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1 Introduction and Instructions to Students

1.1 Content

This module consists of three main topics in mathematics, that all have some application
to analysing electronic circuits:

e Laplacetransforms. Thesewereintroducedinthefirst yearengineering mathematics
course.

e Fourier analysis.
e Matrix algebra, eigenvalues and eigenvectors.

Everything you need to know for assessment is included within the lecture slides, this
set of lecture notes, and the tutorial sheets. However, we will not have time to discuss
everything fully in the actual lecture (e.g. working through every example) as we will use
the lectures to carefully understand core concepts. It is both assumed and essential that
students work through the notes and especially the tutorial sheets outside of lectures, and
it is your responsibility to make sure you understand everything. Try to work through the
solutions yourself, and then seek help if you cannot understand the solution.

1.2 Extra reading

Any “engineering mathematics” textbook will cover most of the topics that we will study
in at least as much detail. Most will also include sections on partial fractions and any other
prerequisite mathematical knowledge. Suitable examples that may help you include:

e FEngineering Mathematics by Stroud

e Advanced Engineering Mathematics by Kreyszig

e Modern Engineering Mathematics by James

e Advanced Modern Engineering Mathematics by James

o Mathematical Methods for Physics and Engineering by Riley, Hobson and Bence
e Higher Engineering Mathematics by Bird

e National Engineering Mathematics by Yates

In particular, Glyn James’ Advanced Modern Engineering Mathematics very comprehen-
sively explains the ideas studied in this course. I would recommend that you look at this
one if you would like more information on a topic.



1.3 So what should I do now?

This is quite a lot to take in. To break it down, the best thing you can do each week is:

1. Attend the lecture, and take part in the exercises when prompted.
2. At home, read through the lecture slides again.

3. Then attempt the questions marked “Essential” in that week’s Tutorial Sheet
(I will have highlighted which sheet you should work on at the end of the
lecture).

4. If you are finding the questions difficult, look at the corresponding section in
these course notes to find some additional worked examples to follow along.

5. Then attend your assigned tutorial. Compare your solutions with other stu-
dents, ask the lecturer for help, and perhaps present some of your solutions to
the class if you would like. I will have fully-worked solutions available at the
tutorial.

6. Ifyoustillaren’tsure, ask! Iwant youtounderstand thismaterial and succeed!

For revision at the end of the module, there is a revision checklist at the back of these
course notes.



2 Laplace Transforms

This technique is named after Pierre-Simon Laplace (1749-1827), a French mathemati-
cian. He was mainly concerned with problemsin astronomy and statistics, such as celestial
mechanics (planetary motion) which was a scientific problem of very great interest in the
18th century. Laplace’s interests also included the concept of causal determinism, pub-
lishing one of the first papers on the subject, which resulted in “Laplace’s Demon” being
attributed to his ideas. He also taught Napoleon at the military academy, who later tem-
porarily named him Minister of the Interior. The techniques we will use in this course were
mostly developed by Oliver Heaviside, a 19th-20th century English electrical engineer who
was seeking a systematic method of solving ODEs with constant coefficients.

You should remember taking Laplace transforms of simple functions in the first year
Engineering Mathematics course. As before, a formulae sheet is provided with the table
of standard transforms.

The Laplace transform has many uses, but one of the most common is as a tool for solving
sets of ordinary differential equations (ODEs) which describe linear systems, and we will
learn how to do this later in the course.



2.1 Revision: Introduction to Laplace Transforms

2.1.1 Definition of Laplace Transform

Let f be a function of time, ¢, that is zero for ¢ < 0.

[ The Laplace transform of f(t) is denoted L{f(¢)} or f(s). ]

The Laplace transform is defined (i.e. we can talk about it) only for £ > 0. It is defined
by the integral:

C{f()} = / ettt

where e~*! is called the kernel of the transformation. When we take the Laplace transform
of f(t) we shift our interest from the time-domain to the s-domain (s is sometimes called
the complex frequency), where certain problems become easier to solve. In particular,
problems involving differential equations can be transformed into something much easier
to manipulate. We can then use the inverse Laplace transform to move back to the time-
domain with the results that we wanted.

2.1.2 Examples from First Principles

Example 2.1. Derive the Laplace transform of

o it<o;
f(t)_{1 ift> 0.

o

fs) = LU= [ e poa
_ /O”e—stldt:{ge—st]j
_ {—?10}_{%11} provided. s > 0



Note that the condition s > 0 is required, as the exponential only e~*¢ only takes a

finite value (zero) ast — oo if it is a decaying exponential. That is, if —s < 0.
In practice, when determining Laplace transforms, the condition on s for the transform to
be valid can usually be found by looking for any occurences of (s — «) in the denominator

of the transform, and then requiring s > «.

Example 2.2. Derive the Laplace transform of

e fort > 0.

{O fort <0;

Fs) = c£if(t)) = / "o f(ydt

= / e e dt :/ e~ gt
0 0
-1 > -1 -1
= { e_(s_“)t] = { O} — { 1} provided s > a
s—a 0 s—a s—a

f(s) = L for s>a

s—a

In practice, you will be provided with a table of standard Laplace transforms, and will
use those as tools for solving the more complicated problems that we will face. As an
exercise, use the tables to obtain the Laplace transforms of the previosu two examples.

2.1.3 The Linearity Property

For constants a and b, and time-dependent functions f(t) and g(¢):

L{af(t) +bg(t)} = aL{f(t)} + bL{g()}

This is called the “linearity” of Laplace transforms, and essentially says that if I want
to take the Laplace transform of two functions that are added together, I can just take the
Laplace transform of each and then add them together. And if I want to take the tranform
of a function that is multipled by a constant, then I can take the transform of my original
function and just multiply it by that constant.

It is very important to realise that this is only for constants. It is not true that the



Laplace transform of f(t) x g(t) is the same as the transform of f(¢) multiplied by the
transform of ¢(t)!

We can use linearity to obtain the Laplace transform of a complicated-looking function if
it is just a linear combination of terms that we already know the transforms of.

Example 2.3. Using tables, determine the Laplace transform of

0 fort <0;
3t —2te ™ fort > 0.

T(s) = L{3t—2t e_4t} =3L{t} —2L{t e—4t}

B 3(3%) _2((5434)2) = 3(Ssg+(s4f 4_)2282

s? + 24s + 48
s%(s+4)?

for s > 0.

Example 2.4. Using tables, determine the Laplace transform of

) 0 fort <0;
v =
4cos(2t) + 5sin(2t) fort > 0.

v(s) = L{dcos(2t) + 5sin(2t)} = 4L{cos(2t)} + HL{sin(2t)}

I -
o Ts24922 52 4 22
45410

s2+4

and this is valid for s > 0.

10



Example 2.5. Using tables, determine the Laplace transform of

{O fort <0;

v(t) =
Q Elt—T+Te "} fort>0

where E and T are positive constants.

o(s) = L{v(t)} = E{%{t —T+Te¥T }}

5 gy Ef1 T 1
= (Lt} = TL{1} + TL{e })_T{Sz S+Ts+1/T}
B[1 T T\ BT T ) T
T \s2 s sT+1| T s?(sT + 1)

E

T

ST +1—5°T°—sT+ T\  E 1
s2(sT + 1) T\ s2(sT +1)

So we have,

E

ols) = Ts*(sT + 1)

2.1.4 Inversion

When we have the Laplace transform of a function, say f(s), and wish to obtain the corre-
sponding function in the time-domain (i.e f(¢)), we need to use the inverse transform. In
the simplest cases, we look up the relevant entry in the Laplace transform tables and work
in the reverse direction.

Remember that the Laplace transform is only defined for functions which are zero when
t < 0, so we have to give our final answer as a piecewise function - meaning that we sepa-
rately write how the function behaves for ¢ > 0 and ¢ < 0. Later on we will see a nicer way
to indicate this by using step functions.

Example 2.6. Invert the Laplace transform

The relevant entry is E‘l{sia} = e with a = 3. Therefore,

u(t):{o fort <0;

e 3t fort>0.

11



Example 2.7. Invert the Laplace transform

1

=)

The relevant entry is f(s) = ﬁ with « = —5. Therefore,

s(s+a

) 0 fort <0; 0 fort <0;
x - =
—+(1 =€) fort>0. $(e™=1) fort>0.

Example 2.8. Invert the Laplace transform

o(s) = —o

= ——— where E,C, R are positive constants.
sCR+1 p

The relevant entry is £1{ 1+15T} =2 e YT with T = CR and scaled by E. Hence,

1 E
v(t) = E(ﬁ e_t/(CR)) =R eV ECR - for t>0.

Alternatively, we could have performed some manipulation:

ols) = CER (s n (11/03))

and then used the entry for f(s) = Sia with o = é.

More complicated examples may first involve using partial fractions or completing
the square. In particular, if we are given an example which has a polynomial on the
denominator, we will try to factorise it and then use partial fractions. If it is a quadratic
function which cannot be factorised, then try completing the square. We will consider
some examples of this next.

Example 2.9 (Completing the Square). Invert the Laplace transform

5(s) 2s+7
§) = ———
y 52 4+ 6s 4 34

The denominator s> + 6s + 34 cannot be factorised neatly, so we complete the square

and then separate the numerator:

i(s) = 28+ 7 B 2s n 7
P = 5 432+52  (5+3)2+52  (s+3)2+ 52

12



Then we use the inverse transforms for ( :

sta)Zio? and m with oo =3 and w = 5,

and scale them appropriately to obtain:

1
y(t) = 2% { cos(5t) — g sin(5t)} + 75 e % sin(5t)

1
= ¥ {2 cos(5t) + = sin(5t)} for t>0

Alternatively, we could have put the transform in the form:

_ 2(s+3) 1
y(s) = 2 2 2 2
(s+3)245% (s+3)2+5
and used the inverse transforms for erﬁ and m to obtain the same result.

Example 2.10. Invert the Laplace transform
s

U = ST 13
The denominator s + 4s + 13 doesn’t factorise, so completing the square:

u(s) =

S S
(s+2)2—224+13  (s5+2)2+ 32

Then using the inverse transform El{m} =e (cos(wt) -2 sin(wt)) with

a=2 and w = 3 we obtain:

o(t) = e (COS(Bt) - %sin(?)t)) for £ 0

Example 2.11. Invert the Laplace transform
_ 7
#s) = s24+2s+ 17
The denominator s* + 2s + 17 doesn’t have an integer factorisation, so completing the

square:

_ 7 7 4
T(s) = (s+1)2—12+17 :Z(m>

w

GreTTE (= e”“sin(wt) witha =1 andw =4

Then using the inverse transform £‘1{

we obtain:

x(t) = Ze_t sin(4t) for t>0

13



Example 2.12. Invert the Laplace transform

5
(s +2)(s%+ 32)

q(s) =

Now, this appears to be similar in form to the entry

a? 4 w?
(s + a)(s? +w?)

with a = 2 and w = 3, but some manipulation is required to put it exzactly in that form.

a? + w? =22 4+ 32 = 13, but we have only 5 on the numerator, so:

- () ()

Hence,

q(t) = %{ e —i—% sin(3t) — cos(3t)}

= %{3 e +2sin(3t) — SCOS(3t>} for t>0.

For more difficult cases, we may be able to obtain the partial fractions expansion of the
Laplace transform and then invert the individual partial fractions.

Example 2.13 (Partial Fractions). Invert the Laplace transform

- 1
f(s) = s(sCR+1)

where C, R are positive constants.

First we use use partial fractions:

1 A B

s(sCR+1) s i sCR+1

Cross-multiplying,

1=A(sCR+1)+ Bs

14



Choosing s = 0 reduces the equation to A = 1, and then choosing s = —1/CR, we

obtain:
. — B=-CR
=55 =
Hence, the transformed function is equivalent to:
- 1 CR
fls) = s sCR+1

Then we can obtain the inverse Laplace transform of each term:

(1 CR
0 = e e

1 1
_ )il )
£ {s} £ {sCR—i—l}

1
- 1— - —t/CR
CRCR e

1 _ e—t/CR

Example 2.14. Invert the Laplace transform

B E(4sCR + 3)
() = s(sCR+2)(sCR+5)

1]

As usual, assume that C, R are positive constants and t is the time variable.

Using partial fractions,

(4sCR + 3) A B C

ssCR+2)sCR+5) s sCR+2 sCR+5

and we obtain A = %, B = %%, and C' = %SR. Hence,

3 5CR 17CR

U(S):E{r.s+6(SCR+2) 15(3C'R+5)}

and so tnverting each term gives:

v(t) = FE 3+§e—2t/(CR)_£e—5t/(CR)
10 6 15

E
= %{9 + 25 2O _34 05 (OR) Y for ¢ > 0.

15



Example 2.15. Invert the Laplace transform:

_ E(sCR+1)
9ls) = s(sCR +2)?

Using partial fraction expansion:

E(sCR+1) A B D

S(sCR+2? s sOR+2  (sCR+2)7

E(sCR+1) = A(sCR +2)* + Bs(sCR + 2) + Ds

Choosing s = 0 yields E = 4A, and so A = E/4. Setting s = —2/CR results in
D = ECR/2. We could choose another value of s and solve for B, or by equating the
coefficients of s* find that 0 = C?R?*A + CRB and so using our result for A obtain
B =(—ECR)/4. Hence,

g(s) = (%)é + (_4E> 51 (21/03) + (25}%) (s + (21/CR))2

and so inverting,

EF FE E
g(t) T +oamte

_ B _ ~2t/CR
= 4CR{CR+(2t CR)e

fort >0, and zero otherwise.

16



2.2 Computational Approach

In MATLAB, taking the Laplace transform of a function is straightforward. You need to
have the Symbolic Math Toolbox installed. Then declare the symbolic variable (let’s say
t) and define the symbolic function f:

syms t;
f(t) = 5xtxexp(t);

laplace(f);

Similarly, to determine the inverse Laplace transform of a function F'(s):

syms s;

F(s) = 1/872;

ilaplace(F);

Use this to check your answers.

17



2.3 Discontinuous Functions

Generally speaking, a function f(x) is discontinuous at a point x if there is a break in the
graph of the function at that point. For example, y = % is discontinuous at = 0, and
y = tan(z) is discontinuous at infinitely many points (5 4 n for all integers n).

! A : !
_x | 5
2. 0 | 7 ! 2n/
! 2. 27
(a)y =1 (b) y = tan(z)

Figure 1: Examples of functions with a discontinuity

An important class of functions with a discontinuity are called “step functions”.

u(t)

2 7
151
1 ]
0.5-5
-5 0 5 o

time
Figure 2: Heaviside’s Unit function

In particular, the Unit Step Function, or Heaviside’s unit function, U(t) (although
note that some texts may use H(t)), has a discontinuity at ¢t = 0:

18



1 if¢t>0.

U@:{olﬁ<m

For our purposes, it will not be necessary to define U(0), although some textbooks
use U(0) = 1. Combining U (t) with other functions acts as a “switching function” that
switches on at ¢ = 0. We will use it instead of explicitly refering to the domain of ¢.

Example 2.16. For example, instead of writing:

oy {0 ift <0
] e3(2cos(5t) + tsin(5t)) if t > 0.

we can now just use:
1
v(t) = e *(2cos(5t) + R sin(5t))U (t)

to indicate that the function “switches on” at time t = 0.

Recall that we previously said that Laplace transforms are defined for functions that
are zero for ¢t < 0, and thus when obtaining an inverse Laplace transform we usually state
“valid for t > 0”. From here, instead of writing this condition, instead when we obtain the
inverse transform of any function f(s) without time-delay (see later in this section!) we
multiply the final answer f(t) by U(t) to indicate that it starts at ¢ = 0.

Example 2.17. Find the Laplace transform of f(t) = 3tU(t)

This is the same as finding the Laplace transform of

)0 <0
ﬂo_{&zﬁ>a

And so just as before,

Fls) = L{310(1)} = £{31} =35

valid for s > 0.

19



We can generalise the step function to switch on at time ¢t = a:

0 ift<a;
U<t_“)_{ 1 ift > a.

and the usual function transformations apply. For example,

0 ift<a;
SU(t_a):{ 3 ift>a.

This would represent a step up of size 3 at time a, while —5U (¢ — a) indicates a step down
of 5 at time t = a.

0 a t

(a) y=3U(t —a) (b) y = =5U(t — a)

2.3.1 Applications of U(t)
1. A constant e.m.f. of value F is applied to a circuit starting at time ¢t = 0:

e(t) = EU(t)

2. We can combine multiple step functions to switch a function on for an interval, and
then off again. For example, a constant force P is applied for the first 7" time units:

p(t) = PU(t) — PU(t—T) = P(U(t) — U(t — T))

Step up at t = 0 and then step down after time 7T'.

p(t)

20



3. Similarly, f(t) = 3U(t —2) —3U(t — 5) = B(U(t —-2)-U(t - 5)) describes a

signal of constant strength 3 that begins at time t = 2 and ends at time ¢t = 5.

f(#)

4. A capacitor is charged from the discharged state through a resistor for a time 7" by
a constant DC voltage supply:

E
i(t) = e IR ) ~ Ut~ T))

5. It doesn’t just have to be constant functions. We can combine step functions to
switch on and off functions with any general behaviour. This will be used later in the
course to describe piecewise functions (functions that obey certain behaviour for a
period, and then change to a different kind of behaviour).

Consider a function f that is behaves like f; for the interval [0, T3], but then changes

to act like fy during the next interval [T7, T,] before switching off. This is described
by:

0= 10 (00 - v - 1)) + £l (U - 1) - U1t - 1))

21



2.4 Laplace Transforms of Functions with a Delay

Note from the Laplace transform tables that there are transforms given for step functions.
In particular,

e—sT

LMy =~ and L{UG-T)) =

S

So for example, L{5U (t — 3)} =51 e 3.

Next, we will learn how to take Laplace transforms of more complicated functions in-
volving a time-shifted step function.

In order to take the Laplace transform of a function with a delay, we need to re-write
it into a specific “delay form”. This means manipulating it into a function of the time
with delay, usually g(f — T'), so that a substitution can be made between real time and a
time-delayed variable. This is best explained by an example:

f(t)=tU(t—2) NOT delay form.
=((t—2)+2)U(t—2) In delay form.

Once we have put the delayed equation into Delay Form, there is a special transform for
that which we can use, known as the Heaviside or delay theorem:

L{gt =TU(t = T)} = e " L{g(1)}

If you have an equation with a time delay, you must ensure that it is in Delay Form
before this transformation can be applied.

This theorem is the first really substantial new piece of content in this course. You
must know and be able to use the delay theorem!

As an immediate consequence of this theorem, we can derive the theorem L{U(t — T} =
—sT
€— above.

S

22



2.4.1 Method for finding Laplace Transforms of functions with delay
Let us work through a procedure for an example, f(t) = 3tU(t — 2):
1. First, we look at the step function U (¢ — 2) to identify the delay is of value 2.

