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Chapter 1

Baseband Digital Transmission




1.1. Elements of Digital Transmission Chain

Transmission is said to be baseband when the signal does not undergo frequency transposition. In this
case the signal often has a rectangular appearance, because the modulation function used is
rectangular. Baseband transmission consists of directly transmitting digital signals in electrical form on
electrical conductors, over limited distances (of the order of 30 Km). The elements of a digital

transmission chain are represented in the block diagram in Figure.1.1.

Input .| Source | Channel - Ligne
signal | coding "| coding | coding
A
Channel
Output | Source |, Channel |, Ligne
signal decoding decoding decoding

Figure.1.1. Elements of a digital transmission chain

-Source coding: the role of source coding is the compression of information, reducing the quantity of
binary data transmitted (symbols coded by words of variable lengths, for example the Huffman

algorithm).

-Channel coding: the goal is the detection and/or correction of errors caused in reception by the

channel noise (improve the Bit Error Rate (BER)).
-Line coding: this is the formatting of data in the form of pulses.

-Channel: is a medium allowing the transmission of a certain quantity of information, from a source to

a receiver.
1.2. Line codes

A line code is the code used for data transmission of a digital signal over a transmission channel. This
process of coding is chosen so as to avoid for example the overlap and distortion of signal such as

intersymbol interference.



1.2.1. Bipolar NRZ

Bipolar NRZ (Non-Return to Zero) code is based on the association of an amplitude +A with the bit
dj = 1and an amplitude —A with the bit d;, = 0. This code can be written into symbols a; multiplying

a transmission filter g(t), the transmit signal x(t) is written in the following form:

x(6) = ) ag(t—kT) (11)
K
where g(t) = A.rect (%), A is the amplitude and rect(.) is rectangular pulse (Figure.1.2).
g(t)
+A

T

Figure.1.2. Rectangular pulse

The symbols a;, associated with the bits are:

{ak:]. if dk:1
ak=—1if dk=0

Example:

+A 0 1 0 0 1 1 1 0 0

Figure.1.3. Bipolar NRZ

1.2.2. Unipolar NRZ

Unipolar NRZ code is similar to bipolar NRZ except that the bit d;, = 0 is associate with the symbol

ak=0.



Example:

+A 0 1 0 0 1 1 1 0 0

Figure.1.4. Unipolar NRZ

The main limitations of NRZ signals are the presence of the direct component DC and the lack of ability
to synchronize. To explain the latter issue, consider that when a long string of 1’s is received for NRZ,
the output is a constant voltage, and there is no transition that can help align the received clock to the
middle of the symbol. As such, a drift between transmitter and receiver cannot be corrected based on

the signal alone.
1.2.3. Unipolar RZ

Unipolar RZ associates with the bit d;, = 1 an amplitude +A4 during [0, 7/2] and an amplitude 0 during
[T/2, T], for the bit d;, = 0 it associates an amplitude 0.

In this case g(t) is given as:

T
+Aifte [O'E]

g(t) = . (1.2)
oifeelLr]
if >
Example:
+A 0 1 0 0 1 1 1 0 0
-A

Figure.1.5. Unipolar RZ

1.2.4. Bipolar RZ

Bipolar RZ code associates with the bit d;, = 1 an amplitude +A4 during [0, 7/2] and an amplitude 0
during [T/2, T, for the bit d;, = 0 it associates an amplitude —A during [0, T/2] and an amplitude 0
during [T/2, T].



Example:

+A 0 1 0 0 1 1 1 0 0

Figure.1.6. Bipolar RZ

1.2.5. Manchester

This code associates with the bit dj, = 1 an amplitude +A during [0, T/2] and an amplitude —A during
[T/2, T], for the bit d;, = 0 it associates an amplitude —A during [0, T/2] and an amplitude +A during
[T/2,T].

Example:

+A 0 1 0 0 1 1 1 0 0

Figure.1.7. Manchester
Manchester codes are expected to overcome the disadvantages of NRZ. The Manchester schemes
require at least one transition per bit time. The Manchester code has several advantages:
- Synchronization: Since there is a predictable transition during each bit time, the receiver can
synchronize on the transition. For Manchester, there is always a transition in the middle of each bit
interval.
- Manchester code has no DC component.
1.2.6. Differential Manchester
In this code, for the bit d;, = 0 the previous state is repeated and for the bit d;, = 1 the previous

state is reversed.



Example:

+A 0 1 0 0 1 1 1 0 0

Figure.1.8. Differential Manchester
The advantage of the differential Manchester code compared to the Manchester code is there is no
polarity respected.
1.2.7. AMI
AMI (Alternate Mark Inversion) code associates with d;, = 1 an amplitude +A4 and an amplitude —A.
The bitd; = 0 is associated with an amplitude 0. A change of sign is imposed between two successive

amplitudes representing a bit equal to 1.

Example:
+A 0 1 0 0 1 1 1 0 0
-A
Figure.1.9. AMI
1.2.8. Miller

This code associates with each bit d;, = 1 either an amplitude +4 during T/2, then an amplitude —A
during T/2, or an amplitude —A during T/2 then an amplitude +A during T/2. To each bit d, = 1, it
associates an amplitude —A or an amplitude +A4 during the entire period of the symbol. The polarity
of the signal associated with a bit d;, = 1 is chosen in order to obtain continuity with the previous
pulse. The polarity of a signal associated with a bit d;, = o is chosen in order to obtain continuity with

the previous pulse if it corresponded to a bit d;, = 1.



o

Example:
+A 0 1 0 0 1 1 1 0 0
-A
Figure.1.10. Miller
1.2.9. NRzZI

For NRZI (NRZ Inverted) code, the value of the transmitted bit is not indicated by the amplitude, but by
the transitions; if there is a change of state (+A4 to —A or -A to +A), then the transmitted bit is equal
to 1; whereas if there is no change of state, the transmitted bit is equal to 0.

Example:

+A 0 1 0 0 1 1 1 0 0

Figure.1.11. NRZI
1.2.10. M-ary NRZ
The M-ary NRZ code is an example of line code that does not modulate bits, but symbols composed
of a several bits. The symbols a; may take more than two values. For M-ary NRZ codes with M equal
to a power of 2, bits are grouped by blocks of log, (M) bits. Each block is then encoded on a symbol

ay. The Figure.l. shows example of M-ary NRZ code with M = 4.

