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ANALOGUE TO DIGITAL TRANSFORMATION

INTRODUCTION

Most industrial processes are continuous in nature and have traditionally been controlled by elements base
on continuous time devices. Consequently a great deal of experience is available for the design of continuou:
controllers.

There are a number of disadvantages, however, associated with continuous controllers. Analogue
components or elements are often fixed and cannot cope with unusual plant parameter variations,
environmental changes or modifications in overall system requirements. The introduction of digital
computer controllers has resulted from the recent availability of the microcomputer with its associated
computational speed and power, its reduced cost and improved reliability over early digital computers. The
advantages in programming flexibility to suit changes in plant or system requirements are apparent, as is
the ability for several separate feedback loops or systems to share a common processor. Other advantag
can include weight reduction and compactness for large systems and reduced price, particularly when
reprogramming.

The objective of this Item is to examine the means by which an analogue controller element within a system
can be replaced by an equivalent digital controller element such that the performance characteristics of the
new hybrid system are acceptably similar to those of the original continuous system.

This Item is the second that deals with the modelling of linear continuous systems in discrete form. An
earlier Data Item, No. 86037 (Refere®}eintroduced the Z-transform and related its use to sampled-data
systems in which a system signal is known only at discrete, equally spaced intervals of time. The relationship
between the complexplane, used in continuous system analysis, and-fhene, for discrete systems,

was explored. The Item also considered the pulse transfer function, system behaviour between sampling
instants, reconstruction of approximations to the original continuous signal after sampling and the inverse
Z-transform.

This Item describes the main features of a system containing both analogue and digital components within
the same loop and the analogue-to-digital and digital-to-analogue components that are necessarily part o
such a system. The frequency response characteristics and the frequency content of signals are discuss
prior to examining two transformation methods by which digital filter equivalents to analogue filters are
designed. The methods are compared by examining the digital equivalents of ‘classical’ analogue filters
which include simple and compound first-order lag and lead filters, second-order lag filters and standard
notch filters. The methods are compared for two sampling rates with the aid of Bode plots illustrating the
gain and phase variation with frequency. An example illustrates the transformation of a lag-lead controller
used in an electromechanical instrument servo.
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NOTATION

Any coherent set of units may be used in conjunction with this Item.

A(w)

Arg{..}
a(w), b(w)

aO ) al ) a2 y e
by, by, by, -
Cd(z)! E(Z)! H(Z)

C(t)v Cd(t)i e(t) '
h(t), hy(t)

cq(t), e (1), h'(t)
e (nT), h"(nT)

c(s), Cq(s), &(9),

amplitude ratio of a system element as a function of frequency
argument of {...}

general constants for real and imaginary parts, respectively, of a system
element as a function of frequency

difference equation coefficients of output of an element
difference equation coefficients of input of an element
Z-transforms ofc (t) €°(t) anth'(t) , respectively

continuous functions of time

sampled functions of time

e*(t), h"(t) , respectively, for=nT,n=0,1, 2 ....

Laplace transforms af(t), c,(t) , (), h(t) andd(t) , respectively

h(s), ha(s)
F(2), G(2) pulse transfer functions of digital system elements
f(s), g(9) Laplace transfer functions
Im{...}, Re{...} imaginary and real parts of {...}, respectively
i J-D)
L{...} Laplace transform of {...}
n general integer variable
S Laplace transform variable
T sampling interval
t time
w w-transformation variable
w' w' -transformation variable
ZOH zero-order hold
Z{...} Z-transform of {...}
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z Z-transform variable

a constant multiplier in numerator of a compound lag or lead filter
v, 9, (, w, constants used in second-order lag element

€ error signal

0 repeater servo output signal

v, V' frequency variables iw- andw' -plane, respectively

T time constant of lag or lead filter

o(w) phase angle as a function of frequency

w, Q frequencies

Wy folding, or Nyquist, frequency=w//2)

Wy sampling frequency

Wy (y frequency and damping ratio, respectively, of standard notch filter

GENERAL DESCRIPTION

An analogue or continuous system is one in which all of the system variables are continuous functions of
time. In contrast in a digital system one or more of the system variables, or the signals that constitute the
system network, are specified only as a set of discrete values at sampling instants. Such a digital system i
known as a sampled-data system.