2. Then we consider the other part of the term (i.e. what is multiplied by this step

function), which in this case is 3t. Let’s call this part the function ¢g(t — 2). Thus,
g(t—2) =3t

If all occurences of ¢ in this part are written explicitly as ¢ — 2 then we already have
delay form and can skip the Step 3.

Note: you can call it h(t — 2), v(t — 2), etc. if you wish. All that matters is
that we do not choose a name that is already being used in the question, which in
this case would just be fand U.

. In this case, g(t — 2) is not already written in delay form. However, we can remedy
this by replacing all the instances of ¢ with ((t —2)+ 2) . Hence in this case we get:

gt —2)=3((t—2)+2) =3(t—2)+6
This is now in Delay Form!

. Once g(t — 2) is in delay form, we obtain g(t) by replacing all instances of (t — 2)
with ¢. That is, we are changing the input for the function g, and so it performs the
same set of transformations to ¢ instead of to t — 2. Thus we find:

g(t)=3t+6

. Finally, the Delay Theorem says that we take the Laplace transform of ¢(t) (that we
have finally obtained in the previous step), and multiply by e **4¢1%Y Thus we have:

f(s)=L{3tU(t—2)} This is the problem.
= L{gt-2U(t—-2)} Naming the other part in Step 2.
=  L{g@)}e ™™ According to the delay theorem.
= £{3t + 6} e % Determined in Step 4.
3 6 —2s :
= -+ 5 e Using the transform tables.
S
3 o5 e
= = (1 + 23) e Simplifying.
s
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2.4.2 Examples
Example 2.18. Find the Laplace Transform of:
ft) =3t2U(t —1)

First we identify from the step function U(t — 1) that this function has a delay of

value 1.

Thus we name the other parts of the term g(t —1):
g(t —1) = 3t

This is not in delay form, as there is a t that is not written ast—1. So we will replace
this t with ((t — 1) +1):

gt—1) = 3(t-1)+1)

= 3((t— D2 +2(t—1) +1)
= 3(t—1>%+6(t—1)+3
This is now in delay form.
Now, the Delay Theorem says that I need to take the transform of g(t), not g(t — 1).
So I replace t — 1 with t to obtain g(t):
g(t) = 3t + 6t + 3

(The purpose of delay form is to make this step a straight swap!)

So now we take Laplace Transforms of g(t):

L{gt)} = L£{3t?+6t+3} =3L{¢*} +6L{t} +3L{1}

2! 1 1 3 )
= 3<;> +6(S—2) +3(;) = 3(2+25+s )

Then the Delay Theorem tells us that the final answer is f(s) = L{g(t)}e ' =
E{g(t)} e~® since the delay has value of 1:

f(s) = %(2+28+82) e’
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Example 2.19. Given
ft) = ({t=4U(t —4)

This is already in delay form, so declare g(t —4) =t — 4, then g(t) =t. Since
9(s) = £{1} = .

then by the delay theorem we have:

F(s) = L{(t — DUt —4)} = L{t} x e = 1o

52

Example 2.20. Find the Laplace transform of:
ft) =e D (¢ — 5T).

From the step function U(t — 5T"), we can see that the delay is of size 5T.

Let’s first declare g(t — 5T) = e~=5T) - This is already in delay form, so we can

immediately replace t — 5T with t and obtain g(t):
g(t) =™

Using the result L{e™"} = s%a from the tables, then according to the delay theorem:

e—5Ts

f(s) _ E{e—a(t—ST) Ut —5T)} = E{ e—at} w o 0Ts _ S—i__a

These two examples were already given to us in delay form. However, the following
examples are not yet in delay form and so will need to be manipulated first:

Example 2.21. Given
ft)=@t+1U(t—2)

Then we restate the problem in the form f(t) = g(t —2)U(t — 2), and so:
gt—2)=3t+1
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Since this involves a t and not explicitly t — 2, this is not in delay form. Therefore, we

rearrange:
gt —2)=3(t—-2)+2)+1=3(t—2)+7
Using the delay theorem, we require g(s), which is the Laplace transform of g(t):

gty = 3t+7

cog(s) = L{3t+7}=3L{t}+7L{1} = S% + g

And the delay form tells us that the solution is f(s) = g(s)e™2°, hence:

—2s

Fo) = (5+7)er =56+

S 52

Example 2.22. Obtain the Laplace transform of

v(t) = Ee”/“RU({t —2T) where E,C,R,T are constants.
Writing in delay form:

o(t) = B (=2D0421) (CR 17 _ oy
Sov(t) = f(t —2T\U(t — 2T), where

F(t) = BEe~(+2D/CR _ po=2T/CR o—t/CR

Obtaining the Laplace transform of this:

_ 1

f(S) — Ee—QT/CR _ EORG_2T/CR 1

s+1/CR sCR+1
and so we have

v _ECR  sror —ars . ECR - ypiijcr)
U(S)_SC’R—Fle ¢ T SCR+1°

Note: Remember that if the step function is just U(¢) then there is no time-delay
and we do not need to use the delay theorem!
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2.4.3 Example with Multiple Delays

Example 2.23. Find the Laplace transform of the following function:
f(t) =5t(U(t —2) —3U(t - 5))

Since this function contains multiple delays, we will need to expand the brackets and
treat each delay separately - putting the bits multiplied by each step function into the

corresponding delay form:
fty = 5t(U(t—2)—3U(t-5))
= btU(t —2) — 15tU(t — 5)
= 5((t—2)+2)U(t—2)—15((t —5) +5)U(t — 5)
Now we are ready to take the Laplace Transform by applying the delay theorem twice:

fls) = L{((t— 2)+2)U(t—2) —15((t —5) +5)U(t — 5)}

= 5£{((t —2)+2)U(t - 2)} - 155{((75 —5)+5)U(t — 5)}
= 5/l{t + 2} e —15£{t + 5} e 5 by two applications of the delay theorem

1 2 1 5
= 5[5+ )e*—15( 5+ = |e
s2 s sz s

5

= — ((1 +2s) > =3(1 + 5s) e58)

52
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2.5 Inverting Laplace Transforms involving a Delay

If a term in a Laplace transformation includes a factor of the form e* then you know that
the inverse will involve a delay of T time units.
In this case we will effectively reverse the delay theorem and then apply it:

L™ f(s)} = f(¢ =T)U(t = T).

2.5.1 Method
Let us follow a procedure to invert the following time-delayed function:

~ 26—75
ols) = s+ 3

1. Identify a factor of e*T', where T is any constant (it could be a number like 3, 5, 97,

etc. or it could be symbolic like ', 3T, 40T, 5kT etc.). This means that there will be
a delay of time T.

In this example the presence of e~ indicates that there will be a delay of 7.
2. Next we ask what is multiplied by the exponential e 517
In particular, we need to identify f(s), where:

o(s) = f(s)e™™"

If there are multiple exponentials, and thus a variety of different time-delays, split
the function up and consider each time-delay separately.

In the case of the example 0(s), we have:

f<8):s—i2—3

3. This is the function that we need to find the Inverse Laplace Transform of initially:

F&)y =L f(s)}

This step often involves using either partial fractions or completing the square.

In this example,

2 1
ft) = E‘l{ } = 25_1{ 13 } =23 from the transform tables.

28



4. Change the variable from ¢ to ¢ — T, and so replace every occurrence of ¢ in f(¢) with
t — T'. This gives us the function f(t — 7).

Hence for this example, which has delay 7, we need to replace every occurence of
tin f(t) with ¢ — 7 and thus obtain f(t — 7):

flt—=7)=2e307

5. Finally, multiply by the step function U(t — T'), to give v(t) = f(t = T)U(t — T) as
in the formula above.

So for the example we multiply f(¢t — 7) by U(t — 7) to obtain the final answer:

—Ts
o(t)=2L"" 2¢ L g U(t—T1)
s+ 3

A summary of the method is as follows:

1. Identify a factor of e~*T. This means that there will be a delay of T. Identify f(s),
where 0(s) = f(s)e™*T.

2. Invert this part to obtain f(t) = £L71{ f(s)}.

3. Change the variable from ¢ tot — T, and so replace every occurrence of ¢ in f(¢) with
t —T. Thisgivesus f(t — T).

4. Finally, multiply by the step function U(t — T'), to givev(t) = f(t = T)U(t — T) as
in the formula above.
2.5.2 Examples
Example 2.24. Find the inverse Laplace Transform of:

r 1 —2sT
(5)=—"5¢

First we identify from the exponential function involving s (i.e. the e=2T) that the

final answer will involve a delay of 2T as that is what is multiplied by —s in the power.

Thus we name the other part of the term (i.e. what is multiplied by this exponen-

tial) g(s):
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and we obtain the inverse of this to obtain:

g(t)=L{g(s)} = /J_l{s—} =e 2 from the tables.

However, the inverse delay theorem says that our solution will involve g(t —2T"), rather
than g(t), so we find this by replacing t with t — 2T :

g(t — 2T) = 722D

Finally, we need to multiply g(t—2T) by a step function with the same delay, so multiply
by U(t — 2T') to obtain the final answer:

f(t) = e 22Dyt — 27)

Example 2.25. Given

~ s
o(s) = e e

)

then the factor e=3* means that v(t) involves a delay of 3 units.

Then we separately consider the other factor is f(s) =
tables inverts to f(t) = cos(wt). Hence,

o7, which we see from the

v(t) = cos(w(t — 3))U(t — 3)

Example 2.26. Given

- 2e7°
i(s) =~

then the factor e=® means that @( ) involves a delay of 1.

The other factor is f(s) = 2(S+3> , which inverts to f(t) = 2e™>.
Therefore we have,
i(t) = 23D Ut — 1)
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Example 2.27. Given

QOé e—sT

als) = 22—

s(s+a)’

then the factor e*T means that q(t) involves a delay of T

s(s+a) s(s+a)
partial fractions first) inverts to f(t) = Q(1 —e™*"). Therefore,

The other factor is f(s) = =42~ = Q L) , which (either from the tables, or using
q(t) =Q(1— e~ot=T) YUt —T)

Example 2.28. Given

gy B+ T+ Do) o
ols) = T's?(s% + w?) ¢

Then there will be a delay of time T involved because of the term e=*T, and the other
factor is:

- E(32+(ST+1)w2>

J(s) = T\ $2(s2+w?)

Using the methods of partial fractions (and ignoring the factor % for the time being),

s+ (sT+1)w* A B Cs+D
s2(s2+w?) s 82 824 w2

and so multiplying both sides by the denominator gives:
§2 4+ (sT 4 1)w? = As(s* + w?) + B(s* + w?) + (Cs + D)s?

Now we need to find A, B,C,D. We could do this by choosing various values of s and

obtaining simultaneous equations to solve, but in this particular case it is easier to use

the method of equating the coefficients of the different powers of s (so consider s3, s?,

etc.):

s 0=A+C

s 1=B+D

st Tw = Aw? = A=T
s%(i.e.constants) : Ww=w'B = B=1
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Hence we have A=T, B=1,C = —-T and D = 0. Therefore,

- E(T 1 sT
f<5>—?{;+;z—m}

Inverting each of these terms, and bringing back the factor %
E
f(t) = T{T +t — T cos(wt) }

So using the inversion formula L™{e™Tf(s)} = f(t — T)U(t — T), we substitute in
t =t —T and multiply by the step function U(t — T) to obtain the final answer:

o(t) = %{TJr(t—T)—Tcos(w(t—T))}U(t—T)
= %{t—Tcos(w(t—T))}U(t—T)

- E{% ~ cos (w(t T))}U(t — 7
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2.5.3 Examples with Multiple Delays

Example 2.29. Determine the inverse Laplace transform of:

_ 3e 25 4250738

flo) = =5
Ezpanding this fraction,
r 3 —2s 23 —3s
fls) = Eh +§ e
1 1
= 3 e 42- e
s s

we can see that the two time-delay exponentials are multiplied by fundamentally differ-

ent functions: S% and % Because of this, we will have to treat the two delays separately,

and apply the inverse delay theorem twice.

Let’s name what is multiplied by the first exponential gi(s), and what is multiplied

by the second exponential go(s):
3 2
91(s) = 2 92(s) = S

Then taking the inverse Laplace transform of each of these:

ga(t) = ﬁ*{%}=2£”{é}::2x1:2

And finally we apply the inverse delay theorem to each of the two delayed terms (re-
placing t with t — 2 or t — 3 and multiplying by the corresponding step function):

f@&)=gi(t =2)U(t — 2) 4+ go2(t — 3)U(t — 3)
So the solution is:

Ft)=3(t—2)U(t—2)+2U(t —3)
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Example 2.30. Determine the inverse Laplace transform of:

_ 3 6723 + 8735
&) ==—57

If we write this as

7o) = — (3 e_28+e_3s>

we can see that the two different time-delay exponentials are multiplied by effectively

the same function in terms of s (the constant 3 does not change the form of what is

multiplied by the first exponential).

This means that we can take a shortcut. Let’s call the shared part of the term without

the exponentials g(s):

1

g(s):s—l—l

So now the problem looks like:
f(s) =3g(s) e +g(s)e™™

Then the inverse Laplace transform of g(s) is:

a(t) :E_l{s}rl} -

Finally we treat the two different time delays separately, and apply the inverse delay

theorem to each (replacing t with t — 2 or t — 3 and multiplying by the corresponding
step function):

ft)=3e DUt -2)+e U - 3)
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2.6 Computational Approach

To manipulate functions involving a delay in MATLAB, we need to invoke the Heaviside
command. For example, to obtain the transform of f(¢) = (3t + 1)U (t) + 17t*U (¢t — 5T):

syms t T;

assume (T > 0);
Hi=heaviside(t);
H2=heaviside (t-5*T);

laplace ((3*t+1)*H1+17*t . 2xH2)
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2.7 Solving Differential and Integral Equations using Laplace
Transforms

We are building up to the objective of using Laplace transforms to solve systems of equa-
tions that could model an electronic circuit. The formulae for calculating potential differ-
ences relating to certain electronic components are described in the box.

Modelling linear electronic components:

e Capacitor with capacitance C' and current i passing through it:

1 t
Potential difference = ol / idt + initial p.d.
0

e Resistor with resistance R and current ¢ passing through it:

Potential difference = ¢ R.

e Inductor with inductance L and current ¢ passing through it:

di
Potential difference = ﬁd_i

Several of these involve derivatives or integrals. Therefore, if we are analysing the
equations that arise from circuits containing these components, we will need to know how
to take the Laplace transforms of the derivatives or integrals of time-dependent variables.

First, let’s consider how to take the Laplace transform of the first derivative of a func-
tion. From first principles:

.c{cé—f} _ /0 h e“cé—fdt () + s /O T ettt = 0 — 2(0) + 57(s)

Here we use a integration by parts and assume that e *'z(t) — 0 as s — oo, which will
certainly be true for any finite-valued function z(t).

Therefore we have the formula,

£} = E{%} — 57(s) — 2(0)

Repeated application of integration by parts, combined with a proof by induction,
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yieldsthe more general formula for the Laplace transform of the nth derivative of afunction:

d"x dz dx drtx
£ e — n - _ on—1 0 2" =37 ..
{dt"} $'a(s) =" (0) =y . dt? |, i
n—1 dkﬂf
= Snf(s) - Z S(nil)ik% .
k=0 =

In particular, n = 2 gives the Laplace transform of a second-derivative of a function:

E{%} = 5%%(s) — sz(0) — #(0)

Now let’s try to find the transform of the integral of a function. Let

Then clearly z(0) = 0 as it is an integral over zero range. By definition,

dz

so we can use the result for the Laplace transform of a derivative to obtain:
Z(s) = sz(s) — 2(0) = sz(s) — 0

Therefore we have the formula:

o [ atoar) - 0

As usual, these results are given in the provided table of Laplace transforms.

When we first introduced Laplace transforms, a motivating factor was that we can move
our problem into the complex frequency domain where they become much easier to solve.
That is what we will be doing now. Consider the diagram:
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s -domain problem. Solve S -domain solution.

Known U,‘(S) (easy) - Known 170(8)
A
c £
]
. Solve
t -domain problem. - cccccccccccccccmmaa— - t -domain solution.
Known input Vi ®) (hard) Known output vo(1)

We will begin to apply what we have learned about using Laplace transforms to analyse
electronic circuits using this sort of procedure. In general, we will be given a problem in
the time-domain that consists of a set of equations involving an input, an output, and
possibly some-other time-dependent variables. The general idea displayed in the diagram
is that first we will take Laplace transforms of each equation to obtain a statement of the
problem in the s-domain. Then we will “solve” the problem in this domain by rearranging
and substituting the equations in order to obtain an equation for the transform of the
ouput solely in terms of the transform of the input (with all other s-dependent variables
eliminated). Finally, we may be given a specific input function. We obtain its Laplace
transform, subsititute this into the equation for the system that we have obtained in order
to get the transform of the output corresponding to this specific input, and finally perform
theinverse Laplace transform to obtain the output in the time-domain - this is the solution.

Example 2.31. A series circuit consisting of an AC voltage source with voltage e(t),

a resistor of resistance R, and a capacitor with capacitance C has current i.

A4
AN
7

+ v(t)

Consider the potential differences in the circuit:
1 t
t)=Ri+— [ idt,
e(t) i+ 8 /0 i
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where v(t) = éfg vdt 1s the potential difference across the capacitor. Say we wish to

find the output v(t), given an input voltage e(t). This can be done by taking Laplace

transforms. First, we need to find i(s):

t
e(t) = Ri—l—é/ﬂidt

e(s) = Ri(s)+ @z(s)
= i(s)(R+ é)
Czy - _e8)
cils) = R+ &

Then we can find v(s) in terms of both €(s) and i(s), and make a substitution to obtain

v(s) solely in terms of €(s) (i.e., output voltage as a function of input voltage):

e(t) = Ri+o(t)

R

(5)(1— m)

1
e(s)m.
Now, let us determine the output voltage v(t) given the following inputs:
i) e(t) = EU(t)
ii) e(t)=EU(t—T)
i) e(t) = EL(U®t) - Ut —1T)).

T

So(s) = e

Solutions:

i) e(s) = £, so we have:

E _ EJCR
~ s(1+CRs)  s(1+1/CR)’

u(s)
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and inverting this using E{Ta)} =1—e from the transform tables:

o(t) = B(1 — e /CRYU (1),

it) e(s) = Ze=T, so we have:

—sT E
s(1+ CRs)

Inverting using the result of (i) and the delay transform theorem,
v(t) =U(t —T)E(1 — e~ t"D/CRY,

so we see that a delayed input e(t) has resulted in a delayed output v(t).
ii) e(t) = Z@U@) — (t = T)+TU(t—T)), and so

E 1

os) = o — T+ ) = o

S+2) =

—sT
(52 S Ts?

