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Abstract

In this paper, transmission rate enhancement schemes for DRM (Digital Radio Mondiale),
which is a worldwide standard for digital AM and FM broadcasting in the AM and FM bands
below 170 MHz, are presented and compared. The data rate of the legacy DRM system is
supported up-to 186kbps with 16QAM and MLC (Multi-level Coding) at 100 kHz bandwidth.
However, this rate is not sufficient to achieve new high quality services such as loss-less
audio broadcasting and mobile TV. In order to increase transmission rates of the DRM
system, two different types of FEC (Forward Error Correction) codes are used with 64QAM
in the proposed schemes. One is the MLC (Multi-level Coding) derived straightforwardly
from the legacy DRM system while the other is the TC (Turbo Code) designed for an
enhanced DRM. The proposed schemes can achieve transmission rates higher than 300kbps.
Also, compared with MLC, TC has 1.6 dB — 5 dB SNR gain with code rate 1/2 in different
channel environments for Band-1I.
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1. Introduction

The DRM (Digital Radio Mondiale) system, which is a worldwide standard for digital AM
and FM broadcasting in the AM and FM frequency bands below 170 MHz, has some
advantages such as robustness in fading channels, better audio quality, power-saving at the
transmitting side, and data services in comparison to analog AM and FM broadcasting [1].
Also, DRM provides a coherent migration path for both AM and FM to digital. The data rate
of DRM system is supported up-to 186 kbps with 16QAM and MLC (Multi-level Coding) at
100 kHz bandwidth [1]. However, this rate is not enough to achieve new high quality services
such as a loss-less audio broadcasting and a mobile TV. In order to achieve higher data rate
without bandwidth expansion, high-order modulation such as 64QAM has to be used. But in
the time-varying multipath fading channels, especially in Band-Il band, the performance of
the DRM system modulated with 64QAM is deteriorated seriously due to ICI (Inter-Carrier
Interference) caused by the time-varying channels. In order to increase the data rate of the
DRM system and obtain a good link margin in the fading channels, a powerful FEC (Forward
Error Correction) code is required.

In this paper, in order to increase transmission rates of the DRM system, we propose
new transmission modes, which are composed of two different types of FEC codes, both
MLC and TC (Turbo Code), in combination with 64QAM. And we present the BER (Bit
Error Ratio) performances of two data rate enhancement schemes in an AWGN
(Additive White Gaussian Noise) and fading channels with different mobile speed. The
paper is organized as follows: Section 2 introduces the legacy DRM system. In Section
3, we propose two data rate enhancement schemes based on MLC and TC, respectively.
Section 4 shows the simulation results and section 5 concludes the paper.
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2. Legacy DRM System Description

The DRM system, which is based on OFDM (Orthogonal Frequency Division
Multiplexing), provides various robustness modes for robust reception of signal in
different propagation-related transmission conditions. The robustness mode A, B, C,
and D are operated on frequencies below 30 MHz whereas the robustness mode E, also
called DRM+, is operated on frequencies from 30 to 170 MHz.

The simplified block diagram is shown in Figure 1. In this Figure, the DRM system
consists of 3 different channels, the MSC (Main Service Channel), SDC (Service
Description Channel), and FAC (Fast Access Channel). The MSC contains the data for
services. The SDC gives information on how to decode the MSC and the FAC provides
information on the channel and service parameters to allow for fast decoding. These
channels are converted into the OFDM signal after being multiplexed into a
transmission frame in the OFDM cell mapper. In the robustness mode E the maximum
transmission rate for the MSC is 186 kbps when the nominal bandwidth is 100 kHz and
the overall code rate of MLC is equal to 5/8 in an EEP (Equal Error Protection) mode.
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Figure 1. Simplified DRM System Block Diagram

3. Enhanced Modes for DRM

The basic idea for data rate enhancement is to use high-order modulation in combination
with a powerful FEC to reduce the bit error probability. In this section, new transmission
modes composed of two different types of channel coding techniques in combination with
higher order modulation, 64QAM, are proposed for the data rate enhancement of the DRM
system. In this paper, both MLC and TC are considered one of the FEC options for enhanced
modes of DRM systems in order to overcome the performance degradation due to multipath-
fading channels and support the high-speed transmission mode in the frequency bands below
170 MHz.

