
input voltage, the output of the comparator goes low and the counter is disabled. The
N-bit digital output then corresponds to the analog input signal.

Figure 16.94(b) shows the timing diagram of a counting converter for a 4-bit
digital output. Assume that the analog input signal is in the range 0 ≤ vA ≤ 5 V.
A 1 LSB then corresponds to 5

16 V.
Assume the analog input signal is vA = 5.2( 5

16 ) V. The initial output of the D/A,
as mentioned, is a 1

2 LSB offset voltage. By including the offset voltage, the maximum
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Bepaal 𝑣, voor 1 ≤ 𝑖 ≤ 2$ − 1	
Leg de werking van deze flash 
A/D-converter uit
Leg uit waarom deze converter 
nauwelijks latency veroorzaakt
Leg uit waarom deze converter 
voor een groot aantal bits niet 
praktisch is



Besproken is:

Aantal DA / AD - Converters

Andere mogelijkheden: zie volgende slides



Overzicht

DACs
Ø R-2R ladder
Ø Weighted
ADCs
Ø Flash
Ø Counting
Ø Dual Slope
Ø SAR
Ø Pipeline

Sigma-Delta (ΣΔ) converters
Ø 𝚺𝚫-ADC
Ø ΣΔ-DAC

Literatuur: Neamen, “Microelectronics”
  Zumbahlen, “Basic Linear Design”



Pipeline ADC 

  BASIC LINEAR DESIGN 
 

6.52 

Subranging, Error Corrected, and Pipelined ADCs  
 
A basic, two-stage N-bit subranging ADC is shown in Figure 6.52. The ADC is based on 
two separate conversions—a coarse conversion (N1 bits) in the MSB sub-ADC (SADC) 
followed by a fine conversion (N2 bits) in the LSB sub-ADC. Early subranging ADCs 
nearly always used flash converters as building blocks, but a number of recent ADCs 
utilize other architectures for the individual ADCs. 
 
The conversion process begins placing the sample-and-hold in the hold mode followed by 
a coarse N1-bit sub-ADC (SADC) conversion of the MSBs. The digital outputs of the 
MSB converter drive an N1-bit sub-DAC (SDAC) which generates a coarsely quantized 
version of the analog input signal. The N1-bit SDAC output is subtracted from the held 
analog signal, amplified, and applied to the N2-bit LSB SADC. The amplifier provides 
gain, G, sufficient to make the “residue” signal exactly fill the input range of the            
N2 SADC. The output data from the N1 SADC and the N2 SADC are latched into the 
output registers yielding the N-bit digital output code, where N = N1 + N2.  
 

 
Figure 6.52:  N-bit Two-Stage Subranging ADC 

  
 
In order for this simple subranging architecture to work satisfactorily, both the N1 SADC 
and SDAC (although they only have N1 bits of resolution) must be better than N-bits 
accurate. The residue signal offset and gain must be adjusted such that it precisely fills 
the range of the N2 SADC as shown in Figure 3.66A. If the residue signal drifts by more 
than 1 LSB (referenced to the N2 SADC), then there will be missing codes as shown in 
Figure 3.66B where the residue signal enters the out-of-range regions labeled “X” and 
“Y.” Any nonlinearity or drift in the N1 SADC will also cause missing codes if it exceeds 
1 LSB referenced to N-bits. In practice, an 8-bit subranging ADC with N1 = 4 bits and 
N2 = 4 bits represents a realistic limit to this architecture in order to maintain no missing 
codes over a reasonable operating temperature range.  
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RESIDUE
SIGNAL

N1 MSBs N2 LSBs

G
N1-BIT
SADC

N1-BIT
SDAC

N2-BIT
SADC

ADCs kunnen achter elkaar geschakeld worden om een ADC 
te maken met een hogere resolutie
Het resultaat van de eerste SADC wordt van de input 
afgetrokken en versterkt voor de tweede omzetting



Pipeline latency

Door de omzetting 
in stages, ontstaan 
er vertragingen in 
de volledige A/D 
conversie

 CONVERTERS 
ANALOG-TO-DIGITAL CONVERTER ARCHITECTURES 

6.55  

cycles other than 50% affect all the T/H amplifiers in the chain—some will have longer 
than optimum track times and shorter than optimum hold times; while others suffer 
exactly the reverse condition. Several newer pipelined ADCs including the 12-bit, 65-
MSPS AD9235 and the 12-bit, 210-MSPS AD9430 have on-chip clock conditioning 
circuits to control the internal duty cycle while allowing some variation in the external 
clock duty cycle. 
  

 
 

Figure 6.56: Clock Issues in Pipelined ADCs 
 
 
The effects of the “pipeline” delay (sometimes called latency) in the output data as shown 
in Figure 6.57 for the AD9235 12-bit 65-MSPS ADC where there is a 7-clock cycle 
pipeline delay.  
 

