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Abstract

This paper deals with the proposal of a novel resource management
scheme for efficient downlink transmissions in broadband wireless sys-
tems with synchronous base stations. Such technique is able to vary
dynamically the transmission characteristics and the resource alloca-
tion in order to guarantee suitable quality of service levels for both
high-quality video streaming traffic and heavy Web downloading one.
Our strategy, named Dynamic - Priority and Mode Selection (D-PMS),
allows superior performance with respect to a previously proposed so-
lution in the literature.
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1 Introduction

Towards the definition of fourth-generation mobile communication (4G) sys-
tems some important aspects are [1],[2]: (i) the adoption of innovative air
interfaces; (ii) the realization of novel protocol architectures for providing
multimedia services though diverse mobile platforms; (7ii) cross-layer opti-
mization of the air interface protocol stack.

One interesting air interface option for 4G systems is represented by
Orthogonal Frequency Division Multiplexing (OFDM), since it allows the
provision of high bit-rates to mobile users and characterizes the physical
layer for several wireless systems (e.g., HIPERLAN/2, HIPERMAN, IEEE
802.11a, IEEE 802.11g, IEEE 802.16a and IEEE 802.16b) [3]. OFDM is ex-
tremely effective in the wireless time-dispersive environment. With classical
modulations, multipath may cause one symbol to interfere with the next one
at high bit-rates. OFDM combats this problem by dividing a radio channel
into multiple sub-carriers and by transmitting data in parallel. The data
rate of each sub-carrier is reduced, thus lowering the inter-symbol interfer-
ence.

We focus here on downlink transmissions on the air interface, since video
and Web applications are expected to entail a significant uplink-to-downlink
traffic imbalance, as 1:10. Moreover, we refer to the following special case
of broadband wireless systems [4],[5]: cells of radio coverage are grouped
in ‘macrocells’; within a macrocell, the transmitters at base stations use
the same frequency band; there is interference among close macrocells due
to frequency reuse. In each macrocell, multi-mode OFDM transmissions
are employed with a Time Division Multiple Access (TDMA) organization,
according to the terrestrial Digital Video Broadcasting (DVB-T) standard.
Transmitters within a macrocell are synchronized and centrally coordinated.
The controller notifies resource allocations to the transmitters at the base
stations through a high-speed backbone wired network. Different transmit-
ters can simultaneously send the same packet to a given mobile terminal
(i.e., a receiver, in this paper) to achieve a given quality. This is a Single
Frequency Network (SFN) [6]. Packet allocations to SFNs for the related
receivers can be dynamically determined on a frame basis depending on the
signal-to-interference ratio; when a mobile terminal is far from a transmitter,
it is necessary to include more transmitters in its SFN. Such ‘cooperation’
improves the Quality of Service (QoS) for ongoing transmissions, but it may
cause a capacity reduction since more ‘resources’ are used to send a packet
to the same mobile terminal; we will investigate this aspect in Section 4.

This paper proposes an improved version of the Dynamic-SFN (DSFN)



resource management scheme described in [4],[5]. The main limitations of
DSFN are: (i) the scheduling algorithm does not include an adaptive trans-
mission mode selection; (i) only non-real-time traffic is considered; (iii)
there is no user mobility; (iv) there is no account for the correlated nature
of shadowing. We propose a novel technique, named Dynamic - Priority
and Mode Selection (D-PMS), that improves the original idea as follows:

e The composition of the SFN for each mobile terminal is dynamic (on a
frame basis), accounting for multiple transmission modes that can be
used: the most convenient mode in terms of throughput is selected in
the macrocell at each frame; the high-speed backbone wired network
is employed to notify the transmitters about the adopted transmission
mode at each new frame.

e We propose a new scheduling scheme able to manage both interactive
traffic and video streaming that poses significant constraints, since
real-time packets have stringent deadlines to be fulfilled.

e We introduce a user mobility model and correlated shadowing fading
to study the impact on the performance due to the use of more con-
servative modes.