Consider a system, illustrated in Skesch in which both the process or plant and the controlling elements

are continuous in nature. The controlling elements are assumed to have been previously designed to satisf
a set of performance requirements. The fundamental problem in the application of digital techniques to the
control of the assumed process is to replace some of the analogue parts of the system by their digita
counterparts, such that the output characteristics of the hybrid system are acceptably similar to those of the
continuous system, or at least satisfy the performance specifications required.

ESDU Copyright material. For current status contact ESDU.
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Input Error Output
controller
Feedback -
element

Sketch 3.1 Example of a continuous system

Consider now the feedback control system of Sk8t2hn which a digital controller is present in the
forward path of the system. The controller in this sketch is simply the implementation, say, of a control
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algorithm that is shaping the discrete form of the error signal. This element together with the
analogue-to-digital (A/D) converter and the digital-to-analogue (D/A) converter have replaced a controlling
element, the output of which forms the input to the plant.

T
Input Error . Output
controller converter
A/D
converter
Feedback
element €

Sketch 3.2 Example of a system containing a digital controller

In the digital form of the system, Sket8l®?, the error signal is sampled at a sampling inteflahus
providing a discrete form of the error signal. The sampler, or A/D converter, is shown diagrammatically as
a switch, where the time interval between opening and closing the switch is

In order that the analogue and digital signals in SK&@tan be interfaced, the digital processor is preceded

by an A/D converter and followed by a D/A converter. The output from the switch is a sequence of discrete
signal values or signal pulses available only when the switch is closed. The processor accesses the pulse
signal from the A/D converter and evaluates an output from its computational algorithm for each cycle of
the sampler. This output is then converted by the D/A converter to a continuous signal.

Several parts of a system can be digitised. For example, Sk8tshows a feedback system with digital

input and digital control elements in both the forward and feedback paths of the circuit. In practice a single

processor would most likely be used to implement the control algorithms of both the forward and feedback

paths, the D/A conversions and the error signal generation. For simplicity the same sampling rate is usec
throughout the systems described in this Item; however, multirate systems are common.

ESDU Copyright material. For current status contact ESDU.

Input T .. Forward Output
x —»| Digital | gigita) = DA —3| plant >
comparator . converter
algorithm
Feedback TK
digital [
algorithm

Sketch 3.3 Example of a system with digital control of input and control elements

The notation to be used in this Item will be defined by reference to the open-loop systems of Skktches
and 3.5
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e(?)

In the continuous linear system of SkeBcha continuous signalt), whose Laplace transformégs) , is

an input to a control element whose Laplace transfer functigis)s . The continuous output of the control
elementh(t), has an associated Laplace transform denotéd$)y and forms the input to the system plant.
The plant in turn is denoted by the element with Laplace trangfésjin and has a continuous output signal

denoted by(t), with a Laplace transform @{s) . Example input and output signals of each of the elements
are illustrated in the sketch.

- h j -
é(s) a(s) | (s) #(s) | é(s)
e(t) h(t) c(t)
Controller Plant
A A A
h(?) c@®

Sketch 3.4 Continuous open-loop linear system

In equation form the transfer functions of the system elements are expressed as

h(s) / &(9 = 9(9), (3.1)
c(s) / h(s) = f(s) (3.2)
and c(s) /(9 =f(s)g(s , (3.3)

where the Laplace transform of a function, s@, is defined as
o9 = [ c(t) et (3.4)
0

The digital open-loop system of Ske®&bis meant to duplicate the continuous system of Sketolhere
the continuous control elements)  has been replaced by a digital element with a Z-transform denoted by
G(2).

The input to the digital element is a pulsed sequestdg) , Created by a sampler with sampling interval
T from a continuous input signa&(t). The associated Laplace transform and Z-transform of the input and
output of the sampler a(s) abgl), respectively. The D/A converter is shown as a zero-order hold
(ZOH) which will be described later in Secti@#. The continuous output from the play(t) , has
smoothed the “staircase” or “piecewise constant” input due to the attenuation properties of the plant and is
an approximation to the analogue outp(t). A delay between the analogue plant outg(tt, and the plant

output from the discrete system is also shown. This delay is the sum of the delays arising from the zero-ordel
hold and the digital processor. A useful rule of thumb for estimating the delay bedft}eand c(t) ,

ignoring any delay due to the controller, is a half of the sampling interval (see EqGa2i@jh
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7 E(z) H(2) h(s) i éAs)

s) Z G(z) ZOH AVl e S

oty T en) h¥(¢) hft) cgt)