10
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+34 | . E—
+A4
- A
~34

Figure.1.12. M-ary NRZ with M = 4

1.3. Power Spectral Density
Each online code is characterized by its own power spectral density (PSD), it can be obtained using
Bennett formula. The baseband signal x(t) can be written as:

x(t) = ) arg(t - kT) (1.4)

k

where gy, are the transmit symbols and g(t) is the transmission filter.

1
Yxx(f) = T 1G(F)I*Van(f) (1.5)

where G(f) is the spectrum of g(t), Yaa(f) = XnRaa(M)e 2T and R,,(n) is the
autocorrelation.

Some PSDs of the codes seen previously are given below.

-NRZ
Yxx(f) = A%T sinc? (nfT) (1.6)
1 T
0.9 r B
0.8
0.7
0.6 -
a
2 0.5
0.4 r
0.3
0.2+
0.1F
. ‘ ‘ ‘ —
0 0.5 1 1.5 2 2.5 3

Normalized frequency fT

Figure.1.13. PSD of NRZ
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-Unipolar RZ

(0 ="gg s (175) + 5508 (7 =) sime (v 3) 17
=—sinc*|nf=|+— —=|sinc®|nf = .
Yxx(f 16 f2 162 f T f2 1.7)
L
0.2 T T
0.2
0.15§
o
7]
o
01§
0.05)
0 ‘ | ‘
0 0.5 1 1.5 2 25 3
Normalyzed frequency fT
Figure.1.14. PSD of unipolar RZ
- Bipolar RZ
2 T
2
rur(f) = = -sine? (nf 5) (18)
0.25 T
0.2
0.15
?
o
0.1
0.05
0 ‘ ‘ ‘ ]
0 0.5 1 15 2 25 3
Normalyzed frequency fT
Figure.1.15. PSD of bipolar RZ
- Manchester
27 qiny 2 TN 2 r
Yxx(f) = AT sinc nfE sin nfE (1.9
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Figure.1.16. PSD of Manchester

-M-ary NRZ
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Figure.1.17. PSD of M-ary NRZ with M = 4

1.4. Criteria for Choosing a Line Code

The choice of a line code is made according to the power spectral density of the code and the noise
resistance. The criteria for choosing a line code are:

-Noise sensitivity.

-Bandwidth.

-Synchronization (Clock recovery at the receiver).

-DC component.



1.5. Exercises

Exercise 1:

1- Reminder the principles of the following line codes: NRZ, NRZI, RZ, AMI, Manchester, differential
Manchester and Miller.

2- Represent the binary sequence 0100001010000111 in baseband coded according to the NRZ, NRZI,
Manchester, differential Manchester and Miller.

3- Represent this sequence with 4-ary code.

Exercise 2:

1- Consider the following binary sequence: 110010. Draw the chronogram of this sequence using the
Miller code, differential Manchester and the bipolar RZ code.

2- What line code corresponds to the following chronogram? Give the corresponding binary sequence?

v 4+ 4 = e e Nl e e .

Exercise 3:
The elements of a sequence a,, are independent and equiprobable binary random variables taking

values of +1. This data sequence is used to modulate the base pulse g(t) shown in the following figure:

g0

The modulated signal is given by:

+0

x()= ) ang(t—nT)

n=-—ow

Using Bennett's formula, determine the power spectral density y,., (f) of x(t).

Bennett’ formula:

1) = TG Y. Ra(mye20rnT

14



where R, (n) is the autocorrelation.
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Chapter 2

Optimum Receivers
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2.1 Structure of M-signals Receiver
In this chapter, the channel is considered additive white Gaussian noise (AWGN) channel. This channel
is mathematically described as:

r(t) = s;(t) + n(t)
where r(t) is the received signal, s;(t) is the transmitted signal which is one of M possible signals and
n(t) is the white Gaussian noise.
The main objective of the optimum receiver is the finding of the transmitted signal by the minimizing

the error rate. The Figure 2.1 show the structure of the optimal receiver.

st) o) | 2(t) 2(1) (1)
——%?H——#hm i :?;-—*
| =T |

n(t) (AWGN)

Figure.2.1. Receiver structure

The detection is performed by two steps, demodulation and the detection. The first step consists to
maximizes the signal to noise ratio (SNR) using the reception filter h(t) and then the signal will be
sampled at t = T. After that, the detection step is performed using threshold comparison to decide
which signal is sent. The reception filter can be a correlator filter or matched filter.

2.2. Vector View of Signals and Noise

We define an N-dimensional orthogonal space by a set of orthogonal bases ¥;(t). The basis functions

must satisfy the condition:

0 otherwise

| woww={} Jori=k @)

Any arbitrary signal s;(t) can be expressed as linear combination of N orthogonal bases ¥;(t) as:

51(8) = ay1P1() + a2, (8) + -+ + agnPp (t)
52() = azP1 () + axy () + -+ + axnPu(t)

su(t) = ap1P1(6) + ap P (8) + -+ + ayn Py (t)

The general form can be expressed as:

17



N

si(t) = Z a;j;(t)

j=1

N<M @2

where

T

ay = f SO, (D)t 23)

0

2.2.1. Waveform Energy

The energy of the waveform s;(t) over symbol time T can expressed as:

T

E; = | s?(t)dt (2.4)
|

r 2
f Z a;@®)| dt
0

j=1

Mz

ay;(©). Z ay () dt

j=1

O O —
1\42

a;ja;ipi(®)Y;(t) de

1l
[

J

N T
=zauaufll)](t)ll)](t)dt
0

j=1

N
Z o (2.5)

=1

2.2.2. Representation of the AWGN Noise

~.

The AWGN noise can be expressed as a combination of orthogonal bases in the same way as signals:

N
j=1
where
T
_ f (P, (©)dt 2.7

0

The power spectral density (PSD) of the AWGN noise is N, /2 for all frequencies from —oo to 4o, the

variance of the AWGN noise (the noise is zero mean) is:

+ 0o

oé =Var[n(t)] = f %df = o0 2.7

— 00

The variance of AWGN at the output of the correlator for finite symbol time T is given as:

18



2

T
o =Var[n(t)]=E lf n(t)y;Odt| »= No (2.7)
0

2.3. Matched Filter
The matched filter provides the maximum signal to noise ratio. At t = T, the sampler output z(T)
contain a; signal component and n, noise component. so, the SNR is:

S a?

(N)T =52 (2.9)

The goal is to find the transfer function Hy(f) that maximizes the SNR. The signal a;(t) at the output

of the filter can be express as:

+o0
z(t) = f H(f)S(f)el2™rtdf (2.10)
The power of the noise at the output of the filter is:

o0t =2 [ IHPIA 211)

where Ny /2 is the PSD of the noise.

