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5.1. Session 1. Review of QPSK

The QPSK is very similar with BPSK, but in the QPSK the signas have one of the four
possible phases as a function of the information modulation signals. Genera description of the
QPSK signal can be expressed by the mathematical formulation as:

0 =[5 oodaptgt et ] B anloot st
= |25 snlept .t +1 )]
Where:

Es = istransmitted signal energy per symbol for channel Real and channel Imaginary.

(51

Ts = isthe symbol duration.

for = isthe frequency carrier.

f re = isinitial phase of Real channel

f im=lisinitid phase of Imaginary channel

f (t) = is the phase as a function of information content, and has the probability value of 45°,
135°, 225°, and 315°. And the value of f (t) is:

ft)= atangdn[prCTt +f Im] (5-2)

u
COS[prcTt +f Re]g

And furthermore by a normalization we set the value of ESTs= 1.
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5.1.1. Tranamitter of QPSK

The QPSK transmission use two input bits at the same time. These input bits could be parall€el
input channels or be a consecutive even and odd bits form a seria output. The seria data is
converted to paralel and will be Real (Re) channel and Imaginary (Im) channel, or some times
call as the Real and Imaginer channels. Each hit can be a logicad 0 or 1, and there fore four
combinations corresponding to four outputs carrier phase are possible. The general form of the
QPSK transmitter can be description as like the Figure (5.1).

Product cos(2pfet + frd

Re channel 4
<p cos(2pfe;i)
conversion p/2 Summing

Binary data
sequence 'I ®7
Carrier signal
sin (2pft)

\
Im channel @
sn(2pfe it + fim)

Product

Figure (5.1) The QPSK transmitter

In this part the signa is base band rectangular form. The bit information O is represented by a
0 voltage, and the bit 1 is represented by a 1 voltage as like in the Figure (5.2) bellow.

1 0110100

Binary data sequence /
/ 1Vat
Base band representation 0Valt
\ \ 1Valt
Re channdl input oVt
1Vat
Im channel input N ovat

Figure (5.2) Base band input at the Re and Im channel

In the Re channel the bit information will modulate the carrier signal cos(2pf.+t). The output
from this modulator will have aform:
- If bit modulation is 0 the output signa is cos(2pf.t).
- If bit modulation is 1 the output signdl is - cos(2pf.t).
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Then the output from Re channel can be represented by the general expression:
cos(2pft + f re) = COS(Dfct + i0aa*P), Whereisi hasavaue O or 1.

In the Im channel the bit information modulate the carrier signal sin(2pf.+t). The output from
this modulator will have aform:
- If bit modulation is O the output signal is sin(2pf.+t).
- If bit modulation is 1 the output signd is - sin(2pf.t).
Then the output from Im channel can be represented by the general expression:

sn(2opf it + 1) = sin(Qpfcrt + ievenp), Whereisi hasavaue O or 1.

The next process is a summing point. Re channel output is added to Im channel output, and the
result will be:

e ésin(2pf .t +i uo
COS(2Df +i,,p) +SN(2PF, ,t +i,,.p) =2Sin G201 _ 1 + tan LGPt *loa) (8 (5
’ ’ 8 ’ eCOS(prcTt + | evenP ) Qﬂ

For example:
Sequence of bitinputis1 0110100 (it isread two bits pair from right to left). We will get the
pairs of two bits as: 00, 01, 11, and 10.

From the first pair we have: 00

Rechannel input: 0  Re channel output: cos(2pf.+t + 0*p) = cos(Pf . t).

Im channel input: O Im channd output: Sn(2pf.t + 0*p)= sin(2of.1t).

The summing point output is:

s(t) = cos(Qf . t) + sin(2pfert) = «E sin(2pf.t + tan'[sin(2pf.1t) / cos(Qfrt)])
=+/2 sin(f st + 45°)

=2 sin(Pf.it + pld)

From the second pair we have: 01

Rechannel input: 1 Re channel output: cos(2pf.+t + 1*p) = - cos(Qf.t).

Im channd input: O Im channel output: sin(2pf+t + 0*p)= sin(2f.+t).

The summing point output is:

S(t) = - cos(Pf.1t) + Sin(2pf.1t) = «/E sin(2pf 1t + tan'[sin(2pf.t) / - cos(Qpfrt)])
=+/2 sin(f st + 135°)

=2 sin(2pfst + 3p/4)
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From the third pair we have: 11

Rechannel input: 1 Re channel output: cos(2pf.+t + 1*p) = - cos(Qf.qt).
Im channd input: 1 Im channel output: SN(2pf.+t + 1*p)= - Sin(2pf.-t).

