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Abstract
4G wireless communication networks are character-

ized by the need to support heterogenous terminals dif-
fering in size, display, battery, computational power,
etc. For efficient usage of the wireless spectrum all
devices should be served by the same spectrum instead
of allocating spectra dedicated to the different termi-
nal classes. This feature is naturally supported when
the source coding of the traffic is done as a multiple
description coding. The restoration quality of the in-
formation source is proportional to the quantity of the
descriptors used in the restoration process. Hence, ter-
minals with less capabilities may simply discard or not
receive some of the descriptors, while high class termi-
nals try to receive all information. In the case of par-
tial reception of descriptors the performance can be im-
proved by selection strategies for the descriptors. We
advocate the usage of new descriptor selection schemes
for multiple description coded services. The proposed
schemes differ with respect to the availability of a feed-
back channel. All solutions are terminal oriented and
are beneficial in the design of terminals that have ro-
bust and high quality services. Furthermore, our ap-
proaches inherently achieve fairness among different
terminals. As an example of our results for video com-
munication, we can show gains of 4 dB when the pro-
posed approach is utilized in the system.

1 Introduction
The exponential growth of user demands and the

limitations of the Third Generation of Mobile Com-
munication Systems (3G) have brought researchers to
start reflecting on the Fourth Generation (4G). The
literature hosts many prophetic visions which present
the future generation as the ultimate boundary of the
wireless mobile communication without any limit in
its potential. However, there are almost no practi-

cal design rules and thus a firm definition of 4G. The
Second Generation of Mobile Communication Systems
(2G) was a huge success story because of its revo-
lutionary technology and the services brought to its
customers. Besides the service of high quality speech,
the global mobility was a strong reason for buying
2G terminals. The Third Generation (3G) has been
started in some parts of the world, but the success
story of 2G is hard to be repeated. One reason is that
the evolution from 2G towards 3G has not brought
any qualitatively new service for the customer, leav-
ing the business model largely unchanged. The well
known services plus some additional ones are provided,
which may not be enough to encourage the customers
to change their equipment.

The upcoming Fourth Generation (4G) is projected
to solve still–remaining problems of the previous gen-
erations and to provide a convergence platform for a
wide variety of new services, from high–quality voice
to high–definition video, through high–data–rate wire-
less channels. Various visions of 4G have emerged re-
cently among the telecommunication industries, the
universities and the research institutes all over the
world. In Europe, the European Commission envi-
sions that 4G will ensure seamless service provisioning
across a multitude of wireless systems and networks,
from private to public, from indoor to wide area, and
provide an optimum delivery via the most appropri-
ate (i.e., efficient) network available. From the service
point of view, it foresees that 4G will be mainly fo-
cused on personalized services. In Asia, the Japanese
operator NTT DoCoMo has introduced the concept
of MAGIC for defining 4G: Mobile multimedia; Any-
time, anywhere, anyone; Global mobility support; In-
tegrated wireless solution; and Customized personal
service, which mostly focuses on public systems and
treats 4G as the extension of 3G cellular service. Even



if 4G is named as the successor of previous wireless
communication generations, it is not limited to cellu-
lar systems. Therefore it should not be understood
solely as a linear interpolation of 3G, made upon the
observation of the 2G–3G development sequence. In
order to be a step ahead of 3G technology, it is not
enough that 4G provides only higher data rates, but
it should also bring some clear and evident advantage
and new quality in peoples everyday life.

The success of 4G should be sought out the com-
bination of network and terminal heterogeneity. Net-
work heterogeneity guarantees ubiquitous connection
and provision of common services (e.g., voice tele-
phony, etc.) to the user, ensuring at least the same
level of Quality of Service (QoS) when passing from
one networks support to another one. Moreover, due
to the simultaneous availability of different networks,
heterogeneous services are also provided to the user.
Terminal heterogeneity refers to the support of differ-
ent types of terminals in terms of display size, energy
consumption, portability/weight, complexity, etc. as
given in Figure 1 [4]. In contrast to 4G, 2G and 3G
are characterized by homogeneous terminals. Since
4G will encompass various types of terminals that
may have to provide common services independently
of their capabilities, the service presentation is opti-
mized by tailoring of the content to the end–user de-
vice. Furthermore, the provision of the upcoming new
services will be accurately decided according to the
capabilities of the terminal in use. This paves the way
towards real service personalization.

Figure 1: Heterogenous terminals with their charac-
teristics.

