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Abstract
A packet switched wireless cellular system with wide area cov-
erage and high throughput is proposed. The system is designed
to be cost effective and to provide high spectral efficiency. It
makes use of a combination of tools and concepts: Smart an-
tennas both at base stations and mobiles, provide antenna gain
and improve the signal to interference ratio. The fast fading
is predicted in both time and frequency and a slotted OFDM
radio interface is used, in which time-frequency slots are al-
located adaptively to different mobile users, based on their
predicted channel quality. This enables efficient scheduling
among sectors and users as well as fast adaptive modulation
and power control. We here outline the uplink of the radio in-
terface. Calculations based on simplifying assumptions illus-
trate how the channel capacity grows with the number of simul-
taneous users and the number of antenna elements. A high ca-
pacity can be attained already for moderate numbers of users
and base station/terminal antennas.

1 Introduction
Current cellular networks, such as GPRS, provide high cover-
age and mobility but with low throughput. On the other hand,
wireless local area networks (WLANS) such as IEEE 802.11b
and Hiperlan/2 provide high throughputs over limited distances
and with limited mobility. Since the upcoming third genera-
tion systems (WCDMA) will only allow a limited increase in
throughput, the gap will remain between services and capacity
offered by local area systems and by cellular wide area cover-
age systems.

The current trend in communications is toward integration
of systems and services. Users of fixed networks will be ac-
customed to high throughputs, good connections and innova-
tive services. They might therefore become less willing to pay
for the expensive and relatively low performance services that
current and future cellular systems may offer. The current cri-
sis for the telecommunications industry may be seen as one
indicator of these worries.

A remedy would be to develop new wide area coverage
and high mobility systems with much increased throughput (at
least ten-fold) at a cost that is not higher (but preferably lower)
than todays cellular networks. However, even if all cutting
edge techniques, such as iterative decoding, adaptive antennas,
and space-time coding are used, the WCDMA system will pro-
vide only a moderate increase in capacity (spectral efficiency)
at the expense of an increase in complexity and thus cost.

The Wireless IP project [1] within the Swedish research
program for Personal Computing and Communications (PCC)
studies problems that are important in the evolution of UMTS
toward higher data rates, as well as in future 4G technologies

for mobile systems. Our goal is to improve the spectral ef-
ficiency for packet data, in particular IP traffic, with sufficient
quality of service for various traffic classes. In the downlink we
aim at a ten-fold improvement over existing technologies. In
the uplink, which is more demanding due to the asynchronous
behavior of the terminals, we aim for a somewhat lower capac-
ity increase. To achieve this goal we propose to take advantage
of the fast time and frequency varying channel properties, and
to use multiple (smart) antennas in both base stations and mo-
bile terminals.

In [2, 3], these issues were discussed for downlink traffic.
The present companion paper considers a radio interface for
the uplink. In Section 2 we discuss various design trade-offs
and present a proposal for the uplink where prediction, smart
antennas and scheduling are discussed together with adaptive
modulation and power control. Sections 3 provides a prelimi-
nary analysis of this system in a special yet important scenario.

2 The Radio Interface Uplink
We aim at a spectrally efficient and highly flexible packet
switched system providing high throughput in both the down-
link and the uplink. Our goal is to provide a capacity of�����������

Mbit/s per sector of each base station in the downlink
and only slightly lower capacity in the uplink.

In a system for packet data aimed at wide area coverage,
we expect delay insensitive data and streaming traffic classes
to constitute a large part of the traffic. We also expect a sig-
nificant fraction of the users to be on the move, and thus to
encounter time-varying channel properties. This can be trans-
formed from a problem into an advantage, if we introduce a
feedback system in which the channel properties are predicted
and resources are allocated to users according to these channel
predictions. Channels from different users will fade indepen-
dently. With many users in the system, a channel could ideally
almost always be allocated to users who at that time encounter
favorable conditions. This effect is sometimes denoted mul-
tiuser diversity. Fairness and delay sensitivity of course repre-
sent constraints that reduce the attainable efficiency.

In an ideal situation, without discrepancies in the local os-
cillators of the mobile stations, the uplink could be designed in
the same way as we proposed for the downlink [2, 3]. A syn-
chronous system would thus allow us to use the downlink ap-
proach. However, synchronization among terminals and base
stations is a very difficult task that imposes tremendous re-
quirements on the hardware and on the algorithms of the sys-
tem. An asynchronous uplink would therefore be more desir-
able since only a rough synchronization would be needed.

To enable scheduling of resources to obtain multiuser di-
versity in an asynchronous system, we propose the use of a



slotted system, in which frames of fixed length are allocated to
one or several users. At the beginning of each frame, all users
are assumed to transmit pilot sequences which are orthogonal
to sequences from the other users, see Figure 1. This scheme
eliminates the risk of co-channel interference due to training
data during payload data transmission. Based on these training
sequences, multiuser channel estimation is performed.

