
LTE/LTE-Advanced Cellular 
Communication Networks
Guest Editors: Cyril Leung, Raymond Kwan, Seppo Hämäläinen,  
and Wenbo Wang

Journal of Electrical and Computer Engineering



LTE/LTE-Advanced Cellular Communication
Networks



Journal of Electrical and Computer Engineering

LTE/LTE-Advanced Cellular Communication
Networks

Guest Editors: Cyril Leung, Raymond Kwan, Seppo Hämäläinen,
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From humble beginnings in the 1980s with bulky 1G analog
handsets, the wireless cellular communications industry
now enjoys a major presence in most countries, with
nearly 5 billion subscribers worldwide and revenues in the
one trillion USD range. Consumer demand for services is
expected to grow rapidly in the next few years, fuelled by
new applications such as mobile web-browsing, video down-
loading/streaming, online gaming, and social networking.
The commercial deployment of 3G networks began with
3GPP UMTS/WCDMA in 2001 and has evolved into current
UMTS/HSPA networks. To maintain a competitive edge,
3GPP UMTS networks need to support higher bit rates,
improved spectrum efficiencies, and lower delays, all at a
reduced cost. A well-planned and natural evolution to 4G
networks is considered essential. Long-term evolution (LTE)
and LTE-Advanced are important steps in this transition.
LTE technology demonstrations began as early as 2006 and
commercial LTE networks are starting to be deployed by
wireless carriers worldwide.

This special issue consists of five papers. The first three
papers focus on LTE: there is a survey paper on resource
scheduling and interference mitigation techniques, a paper
on resource scheduling for the provision of different services,
and a paper on a method for improving the tradeoff between
service quality and radio coverage for enhanced multimedia
broadcast and multicast service (E-MBMS). The other two
papers are focused on LTE-A: one paper discusses distributed
algorithms for solving two self-configuration problems and
the other examines the performance of decode-and-forward
relaying.

Resource scheduling and interference mitigation will be
instrumental in the success of LTE. In the first paper, “A
survey of scheduling and interference mitigation in LTE,”
Kwan and Leung present an overview of downlink and
uplink resource scheduling techniques, including tradeoffs
involved in selecting a channel quality indicator reporting
scheme. A variety of methods which have been proposed
for reducing intercell interference (ICI) in order to improve
the link quality for cell-edge users are also described. The
paper includes a brief discussion of the challenges for LTE-
Advanced network designers.

The issue of joint radio resource allocation for multiple
services is challenging, as each service is associated with
different characteristics and quality of service requirements.
In the second paper, “Scheduling for improving system
capacity in multiservice 3GPP LTE,” Lima et al. address the
issue of scheduling algorithms for multiple services in LTE, in
which resources are jointly allocated. Their proposed scheme
takes into account different traffic characteristics as well as
current achieved satisfaction level of each service. Results
show that the proposed scheme can provide significant
capacity improvement over conventional approaches.

Video broadcast and multicast services are expected to
play a very important role in future mobile communications.
One of the key techniques for improving performance is the
use of hierarchical modulation (HM). In HM, users with
poorer channel qualities can access data via a low-rate but
more error-protected “base-layer” (BL). On the other hand,
users with better channel qualities can access the high-rate
“enhanced layer” (EL) associated with less error protection.
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The aim is to provide a good design tradeoff between
service quality and coverage. In the third paper, “Hierarchical
modulation with vector rotation for E-MBMS transmission in
LTE systems,” Zhao et al. propose the use of vector rotation
to improve the performance of the ELs in the context of
LTE multicast/broadcast networks. Simulation results show
that the proposed method can provide significant benefits
for video quality and coverage compared to conventional
schemes.

In LTE-Advanced systems, the number of available
primary component carriers (PCCs) and physical cell IDs
(PCIs) are limited and their assignment can be formulated
as graph coloring problems. In the fourth paper, “Distributed
graph coloring for self-organization in LTE networks,” Ahmed
et al. investigate algorithms for solving these problems in a
distributed fashion, considering both real-valued and binary
pricing of interference. The number of component carriers
needed to select conflict-free PCCs and the number of PCIs
needed to assign confusion-free PCIs are estimated from
simulations.

Decode-and-forward relaying is likely to play an impor-
tant role in LTE-Advanced networks. In the fifth paper, “On
the coverage extension and capacity enhancement of inband
relay deployments in LTE-Advanced networks,” Saleh et al.
investigate the coverage extension capabilities and capacity
enhancements achievable with in-band Type 1 and Type 1b
relaying within the LTE-Advanced framework in different
propagation scenarios. System level simulation results show
that the gains from employing these two types of relays vary
greatly, depending on the deployment environment.

It is evident that this special issue does not cover many
other important areas of relevance to LTE/LTE-Advanced
networks. Nonetheless, we hope that readers will find the
information presented to be interesting and useful. We thank
all the authors who responded to the call for papers. We
also wish to acknowledge all the reviewers for their dedicated
efforts in ensuring a high standard for the selected papers.

Cyril Leung
Raymond Kwan

Seppo Hämäläinen
Wenbo Wang
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Among the goals of 3GPP LTE networks are higher user bit rates, lower delays, increased spectrum efficiency, support for diverse
QoS requirements, reduced cost, and operational simplicity. Resource scheduling and interference mitigation are two functions
which are key to achieving these goals. This paper provides a survey of related techniques which have been proposed and shown to
be promising. A brief discussion of the challenges for LTE-Advanced, the next step in the evolution, is also provided.

1. Introduction

The demand for cellular communication services is expected
to continue its rapid growth in the next decade, fuelled
by new applications such as mobile web-browsing, video
downloading, on-line gaming, and social networking. The
commercial deployment of 3G. Cellular network technolo-
gies began with 3GPP UMTS/WCDMA in 2001 and has
evolved into current UMTS/HSPA networks. To maintain the
competitiveness of 3GPP UMTS networks, a well-planned
and graceful evolution to 4G networks [1] is considered
essential. LTE is an important step in this evolution, with
technology demonstrations beginning in 2006. Commercial
LTE network services started in Scandinavia in December
2009 and it is expected that carriers worldwide will shortly
be starting their upgrades.

The main design goals behind LTE are higher user bit
rates, lower delays, increased spectrum efficiency, reduced
cost, and operational simplicity. The first version of LTE,
3GPP Release 8, lists the following requirements [2]. (1)
peak rates of 100 Mbps (downlink) and 50 Mbps (uplink);
increased cell-edge bit rates; (2) a radio-access network
latency of less than 10 ms; (3) two to four times the spectrum
efficiency of 3GPP Release 6 (WCDMA/HSPA); (4) support
of scalable bandwidths, 1.25, 2.5, 5, 10,15, and 20 MHz;
support for FDD and TDD modes; smooth operation with
and economically viable transition from existing networks.