This work has been carried out within the framework of the Italian SHINES
Project (PRIN 2002).

2 System Assumptions

We refer in this study to a macrocell operating at a given frequency with
one transmitter per base station. An hexagonal regular layout is considered
for the base stations; d shall denote the distance between transmitters.

2.1 Transmission Modes

Referring to the DVB-T standard, each packet is composed of 188 bytes
(with 187 information bytes) that are Reed-Solomon coded (the packet
length increases to 204 bytes) and, then, convolutionally coded with dif-
ferent possible rates. The available transmission modes, with index m € {0,
1, ..., 6}, are shown in Table 1 with the minimum Signal-to-Interference Ra-
tio (SIR) values for a bit error rate of 107! with a Rayleigh fading channel,
as specified by the DVB-T standard [7].



Table 1: DVB-T transmission modes; 1705 sub-carriers are used in a band-
width of about 8 MHz.

Sub-carrier | Coding | Minimum Total info. Transmission
modulation | rate | SIR (dB) | bit-rate (Mbit/s) mode, m
QPSK 1/2 5.4 5.53 0
QPSK 2/3 8.4 7.37 1

16 QAM 1/2 11.2 11.06 2

16 QAM 2/3 14.2 14.75 3

64 QAM 1/2 16 16.59 4

64 QAM 2/3 19.3 22.12 5

64 QAM 5/6 25.3 27.65 6

According to [4], a frame has a length of Ty = 17.136 ms and contains a
number of packets that depends on the adopted mode, as shown in Table 2.

Table 2: Number of packets per frame for the different modes.

Coding | QPSK | 16 QAM | 64 QAM
1/2 1008 2016 3024
2/3 1344 2688 4032
5/6 - - 5040

2.2 SIR Evaluation and SFN Composition

Let us focus on a macrocell, composed of N7, synchronous transmitters
(TXs), centrally coordinated, and a set of Ng, mobile receivers (RXs). We
consider that the power at receiver j € RX = {1,2, ..., Ng,} from transmit-
ter i € TX ={1,2,..., N, }, P ;, is expressed as:
Py = PG )
0.
where:

e P, fixed transmitted power from the i-th TX;
e d; ;, distance from the i-th TX and the j-th RX;

e F;j, a gain term due to antenna characteristics (here assumed equal
to 1, for the omnidirectional antenna case);



e «, path loss exponent;

e G, j, arandom attenuation factor due to shadowing fading. This term
is generated as a log-normal process with unitary mean and standard
deviation 0 = 8 dB. In order to take account of the process correlation
due to user mobility, we have obtained the shadowing factor according
to the following method:

— We have generated samples of a Gaussian white noise with zero-
mean and unitary standard deviation;

— These samples have been low-pass filtered with a FIR filter and
cut-off frequency, f;, related to the shadowing fading decorrela-
tion distance, 9, through the mean user speed, v: f; = 5. We
have used § = 60 m (i.e., building size), for a typical urban envi-
ronment.

— The FIR output is fed to a block that operates 107*() of the
input to obtain a lognormal variable with ¢ standard deviation.

The SIR for the j-th RX (averaged over all the OFDM sub-carriers), T';,
can be approximated as follows [4]:

ZiGUJ‘ 'PZv]
ety Pij + Ipat

Ij~ (2)

where:

e U; C TX denotes the set of TXs (i.e., the SFN) assigned to the j-th
RX;

o I, = TX —Uj is set of interfering TXs for the j-th RX, i.e., the set of
TXs of the macrocell that do not belong to the SEN of the j-th RX;

e [p,; is the inter-macrocell interference term that also includes the
background noise level. The Ig,; value has been determined as in [4]
in order to guarantee an outage probability! lower than 5% for the
transmission mode m = 5.

! According to [4],[5],[8], the outage probability for a given mode is defined as the
percentage of time that the related minimum SIR level cannot be guaranteed by ideally
considering that all the TXs of a macrocell could cooperate for the same RX.



