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Goal:

The goal of this experiment is to familiarise students with different type of
ADC, their metrological parameters and methods of testing these parameters.

SPECIFICATION OF USED INSTRUMENTS:

The following instruments and software are used:
Instruments
1. Digital generator DDS type DF1410
2. 2-channet Digital Oscilloscope type RIGOL 1052E with FFT module
3. Student’s ,, ,,PSoC-GRAM-ADDA” kit
Software:
1. Software Program Data4711 used for ,,PSoC-GRAM-ADDA”
2. Microsoft EXCEL for measurement data handling from software Data4711
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T H E O RY
Analogue Signal Processing (ASP) vs. Digital Signal Processing (DSP).
Signal processing is now an established area of electronic and electrical
engineering. The different signals may be processed using either Analogue Signal
Processing (ASP) methods or Digital Signal Processing (DSP) methods.
ASP, which involves the operations of amplification and filtering in the electrical
energy domain, may also use optoelectronic methods, surface acoustic wave
technology and charge-coupled device technology. Alternatively, in the electrical
energy domain, they may be converted into digital form using an ADC, processed
using digital techniques, and converted back into analogue form using a DAC. This
successive conversion between the two types of signal uses sophisticated
electronic elements.

A closer examination of the situation which type of data processing analogue or digital
should be used, when the signal to be transmitted or stored, a digital signal is relevant.
Analogue-to-Digital Converter (called an ADC for short) converts analogue signal to digital
form by sampling, quantisation and encoding. Decoding, conversion to analogue might be
done using a Digital-to-Analogue Converter (called a DAC for short) and probably filtering.
The information carrying variable in measurement is a signal. It is beneficial to consider the
straightforward case of signal propagation through a channel using either analogue or digital
signal formats. A block diagram which illustrates a situation to compare these two possibilities
is shown in Figure 1.
First propose the existence of a channel for signal propagation/transmission/storage. When the
analogue signal is applied to this channel, it is contaminated by noise during its passage
through the channel. Apart from including a conditioning filter at the output of the channel,
there is comparatively little which the channel designer can do to compensate for the intrusion
of the noise.
A closer examination of the situation, when the signal to be transmitted or stored is a digital
signal, is relevant. The first important difference is the increase in the complexity of the
process. For digital operation there needs to be sampling, quantisation, conversion using an
Analogue-to-Digital Converter (called an ADC for short), and encoding at the channel input.
The process of encoding results in Pulse Code Modulation, or PCM. This complexity is also an
essential feature at the output of the channel with signal reconstruction thatis followed by
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decoding, conversion to analogue using a Digital-to-Analogue Converter (called a DAC for
short) and probably filtering. However, because of the insensitivity of the digital signal to
noise and drift, the channel input signal can be reproduced with higher fidelity after
reconstruction at the channel output than in the analogue system of Figure 1(a).
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(b) ADC - Analogue-to DigitalConversion; DAC - Digital-to-Analogue Conversion;
PCM - Pulse Code Modulation
Figure 1. Transmission of (a) an analogue signal through a noisy analogue channel and (b) a digital
signal through a noisy digital channel.

Sampling
Signals having a continuous smooth shape with time are said to be analogue. When there are
identifiable discrete levels, each with a finite duration, the signal is referred to as a multisymbol, discrete
interval signal. A symbol is one of the discrete levels which discrete interval signals may exhibit. The
discrete levels differ by at least a minimum amount determined by the process of quantisation. Another
possibility occurs when the signal is discrete interval but with each pulse representing the signal at a
specific instant in time having a duration which tends to zero. Such a sampled signal, which is called a
discrete signal, is a kind of Pulse Amplitude Modulated, or PAM, signal. A discrete signal is sometimes
called a time series. If the amplitude of each sample of this sampled signal is quantised it can only have
discrete levels. In this case it may be referred to as a multisymbol sampled signal. Discrete signals with
quantised levels at constant discrete time intervals, are computer generated signals, since the computer
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deals only with numbers which are invariant. Signal analysis, whether by special purpose integrated
circuits or by a computer, which is called DSP, is done after converting a continuous signal to a discrete
signal using an ADC.
A good example of a generated quantised signal is the output of a DAC given in Figure 2. A series
of stored digital values, e(0), e(T), …, e(nT), is sequentially applied to a DAC, where it is converted into
a discontinuous quantised time domain signal.
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Figure 2. Continuous discrete-amplitude signal
A discrete signal is need to store information and to use a digital computer. Discrete signals can be
generated from a continuous time signal, x(t), by the process called sampling which is illustrated in
Figure 3. If x(t) is sampled at constant time intervals, Ts , over the time nTs with n = 0, 1, 2,...etc., the
result is a discrete signal, x( nTs ) , also denoted by x(n). This discrete signal is defined by the relation