In order to meet these demanding requirements, LTE makes
use of multiantenna techniques and intercell interference
coordination.

In this paper, we provide a survey of radio resource
scheduling and interference mitigation in LTE. Both are
widely recognized as areas which can greatly affect the
performance and spectrum efficiency of an LTE network. The
paper is organized as follows. In Section 2, a brief overview
of some aspects of LTE, necessary to discuss scheduling in a
meaningful way, is given. Radio resource scheduling methods
proposed are discussed in Section 3. Methods based on inter-
ference mitigation to improve the QoS of cell-edge users are
described in Section 4. Section 5 provides a brief discussion
of LTE-Advanced, as the next step towards a 4G network.

2. Overview of LTE PHY

A brief description of LTE Physical Layer features, necessary
to discuss scheduling algorithms, is now provided. It should
be noted that scheduling decisions are made at the base sta-
tion (eNB in 3GPP parlance) for both downlink and uplink
radio transmissions. More details can be found in [3–5].

2.1. Downlink. LTE radio transmission on the downlink is
based on OFDM, a modulation scheme that is used in a
variety of wireless communication standards. OFDMA, a
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Figure 1: Illustration of a scheduling block in LTE downlink.

variant of OFDM which allows several users to simultane-
ously share the OFDM subcarriers, is employed in LTE in
order to take advantage of multiuser diversity and to provide
greater flexibility in allocating (scheduling) radio resources.
Specifically, the OFDM subcarriers are spaced 15 kHz apart
and each individual subcarrier is modulated using QPSK,
16-QAM, or 64-QAM following turbo coding. AMC is used
to allow the optimal MCS to be chosen, based on current
channel conditions.

A major difference between packet scheduling in LTE and
that in earlier radio access technologies, such as HSDPA, is
that LTE schedules resources for users in both TD and FD,
whereas HSDPA only involves TD. This additional flexibility
has been shown to provide substantial throughput and
coverage gains. In order to make good scheduling decisions, a
scheduler requires knowledge of channel conditions. Ideally,
at each scheduling time, the scheduler should know the chan-
nel gain for each sub-carrier and each user. However, due to
limited signalling channel resources, subcarriers are grouped
into RBs, each consisting of 12 adjacent subcarriers. Each RB
has a time slot duration of 0.5 ms, which corresponds to 6
or 7 OFDM symbols depending on whether an extended or
normal cyclic prefix is used. The smallest resource unit that
a scheduler can allocate to a user is an SB, which consists of
two consecutive RBs, spanning a subframe time duration or
TTI of 1 ms and a bandwidth of 180 kHz (see Figure 1).

2.2. Uplink. Except for the use of SC-FDMA, a precoded
version of OFDM, in place of OFDMA, the PHY for the
uplink is similar to that for the downlink, especially for the
FDD mode. SC-FDMA is preferred over OFDMA since SC-
FDMA has a smaller PAPR which allows a reduced power
consumption. This is an important consideration for the
UE (user/mobile terminal) and results in improved coverage
and cell-edge performance. Another advantage is a simpler
amplifier design, which translates to a lower-cost UE.

3. Scheduling

Due to the central role of the scheduler in determining
the overall system performance, there have been many
published studies on LTE scheduling [6–41]. Simply stated,
the scheduling problem is to determine the allocation of
SBs to a subset of UEs in order to maximize some objective

function, for example, overall system throughput or other
fairness-sensitive metrics. The identities of the assigned SBs
and the MCSs are then conveyed to the UEs via a downlink
control channel.

To reduce complexity, most schedulers operates in two
phases: TDPS followed by FDPS. The TD PS creates a SCS
which is a list of users which may be allocated resources in
the current scheduling period and the FD PS determines the
actual allocation of SBs to users in the SCS. Since the TD PS
does not concern itself with the actual allocation of SBs, it
typically uses only average full-band subcarrier CQI and not
individual subcarrier CQI. The TD and FD packet schedulers
can be designed using possibly different metrics depending
on the characteristics desired of the scheduler, for example,
high throughput, fairness, low packet drop rate, and so forth.

We discuss scheduling on the downlink in Section 3.1
and scheduling on the uplink in Section 3.2.

3.1. Downlink Scheduling. By taking advantage of the time
and frequency channel quality variations of the SBs asso-
ciated with different users, a scheduler can greatly improve
average system throughput compared to a round-robin
scheduler which is blind to these variations. The basic idea
is to allocate each SB to the user who can best make use of
the SB according to some utility function. Scheduling with
a single-carrier-based downlink access technology, such as
3GPP Release 6 HSDPA, can only be time-opportunistic.
In contrast, OFDMA schedulers can be both time- and
frequency-opportunistic.

The performances of different aspects of FDPS in a
variety of scenarios have been studied in [6–14]. Results in
[7], obtained using a detailed link simulator, indicate that
a PF FD PS can provide average system throughput and
cell-edge user bit rate gains of about 40% compared to a
time-opportunistic scheduler which does not use subcarrier
CQI information. As to be expected, the magnitudes of
the gains depend on many factors including CQI accuracy,
CQI frequency resolution and the number of active users. A
CQI error standard deviation of 1 dB, a frequency resolution
similar to the channel coherence bandwidth and a SCS size
of at least 5 are found to be adequate.

In [9], the spectral efficiencies and cell-edge user
throughputs for three different packet scheduler combina-
tions, namely, TD-BET/FD-TTA, TD-PF/FD-PF, and TD-
MT/FD-MT, are compared with those for a reference round-
robin scheduler with one user scheduled per SP. The benefits
of multiuser diversity and channel-dependent scheduling
are illustrated. The throughput performances of an optimal
and a suboptimal FD PS are studied as a function of
subcarrier correlation in [10]. An interesting observation is
that the throughput tends to increase with correlation. A
scheduler which takes into account the status of UE buffers,
in addition to channel conditions, is proposed in [11] to
reduce PLR due to buffer overflow while maintaining a
high system throughput and good fairness among users.
Significant improvements are reported relative to the RR, PO,
and PF schedulers. The design of a low-complexity queue-
and channel-aware scheduler which can support QoS for
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different types of traffic is presented in [20]. The use of
decoupled TD and FD metrics for controlling throughput
fairness among users is investigated in [18]. Simulation
results show that a large gain in coverage can be obtained at
the cost of a small throughput decrease. The authors suggest
the use of FD-PF in LTE, complemented by TD-PSS or FD
metric weighting depending on the number of active UEs
in the cell. In [12], the impact of downlink CC signaling
overhead and erroneous decoding of CC information by UEs
on scheduler performance is examined.