To provide an adequate QoS, the SFN of the j-th RX is dynamically de-
termined to contain the minimum number of TXs to guarantee that I'; be
greater than or equal to the minimum SIR for a given mode (see Table 1) [4].
An SFN is constructed by assuming that all the TXs not belonging to this
SFN are simultaneous transmitting (see (2)), thus producing the worst-case
interference. The number of TXs that belong to the SFN of a given RX
typically increases with m.

2.3 User Mobility

A macrocell is modeled as a circle embracing the coverage area of Np, TXs.
The motion of each terminal in a macrocell that receives either video or Web
traffic is characterized as follows:

e The speed is uniformly distributed between 3 and 100 km/h (so as to
cover both pedestrian and car users).

e Each user has a constant motion direction in the macrocell, originally
generated with an angle uniformly distributed from 0 to 27 radiants.

e When the user reaches the macrocell boundaries, its motion is reflected
within the macrocell with direction 6y (with respect to the normal line
to the incidence point on the macrocell boundary) that is selected
according to the following probability density function (pdf) [9]:

1 ™ ™
_ ) gcosby, —5 <6y <73
1 (00) = { 0, otherwise. (3)

Note that users are reflected within the macrocell in order to reproduce
the behavior of an infinite system. Moreover, distribution f(6p) is
adopted to have that users are uniformly distributed in the macrocell
[9]. This is quite important for the composition of the SFNs.

2.4 Traffic Models

We consider that there are both Video streaming Sources (VSs) and Web
downloading Sources (WSs) that produce traffic to be sent to the RXs in
the macrocell. Each downlink traffic source is destined to a given mobile
terminal (i.e., RX). Let us consider that these sources evolve on a T time-
unit basis; for numerical evaluations, we will use T = T’ /24.

Referring to [10], we consider the following model for MPEG-2 video



traffic. The traffic generated by a VS can be thought as the aggregated
output of M independent ON-OFF minisources. A minisource in the ON
state produces traffic at the constant rate of V' bit/s; no traffic is generated in
the OFF state. The time intervals (in 7 units) spent in ON and OFF states
are geometrically distributed with p and ¢ mean sojourn times, respectively.
The minisource activity factor is:

p
S 4
b= 2 (1)
Parameters p, ¢ and V are obtained as [10]:
— 1 2 _ 1 Mo?
p_aTs (1—'_]\50.2)7 Q—aTs <1+ “g )7 (5)

2

V= 4; + % [bit/s]

where, for numerical evaluations, M = 5 minisources and the bit-rate pro-
duced by a VS has mean value p = 1 Mbit/s, standard deviation o = 64
kbit/s, exponent of the auto-covariance with coefficient a = 3.9 s~ [10].

On the basis of the above selected values of u, o, M and a, we have
that pTy = 13.11 s, ¢Ts = 0.26 s, ¥, = 0.28 and V = 200 kbit/s. The
bits generated by a VS are collected for a period of 40 ms to form a video
picture. Each picture is fragmented in packets with 187 information bytes.
We consider that each picture has a transmission deadline of 90 ms (real-
time class); packets exceeding this deadline are discarded. Let Py, denote
the probability that a picture suffers from packet dropping due to deadline
expiration. We require Py, < 1% for a good QoS level.

A WS traffic source oscillates between two possible states?: packet call
and reading time. In the packet call state, a source produces a number of
messages (i.e., datagrams) geometrically distributed with mean value myyq4
= 200 and the message interarrival time is exponentially distributed with
mean value mpg = 0.115 s. In the reading time state (length exponentially
distributed with mean value mpp. = 3 s) no traffic is generated. It is easy
to show that messages arrive according to a two-state Markov Modulated
Poisson arrival Process (2-MMPP). The source activity factor is:

MNJIM DA
= ~ (0.88. 6
Vo (mydMpd + Mppe) (©)

*With respect to the model defined in [11], we consider modified parameter values
to achieve heavier traffic load conditions for each WS. Moreover, very long messages are
produced to stress the resource allocation algorithm.