x(nTs )  x(t ) t  nT

(1)

s

A discrete time signal at the output of the ADC shown in Figure 3 can have its levels correspond to
those of its continuous signal within the quantisation interval of the ADC. It may also be called a digital
signal, as it has only certain defined levels.
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Figure 3. Sampling a continuous signal
Another operation in discrete signal handling is the sample-and-hold, S&H, operation,
schematically represented in Figure A continuous signal is applied to the input of the S&H, which
samples the value of its input signal for a very short interval of time. After the sampling time the output
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of the S&H is held at this sampled value.
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Figure 4. Sample and hold operation on a continuous signal
Models of Discrete Signals
Discrete signals, also called sampled signals, which have defined values only at certain instants of
time, arise whenever a continuous function is measured or recorded intermittently. A discrete time
signal, x[n], is periodic with period N, where N is a positive integer, if for all values of n,
x[n] = x[n + N]

(2)

where it is assumed that Ts  1 s .
A discrete time signal is even if
x[-n] = x[n]

(3)

x[-n] = -x[n]

(4)

A discrete time signal is odd if

The discrete-time unit impulse, also known as the unit sample, which is one of the most important
discrete time signals, is defined as

0 n  0
1 n  0

 [ n]  

(5)

A second basic discrete time signal is the discrete time unit step, denoted by u[n] and defined
by

0 n  0
u[n]  
1 n  0
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Figure 5. Examples of sampled data signals
The close relationship between the discrete time unit impulse and the discrete unit step is
represented by

 [n]  u[n]  u[n  1]

(7)

and

u[n] 



  [n  k ]

(8)

k 0

The interpretation of (8) is a superposition of delayed impulses. The unit impulse sequence can be used
to sample the value of a signal at n0 .

x[n] [n  n0 ]  x[n0 ] [n  n0 ]  x[n0 ]

(9)

Each of the forms in equation (9) has the same meaning.
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Multiplexer, S&H as front elements preceding of ADC
Data acquisition systems usually need to be able to convert not just one, but many analogue signals in a
time-sequential fashion. For example, in seismic data acquisition systems, typically 100 analogue
signals have to be sampled and converted to digital form at regular intervals of l ms.
Hence, all 100 analogue signals have to be sampled at l ms, all 100 analogue signals have to be sampled
again at 2 ms, and so on. This could be achieved by using 100 S&H devices and 100 ADCs, which is an
expensive space division multiplexing, or SDM, solution.
A much better alternative, called time division multiplexing, or TDM, is to sample and convert signal 1
at 1 ms. Next, in a time-scale of microseconds, sample and convert signal 2 using the same S&H and
ADC devices as for signal 1. Subsequently continuing in this fashion until all 100 signals have been
converted. At 2 ms, signal 1 is again sampled and converted, and so on. Hence, the original 100
analogue signals are converted to digital form by time-sharing a single S&H and ADC. The timing

100 analogue signals

errors introduced by this TDM method are insignificant for most applications

S
S&H

ADC

Digital
Signal

Figure 6. Multiplexing in time domain (example for 100 analogue signals)