The summing point output is:

S(t) = - COS(Df o1t) - SN(2Pfort) =+/2 SN(2pfert + tan™[- SN(2pfert) / - cos(2fort)])

=2 sin(2pfit + 225
=2 sin(2pf 1t + 5pld)

From the third pair we have: 10

Re channd input: 0  Re channel output: cos(2pf.+t + 0*p) = cos(2of.1t).
Im channd input: 1 Im channel output: Sin(2pf+t + 1*p)= - Sin(2pf.t).

The summing point output is:

S(t) = cos(Qf.rt) - sin(2pfert) =«/§ sin(2pfeqt + tan™'[- sSin(2pf.t) / cos(f.1t)])

=/2 sin(2pfet + 315

=2 sin(Dfert + Tp/d) = 2 Sin(2pfert - pld)

If will be easier to understand if we use phase or constellation diagram for these signas as
like the Figure (5.3) bellow. To understand the constellation diagram is different with the to read

\lm
01 1 00
[ o
<~ .
o ")
1 -1 10
Y

Figure (5.3) QPSK Constellation diagram

Re

the information sequence. In the information sequence we
read from right to the left. For the constellation 00, the
meaning is information content for Re channel = 0 and Im
channel = 0. For the congellation 01, the meaning is
infamation content for Re channel =1, and Im channel =
0. For the congdlation 11, the meaning is information
content for Re channel = 1 and Im channel = 1. And for
the constellation 10, the meaning is information content
for Re channel = 0 and Im channe = 1. In this
constellation the information value O is represented by +1

and the information value 1 is represented by - 1.
We can write it in this constdllation 00 = (+1, +1), 01 = (+1, -1), 11 = (-1, -1), and 10 = (-1, +1).

In the some book maybe we find the other constellation style, but actually the meaning is same.
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From the above example we will have the signd output as follows:

AL AL AN
PRV VAVIVAYAAVANS

Figure (5.4) The QPSK signd

In this figure, the amplitude signa in the Volt. And this figure described the amplitude signal as
afunction of time. Every two cycle of waveform represent one output of the QPSK signal.

5.1.2. Recever of QPSK

In the ideal receiver, the received signal is multiplied by a reference signal phase locked, and
then filters the resulting output to the base band pulse waveform. The QPSK receiver can be
visualized as consisting of two channels, as like the Figure (5.5).

Product

Re channel
> LPF
cos(2pfert)
P-<

r(t) = S(ty+n(t) : pr2 conversion L] ngafefféa

Synchronized
local carrier
sin (2pfert) Y
>® LPF
Im channel [

Product

Figure (5.5) The QPSK Receiver

By assumption that between transmitter and receiver part have been synchronized, and no
delay aong signa propagation. We can decide that in this case f.r = f.1 = f.. From the above
figure and consider this assumption, Re channdl id multiplied by using cos(2pfct), and Im
channdl is multiplied by using sin(2pf.t). The output form each channel filtered by using low
passfilter (LPF) and decision is made from each channel. The detection of bitsin one channel is
independent to the other one (no cross talk effect) if the other channel adds zero voltage to the
channel integrator output.

Tri Budi Santoso 49



Final Report of Telecommunication Engineering Training
Suzuki Laboratory, Mobile Communication Group
Tokyo Institute of Technology, Japan

To simplification, here we use the example of the signal output from the transmitter above and
by assumption that no noise in the channel, or we use the system by using the ideal channel
condition. In this cases we made an assumption that the carrier recovery work perfectly so the
error phase estimate is zero, therefore the received signal is same with the transmitted signal, or

r(t) = s(t).
In the case received signd is r(t) =«/§ sin(2pft + p/4) This received signa has the equivalent
valuewith
r(t) = /2 [sin(pft)cos(p/d) + cos(2pfsin(p/4)]
= gn(2pft) + cos(2pft)

After the demodulation process, the output signal of the Re channel will be:
r(t)* cos(2pfct) = [sin(2pfet) + cos(2pfct)]* cos(2pf.t)

= sin(2pft)cos(ft) + cos(Qft) cos(2pft)

= ain(2pft)cos(ft) + 0.5%[cos(2* 2pf.t) +1]

By the same way, the Im channel will have outpuit:
r(t)*sin(2pft) = [Sin(2pfct) + cos(Pfb)]* sin(2pf.t)

= Sn?(2pf ) + cos(2pf £)* sin(2pf )

= 0.5*[cos(2* 2pft) +1]+ cos(Df L)* sin(2pft)

Filtering process, by using integration from t = O until t = T, the Re channel will be:

Tds‘n( 20f .t) cos(2pf t) + 0.5 [cos(2* 2pf t) +1])cit

E?Oﬂ%fct)dga%% T@p.s* [cos(2* 2pf t) +]at
0 c g o

2 T A * i
_ COs (prct) +0.5* gs n( E 2p‘l:ct) + =05
2pfc 0 e 2 2pfc 0
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By the same way, filtering process of the Im channel, by using integration fromt =0 until t = T:
N

JSin( 20f t) cos(2pf t) + 0.5* [cos(2* 2pft) +1)dt

0

- Ij:os(pr;)dE%%+ Td)5 [cos(2* 2pf t) +1]ct
0 c g o

) T o U
_ Cos (2pf.t) + 05 gsn(i 2pf t) N _ 05
2pfc 0 e 2 prc 0

5.1.3. QPSK Transmission System

The transmission of QPSK system through AWGN channdl is similar with the BPSK systemin
the same channel. But in this case, the signal transmitted is content of real and imaginer
component. Therefore in the transmission we must consider the real and imaginer components
of the AWGN channel. The simplification form is described in Figure (5.6).