—(1—(1+sT)e*T)

Therefore

i E
o) = TR TS

(1= (1+ sT)eT).

To carry out the inversion, we need to split the terms up, separating by the presence

or absence of delay, and the order of s:

5(s) E 1 e—sT Te T
u(s) = = — —
T|s?(sCR+1) s*>(sCR+1) s(sCR+1)
Consider the first term inside the bracket (remember E and T are constants). Using

partial fractions, we obtain:

1 _ —CR N 1 N C*R?
s2(sCR+1) s s CRs+1

so applying the inversion to each fraction yields the following:

1{m} = U(t)(—CR +1t+ CRe_t/CR)

Since the second term is just a time-delayed version of the first, we can use the inverse

delay transform to immediately obtain:

E’l{e’ST —CR+ (t—T) + CRe” "T/OR)
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For the third term, applying partial fractions to the non-time delayed part gives us:

1 1 CR

s(sCR+1) s CRs+1
Therefore

1 1 . CR —t/CR _ —t/CR

and so the time-delayed version will give:

g Tt 1 TU(t - T)(1 = e~-TI/CR
s(sCR+1)

Putting it all together and gathering the step functions, we have the final result:

u(t) = %{U(t) (t—CR+CRe™ ") —U(t—T)(t —CR+ (CR—T)e ""1/CH) }

Example 2.32. Consider a system with input f(t) and output x(t), that satisfies the

following:
d*x  _dx
— +3—+2x = f(t
P =10

with initial conditions x(0) = 0 and #(0) = 1. Using Laplace transforms, determine

x(t) when f(t) =U(t — 3).

Taking Laplace transforms of both sides of the equation:

f(s) = £{dQ—$ +3d_x -I—Zm}

dt? dt
d*z dz
£{ e } + 3£{ 0 } +2L{z} by linearity,

= (s"2(s) — s2(0) — £(0)) + 3(sz(s) — x(0)) + 22(s)
= $°Z(s) — 0 — 1+ 3(sz(s) — 0) + 2z(s)

= $*Z(s) — 1+ 3sz(s) + 27(s)

= z(s)(s*+3s+2) -1
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Rearranging, we obtain the transform of the output Z(s) in terms of the transform of
the input f(s):

o fls)+1
x(s)_s2+35+2

Then given the specific input f(t):

6—35

f)=U@-3) = fls)=

S

and we substitute this into our equation for T(s):

14+e?/s e N 1
s24+35+2 s(s+1D(s+2) (s+1)(s+2)

z(s) =

Finally, we want to invert this to obtain the output x(t) in the time-domain. Now, there
are two terms here that we will have to treat separately when inverting, because one of

them has a time delay (because of the e=3*) and the other does not. In particular,

0= e o)

For the first term, with time-delay, we need to find the inverse of the non-time-delayed

part of that term. That is, we need to find the inverse Laplace transform of m

for the first term. Using partial fractions expansion, we find that:

1 R S
s(s+1D)(s+2) 25 s+1 2(s+2)

1 _1
s(s+1)(s+2) s+1 s+2

Hence,

T(s) =e % l—i- -1 + 1 + L_,_ —1
2s  s+1 2(s+2) s+1  s+2

Inverting the non-time-delayed part of the first term:

c‘l{s(s+ 1§(s+2)} N E_l{Q_ls * s_+11 * 2(512)}

1 _t+e_2t
= ——¢ —
2

42



and so using the inverse delay theorem with a delay of 3 means that we swap t fort—3,

and then multiply by the delayed step function U(t — 3). This gives:

_3s —2(t—3)
1 ¢ PR BT
£ {s(s—l—l)(s—l—Q)} utt 3)<2 ¢ + 2 )

Since the second term did not feature time-delay, it is more straightforward. We simply

obtain the inverse:

cNamera) - )

= Ut)(e"—e™)

Then putting both results together again gives us our final answer:

o—2(t-3)

2(t) = U(t — 3) (% _ e (t=3) 4 5 ) +U(t) (e—t _ e—2t)

This second example shows the advantages of using the Laplace transforms method to
solve nonhomogeneous ODEs. In particular, it is not necessary to first solve the homoge-
neous ODE, and initial values are automatically accounted for in the solution rather than
requiring a set of extra steps to solve the simultaneous equations.

Next we will study amore systematic method of solving systems of multiple such equations.
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2.8 Transfer Functions for Linear Systems

First, let’s go over some general theory and define some key concepts. Later they will be
demonstrated in a worked example.

e Transfer function: Consider a linear time-invariant system with input v;(¢) and out-
put v,(t). The Transfer Function G(s) of the system is the ratio of the transform
of the output to the transform of the input:

Uo(s) = G(s) x v(s), andso G(s)= 12°<$)

It is independent of the input function, and describes the effect that the system has
on it.

Input ——» System G(s) —— Output

Figure 3: Transfer Function Block Diagram

e When the transfer function is in the form:
P(s)
Q(s)

(i.e. as asimple fraction, so no fractions within the fraction!), then the Character-
istic Equation of the system is given by:

G(s) =

Qls) =0

e A stablelinear system is one that will remain at rest unless it is excited by an external
source, and will return to rest if such external influences are removed. Therefore, in
the absence of an input, the response function of a stable system will tend to zero
as time approaches infinity. We could also say that any bounded input produces a
bounded output if the system is stable.

e The real parts of the solutions to the characteristic equation of a system’s transfer
function determine the stability of the system (thus characterising the behaviour of
the system). If there is a growing exponential, it indicates instability; while only
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decaying exponentials indicate stability. For stability, we require that the following
condition is satisfied:

All solutions of Q(s) = 0 have negative real part Re(s) < 0.

The order of the characteristic equation (i.e. the largest power of s, or equivalently,
the number of solutions) is the “order” of the filter. This value has implications for
the degree of complexity of behaviour that the system is capable of.

Stable electronic systems can be used as a filter (a component which performs signal
processing functions).

Amplitude Bode Plots can be constructed from the transfer function and used to
determine the type of filter.

Say that for a circuit, we have obtained the transform of the output voltage: v,(s) =
G(s)x0;(s). Itistherefore the product of two transforms. We cannot just invert G(s)
and v;(s) toobtain v,(t) = g(t) x v;(t), however instead we can obtain v,(t) using the
convolution integral for a given input. This is denoted v,(t) = g(t) * v;(t), where
* denotes the convolution operator and g(t) is the inverse of the transfer function.
The convolution integral is given by:

Uo(t) = /Otg(t — 2)v(2)dz = /Otg(z)vi(t — 2)dz

so0 <z <t

The Response Function ¢(t) (or impulse response) is the inverse Laplace trans-
form of the transfer function G(s). It is the response of the system to an input 6(¢)
given by the delta function:

Let v;(t) = 0(t), then v;(s) = 1. Therefore v,(s) = G(s) x 1 = G(s), and so
g(t) = L7YG(s)) = L7(v,(s)) = v,(t). Hence the response function g(t) is the
output when the input is the delta function.
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We will demonstrate how to apply these concepts in the following example:

Example 2.33. Consider the circuit shown (based on an ideal “op-amp” (operational

amplifier)). You may assume that C; R > 0.

i

Analysing it using Kirchhoff’s laws yields the following p.d. equations:

((I) R(Zl + 22 + 23) + R(ZQ + Zg)

1
(b) 5/ Zldt 7/2 +Z3)
0

[ :
(¢) 5/0 iodt = 2Ris

(d) Vo = —2R23
Taking Laplace transforms of each yields:
(A) v = R(i1 + 2iz + 2i3)
(B) iz = R(iy +1i3)
o T et

1 -
(C) EZQ = 2R23

(D) v, = —2Ris

We want to obtain a relationship between v, and v;, so let’s eliminate the other s-
dependent variables iy, 19, 13. You should think carefully how to do this before you start,
as you can end up going round in circles without a clear plan to obtain the variables
you want. In this case, we will do the following:

1. Use (A) and (B) to obtain an equation with v;, iy and iz.
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2. Then use (C) to eliminate iy, leaving us with an equation in terms of v; and is.

3. Use (D) to substitute iz for a function of v,.

Substituting (B) into (A) to remove iy :
v; = (iy +13)(2R + sCR?)

Then eliminating 1o using (C):
0; = 13R(2+ sCR)(1 + 2sCR)

Finally, substituting in (D) and rearranging removes i3 and gives us an equation in-
volving both v; and v,:

9 ~
Y= 21 sCR)(1+25CR) "

Therefore the transfer function for this system is:

—2
2+ sCR)(1 + 25CR)

G(s) =
and the characteristic equation given by setting the denominator equal to zero is:
Q(s) =(2+ sCR)(1+2sCR) =0

which is a second-order equation in s and yields the two solutions s; = —2/CR and
so = —1/2CR. These solutions determine the exponents that will appear in the time-
domain solution for the output. That is, v, will have terms that include factors e=2/CE
and e V2R These are both decaying exponentials (s1,sy < 0) and so the system is

stable.

Finally, we use convolution to obtain the complete solution for v,(t), given the in-
put function v;(t) = EU(t) (i.e. constant input E begins at t = 0). First, we invert
the transfer function to obtain the response function.

Using partial fractions,

—2 2 1 4 1
(2+sCR)(1+2sCR)  3\2+sCR/) 3\1+2sCR

47



Therefore,

2 4 1
glt) = £ {g 24+ sCR 31+256’R}

{1+s (CR/2) } %E_I{M}

L,
3£
41
_ —2t/CR _ 2 —t/2CR
(3 CR/2° 32CR° )U(t)

_ iU(t)(e_Qt/CR o e—t/2C’R)

3CR

Then since v;(t) = EU(t), the convolution integral is:

t t
Vo(t) = /0 g(t — 2)vi(2)dz = / SC?'RU( 2) (e H=2/COR _ o=(=22CR) By (2)dz

Fort <0, z <0 and so U(z) = 0. Therefore v,(t) = 0 for all t < 0 and we can
restrict our interest tot > 0. In this range, 0 < z < t, sot — z > 0 and therefore both
U(t—2),U(z) =1. Thus fort >0,

b 2FE
’Uo(t) _ / eth/CReQZ/CR . eft/ZCRez/2CR dz
) 3CR }

2E ) t t
— e~ t/CR/ e?z/C’RdZ o e—t/QC’R/ ez/2CRdz

2E —2t/CR CR , J/CR ' —t/2CR /2CR '
- 2= e’ _ 92 z
50 {e 5 e ) e CRe )

2F
— _BCR{ezt/CR%(em/OR — 1) — QCRe*t/2CR<€t/2CR . 1)}

CR

SOR{ 5 (1 - 6—2t/C’R) . 2CR<1 - e—t/QCR)}

_ §{4€t/20}% . 672t/CR . B}U(t)

where we add the U(t) rather than state “fort >0 only”.

48



Example 2.34. Determine the stability of this filter, based on an ideal op-amp.

It has the corresponding set of equations:

1 t
(B)  Ruir = Ris+ — / iodt
¢ Jo

©  wlt) = [ it + Falin + i)

where R, Ry, Ry and C' are poistive constants.

Begin by taking Laplace transforms,

1 - - w3l
(A) v = E(h + Zg) + ng

(B) RlZl == R’LQ + Elg

]- - - -
(C) Uy = zlz + RQ(Zl + 22)

Plan for obtaining v, in terms of v; only (note that there are many ways to do this, so
there is no uniquely correct set of steps. Whichever way you do it, you must demon-
strate a clear plan for how you are going to obtain an equation with v, and v; as the
only variables):

1. Use (B) to eliminate iy from (A). Call this equation (D), it has variables v; and is.
2. Use (B) to eliminate iy from (C). Call this equation (E), it has variables v, and is.
3. Then use (E) to substitute iy for a function of v, in (D).
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Substituting equation (B) into (A) yields equation (D):
v =i 1+R+1 RE+ L5 =3 1+R+ i + !
P sC sC\ Ry 2 sCR,y 2]~ 2\ Os sCR; (2s52R;
Then substituting equation (B) into (C) yields equation (E):

- = 1 R—. 1 - = 1 RR2 R2
?}z—22<SC+R2> +R2(R112+50R122> —22(80+R2+ Rl +SCR1)

Combining (D) and (E) to eliminate iy, we get:

_— { (1/80) + R2 + (RRQ/Rl) + (RQ/SCR1>}
o (1/sC)+ R+ (R/sCRy) + (1/s2C?Ry)

Tidying this up a bit will make it easier to obtain the solutions of the characteristic
equation. Let’s remove the subfractions by multiplying both the numerator and denom-
inator by s*C*Ry :
_ SCRl + SQC2R1R2 + S2C2RR2 + SCRQ
Vo = U;
sCRy + s2C?RR; + sCR+ 1

_ [SC(s(CR\Ry + CRRy) + (R, + Ry))
- “i{ (sCR+1)(sCRy +1) }

Therefore the transfer function for this system is

sC(s(CRiRy + CRRy) + (Ri + Ry))
(sCR+1)(sCRy + 1)

G(s) =
and the characteristic equation s
(sCR+1)(sCRy+1)=0

which has solutions s; = 5—}13 <0 and sy = C__}%l < 0. Hence Re(s) < 0 for all solutions,

and so this second-order filter is stable.
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Example 2.35. Consider example 3.1 again, however this time the input is given by
v;(t) = Esin(wt)U(t)
Then the convolution integral in this case is:

vo(t) = /Og(t—z)vi(z)dz

t
2E (e 2=2)/CR _ o~(t=2)/2CR)

eTelr, i e sin(wz)dz fort >0 only

28 t t
= — e_Qt/CR/ /B sin(wz)dz — e_t/QCR/ e*2OR gin(wz)dz

This integral can then be evaluated using the method of integration by parts.
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2.9 Amplitude Bode Plots

When we have obtained the transfer function G(s) for a linear system, and determined
that it is stable, we can then sketch Bode plots in order to determine the nature of the filter.

Once we have obtained the plot, we can determine if the filter is:
e High-pass (allows only high frequencies through)

e Low-pass (allows only frequencies below a certain value through)

All-pass (allows all frequencies through)

Band pass (allows only frequencies within a particular interval through)

Band-eliminate/band-stop (allows all frequencies through except for a given inter-
val).

Thisis determined simply by looking at where the plot is positive and negative. Remember
that the transfer function G(s) describes how the system changes the input signal to get
the output signal:

so for example if the transfer function’s amplitude approaches zero when the frequency w
of the input is high, that means the output signal will have close to zero amplitude, and so
the system is in effect not allowing high frequency input signals to pass through.

IG o) IG G|
(a) Low-pass (b) High-pass
|G(w)] |G (jw)| |G(jw)]
(c) All-pass (d) Band-pass (e) Band-eliminate

Figure 4: Types of filter

92



We will be content to make some quick estimates of the behaviour of a simple filter by
considering how the transfer function behaves when the frequency of the input signal is
extremely small (w << 1) or extremely large (w >> 1). This can be done by considering
which terms dominate the numerator and denominator of the transfer function at these
frequencies.
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Example 2.36 (First-order Low-pass).

A system has the transfer function:

—4
Gls) = 1+ sRC

We let s = jw, then:

66 = | 15| = T !

1+ jwRC| |1+ jwRC| |1+ jwRC]
Analysing this function at very low and very high frequencies (w):

. 4 4
When w << 1: |G(jw)| = T (smaller) M= 4

4 4 4
" |(smaller) + jwRC| ~ |jwRC| ~ wRC

Hence this transfer function is positive for low frequencies and approaches zero for high

—0 as w—

When w>>1: |G(jw)]

frequencies, suggesting that this is likely to be a low-pass filter.

|G(Gw)|
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Example 2.37 (First-order High-pass).

A system has the transfer function:

sCR
Gls) = 1+ sCR

We let s = jw, then:

. JwCR JwCR wCR
|G<yw>|=\ }— JOR|

1+ jwCR| |1+ jwCR| |1+ jwCR)|
Approzimating the behaviour at very low and very high frequencies (w):

When w<<1: |G(jw)| = |1+7CR” ] %wcl'R_H) as w— 0
smaller

wCR _ wCR  wCR
|(smaller) + jwCR| = |jwCR|  wCR

Hence this transfer function approaches zero for low frequencies but is positive for high

=1

When w>>1: |G(jw)| =

frequencies, and thus a high-pass filter.

|G(Gw)l
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Example 2.38 (Second-order Low-pass).

Consider the transfer function:

1

G = SR T 1R =1

then let s = jw, and

1

G(jw)| =
GGl | — 5bRw? 4+ 18jw + 1|

Then we consider which terms dominate for very small and very large w:

, 1
When w<<1: |G(jw)| = smaller) 1 ~ 1

1 1
When w>>1: |G(jw)| = —0 as w— o0

| = 5Rw? + (smaller))| ~ 5 Rw?
So this is probably a (second-order) low-pass filter.

|G(Gw)]
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3 Fourier Analysis

Named after Jean Baptiste Joseph Fourier (1768-1830). Also a French mathematician, he
originally trained for the priesthood before teaching mathematics, and became involved
in the French Revolution. He advised Napoleon during his invasion of Egypt, held a post
at the Ecole Polytechnique in Paris, was the Prefect of Grenoble and permanent secretary
of the French Academy of Sciences.

Fourier developed the idea of what we now call Fourier Series while working on the problem
of heat conduction in solids. Other famous mathematicians including Leonhard Euler had
used series like this in the past, but hadn’t explored its applications in this way. Fourier’s
paper was rejected by reviewers including Laplace, but the academy subsequently made
the problem of heat conduction the subject of its next Grand Prize. Fourier resubmitted
some revised work and won the prize, but his paper was still not published in the academy
journal for several years.
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3.1 Trigonometry and Waveforms

Recall the functions sin and cos, and the trigonometric equations for right-angled triangles.
We may also need some well-known trigonometric identities, such as

sin?(x) + cos?(z) = 1 for all values of x

Rather than using degrees in a cycle from 0° to 360°, we prefer to use the unit radians
for most scientific applications. These vary from 0 to 27 for a full cycle, and in particular,
the radian is defined as the angle between two radii that create a circular arc with a length
equal to one radius.

Consider a functions f and g of time that take the forms:
f(t) = Asin(wt + ¢) +d and  g(t) = Bcos(wt + ¢) + d

In this case, w is the angular frequency of f and g, and ¢ is the phase angle which
measures the lag or lead of the term from the pure sine or cosine function of the same
frequency. Note that in this case, ¢ may also be called the “phase shift”, which in engineer-
ing and physics is not the same as what is referred to as the “horizontal shift”. Instead,
the horizontal shift is ¢/w, obtained by factorising f(t) = Asin(w(t + ¢/w)), but this
terminology can vary slightly between disciplines.

| Period

>|
|‘ ’l

A\ /\ 7
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Since sin and cos have unit amplitude (maximum absolute displacement of the oscil-
lating term from equilibrium), the amplitude of functions f(¢) and ¢(t) will be A and B
respectively. The phase angle describes how the function is shifted to the left (for a positive
value of ¢) compared to the regular sin(wt) or cos(wt). Finally, d is the vertical shift and
describes how much the final wave is shifted up or down. If d is positive, the wave is shifted

up.

