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Abstract

The Pan-European Digital Audio Broadcasting(DAB) system’s performance is characterized and
improved with the aid of turbo codec. From the fact that the first bit among the four coded bits
at the RCPC coding defined in the Eureka 147 DAB system is not punctured and always
transmitted, this paper proposes a new turbo coded DAB system model that replaces the existing
RCPC codec by a turbo codec without modifying the puncturing procedure and puncturing vectors
defined in the standard DAB system for compatibility. The performance of a new system is
compared to that of the conventional system under the Rician fading channel and the Rayleigh
fading channel in conjunction with DAB transmission mode I and II suitable for the terrestrial
single frequency network and satellite broadcasting.
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I. INTRODUCTION

Although AM and FM sound broadcast can

¥ IEgR, BEHNE REE HR a0

(School of Information Technology Electronics Enginee—
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provide acceptable services to properly installed fixed
receivers, they are not capable of delivering compact
disc(CD)
receivers. In contrast to AM and FM radio, the new
Digital Audioc Broadcasting(DAB)

provide much better quality services to fixed,
[

sound quality especially to vehicular
service has to

portable and vehicular receivers 18 The European
DAB system developed by the Eureka 147 project



2 IAY erle Bie A
has been recommended as a digital sound
broadcasting system standard in the ITU-R

(International Telecommunication Union Radio sector).
In order to allow DAB to be used in different
transmission network configurations and over wide
frequency range up to 3GHz, four transmission
modes are speciﬁedmm.

The DAB system adopts Orthogonal Fregquency
Division Multiplexing{OFDM) for modulation scheme,
which allows transmission over highly frequency
selective channels at a low receiver implementation
cost™® One of the advantages of OFDM is that it
can convert a wideband frequency selective fading
channel into a series of narrowband and frequency
non-selective fading subchannels by using parallel
and multicarrier transmission”. Because individual
subchannels are affected by the flat fading, OFDM
systems will always have to make use of an error
correcting code in combination with interleaving to
combat such fading on each subchannel. As a
channel coding technique, the DAB system employs
rate-compatible punctured convolutional(RCPC) codes
which are described by the mother code, puncturing
procedure and puncturing vectors. The channel
coding and modulation scheme used in the Eureka
147 DAB system is known as Coded OFDM
(COFDM), which a combined technique of
multicarrier - transmission(OFDM) and convolutional
coding(punctured convolutional coding) with Viterbi
error correction®™",

Recently, of binary parallel
concatenated recursive systematic convolutional codes

is

a novel class
termed turbo codes, having amazing error correcting
capabilities and being therefore very attractive for
digital  mobile
introduced® M3 Because each subchannel for
OFDM systemns is affected by the flat fading, it is
necessary to mitigate the effects of flat fading by

application  to radio, was

using a powerful error-correction code. To improve
the system’s performance at the cost of increased
complexity, suggest  turbo—coding  based
improvement to the DAB system. This paper

we

E|E 23315 OFDM
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s

proposes a new turbo coded OFDM(TCOFDM)
system that replaces the existing RCPC codec by a
turbo codec without modifying the puncturing
procedure and puncturing vectors defined in the
Eureka 147 DAB system for compatibility. The
performance of TCOFDM system is compared with
that of standard COFDM system under the Rician
fading channel and the Rayleigh fading channel in
with  terrestrial ~ Single
mode 1)
(transmission mode III) broadcasting.

conjunction Frequency

Network(transmission and satellite

The remainder of the paper is organized as
follows. A succinct overview of DAB system model
and turbo code is presented in Section II, while the
existing RCPC coding procedure for DAB
described in Section M. Section IV describes a new
turbo coded OFDM system, while our channel model
is described in Section V. Following this the
performance of new turbo coded system is given by

1s

computer simulations in Section VI and Section VI

summaries the conclusions of the paper

II. DAB SYSTEM MODEL USING

THE COFDM SCHEME

The DAB broadcast signal is arranged into a
transmission frame which consists of three channels

as shown in Fig. L

Transmission frame

\— non time interleaved —w»«—— time interleaved ——»

Main Service
Channel (MSC)

Fast Information
Channel (FIC}

Synchronization
Channel (SC)

L
Data
Symbol

[¢]
Nutt
Symbol

2
Data
Symbol

3
Oata
Symbol

k
Data
Symbal

k+1
Data
Symbol

K+2
Data
Symbol

1
Reference
Symbol

a2 1. DAB A% =#9
Fig. 1. DAB transmission frame.