Figure 6.57:  Typical Pipelined ADC Timing for AD9235 12-Bit, 65-MSPS ADC 
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Kelvin DAC (String DAC) 
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Figure 6.2:   Simplest Voltage-Output Thermometer DAC: 
The Kelvin Divider 

 
 
As we mentioned in the section on sampling theory, the output of a DAC for an all 1s 
code is 1 LSB below the reference, so a Kelvin divider DAC intended for use as a 
general-purpose DAC has a resistor between the reference terminal and the first switch as 
shown in Figure 6.2. 
 
 
Segmented String DACs 
 
A variation of the Kelvin divider is the segmented string DAC. Here we reduce the 
number of resistors required by segmenting. Figure 6.3 shows two varieties of segmented 
voltage-output DAC. The architecture in Figure 6.3A is sometimes called a Kelvin-
Varley Divider. Since there are buffers between the first and second stages, the second 
string DAC does not load the first, and the resistors in the second string do not need to 
have the same value as the resistors in the first. All the resistors in each string, however, 
do need to be equal to each other or the DAC will not be linear. The examples shown 
have 3-bit first and second stages but for the sake of generality, let us refer to the first 
(MSB) stage resolution as M-bits and the second (LSB) as K-bits for a total of  N = M + 
K bits. The MSB DAC has a string of 2M equal resistors and a string of 2K equal resistors 
in the LSB DAC.  As an example, if we make a 10-bit string DAC out of two 5-bit 
sections, each segment would have 25 or 32 resistors, for a total of 64, as opposed to the 
1024 required for a standard Kelvin divider. This is an obvious advantage. 
 
 

3-TO-8
DECODER

3-BIT
DIGITAL
INPUT

ANALOG
OUTPUT

VREF

CIRCA 1920

SWITCHES WERE
RELAYS OR VACUUM TUBES

8

TO
SWITCHES

R

R

R

R

R

R

R

R

Leg uit waarom 𝑁-to-2! decoder circuit nodig is
Leg uit waarom deze methode monotoon is
Leg uit waarom deze methode een groot aantal bits niet 
praktisch is



Binary-Weighted Resistor DAC

Leg uit waarom deze methode monotoon is
Leg uit waarom deze methode voor een groot aantal 
bits niet praktisch is
Bepaal 𝑉+ in termen van (𝑏", 𝑏#, 𝑏&, 𝑏-)

Chapter 16 MOSFET Digital Circuits 1227
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Figure 16.89 Discrete analog output v′
A and smoothed

output v′′
A versus time from a D/A converter
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Figure 16.90 A 4-bit weighted-resistor D/A converter

v′
A is in the form of stair steps. Normally, this signal will be fed through a low-pass

filter to smooth out the signal to produce the dotted signal v′′
A in the figure. The de-

sired result is that the signal v′′
A be as close to the original signal vA as possible.

Digital-to-Analog Converters

We will consider a few basic D/A converters to gain an appreciation of the techniques
used in these circuits.

Weighted-Resistor 4-Bit D/A
A simple circuit for a 4-bit D/A converter was shown in Chapter 9 in Figure P9.37.
This circuit is repeated here in Figure 16.90 for convenience. The circuit is a sum-
ming amplifier and includes a reference voltage VR, four weighted input resistors,
four switches, and an op-amp with a feedback resistor. With RF = 10 k!, we find
the output voltage to be

vO =
(

b1

2
+ b2

4
+ b3

8
+ b4

16

)
(5) V (16.86)
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Figure 16.88 Digital output versus analog input for
a 6-bit A/D converter
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Counting ADC Chapter 16 MOSFET Digital Circuits 1231

quantization error will then be ± 1
2 LSB. We see from Figure 16.94(b) that after the

fifth clock pulse, the output of the D/A is

vO = 1
2

(
5
16

)
+ 5

(
5
16

)
= 5.5

(
5
16

)
V (16.91)

which is larger than vA. The counter then stops counting and the digital output is 0101.
We can note that the digital output corresponds to 5( 5

16 ) V, which is within 1
2 LSB of

the analog input signal.
To complete the conversion process, the clock must go through its complete

cycle, which for a 4-bit output is 16 clock periods.