The SNR will be expressed as:

() - S H s Tay| 12
N R e zar
using the Schwarz’s inequality:
400 2 +o0 +o0
fi)fa(x)dx Sf Ifl(x)lzdxf |f2 ()| dx (2.12)

The equality is holds if f;(x) = kf,"(x), where k is constant and * is the complex conjugate. If we put

f1(x) = H(f) and f,(x) = S(f)e/>™T , we obtain:

2

| U s(eTag

< f H(P)I2df f ISP 2df 2.13)

and the SNR became:

S 2 ([t
7). =7 ) 1schrrear (214)

so,

max (E)T <— (2.15)

19



where E = f_Jr:IS(f)Izdf is the energy of the input signal.
The Schwarz’s equality is holds if f;(x) = kf,"(x), so:
H(f) = Ho(f) = kS*(f)e /29T

or

h(t) = FT~HkS*(f)e 12T}

The final expression of the matched filter is:

ks(T —t) 0<t<T
h(t) =
©) {0 otherwise

(2.16)

(2,17)

(2.18)

The impulse response of a filter that maximizes the SNR is the mirror image of the message signal s(t)

delayed by a symbol time duration T as shown in figure 2.2.

s(t) s(-t)

T T

Figure 2.3. Matched filter transfer function

The structure of the receiver with matched filter is represented in Figure.2.4.

r(t) —»| h(t) =s(T—1t)

Figure.2.4. Structure of receiver with matched filter

The signal at the output of the matched filter is:
z(t) = r(t) * h(t)

t
z(t) = f r(o)h(t — 1)dt

0

t
z(t) = f r(t)s(T — (t — 1))drt

0

t
z(t) = J r(t)s(T —t + 1)dt
0

att =T

T
z(T) = f r(t)s(T — T + 1)dt
0

z(t)

(2.19)

(2.20)

20



T
z(T) =f r(t)s(r)dr (2.21)
0

We observe that the adapted filter provides the same result as the correlator filter.

The Structure of the receiver with correlator filter is shown in Figure.2.5.

s(t)

T
r(t) ., fo (.)dt > z(t)

Figure.2.5. Structure of receiver with correlator filter
2.4. Optimal Detector
The objective of the optimal detector is to determine the symbol most likely transmitted. Assuming
that the emitted signal s; with conditional probability p(s;/z), where z is the received signal after the

matched filter.
2.4.1. Maximum A Posteriori (MAP) Decision Rule

The MAP detector is based on finding over all possible transmitted signals s; the signal § with the

maximum conditional probability as:

§ =argmax{p(s;/z)} (2,22)

Si
using Bayes theorem:

_ p(z/s)p(si)
p(si/z) = BCRE (2.23)

where p(z/s;) is the conditional probability density function (pdf) of the observed vector z given s;,

p(s;) is a priori probability of the transmitted symbols and p(z) is the probability of the received signal.

The p(z) probability is common for all signals, so, the MAP detector rule becomes:

§ = argmax {p(z/s)p(si)} (2.24)

Si
2.4.2. Maximum Likelihood (ML) Decision Rule

MAP rule requires the knowledge of both p(z/s;) and p(s;), in some applications p(s;) is unknown at

i=1,..,M. The ML decision rule is

the receiver. If all s; symbols are equally probable: p(s;) = %,

given as:

21



§ =argmax{p(z/s;)} (2.25)

Si
2.5. Exercises
Exercise 1:

1-The figure (a) bellow shows a set of three waveforms s, (t), s, (t) and s3(3). Demonstrate that these

waveforms do not form an orthogonal set.

s1(t) p
st s3(i)

sa(t)
477‘— - 2
2
- t 1 1
1 1/2 1 0 i e @ t
2 12 1 afF W L
. | I -2
-3
Figure (a)

2-The Figure (b) shows a set of two waveforms Y4 (t) and ¥, (t). Verify that these waveforms form an

orthogonal set.

yaE)
wa2(t)
T
1
0 i t 1]
kL w2 1 0 | | ;
1/2 1
Figure (b)

3- Show that the three waveforms s, (t), s,(t) and s3(3) can be expressed as a linear combination of

the orthogonal set in part 2.
Exercise 2:

A matched filter has the frequency response:

1—e /27

H(f)=W

1. Determine the impulse response h(t) corresponding to H(f).

2. Determine the signal waveform to which the filter characteristic is matched.
Exercise 3:

Consider the signal:

22



(A/T)t cos 2nf.t 0<t<T
0 otherwise

s ={
1. Determine the impulse response of the matched filter for the signal.

2. Determine the output of the matched filteratt = T.

3. Suppose the signal s(t) is passed through a correlator that correlates the input s(t) with s(t).

Determine the value of the correlator output at t = T. Compare your result with that in part 2.

23



Chapter 3

Transmission Without InterSymbol

Interference
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3.1. Introduction

In many applications such as mobile communications and satellite communications, the bandwidth is
limited and the objective is to transmit with the highest possible data rate in the given bandwidth. The
transmit filter’s frequency response defines the spectral characteristics of the transmission. Since the

signal has a limited bandwidth, the transmit filter cannot be a rectangular function of duration T.

sin (rt/T)

Indeed, the frequency response of such a transmit filter is G(f) = e

, whose spectral band is

infinite. As a result, it is necessary to determine finite-band transmit filters that allow us to remove
intersymbol interference (ISI) at the receiver.
Intersymbol interference occurs when a pulse spreads out in a way that it interferes with adjacent pulse

at the sample instant as shown in Figure.3.1.

64(t) Os(t)

v

o

62(t)

Figure.3.1. Intersymbol Interference

3.2. Intersybol Interference

We assume that the signal transmitted on band-limited channel as shown in Figure.3.2, where q; is a
set of real symbols, and h;(t) is the transmit filter. This signal is then modified by the transmission
channel, which is in general modelled by a linear filter with impulse response h.(t). Also, the channel

adds white Gaussian noise b(t).

b(t)
) y(t)
ax - Transmit > > Reception detection ay,
filter N filter | y(t + kT)
he(t) he(t)

hy ()

Figure.3.2. Band-Limited Channel

The signal e(t) in the output of the transmit filter is:

25



e(t) = Z agh, (t — kT) 3.1)

k=—o0

The received signal x(t) is:
x(t) = e(t) * ho () + b(t)
= f h.(t)e(t — t)dt + b(t) (3.2)

The signal y(t) after the reception filter h,.(t) is then written as:

y() = x(t) * he(t) * hy (8) + n(t) (3.4)
where n(t) = b(t) * h,.(t)

+ 00

YO = D ahe(t=KT) * he(®) * he(0) + 10 3:5)
k=—co

(O = ) awp(t—kT) +n(® (3.6)
k=—c0

where p(t) = h:(t) * h.(t) * h,.(t) the equivalent filter of the impulse response of the convolution

of the transmit filter, transmission channel and receive filter. Its frequency response is:

P(f) = He(f)-Hc (). Hr () (3.7)

y(t) is then sampled at symbol period kT:

y(kT) = Z a;p(kT —iT) + n(kT)
= a,h(0) + Z a;p(kT — iT) + n(kT) (3.8)
ik

This expression contains three elements:
— The first element is proportional to the k" transmitted symbol.