Quantisation
Numbers, which are stored in digital memory, are discrete in both time and amplitude and have
a finite number of bits. Consequently they are only approximations to analogue values. The non-linear
operation, which produces a signal with discrete amplitudes from a continuous signal, is called
quantisation. Figure shows the transfer characteristic of a uniform quantiser, which has all of its
quantisation intervals equal. The input variable is x, the output variable is xq, xi, xi+1, … are the input
quantisation levels and so is a shifting parameter with respect to the position where an output level is
exactly zero. If the special position, so = 0 the quantiser is called a rounding quantiser, since with
steps to unity, each sample is rounded to the nearest integer. Studying the transfer characteristic of the
quantiser, it is obvious that the operation is non-linear and serious mathematical difficulties may be
expected when quantisation is to be exactly described, even if the quantisation steps are all equal. In
most cases a simple approximate model is valid.
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Figure 7. Transfer function of a uniform quantiser
To illustrate the typical results, the quantisation of a sine wave is shown in Figure 8 with its
accompanying quantisation error. The quantisation error, which is defined as the difference between
the quantised and original signals, has interesting properties. In the first place, the quantisation error has
saw-tooth like shape. Hence it has a uniform rectangular probability distribution is within the interval (q/2, q/2).

Original Signal
Quantisied Signal

q

t

nq(t)
q/2
t
q/2
Figure 8. Quantisation of a sine wave
Moreover, the form of the quantisation error does not resemble the original waveform, since it
describes the local behaviour of the signal, relative to the next quantum level, and has little to do with
the global behaviour. The quantisation error contains a lot of jumps, thus its spectral content is much
wider than that of original signal. If not sampled too densely (with respect to the density of the jumps),
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the sample of the quantisation error is seemingly proportional to the slope of the signal, x( t ) , and
inversely proportional to the quantum size q. These various factors lead to the noise model of
quantisation shown in Figure 9.
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Figure 9. The noise model of an ideal quantisation in (a) has the statistical model in (b)
From the statistical point of view, the quantisation error may be considered as an additive noise
which has a uniform distribution, is uncorrelated with the input signal and has an approximately uniform
spectrum when sampled at a sufficiently low rate. Since this noise model is linear it is very easy to use
in both the design and the evaluation of signal processing procedures. The SNR can be estimated easily,
while the quantisation noise may even be reduced by an appropriate filtering model.
However, sometimes the white spectrum is not required, since this means that the measured power
spectral density will be modified by an additive constant (white spectrum only) and, on the other hand,
the time domain samples of the error will be uncorrelated with each other, it is reasonable to try to fulfil
the conditions of this property.
When quantisation is applied in a closed loop, the spectrum of the resulting noise, originating from
the quantiser, can be modified, thus concentrating the noise power at frequencies of no interest.
The noise model can be used for evaluation of the moments of quantised signals. For example,
From the statistical point of view, the quantisation error may be considered as an additive noise,
which has a uniform distribution, is uncorrelated with the input signal and has an approximately uniform
spectrum when sampled at a sufficiently low rate. Since this noise model is linear it is very easy to use
in both the design and the evaluation of signal processing procedures. The SNR can be estimated easily,
while an appropriate filtering model may even reduce the quantisation noise.

E{xq (t )}  E{x(t )  nq (t )}  E{x(t )}  E{nq (t )}  E{x(t )}

(10)

Using this technique, the rules for obtaining the moments of the original signal from the moments
of the quantised signal can be given, but care must be taken. From the calculation of higher-order
moments, it is essential that the signals are uncorrelated in their higher-order moments. The first two
expressions are
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E{x(t )}  E{xq (t )}
E{x 2 ( t )}  E{nq2 ( t )} 

(11)

q2
12

(12)

These expressions, which are called Sheppard corrections, play an important role in signal
processing, since the measurement of moments is one of the the most common tasks in measurement. In
the Fourier transformed signal, the noise will be approximately normally distributed because of the
central limit theorem. The ratio of the largest increment to the smallest increment, which can be
resolved in an ADC, is called the dynamic range. It is usually expressed in dB and be represented as

Rd  20log 2 N

(13)

The dynamic range expresses the difference in level between the greatest signal that can be
measured without overload and the smallest signal that can be displayed with the larger signal.