The cosine function is said to lead the sine function by 90° or 7 radians, while the sine
function is said to lag the cosine function by 90° or 7 radians. This means that we can
express cos as a sin function with a phase shift, or sin as cos with a phase shift. In particular,

cos (z — g) =sin(z) and cos(z) =sin (v + g)

y

L ~ar

3 N

0 1: X
Ry

2
_]_ 4+

Sine and cosine are periodic functions. In general, a function f(t) is periodic with
period T'if for all values of ¢ in the domain, and for any integer m, we have:

f{t+mT) = f(t)

The time required for one complete cycle is called the period T of the function. Then the
number of full cycles per unit of time (usually seconds) is called the frequency and given
by f = T~!. However, when using radians, it is usually more useful to talk about the
angular frequency w which is measured in radians (rather than complete cycles) per
second. Hence,

2 2
w:% or T:UW

As the period of oscillation T" increases, the frequency (both angular and regular)
decreases and vice versa.
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3.2 Plotting Waveforms on a Computer

Throughout this chapter, you may find it helpful to visualise the signals you are analysing.

We can easily draw generalised trigonometric functions using a computer package. Ge-
ogebra is free and very easy to use on a web browser, or we can use MATLAB.

MATLAB has many different commands for seemingly-basic functions such as curve-
plotting, that all work in slightly different ways and situations.

For visualing a simple function, such as a sine wave or a Heaviside function, we can declare
it as a symbolic function and then use fplot to visualise it over [—5,5]:

syms X

y = sin(x)

fplot(x,y)

For plotting lines from numeric data sets, or anything that isn’t necessarily a pre-defined
symbolic function, we can use the standard plot command. However, thisrequires two
arguments: one vector containing all the x-coordinates of the points that you wish to join
up, and a second vector of equal length containing the corresponding y-values.

For example, to plot the graph of y = sin(z) between x = 0 and x = 5:

x = linspace(0,5,1000)
This creates a vector of 1000 evenly spaced values between 0 and 5. These will be the
x-coordinates of the points that plot will then join up.

y = sin(x)

plot(x,y)

Of course, you can include optional arguments in the plot command to customise

the graph, such as changing the line thickness: plot(x,y,’LineWidth’,5)

If you want to change the limits on the axes that are in view, follow-up with the command
x1lim . Soif we wanted to zoom in on the graph between x = 1 and x = 2, we would use:
x1im([1 2]) andsimilarly for the y-axisusing ylim . You can also use the command

hold on; to plot multiple functions on the same image, as otherwise each new use of plot

will replace the previous graph.
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3.3 Introduction to Fourier Series

You may already have encountered the concept of representing a function as a series, for
example using Maclaurin’s theorem to obtain a power series expansion for a function. The
core idea of Fourier analysis is that many functions can be approximated by a series (a
summation) of sine and cosine functions of increasing angular frequency. It is usually
applied to periodic functions. The process centres on calculating the amplitude of each
sine and cosine term in the series that approximates our function, and this may be known
as Fourier, harmonic, or spectral analysis.

Theorem 3.1. Any finite periodic function f(t) with period T  can be represented by
a unique series of sines and cosines. In particular, there exist two unique sequences

(an)n and (by), such that:

f(t) = % + i a, cos(nwt) + i by, sin(nwt)

n=1 n=1

where w = 2% is the angular frequency of f, and so the n'* term of the summation

has angular frequency nw. This is the Fourier Series representation of f(t).
The terms in the series have certain names:
o ©isthe DC level of f(t).
e a; cos(wt) + by sin(wt) is the first harmonic, also called the Fundamental mode.

e a, cos(nwt) + b, sin(nwt) is the n*® Harmonic. It has angular frequency nw, which
is n times the angular frequency of the fundamental.

The standard method of obtaining these Fourier Coeflicients is using the following inte-
grals. This is not the method you will be expected to use but it is important that you are
aware of it!

T
ao = % /0 F(t)dt

ap = %/OTf(t) cos(nwt)dt

b, = %/OTf(t) sin(nwt)dt

in each case, we are calculating 2x the mean value of the integrand over the range of
one period (so the DC level is equivalent to the average value of f(t) over one
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complete period). In particular, we used the first cycle 0 < ¢t < T, however any full
period could be used. That is, we could integrate over the range tg < t < to + 1 for any
value of t and get the same results. Some textbooks will prefer the cycle =7'/2 < t < T'/2.

The N Partial Sum of the Fourier Series, say fy(t), for a function f(t) is when it
is truncated to a finite number of terms, in particular the first V. That is,

N-1 N-1
In(t) = % + ; a, cos(nwt) + nZ:O by, sin(nwt)

As we increase the number of terms used, the partial sum begins to approximate the func-
tion more accurately (in mathematical terms, the series converges to the original function).
In practical terms, the lower n harmonics are lower frequencies, so taking a partial sum is
equivalent to low frequency filtering (blocking higher frequencies) which is the same effect
as when employing low-quality measuring equipment or transducers.

In the context of measuring equipment, if it is not even able to detect the fundamental (e.g.
a moving coil voltmeter) only the DC level will be displayed. With more sophisticated
measuring equipment, more of the signal will be detected (i.e. the fundamental frequency
and possibly some harmonics) and so the “received” waveform will be closer to the actual
waveform. The more harmonics that are detected, the closer we get to the actual waveform.

Square wave Fundamental

i t
/ /—\/Slne wave componen

3rd harmonic

\ 5th harmonic
N A
\U/ \/

NS

Figure 5: Square Wave approximation by Harmonics

3.3.1 Theory: Method of Determining the Fourier Series

1. Identify f(t) and substitute it into the equations for a,, b,.
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2. Performtheintegrals. Thisoftenrequirestheuseofthe Integration By Parts method.
If the function’s behaviour differs qualitatively across a period ( “piecewise” ), we will
need to split the integrals up.

3. Calculate ag separately, either by integration or from inspecting the graph of the
function to determine the average values.

3.3.2 Basic Examples

Example 3.1 (Pulse Wave). (a) Consider the pulse wave, used in digital switching

circuits, with period T .

N ed)

|
-T/2 0 T/2 T 3T/2 2T t

Figure 6: Pulse Wave

It is a piecewise function, defined in the following way:

() = E, fornT<t<nT—|—%
0, fornT+I<t<(n+1)T
Vn € Z

We will consider the behaviour in the first cycle 0 <t < T, and will need to split
the integrals for ag, a,, b, over the two domains of t for which f displays different

behaviour:
9 [T
= — t)dt
Qo T /0 f ( )

2 T/2 T
= —(/ Edt —I—/ Odt)
T\ Jo /2

T/2
o=

[Et] E

2
T
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So the DC level is

E
9

and we could also see from the graph that this is the

ag
2
average value of f(t) over a cycle.

Forn>1,

Qn

o [T
?/ f(t) cos(nwt)dt
0
2 [T 2
T/o f(t) cos (%n) dt
2 /T/2 (Qnﬂ ) /T <2n7r ) )
— Ecos| —t |dt + 0 X cos | —t |dt
T( 0 T T/2 T

o2E [T/? onm
- cos | —t |dt
0

QOB T 2n7r)T/2
T

£ <sin(7m) - sin(O)) =0

™

Note that this shows why we need to calculate ag separately, as n = 0 in this

formula returns 0/0 which is undefined (although applying [’Hopital’s rule would

also yield the correct answer).

by

2 T
f/ f(t) sin(nwt)dt

0

T
%/0 f(t) sin (ern)dt
P (e [ (%))
— Esin | —t |dt + 0 xsin [ ——t |dt
T( 0 T /2 T

2E] T 207 T/
T | =2mn "\ T )|,

%(COS(WH) —cos(0))
e R (S R)
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Hence the Fourier series is:

O o0
fit)y = 0 g n cos(nwt —i—Zb sin(nwt)

n=1

E S E
= = 0 x t) —((=1)"*"" + 1) sin(nwt
5 T Z cos(nwt) g — + 1) sin(nwt)

n=1

—((=1)"*! 4 1) sin(nwt)

E+E 1
2 N

n—

(b) Consider this square wave F(t).

A

E

0 t1 T T+11 2T

Figure 7: Square Wave

As an exercise, you should do this one from first principles of Fourier analysis
yourself. However we will quickly verify the result by making a transformation
from f(t). In particular, we can transform f(t) to F(t) by first making a trans-
lation (shift) down by E /2 in the y-axis, and then stretching by a factor of 2 in
the y-azis. That is, F(t) = 2(f(t) — £). Therefore the same relationship exists
between their respective Fourier representations:

F(t) =2(f(t) — Z% —1)"*! 4 1) sin(nwt).

Note that there are sometimes several equivalent ways to write the Fourier series

(although the series itself is unique, so these are just slightly different ways of
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presenting the same result). Erpanding the series above, we see:

2K
F(t) = — (2sin(wt) 4 0 X sin(2wt) + 2sin(3wt) + 0 x sin(4wt) + ... )
T

That is, ((=1)""1 4+ 1) is equal to 2 for odd values of n, and zero for even values.
Therefore, if we only account for the odd values of n, we can represent the wave
by
4F 1
F(t)=— > =sin(nwt).

T n
odd neN

Alternatively we can build in to the function that we only count the odd natural
numbers, so that the sum is fromn = 1,2,3,... but that n maps to the n'"* odd

positive integer 2n — 1:

Flt) = % 3 2n1_ sin((2n — 1)wr).

n=1

All three expressions of the series for F(t) are equivalent and correct.
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3.4 Special cases of Fourier Series

3.4.1 0Odd and Even Functions
Some functions can be classified as odd or even (or, in some cases, both!).

Definition 3.1. A function f(t) is odd if it satisfies f(to) = —f(—to) for all ty € R.

Graphically, odd functions appear to have been rotated through 180° about the origin.
Importantly, the sine function is odd.

Definition 3.2. A function f(t) is even if it satisfies f(to) = f(—to) for all ty € R.

Graphically, even functions appear reflected about the y-axis. The cosine function is
even.

Consider the image. From left to right, the functions are even, odd, and neither.

Why do we mention this here? Because of the relationship between Fourier coefficients
and sine and cosine, it turns out that:
(a) If f() is an even function,

o [T 9 [T/2
b, = —/ f(t) sin(nwt)dt = — f(t)sin(nwt)dt =0 VneN
T Jo T J 7
and,
(b) If f(¢) is an odd function,
o [T o [T/2
a, = —/ f(t) cos(nwt)dt = — f(t)cos(nwt)dt =0 VneN
T Jo T J 7

You can do some integration by parts to verify these results, which simply say that if
the function f(t) is even, then it is expressed as a sum of even functions (i.e. cos(nwt)),
while if f(¢) is odd then its Fourier series expansion will consist entirely of odd functions
(sin(nwt)). In applicable cases where we want to find the Fourier series of an odd or even
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function, we can use this as a shortcut in determining one half of the Fourier coefficients.

The key takeaway here is that when determining the regular Fourier coefficients of a
periodic function f():

(a) If f(¢) is an even function, then b, =0 Vn €N,
(b) If f(¢) is an odd function, then a, =0 Vn €N.

3.4.2 Discontinuities and the Gibbs Phenomenon

When using Fourier series to approximate a discontinuous function, the partial sums will
always feature a spike when approaching the point of discontinuity ¢, from the either
the left or the right sides. By adding sufficiently many terms, the domain (but not the
magnitude) of the errors can be made arbitrarily small, but will always be present, leading
to asharper “spike” on each side of the discontinuity as N — oo. Thisis known as Gibb’s
Phenomenon.
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3.5 Complex Form and Phasors

Complex number consist of areal part and an imaginary part that involves the imaginary
number. The imaginary number is defined as the square root of —1, and is denoted ¢ by
mathematicians, and j by engineers. Using special properties of trigonometric functions,
we can represent a complex number A = a — jb in polar or exponential form:

A = R(cos(¢) — jsin(¢)) = Re?

where
—b
R=+Va2+b and ¢=tan! <_a )

Returning to Fourier series, using the exponential form we can construct a complex quan-
tity from the harmonics called a “phasor”, which is a vector in the complex plane that
encodes information about the amplitude of the signal. Recall that the n'* harmonic for
f(t) is given by a,, cos(nwt) + by, sin(nwt). Then the phasor (the complex amplitude) for
the n!* harmonic is:

An = ap _]bn = Rnej¢n

where

—b
R, = /a2 +b2 and tan(¢p,) = —

Qn,

Then we can use phasor representation to state the Fourier series for f(¢) in complex form:

2

o Qo = jnwt _ ; —
f<t>_5+Re{;AneJ } where An—an_]bna w_?

The phasor is the complex Fourier coefficient for the n*” harmonic. It can be obtained
by:

A, = ap,—jb, = %/0 f(t) cos(nwt)dt — j%/o f(t) sin(nwt)dt
2 " .
= f/o f(t)(cos(nwt) — jsin(nwt))dt

= %/0 f(t)(cos(—nwt) + jsin(—nwt))dt

and so we have:

2 T
A = —jnwt
"= /0 f(t) e ™" dt

However, we will not perform calculations using this method, as we can use the complex
form to avoid using integration altogether!
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3.6 Special Values

Due to the periodicity of trigonometric waves, there are certain exponential and polar
forms to look out for, as they can be nicely simplified. In the exponential form, ¢ (called
the argument) represents the angle (in radians) that we have rotated anticlockwise around
the unit circle, starting from the positive real axis. You can also calculate these special
values using polar form, as they are angles at which sine or cosine take a special value such
as one, zero or negative one. Hence, we are looking for values at which the argument is an
integer multiple of 7:

e For any integer n,

e?"™ = cos(2nm) + jsin(2nw) =1+ x 0 =1

e For any integer n,
e"™ = cos(nm) + jsin(nm)

—1 foroddn,

n

= cos(nm) +j x 0 = cos(nm) = (—1)" =
+1 forevenn.
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3.7 Method using Laplace transforms

Next we will apply what we learned about Laplace transforms to the complex form of
Fourier series.

This is the method (Laplace transforms and phasors) of Fourier anal-
ysis that shall be assessed for this course.

Given a period function f(t), define:

f(t) forO<t<T,

0 otherwise.

2 (T :
A, = an—jbn:—/ f(t)e /™" dt
T Jo
2 [T :
- = —Jjnwt
T/o g(t)e dt

2 [ A
= = t)e " dt
T/o g(t)e

2 [ -
since g(t) =0fort >T = T/ g(t)e ™ dt = 0.
T

Recognising that this involves the definition of a Laplace transform, we then obtain the
important result:

An = g(]nw)

N o
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3.7.1 Method

Thus, our method for obtaining the Fourier series for a periodic signal f(¢) using the
method of phasors and Laplace transforms is as follows:

1. Define

f(t) for0O<t<T,

g(t) =
0 otherwise.

2. Obtain the Laplace transform g(s).
3. Change the variable to obtain g(jnw).

4. The phasor of the n'* harmonic is then:

2
A, = Tg(]nw)

5. Also find the DC level % either from the average value of the graph, or using the
integral

T

6. State the complex form of the Fourier Series, given by:
o Qo - inwt
f(t)_5+Re{;Anef }

7. (Optional) If you are asked to obtain the usual coefficients from the phasors, use:
a, = Re{A,} and b,=—-Im{A,}

and then you can state the regular form of the Fourier series:

B @ oo oo .
ft) = 5 + ; a, cos(nwt) + ; by, sin(nwt)
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3.7.2 Examples

Example 3.2. Consider again the sawtooth wave. We will now derive its Fourier

Series using this method of phasors and Laplace transforms.

V()

AN
1 | 7
0 T 2T t
Figure 8: Sawtooth Wave
In this case, f(t) = % during the first cycle, so we want g(t) = % for time

0 <t < T and zero otherwise. This can be achieved using a combination of step

changes that will turn “on” at time t =0 and “off” att =T

Bt E

g(t) 7 (U@)-U@Et-T1)) = ?(tU(t) —tU(t—T))

We need to write the second term in delay form, so:

o(t) = = (tU(t) —(t-T)+ T)U(t - T))

Then the Laplace transfom is given by:
_ E
g(s) = L‘{T(tU(t) —(t-T)+T)U(t - T))}

£{w(0} - (e~ 1)+ 1)U - 1)}

NiEm NHiEm Sim
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Changing the variable from s to jnw:
E 1 1 T 4
—( —_ = o —jnwT
i0m) = (oo~ [ * ) )

E [ —T? —T? T, i
T\ 4n2n? An2m? 2mn
2T . 1

since w=—, j>=—1, - =—j

T
e S S &
T\ 4n2n2  4n2x2 j27m

since e Y™ = cos(2mn) — jsin(27n) = 1Vn € N

- ET
- ‘727m

Hence the phasor of the n' harmonic is,

2 ET E
An:——:]—
T 2mn ™

From looking at the graph, the average value of f(t) over one cycle is clearly % Alter-

natively,
2 [T 2 (TE
261,17
= ——|Z¢*| =E
e

and so the DC level is “—20 = %

Thus the complex form of the Fourier series is:

ft) = %+Re{2AneJ"wt}

E . E .
P — s T Jnwt
2 —l—Re{;jﬂne }
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To obtain the regqular Fourier coefficients:
E

a, = Re{A,} = Re{j—} =0
™

-k
™

by = —Im{A,} — —]m{ 2 } _

j_
™

So the Fourier series with real coefficients is:
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Example 3.3. Consider the clipped sawtooth waveform again.

N V(t)
E
N\
T I 7
0 T 2T ¢

E  forT/2<t<T.

Therefore we use step functions to define g, with %Et turning on at time t = 0 and off

att =T/2, and E turning on at t =T/2 and off at t =T.