Controller Plant
A A ... A A A
e(t) e*(t) hH(¢) h(t) c(t)
| VW
> > t: t: >
t _’ ‘_ t t
S T
g Sketch 3.5 Digital open-loop linear system
§ A pulse orz transfer function, analogous to th&ansfer function for continuous systems, exists for linear
S sampled-data systems and relates the input and output of a pulsed sequence (see HefEnenuase
o transfer function of the elemer@(z), in the open-loop system of Sket8I5 is given by the following
2 expression:
e
< H(2) | E(2) = G(2), (3.5)
? where the Z-transform of a typical signal, s&(t) , is defined by
S o0
= Z{h ()} = H@ = § h*(nT) z" . (3.6)
E) n=0
©
E The Laplace transform of a pulsed sequence (see Refebeisogiven by
& - ]
> L{h*()} = h*(s) = § h*(nT) e, (3.7)
(@]
(@) n=0
é Comparing Equation@.6) and(3.7)
wl
z= 6T, (3.8)

Consider the modified circuit shown in SkeBBwhere an additional sampler has been added to the output.

The continuous signa,(t) has been sampled to produce the pulsed segjiérjce -tréitisBoAn
of C4(2) . The output to input pulse transfer function is then
C4(2) I MPE(2 = Z{f(s) ZOH} G(2). (3.9)
é(s) E(z) . ¢y(s) CL2)
&z2) —>| ZOH |—3| f(s) L d
e(t) T e*(t) cy(t) r cg*(¢)
Controller Plant

Sketch 3.6 Digital open-loop linear system with input and output samplers
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3.1 Frequency Response Characteristics

Digital controllers or filters create new phenomena not encountered in the continuous domain. A main
requirement of a digital filter is to match as closely as possible the performance of the originag.filber,

match the time and frequency responses of digital and analogue filters in order to satisfy the performance
specification required. The accuracy with which both requirements can be met will depend on the sampling
rate and the method of conversion. The frequency characteristics of digital filters are obtained in the
following way.

Consider a digital element, illustrated in Ske3ch with pulse transfer functioB(z) and inpute(z).

E(z) H(z)
G(z) o

e*(t) h*(t)

Sketch 3.7 A digital element
The output from the element may be written as
H(z) = G(2) E(2). (3.10)

For a periodic sampled input of the foef{nT) = sin(nwT) , forn =0, 1, 2, ..., the steady-state output,
h*(nT), from a linear element is

h*(nT) = G(el®¥T) e*(nT) = A(w) sin(nwT + @(w)), (3.11)

where A(w) is the amplitude ratio of the response @(1) is the phase angle. Assuming the element
G(e'®T) is expressed a8(e/®T) = a(wT) +ib(wT) , the frequency response can be characterised by the
following two quantities.

0] The amplitude response

ESDU Copyright material. For current status contact ESDU.

AW} =| Ge®Ty| = {a2+b2} "2 (3.12)

(i) The phase response
o{ W} = Arg{G(€'®T)} =tan {b/a}. (3.13)

(Note: @+ve is alead ang—ve isalag.)

3.2 Frequency Aliasing in the Sampling Process

A particular difficulty that arises when sampling a continuous sigradiising The nature of this problem

is illustrated in Sketcl.8 in which the amplitude of a signal is plotted against time and shows that the
same set of sampled data points can describe a number of different time histories that are indistinguishabls
to the digital processor.
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A Samplin g pointS

Amplitude

Y

Time
Sketch 3.8 Different time series having a single set of data points

Aliasing can be quantitatively described by considering a series of related sampled time histories, an
example of which is illustrated by Sket8l®.

Amplitude 40Hz
¢ el y 0 ———— 140 Hz
(w,= 100 Hz) smmmemmemmeess 160 Hz

ESDU Copyright material. For current status contact ESDU.