QPSK Transmitter o m QPSK Receiver
s(ty=Re(t)+Im(t) 71 or® = st + n()

White Gaussian Noise

n(t) = Nee(t) + Nim(t)

Figure (5.6) QPSK transmission through AWGN channel

In the QPSK system, each channel has independent signal and the noise content at received
signal is independent too. By using the transmitted signal in the equation (5-2), we know that
the transmitted signal is

S(t) = Re(t) + Im(t)
=9n(2pft + ioa*p/4) + co(Qfct + ieven*p/l4)

The noise from AWGN channdl is
n(t) = ne(t) + ni(t) (53

And the received signal will has the form:

r(t) = () + n(Y)
= Sin(2pfct + ioaa™P/A) + Nelt) + CO(PFct + ieven*P/4) + Ni(t) (54
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To evaluate the performance of QPSK we can use the BPSK performance as a reference. As
we know that each channel of QPSK is independent each one another, so QPSK signal is same
with summation of two BPSK signal. The AWGN channel effect for each channel is same with
its effectin to the BPSK signdl.

The bit error probability of the QPSK signal is:B, = —erfcé f% (55

By evauate the bit error rate probability of the
Bit error probability of QPSK inthe AWGN channel

— QPSK signd we will know the symbol error

probability of QPSK signal, because the symbol error
probability is a function of bit error probability, and
represented by using mathematical formulation:

Ps = log,(M)Pb (5-6)
In the QPSK we know that M = 4, so the value of
. symbol error probability is
Ps=log,(4)Pb = 2Pb

0 - 5 10 — The bit error probability performance of QPSK

Eb/No (in dB) transmission through AWGN channel as a function of
Figure (5.7) Performance of QPSK system

inthe AWGN channel Eb/No is like the Figure (4.7).

5.14. Carrier-phase Synchronization of QPSK System

Carrier-phase recovery by using Costas Loop for QPSK is a combination from two parallel
carrier-phase recoveries, which we have applied it for BPSK system. General descriptions of
Costas loop carrier recovery for QPSK in the base band term as the Figure (5.8).
In QPSK system the transmission signal is content of Rea (Re) and Imaginary (Im) part:

() = AreCOS(Pfrt +f ) + A|COS(2pf it H ).
In this case the average value of Ag.and A, is 1. The synchronization process by using Costas
Loop is as Figure (*.*). In synchronization process for QPSK each channel is multiply by
cos(2pfert H o) and SiN(2ofert + o)
The output of product 1 is:

Yp1(t) = cos(Qfert +f i) cOS (Pfert + f ex) + Nt) ReCOS(Qfert + o)

= (V2)cos{ 2p(fer + fer)t + (Fi +f )} + (U2)cos{ 2p(fer - fert + (F i - T o)}

+ Nre(t)COS (2pfert + o)
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The low pass filter process will give the output as:
Yipr(t) = (V2)cos{ 2p(fer - fer)t + (F i - T &)} = (/2)cos(2 Df t + DF )

Productl

LPF
Acos(2pfat+1) Addition1 Product5
— N cos(2pfert+fes)

K
-«

Re

LPF

Product2

\  Product?

Product6

4

sn(2pf e+ es)

Product3

LPF

K

+ !
Asin(2pfat+i) Substraction2

Im M cos(2pfert+ o)

Substractionl
LPF

Product4

4

Sn(2pf e+ es)

<+—

t
20f t+f  +K ?n [4(2pDFt + Df )| . | veo

A

Figure (5.8) Carrier recovery for QPSK system

The output of product 2 is:
Ypu(t) = cos(Pfert + i) (SN(2Pfert + f o)) + N(t) ReSIN(2PTert + F o)
= (W2)sn{2p(fer + fer)t + (Fi +f )} - (W2)SN{2p(fer - fer)t + (i - Fest)}
+ Mee(t)SIN(2Pfert + f o)
The low passfilter process will give the output as:
Yere2(t) = (-12)S{ 2p( for - fr)t + (i - f )} = (-1/2)sin(2p Df t+ DF 1)