That is:
2FEt
g(t) = T{U(t) —Ut-T/2)}+E{Ut-T/2)-U{t-T)}
_ QTEtU(t) - QTEtU(t _T/2) + BU(t — T/2) — EU(t — T)
_ QTEtU(t) 4 E(l _ %) Ut —T/2) — EU(t—T)

The first term has no time delay, and the final term is in delay form. Therefore we

just need to put the middle term in delay form:

2Bt 2 T T
2

o) = ZFue+p(1- 2=+

7 ))U@—Tﬂ)—EU@—T)

_ E{%tU(t) + (1 - %(t— g) - 1>U(t—T/2) - U(t—T)}



Taking Laplace transforms (using the delay theorem for the second and third terms):

i(s) = E{E{%tU(t) _ %(t _ g)U(t ST — Ut - T)}}

_ E{%/j{tU(t)} _ %L{(t _ g)U(t _ T/Q)} _ E{U(t _ T)}}

2 2 -5 —s
_ E{T—SQ—?E{t}e 2 _r{1)e T}

2 2 1
- p! = _ = —sT/2 _— —sT
{Ts2 Ts? ¢ s ¢

Then substituting s for jnw:

2 . 1 )
g<3nw) _ E{ )2 (1 . e*]an/2) . _w e]an}

T (jnw jn
—9277? ) jT .
— E 1 — e~ Jnm Jo 2mjn
{4Tn27r2( ¢ >+27me }
, 2T, 1 ,
= — e —]_ —_ = —
simee w T J . J

1 j
— ET —Jjnm _1 _J
{ 272n? (e )+ 27m}

since e *" = cos(2mn) — jsin(27n) = 1Vn € N

And since e/ = cos(—mn) + jsin(—mn) = cos(mn) = (=1)", we have:
(4 1 n J ET n .
g(gnw) = ET{W((—U - 1)+ Qm} = QWW{((—U -1) +J7m}

Therefore we have the phasor of the n'" harmonic:

A= 2gtine) = = (-0 - 14 g

m2n2

From the graph, the average of f(t) over one cycle is % X % —i—% X E = %. Alternatively
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we can use the integral:

z/T 2{/T/2 2F /T }
aw = — | fO)dt== St + Edt
o = 7 ), JOdE=F )T T/2

T/2
= E 3 1152 + [t]T
T \T12 |, T/2

2F (2 1T?
SRS R -,
T \T24 2 2

And so again the DC' level is 5 = %.

Thus, the complex form of the Fourier Series representation of f(t) is

ft) = —+RG{ZA eJ”“’t}

— 3E { Z -1 —|—]7rn) elwt } where w = 2
=

To obtain the regqular Fourier coefficients:

—2F
B —.5 Jor oddn,
2

a, = (1 = cos(mn)) =

m2n2

0 for even n,

and
—F
b, = —Im{A,} = — VneN.
™

Then the real Fourier Series representation for f(t) is

oo

Qo N .
fit)y = b + ; a, cos(nwt) + ; by, sin(nwt)

3E  2F 1 27mnt ES1 . [(2mnt
- TR Y ae(F) i ()

odd neN n=1
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3.8 Use of Fourier Series in Linear Circuit Analysis

3.8.1 Theory

The complex form of Fourier series can be useful for analying the output voltage in linear
circuits. Let f(t) be a period input to a linear system. Then considering each harmonic
individually, let’s look at the effect the system has on the input, encoded in its transfer
function G(s). Then G(jnw) is the frequency response function for the system, and can
be obtained either from G(s) or by analysing the system based on complex impedences.

Linear system
Input Signal f(t) with Transfer Output Signal v(t)
h ™1 Function: A'th
Phasor of 1 Phasor of 1
harmonic: An G(S) harmonic: Van = G(jTLW)A:z

For the n'* harmonic, let A4,, be the input phasor to the system. Then the output phasor
V,, is given by:

Vo, = G(jnw)A,

and so the output waveform is:

(t) = G(O)% + Re{ nil G(jnw)A,, et }

A particular input phasor is modified by the frequency response function to produce
the corresponding output phasor. Multiplying by G (jnw) will multiply the modulus of A,
by the modulus of G(jnw) and so produce the amplitude of the n** harmonic of the output
waveform. Furthermore, the phase angle (the argument) of G(jnw) will be added to the
phase angle of A,, to produce the phase angle of the n'* harmonic V,, of the output.

If the modulus of G(jnw) is dependent on n then the amplitude of each harmonic may
bescaled by a different factor (amplitude distortion). When the phase angle of G(jnw)
depends on n then each phase angle may be altered by a different amount (phase distor-
tion). In most cases, both types of distortion will occur. The presence of either or both
will result in the output waveform having a different shape to the input waveform.

Let,

A, = rpe 0, G(jnw) = gn e I,
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then
Vo = G(.]nw)An = GnTn e_j(¢n+q)n)

so the output phasor has amplitude g, 7, and phase angle ¢,, + ®,,.

3.8.2 Examples

Example 3.4. Consider the circuit shown.

—— 1 2

i+ i R

e(t) . R v(t)
~ input C o output

Kirchoff’s Laws yield the following equations:

e(t) = R(iy(t) + ia(t)) + Rin(t), % /0 i1(t)dt = Ris(t), v(t) = Ris(t)

where R and C are positive constants, e(t) is the input signal and v(t) is the output

signal. Given a general input signal

e(t) :—+R {ZA e]”“t}

what will the Fourier Series of the corresponding output v(t) be?

Taking Laplace transforms of each, we obtain:

_ _ 1 - _
= R(Zl -+ Qig), —il = Rig, @(S) = RZQ

Q|
Py
VA
S~—

sC
and so
@(S) REQ ;2
G pr— p— — — = = —
6) = 25 " Eh T n+lh

19 . 1
sCRis + 2is  sCR+2
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Therefore the frequency response function is:

] 1
Glnw) = =GR T2

Next we let
en(t) = Re{An efwt }, v (t) = Re{Vn et }

represent the n'™ harmonic of e(t),v(t) respectively, so that A,,V, are phasors with

angular frequency nw satisfying:

1
(2 + ]anR)
so that the frequency response function for the system is

, 1
GUnw) = 55— "CR

For the DC level,

1% 1 1
2 = G(O)§A0 = Zao

Hence if the Fourier series of the input signal is

e(t) = % + Re{ Z A, el }
n=1

then we have output:

v(t) = G(O)%ao + Re{ i G(jnw)A, e }

n=1

ag > 1 ;
= 24+ R — A, ™!
1" e{z2+janR ¢ }

n=1
Since G(jnw) is complex and frequency dependent we should expect both amplitude and

phase distortion.

Example 3.5. Next consider the circuit shown.
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—L
R
— }—
I— _ Z
R/2
A, + vV,

Analysing the complex impedences for an ideal op-amp on a dual rail supply, we

would find that

. 14+ jnwCR
pu— 2 .
Gljne) { 1+ 2jan’R}

Therefore, given the input signal with Fourier series:

e(t) = = —i—Re{ ZA eﬂ”wt}

the output from this system will be:

14 jnwCR ,
v(t) = ap + Re{Q Z A, ™ }
— 14+ 2jnwCR

For example, consider the pulse wave input.

N
e(t)

W

In this case,

=2E]  for odd n,

™

0 for even n,

and 4 = % x G(0) = £ x 2= E. So we have,
1+ jnwCR —2E7\ o
olt) = B+ Re{ Od;;eN2(1 + 2janR> ( ™ ¢
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Example 3.6. Consider the filter shown.

It is based on linear components and an ideal operational amplifier connected to a
dual supply. The following equations describe the currents iy, 12,13, input voltage v; and

output voltage v,:

wt) = & 100+ 2(0) + ()it + Ralia®) +ia(0)
1 [t . )
a ; Zl(t)dt = Rl(lg(t)+23(t))
R223( ) = CLQ Zg(t)dt
UO(t) = —Rglg(t)

where Ry, Ry, Cy,Cy are positive constants. Given a general input

vi(t) =—+R {ZA eﬂ”wt}

determine the Fourier Series of the output v,(t).

Taking Laplace transforms of the circuit equations,

1
(1) @i(S) (21 + 22 + 23) + Rl(lg + Zg) 0
801
() 7 = Rl + 1)
80121 = 19 13

1 -
(3) Rglg = 727/2

(4) @O(S) = —Rggg
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Plan: i) Substitute (2) into (1) to eliminate i,. 1) Then substitute in (3) to replace
19 with a function of i3. 1) Finally, use (4) to replace all occurrences of iz with —v,/Ry.
i) Using (2) to eliminate i, from (1):
_ _ 1 - _ _ _
v; = Rl(ig + 23) + E(ZQ + 23) + Rl(ig + 23)
1

1 - _ _ _
v, = S—q(22+23>+2R1(22+13)

1 _. _.
v, = <S—Cvl + 2R1) (22 + 23)
1 -
v, = —(1 + 2801R1)(i2 + 13) (5)

801

i1) Neat, rearranging (3), we obtain:
gg == SCQRQZ?)

Substituting this into (5) to eliminate iy:

1 -
172' = —(1 + 2801R1)(802R2i3 + 23)
801
_ 1 _
v, = —(1 + 2801R1)(1 + SCQRQ)Z?, (6)
SCl
iii) Finally, we rearrange (4) to obtain:
- -1
i3 = —7,
ST T,
And substitute this into (6), eliminating i3 and thus getting a relationship between v;
and U,:
Ui = ——(1+25C1Ry) (1 + sCy Ry)T,
v, SClRQ( + 28 1 1)( +82 2)’0
Rearranging, we obtain the transfer function of the system:
Uo —sC1R
G(s) = Bo _ bl

T)z‘ (1 —|—2501R1)(1 _’_SCQRQ)'
The characteristic equation (1 + 2sC1Ry)(1 + sCyRy) = 0 yields two solutions for s:

s = _—1 and s= -1
o QClRl’ - C2R2
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Thus for both solutions Re{s} < 0 and so this system is a stable second-order band-pass

filter.

Then to obtain the frequency response function G(jnw), simply replace s with jnw

in the transfer function G(s).

—janle

G(]HW) - (1 + 2jnw01R1)(1 + janng) ’

Therefore, if the Fourier series for the input wave is:

Uzn(t:_+R{ZA e_]”tdt} w:2?7r7

then the corresponding Fourier series for the output is:

Vour(t) = %G(O) + Re{ i G(jnw)A, e }

n=1

o0

—jnwCi Ry ot
= R A, ™t
6{ ; (1 + 2jnwCiRy)(1 + jnwCyRy) ¢ } “

Note that in this case, the DC response is G(0) =
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4 Matrices

4.1 Matrix Algebra

Let A be an m x n matrix. This means that A has m rows and n columns of entries.

4.1.1 Addition and Subtraction

In order to add or subtract two matrices, they must have exactly the same dimensions
(both the same number of rows, and the same number of columns).

a b (e f\ _ [(a+e b+ f
c d g h) \c+g f+h
4.1.2 Matrix Multiplication

Matrix multiplication is a non-commutative operation. This means that A x B is not
equivalent to B x A and does not necessarily yield the same result.

Performing matrix multiplication involves the method of multiplying the entries of the
rows of the first matrix by the entries in the columns of the second matrix. For this to
be possible, the number of columns of the first matrix must equal the number of rows of
the second matrix. The dimensions of both also tell you the dimensions of the resulting
matrix. In particular, if A is anm; X n; matrix, and B is an my X ns matrix, then we can
perform A x B if and only if ny = ms, and the result will be a m; X ny matrix.

a b\ (e f\ [ae+bg af +Dbh
c d)\g h) \ce+dg cf+dh
4.1.3 Scalar Multiplication

To multiply a matrix by a scalar, simply multiply each entry by that scalar.
a b aa ab
« =
c d ac  ad

4.1.4 'Transpose

To obtain the transpose of amatrix A (denoted AT), swap the rows and columns (or reflect
all of the elements about the diagonal).

T
C

Q Q.2

b d
e e
h f

s

I
o o e
S

~.
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4.1.5 Determinants

Square matrices (with dimensions n x n) have a property called the determinant. This
represents the scaling factor when the matrix is used to transform an image. The deter-
minant of matrix A can be denoted by det(A) or |A|.

4.1.5.1 Determinant of a 2 x 2 Matrix

For a 2 x 2 matrix A = CCL Z), the determinant is very simple to calculate by
multiplying the diagonal entries:
det(A) = |* Ol = ad -
e =, 4 =9 c

Example 4.1. Given the square matriz

3 —1
A=
4 2
The determinant is given by:

det(A) =3x2—(=1)x4=6+4=10

4.1.5.2 Determinant of a 3 x 3 Matrix

For a 3 x 3 matrix, select a row or column (any will suffice, but we usually use the
top row) and multiply each of its entries by the determinant of the corresponding 2 x 2
co-matrix consisting of the rows and columns that the current entry is not in, and then
also multiply by a positive or negative sign according to the checkerboard pattern:

+ - +
— + —
+ - +
a b c
Therefore, givena 3 x 3matrix A= |d e f |, choosingthe top row:
g h i
a b c
d e fl=al® T=b|? T 5c|? € = aei— fh) —bdi— fg) + c(dh — eg)
g h i h 1 g 1 g h
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Example 4.2. Find the determinant of

3 0 2
A=12 0 -2
01 1
2
det(A) = [2 0 -2
1
0 -2 2 =2 20
=3 —(0) +2
1 1 0 1 01

= 3(0x1—(=2)x1)=0+2(2x1—-0x0)
= 3(00+2)+2(2-0)

= 3Xx2+2x2

= 10

4.1.6 The Identity Matrix

For each positive integer n, the n x n identity matrix consists of one’s on the diagonal
entries and zeroes elsewhere. That is,

10 ... 0
01 ... 0
I=1. . . .
00 ... 1

and this is the only matrix which satisfies, for a matrix A of appropriate dimensions,
Al=T1A=A

So the identity acts like a matrix version of “1” in the real numbers.

4.1.7 Inverse

If a square matrix A has non-zero determinant, then there exists a unique matrix A=! with
the same dimensions such that

AA T = A7TA =T
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4.1.7.1 Inverse of a 2 x 2 Matrix

Fora2 x 2 matrix A = (z Z) with non-zero determinant (ad — be # 0), the inverse

is given by:

1 d —b
At =
det(A) <—c a )
Example 4.3. Given the square matriz
3 -1
A—
4 2
The inverse is given by:
e 1 2 —(-1 _ 1 2 1 :i 2 1 _ 1/5 1/10
3x2—(=1)x4\—4 3 6+4\-4 3/ 10\-4 3 —2/5 3/10
We can check that we have obtained the correct answer by checking that AA™Y = 1I:
3 -1 1 (2 1
>< —_—
4 2 10\ -4 3

1 [3x24 (1) x(—4) 3x1+(=1)x3
10\ 4x2+2x(-4) 4x1+2x%x3

1 (10 0) (10
10\ 0 10 0 1

and similarly A=YA = 1.
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4.2 Eigenvalues and Eigenvectors

4.2.1 Motivation

Incomputer aided design (CAD), agraphical model of a physical object can be manipulated
by applying a linear transformation to the co-ordinates of each mesh point in a wire-frame
diagram. This can be expressed in general matrix form as:

y=4x

where x is the initial co-ordinate of a point, y is the co-ordinate it gets mapped to af-
ter the manipulation, and A encodes the action of the transformation. We use matrix
multiplication to determine y.

Example 4.4. Consider a two-dimensional graphical model to which the following

transformation matriz is applied:

Under the action of this transformation, calculate what happens to points with various

co-ordinates:

bz (72 (2) 2 (104 2) (12 g
W=y o)1) T \ueo) ") T 1)
B B 5 2 20 B 10 + 2« B 12« B 2o — 6o 2

In the second and third cases, the output vector has the same direction as the input

vector. In particular, any vector with the same direction as these will retain its direction
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after the action of A (i.e. these are vectors for which the action of A does not rotate

them). The magnitude of the vector may change, but the direction is preserved.

N
6 -
4 -
2
N
T T T T T T T T T 7
4 2 4 6 8 10 12

Graphically, any point which lies on the line shown will be mapped to a point on the
same line after the transformation. This line could be regarded as a “natural direction”
or “natural axis” of the transformation.

The question is, how many such axes are there for a general transformation matrix A,
and how can we determine them systematically? Furthermore, for vectors that lie on these

axes, how will their magnitude (for points, their distance from the origin) be affected by
the action of A? This is the eigenvalue and eigenvector problem.

In particular, we want to find the scalar values A (called eigenvalues) and associated
column vectors x (called eigenvectors) such that:

Ax = A\x

To see why these quantities are useful, we will now look at two different physical
problems, where the solution can be found from the eigenvalues and eigenvectors of a
matrix associated with the problem.
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Example 4.5 (Harmonic Oscillators). Consider three objects, each of mass m, coupled

as shown by springs of stiffness (force constant) k. Let 1, xo, 3 represent each object’s

displacement from equilibrium.
[m ] L m]

| |
S

It can be shown (by combining Hooke’s law and Newton’s Second Law) that the mo-

-
A

tion of these three objects can be modelled by the following set of second-order ordinary

differential equations:

mi; = k(xe —xq)
m[i‘g = —]{J(ZEQ —1'1) —f-k’(l'g —Ig)
m[i‘g = —k(Ig — 172)

We want to represent this set of ODFEs as a matriz problem. To see this, first rewrite

the equations:

mi’l = —l{?(l’l — Zo + O.T3>
m.i’g = —k( — X+ 2562 — .133)
m.ig = —k(O:Ul — T2+ Cl?g)

We can write these equations as the rows of matrices, and then separate the right-hand-

side by constructing a matriz A of the coefficients of x1, xo, x3:

mil —k‘(:Cl — T2 + OQ?3) 1 —1 0 T
mfl}g - —k:(—xl +2[E2 —1’3) = —k —1 2 —1 i)
mi'g —k’(Ol‘l — To + Zlfg) 0 -1 1 T3

Thus, we obtain the equivalent matrix equation for this problem:

I i‘l 1 —1 0
mx = —kAzxz, where = |ax5|, T= |29 and A=|-1 2 -1
x3 j’g 0 —1 1
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by
Suppose we seek a solution of the form & = bcos(wt) with constants w and b= | by

bs
That is, x; = b; cos(wt) for i = 1,2,3, so each of the masses oscillates with the same

frequency but potentially with different amplitudes.

Twice differentiating this equation for x, we obtain:

&= —wbsin(wt)
&= —w?bcos(wt) = —w’x.
Using this relationship and the initial statement mx = —kAz, we obtain:
2
-m mw
A = —r =
Z 2 z P
and so
2
Abcos(wt) = m;: bcos(wt)
) 1 -1 0
Ab = (m}:z )Q, where =1-1 2 -1
0o -1 1

Therefore the values of A = mT“’2 which satisfy this equation are the eigenvalues of matrix
A. They give the frequencies of oscillatory (harmonic) motion, and the corresponding
eigenvectors give the amplitudes of this motion by, by, bs. So if the problem was to

determine the possible harmonic frequencies of this vibrating system, they could be

found by:

Ak
w=14/—, where \ are the eigenvalues of matriz A.

m

Solving the eigenvalues and eigenvectors of A will thus give us b and \ from which we
can obtain w. Therefore we will gain both pieces of information required to fully specify
the solution & = bcos(wt) and thus fully-understand how this system behaves.

