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Abstract - This paper presents and evaluates a Link
Adaptation algorithm for real-time video transmission
within a mobile radio environment. The aim of the
algorithm is to improve performance not only in terms of
throughput but also in terms of delay. The results show that
the objectives set by the proposed algorithm are more
effectively fulfilled compared to more traditional algorithms
aimed at system throughput optimisation.
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1. INTRODUCTION

The evolution of mobile communications is being
accompanied by the introduction of new multimedia
services, such as video streaming and video conferencing.
The bandwidth requirements of such services create new
challenges to operators that need to introduce not only new
radio interfaces but also to implement the means to
efficiently manage the scarce available radio resources. The
efficient use of radio resources is achieved by means of
Radio Resource Management techniques such as Link
Adaptation (LA). The potential and benefits of LA are such
that it is now considered as a key technology for evolved 2G
systems.
The basis of LA is to assess the channel conditions and then
use a transport mode, from a set of predefined options, that
is optimised for these conditions according to a predefined
criteria. A criteria commonly used in the literature is to
select the transport mode that maximizes the system
throughput [I]. Although this criteria might be appropriate
for best-effort services, its suitability could be questioned
for real-time services with tight transmission delay and error
performance constraints. A different approach is proposed in
[Z], aiming at achieving a target error probability, in
particular for a music streaming service. The LA algorithm
proposed in [3] is designed so that the transport mode
selected maximises the video quality measured in terms of
the Peak Signal to Noise Ratio. As the long-term throughput
does not quantify the quality of service experienced by the
user for delay-sensitive services, the work reported in [4]
proposes a LA algorithm that aims at reducing transmission
delays. Since the packet transmission delay depends on the
size of the packet to he transmitted, a transport mode
selection algorithm that is dependent on the packet size is
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presented in [4]. The aim of this paper is to introduce and
evaluate in a dynamic environment, a new LA algorithm
that also seeks to reduce the transmission delay but by
directly including such performance measure in the
adaptation process.
11. SIMULATION ENVlRONMENT

A . General Packet Radio Services (GPRS)
The work presented in this paper is based on the GPRS radio
interface, which offers four different coding schemes - see
Table 1 below. These Coding Schemes (CS) offer a tradeoff between throughput and coding protection, paving the
way for the application of dynamic LA to GPRS. Since
GPRS uses a single modulation scheme, the LA algorithms
considered in this paper will only adapt the CS employed.
Table 1. GPRS channel coding parameters
Scheme

Code rate

Pavload

Data rate (kbitsis)

CSI

I12

181

9.05

cs2
cs3

~213

268

13.4

=3/4

312

15.6

CS4

I

428

21.4

Although the low transmission rates achieved by GPRS may
raise some questions ahout the feasibility of video traffic
transmission within these systems, it is worth mentioning
that the aim of this work is not to prove the feasibility of
video transmissions over GPRS but to propose LA
algorithms that improve transmission delays. To this effect,
the availability of advanced link-to-system level interfaces is
essential [5]. Such interfaces, described in Section ILC, are
readily available for the GPRS system and support our
choice to select this system to carry out the performance
evaluation of the LA techniques proposed. Furthermore, this
paper is confined to a single slot transmission scenario,
since link level models available in the literature do not
contemplate a multislot scenario. As reported in [6], link
level models for multislot transmissions would be desirable,
especially if the study of adaptive radio link techniques is
considered. Once more, this scenario suffices to evaluate
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performance improvements between
algorithms and the proposed technique.

traditional

LA

B. Simulation tool and system modelling
In order to ensure high accuracy and to account for sudden
channel quality variations, an event-driven simulator
working at the burst level has been implemented. The
simulator models a sectorised macrocellular network and
concentrates on the downlink performance. Users are
assigned channels in a first-come-first-served basis and the
channel is kept until all its data has been correctly
transmitted. A single slot allocation strategy has heen
implemented by means of a random allocation scheme.
Although mobility has been implemented, handover
between sectors has not heen considered. The main
simulation parameters employed are summarised in Table 2.
A full description of the simulation tool can he found in [7].

corresponding CDF. The interest of this procedure is to
model the effect of fast fading on the BER through a random
process, thereby including the fast fading at the system
level. The BER is then estimated for the four bursts used to
transmit a RLC block and LUT-2 maps the mean BER and
the standard deviation of the BER over the four bursts to a
corresponding Block Error Rate (BLER) value. Examples of
the two LUTs can be found in [7].
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Table 2. Simulation parameters

I Parameter

I Vohre

Cluster size
Cell radius
Sectorisation
Modelled interference
Noof modelled cells (wraparound)
Slots er sector
Users er sector
Traffic type
Pathloss model
Shadowing

I'