The output of product 3 is:
Yp3(t) = sSin(2pfert + 1) cos (Pfert + fesr) + N(t) 1nCOS(2PFert + f o)
= (-V)sn{2p(fer + i)t + (i +f )} + (VDS 20 (fer - for)t + (F i - f )}
+ Nn(t)cos (2pfert +f o)
The low passfilter process will give the output as:
Yirrs(t) = (V2)sin{ 2p(fer - fer)t + (Fi - f )} = (U/2)sin(2p D t + DF )
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The output of product 4 is:
Yoa(t) = sin(Qpfert + ) SIN(fert + f o) + ML) inSIN(2pfert + f o)
= -(V2)cos{ 2p(fer + fer)t + (fi +f e} + (U2)cOS{ 2p(fer - fer)t + (F i - f o)}
+ N(t)SiN(2pfert +f o)
The low pass filter process will give the output as.
Yipra(t) = (V2)cos{ 2p(fer - fer)t + (Fi - f )} = (V2)cOS( DY t + D ()

The next steps are
The output of additionl is:
add1(t) = (L/2)cos(2p Df t + Df \)+(1/2)cos(Q Df t + Df ;) = cog(2p Df t + Df )

The output of substractionl is:
subst1(t) = (1/2)sin(2p Dft + Df )-(-1/2)sin(2p Dft + Df ;) =sin(2p Df t + Df )

The output of product5 is:
Yps(t) = cos(2p Dft + Df ;) sin(2p Df t+ OF ) = (/2)sin{ 2(2p Df t+ Df 1)}

The output of addition2 is:
add2(t) = cos(2p Dft + DF ) + sSin(2p Df t + DX y)

The output of subtraction2 is:
Sub2 = cos(2p Df t+ Df ;) - Sin(2p Df t + Df )

The output of product6 is:

Ypo(t) = [cos(2p Df t + DOf ) + sin(2p Df t + Of \)][ cos(2p Of t + D ;) - sin(2p Df t+ O )]
=cos’(2p Df t + Df ) —sn®(2p Df t + DF )
=cos{2(2p DXt + Df )}

The output of product7 or the error loop signd is:
e(t) = (1/2) Sin{2(2p Df t + Df )} cos{ 2(2 Df t + Df ,)}
=(1/4)[2sn{2(2p Df t + Df )} cos{ 2(2p DFf t + Of \)}]
=(1/4) sin{4(2 Df t + DOf )} (57
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It is known as error signal into the loop filter of QPSK carrier-phase recovery, and used to drive

the VCO. The new output phase of VCO is given as

t
2pfth +f est + d<ce(t)dt
0

or (5-8)

2pf ot +f o + K Cin(4(2pDft + DF ) )dt whereisK =Kc/4.

0

The loop phase error and itstime derivative is

Qu(0) = (2011t +1)- gzpfmwf . +K gyin(4(2pDit + D )t 2
0 4]

d(g.(1))
dt

If f.r =f and letting K =1, the time derivative of the loop phase error is given by

=(2pf; - 20fg)- Ksin(4(2pDit + X ))

d(qgt(t)) = dnanx ) (59

The null value will be happen at 0,p/2, p, 3p/2 radiant, and it's known as four phase ambiguity

of phase-carrier recovery at QPSK system.
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5.2. Session 2: Question and Answer

Question 1:

What is the advantage if we use the QPSK system compare to the BPSK system?

Answer:

In the BPSK one symbol content of bit, but in the QPSK one symbol content 2 bits. And all
symbol use same bandwidth frequency for transmisson. BPSK is a double-sided band
suppressed carrier (DSBSC) system with 1 bit per symbol; the bit efficiency is 0.5 bit/Hz. By
using QPSK with 2bit per symbol; the bit efficiency is 1 bit/Hz. We can say that the bit
efficiency of QPSK system is twice comparing to BPSK system.

Question 2:

How we setting the energy per bit to noise ratio on the QPSK transmission systems?

Answer:

QPSK system is consist of two independent BPSK systems, channel | and channel Q or some
times is called as Real and Imaginer channels. In the transmission by using AWGN channdl,
there is generated a complex noise amplitude, real and imaginer noise components, and these
component are independent each one another. Each noise component will destruct each channel,
real noise destruct real component of transmission signal and the imaginer noise component will
destruct the imaginer component of transmission signal. By using this property we will get the
result that energy bit per noise ratio for QPSK system is same with the BPSK system, Eb/No.
And it will generate the bit error probability of QPSK system will be same with the BPSK
system. But for symbol error probability it will ke different.

Question 3:

How we setting the limitation error value of the phase estimate for QPSK phase-carrier

recovery?

Answer:

In the BPSK every symbol is separated by | <o o« "45;

p radiant or 180° of phase. And maximum ; ' y - T

phase deviation without change the 9 ” AT

symbol value for thisis 90°. The setting of el R Py
BPSK QPSK

maximum error estimate for phase is
limited to 15°. By this value it will not
give the effect for the symbol, because 15° compare to 90° istoo small.