The first is the synchronization channel(SC) that
further comprises two symbols. One is the mull
symbol, which is a duration of no signal transmitted.
It used perform  coarse time(frame)
synchronization by envelope detection of the signal[s}.

is to
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The other is the phase reference symbol(PRS), which
has fixed magnitudes and known phases on each
subcarrier. It gives the precise reference for symbol
timing and frequency offset synchronization since the
contents of this symbol are standardized and
fixed™  The the fast
channel(FIC), which is used to transmit the control
data that
decoding of the MSC part in each transmission
frame. The third is the main service channel(MSC),
which is used to transmit each service(audio and
data). of
consecutive OFDM symbols, each symbol consisting
of a number of subcarriers. The number of OFDM
symbols, the number of subcarmiers and other various

second 1S information

is necessary for demultiplexing and

Fach transmission frame consists

parameters are dependent on the transmission mode.
These parameters for transmission mode I and I

are shown in Table I,

E 1 ASEE I, e 3@ H2brlE

Table 1. PARAMETERS FOR TRANSMI-
SSION MODE [ and It

DAB trensmission mede
Pearemetecs

Vbde [ Nbde (I
No, of syrobols!freme L 76 163
No, of subcarriersisyrnbol | K 1536 182
Syrabol duration T, 1.24Brms 156 45
Effective symbel dursticn 7; 1ms 125 45
Guerd intecval duretion Fay 246 S5 3] &5
Freeme duretion Tr BBens 2rns

Control
Infor.

Audio

Services
Frequency

Data
Services

DAB Transmission
Signal

a8 2. 5 DAB A2¥¢ COFDM £&%
Fig. 2. Block diagram of COFDM for standard
DAB system.
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A block diagram of the COFDM modulator for
DAB system in Fig. 24 Control
Information in the FIC and audio and data services
in the MSC are encoded by means of RCPC codes
with code rates available from &/32, 8/31 - - - 8/.
RCPC encoding allows the application of equal and
unequal error protection profiles(EEP, UEP), as wil
Then, time interleaving over several symbols
(interleaving depth : 384ms) is adopted in the MSC
to overcome the time selectivity of the mobile
channel. No time interleaving is adopted for the FIC,
because the data necessary
demultiplexing and decoding of the MSC part in each
transmission frame. The coded and time interleaved
bits are paired into dibits and mapped on the QPSK
symbols. The QPSK symbols are re-ordered over the

wideband multicarrier set to overcome the frequency

is shown

control is for

selectivity of the mobile channels by means of
frequency interleaving(interleaving depth : 1.536MHz).
Then, /4 shift DQPSK modulation is applied to the
QPSK symbols on each subcarrier. Virtual carriers
are then padded with zeros to make the number of
subcarriers per symbol become a power of 2 and
applied to an IFFT which performs the OFDM
modulation. The guard interval is inserted at the
transition between successive symbols to absorb the
intersymbol interference(ISI) created by multipath in
the channel. The OFDM transmitted signal can be
expressed as.

2 g 2 mik *

m=—c0 =0 k=—K/2

S(f)=R€{ ej27r/,l .

gult— mTr— Ty~ (—1) Ts)}

0 if  I=0
gkl(t)={ k(e o) T 2)
e’ " “y I=1,2,L
where  z,; is the complex DQPSK symbol

k of OFDM symbol 1/
m. After being sent
through the mobile channel, the COFDM received
signal is first synchronized and demodulated with a
FFT. The data on each

associated to subcarrier

during transmission frame

subcarrier are then



}

22 gA" e WS A9
differentially decoded and deinterleaved in frequency
and in time. The output of the deinterleaver is
quantized before being fed to the Viterbi decoder.
Soft decision Viterbi decoding is performed to correct
the random errors.