MBMS provides a means for distributing information
from the eNB to multiple UEs. A group of MBMS subscribers
listen to a common channel, sharing the same SBs. In order
to meet the BLER target, the MCS has to be selected based on
the UE with the poorest SB channel quality in the group. A
MBMS FD PS is proposed in [17] which attempts to allocate
SBs so as to improve the channel quality of the poorest
quality UE in the group. Simulation results are presented to
illustrate the effectiveness of the proposed scheduler.

There are few studies on schedulers designed to operate
in combination with MIMO techniques [21, 22]. A MIMO
aware FDPS algorithm, based on the PF metric, is presented
in [21]. Both single-user and multiuser MIMO cases are
treated. In the single-user case, only one user can be assigned
to one time-frequency resource element whereas in the
multiuser case, multiple users can be assigned on different
streams on the same time-frequency element. A finite buffer
best effort traffic model is assumed and a 1×2 maximal ratio
combining case is used as reference. Simulations results show
that in a macrocell scenario, the average cell throughput for
MIMO without precoding does not improve relative to the
reference case; with precoding, a gain of 20% is observed.
The throughput gains in a microcell scenario are significantly
larger due to the larger SINR dynamic range.

3.2. Uplink Scheduling. Similar to OFDMA schedulers used
on the DL, SC-FDMA schedulers for the UL can be both
time- and frequency-opportunistic. An important difference
between DL and UL scheduling is that SB CQI reporting is
not needed for UL since the scheduler is located at the eNB
which can measure UL channel quality through SRS.

Scheduling algorithms for the LTE UL have been dis-
cussed by many authors. In [24], a heuristic localized
gradient algorithm is used to maximize system throughput
given the constraint that subcarriers assigned to a specific
user must be contiguous. This work is extended to dynamic
traffic models and finite UE buffers in [25]. A variety
of channel-aware schedulers with differing optimization
metrics and computational complexities are described in
[26–30, 32, 34, 35].

A scheduler which minimizes transmit power subject
to a bound on average delay is treated in [31]. The
scheduler chooses the power and transmission rate based on
channel and UE buffer states. It is observed that substantial
reductions in transmit power can be achieved by allowing
small increases in average delay.

To provide the QoS differentiation needed to support
diverse services such as VoIP, web browsing, gaming, and

e-mail, a combined AC/PS approach is proposed in [36].
Both AC and PS are assumed to be QoS- and channel-aware.
The AC decides to accept or deny a new service request
based on its channel condition and whether its QoS can be
satisfied without compromising the required QoS of ongoing
sessions. The PS dynamically allocates resources to ongoing
sessions to meet their required QoS. Simulation results are
presented to illustrate the effectiveness of the AC/PS in
meeting the QoS requirements of different types of users in a
mixed traffic scenario.

3.3. VoIP. Even though the major growth will be in data
services, telephony will continue to represent a significant
portion of the traffic carried in LTE networks. Voice appli-
cations will be supported using VoIP. Scheduling for VoIP is
discussed in [37–41].

The nature of the carried traffic plays an important role
in how scheduling should be done. VoIP users are active
only half of the time and VoIP traffic is characterized by the
frequent and regular arrival of short packets. VoIP service
also has tight packet delay and PLR requirements. While
dynamic scheduling based on frequent downlink transmit
format signalling and uplink CQI feedback can exploit user
channel diversity in both frequency and time domains, it
requires a large signalling overhead. This overhead con-
sumes time-frequency resources, thereby reducing the system
capacity.

In order to reduce signalling overhead for VoIP-type
traffic, persistent scheduling has been proposed. The idea
behind persistent scheduling is to preallocate a sequence
of frequency-time resources with a fixed MCS to a VoIP
user at the beginning of a specified period. This allocation
remains valid until the user receives another allocation due to
a change in channel quality or an expiration of a timer. A big
disadvantage of such a scheme is the lack of flexibility in the
time domain which may result in a problematic difference
between allocated and actually needed resources. To reduce
the wastage when a VoIP call does not make full use of its
allocated resources, a scheduling scheme is proposed in [40]
which dynamically allows two “paired” VoIP users to share
resources.

In [37], it is noted that meeting the QoS requirements of
VoIP packets by giving these packets absolute priority may
negatively impact other multimedia services and degrade
the overall system performance. A scheduling scheme which
dynamically activates a VoIP packet priority mode (to satisfy
voice QoS requirements) and adjusts its duration based on
VoIP PLRs (to minimize system performance degradation)
is proposed. Simulation results are provided to demonstrate
the effectiveness of the scheme.

Semipersistent scheduling, which represents a compro-
mise between rigid persistent scheduling on the one hand,
and fully flexible dynamic scheduling on the other, has been
proposed by several authors. In [38], initial transmissions
are persistently scheduled so as to reduce signalling overhead
and retransmissions are dynamically scheduled so as to pro-
vide adaptability. Another semipersistent scheduling scheme
based on that in [40] is studied in [41].
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3.4. Channel Quality Indicator. It is well documented that
an accurate knowledge of channel quality is important for
high-performance scheduler operation. From the perspective
of downlink scheduling, the channel quality is reported
back to the eNB by the UE (over the uplink) using a CQI
value. If a single “average” CQI value is used to describe the
channel quality for a large group of SBs, the scheduler will be
unable to take advantage of the quality variations among the
subcarriers. This may lead to an unacceptable performance
degradation for frequency-selective channels. On the other
hand, if a CQI value is used for each SB, many CQI values
will need to be reported back, resulting in a high signalling
overhead.

Several CQI reporting-schemes and associated trade-offs
are discussed in [10, 15, 16]. Two broad classes of reporting
schemes can be identified. In the first class, schemes report
a compressed version of the CQI information for all SBs to
the eNB. In the second class, schemes report only a limited
number of the SBs with the highest CQI values.

The dependence of the system throughput on the num-
ber of SBs whose CQI values are reported by UEs is discussed
in [10]. In [15], a “distributed-Haar” CQI reporting scheme
is proposed and simulation results are reported which show
that it can provide a better trade-off between throughput
performance and CQI feedback signaling overhead, com-
pared to a number of other CQI-compression schemes. The
effect of varying FD and TD granularity in CQI reporting is
discussed in [16]. It is concluded that a CQI measurement
interval of 2 ms and a frequency resolution of 2 SBs per CQI
is adequate in most cases. The spectral efficiencies for four
different CQI reporting schemes are also compared in [16]
and it is suggested that the Best-M average and Threshold-
based schemes provide a good trade-off between system
performance and UL signaling overhead.