The concept of multiple description coding (MDC)
has recently been recognized as one of the key drivers

to support heterogenous terminals in a communica-
tion system. MDC allows splitting of a single source
(e.g. audio or video) into multiple descriptors, where
each of the descriptors may be sent over different chan-
nels. At the receiver each descriptor can be decoded
independently of the other descriptors. Here we con-
sider symmetric or balanced case, where all descrip-
tors have equal rates and thus carry the same amount
of information. The perceived quality at the receiver
is proportional to the number of correctly received
descriptors. In contrast to multiple layered coding
(MLC), where a strong dependency between base and
enhanced layer exists, MDC has no prioritized lay-
ers. The use of MDC in future generation networks
is motivated by three arguments. First, MDC reduces
the end–to–end delay because the errors result only
in degraded quality instead of frame retransmission.
Second, MDC enables the support for heterogenous
network devices, that is, the more advanced the de-
vice, the more descriptors it can use to reconstruct
the source stream. Third, the fact that MDC splits
the connection into multiple flows offers the possibil-
ity to obtain diversity gain by transmitting the flows
via different paths (time, frequency, space, etc.) to
the receiver. The effectiveness of the combination of
MDC with multiple path transport (MPT) for video
and image transmission over multi–hop wireless links
is studied in [6].

In [5], an MDC technique called Multiple Descrip-
tion Scalable Coding (MDSC) was proposed. MDSC
can simply be described as a combination of MDC and
scalable coding. This technique addresses receiving
device characteristics and bandwidth variations of the
channel and also enables tradeoffs between through-
put, redundancy and complexity which is not possible
with non–scalable MDC schemes. In MDSC, the num-
ber and the composition of descriptions are changed
dynamically to make the proposed system very robust
to changing channel characteristics. This work is simi-
lar to one of our sub–modes. We will outline that this
approach assumes to have the full channel informa-
tion and is therefore more complex than the schemes
that we will propose later in this document. Further-
more we will highlight even the support of multi–cast
services, which is not addressed in [5].

This paper introduces descriptor selection schemes
for services transported through MDC streams, as
they are expected to be important part of the 4G
wireless communication systems. While an informa-
tion source is split up into multiple descriptors, termi-
nals with less capabilities may simply discard or not
receive some of the descriptors, while the high–class



terminals try to receive all information. Observing
the fact that descriptor selection strategies affect the
resulting video quality in the case of partial reception
of descriptors, we introduce novel descriptor selection
schemes for MDC services. The proposed schemes dif-
fer with respect to the availability of a feedback chan-
nel. All solutions are terminal oriented, while the fair-
ness among the terminals is inherently achieved.

2 Motivation
Our objective is to optimize the MDC–based ser-

vices in a heterogeneous networking scenarios with
unreliable wireless links. In order to optimize the
perceived video quality, different mechanisms are pre-
sented to select the transmitted / received set of MDC
descriptors. Given the number of received descriptors,
there are optimal combinations of descriptors which
maximize the video quality. Intuitively, in the set of
decoded descriptors the information carried by each
descriptor should have minimized correlation with the
information in the other descriptors, such that the
amount of pure information put in the reconstructed
source frames is maximized. Clearly, when some de-
scriptors are left out, the video quality proportion-
ally degrades. Note that this degradation is particu-
larly significant if a poor combination of descriptors
is used in the source reconstruction. To investigate
how much the performance degrades in case of loss of
the MDC descriptors, we perform a set of initial mea-
surements. For the quality measurements we focus on
the H.26L encoder. The MDC is done by splitting the
video stream on the basis of frames as explained in [3].
Video quality is calculated in terms of Picture to Sig-
nal Noise (PSNR) values. The calculation is done as
given in [2]. The PSNR calculations were done us-
ing the videometer tool [1]. The videometer tool is
additionally able to freeze video frames in case the
following frames are lost. This is important to have
some sort of error resilience.

In Figure 2(a) the PSNR investigations using the
foreman video sequences in the Quarter Common In-
termediate Format (QCIF) format versus percentage
of successful received sub–streams are presented. We
have obtained these results with different values of J ,
which is the total number of descriptors generated
by the application. The successfully received sub–
streams are picked randomly. The random approach
is our reference scheme, as in this case the descriptors
are chosen without any preferences. For each combi-
nation (number of sub–streams and percentage), we
have repeated the simulations multiple times with a
confidence interval of 99%.