Figure (5.9) Phase deviation of BPSK and QPSK system
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In the QPSK very symbol are separated by p/2 radiant of phase or 90°. And maximum phase
deviation without change the symbol value for this is 45°. If the setting of maximum error
estimate for phase is limited to 15°, the probability of error happen is large, so it will better if
the setting of maximum error estimate is smaller to get the better performance.
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5.3. Session 3: Simulation of QPSK

Here we tray to build the QPSK simulation system in the base band system. By using
Costas Loop as phase-carrier recovery at the receiver part, we will tray to understand

the performances of QPSK system through the AWGN channel. The General Description
of QPSK for base band simulation as in the Figure (5.10).

Re_Im map Noise addition
Info Re_Im > Gray » Symbol A\
generate "| mapping »| Code p transmil <\
Y
< I
S S
Error rate Error El &
count detect
AWGN
generation
Re_Im Demap
Info Re_Im |<— Gray de- Symbol [«
received I de-map Code | g received

4 4

Synchronization
Df

Figure (5.10) Block diagram of QPSK Base band simulation

5.3.1. TheAlgorithm

The simulation of QPSK through AWGN channdl involving severa functions as follows:
Info Generator
Bit information generated randomly by info generator function. The random number
generated is set value 0,1,2 and 3 as the integer number to represent PAM signal. By using
Microsoft C++ software, this function will generate a uniform random number.

Rechannel And Im channel Mapping

This function consists of three partsin the Figure (5.10); Re_Im map, Gray Code and Symbol
Transmit.

The Re_Im Map. Integer information generated will mapped to two bit pair. Based on the
Figure (5.12a) we will understand that if the integer information vaue is 0 the two bits

pair generate are 00, if the integer information value is 1 the two bits pair are 01, if the
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integer information is 2 the two bits pair are 01, and if the integer information is 3 the
two bits pair are 11. Then we set the LSB value as Re channel info and the MSB value as
Im channd info.

The Gray Code. Re channel and Im channel info has natural bit value, by using the logic
aslike in the Figure (5.12b) we able to make a gray code logic. If the value of Re and Im
is 10, the Im channel vaue will change to 1. If the value of Re and Im is 11, it will
change to 10. The other value is not change.

The Symbol Transmit. Re channel value and Im channel value has“1 or 0’ info and have
integer variable. By using this part it will change as double variable and have the value —
1.00 and +1.00. The bit 1 will be —1.00 and the bit O will be +1.00. Thisis represents an
antipodal signals.

EXOR
Im channel Re channel Re channel
info g = @ > - ’ >
- 5 ] g s -2.0N -0.5) g
S o] = Im channel S
= Im channel e
> ( )%2 — > — > ©
Re channel
a) Re and Im mapping b) Gray Code ¢) Symbol transmit

Figure (5.12) Description of channel mapping

Synchronization
In this function we must make sure that receiver part understand exactly the phase of the
received signal from transmitter. Unfortunately in the real system, local carrier frequency and its
initial phase does not same with the transmitter part. The Costas loop as carrier recovery is use
to correct the phase different.
Aswe know that in the synchronization process by using Costas loop for BPSK system there
two phase ambiguity among O, p/2, p, and 3p/2 radiant. Using this property the algorithm looks

for one of two possible phases. When it matched we must resolve by de-rotate the phase.

AWGN
To generate AWGN channel we must do it by using two steps: uniform random generate and
shifting from uniform to Gaussian distribution.
First step is generates two sequences of uniform random generator, for this purpose we
can set variable x1 and x2. Both of them have double data type. These two variables

have a vaue between 0 and 1. To do it we can generate the value x1 and x2 from O until
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default value of RAND_MAX or 32767.00. Then we divide x1 and x2 by
RAND_MAX.
Second step do by using Box-Muller method. Two variable x1 and x2, which have the
uniform digtribution, shift by using formulation:

re= (s? Inx1)¥? cos(2*p*x2) :real part

1/2

im= (s®Inx1)"*sin(2*p*x2) ;imaginer part.

Noise Addition
The noise generated from the AWGN function are real and Imaginer part, and independent
each one another. In this function we add the Re channel with real noise and the Im channel
with imaginer noise. In some books Re channel from QPSK transmitter is called asrea channel,

and Im channel is caled as imaginer channel.

. . e +1 Volt
AWGN will destruct the amplitude of signa
transmission, and will depredate the level of signal. — >t
If the value of AWGN is negative it will make the ) L Volt
a) Decreasing level
level of signal transmission is down, other wise if +1 Volt
the AWGN value is positive is will make the level
> t
of signd transmission will up.
.................................... 1 Volt

The effect of AWGN will change the level of b .
) Increasing level

transmitted signal aslike in the Figure (5.13). Figure(5.13). T he effect AWGN at the level of
antipodal signal transmission

Detection
This function represents the Symbol Recelved part. Based on the
| ' z.c:c zero level as athreshold, the decisionis made:
if signal level < 0.0 thedecision for symbol received is—1.0
o Other wise
Figure (5.14) Decision if signal level > 0.0 the decision for symbol received is 1.0.

symbol for received signal

Thisrule for both of Re channel and Im channel signd received, and work independently.