In addition to implementing the existing DAB
system as a benchmark, we have improved the
system'’s performance with the aid of a turbo codec.
The block diagram of the turbo encoder is shown in
Fig. 3. The turbo encoder employs two recursive
systematic convolutional(RSC)
parallel, with a turbo interleaver preceding the
second RSC encoder®™. The two RSC codes are
called the constituent codes of the turbo code. The
information bits are encoded by both encoders. The

first encoder operates on the input bits in their

codes connected in

original order, while the second encoder operates on
the input bits as permuted by the turbo interleaver.
The information bits which are systematic bits from
the first encoder are always transmitted across the
channel. Depending on the code rate desired, the
parity bits from the two constituent encoders are
punctured before transmission.

Info. bits
Constituent parity bits
Encoder 1
Turbo puncturing
Interleaver
Constituent J
Encoder 2 patlty bits

a8 3. HREIy] EEE
Fig. 3. Block diagram of turbo encoder.

om. RCPC CODES FOR DAB

The channel coding process for DAB system is
based on RCPC coding, which allows both equal and
unequal error protection{(EEP, UEP), matched to bit
Wé RCPC  coding
of 1 bits the

error sensitivity characteristics

generates from a vector (a)iZ)

HiE #3535 OFDM

(416)

oLk |

M-1

i—o of M bits. As a mother

encoder, a rate 1/4 convolutional code with constraint
length 7 and octal polynomial(133, 171, 145, 133) is
used as shown in Fig. 4

e S !
3

08 4, 24 F2F4 H37]
Fig. 4. Mother convolutional encoder.

resulting codeword (b;

i | Puncturing

>
v

The mother convolutional code generates from 1
six tail bits

I+5_ o NAI+R
(%0,» %15 %5, %3,4) ;=0:(ui) i=0 -

a codeword
The  codebits
generated by mother code are not transmitted by the
puncturing procedure. The first 41 bits (a1}
generated from [ information bits are split into
consecutive blocks of 128 bits. Each block is divided
All

same block are

information and

into four consecutive sub-blocks of 32 bits.
sub-blocks
punctured by the puncturing vector Vp, given by
the value of the puncturing index(PI). Each index PI
corresponds to a puncturing vector Vp; , denoted by

belonging to the

Vr-{ Vvpro, Ypi1s

where Vp; ;=1 connotes that the corresponding bit

is transmitted and Vp;;=0 indicates a deleted

position. The values of the puncturing vectors are
given in Table II, where the value of the code rate
&/(8+PI) is also given. The puncturing procedure
allows the effective code rate to vary between &/9
and 1/4. The last 24 bits () {72 coded by six tail
bits are also punctured using the puncturing vector
given by

V= (1100 1100 1100 1100 1100 1100) @)

The resulting 12 bits are called punctured tail bits.
Protection profile contains the puncturing indices
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and the length of the blocks that the puncturing
indices are applied. Table I shows a protection
profile applied in the FIC for transmission mode 1
and Y. For transmission I, the serial mother
codeword generated from each I-bit vector is split
into L consecutive blocks of 128 bits. The first L,
blocks are punctured according to the puncturing
index Vpg. The remaining L, blocks are punctured
This

according to the puncturing index Vpp.

corresponds to a code rate of approximately 1/3.
Finally, the last 24 bits of the serial mother
codeword generated from the six tail bits are
punctured.  Therefore, the
convolutional codeword of M bits is obtained. The
same” encoding procedure is applied to the four
groups of I-bit vector. So, total M*4=0216 bits are
obtained. After these bits are divided into three

resulting  punctured

=4

Y

£ 3BE TCH & 11 % 23

k3 3. FICo gk »3 =23kl
Table 3. PROTECTION PROFILE APPLIED IN

THE FIC.
I ™M L Ly Iy Vem | Yen
Mode I| 768 | 2304 24 21 3 16 15
Mode II] 1024 | 3072 32 29 3 16 15