We furthermore advocate the use of slotted FDD, to avoid
interference problems encountered in asynchronous TDD sys-
tems. Each slot is proposed to have a payload data transmission
frame of duration

��� �
ms, approximately the same as the slot

length in UMTS-HSDPA [4, 5]. We assume the same chan-
nel bandwidths as in UMTS, 5MHz in both the uplink and the
downlink. With the modulation considered in Section 3 below,
one frame will accommodate an IP packet of maximal size.

Sharing of resources among users within a frame could be
obtained by either CDMA or FDMA. As for the downlink case
outlined in [2, 3], we propose the use of OFDM in the up-
link, with a spacing between sub-carriers such that no inter-
channel interference occurs for the worst scenario (low coher-
ence bandwidth). This enables the adaptation of modulation
and power to the instantaneous SNR of different sub-carriers.
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Figure 1: The slotted OFDM uplink. The data part of each frame
has a duration of approximately

��� �
ms. Orthogonal pilot sequences

are transmitted simultaneously by � users, and are used by the base
station for the estimation and prediction of channel quality and noise
levels. After a guard time (G), one or several of the users are allowed
to use the broadband data channel during the following data frame.

The use of OFDM also enables us to propose the use of
adaptive bandwidth allocation among the users. In each slot,
bins of sub-carriers are allocated to different simultaneous
users (OFDMA), according to the predicted power on the dif-
ferent user sub-carriers. This will accommodate many simul-
taneous users with heterogenous and bursty traffic. However,
different users have to be separated by significant guard-bands
(unused sub-carriers). This will reduce the spectral efficiency,
relative to that of the synchronously transmitting downlink.

The appropriate degree of partitioning of time-frequency
frames between users is an interesting problem for further
study. It is influenced by the granularity of the uplink packet
traffic1 and the efficiency loss due to guard-bands. If very
bursty traffic, with many small packets, is handled by filling
each time-frequency frame with data from many users, this will
result in a significant loss of spectral efficiency.

1The uplink will frequently consist of bursty traffic. While browsing the
web, for example, users often click on links which will generate short and
infrequent packets. Such traffic will not fill a whole 0.5ms frame over the entire
5MHz bandwidth. However, some current trends indicate that file transfer and
transmission of images are becoming frequent in the uplink. Since we do not
know for sure what the future uplink traffic scenario would look like, it seems
wise to outline a flexible system that can handle a wide variety of situations.

In order to handle such situations our preliminary sugges-
tion is to partition the 5MHz uplink into a few narrowband
(200 kHz) channels and one broadband channel ( �	� MHz).
The narrowband channels use a statically allocated slot struc-
ture (as in e.g. GSM) and are thus well suited for control
messages, real-time (especially voice) services and short data
packets, while the broadband channel is more suited for best-
effort and high speed services.

In order to perform a simplified analysis, see Section 3 be-
low, we specialize to the case where users are given exclu-
sive access to the broadband data channel, and where a single
200kHz narrowband channel is used.

A Channel Prediction
By predicting the short-term fading [6, 7], the transmission
load among the users can be distributed in an optimal way,
while fulfilling certain specified constraints on throughput and
delay.

From extensive investigations on broadband measurement
data, we have found that the received signal power distribu-
tion in the time domain as well as in the frequency domain can
be predicted with reasonable accuracy for a time interval cor-
responding to a movement of up to half a carrier wavelength
[6, 7].2 Half a wavelength at 1900MHz would correspond to
about 10 of our proposed 0.5ms slots at vehicular speeds of
about

���
km/h. In such a situation we may allocate transmis-

sion loads among the users over the corresponding schedul-
ing horizon. Interference-reducing schemes described in Sec-
tions B and C below improve the channel estimation accuracy
and reduce the problem of predicting time-varying interference
levels in packet data systems.

In our proposed uplink, a channel predictor located at the
base station uses the pilot sequences of each frame to predict
the time domain channel impulse responses for each user a few
milliseconds into the future. FFTs of these predicted impulse
responses provide predictions of the channel power for each
sub-carrier and each user. The scheduling among users (Sec-
tion C below) and the adaptive modulation (Section D) is based
on the predicted channel and noise properties.

B Smart Antennas
We propose the use of smart antennas at the base station and
preferably also in the terminals. We here assume only straight-
forward techniques of low computational complexity. In the
base station, multiple antennas are used to form relatively nar-
row sectors (beams), and also to obtain diversity by Maximum
Ratio Combining (MRC) using 
 diversity branches within
each sector. In the mobile station simple lobe forming is used.