— The second element is the contribution of all other transmitted symbols on sample y(kT) and

represent the intersymbol interference.
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— The third element is the noise contribution.

Both intersymbol interference and noise decrease the performances of the transmission system, since
they prevent the receiver from correctly estimating the symbol transmitted at time kT. As a result,

both transmit and receive filters must be chosen so as to minimize them.
3.3. Nyquist Criterion

To ensure that no intersymbol interference, the complete filter p(t) must verify the following

condition:

T e

In the frequency domain, Nyquist criterion becomes:

+ 0o

z p(f+%) =T (3.10)

[=—o00

The channel transmission’s bandwidth B is defined by H.(f) = 0 when f > B. The Nyquist criterion

depends on the bandwidth B and the symbol period T. There are three cases as shown in Figure.3.3.

—-ifB < %, then there is no filter p(f) that verifies the Nyquist criterion;

—if B = % , @ unique solution exists: p(f) must be the frequency response of a perfect lowpass filter

with cutoff frequency B:

] 1
p(f) = T iflfl<B= 5T (3.11)
0 elsewhere

Its impulse response is:

_ sin (nt/T)

p(t) t/T

(3.12)

This perfect lowpass filter with cutoff frequency f = % cannot physically be implemented. In addition,

the impulse response of this filter has a low decrease and is of infinite duration.

-ifB > %, then several filters p(f) verify the Nyquist criterion. Among these filters, we find the

raised cosine filters.
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A iP(f+r'/T)

case —— > B
2

ERYaRvVan!

> f
A
T case L:B
2T
: >
B=1/2T /T
A
T case L<15?
) 2T
/ >< >< ; \ .
B /r

Figure.3.3. Frequency responses of Nyquist criterion cases

The frequency response of a raised cosine filter is:

1—a
T if0<|f] < o7
1- 1
p(f) =< Tcos? <%(2fT—(1—a))> if 7“< Ifl < Z-I;,a
. 1+a
L 0 ifIfl =z T

(3.13)

Where « is the roll-off factor, lying between 0 and 1. The perfect lowpass filter with minimum

bandwidth is obtained when @ = 0 and the bandwidth is maximum when a = 1.

The frequency response of a raised cosine filter is represented in Figure.3.4 fora =1 and a = 0.35.

Its impulse response p(t) is given as:

cos (art/T)

p(t) = sinc(nt/T) thz/Tz

(3.14)

The Figure.3.5 represent the Impulse response of the raised cosine filter for several values of a.

In practice, the raised cosine filter is separated into two identical receive and transmit filters called

root raised cosine filters, whose frequency response is:
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H.(f) = H-(f) = Vp(f) = 5

P(f)

(VT

0.8

0.6

0.4

VTcos (% (2fT-(1 - a))>

ifOSIflS—a

2T
I 4 1+a
if T <Ifl< 7 (3.15)
if Ifl >
- 2T

Impulse response of the raised cosine filter

-0.4

1
-3T -7

Figure.3.5. Impulse response of the raised cosine filter
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3.4. Eye diagram

An eye pattern is a pattern displayed on the screen of an oscilloscope. The shape of this pattern
resembles the shape of the human eye. therefore, it is called an eye pattern. The eye pattern is a
practical way to study intersymbol interference and its effects on data communication system. The eye
pattern is produced by the synchronized superposition of (as many as possible) successive symbol
intervals of the distorted waveform appearing at the output of the receive filter as shown in Figure.3.6.
The interior region of the eye pattern is called the eye-opening. The eye pattern provides a great deal
of information about the performance of the system.

Binary 0 1 1 0 1 1 0 0 1 0
Data

Figure.3.6. Eye diagram

The information obtained from Eye pattern (Figure.3.7) are:

o The width of the eye-opening defines the time interval over which the received wave can be
sampled, without an error due to ISI. the best time for sampling is when the eye is open widest.

e The height of eye-opening at a specified sampling time defines the margin over the noise.

e When the effect of ISl is severe, the eye is completely closed and it is impossible to avoid error

due to the combined presence of ISl and noise in the system.

Optimum time
sampling

P : ) L
= Noise margin
L -

_ Eye opening width .

Figure.3.7. Information obtained from Eye pattern
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Figures 3.8 and 3.9 show two examples for a binary signal (a;, = 1) where the total filter is a raised
cosine. The Figures graphically illustrate the impact of intersymbol interference and noise on the eye
diagram. We can notice that even in the absence of noise, the chosen filter tends to close the eye
diagram, which may make the decisions on the sampling time and on the symbol’s amplitude more

complicated.

amplitude

amplitude

-0.5 -0.4 -0.3 -0.2 -0.1 0 0.1 0.2 0.3 0.4 0.5

Figure.3.9. Eye diagram of binary signal with raised cosine filter for a = 0.35
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3.5. Exercises
Exercise 1:

We consider a baseband transmission with alphabet of 8 symbols on an AWGN channel, the bandwidth
of the channel is B = 70 kHz. The power spectral density of the noise is Ny /2, the ratio [E}, /N,y] dB (E},

is the energy per bit) is a function of the bit rate D;, as shown in the figure.3.9.
1) How many bits does each transmitted symbol carry?

2) To cancel intersymbol interference, we use raised cosine filtering with a Roll-Off factor a = 0.4

1+a .
o Calculate the maximum rate Dy pqx
N

The duration T of each symbol must then verify: B >
without ISI.
3) We want that the error probability per symbol do not exceed 107°. According to the curves below,

does the bit rate previously calculated achieved this performance? If not, what is the value of the bit

rate? Does it allow transmission without ISI?