Classification of ADCs
A possible scheme of classification of ADCs is proceeds on the basis of the type of conversion
principle involved as shown in Figure 9 Hence, there are either direct or indirect classes. In the direct
class it is normal to use the principles of straight comparison, also called potentiometric comparison.
The first version of direct ADC uses what is sometimes referred to as flash conversion, where every bit
of the conversion appears simultaneously. Because of the large number of comparators required this is
rarely used for more than 8-bit conversion. The other two types are the half flash converter and the
cascade converter.
There are two main groups of indirect ADCs. In one group, feedback is combined with DACs in
their configurations. The first main type of feedback structured ADC, uses updated estimates to perform
the conversion with a successive approximation algorithm. In the second kind, the counting plays a
major role in two approaches using either straight counting or servo-counting. The servo-counting type
is also referred to as a following, or up-down counter, ADC. In the second indirect group, called
integrating or ramping ADCs, IC integrators are used. These may be further subdivided into single slope
or multiple slope converters. The single slope types allow conversion of a voltage to time, in the
constant slope ADC, or a voltage to frequency, in the variable slope ADC.
In multi-slope ADCs both voltage-to-time and voltage-to-frequency conversion are used to make up the
whole conversion process. Multi-slope converters may use a dual slope, a triple slope or more.
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Figure 10. A classification scheme for ADCs

n – bit ADC (ADC ANALOG-TO-DIGITAL CONVERTER)

Figure 11. The N-bit SAR ADC

A successive approximation ADC is a type of analogue-to-digital converter that converts a
continuous analogue waveform into a discrete digital representation via a binary search through all
possible quantization levels before finally converging upon a digital output for each conversion
The successive approximation Analogue to digital converter circuit typically consists of four chief
subcircuits:
1.
A sample and hold circuit to acquire the input voltage (Vin).
2.
An analog voltage comparator that compares Vin to the output of the internal DAC and
outputs the result of the comparison to the successive approximation register (SAR).
3.
A successive approximation register subcircuit designed to supply an approximate digital
code of Vin to the internal DAC.
4.
An internal reference DAC that supplies the comparator with an analog voltage equivalent of
the digital code output of the SAR for comparison with Vin.
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The successive approximation register is initialized so that the most significant bit (MSB) is equal to a
digital 1. This code is fed into the DAC which then supplies the analog equivalent of this digital code
(Vref/2) into the comparator circuit for comparison with the sampled input voltage. If this analog
voltage exceeds Vin the comparator causes the SAR to reset this bit; otherwise, the bit is left a 1. Then
the next bit is set to 1 and do the same test, continuing this binary search until every bit in the SAR has
been tested. The resulting code is the digital approximation of the sampled input voltage and is finally
output by the DAC at the end of the conversion (EOC).
Mathematically, let Vin = xVref, so x in [-1, 1] is the normalized input voltage. The objective is to
approximately digitize x to an accuracy of 1/2n. The algorithm proceeds as follows:
 Initial approximation x0 = 0.
 ith approximation xi = xi-1 - s(xi-1 - x)/2i.
where, s(x) is the signum-function(sgn(x)) (+1 for x ≥ 0, -1 for x < 0). It follows using mathematical
induction that |xn - x| ≤ 1/2n.
As shown in the above algorithm, a SAR ADC requires:
 An input voltage source Vin.
 A reference voltage source Vref to normalize the input.
 A DAC to convert the ith approximation xi to a voltage.
 A Comparator to perform the function s(xi - x) by comparing the DAC's voltage with the input
voltage.
 A Register to store the output of the comparator and apply xi-1 - s(xi-1 - x)/2i.

N – bit ADC (ADC ANALOG-TO-DIGITAL CONVERTER)
Blocj digram of  Analogu-to-Digital Converter is presented in Fig 11.