Dual-Slope A/D
Another type of A/D conversion scheme is the dual-slope A/D converter shown in
Figure 16.95(a). This type of converter is found in high-resolution data acquisition
systems, for example, since 20-bit conversions can be achieved.
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Figure 16.94 (a) Block diagram of a counting A/D converter and (b) the timing diagram of a
4-bit A/D counting converter for a specific input voltage
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De counter loopt op met de klok en daarmee ook de 
”output” spanning 𝑣+
De counter blijft lopen tot dat de comparator omslaat
Op dat moment zijn de 𝑁 bits (𝑏", 𝑏#, 𝑏&, … , 𝑏$) bepaald



Dual-Slope ADC 

Op 𝑡 = 0 opent de switch 𝑆"
zodat de negatieve input −𝑣./ op 
de integrator staat
Na een vaste tijd 𝑇", wordt 
switch 𝑆# op 𝑉012 gezet en de 
tijd wordt gemeten tot 𝑇# waarop 
𝑣+(𝑇#) = 0
Dit geeft:

𝑇"
𝑣./

𝑅𝐶
= 𝑣+ 𝑇" = 𝑇#

𝑉012
𝑅𝐶

Dus als 𝑇" = 2$ 	𝑇, dan wordt de 
N-bits waarde bepaald volgens:

𝑛 =
𝑇#
𝑇
= 2$

𝑣./

𝑉012

Chapter 16 MOSFET Digital Circuits 1231

quantization error will then be ± 1
2 LSB. We see from Figure 16.94(b) that after the

fifth clock pulse, the output of the D/A is

vO = 1
2

(
5
16

)
+ 5

(
5
16

)
= 5.5

(
5
16

)
V (16.91)

which is larger than vA. The counter then stops counting and the digital output is 0101.
We can note that the digital output corresponds to 5( 5

16 ) V, which is within 1
2 LSB of

the analog input signal.
To complete the conversion process, the clock must go through its complete

cycle, which for a 4-bit output is 16 clock periods.

Dual-Slope A/D
Another type of A/D conversion scheme is the dual-slope A/D converter shown in
Figure 16.95(a). This type of converter is found in high-resolution data acquisition
systems, for example, since 20-bit conversions can be achieved.
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quantization error will then be ± 1
2 LSB. We see from Figure 16.94(b) that after the

fifth clock pulse, the output of the D/A is

vO = 1
2

(
5
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)
+ 5

(
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(
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)
V (16.91)

which is larger than vA. The counter then stops counting and the digital output is 0101.
We can note that the digital output corresponds to 5( 5

16 ) V, which is within 1
2 LSB of

the analog input signal.
To complete the conversion process, the clock must go through its complete

cycle, which for a 4-bit output is 16 clock periods.

Dual-Slope A/D
Another type of A/D conversion scheme is the dual-slope A/D converter shown in
Figure 16.95(a). This type of converter is found in high-resolution data acquisition
systems, for example, since 20-bit conversions can be achieved.
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Dual-Slope ADC 

Hoe lang duurt het bepalen van 
de digitale waarde van een 
spanning minimaal voor een 20-
bits ADC als de klok in 1 Mhz 
heeft

Leg uit waarom deze methode 
heel nauwkeurig kan zijn

Chapter 16 MOSFET Digital Circuits 1231

quantization error will then be ± 1
2 LSB. We see from Figure 16.94(b) that after the

fifth clock pulse, the output of the D/A is

vO = 1
2

(
5
16

)
+ 5

(
5
16

)
= 5.5

(
5
16

)
V (16.91)

which is larger than vA. The counter then stops counting and the digital output is 0101.
We can note that the digital output corresponds to 5( 5

16 ) V, which is within 1
2 LSB of

the analog input signal.
To complete the conversion process, the clock must go through its complete

cycle, which for a 4-bit output is 16 clock periods.

Dual-Slope A/D
Another type of A/D conversion scheme is the dual-slope A/D converter shown in
Figure 16.95(a). This type of converter is found in high-resolution data acquisition
systems, for example, since 20-bit conversions can be achieved.
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4-bit A/D counting converter for a specific input voltage
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quantization error will then be ± 1
2 LSB. We see from Figure 16.94(b) that after the

fifth clock pulse, the output of the D/A is

vO = 1
2

(
5
16

)
+ 5

(
5
16

)
= 5.5

(
5
16

)
V (16.91)

which is larger than vA. The counter then stops counting and the digital output is 0101.
We can note that the digital output corresponds to 5( 5

16 ) V, which is within 1
2 LSB of

the analog input signal.
To complete the conversion process, the clock must go through its complete

cycle, which for a 4-bit output is 16 clock periods.

Dual-Slope A/D
Another type of A/D conversion scheme is the dual-slope A/D converter shown in
Figure 16.95(a). This type of converter is found in high-resolution data acquisition
systems, for example, since 20-bit conversions can be achieved.
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Successive Approximation ADCs 
 
The successive approximation ADC has been the mainstay of data acquisition for many 
years. Recent design improvements have extended the sampling frequency of these ADCs 
into the megahertz region.  
 