4. Interference Mitigation

ICI is a major problem in LTE-based systems. As the cell-edge
performance is particularly susceptible to ICI, improving the
cell-edge performance is an important aspect of LTE systems
design.

As a UE moves away from the serving eNB, the degra-
dation in its SINR can be attributed to two factors. On the
one hand, the received desired signal strength decreases. On
the other hand, ICI increases as the UE moves closer to a
neighbouring eNB, as illustrated in Figure 2.

One approach for reducing ICI from neighbouring eNBs
is to use enhanced frequency reuse techniques. To motivate
such techniques, we first take a look at conditions under
which conventional frequency reuse can be beneficial.

Let γ(n)
i, j be the SINR of UE i which is served by eNB

j, based on an FRF n configuration. The resulting spectral
efficiency is given by

Cn = 1
n

log2

(
1 + γ(n)

i, j

)
. (1)

To assess the benefits of conventional frequency reuse, it
is convenient to define the spectral efficiency improvement
factor as

Δn
Δ= Cn
C1
. (2)

Thus, Δn is a measure of the spectral efficiency improvement
that is obtainable with a FRF n configuration compared to
full reuse, that is, n = 1. For the FRF n configuration to have
a higher spectral efficiency than the full reuse case, we require
that Δn > 1. Using (1) and (2), it can be shown that this
requirement is equivalent to

γ(n)
i, j > nγ

(1)
i, j +

(
n
2

)(
γ(1)
i, j

)2
+ · · · +

(
γ(1)
i, j

)n
. (3)

In the case of a UE which is close to its serving eNB, hereafter
referred to as a cell-center UE, the SINR value is usually high,
that is,� 1, and (3) can be approximated as

γ(n)
i, j >

(
γ(1)
i, j

)n
. (4)

Thus, for cell-center UEs, an SINR increase in the order of the
nth power of γ(1)

i, j must be achieved in order to justify a FRF
n scheme. On the other hand, for cell-edge UEs for which

γ(1)
i, j � 1, (3) can be approximated by

γ(n)
i, j > nγ

(1)
i, j . (5)

While it is possible to obtain a large SINR improvement
for cell-edge UEs by eliminating ICI, the SINR improvement
will be smaller for cell-center UEs, as ICI is not as dominant
for these UEs. Also, since a cell-center UE SINR is typically
much higher than unity, the spectral efficiency increases only
logarithmically with SINR. However, for a cell-edge UE with
SINR value much less than unity, the spectral efficiency
increases almost linearly with SINR. From (4) and (5), we
can conclude that, in general, only cell-edge UE spectral
efficiency will improve from using a high FRF value.

4.1. Fractional Frequency Reuse. The above discussion indi-
cates that it is not bandwidth-efficient to use the same
FRF value for the entire cell. One way to improve the cell-
edge SINR while maintaining a good spectral efficiency is
to use an FRF greater than unity for the cell-edge regions
and an FRF of unity for the cell-center regions [42]. Such
an FFR scheme is illustrated in Figure 3. In this example,
the entire bandwidth is divided into four segments, that is,
{ f1, f2, f3, f4}. The idea is to apply a unity FRF scheme using
f1 for cell-center regions, whereas f2, f3, and f4 are used for
an FRF of 3 configuration for the cell-edge regions.
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Figure 4: Illustration of SFR scheme.

4.2. Soft Frequency Reuse. In FFR, adjacent cell-edge regions
do not share the same frequency segments, thereby resulting
in a lower ICI. However, this strict no-sharing policy may
under-utilize available frequency resources in certain situa-
tions. In order to avoid the high ICI levels associated with
a unity FRF configuration, while providing more flexibility
to the FFR scheme, an SFR scheme has been proposed, in
which the entire bandwidth can be utilized [42]. As in FFR,
the available bandwidth is divided into orthogonal segments,
and each neighboring cell is assigned a cell-edge band. In
contrast to FFR, a higher power is allowed on the selected
cell-edge band, while the cell-center UEs can still have access
to the cell-edge bands selected by the neighbouring cells,
but at a reduced power level. In this way, each cell can
utilize the entire bandwidth while reducing the interference
to the neighbours. An example SFR scheme is illustrated
in Figure 4. Note that this scheme can improve the SINR
of the cell-edge UEs using a greater than unity FRF, while

degrading the SINR of the cell-center UEs. This degradation
is due to the overlap in frequency resources between the cell-
edge band of the neighbouring cells, and the cell-center band
of the serving cell. However, as mentioned earlier, the cell-
edge performance improvement is almost linear while the
degradation to the cell-center UEs is logarithmic. In SFR,
the power ratio between the cell-edge band and the cell-
center band can be an operator-defined parameter, thereby
increasing the flexibility in system tuning. The parameters for
both FFR and SFR can be varied semistatically, depending on
the traffic loads and user channel qualities.

Variations can be made to the above reuse schemes. One
example is given in [43–45]. Instead of using a fraction of the
bandwidth as shown in Figure 4, the full bandwidth can be
utilized for the cell-center UEs, at the expense of higher ICI to
the cell-edge UEs. An example of a reuse 3/7 scheme [46, 47]
is shown in Figure 5, where frequency reuse is applied to the
cell-edge UEs of the respective sectors.
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Figure 5: Illustration of SFR 3/7 scheme.

4.3. Adaptive Frequency Reuse Schemes. One of the main
assumptions behind the FFR and SFR schemes is that the
traffic load within each cell remains stable throughout the
life-time of the deployment. However, in practice, this is
not always the case, and further improvements may result in
better resource utilization and system performance. In [48],
simulation results suggest that a fixed FFR or SFR may not
provide an improvement over the full reuse scheme, and that
a more dynamic reuse scheme may be beneficial.

In [49], the entire bandwidth is divided intoN subbands,
and X subbands are used for the cell-edge UEs, and N −
3X subbands are allocated for the cell-center UEs. The
X subbands between neighbouring cell edge regions are
orthogonal, while the N − 3X subbands are the same for all
cells. The value for X can be adjusted based on the traffic
load ratio between the cell-edge and the cell-center regions.
In [50], an improvement on the above scheme is made,
which not only takes into the traffic ratio between the edge
and the center regions of the serving cell, but also of the
neighbouring cells. For example, when a cell detects that
heavy traffic is present at the cell edge, but not for a subset
Cn of the neighbouring cells, more frequency resource can be
allocated to the edge UEs by borrowing some edge resources
from cells within Cn. For this scheme, some form of intercell
communication may be required in order for a cell to assess
the edge traffic loads of its neighbouring cells.