Figure 12. Block diagram of  Analogue-to-Digital Converter
Delta-sigma (ΔΣ; or sigma-delta, ΣΔ) modulation is a method for encoding high resolution signals into
lower resolution signals using pulse-density modulation. A sigma-delta ADC can give more bits of
resolution than any other ADC structure, with the only exception of the integrating ADC structure. Both
kinds of ADCs use an analogue integrating amplifier to cancel out many kinds of noise and errors
Analogue-to-Digital Converter is also called Pulse length conversion:

This ADC gets its name from

the conversion of the analogue input, vin, to a train of pulses whose duration is proportional to the
magnitude of the input. The pulses are used to gate high frequency clock pulses which are accumulated
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in an up-down counter. With an input of zero, a forcing square wave applied to the integrator causes it to
ramp up and down continuously through the thresholds of the high level detector and the low level
detector, which are simply comparators. When the input signal is finite, the symmetry of this ramp
waveform is affected so that the detector output signals have different mark-to-space ratios The ramp
waveform is displaced in one direction or the other depending upon the polarity of the input signal.
These signals are used to gate clock signals to two counters. Any difference in detector mark-to-slope
ratio appears as a difference between "up- count pulses" and "down-count pulses" When a signal is
applied the feedback is used to generate a DAC converted signal. Using this signal in a suitable
feedback design forces the comparators to balance about zero. This ADC techniques, which was used in
the first 8½ digit voltmeter ever produced, has good linearity. Its biggest drawback is its speed at high
resolution.

Figure 13. Sinusoid ant their reprezentaion at the oytput of  Analogu-to-Digital Converter

ADC Specifications
Manufacturers generally specify the quality of performance of an ADC by the following parameters,
many of which are similar to those discussed In Section 3.5.6 for DACs.
Analogue input voltage: This is the maximum allowable Input voltage range. Typical values are 010 V, +5 V, +10 V etc.
Input impedance: Values range from l k to 1 M depending on the type. Input capacitance is of the
order of tens of picofarads.
Accuracy: This includes quantisation error, and digital system noise, including that present in the
DAC reference voltage. Quantisation noise is usually specified as ½ LSB. Accuracy also
includes the sum of all the other error sources. Typical values are 0.02 % of FSR. Very high
accuracy ADCs can be purchased with an accuracy of 0.001 % of FSR. The accuracy of a
converter generally dictates the number of bits which may usefully be provided. For example,
consider an ADC with an analogue input range of +10 V. If the accuracy is 0.02% of FSR, the
maximum error due to such accuracy limitation is 2 mV. For 9, 10, 11 and 12 bit ADCs, the
quantisation errors of ½ LSB) are 10, 5, 2.5 and 1.25 mV. Hence, an advantage would be
obtained in using 10 rather than 9 bits, or even 11 rather than 10 bits. However, a 12 bit ADC is
probably not justified.
Stability: Accuracy of an ADC is generally temperature dependent. Typical temperature coefficients
of error are 20 ppm/C.
Conversion time: Typical conversion times may vary from 50 s for moderate speed units to 50 ns for
high speed units.
Format: An ADC can usually be obtained for any standard code such as unipolar binary, offset binary
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etc. In addition, the output voltage levels are often adjusted so that direct connection is possible to
some logic family like TTL, ECL etc.