22 A

20

16 N

,/No)ap

Ey
Z
4

10° 10° 106 107 10

D (bit/s)

(Ey/Nolag

32



Chapter 4

Performance of Baseband Transmission
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4.1. Binary Detection in AWGN Channel

For any binary channel, the transmitted signal over a symbol interval [0, T] is represented by:

SO={0  0Zc<r forabinayo &)
The signal at the output of the simpler is:
z(T) = a;(T) +no(T) (4.2)
Where ny(T) is the noise.
The probability density function (PDF) of the Gaussian random noise n, is expressed as:
1 1 /ng\?
p(ny) = L [— 5 <0_Z) (4.3)
Where ¢¢ is the noise variance.
Figure.4.1. Gaussian distribution
The conditional PDFs p(z/s;) and p(z/s,) can be expressed as:
1 1/z—a;\?
p(z/s1) = Gomexp [—5( o ) ] (4.3)
and
1/z— a,\?
p(z/s;) = = exp [—5( o ) ] (4.4)
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Likelihood of s» Likelihood of s4
p(zlsy) p(zlsy)

z(T)

Figure.4.2. The conditional PDFs p(z/s;) and p(z/s3)

The detection is performed by choosing the hypotheses that results from the threshold measurement:

Hy

z(T) Z Yo (4.5)
H,

where H; and H, are the two possible binary hypotheses.

H, is chosen if z(T) >y, and it is equivalent to deciding that the signal s, (t) was sent.
H, is chosen if z(T) <y, and it is equivalent to deciding that the signal s, (t) was sent.
4.2. Maximum Likelihood (ML) Detector

Based on the MAP criterion, we obtain:

if p(s1/2) > p(s,/z) = Hy, ifnotp(s,/z) > p(s1/z) = H,, we can write this as:

Hy

p(s1/2) _ p(s2/2) 4.6)
H,

using Bayes theorem:

_ p(z/s)p(si)
p(si/z) = ) (#7)
we obtain:
Hy
p(z/s1)p(s1) > p(2/s2)p(S2) (4.8)

p(2) < p(2)
H,

If the symbols are equally probable p(s{) = p(s3):
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Hy

p(z/51) 2 p(z/52) (4.9)
Hj

Hy
p(z/s1) >
p(z/s2) <

H,

(4.10)

Now, substituting the likelihood p(z/s;) and p(z/s;) from equations (4.3) and (4.4), we obtain:

Hy

(z—a)* (z—a)?’]>
20¢ 208 | <
H,

exp (4.11)

applying the In and after some simplifications, the detection rule is obtained as follow:

Hy
>a;ta

P
H,

=y, (threshold) (4.12)

4.3. Error Probability

The error probability when s, (t) was sent is:

Yo

p(e/sy) = p(Hy/s1) = f p(z/s1)dz (4.13)

—oo
Similarly, the error probability when s; (t) was sent is:

+0oo

ple/s) =p(t/s) = [ pia/sdz (4.14)

Yo

So, the global error is the sum of the probabilities:
2 2

Pp = Z p(es;) = Z p(e/s)p(si)
i=1 i=1

= p(e/s1)p(s1) + p(e/sz2)p(sz)

= p(Hz/s1)p(s1) + p(H1/s2)p(s2) (4.15)
For the case where the symbols are equiprobable p(s;) = p(s3):
Pp = %p(HZ/Sl) + %p(Hl/SZ) (4.16)
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and because of the symmetry of the PDFs:

pg = p(Hz/s1) = p(Hy/s;) (4.17)
PB:f p(z/s;)dz
Yo
B s 1 liz—a, 2
_J Gomexp 2( p )]dz (4.18)

In order to evaluate this integral we use the complimentary error function Q(x) given as:

+ oo

1 u?
Qx) = \/ﬁ exp [— 7] du (4.19)

Z—a
let u =—2

= dz = gydu
Oo

Z—> oo >U > Foo

5= _a1+a2$u_z—a2_a1—a2
Y 0o 20
+oo 1 uZ
Pg = Ll_az JO\/Z_Hexp —7] oodu
20'0
a; — az)
= 4.20
Q( 20y ( )

The error probability can be approximated using the nearest neighbor approximation as:
N
1 dz,;
pp =7 Y NaQ| [ (421)

where M is the number of signals and N,, is the number of neighbors at distance d,;;;,,, Ny is the power

spectral density PSD of the noise.

In our case:
S2 S1
—@ f @
a a,
M=2,N=1
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NO = 20-(?

1 (@ —a)*\_ (a—a,
Pp = 5(1 +1)0Q ’2(2—002) =Q (2—%) (4.22)

This error probability can be rewritten in terms of the difference energy between the signals s; and s,

as:

N
We have E; = (a; — az)? and 6¢ = % 50

= Ea 4.23
pg = Q N, (4.23)

The E; ca be expressed as:

E, =

ct—1u

[s, () —s, ()] dt :] s, (t)dt +]s§ (t)dt —2] s, (t)s, (t)dt

-For antipodal signal

so sl
> t *>—9,
-VE © JE

T T T
E, :jsf(t)dt +js2(t)dt —stl(t)sz(t)dt =E, +E, +2E, =4E,
0 0 0

= 2Ey 4.24
pg =Q N_o (4.24)

-For orthogonal signal

re=0Q| |- (4.25)
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-For unipolar signal

8,
.—-"¢|

JE

S ew

T T

T
E; = f s{2(t)dt +f sy(t)dt — 2] s51(D)s,()dt =E, +0+0=E,
0 0 0

Ep

— 4.26
2N, (4.26)

pg =@

We observe that antipodal signals offer better performance compared to orthogonal signals

(Figure.4.3).

Bit error probability for binary signals

—_— Pn Antipodal

- — — P, Orthogonal

6 -4 -2 0 2 4 6 8 10 12
SNR=E/N, [dB]

Figure.4.3. Error probability of antipodal and orthogonal signals

The values of the Q(x) function for 0 < x < 9 are given in the Table 4.1 below:
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Table 4.1: Valuesof Q(x) for0 < x <9

T Q(x) T Q(r) T Q(r) T Q(x)