Rx Demap
This function consists of two parts of block diagram in the Figure (5.10).

Gray de-Code First step in this block is converts from antipodal signa to binary signal.
By using the mathematical expression opposite with we has used in the symbol
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transmission block. More easily we can look at Figure (5.15a). Second step is converts
from gray form to natura binary from. By using the XOR logic, for Re channel input
we get the natural binary result as like Figure (5.15b).

RE_IM demap.The purpose of this part is get the symbol value by convert the two pair
bit (binary) decimal vaue. By multiply the MSB with 2 and LSB with 2 or 1, and

continue with addition of both results, we will get the decima information value.

EXOR

Re channel Re channel
= — < 5] > Re channel @ % 0
Q o = > s
% Im channel coomyros g 8 Im channel § Im ch | % Irzzzoov er

- L - m channel i b 4

a) Antipodal to binary b) Gray de-Code ¢) Reand Im de-mapping
Figure (5.15) Description of Rx De-mapping
Error Detect

By using the output from detection function and compare channel by channel to the output of
Re_Im map we able detect what the error in the receiving signal happen. If the value of output
from detection function is same with the output from Re_Im map, the error didn’t happen, other
wise if these value is not same, the error was happening. By using channel by channel error
detection we gets bit error information of Re and Im channels, and combine the result of these
result we will get the information of symbol error detection. If Re channel error or Im channel
error happened, the symbol error detect indicate the value 1, if no error both of channel thereis
no error happened and the value of symbol error detect indicate the vaue 0.

Error Rate
In this part we sum all of error detected that happened during transmission process. And the
result from this summation subtracted by the total bit transmitted. The result is bit error rate. If
we compare the summation of symbol error detected to total symbol transmitted, the result is

symbol error rate. Thisisthe rea performance resulted by our transmission system.

Pb_theory
In this part we calculate the bit error probability of QPSK system as a function of energy per
bit to noise ratio. The output is theoretical value of error probability performances QPSK
system. From it we get the information of bit error probability and symbol error probability.
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5. 3.2. TheListing Program
To develop a program in order the user understand it easily we must set the symbol which
represent the parametersin theory:
N = total symbol transmit.
Re _info = information generate by transmitter part.
Im_info = information generate by transmitter part.
pi = p radiant.
Re_Tx = symbol generate by transmitter part.
Im_Tx = symbol generate by transmitter part.
pha_Tx = phase generate by transmitter part
phase = phase error of synchronization process
Ave Pha_err = average phase error in the al the synchronization process
Re AWGN = red part of noise AWGN
Im_AWGN = imaginary part of noise AWGN
var = noise varians
Re Rx = Real channel symbol received at receiver part
Im_Rx = Imaginary channel symbol received at receiver part
Re_anti_Rx = Red channel symbol recovered at receiver part in the antipodal format
Im_anti_Rx = Imaginary channel symbol recovered at receiver part in the antipodal format
pha_receiv = phase receive after transmission
Re_info_Rx = Real channel information recovered at receiver part
Im_info_Rx = Imaginary channel information recovered at receiver part
SNR = Signal to Noise Ratio
BER = bit error rate
Pb_QPSK = probability of bit error of QPSK system
Ps_ QPSK = probability of symbol error of QPSK system

The listing program of QPSK system is as follows.

//Program of QPSK

/lediting by Tri Budi Santoso

//Suzuki Laboratory

//Mobile Communication Group, Tokyo Institute of Technology, Japan
#include<stdio.h>

#include<stdlib.h>

#include<math.h>
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#define N 2000000

int nn=N-1,i;

int Re_info[N],Im_info[N];

double Re_Tx[N],Im_Tx[N],pha_Tx[N];

double phase[N],Ave_Pha_err,Pha_err,deg_error,pha i;
double pi=acos(-1.0),Re_ AWGNI[N],Im_AWGN[N],var=0.1;
double Re_Rx[N],Im_Rx[N];

double Re_anti_Rx[N],Im_anti_Rx[N];

int Re_info_Rx[N],Im_info_Rx[N];

double BER,;

double SNR;

double Ps_ QPSK,Pbh_QPSK;

void info_generate(int Re_info[],int Im_info[]);

void symbol_generate(double Re_Tx[],double Im_Tx[],double pha_Tx[]);
void costas(double phaseg[],double * pha_er);

void synchronization(double pha_i,double *deg_er);

void noise_ AWG(double Re_ AWGN([],double Im_AWGN[]);
void received_symbol (double Re_Rx[],double Im_RX][]);