3.1. 64QAM and MLC Mode

This enhancement scheme use the existent modulation and coding method for
compatibility with the legacy DRM system and need only small changes in the FAC. The
principle of MLC, adopted in the DRM system, is the joint optimization of coding and
modulation to achieve the best performance via applying different code rates to each bit
position in the QAM mapping. The different levels of protection is achieved with different
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component codes which are implemented with the punctured convolutional codes, derived
from the same mother code of code rate 1/4 and constraint length 7 [1]. Figure 2 shows the
block diagram of the MLC encoder and iterative decoder for 64QAM SM (Standard
Modulation).
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Figure 2. MLC Encoder and Decoder Block Diagram (e.g. 64QAM SM)

The optimal decoder of MLC in the receiver is the ML (Maximum-Likelihood) decoder.
But a multistage decoding algorithm is widely used for decoding MLC due to high
computational complexity of the ML decoder [2]. Furthermore, the multistage decoder can be
operated in an iterative manner to improve the performances as shown in Figure 2(b). In this
paper, the multistage decoder is based on the hard-decision Viterbi algorithm whose input is
the soft-input, known as LLR (Log-Likelihood Ratio). Assuming equal probability for all
complex symbols in an AWGN channel, the LLR can be expressed as

~L s ~Lrsi?
Lb)=In| D e /Ze o (1)
seS;

seS,

where r, s, b, and aﬁ represent received signal, ideal symbol point, transmitted bit, and

the noise variance of the baseband signal, respectively. Also, S, and S, denote the set of

ideal symbols with bit 0 and the set of ideal symbols with bit 1 at the given bit position b,
respectively. In order to reduce the decoding complexity, the approximated LLR computed by
taking only the nearest constellation point is proposed in [3]. When the approximated LLR is
applied to the soft-input of the multistage decoder, since the decoding result of the previous
stage is used as prior information to build a set of ideal symbols in the current stage, the LLR
can be written as

1 . .
Ly ®) == minlr=s|F ~min|r-s|F @

oi se

where Sy; and S); denote the set of ideal symbols with bit 0 and the set of ideal symbols

with bit 1 at the given bit position b when the decision bit was i at the previous stage. In
the next stage, the cardinality of the set S,; and S;; becomes in half.
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3.2. 64QAM and TC Mode

In this paper, PCCC (Parallel Concatenated Convolutional Code), which consists of two
identical constituent RSC (Recursive Systematic Convolutional Code) encoders of code rate
1/2 and a random block-interleaver, is considered as the TC [4-8]. Figure 3 illustrates the
block diagram of a TC encoder and decoder. To produce the mother TC with code rate 1/3 as
shown in Figure 3(a), the transfer function of RSC with constraint length 4 is given by
G(D)=[1, g2(D)/g.(D)] where the forward generator polynomial and the backward generator
polynomial are defined as g;(D) = 1+D+D? and g,(D) =1+D*+D? , respectively [9]. As seen
from Figure 3(a), a puncturing circuit generates various code rates from the mother code of
code rate 1/3. In the enhanced DRM system, puncturing patterns for code rate 1/2, 2/3, and
3/4 are set to 65g, 525, and 525244 in octal, respectively.

Figure 3(b) illustrates the structure of PCCC iterative decoder, i.e. Turbo decoder [5-7].
The two constituent decoders for RSC use the same trellis structure and decoding algorithm in
the figure. In this paper, to reduce the complexity of a TC decoder, Max-Log-MAP algorithm
is applied [1, 7]. For the TC decoder, the approximated LLR is calculated as follows

1 . .
L (B) == (min{|r=s|F ~min||r s ©

In the above equation (3), an identical set of complex symbols is applied to all possible bit
positions differently from equation (2). In order to improve BER performances, convolutional
encoders in MLC can be replaced by TC encoders but its decoding complexity increases
exponentially in proportion as the number of bits per a complex symbol.
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3.3. Transmission Rates

Table 1 presents the transmission rates of the MSC according to modulation and coding
schemes of the legacy DRM in the robustness mode E and the enhanced DRM proposed in
this paper. As shown in Table 1, MLC mode with 64QAM can support up to a maximum data
rate of 351 kbps while TC mode can support up to a maximum data rate of 335 kbps. The
enhanced DRM modes provide almost two times the data rate of legacy DRM. In this case, a
DRM channel of 100 kHz bandwidth below 170 MHz has sufficient capacity to carry high
quality audio of 192 kbps AAC (Advanced Audio Coding) or one mobile TV channel.
Especially, since the DRM system requires low transmitter powers to cover the same service
area, it is more cost-effective to distribute mobile TV over DRM than via either DAB (Digital
Audio Broadcasting) or DVB-H (Digital Video Broadcasting - Handheld) at UHF band.
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Table 1. Transmission Rates According to Modulation and Coding Schemes

Legacy E|3)R|\/|('V|0de Enhanced DRM
EEP 64QAM+ML | 64QAM+T
Overall 4QAM 16QAM
Code ¢ .
Rate, R g::z Data Rate Data Rate Data Rate
(Koo (kbps) (kbps) (kbps)
1/2 74.5 149.1 223.6 223.6
5/8 i 186.4 - :
27/45 - - 268.2 -
2/3 i i i 298.4
17/24 : - 316.7 i
3/4 - - - 335.68
1056/13 ) - 351.0 -

4. Simulation Results

In this section, we evaluate the BER performance of the proposed two schemes in different
channel environments. Simulation parameters are presented in Table 2. In the simulation, a
carrier frequency of 100 MHz with a system bandwidth of 100 kHz and a sampling frequency
of 128 kHz are assumed. Urban model and Rural model are considered as time-variant
multipath fading channels and their RMS (Root Mean Square) delay spreads are 0.86 us and
0.42 ps, respectively [10]. In addition, flat-fading model is used to analysis the effect of a
high-speed mobile of 300 Km/h. Perfect channel estimation and frequency/time-
synchronization are assumed in the simulations.