Glossary of Terms and Definitions
Accuracy: The ability of a converter to give a true converted equivalent of the input. Note that this
term which applies to the converter not the converted value, is rarely used.
Acquisition time: The time it takes a S&H circuit to change from its previous value to a new value
when the circuit is switched from the “hold mode” to “sample mode”. It includes the slew time
and settling time to within a certain error band of the final value and is usually specified for a fullscale change.
Aperture Time: When a S&H circuit is switched from sample to hold, a finite amount of time is
required for the internal electronics to turn off. Aperture time is the time between the transition
from the sample command to the hold command and the point at which the output ceases to
follow the input.
Aperture time uncertainty: The possible deviation in aperture time from one sample-to-hold transition
to the next.
Compliance voltage: Some DACs have an output current proportional to the input digital code. The
compliance voltage is that voltage which may be impressed on the output current point without
degrading the specified accuracy of the converter.
Conversion speed: This measures how long its takes an ADC to arrive at the proper output code. It is
the time between the edge of the convert command pulse that starts conversion and the edge of
the end-of-conversion signal that indicates that conversion is complete.
Conversion time: The time taken for the output code to settle.
Charge offset: During the sample-to-hold transition of a S&H circuit a small amount of charge is
transferred to the holding capacitor because of the switching process. This is known as the charge
offset and is usually expressed in millivolts. It is also referred to as pedestal error.
Crosstalk: This measures the effect an off-channel signal has on the on-channel signal in a
multiplexer, expressed in dB of attenuation of the off-channel signal.
Differential linearity: This specifies the linearity from one digital state to the. next. It applies to both
ADCs and DACs. If the differential linearity is specified as ˝ LSB, the step size from one state
to the next may be from ˝ to 3/2 of an ideal 1 LSB step.
Droop rate: A S&H circuit in the hold mode has a charge stored on a capacitor that is proportional to
the output voltage at the time it was switched to hold mode. Charge leaks off the capacitor
because of the leakage resistance of the capacitor, the bias current of the buffer amplifier and
switch leakage current. The droop rate, which is given as a voltage per unit of time, expresses
how fast the charge leaks off the capacitor.
Feedthrough: This specifies the change of the output voltage of a S&H in the hold-mode due to a
voltage change in the input expressed as dB of attenuation.
Gain error: The error in the input-to-output ratio, usually expressed in percent. It is manifest as a
rotation about the most negative full scale point of the transfer function curve. It is nulled after the
offset error is nulled by settling the input for a full scale output and adjusting an external trim
potentiometer for the correct output.
Leakage current: This is multiplexer input current that does not flow through to the output but is
shunted internally. It is also the current that flows from OFF channels into the ON channel in a
current output DAC. There is a digital input code that ideally yields zero output current. If current
flows with that input code, it is called leakage current. It is analogous to output voltage offset in a
voltage output DAC.
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Least significant bit, or LSB: The lowest-order bit or the bit with the least weight.
Linearity: The maximum deviation of an actual output from an ideal output defined by a straight-line
drawn through the end points of the transfer function. This is the error that remains after offset
and gain errors have been nulled. Linearity can be expressed in terms of % FSR or of fractions of
1 LSB. A converter must be linear to within ˝ LSB to be accurate to its full resolution.
Monotonicity: In a DAC, if the output analogue signal either increases or stays the same for an
increase in input digital code it is said to be monotonic. In an ADC, if the output digital code
increases or stays the same for an increase of 1 MSB in input voltage, it is said to be monotonic.
If the differential linearity is with ±1 LSB the device will be monotonic. Monotonicity is especially
important in control loops where convergence is necessary.
Most Significant Bit, or MSB: The highest-order bit or the bit with the greatest weight.
No missing codes: This is a property of an ADC that is related to, but is more stringent than,
monotonicity. If a converter is guaranteed to have no missing codes, there will be no output
digital state that will be skipped when the input voltage is varied over the entire range.
Offset error: This is an error in the reference point of the transfer function. It appears as a constant
amplitude error signal at a DAC output or ADC input. It also appears as a constant frequency shift
in the output of a V-to-F converter. It is nulled prior to adjusting gain error by setting the input to
the most-negative input and adjusting the output to the proper value.
Power supply rejection ratio: The measure of output signal change due to power supply voltage
change. It is expressed as dB of attenuation of % output change per % supply change.
Quantising error: In an ADC, there is an infinite number of possible input voltages within its full scale
range, but only 2n output codes if n is the number of bits. Therefore, there will be an error as great
as ˝ LSB because of this quantising effect. The greatest error will occur at the transition voltage
where the output changes state.
Repeatability: The ability of the converter to give an identical converted value for repeated applications of
the same input.
Resolution: The number of bits on the input of a DAC or output of an ADC. The number of discrete
steps or states is equal to 2n, with n the resolution of the converter. However, n bits of resolution
does not guarantee n bits accuracy. For example 10 bits gives 2n or 1024 states, or 10/1024 V = 
v < 10 mV.