There are three frequencies of oscillatory motion and hence three modes of vibration

for this system. In a later section we will learn how to determine this.
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Example 4.6 (Circuits). Consider the electronic circuit shown.
_/\/\/\/\/\/\__[\/\/\/\/\/\__[\/\/\/\/\/\_

L L C

AN TR T A

\" Y| Ve \ " Y

[T

It has the following equations associated with it, whcth define the three electric

currents:

d
Lﬂ—l——/ Zl—lg)dt+E1—O

dis

—/ Zg—ll)dt—E1+L —/ Zg-’L3)dt+E2—0

Lo dis
E/O(Zg—lg)dt Eg—f—LE:O

where B and Ey are the initial potentials on the capacitors.

Differentiating each of these equations with respect to t, we obtain:

d*i 1. ,
LW; C(ZQ - Zl) =0
d%iy, 1 S
LW;+ C’(( ip — i) — (iz —i3)) =0
d*s 1, .
W+E(Z3_22):0
and this can be represented in matriz form by:
1 1 -1 0
2 ; 1
£w:—5141, where 1= | iy and A=|-1 2 -1]1,
i3 0o -1 1

and L and C are scalar constants.

Letting 1 = bel“t, we can obtain Ab = A\b where A\ = w?LC. This situation is
therefore mathematically very similar to the previous example, however the practical

interpretation of the eigenvalues is different.

94



4.2.2 Method: Evaluation of Eigenvalues and Eigenvectors

Given a square matrix, we will now consider how we go about finding these eigenvalues
and eigenvectors.

Consider a square matrix,

-2

When this matrix acts on a column vector x, we obtain a new vector Ax that may be
stretched and rotated in some way. We want to find the solutions to

Ax = )X,
where \isascalar, sothat matrix multiplication by A preservesthedirection of the vector x.

For a 2 x 2 matrix A, there are two such eigenvalues A = Ay, Ay and their associated
eigenvectors x = e, e,. Note that if e, is an eigenvector of A with eigenvalue )\;, then so
is any scalar multiple of e;, so we can obtain a direction for the eigenvector, and then a

vector in that direction of any magnitude will suffice.

First, we re-arrange the equation to obtain (A — AI)x = 0, where [ is the identity
matrix that has 1’s on the diagonal entries and 0’s elsewhere,

= 3)

Then in order to find the non-trivial solutions (i.e. excluding x = 0) we determine the
eigenvalues by calculating the determinant of A — A\ and solving the values of X for which
this is zeroE|. That is, we solve:

Characteristic equation of matrix A: |A—=XI|=0

This will give us the characteristic polynomial (or characteristic equation) of A,
and for a 2 x 2 matrix will be a quadratic equation. Solving this gives a pair of roots
A = A1, Ao, For each of these, we can then obtain a corresponding non-zero eigenvector
X = €y, €, by solving

Ax=Xx or (A-AX)x=0

for x.

IThis is because the existance of such a vector is the same as the matrix A — Al being “singular”,

or not invertible, which is equivalent to having determinant zero.
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4.2.3 Examples of calculating Eigenvalues and Eigenvectors

Example 4.7 (2 x 2 matrix).

wa= () 2).
(2662690

Therefore, we wish to solve

then

1—-A 2

A-N|=0 =
3 —4-)

Since this 1s a 2 X 2 matrix, we find the determinant by taking the difference of the
product of the diagonals:

(1=X)(=4-X1) - (2)3) =0,
and so

M4+31-10=0 (The characteristic polynomial of matriz A.)
Solving this quadratic equation yields two distinct, real, integer roots:

A = =5, X =2. These are the eigenvalues of A.

Nezxt, we solve the eigenvectors one at a time. For the first eigenvalue, \y = =5, let’s
x

call the corresponding eigenvector e, = ( > . To find the values of the components x
Yy

and y, we need to solve:
Ae) = =S¢

which means
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This yields a pair of simultaneous equations:
r+2y = —dzx
3r—4y = —dy

These are linearly dependent (i.e. they are the same equation, just rearranged in dif-
ferent ways), and solving either of them gives y = —3z. If we choose x = 1 (and we
can, since recall that any scalar multiple of the eigenvector will work, so the important
property to preserve is the relative values of the two components), then we will get

y = —3, and so one eigenvector corresponding to Ay = —5 1s:

Similarly, the second eigenvector (corresponding to eigenvalue Ay = 2) is

Check this as an exercise.
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Example 4.8 (3 x 3matrix). Consider the 3 x 3 matriz A that has appeared Examples
4.5 and 4.6. We will calculate the three eigenvalues and associated eigenvectors for this

matriz.

Recall the method of calculating determinants of 3 X 3 matrices. We select a row
or column (any will suffice, but we usually use the top row) and multiply each of its
entries by the determinant of the corresponding 2 X 2 co-matriz consisting of the rows
and columns that the current entry is not in, and then also multiply by a positive or

negative sign according to the pattern:

The resulting terms are summed to obtain the determinant.

Hence, in this case (using the top row) we have:

2—X -1

1= 1 1-2)

- (=1

T=2(E2=MNA =X = (=1(=1) + (DA =) = (=1)(0)) =0
(I=XM(2=-XN1=-X)-1)=(1-X)=0
(I=X0(2-XN1-X)—-2)=0

(1—=ANAN\=31+2-2)=0

(1=K =3)=0
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Hence there are three eigenvalues: A = 0,1, 3.

Note: In this case, we have successfully factorised by keeping out the common
factor of (A — 1). In general, you are not expected to solve cubic equations.
Therefore, you may be given the eigenvalues and asked to verify them. This
means that you must obtain the characteristic polynomial, and then show that

substituting in the proposed value of the eigenvalue \ satisfies the equation.

e.g. If we had multiplied out the characteristic polynomial to obtain
A3 — 4X2 + 3\ = 0, we could verify that X = 3 is an eigenvalue in the

following way:

(3 —4(3)2+3(3)=27T—-4x94+9=27T-36+9=0

Now we must obtain the eigenvectors which correspond to each of these. For a

general value of X\ and a corresponding eigenvector x, the equation (A — X)x = 0

gives:
1—A -1 0 W5} 0
-1 2-X -1 x| =10
0 -1 1-A T3 0

From the components of this we obtain the following three simultaneous equations:

(1 =Nz — a9 =0
—21 4+ (2 — N -3 =0
— I +(1—=Nzx3 =0
Hence,

i) For the first eigenvalue Ay = 0:
I1 — X9 = 0 (El)
- + 2$2—.T3 =0 (EQ)

— T2 +.T3 = 0 (Eg)
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From (Ey) we have x1 = x2, and from (E3) we obtain x3 = xo. This is all we need to do
in this case, but we can check the consistency of the equations by using (Fy = Es+ Ey)

to eliminate x:
T9 — X3 — O (E4)
and so we see that (Ey4) is just the same as (E3).
Then we let x9 = «, where o 1s just an arbitrary constant, and use the previous results
to obtain both other co-ordinates in terms solely of a:
rT1 =Ty =, and T3=Ty= .
Hence we have the eigenvector
1
T =oa|l
1

As before, this represents an infinite set of eigenvectors that all have the same direction

but can be of any non-zero magnitude.

— T2 =0 (El)
—T1 + To—T3 = 0 (EQ)

— T2 =0 (Eg)

Clearly (Ey) and (E3) are identical and give x5 = 0.
Substituting this result into (E2) then yields x3 = —x1 or 11 = —x3.

Therefore let x1 = [ (an arbitrary constant) to obtain:

1
=00
—1
iti) Ay = 3:
—2.171 — X9 =0 (El)

—T1 — X2 —T3 = 0 (EQ)

- 132—235'3 =0 (E3)
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Eliminate x1 from (Es) using (Ey) = 2(Ey) — (E4):
—Xy — 21’3 =0 (E4)

and then eliminate xo from (E3) using (Fs) = (E3) — (E4). As expected, this results in
the tautology:

0=0 (FE5)
Then from (Ey): x9 = —2x3, and from (Ey): ©1 = —%:cg = x3. Therefore let x3 = 7,
and we obtain ry = —2v and x1 = 7y, so that the eigenvector is:
1
e =72
1

The complete solution to the problem is therefore:

1 1 1
M=0, e=al|1]; =1 e=0|0|; A3 =3, eg=7| -2
1 ~1 1

You can verify the solutions by calculating the matriz multiplications Ae,, Ae,, Aes
and checking that we get the product of the corresponding eigenvalue and eigenvector

each time.

4.2.4 Calculating using MATLAB

MATLAB can automatically determine the eigenvalue and eigenvector pairs of a square
matrix for you, using the Symbolic Math Toolbox:

A [1 2; 3 -4];

B sym(A) ;

M,8] = eig(B);
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4.2.5 Unit Vectors

It is sometimes useful to consider “normalised” or “unit” vectors. These have magnitude
(size) equal to 1. To normalise a vector, we find its magnitude and then divide the vector
by this scalar value. The direction is unchanged, so the components in each direction will
still have the same ratio.

A unit vector is one that has magnitude equal to one. Given any vector, v we can
find a unit vector in the same direction by:

<
I
i< |1«

Example 4.9. Consider the eigenvectors we found in Example 4.7. The first eigen-

vector 1S:

()

Therefore it has magnitude:

e = V(12 +(=3)> = V1 +9 = V10

So a unit vector in the same direction as e,, which we denote by &, is:

. e 1 1 _L 1
S e T P+ (32 \—3) ~ Vio \-3)"

Similarly, the second normalised eigenvector is

6 _ & _ 1 2y 1 (2
2 el VEIZra2\1) Vs\1)
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4.3 State Variable Description

Next we look at representing the control equations for a system in a form to which we can
then apply the above matrix and eigenvalue analysis. In particular, we use a technique
known as state-space representation.

4.3.1 Theory

e The goal here is to: reduce ordinary differential equation (ODE) initial
value problems of order n to a set of n first-order ODEs.

e We accomplish this by defining a new set of variables called state variables. Every
variable in the original problem, apart from external inputs, generates an additional
state variable for each derivative. For example, a variable whose second-derivative
occurs in the equations will generate two state variables.

e Wethenrearrange toobtainaset of equations for the derivative of each state variable,
in terms only of the state variables and the external inputs.
This is the state variable description of the system:

x = Ax+ Bu

where X is a vector containing the time-derivatives of the state variables, x is a
vector containing the state variables themselves, and the external control inputs are
encoded in their own vector Bu.

e Ifthere is no control input for the problem, the state variable description is just:

x = Ax

e We may also choose to define some output measurements, and then define an output
vector y which would usually encode both the control inputs and the measured
outputs, constructed from a linear combination of the state variable and control
input vectors in a similar manner to the state variable description:

y=Cx+Du
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4.3.2 Examples

Example 4.10. Determine the state variable description of the circuit shown.

i,

The currents in this circuit are determined by solving a pair of ODFEs:

din _ i dia 1de
dt ~ CR dt Rdt
i Rdip | i
a2 Ldt LC

where L, C and R are positive constants and e(t) is an external input.

This description involves both first and second derivatives, and is in effect a third-order
system. We can introduce new dependent variables and reformulate the equations, so

that the circuit can be modelled using first derivatives only.

Dependent variable iy s differentiated once in the above equations, so it generates
one state variable.

Dependent variable io is differentiated twice, and so generates two state variables.

Therefore we define:

. . diy
T =1 Ty =1 T3 = —
1 1 2 2y 3 dt
and differentiating these:
dl‘l . le dl‘g . dZ2 dl‘g . d2i2
dt — dt’ dt — dt’ dt — dt2’

Then we want to obtain a set of equations for the derivative of each

state variable, in terms only of the state variables, and not featuring any
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derivatives.

Using the original equations, we obtain:

do, _ _mo o Lde
d ~  CR T Rd
drs

a 3

dl’g . R I

a - 15T 1o

Any set of linear ODFEs can be manipulated into this form, called canonical form, of
first order ODFEs written explicity as

dﬂfi
dt

To see how we can represent this set of equations in matriz form, and obtain the

= f($1,902,$3)

decomposition in terms of a state variable vector and a control vector, we need to
rewrite them with the coefficients of all state variables (including zeros) in the correct

order (xy, then xq, then x3):

dxq 1 40 1 1 de
— = ——==z Ty — X ——
dt CrR™T T Rdt
dxoy 1 de
— =0 0 1 0xX =—
i r1+ Uz + 1oy + Rl
dxs 1 1 de
— = — 40— — 0xX =—
@~ 0 T IBTUXRG
Then putting these equations as the rows of a matrix and decomposing:
l:l —$$1+0$2—$3+1X%%
gy | = | Oxy+ 0o+ 1o+ 0 x 5%
'3 L+ 0zg — Bag + 0 x 1%
— o521 + 0z — 23 1x L4
= O0xq1 + Ozg + 1x3 + Ox%%
%+0$2—%$3 OX%%
= 0 -1 1
CR 1
— 1 de
1 R
§el -7 I3 0
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Which can be stated as:

= Az + Bu
where
I -7z 0 -1 1
=[], A= 0 o 1| B=|o|. u=(4%)
1 R

The column vector x is the vector of state variables, and x = Ax+ Bu is the state
variable description or state wvariable equations of the electronic system. In

particular, Az can represent the internal feedback (or internal control) of the system,

while Bu encodes the single external “control”.
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Example 4.11. Determine the state variable description of the following circuit:

e(t)

i

It has the following set of equations. R, C, and L are constants, whilst e(t), v(t),

i1(t) and is(t) are time-dependent variables.

e(t)=1L 7 + %/o (11(t) —ia(t))dt

1

& [ (o)~ a0y + ity + 1720

dt

o(t) = %/0 (1)t

and the output is given by:

dis
B
T

1 t
+ 5/0 iy(t)dt =0

Before introducing the state variables, differentiate these equations to remove the inte-

grals. This yields:

d€ d2i1 1 . .,
at = Lap toli—i)
1. , diy iy 1.
6<Z2_Z1)+RE+LW+6Z2:O
o1,
it C”
Then rearranging,
P L de
a2~ LC' T LO? T Ladt
d*iy 1. 2 Rdis
JE— — _21 _ _22 - =
dt? LC LC L dt
Y
a — C*
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The dependent variables i, and 15 are each differentiated twice, and so generate two

state variables each. v 1is differentiated only once, so it generates an additional one

state variable. Therefore, we define the five state variables x4, ..., xs5:
. diy , dis
=1 To = — T3 =1 Ty =— T5 = 0.
1 1 2 dt ) 3 2, 4 dt ) 5

We differentiate each of these equations,

dl’l . le dIQ . d2i1 dLU3 . dlg dLU4 . dzig dl‘5 . dv

d — dt’ dt — dt?’ dt — dt’ dt — dt2’ dt  dt
and then substitute in the original equations to obtain equations for d;t" in terms of x;:

dl’l

— — x

dt ?

dZL‘Q _ 1 + 1 + 1 de

i~ Lo T Le™ T Lat

dl’g

— f— x

dt !

dl’4 . 1 2 R

i — Lo Lot L™

dl’g) . 1

a o

and we have z = Lx4 as a measured output.

The state variable description is therefore:

= Az + Bu
where
01 0 0 0 1 0
= 0 45 0 0 T 1
A=lo 0 0 1 oof, a=|m|. B=|o|. u=(i%)
= 0 22 £ 0 4 0
00 & 0 0 5 0
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The outputs can also be assembled into a vector.

1 de

There is one true output z = Lxy and the control input is +%5. Therefore the out-

L dt

put vector, which encodes both of these, is:

z Lxy
Y= 1) " \1ae
L dt L dt

B Ox1 + 0xy + Oz3 + Lay + Oxs . 0
O0x1 4+ O0zy + Oxzs + Ox4 + Oz5

(o000 L O
0000 0

or

g

Lz
4> .
0

T

T2

T3

Ty

Ts
A
T3

= |3
Ty
Ty

0
1de
L dt

T
Il
R
— o
~—
e
Il
N
=
S
N——
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Example 4.12. A control system is modelled by the following fourth-order ordinary
differential equation:
d*x d3x d*x dx

%vLagﬁ—l—agﬁ—l—alE—kaox:O

where x(t) is a scalar and is the output of the system. Note that there is no external

control input in this example.

As before, we seek to define the state variables and obtain the state variable description,
as well as determining a suitable output vector y. In the case of a system described
by a single n'* order ordinary differential equation without external control, the state

equations will be of the form & = Az and A will have special properties.

The dependent variable x s differentiated four times, so it generates four state vari-

ables:

Differentiating,

dry dx dvy  d’z drs d’z dr,  dx*

dr o dt dt - de? dt A dt - dtt

and so we obtain equations for d;;i in terms of x;:

dry
dt

g x2

d(L’g .
a "
dzs
dt
dz
dt

= I‘4

= —Qo¥1 — Q1T — A2T3 — A3T4

This set of equations is the state variable description of the control system, and may be
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written as & = Az (as there no control input, there is therefore no Du term), where:

0 0 T
0 0
A = s E —= xz
0 0 0 1 T3
—ap —a; —Qa9 —das Ty

This form of matriz A is called companion form, that is A is a companion matriz.

A companion matrix A consists of 1’s in the entries that are one above the
diagonal, any real numbers in the bottom row entries, and zeros elsewhere. This

is a standard feature of A when & = Az is obtained from a single n'* order ODE.

The output, as specified, is the original variable x which is identical to the state

variable x1. There is no input, and so the vector output is:

:I_JZ(m)=<x1>=<1x1+0x2+0m3+0x4>=(1 00 0> * =Cx

where C':(l 0 0 0) and x=

As with the state variable description, the absence of control input means there is no

Dwu term in the output.
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4.3.3 Solution of State Variable Equations (without external control)

In some examples in the previous section, we considered equations of the form x = Ax,
and sought a solution of the x = e* b where k is an unspecified scalar constant and b
is an unspecified vector constant. (Note: in some examples we sought solutions in the
trigonometric form x = b cos(kt) or x = bsin(kt). Using the exponential form is a more
general version of the same approach.)

Substituting this solution into the differential equation leads to the result that & must

be an eigenvalue of A and b is the corresponding eigenvector.

From each eigenvalue and eigenvector pair, we can find one of the modes (eigenmodes):
x(t) = ¢; b;e*"  where ¢; is any scalar.

These time-dependent functions describe natural vibrations of the system where all parts

move at the same frequency.