The basic successive approximation ADC is shown in Figure 6.45. It performs 
conversions on command. On the assertion of the CONVERT START command, the 
sample-and-hold (SHA) is placed in the hold mode, and all the bits of the successive 
approximation register (SAR) are reset to “0” except the MSB which is set to “1.” The 
SAR output drives the internal DAC. If the DAC output is greater than the analog input, 
this bit in the SAR is reset, otherwise it is left set. The next most significant bit is then set 
to “1.” If the DAC output is greater than the analog input, this bit in the SAR is reset, 
otherwise it is left set. The process is repeated with each bit in turn. When all the bits 
have been set, tested, and reset or not as appropriate, the contents of the SAR correspond 
to the value of the analog input, and the conversion is complete. These bit “tests” can 
form the basis of a serial output version SAR-based ADC.  
 
 

 
 

Figure 6.45: Basic Successive Approximation ADC 
(Feedback Subtraction ADC) 

 
 
The fundamental timing diagram for a typical SAR ADC is shown in Figure 6.46. The 
end of conversion is generally indicated by an end-of-convert (EOC), data-ready 
(DRDY), or a busy signal (actually, not-BUSY indicates end of conversion). The 
polarities and name of this signal may be different for different SAR ADCs, but the 
fundamental concept is the same. At the beginning of the conversion interval, the signal 
goes high (or low) and remains in that state until the conversion is completed, at which 
time it goes low (or high). The trailing edge is generally an indication of valid output 
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Figure 6.53:  Residue Waveforms at Input of N2 Sub-ADC 

 
 
When the interstage alignment is not correct, missing codes will appear in the overall 
ADC transfer function as shown in Figure 6.54. If the residue signal goes into positive 
overrange (the “X” region), the output first “sticks” on a code and then “jumps” over a 
region leaving missing codes. The reverse occurs if the residue signal is negative 
overrange.  
 
 

 
Figure 6.54: Missing Codes Due to MSB SADC Nonlinearity or              

Interstage Misalignment 
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gefilterd en teruggebracht naar de oorspronkelijke 
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resolution, while averaging eight samples yields 4/8, or three bits of resolution.  In the 
bottom waveform of Figure 6.91, the average obtained for four samples is 3/4, and the 
average for eight samples is 6/8.   
 

 
Figure 6.91:   Sigma-Delta Modulator Waveforms 

 
 
Further time-domain analysis is not productive, and the concept of noise shaping is best 
explained in the frequency domain by considering the simple Σ-Δ modulator model in 
Figure 6.92.  
 
The integrator in the modulator is represented as an analog low-pass filter with a transfer 
function equal to H(f) = 1/f. This transfer function has an amplitude response which is 
inversely proportional to the input frequency. The 1-bit quantizer generates quantization 
noise, Q, which is injected into the output summing block. If we let the input signal be X, 
and the output Y, the signal coming out of the input summer must be X – Y. This is 
multiplied by the filter transfer function, 1/f, and the result goes to one input to the output 
summer. By inspection, we can then write the expression for the output voltage Y as: 

Q)YX(
f
1Y +−= .                 Eq. 6.16 

 
This expression can easily be rearranged and solved for Y in terms of X, f, and Q: 
 

1f
fQ

1f
XY

+
⋅

+
+

= .     Eq. 6.17 
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Quantization noise shaping
  BASIC LINEAR DESIGN 
 

6.94 

 
 

Figure 6.92:   Simplified Frequency Domain Linearized Model 
of a Sigma-Delta Modulator 

 
 
Note that as the frequency f approaches zero, the output voltage Y approaches X with no 
noise component. At higher frequencies, the amplitude of the signal component 
approaches zero, and the noise component approaches Q. At high frequency, the output 
consists primarily of quantization noise. In essence, the analog filter has a low-pass effect 
on the signal, and a high-pass effect on the quantization noise. Thus the analog filter 
performs the noise shaping function in the Σ-Δ modulator model.  
 
For a given input frequency, higher order analog filters offer more attenuation. The same 
is true of Σ-Δ modulators, provided certain precautions are taken. 
 
By using more than one integration and summing stage in the Σ-Δ modulator, we can 
achieve higher orders of quantization noise shaping and even better ENOB for a given 
over-sampling ratio as is shown in Figure 6.93 for both a first and second-order Σ-Δ 
modulator.  
 
The block diagram for the second-order Σ-Δ modulator is shown in Figure 6.94. Third, 
and higher, order Σ-Δ ADCs were once thought to be potentially unstable at some values 
of input—recent analyses using finite rather than infinite gains in the comparator have 
shown that this is not necessarily so, but even if instability does start to occur, it is not 
important, since the DSP in the digital filter and decimator can be made to recognize 
incipient instability and react to prevent it.  
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