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Multimedia services such as Web browsing, video on demand, and IP telephone deliv-
ered to the office and home by wired network systems such as optical fiber systems
and ADSL systems are now very popular. This popularity increases the demand for
more powerful technologies to provide radio access such as high data rate, QoS
controlling. The 3rd generation wireless system already has the ability to provide
such multimedia services, but advancement of radio access is necessary for stress-
free operation. In this paper, we summarize the requirements for next-generation
radio access schemes to be put in place around 2010. A high data rate is the most
important requirement for multimedia services. Orthogonal frequency division
multiplexing (OFDM) in combination with multiple input multiple output (MIMO) multi-
plexing is considered to be the method most likely to satisfy this requirement. Here,
we introduce some advanced technologies that help improve the transmission data

rate and the spectral efficiency for the next-generation wireless systems.

1. Introduction

The requirements for next-generation broad-
band radio access are increasing due to the
advance of technologies for next-generation wired
network systems. Figure 1 shows the evolution
of radio access. The 1st generation systems were
analog and could not provide data access. The
2nd generation systems, which were launched
around 1995, had digital technologies and could
work with data access. However, the data trans-
mission rate of these systems was not sufficient
to provide multimedia services. The 3rd genera-
tion systems were launched around 2000 to
provide multimedia services and are expected to
provide the services shown in Figure 2. These
systems used to employ circuit switching for voice
transmission. However, packet-based switching
with better efficiency is expected for multimedia
services, and all-1P operation is one of the most
important features for next-generation wireless
networks.
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There are various standardization groups for
next-generation radio access. Two of them that
are well known are the Long Term Evolution (LTE)
of the 3rd Generation Partnership Project (3GPP)
and 802.16 (WiMAX) of the IEEE. The Interna-
tional Telecommunication Union/Study Group 8
(ITU/R SG8) is also discussing next-generation
radio access and has named the next-generation
system “IMT-Advanced.” The World Radio
Communication Conference (WRC-07) will be held
in October 2007 to discuss the new frequency
bands for IMT-Advanced.

Section 2 of this paper summarizes the
requirements for next-generation radio access,
and Section 3 introduces the new technologies
that will satisfy these requirements. Section 4
concludes the paper.

2. Requirements for next-
generation radio access

Next-generation radio access is expected to
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provide a 1 Gb/s or less data rate under station-
ary conditions and about a 100 Mb/s data rate
under vehicular conditions.? Figure 1 shows three
types of evolutions for the next generation. A
personal area network (PAN) is used for short-
distance, stationary communications. The other
types are candidates for middle-distance, mobile
communications. Wide frequency band operation
and high spectral efficiency are needed for data
transmission rates over 100 Mb/s. Low latency
and flexible operations are also needed for multi-
media services. Furthermore, all users should be
able to easily receive services under various
conditions.

We summarize the requirements for next-
generation radio access below and describe some
techniques for satisfying these requirements.

1) High peak data rate operation
e  Wide frequency band operation
— Orthogonal frequency division multiplex-
ing (OFDM)
= Improvement of spectral efficiency (more
than 5b/s/Hz)

— Multiple input multiple output (MIMO)

multiplexing

— Higher-order modulation
= Improvement of data rate at the cell-edge

— Low-rate channel coding

— Interference coordination/cancellation

— Transmitter beam-forming/adaptive array

antenna reception
2) Multimedia operations
= Realize low-delay and highly reliable radio
transmission using error control techniques.

— Hybrid automatic repeat request (HARQ)
= Enable flexible allocation of radio resources

according to the required transmission rate

and QoS

— Orthogonal frequency division multiple

access (OFDMA)

— Frequency and time domain scheduling
3) Operation conditions
e Support a maximum terminal speed of

100 km/h (preferably, a maximum of approx-

496

imately 300 km/h)
— Advanced channel estimation

3. Airinterface and individual
technologies for next
generation

3.1 Outline of air interface (OFDMA)
Before we explain the individual technolo-

gies, we will outline the air interface of the

next-generation wireless systems. The OFDM-
based access scheme is considered the most
promising candidate for next-generation wireless
systems. OFDM is a multi-carrier parallel trans-
mission method in which the carrier frequency is
divided into orthogonal sub-carriers. To eliminate
the effect of inter-symbol interference caused by
multi-path delay spread, a guard period called the

“cyclic prefix” is inserted between OFDM symbols.