Vehicular speed
ARQ protocol

I

ARQ window size
ARQ report polling period

Peia

BlS

1

1200
I"and 2"' co-channel tiers
25

I
BLER

Figure 1 - Link-to-System level interfaces.
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C. Link-to-System level interfaces

ln order to reduce the complexity of system level
simulations, the effects at the physical layer are generally
included by means of Look-Up Tables (LUTs). Following
the indications provided in [ 5 ] , a set of advanced link-tosystem level interfaces working at the burst level have been
considered. As illustrated in Figure 1, this interface is
composed of two LUTs. The interface requires as input from
the system level the mean CLR experienced in a given burst.
LUT-1 extracts the burst link quality, represented by means
of the Bit Error Rate (BER), for the measured burst CIR.
LUT-1 represents a Cumulative Distribution Function
(CDF) of the BER for a given CIR. A random process is
then used to generate the actual BER from the

D.Traflc modelling
This work has considered three different traffic sources:
H,263 video, email and WWW browsing. No' channel
partition has been applied between the different services.
The WWW and email traffic sources have heen
implemented as an ON/OFF model [7]. For both traffic
models, the transmission of a new packet cannot start until
the previous transmission has finished, i.e. all the data has
been correctly received. The active transmission time will
hence depend on the link quality conditions.
The H.263 video traffic model considered employs three
different frame types, namely I, P and PB, and targets a bit
rate of 16 Khitis [XI. Each frame type exhibits different
statistical properties, which are accurately captured by the
model [XI. As depicted in Figure 2, the video traffhmodel
considers the following variables and properties:
Frame size, Sx. The correlation and distribution
properties of each frame type need to be considered.
Frame durarion, Tz I-frames are coded at deterministic
rates. PB-kames code two consecutive frames as a single
entity. Hence, frame duration is a relevant feature to be
considered.
Correlation between frame size and duration.

356
Authorized licensed use limited to: Univerdad Miguel Hernandez. Downloaded on January 8, 2009 at 09:19 from IEEE Xplore. Restrictions apply.

Frame transition rate. P- and PB-frames are generated in
bursts by the codec in order to sustain a particular target
hit rate.

example of the throughput performance used to define the
LA switching thresholds is illustrated in Figure 4. The LA
switching thresholds define the boundaries between the
regions where each CS is regarded as optimum.
. . . . . . . . . . . . . .

Figure 2 - H.263 traffic stream
The modelling is performed at two levels. On one hand, as
illustrated by Figure 3, a Marchov chain drives the transition
process between different frame types. On the other hand,
the size, .Sv, and duration, Tx, of each frame type, JI,P,PB].
is determined by means of the following transformations

s,

( F , (X,))
T, =F;'(F,(S,))

x E { I ,P,PB}

=Fi'

XE(Z,P,PB)

(1)

?&

where Xo is generated from a normal distribution with the
estimated average and variance for the frame type
considered. F,O is the X,CDF. FIs(j is the inverse of the
CDF estimated from the particular frame sizes available in
SS"
the empirical trace.
BIR
wanem

Figure 4 -Throughput and LA switching thresholds for the
throughput-based LA algorithm

B. Proposed LA algorithm
Since real-time video transmissions have tight constraints in
terms of delay performance, the LA algorithm proposed in
this paper not only considers the throughput performance as
the selection criteria but also the delay, defined as follows
[9]. We assume that a video frame with size S is generated
PP
at time to and that the next video frame will be generated at
~i~~~~ 3 - ~ , 2 6 frame
3
transition ~~~k~~ chain,timeb+D. The time needed to finish the transmission ofthe
first video frame can be defined as b+D+6, with 6 being the
videoframe transmission delay defined in this paper. If 6>0,
111, LINK ADAPTATION ALGORITHMS the transmission of the first video frame has not finished by
the time the next video frame is generated. On the other
The basis of LA is to adaptively select the optim&nC$f 6<0, the transmission of the first video frame has
according to the channel quality conditions and a pred&&@ before the
video frame is genemted and the
c a el can be released so that other users can access it. In
criteria. This section presents two LA algorithms thatDIdper
er to support real-time video communications, the
on the criteria used to select the optimum CS.
transmission of the first video frame needs to be finished
before the next video frame is generated. Since this work
A . Throughput-based LA algorithm
considers real-time video transmissions. the use of an ARO
,E

..

____ ................................

to be optimum if it maximises the throughput defined wppressed as:
Throughput = Res.; x (1

~

BLER,,)

(3)

where Rcs., and BLERc.y.i are the data rate and BLER for a

. __ .

S

S=--D

(4)
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In terms of the LA algorithm design, if &O, the algorithm
should try to minimise 6, whereas if 6<0, the algorithm
should try to maximise 161. As a result, and taking into
account that the delay is not dependent on the throughput
hut on the data rate and if the aim is to maximise the system
throughput while minimising the video frame transmission
delay, the proposed LA algorithm should try, for each CS, to
maximise (sa) if 6>0 or (5b) if S<0:
Throughput

-

DdyV

Thhroughprrt.RCS-i

(54

S - D.RCS-?