Figure 4 shows the BER performances of the robustness mode E of a legacy DRM system
under an AWGN channel and time-varying channels. From the Figure 4(a), we see that the
DRM system requires 1.3 dB SNR for 4QAM and MLC 1/3, and 8.0 dB SNR for 16QAM
and MLC 1/2, respectively, to archive a BER=10" in an AWGN channel, described in Annex
of [1]. Maximum required SNR of the DRM system is approximately 10dB to archive the
data rate of 186 kbps (i.e. 16QAM and MLC 15) and BER=10".
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Table 2. Simulation Parameters

Parameters Values
Carrier Frequency, F. 100 MHz
Occupied Bandwidth 100 kHz
Sampling Frequency, Fs 128 kHz
Robustness Mode Mode E
I\D/IeSpCt:h Cell Interleaving 600 ms

MLC: 1/2, 27/45, 17/24, 106/135
TC: 1/2, 2/3, 3/4

Urban (60 Km/h ), Rural (150
Km/h), Flat-fading (300 Km/h)

Code Rate

Multipath Channel Models

Figure 4(a) shows the BER performances of the robustness mode E of a legacy DRM
system under time-variant channels when MLC code rate is equal to 1/2. Due to the sufficient
guard interval for protection against the delay spread of the multipath channel, no ISI
(Intersymbol Interference), which is caused by the large delay spread on the OFDM-based
DRM system, is occurred in the simulation environment. If there are no ICI caused by a time-
varying channel, the DRM system archives good BER performances when the wireless
channel is a frequency-selective and fast-fading channel in the frequency-domain. However,
since Urban model is near to non-frequency-selective channel and slow-fading channel, the
DRM system has no gain acquired from the combination of FEC and MSC cell-interleaver
over this channel environment. For this reason, BER performances in the flat-fading channel
with the speed of 300 Km/h are better than that in Urban channel with 60 Km/h. For both
4QAM and 16QAM, the flat-fading channel has approximately 3 dB SNR as against Urban
channel.

Figure 5(a) shows the BER performances of the proposed schemes in an AWGN channel.
From Figure 5(a), it can be seen that the TC mode of code rate 1/2 yields a BER performance
of the MSC approximately 3.7 dB better than the MLC mode of code rate 1/2 to achieve a
BER=10°. Compared with MLC 17/24 and 106/135, TC 3/4 has approximately 0.8 dB and
2.3 dB gain, respectively. In order to increase the data rate from 149 kbps to 223 kbps, MLC
1/2 and TC 1/2 with 64QAM additionally require 5 dB and 1.3 dB SNR to achieve a BER=10
*  respectively, comparing to MLC 1/2 with 16QAM of the legacy DRM system shown in
Figure 4(a).

Figure 5(b) illustrates the BER performances of the proposed schemes in multipath fading
channels when the coding rate of both MLC and TC is fixed to 1/2, one can see that TC has
approximately 1.6 dB, 2 dB, 5 dB SNR gain compared to MLC, respectively. It should be
noted that the BER performance in the flat-fading channel with 300 Km/h is the best due to
the time diversity obtained by the cell interleaving of 600 ms depth but the performance of

230



International Journal of Multimedia and Ubiquitous Engineering
Vol. 8, No. 1, January, 2013

MLC in this channel shows the irreducible error floor at high SNR. As shown from Figure
5(b), the delay spread of a multipath fading channel has a big impact on the BER
performances, rather than ICI caused by the fast time-varying channel. In the DRM system
transmitted with TC mode, the effects of ICI are compensated by a significant performance
improvement provided by TC and cell interleaving. From simulation results, one can see that

TC provides a good link budget although the high-order modulation, 64QAM is employed in
the system.
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Figure 4. BER Performances of the Legacy DRM System (Mode E)
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AWGN channel with 64QAM: MLC vs TC
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Figure 5. BER Performances of the Proposed Enhancement Schemes
5. Conclusion

In this paper, transmission rate enhancement schemes for the DRM system have been
presented and compared. We have proposed new transmission modes consisting of two
different types of FEC codes, both MLC and TC (Turbo Code), in combination with
64QAM. In order to increase the data rate of the DRM system from 149 kbps to 223 kbps in
an AWGN channel, MLC 1/2 and TC 1/2 with 64QAM additionally require 5 dB and 1.3 dB
SNR to achieve a BER=10" respectively, comparing to MLC 1/2 with 16QAM of the legacy
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DRM system. Also, the TC mode of code rate 1/2 yields a BER performance approximately
3.7 dB better than the MLC mode of code rate 1/2 for a BER=10°. Furthermore, TC has
approximately 1.6 dB, 2 dB, 5 dB SNR gain in multipath fading channels compared to MLC,
respectively. The proposed schemes can provide transmission rates higher than 300kbps.
Especially, TC provides a good link budget although 64QAM is employed in the system.