Recently, messages for inter-eNB communications have
been standardized for LTE Release 8 to allow different eNBs
to exchange interference-related information. For example,
an Uplink HII message is introduced per PRB, to indicate
the occurrence of high interference sensitivity of these PRBs
as experienced from the sending eNB [51]. The receiving
eNB(s) would then try to avoid allocating these PRBs to the
cell-edge UEs. In [52], the cell-edge bandwidth is allocated

dynamically according to the traffic load. In this scheme, each
cell maintains two disjoint sets of PRBs, one for the cell-edge
region and one for the cell-center region. When a cell-edge
region load is high, the cell compares the identities of its
own reserved cell-edge PRBs and those included within the
neighbouring HII(s), in order to determine the “borrowable”
cell-edge PRBs, and select the PRBs that would minimize ICI.
In order to avoid intracell interference, the borrowed PRBs
are not assigned to the cell-center UEs.

In [53], a flexible frequency reuse scheme is proposed,
in which the entire bandwidth is divided into the cell-center
band and the cell-edge band(s). In this scheme, the cell-
center band can “borrow” a fraction of the cell-edge bands,
thereby providing a way to adapt the bandwidth according to
the nonhomogeneous nature of the traffic load within a cell.
A similar load-based frequency reuse scheme is discussed in
[54].

In [55], a decentralized, game-theoretic approach is
proposed, whereby each eNB iteratively selects a set of
PRBs that minimizes its own perceived interference from
its neighbours. At each allocation instance, a new set of
PRBs is selected with a certain probability if the perceived
interference can be reduced by a specified threshold.

4.4. Graph-Based Approach. The problem of interference
mitigation can be formulated as an interference graph in
which the UEs correspond to the nodes and relevant inter-
ference relations between UEs correspond to the respective
edges. To minimize interference, connected UEs should not
be allocated the same set of resources. Such a problem is
directly related to the graph coloring problem in which each
color corresponds to a disjoint set of frequency resources.
The goal is for each node in a graph to be assigned a color
in such a way that no connected nodes are assigned the
same color. In [56], a centralized graph coloring approach
is proposed, where a “generalized” frequency reuse pattern is
assigned to UEs at the cell edge by a centralized coordinator.
In order to generate the interference graph, UEs are required
to measure the interference and path losses, and report back
to their respective eNBs. Subsequently, every eNB sends the
necessary information to the central coordinator, which then
generates the interference graph and performs the necessary
optimization. Note that the definition of the edges of a
graph is model- and problem-specific. Other graph-based
approaches can be found in [57, 58].

4.5. Interactions with Scheduler. It is important to note that
the potential benefits of the FFR or SFR schemes may not
always be realized [45, 48, 59, 60]. On the one hand, ICIC can
provide interference reduction for cell-edge users, thereby
improving the cell-edge user bit rate. On the other hand,
in a unity FRF system, the reduced SINR due to ICI can be
compensated by allocating more bandwidth to these users.
By compensating for the lower SINR with more bandwidth,
that is, resource blocks, to suitable users using an intelligent
scheduler, a good performance can still be obtained, even
without ICIC. In this case, the benefit of ICIC may not
justify the added complexity of intercell communications
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[59]. However, it is pointed out in [60] that if a limit is
imposed on the peak rate that can be used for a particular
bearer, the benefit of bandwidth compensation is not fully
realized. It is found that ICIC is useful mostly for low-to-
moderate traffic loads. A similar observation is made in [61].

The frequency of CQI feedback provides a trade-
off between temporal diversity gain and the effective
interference reduction achieved by a frequency-selective
scheduler. A more frequent CQI feedback provides a good
temporal adaptation to the channel variation, thereby
improving the spectral efficiency. However, the frequency
of CQI feedback should also depend on the short-term
interference due to the instantaneous scheduling decisions
of the neighboring cells. Since this interference is weakly
correlated with that in subsequent subframes, the usefulness
of the CQI feedbacks, especially those from the cell-edge
users, is greatly reduced. Thus, from the point of view of
interference mitigation, a less frequent scheduling decision
would be useful. It is suggested in [62] that CQI feedback
filtering should be performed in order to average out the
temporal variations of the ICI, thereby providing a more
stable CQI value for the cell-edge users.

5. Conclusion

A high-level survey of works on resource scheduling and
interference mitigation in 3GPP LTE was presented. These
two functions will be key to the success of LTE. The next step
in the evolution of LTE is LTE-A, a 4G system which promises
peak data rates in the Gbps range and improved cell-edge
performance. Important scheduling/interference mitigation-
related technical issues which require further exploration
include [63]:

(1) use of relaying techniques which can provide a
relatively inexpensive way of increasing spectral effi-
ciency, system capacity, and area coverage. Prelimi-
nary studies can be found in [23, 33, 64].

(2) DL and UL coordinated multipoint transmis-
sion/reception to improve high data rate coverage
and cell-edge throughput. For DL, this refers to
coordination in scheduling transmissions from mul-
tiple geographically separated transmission points.
For UL, this involves different types of coordination
in reception at multiple geographically separated
points.

(3) support for UL spatial multiplexing of up to four
layers and DL spatial multiplexing of up to eight
layers to increase bit rates.

Another general area deserving attention is the design of
low-complexity scheduling/interference mitigation schemes
which provide near optimal performance.
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We study the impact of scheduling algorithms on the provision of multiple services in the long term evolution (LTE) system. In
order to measure how well the services are provided by the system, we use the definition of joint system capacity. In this context,
we claim that scheduling strategies should consider the current satisfaction level of each service and the offered load to the system
by each service. We propose a downlink-scheduling strategy according to these ideas named capacity-driven resource allocation
(CRA). The CRA scheduler dynamically controls the resource sharing among flows of different services such as delay-sensitive and
rate demanding ones. Moreover, CRA scheduler exploits the channel-quality knowledge to utilize the system resources efficiently.
Simulation results in a multicell scenario show that the CRA scheduler is robust regarding channel quality knowledge and that it
provides significant gains in joint system capacity in single and mixed service scenarios.

1. Introduction

The cellular networks have allowed us to communicate
with people who are at the most remote places in the
world through mobile phone calls. Furthermore, we are
used to searching for information and entertainment by
utilizing fixed broadband access in our homes. With the
introduction of third generation (3G) networks, besides
phone calls the mobile phones are now capable of accessing
data services such as Web browsing and e-mail. However, the
increased demand for new multimedia services, lower costs
and improved quality of service (QoS) provision continu-
ously stimulate the evolution of mobile communications.
Consequently, 3rd generation partnership project (3GPP)
and other standardization bodies have been working with the
specification of the next steps in mobile communications: the
long term evolution (LTE) and LTE-Advanced.