The encoding procedure in the MSC depends on
the type of service carried, the net bit rate and the
desired level of protection. The input vector of the
mother convolutional encoder consists of I-bit vector,
where 1 is a function of audio bit rate. Table IV
shows a protection profile for the audio bit rate 192
kbits/s and protection level 3" The serial mother
codewords are split into 144 blocks of 128 bits.
Using the puncturing vectors shown in Table I, we
obtain the punctured convolutional codeword 8960
bits, which are transmitted in 3 and 24 OFDM

consecutive blocks, each block of 3072 bits is symbols for transmission mode I and I,
transmitted in an OFDM symbol. For transmission respectively.
IM, the same encoding procedure is applied except
that the punctured convolutional codeword of M bits " 4. AEEE Melx <rje vjES
are divided into 8 consecutive blocks of 334 bits, 192khbit/s, B34 3o 93 W3 T2
which are transmitted in 8 OFDM symbols. 3l
Table 4. PROTECTION PROFILE FOR THE
T 2. Hxg g AUDIO BIT RATE 192kbits/s AND
PROTECTION LEVEL 3 FOR MODE
Table 2. PUNCTURING VECTORS.
I and II.
PI CdeRAﬁ (vPI.D’VPI.l' ............ ’VPIJ’ ------------ ’vPl,Zl)
D 1100 1000 1000 1000 1000 1000 1000 1000 volw | (L |4 (L Lz VenlPen|Ven|Ven
z | =0 1100 1000 1000 1000 1100 1000 1000 1000
ST = 705 7000 1 100 15301 100 1006 100 1000 4602|8060 | 144| 11| 24 ) 106 3 | 16| 10| 6 11
1| 8z 1100 1000 1100 1000 1100 1000 1100 1000
5| a3 1100 1100 1100 1000 1100 1000 1100 1600
6| a4 1100 1100 1106 1000 1100 1100 1100 1000
7| &1 1100 1100 1100 1100 1100 1100 1100 1000
8 | a6 1100 1100 1160 1100 1100 1100 1100 1100 Iv. TURBO CODED OFDM
o | a7 11101100 11001100 1100 1100 1100 1100
10| ais 1110 1100 1100 1100 1110 1100 1100 1100 . .
| s 111011001110 1100 11101100 1100 1100 From the puncturing vectors defined in Table II,
2] s 111011001110 11001110 130011101100 we know that the first bit among the four coded bits
I ER 11101110 111011061110 11001110 1100
14| sz 113011101110 1100 1110 1110 11101100 is not punctured and always transmitted. Therefore,
15| &xn 111011101110 1110 111011101110 1100 . . .
15| =24 111011101110 11101110 1110 1110 1110 we can substitute the existing convolutional code
17| e 1111 11101110 11101110 11101110 1110 . i : : ;
e 111111101110 11101111 111611101110 with the turbo code because the information bits can
19 &2 1111 11]10111111101111 1110 1110 1110 be always transmitted as the systematic bits. For
o | a= 111111101111 11101111 11101111 1110 ) o ]
A e T101 1111 1111 1110 1111 1110 1111 1110 replacing a existing convolutional encoder by a turbo
z| &% 1111 1111 1111 11101111 1111 1111 1110 . . .
| 8al T111 1111 1311 1111 1111 1111 1111 1110 encoder, it is necessary not to modify the existing
. 19038 0IRININTINNININININEIINIINS
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puncturing procedure and puncturing vectors for
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compatibility. First of all, to design a turbo encoder
we must select a constraint length. The existing
convolutional encoder shown in Fig. 4 needs six tail
bits to flush the registers to zero state. Because the
turbo encoder considered in this paper consists of the
parallel concatenation of two constituent encoders,
each constituent encoder with constraint length 4 is
selected to separately flush the registers to zero
state. Hence, a total of 6 tail bits which are
equivalent to the standard convolutional encoder are
needed to flush both of the constituent encoders.
Next, we must choose a code rate for each
constituent code. To obtain an overall code rate 1/4,
each constituent code with code rate less than 1/2 is
required. Therefore we choose a rate 1/3 code for
each constituent code. It is known that maximizing
the weight of output codewords corresponding to
weight-2 data sequences, which weight dominates
the performance characteristics, gives the best BER
performance for a moderate SNR. A design for the
best constituent codes for turbo codes by maximizing
the effective free distance of the turbo code, in other
words, the minimum output weight of codewords due
to weight-2 input sequences, was reported i, So,
as a rate 1/3 constituent codes we use best rate 1/3
constituent codes with a maximum effective free
distance™. The best rate 1/3 constituent code is
given by the code generator as follows

dk
1 AENK o
v

| MY (M) /\njft"" X, u
/\U P —k n
T O (]
‘)S‘ Y n t
i / c [Xik u
b % t r
u i
Turbo r n
Interleaver n Py Xk g