O Sampling points

Sketch 3.9 Sinusoids illustrating aliasing

In this sketch a sinusoidal signal with a frequency equivalent to 40 Hz is shown plotted and assumed samplec
with a sampling period and associated sampling frequency of 0.01 s and 100 Hz, respectively. The sampling
points are shown as small circles. Also shown in this sketch are sinusoidal signals with frequencies
equivalent to 60 Hz, 140 Hz and 160 Hz that are seen to pass through the same sampling points as the 4
Hz signal. These higher frequency signals, sampled with the same sampling rate as the 40 Hz signal, art
indistinguishable from each other by the sampler, and from the lowest frequency signal. Consequently the
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higher frequency signals are interpreted by the sampler as lower frequency signals where signals with

frequencies betweew /2

and,

are accepted as though they had frequencies gtveen

i.e. and 0,

they are folded back to the lower range of frequencies. Also signals with frequencies lisfweerfw, and ,

2w, and 3wy , etc, will all be interpreted as signals with frequencies in the range 0 to

. The frequency

w/2( = 1/T) is called the Nyquist or folding frequency and represents a limit to the sampled data, above
which an unambiguous reconstruction of the original signal is not possible.

In the example of SketcB.9 the signals with associated frequencies of 60 Hz, 140 Hz and 160 Hz are

known as the aliases of the signal with the frequency of 40 Hz. All frequengjes,

, in the ranggd to

will have a set of aliases given by the following sequence

M_,0 d,,0 2_,0 O D 4 .0
o wOD'DTerOD’DT W ’DT+°°0D S ’DrinD ,
g It is essential when sampling that aliasing is avoided. Aliasing can be further illustrated by considering a
7% continuous signal with a gain/frequency relationship given by Skeidfr). This signal is then sampled
s at a sampling frequency ob; . Sket@li((b) shows the sampled spectrum where frequencies exceeding
& the Nyquist frequency that were present in the original continuous signal have been irretrievably folded
§ into the low frequency signals.
g
I
2 Spectral (a) an assumed continuous
g, density signal spectrum
5
(&)
5
L
=
EJ 0 LN\
g frequency, ®
% Spectral
% density final spectrum (b) sampled
g ~~~=----- folded spectrum spectrum
) ———— original spectrum
7
w
0 . - .
o, 3w /2 20,
Sketch 3.10 lllustration of folding of frequencies

This same phenomenon can be looked at in a slightly different way by considering the mapping from the
s-plane to the z-plane using Equat{8t8), or

z= T,

Replacings by iw to obtain the frequency response the following relationship is obtained

z= e = cogwT) +i sin(wT)
G(2) = G(el®T) = G(el(w+2mM)T) n=0,1,2 3...,

and so
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which shows that the frequency range is completely specified by the range of 2t of , the usual band
being the range-mt<s wT<1t . Graphically this is shown in Sk&8tdi where poles on theplane, whose
frequencies differ by integer multiples of the sampling frequency, are transformed to the same position on
thez-plane. Other mapping relationships between poles isplene and their equivalents in th@lane

are given in Reference The fundamental frequency poles are located in what is called the primary strip
and relate to the frequencies for 0.

’

z=e

z—plane

N

W/ e -
/

primary strip

/ L L L L -, /2

Sketch 3.11 Mapping of thes-plane to thez-plane

sT =In{z}

3.3 Thew-Plane andw' -Plane Variable Transformations

Construction of the approximate Bode diagram to obtain the frequency response characteristics of a factorec
transfer function can be achieved using the sum of the contributions made by each factor. A quick method
of obtaining an approximation to the gain of a transfer function, particularly useful for sketching purposes,
can be obtained by using a straight line approximation to each factor. These approximations are particularly
useful to describe the asymptotic behaviour of the frequency response awrve@s . (These constructior
methods are fully described in Appendix B of Data Item No. 74021, RefeBeRtats of amplitude ratio

and phase angle versus frequency of the steady-state response of a first- and a second-order system tc
sinusoidal response are given in Data Item No. 69005, Refetgnce

Analysis of basic digital elements in terms of the conventional frequency response vasiable, , does not
yield frequency responses that are as amenable to simple asymptotic construction as the responses ¢
analogue networks. For this reason it is useful to specify the frequency response characteristics as a functio
of a modified frequency variable so that digital responses will obey the same set of asymptotic construction
rules as analogue networks obey in termsof

ESDU Copyright material. For current status contact ESDU.