Acknowledgements

This work was supported by the IT R&D program of MKE/KEIT. [10039196, Smart

Platform Development for Integrating Worldwide Radio Technology to Smart Devices]

References

(1]
(2]
(3]
(4]
(5]

(6]
[7]

(8]
(9]

Digital Radio Mondiale (DRM); System Specification, European Telecommunication Standards Institute
(ETSI), ESTI ES 201 980 v3.1.1, (2009).

F. Hofmann, “Multilevel coding (MLC) in digital radio mondiale (DRM)”, in Kleinheubacher Berichte, vol.
44, (2000), pp. 274-278.

A. J. Viterbi, “An Intuitive Justification and a Simplified Implementation of the MAP Decoder for
Convolutional Codes”, IEEE J. Sel. Areas Commun., vol. 16, No. 2, (1998) February, pp. 260-264.

Berrou, C. A. Glavieux and P. Thitimajshima, “Near Shannon limit error correcting coding and decoding:
turbo codes”, Proc. IEEE ICC, (1993) May, pp. 1064-1070; Geneva, Switzerland

Benedetto, S. G. Montorsi, D. Divsalar and F. Pollara, “Soft-Input Soft-Output Maximum A Posterior (MAP)
Module to Decode Parallel and Serial Concatenated Codes”, Jet Propulsion Lab TDA Progress Report, vol.
42-27, (1996) November.

Benedetto and S. G. Montorsi, “Performance of Continuous and Blockwise Decoded Turbo Codes”, IEEE
Commun. Letters, vol. 1, (1997) May, pp. 77-79.

P. Roberston, E. Villberun and P. Hoeher, “A comparison of optimal and sub-optimal MAP decoding
algorithms operating in log domain”, IEEE Int. Conf. on Commun., (1995) June, pp. 1009-1013-79; Seattle,
WA

C. B. Schlegel and L. C. Perez, “Trellis and Turbo Coding”, IEEE Press, (2004).

3GPP TS 36.212 v9.0.0, 3rd Generation partnership project; Technical specification group radio access
network; Evolved Universal Terrestrial Radio Access (E-UTRA); Multiplexing and channel coding (release
9), (2009) December.

[10] G. Zimmermann, “DRM+ Radio Channel Profiles for Use in Band II”, DRM internal doc. no. TC_CM302,

(2005) November.

Authors

Kyung-Won Park

Kyung-Won Park received the B.S. and M.S. degrees in Electrical
Engineering from Chung-Ang University, Korea, in 1999 and 2001,
respectively, and Ph.D. degree in the school of Electrical and Electronic
Engineering from Chung-Ang University in 2005. Since 2005, he has
been with Mobile Convergence Platform Research Center in KETI,
Korea. His research interests are in the area of wireless/wired
communication system design and multiple antenna systems including
multiple-input multiple-output systems and smart antenna systems

233



International Journal of Multimedia and Ubiquitous Engineering
Vol. 8, No. 1, January, 2013

Seong-Jun Kim

Seong-Jun Kim received the B.S. degree in Electrical Engineering
from Sungkyunkwan University, Korea in 2002, and the M.S. degree in
Information and Communication from Sungkyunkwan University in
2004. He was a Research Engineer of Communication system Group,

S Samsung Thales by 2004. Since 2006, he has been with Mobile
% | Convergence Platform Research Center in Korea Electronics Technology
Institute (KETI), Korea. Since March 2011, He is also currently working
toward to Ph.D. degree in Electrical Engineering at Sungkyunkwan
University. His research interests are in the area of wireless/wired and
mobile communication systems and broadcasting system.

Kyung-Taek Lee received the B.S. and M.S. degrees in the
Microelectronics and Device Engineering from Inha University,
Korea, in 1994 and 1996, respectively. He also received the Ph.D.
degree in the School of Electrical & Electronic Engineering from
Yonsei University, Korea, in 2008. Since 2002, he has been working
at KETI, Korea, where he is presently the Director of Mobile
Convergence Platform Research Center. . Before joining KETI, he
was with 1&C Technology and Haitai electronics. His current
research interests are in the areas of digital broadcasting and
wireless/mobile communication system.

234