Through these results we can observe that the

PSNR values degrade for a larger number of J even if
the same percentage of sub–streams is received. As an
example consider the point where 50% of the descrip-
tors are received for J = 2 and J = 20. With J = 2
the PSNR value is almost 31 dB, while J = 20 leads to
a value slightly above 29 dB, respectively. The reason
is that for J = 2 we alternatingly loose and receive
a frame, while for J = 20, we might end up in not
receiving any frame for a long time and then receiv-
ing ten frames in a row. The latter case we refer to
as worst case, while the former one is referred to as
best case. As a large number of J is expected in fu-
ture 4G systems in order to support a large variety of
terminal classes, we motivate the importance of the
investigations that follow. If we now force the system
to operate in the best case (only using the best possi-
ble sets of descriptors), results in Figure 2(b) can be
obtained. Now the PSNR values are mainly the same
if the percentage of received descriptors is the same
independently of J . On the other hand, the results in
Figure 2(c) represent the worst case. In case of J = 20
and 50% of the sub–streams are received the PSNR
value is only 27 dB. By this initial investigation we
see that by a sophisticated descriptor selection we can
gain a lot of video quality even when a limited number
of descriptors is used. This motivated us to develop
different mechanisms for selecting the descriptors that
the receiving terminal uses to reconstruct the source
video stream.

3 The New Approach
3.1 Terminology and Notation

A channel is the physical realization of resource
allocation for communication between two entities.
Channels are used to transmit packets between sender
and receiver. We distinguish between good and bad
channels. The communication is only possible over
the good channels, while the bad channels always pro-
duce error. A sender sends packets to the receiver
and it may optionally compress the headers, while a
receiver receives the packets. Each channel transports
a single descriptor, such that for J descriptors we as-
sume existence of J parallel channels. The number of
bad and good channels is denoted by Jbad and Jgood,
respectively, where Jbad + Jgood = J .
3.2 The Proposed Descriptor Assignment

Schemes
Motivated by our first results, we have developed

optimized schemes to improve the video quality. We
introduce two new entities which are in charge of as-
signing/selecting the best descriptors for highest possi-
ble video quality. Such entity can present either at the
sender or at the receiver and it is called, respectively,
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Figure 2: PSNR measurements using the foreman video sequences in the QCIF format versus percentage of
successful received sub–streams.

Descriptor Assignment Entity for Multiple Descrip-
tion Coding (DAEMDC) and Descriptor Selection En-
tity for Multiple Description Coding (DSEMDC).

The descriptor assignment can be done either at
the sender or at the receiver. For the sender–based
assignment, there are two distinct modes: (1) A feed-
back mode (MODE–F), where the receiver informs the
sender about the quality information, and (2) A ran-
dom mode (MODE–R) where the used descriptors are
chosen in a random manner. In the receiver–based
approach there is only terminal mode (MODE–T),
in which the best set of the received descriptors is
selected. The transmitter based method is typically
used in point–to–point scenarios (more spectrum effi-
cient), whereas the receiver–based method is typically
applied in multicast scenarios (more diversity).

3.2.1 Sender–based Descriptor Assignments

The sender’s application conveys all descriptors to the
DAEMDC. The DAEMDC can operate in two oper-
ation modes, namely MODE–R and MODE–F. The
modes differ in the availability of a feedback channel
from the receiver to the sender.

In MODE–F the receiver informs the sender about
the set of Jgood good channels. One possible so-
lution for this status check would be to analyze
the Real Time Control Protocol (RTCP) receiver re-
ports. When the set of good channels is known, the
DAEMDC on the sender side rearranges the streams
in such a way that the good channels are equally dis-
tributed over the whole set of descriptors as given in
Figure 3. For example, one possible solution would be
the case if 6 out of 18 channels are available, descrip-
tors 1, 4, 7, 10, 13, and 16 are transmitted. Other

possibilities resulting in the same video quality can be
found. While transmitting on the chosen channels the
other channels are probed out. Probing can be done
at higher layers using RTP/RTCP or at the link level
using the given methods. In case one additional chan-
nel is available the descriptors are rearranged. In our
example, if 7 out of 18 are available, one possible solu-
tion would be to use the descriptors 1, 3, 6, 8, 11, 13,
and 16. A rearrangement is also necessary if the num-
ber of good channels decreases. The results obtained
for MODE–F are given in Figure 2(b).
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Figure 3: DAEMDC in MODE–F.

In MODE–R (referring to random) the sender has
no feedback from the receiver on the quality infor-
mation. Therefore, the sender mixes the streams
randomly as given in Figure 4. This assignment is



changed after a given time period and the instants of
such change are discussed further in the text. This de-
scriptor assignment statistically avoids the worse case
and results in performance that is worse than MODE–
F. The results for MODE–R are shown on Figure 2(a).
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Figure 4: DAEMDC in MODE–R.