Each message has a length in bytes l,,_pyte = [2], where |.| denotes the floor
function and z is a random variable with the following truncated Pareto pdf
with parameters ¢ = 1.1, ly _pyte_min = 815 bytes and ly_pyte_maz = 664
kbytes:

g9(x) =
Clw, e_min
% [u (.%' - lw,byte,min) —u (.%' - lw,byte,maz)] + (7)

lw yte_min C
+ (L> o (CE - lw,byte,ma;t)

lw,byte,maac

where u(.) is the unitary step function, 6(.) is the Dirac Delta function and
Lw_byte_min (lw_byte_maz) is the minimum (maximum) message length in bytes.

Every generated message is packetized with 187 information bytes per
packet; the mean number of packets per message, L,,, is about equal to 26.
The mean information bit-rate corresponding to this source is 187 x 8 x
Ly /mpg, about equal to 300 kbit/s (heavy Web downloading).

We consider a virtual deadline for sending a message that corresponds
to regulating the WS transmission to its mean bit-rate declared during the
session set-up phase. Packets delayed after their virtual deadlines are not
dropped. An important performance metric for WSs is represented by the
mean message transmission delay, E[tpysg), i.e., the time elapsed from the
message arrival to system to the instant when its downlink transmission
ends.

3 The D-PMS Scheduling Technique

Our resource management scheme is centrally operated at the macrocell
level. At each new frame, the macrocell controller updates the composition
of the SFN for each receiver and for each mode (depending on both path
loss due to user position and shadowing fading behavior). Once SFNs are
determined, a service order has to be established for the packets of the
different traffic flows. First of all, we use a urgency level for the i-th packet,
U;, defined as follows:

Ui = — (8)

where D; denotes the residual life for the i-th packet, i.e., the the actual
(virtual) deadline for VS (WS) packets.



Such simple priority scheme cannot avoid that a video packet be lost (for
deadline expiration) due to the service of a previous Web packet. Hence,
we consider a rigid prioritization for VS packets whose deadline expire in
the current frame with respect to all the other packets. Moreover, among
these very urgent video packets we prioritize those that belong to VSs that
currently experience higher Py, values. This approach is adopted to guar-
antee a fair sharing of dropping events among the VSs.

The high-level description of the resource management scheme operated
by D-PMS for both real-time video and Web traffics is shown in Figure 1.
The packet scheduler and mode selection block is detailed in Figure 2 and
described below.

e Referring to a given mode, the controller tries to allocate the transmis-
sion of as many packets as possible in non-overlapping SFNs in each
packet service interval of the TDMA frame.

— Packets are serviced with a priority order that accounts for the
urgency level, the VS packets preference with respect to WS ones,
the current Py, value of the related stream.

— If the service of packet i (on a given packet service interval) re-
quires an SFN partially overlapped with the SFN of a previously
allocated packet j, the service of packet i is delayed to the next
packet service interval. The system tries to serve (in the current
packet interval) packet i+1 and so on, until the packet list is com-
pleted. Note that our scheduler is work conserving: if there is no
other very urgent packet that can be served in the current packet
interval, also lower priority packets (i.e., VS or WS packets) are
considered to exploit the available capacity.

— When the resources of a given packet service time are exhausted,
the next packet service time is considered for allocation.

e When the allocations are completed in the frame for a given mode,
the resulting aggregated macrocell throughput (i.e., the total number
of information bits scheduled per frame) is evaluated.

e On a frame basis we select the mode (and the related allocations) that
permits to achieve the highest throughput at the macrocell level.

Higher-order modes allow to allocate more capacity to a single user, but
significantly constrain the number of simultaneous users that can be served
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Figure 1: Adaptive radio resource management with D-PMS.

due to the presence of background noise and (intra- and inter-cell) interfer-
ence. Hence, a trade-off has to be found between the high bit-rate of higher
modes and the overall macrocell capacity. This is the aim of the adaptation
in the D-PMS scheme, since higher modes are selected in the presence of
few active transmissions and lower modes are used when the system becomes
more congested.