“Solving” a system means obtaining a function for the state variables x, so that if we
know some initial conditions (where the system starts) then we can find the value of all of
the state variables at any given time. Adding together the eigenmodes of the state variable
matrix, scaled by some particular constants, gives the full solution to the system without
accounting for external controls (i.e. the solution to x = Ax without a control vector u).
However, to actually find the choice of constants necessary, and thus truly solve the ODE
system, we will need to use the diagonalisation technique in the next section.

x(t) = Z ¢ b, it but we don’t know what the ¢;’s should be!
i=1
Example 4.13. The state variables for a certain electronic system are given by:

. 5 2
x=Ax, where A= )
2 2

To determine the modes of this system, recall from a previous example that the eigen-

value and eigenvector pairs for A are:

1 2
A =1, lea<_2>; Ay = 6, 92:5<1)

Therefore there are two modes:

1 2
€T, = et , LTy = eﬁt
- (—2) - 1

or any scalar multiples of each of these.
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4.4 Solving systems of linear first order ODEs

Consider the first-order linear ODE

dz

— =kz

dt
where k is a constant and the initial condition z(0) = xg is known. The solution to this
initial value problem (e.g. obtained using Laplace Transforms) is

z(t) = zo et
Now consider a system of multiple such ODEs:

x = Ax

From our experience with the scalar problem above, we extend that result to specify the
solution to this vector problem formally as:

x(t) = e x(0)

However, in this case e? is a matrix (known as the exponential matrix or state

transition matrix) and cannot be obtained as a single application of the exponential
function.

The problem then, is how to determine this state transition matrix e#*. It is obtained
using a diagonalisation process involving a modal matrix 7" of A.

Given an n x n matrix A, the modal matrix 7 is constructed column-by-column
using the eigenvectors of A:

T:(§1>§27"' € )

) =n)

where each vector e; is a single column of n values and is the i eigenvector of A. The
actual ordering of eigenvectors is not important so long as the ordering always
matches with the corresponding eigenvalues.

Note that there are infinitely many choices of modal matrix 7', since in addition to the
order of the eigenvectors being interchangable, the eigenvectors themselves are not unique
as we have seen. This means that each column of a modal matrix of A could be scaled
separately (e.g. multiply every element of the first column by 5, and every element of the
second column by -3.1 etc...) and we would obtain another matrix that is still a modal
matrix of A.
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4.4.1 Method: Solving systems of ODEs using Diagonalisation

Given a system of n linear first-order ODEs formulated as x = Ax, where A is a square
n X n matrix:

1. Obtain the eigenvalues Ay, ..., A, and eigenvectors ey, ..., e, of A.

2. Construct the diagonal matrix of eigenvalues D = diag(A1, g, ..., A,) and then xn
modal matrix T where the i*" column consists of the eigenvector of A corresponding
to the eigenvalue in the 7*" diagonal entry of D. Thus,

A 0 ... 0
D = 0 )\:2 0 and T:(gl,...,gn)
0 0 .. A
3. Construct the diagonal matrix of exponentials e?* = diag(e*?!, et ... e*?). So,
eMt 0 ... 0
WDl 0 e’\‘Qt 0
0 O etnt

4. Perform two matrix multiplications to calculate:

eAt _ TeDt T—l

5. The solution is given by the matrix multiplication:

x(t) = e x(0)
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4.4.2 Examples: Solving systems of ODEs using Diagonalisation
Example 4.14 (Second-order). A simple continuous-time model of population dynam-
ics for two species is given by:

5 2
= Az, where A= (2 2) with initial conditions z(0).

The eigenvalue and eigenvector pairs of A are:

1 2
A =1, Q1:a< 2); and Xy = 6, Q2:,6<1>

1

2
Thus, we take the modal matriz of A to be: T = ( 1) , and set D = diag(1,6).

Therefore,

, et 0

Inverting, we find that

Therefore,

S\ (—2e42€%)  (4e'4e%)

B 1( (et+4e6t) (—2et+2e6t)>

Now, z(t) = et (0), and so:

zi(t)) 1 (e +4ef)  (—2e +2e%)\ [21(0)
zs(t)) D (—2e +2e5)  (4e'+e%) 75(0)



That 1is,
nalt) = S{(e ) (0) + (— 26 426" ) (0))

xo(t) = %{(—QethZth)xl(O)—l—(4et+e6t)x2(0)}

Example 4.15 (Third-order). An electronic control system is described by the following

set of state variable equations:

dJ]l dZL'Q d[L‘g 9 7

— = — = — = —x] — =T
a a7 a 27t 27
We use the process of diagonalisation to obtain the state transition matrixz and hence

obtain solutions for x1,xs, x3.

First, note that we may write these three first-order ODFEs in the form & = Az, where:

T 01 0
L= | x2 |, A=10 0
T3 % 0 —%

and we can obtain the eigenvalues and eigenvectors of A:

1 1 5 4
>\1:17 blza 1 ; >\2:_37 L)Qzﬁ _3 ; )\3:_§7b3:7 _6 ;
1 9 9

Hence, define the modal matriz of A and calculate its inverse:

1 1 4 X 27 27 6
T=11 -3 -6, = T‘I:@ —-15 5 10
1 9 9 12 -8 —4

We also define the diagonal matrices

D = diag(1,-3,-3/2) and "' = diag(e’,e™, e’3t/2)
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Twice performing matriz multiplication,

eAt — TeDtT—l
X 1 1 4 el 0 0 21 27 6
= 1 -3 —6 0 et 0 —-15 5 10
1 9 9 0 0 e3t/2 12 -8 —4

(27e' —15e73 +48e73/2)  (27e' +5e7% —32e73/2)  (Ge' +10e7 —16e73/2)

1
= oo | (@Tel+dbem™ —T2e72) (27e! —15e7 +48e7H2) (6" =307 24077/
(27¢' —135e7% +108e73/2)  (27e! +45¢73 —72e73/2) (6’ +90e73 =36 %/2)
21(0)
Then the solution is z(t) = e 2(0), where (0) = | 2,5(0) |, and so finally we obtain:
3(0)
1
z1(t) = & (27¢" —15e7% +48e7%/2) 1, (0) +
(27t +5e7% =327/ ) 2,5(0) + (6’ +10e % —16e%/2 )5(0)}
1
1o(t) = 5 (27¢" +45e7% —72e7%/2) 2, (0) +
(27t —15e73 +48e7/2 ) 25(0) + (6" =30~ +24¢7%/2 ) 1,3(0) }
1
z5(t) = & (27¢" —135¢ % +108e /2 ) z,(0) +

(27e! +45e7% —72e752 ) 2,(0) + (6€' +90e ™ —36 e 7*/? ) 25(0) }
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5.1

5.2

What do I need to be able to do?

Laplace Transforms
Confidently use tables to find Laplace transforms and inverse transform.
Understand how to construct piecewise functions by combining step functions.

Putting functions into Delay Form and taking Laplace transforms of these using the
Delay Theorem:

L{gt =TU(t—=T)} = e L{g(t)}

Inverting Laplace transforms involving a delay.

Solving differential and integral equations (that may include discontinuities) using
Laplace transforms.

Obtain the Transfer Function for a linear system, given a set of ODEs:

Identify the Characteristic Equation, determine the order, and interpreting the
stability of the system. It is stable if all solutions of the characteristic equation
Q(s) = 0 have negative real part Re(s) < 0.

Determinenature/typeofafilter by estimating the low and high frequency behaviour
and sketching the Amplitude Bode Plot.

Understand how convolution integrals can be used to obtain solutions for the output
signal.

Fourier Analysis
Generalised sine and cosine functions, angular frequency and phase angle.

Definition of Fourier series:

ft) = % + Z a, cos(nwt) + Z by, sin(nwt)

n=1

Understand DC level, fundamental, harmonics:
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— % is the DC level of f(t). It is the average value of the signal over one full
cycle.

— ay cos(wt) + by sin(wt) is the first harmonic, also called the Fundamental
mode.

— a, cos(nwt) + b, sin(nwt) is the n*® Harmonic. It has angular frequency nw,
which is n times the angular frequency of the fundamental.

Understand the core idea of Fourier Series: approximating a periodic function by
the partial sums of harmonics. The more terms used, the better the approximation.

Understand the concept of Odd and Even functions, and be able to use their rele-
vance to Fourier Series:

(a) If f(t) is an even function, then b, =0 Vn € N.
(b) If f(¢) is an odd function, thena, =0 ¥V n € N.

The complex form of Fourier series:

f()=—+R {ZA eﬂnwt}

Determining the complex Fourier coefficient (phasor) using the Laplace transform
method:

g(jnw)

'ﬂll\ﬁ

f(t) for0O<t<T,

0 otherwise.

Using the frequency response function G(jnw) of alinear system to calculate phasors
of the output given a particular input signal:

Vo = G(jnw)A,

Also be able to find the DC level of the output signal, given the frequency response
function of the system and the DC level of the input signal:
Qg

G(0) x 5

Determine amplitude and phase distortion.

Know how the real /regular Fourier coefficients a,, and b,, can be obtained from the
phasor of the harmonics. Since A,, = a,, — jb,,

ay = Re{An}, and b, = —Im{An}
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5.3

Matrix Algebra
Know what the identity matrix [ is.

Determine the characteristic equation of a square matrix A:

det(A—A)=0

Calculating eigenvalues and eigenvectors of a 2 x 2 and 3 x 3 square matrix.

Verifying solutions to cubic polynomials to confirm that a number is an eigenvalue
given the characteristic equation.

Define the state variables for a set of mixed-order ODEs.
Derive the state variable equations in the form:
X = Ax + Bu,
and (when appropriate) find a suitable output vector in the form:

y=Cx+Du
Determine the natural modes (eigenmodes) of a system from the eigenvalues and
eigenvectors.

Understand the definition of modal matrix, and be able to construct one from the
eigenvectors of a square matrix.

Use the diagonalisation process to obtain the state transition matrix. Know and use
the result:

eAt 7T eDt T—l

Obtain individual state variables using;:

x = e x(0)
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5.4 General notes on what will not be tested:

e Circuit analysis. Many of the examples are given in the context of analysing the
potential differences of electronic circuits. This is just one possible application of
these methods, and is shown to help you see how we would use the method. Circuits
themselves are not part of this section of the module, which is about mathematical
methods, and so if such a question should appear in assessment then the equations
for analysis will be provided.

e EXCEL and MATLAB programming.

e Obtaining Fourier coefficients by the integration method (although it is good to be
aware of this as it is the most common method):

T
ao — % /0 F(t)dt

0 = % /0 " H(8) cos(nwt)dt

b, = %/OTf(t) sin(nwt)dt
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6 Appendix 1: Revision

6.1 Polynomial Functions

A polynomial function of x consists of a linear combination of terms that only include
non-negative integer powers of . Therefore they take the form:

f(x) = ag + a1x + apx® + azz® + . ..

where the coefficents ag, a1, . . . can take any real scalar value.

6.1.1 Quadratic functions

A quadratic function is asecond-order polynomial, f(z) = az?+bx +c. When we consider
potentially complex solutions, f has precisely two roots, which are the values of x such
that f(x) = 0. They are found using the quadratic equation:

b= Vb? — 4dac

2a

T

where b? — 4acis the discriminant. Its value determines the nature of the solutions:

=0 == Onereal, repeated root.
b —4ac{ <0 = Norealroots. The solutions are a complex conjugate pair.
> (0 = Tworeal, distinct roots.

6.1.1.1 Completing the Square Sometimes a quadratic expression cannot be fac-

torised in the usual way. However, we can re-write it as a multiple of the form (z + )2 + 3,
and it may then be useful in some circumstances to write it as (z + a)* + *if 8 > 0. In
order to do this for f(z) = ax? + bx + ¢, first factor out the coefficient of 22, then a will
be half of the coefficent of x, and since we will have added an additional term equal to the
square of a;, we need to account for that by removing it.

a? v br+c = a(x2+gm+§)
RGN ON
=) (V- @3))
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Example 6.1. Complete the square for the quadratic expression x> + 6x + 34:

6)° 6)°
2?4+ 6x+34 = (x—|—§) +34—(§)

= (z+3)*+34-9
= (z+3)*+25

= (2+3)*+(5)?

6.2 Partial Fractions

This is a method of expanding fractions that have a polynomial on the denominator that
can be factorised, and obtaining a linear combination of simpler fractions that are easier
to work with. The form of the expansion depends on the nature of the fraction, but there
are three main possibilities:

e All linear terms in the denominator:

Tr —1 A B

@+2)@—3) z+2 2-3

e Repeated term in the denominator:

2t5e-13 A B C
(z+5)(x—4)2 2+5 x—4 (v—4)2

e 2% inthe denominator (make sure to check for common factors on the numerator and
denominator first):

A — 7w + 17 A Bz +C

@5 +T) -5 247

When we have determined the appropriate layout of the expansion, multiply both sides of
the equation by all of the denominator terms.

Finally, we obtain the values of the constants from the resulting equation either by choos-
ing specific values of = so that the results drop out, or by equating the coefficients of 2°,

xt, 22, ete.
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6.3 Integration by Parts

/u@dt—uv—/vd—u
dt dt

Integration by parts is particularly useful for integrals involving the product of a poly-
nomial function and an exponential or trigonometic function. Sometimes multiple ap-
plications will be necessary. A key point is in the selection of u and %. In particular,
if there is a polynomial (non-negative exponents), always choose it as u, since repeated
differentiation will eventually “get rid” of it.

6.4 Complex Exponentials
Recall that j is the imaginary number, defined as:
j=v-1

Hence j2 = —1, and more generally j>* = —1 and 52" = (—1)"j.

6.5 Drawing Waveforms by hand

You should also be able to draw a general sine or cosine function by hand. This involves
(and demonstrates) an understanding of the role that the amplitude, angular frequency,
phase angle and vertical shift play. Given the function A sin(wt+ ¢)+ d (or asimilar cosine
function), we can use the following systematic method:

1. Identify the amplitude A.

2. Identify the period T' = 27 /w.

3. Draw the sine (or cosine) wave rescaled by A and T'.
4. Shift the wave left by ¢/(2m) fraction of a cycle.

5. Shift the wave up by d.

It isimportant that point 2. and 3. are carried out before points4. and 5. in this procedure.
Consider the following example:

Example 6.2. Draw y = 5sin (% + %) —1.

1. Comparing this with Asin(wt + ¢) + d, the amplitude A = 5 and so the initial

wave (ignoring the vertical shift) will oscillate between —5 and +5.
2. w =3, so the period is T = (27)/(1/2) = 4.
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3. Hence, for the intermediate plot, we draw a sine wave rescaled to oscillate between

—5 and +5 and with period 4.

4. ¢ =73, and so ¢/(2m) = § + 21 = }1. Hence, the waveform must now be shifted

to the left by one quarter of a cycle.

5. Finally, d = —1, so the wave s shifted vertically down by 1. This final form s

shown in the last figure.

i

(b) y = 5sin(x/2)

PO

\V

)y =>5sin (z/2+7/2) — 1

Figure 9: Stages of drawing y = 5sin (:C/Q + 7r/2) -1

We can check this by plotting the graph in MATLAB.
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7 Appendix 2: Extra Material
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7.1 Chapter 1: Laplace Transforms

7.1.1 Additional Example from First Principles

An additional example of deriving the Laplace transform of a function from the integral
defintion.

Example 7.1. Derive the Laplace transform of

0 Jort <O;
f(t>_{t fort > 0.

)

(s) = L{f(t)}:/oooe“f(t)dt:/oooteStdt

Tt t} _/ (_) et 1t by Integration by Parts, with u =t, d—z =
s 0

() () ()

Example 7.2. Consider the Laplace transform of

f(t):{ 0 fort<O;

e fort>0.

In this case,

F(s) = L{f(1)) = / T pn)dt = / " et dy

From previous examples, we know that to obtain a well-defined solution, we require the
decaying exponential to dominate the integrand expression. That is f(s) will be defined

only for finite values of s such that et et” = e=st+t’

= et 4s a decaying integral.
Hence we require s such that t(s —t) > 0, so since t > 0 we need s —t > 0 and thus
s >t is required for all values of t. However, t ranges between zero and infinity, so no

finite value of s will satisfy this condition.
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7.1.2 Existence of the Laplace Transform

The previous example illustrates that the Laplace transform is not well-defined for all
functions. In particular, a sufficient condition to ensure that a function f(¢) has a Laplace
transform is that there exists a constant o and some positive constants tq and M, such
that:

If(t)] < Me*  forall t>t,

This describes a function of “exponential order”, which means that its rate of growth is
not faster than that of exponential functions. Technically, we may also require that there
are only finitely many points of discontinuity in any finite interval of the domain, but this
condition will be satisfied by any function you may practically be asked to consider.

7.1.3 Proof of the Linearity of Laplace Transforms

Proving that the Laplace transform is a linear operator is very simple, and relies on the
fact that integration is also linear (i.e. the integral of a linear combination of terms is equal
to the same combination of their individual integrals).

Proof. Let f, g be time-dependent functions and let a, b be scalar constants.

Llaf(t)+bg(t)} = /O T et (af () + bg(t))dt = /0 T aet () + b g(t)dt
= /Ooae_Stf(t)dt + /oobe_Stg(t)dt

_ a/m e_Stf(t)dt—i-b/OO e g(t)dt
= al{f(t)} +bL{g(t)}

7.1.4 Amplitude Bode Plots

In this course, we calculate very rough approximations to the amplitude bode plot. The
full method of constructing one is quite involved, and an example is shown here. Given
a transfer function G(s), it will typically consist of a ratio of polynomials, which we can
factorise. For example, consider the following:

4% 103(5 + s)

G = 0005 5)@0 4 5)
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We can see that both the numerator and the denominator are factorised polynomials.
Next, we need to express this in standard form, which means that each factor needs to be
rewritten as (1 4 7s):

B 10(1 + 0.2s)
G(s) = s(1+ 0.01s)(1 + 0.05s)

Then make the substitution s = jw:

o 10(1 + 0.2jw)
G(jw) = jw(1 + 0.01jw) (1 + 0.05)w)

Engineers typically use amplitude gain in decibels, so take 20 times the logarithm to base
10:

10(1 + 0.2jw)

201og |G (jw)| = 201
0g |G (jw) | 5w (1 + 0.01jw)(1 + 0.055w)

The advantage of logs is that this function can be expressed by adding and subtracting
each of these zeros (values of w that are roots of the numerator) and poles (values of w that
are roots of the denominator).

201og |G(jw)| = 2010og(10)+20 log |1+750.2w|—201og | jw|—20log [14-0.01jw|—20 log | 1+0.05jw|

We can plot the amplitude gain from each of these terms separately, and then construct
the final plot by adding them all together. There are five kinds of term involving simple
(multiplicity one) poles and zeros:

(a) For a simple gain k, a plot of 201og(k) is just a horizontal straight line. It is above
0dBif k£ > 1, and below otherwise.

(b) Forasimplezeroat theorigin, aplot of20 log(w) isastraight line with slope 20dB /decade
that intersects 0dB at w = 1.

(c) For a simple pole at the origin, a plot of —20log(w) is a straight line with slope -
20dB/decade that intersects 0dB at w = 1.

(d) For a simple zero not at the origin, a plot of 20log(1 + jwT) can be approximated
by two parts. Zero for w < 1/7 and a straight line with slope 20dB /decade that intersects
0OdBatw =1/7forw > 1/7.