void decission(double Re_anti_Rx[],double Im_anti_RX[]);
void info_recover(int Re_info_Rx[],int Im_info_RX][]);

void error_rate(double *ber);

void sig_noise ratio(double *snr);

void error_prob(double * ps,double * pb);

void main()

srand(1);
info_generate(Re_info,Im_info);
symbol_generate(Re_Tx,Im_Tx,pha_Tx);
costas(phase,& Ave_Pha_err);

noise AWG(Re_ AWGN,Im_AWGN);
received_symbol(Re_Rx,Im_RXx);
decission(Re_anti_Rx,Im_anti_RXx);
info_recover(Re_info_Rx,Im_info_RX);
error_rate(& BER);

sig_noise ratio(& SNR);
error_prob(&Ps_QPSK,& Pb_QPSK);
}

void info_generate(int Re_info[],int Im_info[])

for (i=1;i<=nn;++i)
{
Re_info[i]=(int)rand()%2;
Im_info[i]=(int)rand()%2;
printf("\nRe_info[%d]:%d Im_info[%d]:%d",i,Re_info[i],i,im_info[i]);
}
}
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void symbol_generate(double Re_Tx[],double Im_Tx[],double pha_Tx[])
{
for (i=1;i<=nn;++i)
{
Re Tx[i]=((double)Re info[i]-0.5)* (-2.0);
Im_Tx[i]=((double)Im_info[i]-0.5)* (-2.0);
pha Tx[i]=atan(Im_Tx[i]/Re_Tx[i]);

if (Re_Tx[i]>0.0 && Im_Tx][i]>0.0)
{pha_Tx[i]=pha_Tx[i]/pi*180;}
elseif (Re_Tx[i]>0.0 && Im_Tx[i]<0.0)
{pha_Tx[i]=360.0 + pha_Tx][i]/pi*180;}
elseif (Re_Tx[i]<0.0 && Im_Tx[i]>0.0)
{pha_Tx[i]=180.0 - pha_Tx[i]/pi*180;}
eseif (Re_Tx[i]<0.0 && Im_Tx][i]<0.0)
{pha_Tx[i]=180.0 + pha_Tx[i]/pi*180;}
else
printf("");
[lprintf("\nRe_Tx[%d]:%3.2f 1m_Tx[%d]:%3.2f
pha_Tx[%d]:%4.2f",i,Re_Tx[i],i,Im_Tx[i],i,pha_Tx][i]);
}
}

void costas(double phase]],double *pha_er)
{

double pha i;

Pha_err=0.0;

for(i=1;i<=nn;++i)

{
pha_i=pha_Tx[i];
synchronization(pha_i,& deg_error);
phase|i]=fabs(deg_error);
Il printf("\n phase[i]:%f ",phasd[i]);
Pha_err += fabs(phase]i]);
}
Ave Pha err=Pha_err/nn;
*pha_er=Ave_Pha_err; //printf("\nAve_Pha_err:%f",Ave_Pha_err);

}

void synchronization(double pha_i,double *deg_er)

{
int d=1,i=1,symbol_rate=16000,phase_uni;
double rad_error,fc=800e+6,T,delta_fc,phase_estim;
double VCO,K=1.0;

T=1.0/(double)symbol_rate;
delta fc=1e-6 * fc *T;
do
{
phase_uni=(int)rand()%360;
phase_estim=(double)phase_uni;
deg_error=(delta_fc + pha_i - phase_estim);
[lprintf("\nphase_estim:%f deg_error:%f " ,phase_estim,deg_error);
do
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deg_error=(delta_fc + pha_i - phase_estim);
rad_error=deg_error/360* 2* pi;
VCO=K*sin(4*rad_error);
phase_estim = phase_estim + phase_estim;
i++;
}while(i<=10);
a++;
} while(fabs(deg_error)>=7.5);
*deg_er=deg_error;
}

void noise AWG(double Re AWGN([],double Im_AWGN[])
{

double ul,u2,rmax=(RAND_MAX+1.0);

for(i=1;i<=nn;++i)

ul=(double)rand()/rmax;
if(ul<=1.0e-38)
{ul=1.0e-38;}
u2=(double)rand()/rmax;

Re_AWGN([i]=sgrt(-2.0* var*log(ul))* cos(2* pi* u2);
Im_AWGNT[i]=sgrt(-2.0* var*log(ul))* sin(2* pi* u2);
}
}

void received_symbol(double Re_Rx[],double Im_RX][])
for(i=1;i<=nn;++i)

Re Rx[i]=Re_Tx][i]* cos(phase[i]/360* 2* pi) + Re_AWGN][I];
Im_Rx[i]=Im_Tx[i]* cos(phase]i]/360* 2* pi) + Im_AWGN][I];
[printf("\nRe_Rx[%d]:%f Im_Rx[%d]:%f",i,Re_RX][i],i,im_RX]i]);
}
}

void decission(double Re_anti_Rx[],double Im_anti_RXx[])
for(i=1;i<=nn;++i)