4 n

g

DD /:J”Jeu& (Using
/)J/ / ¥ay |PUncturing

el DM | R

d'

=l OFDM

-
lﬂo‘l
ol

oLk |

3
G=[1, 1+ D+ D

14D+ D+ D | (5
1+ D*+ D% 5

1+ D"+ D

Fig. 5 shows the configuration of the designed turbo
code encoder with a rate 1/3 constituent codes with
constraint length of 4.

As a trellis termination, the switch allows to take
mnput bits from register feedback™™, The designed
turbo code results in an overall code rate 1/5.
Therefore, the appropriate puncturing of the parity
bits is required to obtain an overall code rate 1/4.
This additional puncturing must be considered
according to the puncturing vectors. Table V shows
additional puncturing tables for each PI value. The
puncturing tables for this additional puncturing are
designed to transmit all the systematic bits from the
first encoder and the same amount of parity bits
from both encoders when the puncturing vectors are
considered together.

E 5. WXy X
Table 5. PUNCTURING TABLES.

Fl (d.i"cillc"%l.k"Ple"lek)

1 11011100111011110111 10111 10111 10111 10111
2 11011101111011110111 10111 10111 10111 10111
3 1101110011 10111 10311 11011 10111 10111 10111
4 11011 10111 10111 10111 11011 10111 10111 10111
5 11011 10111 1IG11 10111 10111 10111 11011 10111
& 11011 10111 11011 10111 10111 11011 10111 10111
7 11011 10111 11011 10111 11011 10111 11011 10111
8 11011 10111 11011 10111 11011 10111 11011 10111
9 11110 11011 10111 11011 10111 11011 10111 11011
10 1111011011 10111 11011 11110 10111 11011 10111
11 1111011011 11110 10111 11110 11011 10111 11011
12 11110 11011 11110 10111 11110 11011 11110 10111
13 11110 11101 11110 11011 11110 10111 11110 11011
14 1111011101 1111011011 11110 11101 11110 10111
15 11110 11101 11110 11161 11110 11101 13110 11011
16 1111011101 1111011101 11110 11101 11110 11101
17 11110 11110 11101 1111011101 11110 11101 11110
18 11110 11110 11101 1111011101 11101 11110 11101
19 1111011110 11101 11101 11110 11110 11101 11110
20 11110 11110 11101 11101 11110 11110 11101 11101
2 1111011101 1111011110 11101 11101 1111011110
z 11110 11101 11110 11110 11101 11110 11101 11101
3 11110 11101 11110 11101 11110 11101 1111011110
2 1111011101 11110 11101 11110 11101 11110 11101

Fig. 6 gives a block diagram for a turbo code
decoder. Punctured bits marked with “0” in the

a8 5. HEYE9 1A
Fig. b. Configuration of the turbo encoder.

(418)
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and puncturing vectors are
Soft-decision(likelihood)
information for the systematic and parity bits from
the first constituent code is sent to the first decoder.
The decoder generates updated soft-decision
likelihood values for the information bits that are
passed to the second decoder as a priori information
after reodering

interleaver. In addition,

puncturing  tables
depunctured with  zeros.

in accordance with the turbo

LeXic+Las

e o LeXielane
- —i__diwgy Bl

e L
i e

3 Yool =
Xk, e - f} T4 T Aslg A Leex 777 Lan
Yitk i T ‘LNT}‘ | 4= L) — -+ DEWNT - —
N "—'——'] DECOTAI " Aj(gg LeXurLguirt ¥ DRCOTET . ¢ —
Yizk (L e [T A TS
1 1™ b ST R womnT S
You oI R 0 B

Yaox

S |
a2l 8, BlnE57]
Fig. 6. Turbo code decoder.