0.00 0.5 2.30 0.010724 4.55  2.6823x107°% [[ 6.80 5.231x107 12
0.05 0.48006 |[ 2.35  0.0093867 || 4.60 2.1125x10°% || 6.85 3.6925x10° 12
0.10  0.46017 |[ 2.40  0.0081975 | 4.65 1.6597x107% || 6.90 2.6001x10~12
0.15  0.44038 | 2.45  0.0071428 | 4.70 1.3008x10°5 [ 6.95 1.8264x10~'2
0.20  0.42074 | 2.50  0.0062097 | 4.75 1.0171x107% [ 7.00 1.2798x107'2
0.25  0.40129 | 2.55  0.0053861 | 4.80 7.9333x10°7 [ 7.05 8£.9459x10° '3
0.30  0.38209 | 2.60  0.0046612 | 4.85 6.1731x1077 [ 7.10 6.2378x10~ %9
0.35  0.36317 | 2.65  0.0040246 || 4.90 4.7918x10°7 | 7.15 4.3389x10 13
0.40  0.34458 |[ 2.70  0.003467 4.95 3.7107x1077 || 7.20 3.0106x 1013
0.45 0.32636 || 275  0.0029798 | 5.00 2.8665x1077 [ 7.25 2.0839x10~?
0.50  0.30854 |[ 2.80  0.0025551 505 2.2091x1077 | 7.30 1.4388x10°13
0.55 0.20116 | 2.85  0.002186 510 1.6983x1077 || 7.35 9.9103x10"
0.60 0.27425 | 2.90  0.0018658 | 515 1.3024x107 | 7.40 6.8092x 1071
0.65 0.25785 || 2.95  0.0015889 9.9644x107% || 7.45  4.667x1071
0.70  0.24196 |[ 3.00  0.0013499 7.605x10°% || 7.50  3.1909x 10~
0.75  0.22663 | 3.05  0.0011442 5.7901x10°% || 7.55 2.1763x 101
0.80  0.21186 |[ 3.10  0.0009676 4.3977x107% | 7.60 1.4807x 101
0.85  0.19766 || 3.15  0.00081635 3.332x10°% | 7.65 1.0049x10~1
0.90 0.18406 || 3.20  0.00068714 2.5185x107% | 7.70  6.8033x 10717
0.95 0.17106 || 3.25  0.00057703 1.899x10°% || 7.75  4.5946x 1017
1.00  0.15866 | 3.30  0.00048342 1.4283x10°% | 7.80 3.0954x10~15
1.05 0.14686 | 3.35  0.00040406 1.0718x10~% | 7.85 2.0802x10~19

(AR S B R R R )
oG o

[+
O OO =110 T & WwWwo
oGS o

110 0.13567 || 3.40  0.00033693 || 5.65 8.0224x107 || 7.90 1.3945x1071°
1.15  0.12507 || 3.45  0.00028029 || 5.70 5.9904x10~ || 7.95 9.3256x10~'6
120 0.11507 || 3.50  0.00023263 || 5.75 4.4622x1079 || 8.00 6.221x107'6
1.25  0.10565 || 3.55 0.00019262 || 5.80 3.3157x1077 || 8.05 4.1397x10~16
130 0.0968 || 3.60 0.00015911 || 5.85 2.4579x1077 || 8.10 2.748x107'°
1.35 0.088508 || 3.65 0.00013112 || 5.90 1.8175x10°Y || 8.15 1.8196x10 16
1.40  0.080757 || 3.70  0.0001078 | 5.95 1.3407x10"7 | 8.20 1.2019x10°10
1.45 0.073529 || 3.75 8.8417x107° || 6.00 9.8659x10~'% || 8.25 7.9197x10~'7

150 0.066807 || 3.80 7.2348x107% || 6.05 7.2423x107'0 || 8.30 5.2056x10717
1.55 0.060571 || 3.85 5.9059x107° || 6.10 5.3034x10'" || 8.35 3.4131x107'7
1.60  0.054799 || 3.90 4.8096x107° || 6.15 3.8741x 10710 || 8.40 2.2324x107'7
1.65 0.049471 || 3.95 3.9076x107° || 6.20 2.8232x107'0 || 8.45 1.4565x10~17
170 0.044565 || 4.00 3.1671x107° || 6.25 2.0523x107' || 8.50 9.4795x10 %
1.75  0.040059 || 4.05 2.5609x1077 || 6.30 1.4882x107'0 | 8.55 6.1544%x107 1%
1.80  0.03593 | 4.10 2.0658x1075 || 6.35 1.0766x10710 | 8.60 3.9858x1071%
1.85 0.032157 || 4.15 1.6624x107° || 6.40 7.7688x10"1 || 8.65 257510718
1.90 0.028717 || 4.20 1.3346x107° || 6.45 5.5925x10~ ' || 8.70 1.6594x1071%
1.95 0.025588 || 4.25 1.0689x107° || 6.50 4.016x10~'" || 8.75 1.0668x10~'8
2.00  0.02275 | 4.30 8.5399x107° || 6.55 2.8769x107'! | 8.80 6.8408x10°1!
2.056 0.020182 |[ 4.35 6.8069x107% || 6.60 2.0558x10~'" | 8.85 4.376x10~'
2,10 0.017864 || 4.40 5.4125x1076 || 6.65 1.4655x107'" | 8.90 2.7923%x107'¢
2,15 0.015778 || 4.45 4.2935x1076 || 6.70 1.0421x107! | 8.95 1.7774x10719
2,20 0.013903 || 4.50 3.3977x10°% || 6.75 7.3923x10°' || 9.00 1.1286x10 "
2.25 0.012224

For x > 3 the values of Q(x) can be calculated approximately by:

x2

exp| =~

Q(x) =X\/2_7T

4.4. Exercises
Exercise 1:

We consider the transmission of binary equiprobable symbols over AWGN channel. After matched

filtering and sampling, the received sampleis z = s; + b, where b is Gaussian noise with the probability
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. . , 1 1(b\?\ . . No N
density function defined as: p(b) = ST EXp <_E (G—) ) with zero mean and variance 0,2 = 70, 70 :
0

is PSD). The constellation of the received signals is:

82 S1

> 71

a2

1- Express the conditional PDFs p(z/s;) then plot them in the same figure.
2- Formulate the decision rule using the Maximum Likelihood detector.

3- Express the error probability per bit as a function of d;, (the distance between the two points s;

and s,) and N,. Make the numerical application in the case: a; = 2,a, = =2 and N, = 2.
Exercise 2:

A binary digital communication system employs the signals:

So(t) = 0; 0<t<T

s,(t) = A4; 0<t<T

For transmitting the information. This is called on-off signaling. The receiver correlates the received

signal r(t) with s(t) and samples the outputat t + T.

1-Determine the optimum detector for an AWGN channel assuming that the signals are equally

probable.

2-Determine the probability of error as a function of the SNR. How does on-off signaling compare with

antipodal signaling?
Exercise 3:
Consider a signal detector with an input:
r=+A+n

where +A4 and —A occur with equal probability and the noise variable n is characterized by the

(Laplacian) PDF shown in Figure bellow.
1. Determine the probability of error as a function of the parameters A and o.