LTE will bring advantages for subscribers with new
applications such as interactive TV and user-generated
videos, and for operators with backward compatibility with

legacy networks and simpler architecture. Among the main
features of LTE we can highlight the utilization of orthogonal
frequency division multiple access (OFDMA) as the radio
access technology in the downlink and a pure packet-based
all-internet protocol (IP) architecture.

OFDMA is a multiple access scheme based on orthogonal
frequency division multiplexing (OFDM) digital modulation
scheme where multiple user equipments (UEs) get assigned
subcarriers or subsets of them in order to be served
simultaneously. One of the advantages of an OFDMA-based
system is the opportunity to benefit from frequency and
multiuser diversities. Due to the frequency diversity, it is
unlikely that all frequency resources in a link have the same
channel quality. The multiuser diversity comes from the
fact that UEs located at different positions within a cell
experience almost independent channel qualities [1].

All-IP is a broad concept which means that the core
network will be completely packet-switched and based on
IP [2]. The main advantages of an All-IP architecture are
reduced costs and efficient support to mass-market usage of
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any IP-based service. On the other hand, a packet-switched
network imposes some challenges on the provision of QoS
guarantees for delay-sensitive services such as voice that was
traditionally provided over circuit-switched networks and
now must share the system resources with other services. In
this multiservice scenario, system operators expect to achieve
high system capacity by fulfilling the heterogeneous QoS
requirements of the multiple flows in the system. Although
in LTE a UE can bear multiple service flows, without loss of
generality, here, only one service flow is considered per UE.
Consequently, flow and UE are interchangeable throughout
the text.

In order to exploit the advantages of OFDMA multiple
access scheme and guarantee the QoS of different services
with distinct traffic patterns and requirements, scheduling
is of utmost importance in LTE. Scheduling algorithms are
responsible for selecting which UEs will have access to the
system resources and with which configuration. Therefore, in
this paper, we deal with downlink scheduling algorithms for
capacity maximization in multiservice scenarios. Our main
contributions in this paper are:

(i) review a reasonable definition of system capacity
suitable for multiservice scenarios and discuss how
different scheduling strategies impact on it;

(ii) propose a scheduling strategy with the objective
of improving the joint system capacity of the LTE
system. Specifically, our proposal takes into account
many requirements and limitations imposed by the
LTE architecture; and

(iii) present a performance evaluation by using a detailed
computational simulator in order to analyze the pos-
sible benefits of our proposed scheduler when applied
to the LTE system. In the performance evaluation, we
study some relevant aspects in multiservice scenarios.

The remainder of this paper is organized as follows. In
Section 2, we present a brief overview about scheduling
algorithms in the literature and contextualize our proposal.
Section 3 is devoted to the problem formulation and presen-
tation of the assumed system modeling. Specifically, in the
problem formulation we define the joint system capacity and
discuss how scheduling algorithms impact on it. After that,
we present the proposed scheduling algorithm in Section 4.
Then, in Section 5, we present a performance evaluation of
our proposal by using a computational simulator that models
the main aspects and restrictions of the LTE system. Finally,
we provide the main conclusions and perspectives of this
work.

2. Related Works

Studies in scheduling algorithms for wireless networks have
acquired emphasis with the introduction of packet-switched
single-carrier networks, such as high speed downlink packet
access (HSDPA) and code-division multiple access 2000
evolution-data only (CDMA2000 EV-DO), where the system
resources are no longer dedicated to the flows but shared
among them. One of the first approaches followed by the

community research was to generalize the concepts of queu-
ing theory employed in wireline schedulers for the wireless
setting [3–6]. As an example, in [7] the authors provide
important bounds on queue backlog for different scheduling
algorithms in OFDMA networks. Although the theoretical
results in these works are conditioned to strong requirements
regarding information availability and involved stochastic
processes, the achieved results have paved the path towards
the design of wireless schedulers. Important insights such
as the relevance of the use of channel quality information,
fairness in wireless environment and QoS-related aspects
(e.g., delay) were obtained.

Scheduling algorithms in general are designed to deal
with (RT) and/or non-real time (NRT) services. RT services
are characterized by the short time response between the
communicating parts. These services have strict require-
ments regarding packet delay and jitter. As an example of
this kind of service we can mention voice over IP (VoIP). On
the other hand, NRT services do not have tight requirements
concerning packet delay although high packet delays are
unacceptable. In fact, when transmitting NRT services the
major constraint is the information integrity, that is, infor-
mation loss is not tolerable. Therefore, applications of this
type must have error-correction or recovery mechanisms.
Web browsing is an example of an NRT service.

Contributions on scheduling algorithms can be catego-
rized according to the multiple access method (single- and
multicarrier networks) and provided services by the network
(single- and multiservice scenarios). The interested reader
can refer to [8–11] for single-carrier schedulers developed
for NRT and RT services, respectively. In [12–15] the reader
can find multicarrier schedulers for single-service scenarios.
Our focus on this paper is on multicarrier schedulers for
multiservice scenarios.

One of the first works that studied the QoS provision in
multiservice scenarios was [16] that focused on single-carrier
system. The proposed scheduler is based on proportional
fair (PF) [8] with an additional weight that depends on
packet delay for RT services and on a token bucket control
algorithm for NRT services. Another work that also studies
PF-like schedulers for multiservice scenarios is [17] where
the flows are differentiated by service-dependent weights that
are either fixed or dependent on packet delay.

Many works have been published focusing on the
LTE system and multiservice scenarios and a complete
survey is out of the scope of this section. The objective
is to show some guidelines and how our work innovates
compared to the state of art. In [18], the authors propose
a downlink scheduling algorithm based on PF that takes
into account in its formulation the per-flow amount of
data awaiting transmission. In the scheduling process, flows
belonging to a high priority service (delay-sensitive service)
have an explicit priority over the others. In [19, 20],
the authors consider a mixed service scenario; however,
the main concern is with delay-sensitive services such as
VoIP and video. In [21], the authors propose a schedul-
ing algorithm that has an inter and intraservice part. In
the former, the scheduler defines which service will have
the flows scheduled. In the latter, the scheduler selects
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the flows that will be scheduled from the service defined
in the interservice part. The results shown in that article
were spectral efficiency, fairness and average throughput.
Although the scheduler presented in [21] can be applied
in multiservice scenario, the authors neither provide results
with mixed service scenarios nor consider delay-sensitive
services.

The paper [22] highlights the importance of using
channel- and buffer size/delay-aware schedulers in achieving
high performance in multicarrier systems. In this paper, we
do follow this approach by using information about channel-
quality and packet delay in our proposed solution. Also
in [22], the authors conclude that strict prioritization of a
specific service (as it is done in some of the commented pre-
vious articles in this section) is not suitable for multiservice
scenarios.