4 Results

This Section deals with the performance evaluation of the D-PMS scheme.
Each simulation result shown here has been obtained by repeating 10 times a
simulation of 2000 s to achieve reliable results. We have considered a macro-
cell with Npx = 37 TXs, a distance d = 100 m among TXs, a bandwidth of
8 MHz (DVB-T standard) in the 900 MHz - 1 GHz frequency range®. In the
first group of simulations, the path loss exponent has been considered o = 4;
final results are also shown to evaluate the impact of different o values.

A first group of simulations has been carried out to highlight the ad-
vantage in terms of QoS (and, then, capacity) of allowing that more TXs
send the same information to a mobile terminal. Such approach causes a
temporary reduction of capacity that is compensated by the fact that we
may serve some receivers with adequate SIR levels that, otherwise would

3Numerical results will be shown in this paper referring to the frequencies of 2G sys-
tems as in [4], but a wireless system with D-PMS could be also operated at the higher
frequencies, typical of 4G systems.
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Figure 2: The mode adaptation and frame scheduler block with D-PMS.

experience outage. In order to prove this important aspect, we have consid-
ered a limit to the maximum number of TXs in the SFN with the following
values: 3, 5, 8 and co. The D-PMS results are shown in Figures 3 and 4 in
terms of Py, for VSs and the mean transmission mode, respectively. We
may note that Py, significantly decreases as more TXs can be admitted
in an SFN; the case with no limit is the optimal one and will be adopted
for the following results. Correspondingly, we achieve a capacity of about
220 VSs with 600 WSs in the macrocell (with Py, < 1%) and, hence, a
throughput per transmitter about equal to 10 Mbit/s. Figure 4 highlights
the fact that the mean transmission mode decreases with the number of VSs
(since interference increases with the number of transmissions, we need to
use more conservative modes) and increases with the maximum number of
TXs per SFN.

Figure 5 compares D-PMS with DSFN in terms of user throughput un-
der the following assumptions derived from [4]: (¢) no mobility; (i) only
non-real time traffic with always backlogged terminals (see the traffic model
assumptions in [4]). We have obtained that the D-PMS scheme significantly
outperforms the DSFN one. Note that the capacity of each transmitter (i.e.,
aggregated throughput due to the supported users) in the intermediate case
with 110 WSs per macrocell is 17.3 Mbit /s for D-PMS with a corresponding
spectrum efficiency (i.e., transmitter capacity over total bandwidth) about
equal to 2.1 bit/s/Hz/transmitter. Correspondingly, in the DSFN case, the
transmitter capacity is {4.9, 6.6, 10, 13} Mbit/s with modes m € {0, 1, 2, 3}.
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Figure 5: Comparison between D-PMS and the DSFN scheme in terms of
the user throughput as a function of the number of terminals per macrocell.

These results clearly show the capacity improvements achievable by D-PMS
and motivate the higher costs of multimode TXs and RXs in the system.

The last group of simulation results in Figure 6 highlights both Py,
and Elt,,sg| behaviors for the D-PMS scheme as a function of the path loss
exponent a. We can note that the D-PMS performance (in terms of both
Pirop and E[Tinsg]) is sensitive to variations of the a value: as a increases,
more transmitters must be typically aggregated to reach the same level of
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quality and, then, practically, system performance is worse.
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5 Conclusions

We have investigated the potentialities provided by the adoption of syn-
chronous transmitters (SFN approach) that cooperate to serve the same
user to guarantee a requested minimum SIR level. We have assumed the
DVB-T air interface and the transmission of demanding downlink traffics
such as video streaming and Web downloading. The resource allocation is
doubly dynamic due to the adaptive selection of the transmission mode and
the continuous update of the composition of each SFN. The D-PMS scheme
has achieved significant capacity improvements with respect to the DSFN
protocol, previously proposed in the literature. A further study is needed
to extend this work to broadcast wireless systems provided by satellites or
high altitude platform stations.
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