the second decoder accepts the updated lkelihood
information for the systematic bits and the soft-
decision information from the channel for the parity
bits from the second constituent encoder. The soft-
decision output of the second decoder regarding
updated likelihood information for the systematic bits
is then fed back to the first decoder to repeat the
process. The process can be iterated as many times
as desired As a decoding algorithm, the MAP
algorithm  is app]ied[g][m][m]. The logarithm of
likelihood ration(LLR) A(d,) associated with each
decoded bit d,, by the decoder is given by

%mz 71 (R, m', m)a,_(m’) B (m)
222 7o (R, ', m)ay(m") Bi(m)

A(dy)=log

where R, is the input to a decoder at time k.
Re=(Xu, Yir, Yiouo L aza) (7)

The quantity e.(m) is determined in the forward
recursion and the backward recursion yields 8,(m) ®
The branch transition probabilities are

7i(Ry, m', m)= exp{%[ (Xt Lande (g)
+ Y ePust Yiz e Pras ] }

where Py, and Py, correspond to the transition
between the trellis state S, ,=m and. S,= m. ¢

is the variance of the white Gaussian noise. Using
the systematic data X, present at the input to the

turbo~code decoder, the variance is estimated as

— — 2
o= %Xz - [ A%'VX”' } ©

V. CHANNEL MODEL

Multipath fading is one of the major causes of
communication impairments in radio links™"%, A
radio link is said to be affected by multipath fading
when the received signal can be modeled as a
combination of several rays, with each ray arriving
at the receiver via a different path and therefore
having a different attenuation and delay. In general,
a multipath fading channel may be represented in the
base-band as a direct(line-of-sight : LOS) component
and the sum of multipath components which vary in
number, amplitude, phase and delay. A generalized
equation to represent the received signal is given by

pox(t) + g:lpi e " a(t— 1))

y(t)= 10
v ﬁ'.op?

where p, is the direct component, N is the number

of multipath components, p; is the amplitude of the
ith multipath component, @; is the phase shift of the
multipath component and r; represents the
propagation delay of the ith multipath component. In
the absence of a direct component the channel is
modeled as Rayleigh fading channel and the received

signal is given by

ﬁ ;e _ﬂ”elx(t_ )]
y(#)y=—= (11)

[ %0t
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When a fading channel
together with multipath component, the channel is
modeled as channel, which
categorized depending on the Rician factor, K This
is defined as the ratio between the direct path and

the multipath powers such as

has LOS component

Rician fading is

o

2

1

0

As a channel model employed in this study we use
the Rician fading channel with K value of 10dB and
the Rayleigh fading channel in conjunction with
terrestrial(DAB  transmission mode 1)
satellite(DAB  transmission mode II) broadcasting.
The numerical values of the statistical parameter of

and

the amplitudes, phases and delays are based on the
parameters specified in European Telecommunication
Standard Institute(ETSD™. The delay profiles for
each fading channel are shown in Fig. 7, which
represent 12 paths frequency selective fading channel
model.

01234567609 11N1R11615117181920
Tap Delay Time

u|||
LB
1

(a) Rayleigh channel (b) Rician channel

a2l 7. AR A 22vkd
Fig. 7. Multipath delay profiles.

VI. SIMULATION RESULTS AND
DISCUSSION

In this section, the performance of a new turbo
coded OFDM(TCOFDM) system is evaluated by
means of computer simulation under the
fading channel with K-factor value of 10 dB and
Rayleigh fading channel in DAB transmission mode
1 and TI, which are suitable to the terrestrial and

Rician

g

(420)

B 334 OFDM

oLk

satellite broadcasting. The channel model of Fig. 7 is
employed. The average bit error rate(BER) versus
E,/ N, performance between a new TCOFDM
system and a standard COFDM system is compared
in the FIC and MSC for DAB transmission mode 1
and 1. Table VI lists the main system environments
used for simulation. The time interleaving depth is
IBdmsec and the frequency interleaving depth is
1536MHz. For the existed COFDM, 16 levels soft
used. For the TCOFDM,
interleaver is used.

decision is random

AL

E 6. Al ¥
Table 6. SIMULATION ENVIRONMENTS.