Because OFDM is tolerant of multi-path

interference, a high peak data rate can be achieved

using higher order modulations such as 16 QAM
and 64 QAM, which improves the spectral
efficiency of the system.

Furthermore, OFDMA is widely believed to
be the most promising candidate for next-genera-
tion radio access. As shown in Figure 3, total
bandwidth is divided into sub-channels. Each
sub-channel consists of several sub-carriers and
is allocated to the user who has the best channel
quality on that sub-channel. Generally, the base

Channel
quality

Sub-channel
<«

User 1 User 2 User 3

Figure 3
Principle of OFDMA.
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station executes the frequency and time domain
scheduling and dynamically allocates sub-
channels to the users. OFDMA improves the
average channel quality between the base station
and mobile terminals, which in turn improves
total cell throughput. OFDMA has been adopted
by the IEEE as standard 802.16e (mobile WiMAX)
and is also under discussion at the 3GPP LTE as
one of the most promising candidates for the new
radio access scheme.

3.2 Individual technologies
1) MIMO

The transmission data rate for next-
generation radio access can be improved by
applying OFDM-based technology, which is toler-
ant of multi-path interference. However, the
application of higher-order modulation is not
sufficient to achieve the required peak data rates,
which range from 100 Mb/s to 1 Gb/s. Therefore,
it is thought that MIMO is indispensable
for satisfying such a high-level requirement.
Figure 4 shows the basic structure of MIMO
multiplexing, in which multiple antennas trans-
mit separate data to increase the data rate. At
the receiver, signal processing is executed to
demultiplex and recover the transmitted data
using the estimated channel information of the
MIMO propagation channel.?
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MIMO multiplexing

:
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Figure 4
Basic structure of MIMO multiplexing.
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Channel

There are MIMO transmission techniques
other than MIMO multiplexing, for example, space
time block coding (STBC), in which data symbols
are encoded into the transmissions of each anten-
na, and transmitter beam-forming, which controls
the transmission weight of each transmitter
antenna element. While MIMO multiplexing
increases the maximum data rate at high signal
noise ratio (SNR) region, STBC and transmitter
beam-forming improve the reception performance
at low SNR region. In a mobile environment, the
received signal strength and the multi-path
angle distribution at the transmitter and receiv-
er vary according to the motion of the terminal.
Therefore, the total system throughput is expect-
ed to improve if the system could dynamically
switch between MIMO schemes according to the
propagation environment. However, switching be-
tween MIMO schemes requires changes in both
the transmission schemes and reception algo-
rithms, which increases the complexity of the
signal processing and the overall scheme. To re-
solve this problem, we propose a novel MIMO
transmission scheme that uses multiple fixed
beams?® (Figure 5). In the proposed multi-beam
MIMO scheme, multiple beams are used at the
base station to transmit multiple data-streams.
Beams and data-streams are adaptively selected
at mobile stations, and the selected information
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Figure 5
Principle of multi-beam MIMO transmission.

is fed back to the base station.” MIMO multi-
plexing is applied if more than two beams are
selected, and transmitter beam-forming is applied
if only one beam is selected. Therefore, multi-
beam MIMO by itself can cover the entire cell by
switching smoothly between the two MIMO
schemes; namely, MIMO multiplexing and trans-
mitter beam-forming.
2) Channel estimation method

The time variance of channel conditions such
as signal strength, phase shift, and path profile
is an important issue for radio communication
systems. Figure 6 shows an example of time
variance. Signals transmitted on various radio
propagation paths are combined at the receiver.
In this figure, there is a direct path and a delayed
path, and the delay and signal strength change
according to the movement of the receiver. Time
variance of channel conditions is especially high
in urban areas and when the receiver is moving
fast. The receiver needs to understand this vari-
ance in order to obtain the correct data stream,
and this is achieved using a function that we
call “channel estimation.” Channel estimation
requires a reduction of operation steps and accu-
rate estimation results. These requirements

498

cca------.-ll‘

-ul‘ punmmsne -
.nul' -
'.
&
3
¥  Received signal

(C‘ 2 J>Wﬁ

Transmitted signal

Signal strength

Direct path

Delayed path

~/ Time

Figure 6
Time variance.

conflict with one another, so we propose a
solution to compensate for the conflict called
degenerated inverse matrix-based channel
estimation (DIME).”