In summary, the main objectives of the multiservice
schedulers designed for LTE described in this section are
either to provide better spectral efficiency while keeping
fairness among flows or protecting the QoS of high priority
services such as delay-sensitive ones. In this paper, we
propose a scheduling algorithm to improve the joint system
capacity of the LTE system. This approach has not been
followed by the previous articles on LTE to the best of our
knowledge. In the next section, we formally define the joint
system capacity.

3. Problem Formulation and System Modeling

In this section, we formally define the joint system capacity
and relate it with other existing system-capacity definitions.
Moreover, we present the main aspects about LTE that are
relevant to this work.

3.1. Capacity Definitions. There are many ways to measure
the capacity of wireless systems. A well-known definition
of capacity is the one provided by Shannon which consists
in the maximum achievable set of rates in multiple access
channels with an arbitrarily small probability of error [23].
As this metric represents a bound in performance, in
practice, the sum of the transmitted data rates (downlink)
or aggregated data rate is used. Usually, this metric is
also normalized by the system bandwidth and expressed in
b/s/Hz.

However, with the increased availability of new services
in wireless networks, the user perceived quality or QoS
should also be included in the capacity measures. In this
sense, the system capacity could be defined as the maximum
aggregated data rate subject to the constraint that the average
experienced quality of all flows in the system should be
fulfilled according to a given target. As average experienced
quality, we can mention the average delay of all transmitted
packets or the average packet throughput, for example.

As in the wireless systems the perceived QoS can
significantly vary among different flows, we believe that
fairness related aspects should be taken into account when
defining the capacity measure. This can be accomplished by
the joint system capacity that is shown in Section 3.2.

3.2. Joint System Capacity. The joint system capacity used in
this paper was first defined in [24] and used as performance
metric in many papers including [17, 25–27].

Consider a multiservice system where the offered load is
measured as the number of connected flows in the system.
Let us identify the service types by indices that compose
the service set Ψ. In a wireless system, flows start and finish
their data sessions in a dynamic process. Considering that the
system is in stable state where the statistics can be considered
stationary, the mean number of connected flows in the
system or offered load from service s is ρs. The total offered
load to the system by all services is given by

ρtotal =
∑

s∈Ψ
ρs. (1)

The fraction of the total load offered by service s is given
by

fs =
ρs
ρtotal

. (2)

We define the service mix, f , as a vector composed of the
elements fs. In order to measure the quality provided to the
flows of a specific service s ∈ Ψ when a scheduling strategy
named SCHED is used, we consider the user satisfaction ratio
qSCHED
s (ρtotal, f). The user satisfaction ratio for a given service

is defined as the fraction of flows from this service whose
data sessions ended with the QoS requirements fulfilled. The
user satisfaction ratio is a nonincreasing function of the total
offered load. Furthermore, the user satisfaction ratio depends
on the service mix since the load imposed by the flows of
each service to the system is different due to distinct QoS
demands.

We consider that the individual capacity for a service
is the maximum total offered load in which the majority
of the ended data sessions of this service achieve the QoS
requirements. More specifically, the individual capacity of
service s ∈ Ψ (measured in number of connected flows) with
the scheduling strategy SCHED is defined as

iSCHED
s (f) = max

(
ρtotal | qSCHED

s

(
ρtotal, f

)
≥ Qthres

s

)
, (3)

where Qthres
s consists in the user satisfaction ratio threshold

for service s, that is, the minimum acceptable user satisfac-
tion ratio for service s defined by the system operator.

In a mixed service scenario, we have to take into account
the QoS provided to the flows of all services. The joint system
capacity is the maximum total offered load in which all
provided services fulfill the user satisfaction ratio threshold.
Therefore, the joint system capacity when a scheduling
algorithm SCHED is used, cSCHED(f), is defined as

cSCHED(f) = min
(
iSCHED
s (f),∀s ∈ Ψ

)
. (4)

The joint system capacity is able to capture relevant
aspects of multiservice wireless systems such as user and ser-
vice specific quality requirements. The scheduling algorithm
proposed in this paper in Section 4 aims at improving the
joint system capacity of LTE.
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3.3. Impact of Scheduling Strategies on the Joint System
Capacity. Once we have defined the joint system capacity,
we will discuss the effects of some scheduling strategies on
the system capacity. Consider, for example, a scheduling
algorithm that gives explicit priority to a given service such as
the approaches of some of the papers described in Section 2.
In this case, the flows of the service with higher priority tend
to be scheduled more often than the flows of other services.
As a consequence, the individual capacity of the prioritized
service will be higher than the other services. However, as
defined in (4), the joint system capacity is limited by the
service with lower individual capacity.

In Figure 1, we illustrate this issue in an example with a
two-service case. In this figure, “Prio” is a scheduling strategy
that tends to allocate most of the system resources to the
flows of the second service that has high priority. On the
other hand, “Balanced” is an example of another scheduling
algorithm that is capable of balancing the QoS experienced
by the flows of the different services in order to improve the
joint system capacity. As can be seen in this figure, the joint
system capacity with the first scheduler is iPrio

1 and for the
second scheduler is iBalanced

1 with iBalanced
1 > iPrio

1 . In order to
improve the joint system capacity, the scheduler “Balanced”
had to degrade the individual capacity of service 2 in order
to improve the individual capacity of service 1 (direction of
the arrows in the figure). Although the degradation of the
QoS provided to the flows of a specific service can seem odd
at first, this is supported by the system operator’s point-of-
view. When offering wireless services the system operator
is interested in fulfilling each per-service minimum user
satisfaction ratio threshold (Qthres

s ) and, therefore, quality
overprovision for a specific service will not bring additional
benefit for the system operator.

In general, a condition to the joint system capacity
maximization is that all provided services achieve the same
individual system capacity [24]. As a conclusion, scheduling
strategies with explicit priority for flows of a specific service
are not able to maximize the joint system capacity.

In a stationary environment where aspects such as
traffic mix proportions and channel conditions are kept
statistically unchanged, a suitable set of weights of the PF-
based schedulers such as in [17] could be found in order
to provide QoS balancing among services. However, in real
networks, these aspects are rather unpredictable and time-
variant. Consequently, a fixed set of weights would not lead
to an improved joint system capacity in this scenario.

In order to improve the joint system capacity, the
scheduling strategy should perform a controlled resource
sharing among flows of different services. Aspects such as the
load of each service in the system (traffic mix proportion, f)
and the satisfaction level of each flow should be addressed.
These are the main ideas of our proposed scheduling
algorithm described in Section 4.