Standad COFDM system | New TCOFDM system
Ercoder Fig. 4 Fig.5
Decoding algonitim 16 Jevels softdecision Vitedi MAP
Tatbo interleaver Randem
Tine intedeaver FAnsec
Frequernry inferleaver 1.5%MHz
Sirmlation parameters TAELET
Protection profile of FIC ard MSC TABLE Il ad IV

1. BER Performance in DAB Transmission Mode 1

Fig. 8 and Fig. 9 show the average BER curves
after Viterbi or MAP decoding in the FIC, which is
a non-time interleaved with fixed equal error
protection. The results, which are plotted in Fig. §,
show that at a BER=10"* the turbo coded system
achieves a gain of about 1dB after 2 iterations on
the Rician fading channel. The results in Fig. 9
correspond to the Rayleigh fading channel. At a
BER=10"*, the TCOFDM scheme
improvement of about 1.2dB after 2 iterations over
the COFDM scheme. With results in Fig. 8 and 9, a

considerable

offers an

improvement can be
obtained only after 2 iterations. But the amount of
is decreased with the

is because the more

performance

performance  improvement
This

iterations are increased, the more correlation of

increased iterations.
encoded bits is increased.

Fig. 10 and Fig. 11 show the BER performance in
the MSC, which is a time interleaved with unequal
error protection. At a BER=107¢ the simulation
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results offer an improvement of 1.3 dB and 25dB
after 2 iterations over the COFDM on the Rician
fading channel and the Rayleigh fading channel,
respectively. In the experiment, you can see the
convergence at four or five iterations. Also, because

e 35y

10"
-\.

e

BER

—&— COFDM(16 levels)
—a— TCOFDM(1 tter)
—e— TCOFDM(2 Iters)
10" E| —w— TCOFDM(3 lters)
—a— TCOFDM(4 Iters)

3
—&— TCOFDM(5 lters) \
10° I I

° 1 2 3 4 5 6 7 8
Eb/No {dB]

a8 8. A4rxr [ FIC(8lo]Aet Ad)
Fig. 8. FIC(Rician channel).
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the length of frame which inputs to interleaver in
the MSC channel is longer than that of FIC channel,
you can see the better performance improvement in
the MSC channel than FIC channel.

2. BER Performance in DAB Transmission Mode I

Fig. 12 and Fig. 13 show the BER performance in
the FIC. As can be seen from the plot in Fig. 12, at
the BER threshold of 107 the turbo coded system
is supertor to the standard system by about 1 dB
after 2 iterations on the Rician fading channel. The
results in Fig. 13 correspond to the Rayleigh fading
channel. At a BER=10"*, the TCOFDM scheme
achieves a gain of about 1.5 dB after 2 iterations
over the COFDM scheme.

Fig. 14 and Fig. 15 show the BER performance in
the MSC. At a BER=10"% the BER performance
after MAP decoding offers an improvement of 1.6 dB
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Fig. 12. FIC(Rician channel).
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and 26 dB after 2 iterations over the BER
performance after 16 levels soft decision Viterbi
decoding on the Rician fading channel and the
Rayleigh fading channel, respectively. But the trade-

E{H

(422)
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off is the
increased complexity and time delay in decoding.

of these performance improvements

V. CONCLUSIONS

In this paper, have investigated the
performance of a turbo coded DAB system in
transmission mode I and M. The convolutional
codec specified in the standard system was
substituted with the turbo codec without modifying
the puncturing procedure and puncturing vectors
defined in the Eureka 147 DAB system. A range of
system performance results were presented based on
the standard DAB system as well as on a turbo
coded system. Simulation results indicate that the
turbo coded system results in a substantial coding

the transmitted power

we

gain, in other words,
requirements of the standard system employing
convolutional codec can be reduced upon invoking
more complexity but more powerful turbo codec.

To get a desired error performance, the proposed
system can decrease the power of transmission or
improve the error performance at the same power
condition as the existing system. On the other hand,
by using turbo code, we can predict processing
delay, an increased complexity and shortening of the
power length of life. But, when we consider that the
turbo code is recommended for the method of the
standard channel code of IMT-2000, we anticipate

that it will not make any problems.
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