Settling time: The time delay between a change of input signal and the effected change in the
output signal. It is usually expressed in terms of how long it takes the output to arrive at,
and remain within, a certain error band around the final value. It is often given for
several different magnitudes of input step change.
Switching time: The time it takes for a multiplexer to change from l channel to the next with
the new output signal within a certain percentage of its final value. It is expressed for a
maximum voltage transition.
Throughput rate: An ADC has a finite number of points that it can convert in any given time.
Throughput rate is an expression of that quantity. It depends on the time it takes to make a
conversion and the time required to set up to make the next conversion. In a data acquisition
system this time includes the composite delay due to switching, settling times of the
amplifier and acquisition time of the S&H.
Quantisation: The process of assigning a particular specific value as an approximation to a
range of values which may be possessed by a signal.
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Figure 14. Graphical presentation of ADC errors
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TASKS:

Metrological parameters of a 6-bit compensation ADC of SAR (Successive
Approximation Register) type are tested when a 12 bit Σ-Δ (sigma-delta) ADC is
used as reference unit.
Both ADCs are configured in a software structure of „mixed-signal” microcontroller
PSoC typu CY8C29866-24AXI that both are synchronically converting analogue
signal to Digital form.
The software application allows to collect 256 samples and to record is a txt file for
further processing
Wiring for all tasks: Output of signal generator conneted to „mixed-signal”
microcontroller PSoC (very right – top BNC input of BNC board) and to Oscloscope.

TASK 1:
Egzamination of offset error and (gain error) of compensation typy ADC (SAR)

Figure 15. Graphical presentation of offset and gain errors of ADCs
Based on measurement results calculate offset and gain error according to
definitions and their interpretation in above Figure
Gain Errors
There are two types of gain error, shown in Figure 13. Signal error due to scale is caused by variations in the
reference and the gain channel between the input and the ADC (for example, a PGA or INSAMP) and provides an
error proportional to the signal level. Offset error is caused by a mis-match of input devices in input amplifiers and
in the opamp used in the ADC's integrator/comparator.
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Gain error: The error in the input-to-output ratio, usually expressed in percent. It is manifest as a
rotation about the most negative full scale point of the transfer function curve. It is nulled after the offset
error is nulled by settling the input for a full scale output and adjusting an external trim potentiometer
for the correct output
TASK 2
Testing of Linearity of ADCs
a) Differential Non-Linearity (DNL) and
b) Integral Non-Linearity (INL).
DNL and INL errors of 6 bit type SAR ADC
The data collected from synchronically conversion of sinusoidal signal present
using X-Y coordinates where X- corresponds to values of 12 bit reference
converter and Y as values of 6-bit converter under test.

Figure 16. DNL (Differential Nonlinearity error) is the deviation from a straight line from one bit to
the next.
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Figure 17. INL is the summation of DNL errors and is characterized by a "bow" in the
input/output curve.

TASK 3
Examination of SNR(Signal to Noise Ratio) for both ADC
The quantization noise level represents the difference between the actual signal level and its digital
representation, as shown in Figure 18 and 19.
Lets calculate SNR for both based on a diagram presented below.
Error of one step id defined as: E j  V j  V j 1  (see figures below)
The mean square error over a step:
q
2

1
1 E3
E   E 2j dE 
q 3
q q
2
j



2

q
2



q
2

1  q3
q 3  q 2



3
q  3* 2 3* 23  12

Assuming equal steps ,the total error
2

N 

q2
- mean square quantisation error
12

For an input sin wave F (t )  Asin t the signal power:
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Figure 18. quantisation and coding – processes after sampling to obtain digital
representation
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Figure 19. The quantization noise level represents the difference between the actual signal level and
its digital representation, as shown in Figure 19.
TASK 4
Examination missing codes by of SNR(Signal to Noise Ratio) for both
ADCs
a) for harmonic signal
b) for ramp signal
After grabbing data from of signals from both ADCs perform a histogram
individually for each DAC.
Comment the situation of missing codes. Does it accrue or not.
TASK 5
Examination of antialisaing filter attenuation
To emanate that parameter use only oscilloscope by comparing indications of
amplitudes for a harmonic signal from the range of f<fs/2 and amplitude of
harmonic signal of frequency equal to fs
Attenuation should be ca 40 dB as quantisation error of 6-bit ADC is
SNR=6.02*6+1.76 for harmonic input.
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FINAL REMARKS
Comments regarding of obtained results from calculations are very essential for
getting a excellent grade for that experiment
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