The principle of DIME is shown below. The
receiver obtains a perfect channel condition by
using a cyclic sinc-function matrix that is unique-
ly determined by each transmitted subcarrier.
Because this sinc-function (“time response of a
subcarrier” in a broad sense) is a deterministic
and known vector, the inverse matrix approach
can be used for high-precision estimation without
supplementary information such as the channel
statistics and operating SNR. A reduction of
operation steps is also possible. Some elements
of the matrix are set to zero when the received
signal in the time domain is below the presented
threshold, and then the degenerated sub-matrix
is obtained.

A simulation of the bit error rate (BER) for
DIME indicated that it almost reaches the
theoretical limit (Figure 7). We also performed a
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laboratory experiment that indicated a broadband
communication of over 100 Mb/s at terminal
speeds of 300 km/h can be achieved using DIME.
3) Channel coding scheme

In a cellular system, it is important that com-
munication quality be excellent throughout the
coverage area. However, communication quality
deteriorates when the receiver is far from the base
station. That is, the signal is degraded by propa-
gation loss and interference from neighboring base
stations. A low-rate channel coding is introduced
to overcome this problem. This technology can
achieve better communication quality than sim-
ple repetition coding because of its coding gain.

We examined whether we could achieve a
coding gain by applying “shortened code,” which
is a form of low-rate channel coding, to Turbo
code.®” Because shortened code can be realized
with a small modification to the conventional
Turbo encoder/decoder, we proposed this scheme
as an alternative to simple repetition coding at
the 3GPP LTE.® Figure 8 shows the procedure
for making shortened codes. Suppose that the
length of a transmitter’s information sequence is
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BER simulation results.
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k bits, the length of the temporary bit sequence is
kO, and the total bit sequence is encoded by a
mother code whose coding rate is RO. As a result,
m parity bits are added, and the coded bit sequence
becomes n0. If the mother code is a systematic
code, the temporary bits can be deleted from the
coded bits to raise the efficiency of the transmis-
sion. The shortened code is transmitted through
the channel. At the receiver, we can insert kO size
temporary bits with maximum reliability and
recover the correct information.

The code rate R in this scheme is as follows:
k+kO0 R= k k 1)

no "n~ no-ko’

where n is the length of the shortened code.

Figure 9 shows the block diagram of a
Turbo encoder that uses shortened code Type 1,
which has the merit of being implementable on
conventional encoders and decoders. However, the
performance of Type 1 is not very good because
the positions of the temporary bits are changed
by the interleaver before they enter the second
encoder. To improve the performance, the posi-
tions can be uniformly distributed; however, this
does not guarantee the integrity of the insertion
pattern after the interleaver.

To solve this problem, we directly inserted
temporary bits before each encoder. This is shown
in Figure 10. This method is called Type 2 and
has a better performance than Type 1.

Figure 11 shows the results of a simulation

{Information bits { Temporary bits

g S — L.,
Transmitter k kO | Parity bits |
B Mother code
{" Channel ., k Parity bits | Shortened
RS I e T ... code
Receiver k kO | Parity bits |
R

Maximum reliability

Figure 8
Procedure for making shortened codes.

499



K. Kawabata et al.: Radio Access Schemes and Technologies for Next-Generation Network

_| Temporary Turbo code Temporary
bit insertion bit deletion
Encoder N
1
Inter-
leaver
Enc;der R
Figure 9
Block diagram of shortened code Type 1.
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Inter-
leaver
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Figure 10
Block diagram of shortened code Type 2.

of the required E,/N, versus the coding rate using
Type 1 and Type 2 shortened Turbo code at a block
error rate (BLER) of 10! under additive white
Gaussian noise (AWGN) conditions. The results
indicate a performance gain of about 0.2 to
0.25dB for Type 1 and 0.2 to 0.4dB for Type 2
compared to the simple repetition technique® at
a coding rate of 1/4 to 1/7.

4. Conclusion

Radio access is an important element for the
next-generation wireless networks. In this
paper, we summarized the requirements for
next-generation radio access and described
examples of an air interface for radio access and
individual techniques for satisfying these
requirements. Multimedia operation is the most
important requirement for next-generation
systems. Therefore, a high data rate and high-
quality transmission are urgently needed. In this
paper, we discussed a part of our research for
improving the data rate and communication
quality. Further study about how wired and wire-
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less networks will work together and about sys-
tematic improvement will be needed.