The advantage of MODE–R is that no feedback
channel is required. Regarding Figures 2(a), 2(b),
and 2(c), MODE–F achieves values as given in Fig-
ure 2(b), while MODE–R achieves results as given in
Figure 2(a). It is important to note that due to the
changing assignment of descriptors in MODE–R, the
results do not vary anymore between those given in
Figure 2(c) and those in Figure 2(b). A static assign-
ment would make it difficult for a network provider
to charge the users for such a service. To illustrate
this, consider two customers paying the same fee for
the same service sitting together and have different
service qualities. The dynamic assignment solves such
unfairness problem.

For both modes we assume that it is possible to
change the assignments at any time. However, for
some applications the ad hoc change in assignments
may result in additional problems e. g. in the case
when the encoded video streams are based on I, P, B
frames. If a new channel is chosen, the video will be
displayed after the receipt of an I frame, when an I
frame is used depends on the Group of Picture (GoP)
value. If the channel is changed before an I frame is re-
ceived, then the information from the P and B frames
is also lost. To prevent occurrence of such loss, a nego-

tiation is introduced between the DAEMDC and the
application.

It is beneficial to know the time point when a chan-
nel may be changed i. e. when an I frame is transmit-
ted. This is especially valid for the MODE–R opera-
tion. The video application might signal this condition
to the DAEMDC (negotiation). Another possibility
would be that the DAEMDC is scanning each RTP
packet and searches for the bit settings for an I frame.
But as we want to support multiple applications, it
would be a huge overhead to get all this knowledge
to the DAEMDC. A further improvement would be
if the DAEMDC and the application could negotiate
on the GoP structure. In case the channel conditions
change rapidly, the GoP value has to be small, while
in the other case, the GoP value may be high. Also
in the other modes negotiation could be introduced to
further optimize the system performance.

3.2.2 Receiver–based Descriptor Selection

Consider now the multi–cast case when multiple ter-
minals are requesting the MDC information from the
same source. Clearly, the network operators are in-
terested to support a large number of terminals in a
multi–cast service and the terminals can be heteroge-
neous. In this case we advocate the use of a receiver–
based approach. Some terminals attempt to receive
as many descriptors as possible and their performance
is limited by the channel conditions. On the other
hand, the terminals with modest processing capabili-
ties will discard some of the received descriptors since
the number of descriptors they can handle is limited.
In Figure 5 the sender conveys six descriptors towards
multiple receiver. In our example the receiver may
receive four descriptors correctly (two are lost due to
channel errors), but only three can be used at the ter-
minal (e.g. due to its hardware limitation).

The question arises once again which descriptors
would be the best to choose among the total number
of received ones. Analogously to the DAEMDC, we in-
troduce a new entity called DSEMDC. Apparently, in
DSEMDC a feedback information is not needed since
the selection is performed at the receiver. The single
mode in this case is referred to as MODE–T (refer-
ring to terminal). In case of multi–cast transmission,
each DSEMDC will choose different descriptors as the
channel conditions differ among the receiving termi-
nals.

As for MODE–R and MODE–F, the problem when
to switch between the channels has to be addressed
also for MODE–T. This is especially important when
more channels are available than the number of chan-
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Figure 5: DSEMDC in MODE–T.

nels which can be used for decoding (e. g. in low cost
terminal). Here we can rely on the information of the
GoP once it is available. If a negotiation is needed,
this has to be done over the wireless link, but such
operation becomes even more complicated since the
same content is received by multiple receivers.

4 Network Architecture
In Figure 6 we give one possible and general ar-

chitectural solution for the application of our idea for
wireless networks. We illustrate it by three different
services provided by the servers S1, S2, and S3. The
DAEMDC entities can be placed in the access con-
troller and are therefore part of the backbone. For
the MODE–F, as it requires feedback information, it
would be more efficient to place it directly into the
base station. To lower the complexity at the base sta-
tion, we place all DAEMDCs in the access controller
for both MODE–F and MODE–R. For MODE–F, the
access controller and the base station should exchange
quality information.

For MODE–T the DSEMDC entity is placed in the
terminal. No changes in the core backbone are re-
quired. Note that this is especially interesting for
multi–cast services and therefore the network has to
support this service type. The proposed network ar-
chitecture can be applied to existing cellular networks

Figure 6: Application of our approach into the cellular
concept.

as well as upcoming WLAN distribution networks.
Even their combination, as specified by 3GPP [7] or
the Unlicensed Mobile Access (UMA) [8] consortium,
is possible and is supported by our approach.