Thew-plane transformation is a bilinear mapping of zqg@ane onto the-plane in which the interior of
the unit circle in the-plane is mapped into the complete left half of Wwaplane and points on the unit
circle itself map onto the imaginary axis. The transformation is given by

_z-1
= 1 (3.16a)
_1+w
or zZ= T—w' (3.16b)
Alternatively, comparing the-plane and the-plane,
= === tanh%—m (3.17)

in which the primary strip of the-plane is transformed into the left half of thglane. Settings =
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3.4

Equation(3.17)becomes

O 0
w = tanhgw—-rmz i tan%ﬂ-m, (3.18a)
020 020
or w=iv, (3.18b)

wherev is the new frequency variable in @iaplane, related tav , the frequency in thglane, by

il
Y =tan8*—)ID, (3.19)
020
whereasw - Ty — o . Thusthe frequency respon&&{a{w)}  G(&&*T) and the frequency response

of G{z(w)} is G(iv) which provides the means of calculating the frequency response of a discrete network
by transforming into the-plane and using existirgplane techniques to obtain the frequency. However,
the frequency scale has been modified to the fictitious frequency and must be interpreted inderms of
with the use of EquatiofB.19)

Another bilinear mapping using a scaling faci# is known as th&' -transformation and is defined as

. 210
=2 é%l% (3.20a)
1+ %-W'
and so zZ = — (3.20b)
l_EW,

The associated frequency variable is given by
, 2 2 N
v'o= Ttan%@2D (3.21)

and is seen to have an advantage ovemtiiansformation since, for high sampling rates and at low
frequencyyv'=w j.e. whenwT/2 is smalb’ is approximately equaldo

Digital-to-Analogue Conversion

The error when reconstructing a continuous signal from a sampled signal is in the interpolation between
samples. The sampled version of an analogue signal is a sequence of pulses which have frequenc
components not only between 0 and?2 corresponding to the true signal, but also components betweer
wg/2 ande due to the pulse-like nature of the sampled signal. In order to reconstruct the original signal
from the sampled version, these higher frequency components must be suppressed by means of an ide
filter. Such a filter would have rectangular characteristiesa gain characteristic that is unity up to the
folding frequency and zero thereafter and a phase characteristic that is zero throughout. Such a filter,
however, is physically unrealisable and approximate reconstruction of the original signal is carried out by
aholdfilter.

A hold filter is a smoothing filter which reconstructs a continuous signal from a sampled signal by fitting
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anmth-order polynomial through thma + 1 previous points and extrapolating forward in time along this
polynomial for each period, The polynomial is then called amh-order (polynomial) hold. Two practical

hold circuits are the zero-order hoE{qH) and the first-order hold, although the former is mostly used due

to its simplicity. The zero-order hold is illustrated in Ske@ct? where the output is a stepped version of

the original signal with the output value held constant between samples at the level previously reached.
The zero-order hold is a converter element accepting as an input a pulsed sequence of signals and deliverin
a continuous stepped output.

H(z) hs)
ZOH >
h*(t) h(t)
A A
h*(t) ,o . hd(t)

: -

> i

T

Sketch 3.12 The zero-order hold

The zero-order hold is usually defined in terms of a Laplace transfer function given by

ZOH = E‘dﬁ (3.22)
h*(s)

whereh*(s) = K{h*(t)} as given by Equati¢8.7).

A sample and hold element over one time step can be thought of as the sum of two step functions of opposit:
sign occurring ahT and @ + 1)T which will have a transfer function given by

ESDU Copyright material. For current status contact ESDU.

-nTe —(n+1)Ts
e €

S S

The output from the zero-order hold can now be described by the following equation

) © De—nTs e—(n + 1)TsD

hg(s) = Z h (nT) - S E (3.23a)
S O 1_ sT

or hy(s) = BZ h*(nT) e " ° H, (3.23b)
5o M s o
- 0
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which may be compared with

. 0
ho(s) = P*(s) ZOH = o § t¥(nT) e‘”TS§ZOH (3.24)
=0

0

I o

n

and so the zero-order hold transfer function is given by

—ST
ZOH = =€

(3.25)

Incorporating a sampler gain ofTlih order that th&ZOH has a low frequency gain of unity yields

15T
ZOH = 3.26
sT ( )
The frequency response of this hold is obtained by substitsitingw into this equation, which gives
1— e—i wT
ZOH = —— 3.27
T ( )
_ sin(wT/2) -wT/2 |
or ZOH = = —-= : (3.27b) |
in which the gain and phase, respectively, are
_ sin(wT/2)
|ZOH| = T (3.28)
and Arg{ ZOH} = -wT/2 , (3.29)

which is seen to be a time delayTé® at a frequency ofo . A first-order hold replaces the rectangular
stepform by a ramp whose slope is dependent on a simple backward difference obtained from the previou:s
pair of sample values.