References

1)  mobile IT Forum.
http://www.mitf.org/public_e/archives/
index.html

2) H. Kawai, K. Higuchi, N. Maeda, M. Sawahashi,
T. Ito, Y. Kakura, A. Ushirokawa, and H. Seki:
Likelihood Function for QRM-MLD Suitable for
Soft-Decision Turbo Decoding and Its Perfor-
mance for OFCDM MIMO Multiplexing in
Multipath Fading Channel. IEICE Trans.
Commun., E88-B, 1, p.47-57 (2005).

3) R1-060561, Fujitsu: Performance of Multi-beam
MIMO for EUTRA Downlink. 3GPP TSG RAN
WG1 Meeting #44, Denver, 13-17 February 2006.

4) M. Tsutsui and H. Seki: Throughput Performance
of MIMO-OFDM Transmission with Multi-Beam
Selection. Proceedings of the IEICE General
Conference (in Japanese), B-5-72, Mar. 2006.

5) M. Yoshida and T. Taniguchi: Degenerated-In-
verse-Matrix-Based Channel Estimation for
OFDM Systems. in Proc. 1CC 2005, Seoul, Ko-
rea, May 2005, SP04-3.

6) C. Berrou, A. Glavieux, and P. Thitimajshima:
Near Shannon limit error correcting coding and
decoding: Turbo-codes. Proc. ICC'93, Geneva,
Switzerland, May 1993, p.1064-1070.

7) I. Perez, T. E. Kolding, F. Frederiksen, T. B.
Sorensen, and B. Hu. Assessment of Low-Rate
Turbo Encoding to Extend Coverage in WCDMA/
HSDPA Systems. in Proceedings of IEEE Vehic-
ular Technology Conference (VTC), Stockholm,
SW: 3, 30 May-1 June 2005, p.1614-1618.

8) R1-060562, Fujitsu: Extension of UTRA turbo
channel coding for rates less than 1/3. 3GPP TSG
RAN WG1 Meeting #44, Denver, 13-17 February
2006.

FUJITSU Sci. Tech. J., 42,4,(October 2006)



K. Kawabata et al.: Radio Access Schemes and Technologies for Next-Generation Network

9) TS25.212 v6.0.0, 3rd Generation Partnership
Project; Technical Specification Group Radio Ac-
cess Network; Multiplexing and channel coding
(FDD).

Kazuo Kawabata, Fujitsu Laboratories
Ltd.
Mr. Kawabata received the B.E. and
M.E. degrees in Applied Electronics
from the University of Electro-Commu-
nications, Tokyo, Japan in 1985 and
1987, respectively. He joined Fujitsu
- Laboratories Ltd., Kanagawa, Japan in
‘ h 1987, where he has been engaged in
- research and development of wireless
communication systems. He is a
member of the Institute of Electronics, Information and Commu-
nication Engineers (IEICE) of Japan.

E-mail: kawabata.kazuo@jp.fujitsu.com

Hiroyuki Seki, Fujitsu Laboratories Ltd.
Mr. Seki received the B.E. degree in Ap-
plied Physics from Waseda University,
Tokyo, Japan in 1990 and the M.E. de-
gree in Energy Sciences from Tokyo
Institute of Technology in 1992. He
joined Fujitsu Laboratories Ltd., Kana-
gawa, Japan in 1992, where he has
been engaged in research and
development of wireless mobile commu-
nication systems. He is a member of
the Institute of Electronics, Information and Communication
Engineers (IEICE) of Japan and IEEE.

E-mail: hseki@jp.fujitsu.com

FUJITSU Sci. Tech. J., 42,4,(October 2006)

P,

Kazuhisa Ohbuchi, Fujitsu Laborato-
ries Ltd.

Mr. Ohbuchi received the B.E. and M.E.
degrees in Electrical Engineering from
Nihon University, Tokyo, Japan in 1987
and 1989, respectively. He joined
Fujitsu Laboratories Ltd., Kawasaki,
Japan in 1989, where he has been en-
gaged in research and development of
radio communication systems. He is a
member of the Institute of Electronics,

Information and Communication Engineers (IEICE) of Japan.

E-mail: buti@jp.fujitsu.com

501


mailto:kawabata.kazuo@jp.fujitsu.com