(e) For a simple pole not at the origin, a plot of —201log(1 + jwT) can be approximated by
two parts. Zero for w < 1/7 and a straight line with slope -20dB/decade that intersects
OdBatw =1/7forw > 1/7.
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These are shown in the figure below. Note that the absolute value of the slopes are the
same in all cases.

20log(k)
(a) Constant gain
20log |w] —20log ||

w 10(] w

10°
(b) Zero at the origin (c) Pole at the origin
—201log |1 + jwr|

201og |1 + jwr] - w

1
(d) Zero not at the origin (e) Pole not at the origin

Figure 10: Approximate amplitude bode plot contributions from simple poles and zeros

Let’sreturn to our example. In this case, we have a constant gain of 20dB, a simple zero
with breakpoint w = 1/0.2 = 5rad s~', and three simple poles - one at the origin, and two
others with breakpoints at the following frequencies respectively: w = 100rad s~! and
w = 20rad s~'. We plot these five contributions on the same diagram (dotted lines), and
then the approximate final amplitude is obtained by the summation of the values along
the plot.
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log |G (jw)

40 201og |1 + jO.2w| .~

201log(10)

107!

. —201log |1+ j0.01w|
—20logljwl " o016 |1 4 50.50]

Figure 11: Approximate amplitude bode plot contributions from simple poles and zeros

So this example is a third order (three poles) low-pass filter.

In some cases, we can also determine the type of filter directly from the transfer function
if it ezactly matches certain known forms. For a first-order system (k is some constant):

G(s) = ﬁ is a low-pass filter.

G(s) = J_‘Zs is a high-pass filter.

G(s) = }jr’]zz is an all-pass filter.

For second-order systems where a, b, ¢, d are constants:

G(s) = aroey isalow-passfilter.

G(s) = ﬁa;b is a high-pass filter.

G(s) = =523  isaband-pass filter.
G(s) = Sfﬁ:gib is a band-eliminate filter.

G(s) = % is an all-pass filter.
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7.2 Chapter 2: Fourier Series

7.2.1 Orthogonality

How do we know how to calculate the Fourier coefficients a,, and b,, by integration?

The key idea that these results rely on on is the orthogonality of sines and cosines of
different frequencies, which means’:

T/2
/ cos(nwt) sin(nwt)dt =0 VYm,n € Z
—T/2

/2
/ sin(nwt) sin(nwt)dt =0 Ym,n € Z
~T/2

T/2
/ cos(nwt) cos(nwt)dt =0 if m#n

—T/2

7.2.2 Convergence of the Fourier Series to the actual function

Fourier originally believed that his series could be used to approximate any periodic
function. However, Gustav and Dirichlet showed that some conditions are required, and
were able to construct pathological functions for which the Fourier series does not converge
to the function. In particular, Dirichlet showed that provided a periodic function f(t) has,
within a single period:

e A finite number of Maxima and Minima.
e A finite number of points of (finite) discontinuity.

then the corresponding Fourier series expansion of f(¢) will converge to the correct result
at all points where f(¢) is continuous, and to the average of the right-hand and left-hand
limits of f(¢) at points of discontinuity.

These are known as the Dirichlet Conditions, and will be satisfied by any function we
consider in this course.
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7.2.3 Additional examples using the standard method of integration to

obtain the Fourier Coefficents
Example 7.3 (Sawtooth Wave). Consider the sawtooth wave shown.

v(t)

A 4

Figure 12: Sawtooth Wave

It satisfies f(t) = % throughout the first cycle 0 < t < T. Therefore the integrals

for the coefficients are:

2 /T Et 2mnt b2 /T Bt (2t
ap = = —cos | —— | dt, n = — —sin | ——
T ), T T T ), T T
which, through application of Integration By Parts, yield a, = 0 and b, = ﬁ for all

1 <n.

Clearly the average value of f is £, so the DC level Q=

27 %, and therefore the Fourier

series s given by:

If the DC level is not obvious, it can be found simply by calculating the area under
the graph for a full period and then normalising (divide by T'), or else explicitly using the
formula for ag as in example 1.
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Example 7.4 (Triangular Wave). Consider the triangular wave f(t) shown.

v(t)

o -
=
~N
—
-

Figure 13: Triangular Wave

For this wave,

T
JforO<t <3

f(t) =
Therefore forn > 1,

2( (T2 2E¢ oInt r ¢ oInt
anzf{/o Tcos( nT7r )dt+/ 2E(1—T)cos( 7{? )dt}

T/2

Using integration by parts (choosing the polynomial part for differentiation, and the

trigonometric part for integration) gives:

2o (12Et T (2n7rt) 2 9p T (T2 (2n7rt)dt
a, = — sin - sin (——
T\| T 2nr T /], T 2nr J, T
t T ot 17 T [T Inmt
—|—{2E(1——)—sm( o7 )1 - — 2E— sin ( o )}
2nm T /2 2nm Jp)s T T

which eventually results in

y ;247TE2 forn odd,
an = (1 — cos(nm)) =

n2m?
0 for n even.

For the remaining coefficients,

2 T2 9t ont r t ot
b, = — 7 gin (20 at 2B(1 — =) si dt
H [ Fn G [ ap0- s (B
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which eventually will collapse to b, = 0.

Finally, it should be clear from the graph that the DC level is E /2. Therefore,

E 4F 1 2
ft) = 3 Z ﬁcos(n—mf)

2 T
odd neN
E 4F 2t 1 ot 1 107t
= 5\ @) Fgeos () gpeos () + o

7.2.4 Derivation of the Phasors

How do we know the relationship between the phasors and the harmonics?

Recall the trigonometric expansion cos(A + B) = cos(A) cos(B) — sin(A) sin(B). Then
consider the following general cosine wave with a phase shift:

R, cos(nwt + ¢,) = R, cos(¢y) cos(nwt) — R, sin(¢y,) sin(nwt)
= ay cos(nwt) + by, sin(nwt)

where a,, = R,, cos(¢,,) and b, = —R,, sin(¢y,).
So we can write the n'* harmonic as R,, cos(nwt + ¢,,), where:

aZ + b2 = R2(cos?(¢n) +sin’(¢,)) = R2 so R, = /a2 + b2,
and

—b,  —(—Ry,sin(¢,))
a,  Ry,cos(¢p)

= tan(¢py,).

Next, recall the Euler formula ¢/® = cos(z) + j sin(z) where # € R and j = /—1 is the
imaginary number. Therefore,

R, e/tton) — R cos(nwt + ¢y,) + j R, sin(nwt + ¢,,)
so taking the real parts only and then splitting the exponential, the n*” harmonic is:
R, cos(nwt 4+ ¢,) = Re{Rn ol (nwt+¢n) } _ Re{Rn oI Pn oinwt }

= Re{(a, — jb,) ™"}
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since
R, e’ = R, (cos(¢,) + jsin(¢,)) = a, — jby, which we set to A,,.
As an alternative derivation, consider the following:
(an — jbn) ™" = (a, — jb,)(cos(nwt) + j sin(nwt))
= (a, cos(nwt) + b, sin(nwt)) + j(a, sin(nwt) — b, cos(nwt))
so considering the real and imaginary parts, the n*” harmonic is equivalent to

Re{(ay — jb,) /™" }.

7.2.5 Examples of obtaining the Complex Form by Integration

Here are some examples where we calculate the complex form of the Fourier series, but still
using the integration method rather than the Laplace Transforms method. Aswe shall see,
one advantage of this over the trigonometric form (i.e obtaining the regular coefficients by
integration) is that we only have to evaluate one integral instead of two.

Example 7.5. Consider again the sawtooth wave.

v(t)

W

Figure 14: Sawtooth Wave

In the first cycle, f(t) = % Therefore the phasors are found by:

2E g —jnwt 2E —1 —jnwt g 1 g —jnwt
A, = T2 i te™’ dt:ﬁ{{—tej } + — e’ dt}

Jnw 0 Jnw Jo
) __TefjnTw_;[efjnwt}T
T2 jnw j2n2w2 0

28 1 e
- Pt -1 41
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Substituting in w = 2% and simplifying,
2  T? —orin .
E . —2mnjkE
= G2 IR = o
_ —F Ej
N ™mj )

since for any integer n,
e ?™" = cos(—2mjn) + jsin(—2mjn) =1+ 0=1
Then An = an — jbn7 S0

an = Re{A,} =0, and b,=-Im{A,} =—

™m

Whether from the graph or the formula, the DC' level % = % Hence,
E Eg1 . 2mt
=552y

Example 7.6. Next, consider this clipped sawtooth waveform.

N V(t)
E
N\
T T 7
0 T 2T

Figure 15: Clipped Sawtooth Wave

In this case, during the first cycle:

2Et T
- fO’f'O<t<§,

ft) =
E f0r§<t<T
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Therefore,

2 [T : 2B (2 (T2 . T
A= 7 [ e—wtdt:_{_ | eemran | e_J”‘”tdt}
T/2 T/2 T
= E z __te—jnwt _’_L e Inwt 4 + __16—jnwt
T | T\ |jnw B Jnw Jo jnw /2

_ E E -T o—dnmwT/2 () _ 1 [e—jnwt]T/Q o 1 (e—jan_e—jan/2)
T | T\ \2jnw j2nlw? 0 jnw

_ B[ et 2 (cImeT/2 1) L gmer | 1
T | jnw T7?°n%w? jnw Jnw
—2F . .
: _ 2m
Then using w = =,

E —jnm . —2jnm
An:m{Q(e] —1) + 2mjne " }

Now, as before e 2" = 1. However, we also have e™9"™ = cos(nw) = (—1)", so the

phasor for the n'™ harmonic of f(t) is given by:

t = eontom) 14 o) — (M) ; j(ﬁ)

n2m2 n2m? nm

Considering the real and imaginary parts,

;22:; forn odd,

a, = Re{A,} =

0 for n even

and

-F
b, = —Im{A,} = — for all n.
7T

3B

From the graph or formula, the DC level is % = =7. Therefore the Fourier series is:

3E 2F 1 omnt, E~=~1 . 2mnt
f(t):T—?OdC;GNﬁCOS( - )_;;ESIH(—T )
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7.3 Chapter 3: Matrix Algebra

7.3.1 Inverse of a 3 x 3 Matrix

There are four basic steps to this method for determining the inverse of a 3 x 3 matrix (if
you wish, you can use other methods such as Gaussian elimination):

1. Calculate the “matrix of minors”.
2. Create the Co-factor Matrix.
3. Determine the Adjunct Matrix.

4. Finally, multiply the Adjunct Matrix by 1/Determinant.

Example 7.7. Find the inverse of

1. Calculate the “matriz of minors”:

To do this, for each element of the matrix: ignore the values on the current
row and column, and calculate the determinant of the remaining values. Then

put these determinants into a matrix.

0 -2 2 =2 20
1 1 0 1 0
0 2 3 2 30
11 01
0 2 3 2
0 -2 2 =2 2 0
O0x1—(=2)x1 2x1—(=2)x0 2x1-0x0 2 2 2
= Ox1-2x1 3x1-2x0 3x1-0x0|=1-2 3 3
O0x(—=2)—2x0 3x(-2)—2x2 3x0-0x2 0 —10 0
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2. Create the Co-factor Matriz:

To turn the matriz of minors into the co-factor matriz, apply a checkerboard

pattern of minus signs on alternate entries.

2 2 2 + —
-2 3 3 Applying the sign-switching pattern: | — + —
0 —10 O 4+ - +
2 =2 2
Results in the co-factor matriz: | 2 3 =3
0 10 0

3. Determine the Adjunct Matriz (also known as the adjugate or adjoint matriz):

The adjunct matriz is the transpose of the co-factor matriz, which means we

reflect the matriz across the diagonal:

T

2 =2 2 2 2 0
2 3 =3 =(-2 3 10
0 10 O 2 -3 0

4. Finally, multiply the Adjunct Matriz by 1/Determinant:

In Step 1, we already obtained most of the information required to calculate the
determinant. Going across the top row of A and multiplying each entry by the

corresponding co-factor:
det(A) =3(2) +0(2) +2(2) =6+4 =10

Thus, the inverse of A is given by:

X 2 2 0 /5 1/5 0
Al = o2 3 1W0]=[-1/5 3/10 1
2 -3 0 1/5 —3/10 0
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5. We can check that we have obtained the correct answer by checking that AA™ =

I:
30 2 ) 2 2 0
2 0 -2 XE -2 3 10
01 1 2 -3 0
. 3x24+0x(=2)+2x2 3Xx24+0x3+2x(=3) 3x04+0x10+2x0
=10 2X240Xx(=2)+(-2)x2 2x24+0x3+(=2)x(-3) 2x04+0x10+(—-2)x0
O0x24+1x(=2)+1x2 0x24+1x3+4+1x-3 0x0+1x104+1x0
) 100 0 O 1 00
=10 0O 10 0|=10 10 Similarly we could check that A7 A = 1.
0 0 10 0 0 1

7.3.2 General Properties of Eigenvalues

Theorem 7.1. The determinant of an invertible square matriz is equal to the product

of it’s eigenvalues. That is, for an invertible n xn matriz A with eigenvalues \q, ..., \,:

1Al = AAa. . A

This is because the characteristic polynomial of A can be factorised in the following
way:

JA=X|=MN =X =) ...(\, = A)
and so setting A = Oresultsin |[A| = A\ Aa ... A\,

Theorem 7.2. The sum of the eigenvalues of a square matriz is equal to the “trace”

of the matrix, that is, the sum of its diagonal elements.

tT’(A):)\l—i‘)\Q—'——f—)\n

These two theorems can be used to obtain two eigenvalues of an n X n matrix A from
a pair of simultaneous equations, given that the other (n — 2) are already known.

Theorem 7.3. Let A be a real, symmetric n x n matrix. Then,

i) Every eigenvalue of A is real and has a corresponding real eigenvector.
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i1) Figenvectors corresponding to distinct eigenvalues are orthogonal (perpendicular).
i11) Let the eigenvalues of A be the entries on a diagonal matriz D, and let U be a
matriz whose columns are the corresponding eigenvectors. Then, A = UDUT,

where U is the transpose of U (swap the rows and columns).

This is known as the Spectral Theorem. Basically, it says that for real, symmetric
matrices there is a way of converting them to a related diagonal matriz, which can be

useful in certain contexts.

There are many other properties of eigenvalues and eigenvectors for different classes of
matrices, but they are not within the scope of this course. Matrix algebra is fundamental
tooneof the largest and most active areas of pure mathematics, as well as its many physical
applications.

7.3.3 An application of Matrix algebra: Linear stability analysis of systems
of ODEs

Eigenvalues are an extremely important concept in algebra, and have many uses when
related to matrices that model physical problems. For systems of linear first-order ODEs
in the form x = Ax, there is an equilibrium at the origin since if x = 0 then x = 0 which is
the definition of an equilibrium point. We can then determine the stability of the system
at the origin by calculating the eigenvalues of the matrix of coefficients A. For equilibrium
points not located at the origin, a system in the stated form can be obtained by linearising
about that point.

e If all of the eigenvalues of A have negative real part, the system is linearly stable,
which means that after a small perturbation the system will tend to return to the
equilibrium point (think of a ball initially located at the bottom of a basin).

e If at least one of the eigenvalues has positive real part, the system is unstable and a
small perturbation will be magnified (think of a ball positioned at the top of a hill).

e If all of the eigenvalues have non-positive real part, and at least one eigenvalue has
real part exactly zero, the system is called marginally stable. This situation requires
a bit more work to analyse.

This is an important tool in the study of dynamical systems, which can be used to model
many different real-world scenarios including weather patterns, population biology, and
chemical reactions. For example, if the set of ODEs represents a fixed point in a population
biology system, knowing whether or not it is linearly stable will help us understand the
effect of a small change to the system (for example, a small temporary increase in one
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species’s population) - if it is stable, the effect will be contained and the system will recover
back to the equilibrium. But if it is unstable, a small change could be disasterous.

7.3.4 Obtaining the State Transition Matrix

Thisis the full process used to derive e*? using amethod based on a diagonalisation process.

Suppose we have the state variable description x = Ax where A is ann X n matrix.

Let x = T'y, where T'is a constant square matrix of appropriate dimensions.
nx =Ty
= Ty = x=Ax=ATy
and so we have

y =By, where B= T 1AT.

The relationship between matrices A and B (B = T 'AT) is known as a similarity
transformation. They have the same set of eigenvalues, and their sets of eigenvectors
are related but not (necessarily) the same. To prove these results, let A and x be an
eigenvalue-eigenvector pair for matrix A. By definition Ax = Ax, so then ATy = ATy,
and so we obtain T~ ' ATy = \y or By = \y. Hence, A is also an eigenvalue of B, and has
the corresponding eigenvz‘ctori =T 'x.

Next, choose T' to be the modal matrix of A.
Now,

AT = A(xy,Xy,...,X,,)

y B2y

Azla AK% cee aAXny)

(
(

= (Mxy, MXy, o AiX,,,)
A0 0
- x|
00 .. oA,

. AT = TD, where D = diag(A1, A2, ..., A,). That is, D is the matrix with the eigen-
values of A on the digonal and zeros elsewhere. Note that the ordering of eigenvalues in D
must match the ordering of the eigenvectors in T'. Hence,

A=TDT™' and D=T7'AT
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Therefore if T is chosen as the modal matrix of A, then matrix B from before is equal to
this diagonal matrix D, and so we can obtain the n scalar equations in a simple form as
follows:

Y1 A1 0 0 (0

0 A 0
y = DXv or Y2 _ ‘2 Y2
Un 0 0 A/ \Un

So the n scalar first-order ODEs are:

U1 = MY, Y2 = XY, - Un = An¥n

and these can be easily solved using the method for separable linear first-order ODEs (or
using Laplace transforms), yielding:

yi(t) =My (0) i=1,2,...,n

Putting these solutions back into matrix form:

w®\ [ 0 0 ()
Yo () B 0 e .. 0 y2(0)
wi) \o 0 o) o

and we write this as
y(t) =e”'y(0), where D =diag(A,Xs,...,\,) and e =diag(eM, e, ... &)

Finally, let’s perform some substitutions in order to get the solution back in terms of the
original variablex. Recallthatx(t) = Ty () andsox(0) = T'y(0) inparticular. Therefore,
y(t) = T7'x(t) and y(0) = T~'x(0). Hence,

y(t) ="' y(0)

— T 'x(t) = P T7'x(0)
= x(t) =T T7'x(0)
and so

x(t) = eMx(0), where et =TT

Since we know how to obtain 7" and D from analysing the eigenvalues and eigenvectors
of A, this then tells us how to obtain the state transition matrix e* and thus solve the
original ODE problem x = Ax.
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