Transmitting in lobes from the mobile to the base station
will increase the SNR and decrease the interference in other
parts of the system. By using more narrow sectorization than
commonly used today at base stations, scheduling among the
users in each sector becomes less computationally complex as
compared with scheduling of many users in a wide sector.

By using several antennas in each sector of the base station

2The achievable prediction performance depends on the available band-
width [6, 7]. Here the discussion of predictors will assume a �� � MHz band-
width for the broadband channel, according to the time-frequency structure
proposed above.



the signal-to-noise-ratio can be increased further by the use of
MRC, thus paving the way for the use of higher order modula-
tion formats.

The antenna solutions presented here have been selected pri-
marily for simplicity and robustness reasons. It is, of course,
possible to introduce more sophisticated array signal process-
ing schemes. The use of such schemes would contribute to
further increase the capacity.

C Scheduling Among Users and Sectors
Scheduling is proposed to be used on different levels, as in the
proposed downlink [2, 3]:

� Among sectors: Some pairs or groups of sectors at a base
station or at nearby base stations may tend to create a
large amount of mutual interference. In order to reduce
this co-channel interference, time slots are allocated ex-
clusively within the groups of such sectors, according to
the traffic load in each sector.

Information on the traffic load is exchanged infrequently
via an inquiry procedure. After an inquiry to adjacent
cells, the involved base stations determine the allocation
of slots to be used by each base station in each sector.

� Among users: Based on the time slot allocation obtained
from the inquiry process, the user scheduler will distribute
time frames, and blocks of sub-carriers within frames,
among the users of each sector based on their current
average SNR predictions. Here different degrees of so-
phistication can be used to achieve different transmission
goals [8, 9, 10, 14], such as throughput and user satisfac-
tion with delay and QoS constraints.
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Figure 2: From [6]. Time-frequency representation of an es-
timated channel obtained from real measurement data on a
5MHz channel. White color denotes high power whereas dark
color denotes low power. The dynamic range and the speed of
the mobile is approximately 40 dB and 50 km/h, respectively.
The coherence bandwidth is 4.9 MHz.

D Adaptive Modulation
The channel time-frequency pattern will depend on the scat-
tering environment and on the velocity of the mobile terminal.
Sometimes the whole frequency band will fade simultaneously
(flat fading), see Fig. 2 whereas in other cases the channel will
vary frequency selective as in Fig. 3. The fading patterns will
be different for channels from different terminals.
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Figure 3: Conditions as in Figure 2, but the coherence band-
width is here 0.6 MHz.

The modulation format used on a particular sub-carrier is
selected according to the predicted user signal-to-noise-and-
interference ratio (SNIR) on each sub-carrier or averaged over
a group of sub-carriers.

We may also use an aggressive power control scheme,
while keeping the interference on an acceptable level due to
the above assumed use of lobe-formed transmission and the
scheduling among sectors, which reduces the impact of the po-
tentially worst co-channel interferers. For every time slot, the
optimal power distribution among sub-carriers is obtained by
waterfilling [11].

The performance evaluation below is based on a flat
Rayleigh fading channel assumption, where the coherence
bandwidth is large and the channel fades as in Fig. 2. The
same modulation is therefore used on all sub-carriers within a
slot interval.

3 Potential of the Proposed Uplink
We here estimate the spectral efficiency when

�
users transmit

within one base station sector, under the following simplifying
assumptions:

� A flat fading AWGN channel that is time-invariant within
data frames, and Rayleigh fading between frames,

� accurate channel predictions are assumed,

� the broadband data channel is allocated exclusively to one
user within each 0.5ms frame,

� the target service is reliable packet data transmission,

� fairness between users with different rates, QoS require-
ments, and delay constraints are neglected,

� some user does always have data to transmit,

� the allocated frames are fully utilized by payload bits,

� capacity loss due to guardtimes, frequency guardbands,
cyclical prefixes, and training sequences are not taken into
account.

The assumed scheduler works as a selection diversity scheme
where the user with the best predicted SNR out of all

�
users

will transmit its data in the whole frame and the whole fre-
quency band, utilizing this resource fully.



In the base station receiver we assume MRC with 
 anten-
nas within each sector. The resulting pdf after MRC and se-
lection diversity of the received SNR ( � ) can then be shown to
be (see e.g. [12, pp. 186–194] for guidance in performing this
calculation)��� ����� �	��
������ � � �� �������� � 
�� � � � 
�� � � � 
�� � �� ��� � 
�� � (1)

where �� is the average SNR per receiver antenna, and� �! ���#"%$&('�) 
�� � 
+*-, ' (2)

� �/. �  �0� " $) '21 
�� � 
+* , ' (3)

are the gamma and incomplete gamma functions, respectively.
To exploit the improved SNR after diversity combining ef-

fectively, we use an adaptive modulation system (AMS). We
assume 34�65�798 -ary QAM using the :;� �

different modu-
lation schemes: QPSK ( < & �#5 ), 16-QAM ( < � � � ), 64-QAM
( <-=>�@? ), 128-QAM ( <-A>�@B ), and 256-QAM ( <�CD�6E ). Fur-
ther improvement could be made by using more modulation
levels and by introducing coding (see e.g. [15, 14]). For sim-
plicity we will, however, confine the discussion to the above
mentioned assumptions.
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Figure 4: Required BER as a function of the packet size (in
bits) to achieve a packet error rate of F0GH� � � �

.