(

Throrghpuf.Idelq1= Throughput. D

-RI-!)

(5b)

with the throughput defined in (3)
Therefore, the operation of the proposed LA algorithm is as
follows. For each video frame and every GPRS CS, the
algorithm computes the delay as defined in (4). Depending
on whether the delay is positive or negative, equations (sa)
or (5h) are evaluated for each CS. Similar to the operation of
the throughput-based LA algorithm, the result of each one of
the previous evaluations for each CS is compared in order to
decide the LA switching thresholds. It is worth noting that
as the throughput is dependent on the BLER, both equations
(5a) and (5b), and consequently the LA switching thresholds
calculated, will also depend on the BLER and ultimately on
the burst link quality conditions. An interesting and desired
behaviour that has been observed in different simulations is
that as the size of the video frames increases the use of the
CSs with higher data rates also increases. This trend allows
the transmission delay reduction at the expense of an
increased risk of transmission errors.
Direct comparison of the throughput-based LA algorithm
operation with the proposed algorithm reveals the necessary
calculation of the LA switching thresholds for each video
frame to be transmitted as a possible drawback. However,
this drawback is greatly minimised for downlink
transmissions since all the calculations and decisions will be
made at the base station. Moreover, as it will he shown in
Section IV, this potential drawback is overcome by the
performance improvements that can he obtained with the
proposed LA algorithm.

IV. PERFORMANCE EVALUATION
A . Peijonnance measures

The performance of the two considered LA algorithms for
H.263 video transmissions will he primarily assessed in
terms of throughput and delay. To this effect, it is n e c e s s q
to consider not only the mean performance but also other
performance metrics, such as the minimum throughput or
maximum delay experienced by 95% or even 99% of the
samples, since they provide a better indication of the QoS

supported by each algorithm. The throughput is defined as
the total number of bits successfully transmitted over the air
interface divided by the radio transmission time. The delay
performance is evaluated by means of the normalized delay,
which corresponds to the time needed to transmit a block of
data divided by the size of such block. Other parameters of
interest to understand the operation of the LA algorithms
are: the usage percentage of each CS, the proportion of RLC
blocks received with the optimal CS and the number of CS
changes requested by LA. For both algorithms, the LA
updating period, defining how regularly a decision is made
on the most suitable CS, has been set to 60ms [7].
The quality of the received video frames is evaluated by
means of the BLER and BER. In terms of the BLER, three
different error rate targets are considered. A BLER helow
5% would not produce a noticeable video degradation for
H.263 transmissions [IO]. On the other hand, a target
BLERs of 1% and 2% are suggested in [I I] for videophony
and streaminglreal-time video applications respectively. As
a reference, the indications in terms of BER performance
provided in [I21 will be considered in this paper. In
particular, a BER of
will provide no visible degradation,
a BER of 10.’ will provide little visible degradation, a BER
of
provides some visible artefacts and a BER higher
than
provides little practical application.

Normalized
delay (rndkbir)

Throughput

58.32

99.08

129.44

Proposed

55.36

85.32

119.59

B. Numerical results
As it can be seen from Table 3, the proposed LA algorithm
improves the throughput performance compared to the
throughput-based LA algorithm. The improvement obtained
is particularly significant for the most restrictive QoS
parameters. It can he observed that the minimum throughput
obtained for 95% and 99% of the samples is improved by
8.3% and 7.4% respectively, whereas the mean throughput
improvement is 2.3%. These significant improvements are
due to the increase in the percentage of RLC blocks received
with the optimal CS - see Table 4. The better operation of
the proposed LA algorithm also becomes apparent as the
mean number of CS changes is analysed. For the scenario
considered, the throughput-based LA algorithm requests
4.69 CS changes per second whereas the proposed LA
algorithm only requests 3.94 CS changes per second. This
figure not only demonstrates that the mode selection of the
proposed algorithm was more accurate but also that the
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signalling load associated with the use of LA is considerably
reduced (16%) with the proposed LA algorithm.
From Table 4, it can he observed that the proposed
algorithm also increases the use of the less robust CS; this
increase was foreseen in Section Ill-B. The drawback of
using such CSs is the increase in the BLER observed with
the LA algorithm proposed in this paper - see Table 3.
Table 4. CS percentage usage and percentage of RLC blocks

V. CONCLUSIONS

This paper has proposed a new LA algorithm designed to
improve the performance of services with tight delay
constraints. The algorithm bases the transport mode
selection not only on the system throughput but also the
transmission delay. The algorithm has been evaluated under
a real-time H.263 video transmission and its performance
has been compared to the commonly used throughput-based
LA algorithm. The results obtained show that the proposed
algorithm not only improves the delay performance
compared to the throughput-based algorithm but also the
throughput itself.
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