2. Determine the SNR required to achieve an error probability of 107°. How does the SNR compare with

the result for a Gaussian PDF?
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Laplacian PDF
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Chapter 5

Narrowband Digital Modulations
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5.1. Introduction

The process of mapping a digital sequence to signals for transmission over a communication channel
is called digital modulation. In a digital modulation scheme, the binary sequence is parsed into sub-
sequences of length k, and each sub-sequence is mapped into one of the s,,,(t),1 < k < 2¥, signals.
This modulation scheme is equivalent to a mapping from M = 2X messages to M possible signals, as

shown in Figure.5.1.

—
10...1 00...101...0...— ] Modulator — 5,,,(-’)

Figure.5.1. Digital modulation
The general form of the carrier wave is:
s(t) = A(t) cos[wyt + B(t)] (5.1
where A(t) is the amplitude, w, is the radian frequency and @(t) is the phase.
5.2. Amplitude Shift Keying (ASK)

ASK modulations are linear modulations that only modify the amplitude of the signal. The general

analytic expression is:

2E;
si(t) = Tcos(wot + @) (5.2)

. ,25- . . .
where the amplitude Tl takes M discrete values. The phase ¢ is an arbitrary constant.

The general form of the amplitude /% is derived as:

s(t) = Acoswt

where A is the peak value of the waveform.

A= \/EArms

where A5 is the root mean square value.
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s(t) = V24,5 coswit

= /2A$ms coswt

s(t) = V2P coswt

where A2, . = P is the average power. Replacing P watts by E joules/T seconds we get:

(©) = 2E .
s(t) = ?cosw

The M = 2™ symbols set can be chosen as follow:
cC={-M-1),-M-3),..,—1,1,..,(M—3),(M —1)}A (5.3)
During the symbol time T, the transmitted symbol takes a value from C.

5.2.1. B-ASK (Binary ASK)

In this case, the amplitude takes two values JZT—E and 0 Figure5.2. It called also OOK (On-Off Keying),

y l—]
Ov

Input binary sequence

-

ASK Modulated output wave

Figure.5.2. OOK modulation

5.2.2. Constellation Diagram

The constellation is the representation in the complex plane of all the points associated with the

modulated symbols.

We have:
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s(t) = Acos(wyt + @)
= A cos(wyt) cos(p) — A sin (wyt) sin(¢p)
s(t) = I cos(wyt) + Q sin(wyt) (5.4)

We have two bases set functions @, (t) = cos(wyt) and @, (t) = sin(wyt). The signal s(t) is represent

as point as shown in the Figure.5.3. 40
1
A

1

> 4, (2)

Figure.5.3. Constellation

The Figures.5.3 and 5.4 represent two examples of ASK modulations of orders 4 and 8.

11 10 00 01

Figure.5.4. 4-ASK modulation

-7TA -5A -3A -A | A 3A 5A 7TA
» n n n m » n .

A\

C c, ¢ ¢ |c ¢ [

100 101 111 110 010 O11 001 000

Figure.5.5. 8-ASK modulation

The important characteristic of a constellation is the minimum Euclidean distance between two points

in the constellation d ;.

. 2 2
doin = rILIT dy; where d,; =‘Ck —Cj‘
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5.2.3. Detection of B-ASK Signals

-Noncoherent Detection of B-ASK Signals:

The receiver consists of a band-pass filter, followed by an envelope detector, then a sampler, and finally
a decision-making device, as depicted in Figure.5.6. The band-pass filter produces a pulsed sinusoid for
symbol 1 and, ideally, no output for symbol 0. Next, the envelope detector traces the envelope of the
filtered version of the B-ASK signal. Finally, the decision-making device working in conjunction with the
sampler, regenerates the original binary data stream by comparing the sampled envelope-detector

output against a preset threshold every T seconds.

Sample at
time ¢ =T},
Say symbol 1 if the
BASK Band-pass filter Envelope \ Decision-making threshold is exceeded
. .  —
signal tuned to f, detector device
T Otherwise, say symbol 0
Threshold

Figure.5.6. Noncoherent detection of B-ASK

-Coherent Detection of B-ASK Signals:

The block diagram of the coherent detection of B-ASK signals is given in Figure5.4. To detect the original
binary sequence of 1 and 0, the BASK signal at the channel output is applied to a receiver that consists

of four sections, as depicted in Figure.5.7.

(i) Product modulator, which is also supplied with a locally generated reference signal that is a replica

of the carrier wave.

(ii) Low-pass filter, designed to remove the double-frequency components of the product modulator

output and pass the zero-frequency components.

(iii) Sampler, which uniformly samples the output of the low-pass filter at where the local clock
governing the operation of the sampler is synchronized with the clock responsible for bit-timing in the

transmitter.

(iv) Decision-making device, which compares the sampled value of the low-pass filter’s output to an
externally supplied threshold, every seconds. If the threshold is exceeded, the device decides in favor

of symbol 1; otherwise, it decides in favor of symbol 0.
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Say 1, if the threshold

B.ASK Product Low-pass \ Decisionjmaking is exceeded
signal modulator filter device
Sample at Say 0, otherwise
T time t = iT[) T
Threshold

2. 2
T cos(27f 1)

Figure.5.7. Coherent detection of BASK
5.3. Frequency Shift Keying (FSK)

The general analytic expression of the FSK modulation is given as:

2E
si(t) = ?cos(wit + @)

(5-5)

where the frequency w; has M discrete values and the phase ¢ is an arbitrary constant. The Figure.5.8

shows example of FSK modulation.

1v

Ov

Input binary sequence

1v
Ov
-1v
f1 f2

FSK Modulated output wave

Figure5.8. FSK modulation

5.3.1. Noncoherent Detection of B-FSK Signals

time

time

The receiver consists of two paths, one dealing with f; frequency (i.e., symbol 1) and the other dealing

with f, frequency (i.e., symbol 0), Figure.5.9:

-Path 1 uses a band-pass filter of mid-band frequency f;. The filtered version of the incoming B-FSK

signal is envelope-detected and then sampled at time t = iT}, to produce the output v;.
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-Path 2 uses a band-pass filter of mid-band frequency f;. The filtered version of the BFSK signal is

envelope-detected sampled at time t = iT to produce the output v,.

The outputs of the two paths, v; and v, are applied to a comparator, where decisions on the
composition of the B-FSK signal are repeated every T, seconds. Recognizing that the upper path
corresponds to symbol 1 and the lower path corresponds to symbol 0, the comparator decides in favor
of symbol 1 if v, is greater than v, at the specified bit-timing instant; otherwise, the decision is made

in favor of symbol 0.