Since the target service is reliable packet transmission we
need an ARQ scheme. For simplicity we will assume simple
ARQ without any coding. The packet error rate can then be
expressed as a function of the bit error rate (BER) asF�G%� � � � � � BER �2IJ� (4)

where K is the packet size in bits. The number of retransmis-
sions is thus given by

�ML � � � FNGO� . For the ARQ to be useful,
a reasonable value of the packet error rate would be F0GP� � � �

.
The actual throughput would then be Q �SR of the raw through-
put. By inspecting Fig. 4 we conclude that a BER �TE � B�U ��� 
V

works for all packet sizes up to about 12000 bits. This corre-
sponds to the maximal IP packet size (1500 bytes) and is a suit-
able packet size for a time-frequency bin of 0.5ms U 4.8 MHz.
(In the downlink, shorter link level packets of about 1000bits
are allocated to time-frequency bins of 0.5ms U 200kHz.)

The spectral efficiency using AMS and simple ARQ can thus
be expressed as (see [13])W � � � � FXG��ZY 
��[ \^] & < \ " � 8^_S`� 8 �X� ��� , � (5)

where W is measured in bits/s/Hz and where < \ �badc�e = � 3f�
is the number of bits transmitted using uncoded 3 -ary QAM
modulation. The � \ values define the SNR regions in which
to use the different modulation levels, such that 5S7 8 -ary QAM
is used in the SNR interval g � \ �2� \dh � � , with � Y �ji . No
transmission is performed at SNRs below � & . These � \ values
are given in Table 1 for the target BER �TE � BkU ��� 
lV (see also
Fig. 5). Compared to the downlink [2, 3], the required SNR is
approximately 1 dB larger. The inequality in (5) comes from
the fact that once the SNR is above the � \ level, the BER (and
thus the packet error rate) is lower than the target of E � BXU � � 
lV .

QPSK 16-QAM 64-QAM 128-QAM 256-QAM< & �#5 < � � � < = �T? < A �#B < C �TE� & � � � = � A � C
9.65 13.50 17.85 20.17 22.57

Table 1: The � \ function in dB. � \ is calculated as the SNR
required to achieve BER �mE � BnU ��� 
V using 3o�m5-7 8 QAM.
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Figure 5: BER for 3 -ary QAM on an AWGN channel. The re-
quired SNRs (the � \ ) to achieve BER �mE � BkU ��� 
lV are shown
as points.

The spectral efficiency in (5) is evaluated numerically for��p� ���
dB per receiver antenna and information bit. The re-

sult is presented in Fig. 6 and shows that the spectral efficiency
improves dramatically with an increasing multiuser selection



diversity and with the number of receiving antennas in each
sector of the base station. Already for two receiver antennas
per base station sector, and a moderate number of users, the
spectral efficiency is considerable. Compared to the down-
link [2, 3], we loose, in this simplified example, around half
a bit/sec/Hz.
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Figure 6: Spectral efficiency using AMS and simple ARQ with

 th order MRC diversity in the mobile and

�
th order of selec-

tion diversity between the users. The SNR per receiver antenna
and information bit is �� � ���

dB. A 10% reduction of the raw
bit error rate due to ARQ is taken into account.

In theory the spectral efficiency within one sector, W , should
be multiplied by the number of sectors,

�
, used per cell. How-

ever, even if the interference is reduced by using many sectors,
we cannot use all time-frequency bins in all sectors. Thus, we
need to divide with a reuse factor which most likely is smaller
than the number of sectors used. The spectral efficiency of
each cell would therefore be larger than is indicated by Fig. 6,
but smaller than W �

.

4 Conclusions

A radio interface uplink proposal for high throughput and wide
area coverage has been presented. It makes use of the instan-
taneous channel conditions of several users and distributes the
transmission loads by the use of adaptive bandwidth alloca-
tion so that an efficient channel usage is obtained. Calcula-
tions performed under certain simplifying assumptions indi-
cated that a high spectral efficiency is attainable. Modifications
on higher levels, and exchange of information between levels,
provide ample possibilities for further improvements which are
at present investigated within our project group.
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