ESDU Copyright material. For current status contact ESDU.

Sketch3.13shows the gain and phase characteristics of the zero-order and first-order holds and compares
them with the ideal ‘rectangular’ filter. The curves are shown plotted on a logarithmic scale to emphasise
the lower frequency variation. Comparing the hold filters with the ideal filter, significant error in signal
reconstruction will occur unless the sampling frequency is high. For low frequencies, belowwalout

the first-order filter is to be preferred to the zero-order filter since it introduces less phase lag. However,
the additional complexity is rarely justified in terms of improved performance.
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Sketch 3.13 Amplitude and phase characteristics of hold filters

3.5 Physical Realisability

Consider a digital element with a pulsed input sequene® of) and a pulsed output sequenc&@nT).
The pulse transfer function of this element is givenGiy) = H(2)/E(z) as previously defined in
Equation(3.5), may be written as
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-1 -2 -n
b,.+b,z +b,z +..+Db.2Z
_ Yo 1 2 n _ H(2
G(2 = N —1+ _2+ N e E(2) (3.30)
agt+az a,z -

whereb, is equivalent to* (nT)

It may be shown, however, thatt  is a pure time delay as given by the time shift property of the Z-transform

(see Referenc#), and so the inverse Z-transform of the produit(2) is
1. .
Z{ZE(@} = e*{(n-))T} = e - (3.31)
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This inverse Z-transform applied to Equat{@30)gives the following difference equation

agh, +a;h, _y+ah, _,+...=Dbye, +be, _,+be, _,+.... (3.32a)

or h, = (bpe,+bse,_;+bye, _>+.. ) ag—(a;h,_;+ah,_>+..)/a, . (3.32b)

This difference equation is the way in which digital elements are implemented on a computer where the
outputh,, depends on past outptas ; h,, , .. and ingutse,_, €,_, , For this network to be
realisable the coefficierst; must be non zero. In praetice  is often chosen to be unity by suitable scaling.

4. ANALOGUE TO DIGITAL TRANSFORMATION

Several methods are available for obtaining an approximpkene transfer function from as¥plane
transfer function representatidre. an approximation of the algebraic relationship €7 , as given by
Equation(3.8). A transformation formed using this algebraic substitution would result in anzeplacte
frequency response representations-pfane characteristics but would not provide a time implementation.
The most important of these approximate methods are the following:

() impulse invariance transformation grtransform,

(i) step invariance transformation,

(iii) mapping of differentials,

(iv) bilinear transformation or Tustin's approximation,

(v) bilinear transformation and frequency prewarping
and (vi) matched-transform.

The methods can be sorted into three types; Methods (i) and (ii) are based on the matching of specific
transient responses, Methaods (iii), (iv) and (v) are approximate integration methods and Method (vi) maps
poles and zeros between thplane and the-plane. Another method by which continuous systems can be
represented in discrete form is the state space method. This Item, however, will only consider Methods (i)
and (iv), which will be described in general terms and then compared by examination of the frequency
responses of standard elements.

4.1 Impulse Invariance Transformation
This method, also known simply as the Z-transform method, matches the impulse response of an analogu

element to that of a digital element at the sampling instants. An algebraic substitution of thegelation
In(z) /T will not implement this transformation.
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Consider an element with a Laplace transformy(a) . The Z-transform of this element is

G(29 = Z{9(9}, (4.1)

where the Z-transform is defined by Equat{8r6). Often it is necessary after transformation to match the
gains of the analogue and digital elements at a required frequency. For example in the case of a low pas
filter the gains would be matched at zero frequency. Usually this transformation is accomplished with the
use of standard tables. One such source which describes the Z-transform process and includes a table
transforms for some commonly used discrete time functions is presented in Iltem No. 86037 (Reference 5).
Although standard tables of transformations can be used, a complicated transfer function will probably not
be tabulated and partial fraction manipulation will be required. Other properties of this transformation are
that the digital element will have the same impulse response as the analogue element but will not preserve
the frequency response. If the analogue transfer function is stable then the digitally transformed element
will also be stable.
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