Sample at
time ¢ =T,
Band-pass
— filter tuned —> Envelope
detector
to frequency f;
S|
Say symbol 1 if
]311;3;(1 Comparator — { V1> 12
| Otherwise, say symbol 0
Sample at Uy
time ¢ = 1T},
Band-pass
—> filter tuned —> Envelope
detector

to frequency f,

Figure5.9. Noncoherent detection of BFSK

5.4. Phase Shift Keying (PSK)

The general analytic expression of PSK is:

2E 0<t<T
si(t) = 7cos(w0t + ¢;) i=1..M (5.6)
where the phase ¢; takes M discrete values, typically given as:
M 5.7
(pl—M,l—,..., (5.7)

The Figure.5.10 shows the principle of PSK modulation.
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time

BPSK Modulated output wave

Figure.5.10. PSK modulation

The Figure.5.11. shows the constellations of B-PSK, Q-PSK and 8-PSK.

[ el

® —

M=2
(BPSK)

$01

LOll

$ 10
M=4
(QPSK)

010 001
° °
00 _liO 022
._
111 100
° °
T 101
M=38
(Octal PSK)

Figure.5.11. Constellations of B-PSK, Q-PSK and 8-PSK.

5.5. Quadrature Amplitude Modulation (QAM)

Quadrature phase amplitude modulation is a technique that employs a combination of phase and

amplitude modulation. The Figure.5.12. shows example of 4-QAM modulation.
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Carrier / Channel

Modulating value from tivo bits
0 2 1 3
(00) (10) (01) (11)

Modulated
Result

Figure.5.12. 4-QAM modulation

The Figure5.13. illustrates examples of constellations of 8-QAM and 16-QAM.

b @©

Figure.5.13. 8-QAM and 16-QAM constellations

5.6. 1Q Modulator/Detector

5.6.1. 1Q Modulator

To generate the 1Q signal, the incoming binary data stream is first converted into polar form by a non-
return-to-zero level encoder. The resulting binary wave is next divided by means of a demultiplexer
(consisting of a serial-to-parallel converter) into two separate binary waves consisting of the odd- and
even numbered input bits. The demultiplexed binary waves a4 (t) and a, (t) are used to modulate the
pair of quadrature carriers. Finally, the two BPSK signals are subtracted to produce the desired QPSK

signals, as depicted in Figure.5.14.
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In-phase channel

a,(t) >< D 5
/T cos(2mf 1)
Oscillator
. Non-return- . 1Q
Binary to-zero | b()  Serial-to- +
.dafa >  level —> parallel -90° z i signal
stream enooier converter ph.ase-
shifter
/% sinQ7f.1)
a(1)

Quadrature channel

Figure.5.14. 1Q Modulator

5.6.2. 1Q Detector

The 1Q receiver consists of an in-phase (l)-channel and quadrature (Q)-channel with a common input,
as depicted in Figure.5.15. Each channel is itself made up of a product modulator, low-pass filter,
sampler, and decision-making device. Under ideal conditions, the I- and Q-channels of the receiver,
respectively, recover the demultiplexed components a, (t) and a,(t) responsible for modulating the
orthogonal pair of carriers in the transmitter. Applying the outputs of these two channels to a

multiplexer (consisting of a parallel-to-serial converter), the receiver recovers the original binary

sequence.
Sample
In-phase channel attime £ = iT
L . N\ Decision-
> >< , Low-pass it
filter devi
evice
% cos(27f 1) T
Oscillator Threshold
IQ Parallel-to- Reconstructed
serial > binary wave
signal | -90° converter
phase-
Lt Threshold
2 i Sample l
l\f T sinaf2) attime £t =T
L Decision-
>< OW-pass N making

filter device

Figure.5.15. 1Q Detector
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5.7. Exercises

Exercise 1:

We consider 4-QAM modulation where its constellation is depicted below, with A=0.5V, fo=5 KHz and
the symbol time is T,=0.4 ms.

In order to generate the modulate signal Vs.qam, we use the modulator below, where Vy=Escos(2rtfst)
and Ex=2 V.

1- Express the V; signal levels as a function of Ey, A and K parameters.

2- Represent the V; signal and the Viqam signal when the binary sequence to be transmitted is as
follows : 01, 10, 00, 11, 01, 00.

Multiplier, K=0.1 V!

¢ "2 Q
11 10 Too 01

Vi /\/ v @ o——©@ *—
Vo 4-0AM +“—r4—rr<—r |
A A A

Exercise 2:

Consider the chronogram of a B-PSK transmission, where the vertical dotted lines separate the bits.

30 ms

Determine:

-The transmitted bits.

-The bit rate.

-The bandwidth for this transmission.
Exercise 3:

Consider the 1Q demodulation system shown in the following figure, assuming that s(t) =
s5;(t) sin(2rf,t) — 5o (t) cos(2mft). The phase shifts in the carriers are non-zero but known.
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cos (2zf+py)

4%%)—» FPB

> 50

§(1) ——»| -sin(2xf.t+@;)

—»(i)—» FPB

—— 5,0

- Express the demodulator outputs as a function of the original signals s;(t) and sq (t).

Exercise 4:

Consider the two following constellations:

(a)

A I é»
[ ] ( [ [ ]
IB
A ° L
> L 4 *—»
o °
o o ? e ©

(b)

1- What is the type of modulation corresponding to each constellation? justify?

2- Determine the minimum distance dnmi» for the two constellations.

3- Determine the average energy per symbol for the two constellations.

4- Determine the error probability of the two constellations.

Exercise 5:

Consider the two digital modulations 16-QAM and 16-PSK. The minimum distance in the 16-QAM

constellation is 2B. The points of the 16-PSK constellation are located on a circle of radius A.

1- Determine the energy per symbol and the energy per bit for the two constellations.

2- Assuming that A is fixed, express B as a function of A so that the energy per symbol of 16-QAM is

equal to the energy per symbol of 16-PSK. Comparing the minimum distance for the two constellations,

what can we deduce about the performance?
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Exercise 6:

Assuming that binary PSK is used for transmitting information over an AWGN with a power spectral

density of% = 10719 W/Hz. The transmitted signal energy is E}, = %AZT , where T is the bit interval
and A is the signal amplitude. Determine the signal amplitude required to achieve an error probability
of 107® when the data rate is:

1) 10 Kbits/s

2) 100 Kbits/s

3) 1 Mbits/s
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