{
if(Re_Rx[i]>=0.0)
Re_anti_Rx[i]=1.0;
else
Re_anti_Rx[i]=-1.0;
if(Im_Rx[i]>=0.0)
Im_anti_Rx[i]=1.0;
else
Im_anti_Rx[i]=-1.0;
[printf("\nRe_anti_Rx[%d]:%4.2f Im_anti_Rx[%d]:%4.2f",i,Re_anti_RXx[i],i,Im_anti_RXx[i]);
}
}
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void info_recover(int Re_info_Rx[],int Im_info_RX[])

{ doublere_info_Rx,im_info_RX;
for(i=1;i<=nn;++)

{
re_info_Rx = (Re_anti_Rx[i]/(-2.0))+0.5;
Re_info_Rx[i]=(int)re_info_RXx;
im_info_Rx = (Im_anti_RXx[i]/(-2.0))+0.5;
Im_info_Rx[i]=(int)im_info_RX;

}

void error_rate(double * ber)

double ber_re=0.0,ber_im=0.0;
BER=0.0;
for(i=1;i<=nn;++i)

{
if(Re_info_Rx[i]==Re_info[i])
ber_re = ber _re;
else
ber re +=1.0;
if(Im_info_Rx[i]==Im_info[i])
ber_im = ber_im;
else
ber im+=1.0;
}
BER=(ber_re + ber_im)/nn;
*ber=BER;
printf("\ntBER:%f" ,BER);
}

void sig_noise_ratio(double *snr)

double gama;

gama = 1.0/var;

SNR=10*0og10(gama);

*snr=SNR;
printf("\nSNR:%f" ,SNR);
}

void error_prob(double * ps,double * pb)
{
double gamal, x,term_1,term_3,term_5;
gamal = 1.0/var* cos(deg_error/360* 2* pi);
x=sgrt(2.0* gamal)*sin(3.1415/sqrt(2.0)/4.0);
term_1=1.0/(2.0* pow(x,2));
term_3=1.0*3.0/(2.0* 2.0* pow(x,4));
term_5=1.0*3.0*5.0/(2.0* 2.0* 2.0* pow(X,6));
Ps_QPSK=(exp(-x*x)/(x*sqrt(3.1415)))* (1-term_1+term_3-term_5);
*ps=Ps_QPSK;
Pb_QPSK=0.5*Ps_QPSK;
*pb=Pb_QPSK;
printf("\t Pb_QPSK:%f Ps_QPSK:%f",Pb_QPSK,Ps_QPSK);
}
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5. 3.3. Smulation Result
The smulation result for the QPSK system is like in the Table 1 bellow.

Table 5.1. Costas Loop Effect on the QPSK system

Eb/No Pb (pure modulation) Pb(using Costas Loop)
3.01 0.024096 0.025116
3.47 0.018742 0.019647
3.98 0.013642 0.014389
4.56 0.009073 0.009640
5.23 0.005290 0.005674
6.02 0.002509 0.002726
6.99 0.000834 0.000923
8.24 0.000138 0.000157
9.03 0.000033 0.000039

10.00 0.000004 0.000005

From the Table 4.1 we can see that the degradation of probability of error value was happened.
As example for value of Eb/No = 3.01, the pure BPSK modulation without using Costas Loop
as Carrier recovery the probability of error value is 0.024096. But after we use Costas Loop as
carrier recovery, the probability of error is 0.025116. It was happen because the phase different
between the received signal and the loca carrier oscillator is 0.708°, and will give the
degradation effect by factor cos (0.708°) or 0.9594 for the Eb/No parameter at the error function

in the equation (5-9).

10% F
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6 8
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Figure (5.16) Performance of QPSK pure
modulation and using carrier—phase recovery

From the Table 4.1 we can build the graph for degradation performance of the QPSK system
after using Costas Loop as like the Figure (5.16). We can compare the performance to the pure

QPSK system without Costas Loop.
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By this figure we get the result that after using Costas Loop as carrier recovery the average
degradation of the QKSP performanceis about 0.2 dB.

It will be better if we evaluate our program simulation of Costas Loop of BPSK system. By
using the same way as in the BPSK transmission system we get the result as like in the Figure
(5.17).

The simulation result showed that our smulation has performance that very closed to the
theoretical value for the value of Eb/No 3.01 dB to 8.00dB. But after Eb/No > than 8.00 dB, the
smulation result indicated the deviation value from the theory.

For this result we can make a hypothesis, that it will be better if we use more bit information
for the small value of Eb/No to evaluate our simulation. By using large data transmission, it we
will get the more accurate result of our simulation performance. But it will need more time to
run the smulation program.
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