5 Results
In this section we give results achieved for well

known and accepted video sequences. The PSNR val-
ues versus the percentage of received sub–streams are
given for the three modes and the worst case. Dif-
ferent scenarios were under investigation varying the
number of channels/descriptors from 1 to 20. Due
to space limitation we only depict those results for
J = 20. The worst case scenario was chosen in order
to bring forward the need for fairness. Without ap-
plying our approach, the video quality for the same
video sequence (e.g. a multi–cast transmission) may
vary between the best and the worst case.

Regarding Figure 12 PSNR values of 34 dB are
achieved for all modes if 100% of the J = 20 de-
scriptors are received. But for medium and low cost
terminals the results differ dramatically among the
modes. Assuming that a low cost terminal is only
able to receive 25% of the sub–streams (thus J = 5),
MODE–F and MODE–T achieve 1 dB higher results
than MODE–R, which in turn is 3 dB better than the
worst case. Regarding the fairness the quality span
would be 4 dB in this case, which can be described as
significant and customers would not accept this differ-
ence in quality with the same price for it.

In Figure 7, 8, 9, 10, and 11 the PSNR re-
sults for the video sequences Carphone, Claire, Con-
tainer, Foreman, Highway, and Silent are given, re-
spectively. Note, that these results are related to the



specific video sequences and change among different
sequences. MODE–F and MODE–T result in the same
PSNR values as we assume a perfect feedback channel
and that in MODE–T the number of received streams
is much higher than the ones that can be operated on.

An advantage of the MODE–R usage is reflected in
the following fact: Since the descriptor set is picked
randomly for each user, then all users experience the
same average performance. Thus, our approach pre-
vents the customers from perceiving varying quality
situations. As we motivated, to support heterogeneous
terminals we should use large values for J , since our
approach achieves the best performance in this case
and, consequently, provides the best support for het-
erogeneous terminals. For high cost terminals (receiv-
ing a high percentage of the descriptors) the choice
which mode to use is not that important. On the
other hand, for medium and low cost terminals the
choice of the appropriate descriptors becomes vital.

6 Conclusions
In this paper the use of Multiple Description Cod-

ing (MDC) is proposed to support heterogeneous ter-
minals in future generation wireless networks such as
envisioned in 4G. Based upon the capabilities of the
various terminals, all the descriptors or only a sub-
set of the descriptors can be used in the reception.
This way the application can be kept unaware of the
requirements of the individual terminals.

The data flow should be split into large number
of descriptors, in order to support a large number of
heterogeneous terminals within the system. Terminals
with advanced capabilities will use many descriptors,
while the terminals with limited capabilities will uti-
lize proportionally smaller subset of descriptors.

When only a subset of the descriptors is used, the
performance is optimized through the selection of an
appropriate set of descriptors to be decoded. We have
proposed two types of selection mechanisms: sender–
and receiver–based. A sender–based mechanism se-
lects a set of descriptors to be used and does not
transmit data via the remaining ones. The choice of
the subset can be random or greedy, and accordingly
two modes are defined. In the greedy case the feed-
back is used to select only the best descriptors. Since
only a limited set of descriptors is used, this method is
more bandwidth efficient and more suitable for peer-
to-peer connections. The receiver–based mechanism
determines the best subset of the received descriptors
and uses them to reconstruct the source stream. This
method is suitable for multi–cast applications, where
many terminals receive the data and they can each
chose the best descriptors. To conclude, the advan-

tages of our proposal are i.) support of heterogeneous
terminals, ii.) improved video quality for medium–
and low–cost terminals, iii.) the introduced solutions
keep the terminal to be with low complexity and iv.)
fairness among terminals can be assured.

In our future work we will investigate performance
improvement due to the application of different, more
advanced MDC techniques, such as unbalanced de-
scriptors and quantizers. It has to be investigated if
the overall performance using quantizers is different
from our frame–based approach.
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Figure 7: PSNR comparison for different modes and
the worst case investigating carphone video sequences
versus percentage of successful received sub–streams.
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Figure 8: PSNR comparison for different modes and the
worst case investigating highway video sequences versus
percentage of successful received sub–streams.
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Figure 9: PSNR comparison for different modes and the
worst case investigating silent video sequences versus
percentage of successful received sub–streams.
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Figure 10: PSNR comparison for different modes and
the worst case investigating container video sequences
versus percentage of successful received sub–streams.
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Figure 11: PSNR comparison for different modes and
the worst case investigating claire video sequences ver-
sus percentage of successful received sub–streams.
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Figure 12: PSNR comparison for different modes and
the worst case investigating foreman video sequences
versus percentage of successful received sub–streams.