3.4. System Modeling. In this section, we point out the
relevant aspects of the LTE system that impact on our work.
For a complete description of LTE the interested reader can
refer to the 3GPP’s standards and the articles [28–30], for
example. In Sections 3.4.1 and 3.4.2 we present the physical
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Figure 1: Illustration of the effects of scheduling strategies in the
joint system capacity.

[31] and medium access control (MAC) [32] layers and in
Section 3.4.3 we show the services types and user satisfaction
model.

3.4.1. Physical Layer. The time domain structure of LTE is
composed of radio frames of 10 ms. Each radio frame has 10
equally-sized subframes of length 1 ms. Subframes, in turn,
consist of two slots of length 0.5 ms. The scheduling takes
place in a subframe basis.

The default subcarrier spacing is 15 kHz and all sub-
carriers are grouped in sets of 12 subcarriers. A resource
block in LTE is defined as a two-dimensional grid with 12
subcarriers in frequency and 0.5 ms in time that corresponds
to 6 or 7 OFDM symbols depending on cyclic prefix length.
The Resource Unit (RU) in the system is composed of two
resource blocks concatenated in the time domain, that is, 12
subcarriers and 1 ms.

The resources are utilized by physical channels and
signals. Physical channels are utilized for transmission of data
and/or control information from the MAC layer. The phys-
ical signals are used to support physical-layer functionality
and do not carry any information from the MAC layer [31].

Among the physical channels, we emphasize the function
of physical downlink shared channel (PDSCH) and physical
downlink control channel (PDCCH). The former is utilized
for transmission of data traffic while the latter is used
for downlink layer 1/layer 2 control signaling. Specifically,
PDCCH is used to carry uplink scheduling grants and down-
link scheduling assignments, such as PDSCH resource indi-
cation, transport format, hybrid automatic repeat request
(HARQ) information and transport block size. Depending
on the time-variant PDCCH capacity, different number of
UEs can be scheduled in a given transmission time interval
(TTI). In this work, we consider that there is a fixed limit
in the number of scheduled UEs in a TTI. Although this is
an important aspect of LTE system, this issue has not been
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considered in the majority of the works about scheduling in
the literature.

In this study, we consider that the allocated power per RU
is fixed and is equal to the ratio between the available power
and the number of RUs.

3.4.2. Medium Access Control. When a connection (or
bearer) is established between the UE and the LTE core
network a QoS class identifier (QCI) is specified. This defines
whether the bearer is guaranteed bit-rate or not, target delay
and loss requirements, for example. The enhanced node B
(eNB) translates the QCI attributes into requirements for
the air interface. The scheduling should allocate resources
according to these requirements.

The HARQ comprises a number of processes where each
process uses a simple stop-and-wait protocol. HARQ for
downlink, that is the focus in this study, is asynchronous
and adaptive. By asynchronous we mean that the scheduler
has the freedom to choose the subframe for retransmission
dynamically. In adaptive HARQ, the scheduler can use a
different resource configuration for retransmission com-
pared to the previous (re)transmission. In case the data is a
retransmission of a previously stored data, the received data
is soft combined with the data stored in the soft buffer.

3.4.3. Service Types and Model for User Satisfaction. The
concept of user satisfaction is very important when interpret-
ing the system performance. There are many parameters to
consider such as the service type, technical parameters (e.g.,
delay and throughput), and even economical issues (such as
the price to use the wireless service) [33, 34]. However, in
this study we consider only technical aspects concerning the
perceived quality by the end user.

In this work, we consider two classes of services that have
been used as reference in the research community: RT and
NRT services that were described in Section 2. Note that we
can directly map the QCIs attributes to the service classes
used in this study [35].

In the area of RT services, quite extensive models have
been obtained that relate the frame erasure rate (FER) with
perceived quality [36]. Therefore, we consider that a RT flow,
j, is satisfied when

γj[k] =
nlost
j [k]

nlost
j [k] + nsucc

j [k]
≤ γ

req
j , (5)

where γj[k] is the accumulated FER for flow j at TTI k, and
γ

req
j is the FER requirement of flow j. The variables nsucc

j [k]

and nlost
j [k] are the number of successfully transmitted

and lost packets from flow j at TTI k since the session
initialization, respectively. If the FER of a flow is higher than
the requirement this flow is considered unsatisfied.

The satisfaction model for NRT flows is based on the
average data rate and is suitable for services with bursty
traffic [37]. A flow j that belongs to an NRT service is
satisfied when

r j[k] = l j[k](
t j[k] · a

) ≥ r
req
j , (6)

where r j[k] is the average data rate of flow j at TTI k
computed from the session initialization, and r

req
j is the

average data rate requirement of flow j. The variable l j[k] is
the number of correctly transmitted bits from flow j at TTI
k since the session initialization, t j[k] is the total active time
of flow j at TTI k since the session initialization and a is the
duration of one TTI. By active time we mean the total time
that a flow has data to transmit. If the average data rate of
a flow is lower than the requirement this flow is considered
unsatisfied.

4. Capacity-Driven Resource Allocation (CRA)

Based on the previous discussion about joint system capacity
and the main aspects/restrictions of the LTE architecture, we
propose the scheduling algorithm CRA. The main objective
of CRA is to improve the joint system capacity of the LTE
system in multiservice scenarios.

4.1. CRA Overview. We have followed a common approach
when designing schedulers for multicarrier systems that
is to split the scheduling functionality into two parts:
Resource Allocation and Resource Assignment. The Resource
Allocation part is responsible for defining which flows will
be scheduled and determining their required data rate at
the current TTI, while the Resource Assignment part defines
which resources will be assigned to the selected flows in the
Resource Assignment part.

In Figure 2, we illustrate the main building blocks of the
CRA scheduler. In the Resource Allocation part, the CRA
scheduler firstly builds priority lists for each existing service.
These services can be either NRT or RT. In the priority
list, the flows that belong to a specific service are ordered
according to a priority based on the satisfaction level. The
prioritization intends to give transmission opportunities to
the flows that can be easily satisfied. Besides, for each flow
CRA also calculates the required data rate that this flow needs
to transmit in the current TTI.

The last step of Resource Allocation part consists in the
selection, according to the load imposed by each service, of
the flows that will receive RUs in the Resource Assignment
part. As the flows are arranged in priority lists, the task is to
define how many flows of each service will be chosen to get
resources in the Resource Assignment part. In this last part,
the selected flows get assigned RUs in a channel opportunistic
fashion.

4.2. CRA: Resource Allocation Part. As described previously,
for each flow we determine the required data rate to transmit
at the current TTI. For an NRT flow, this data rate is
calculated as follows:

Δr j[k] = r
req
j ·

(
t j[k] + 1

)
− r j[k − 1] · t j[k − 1]. (7)

This required data rate represents the data rate that
should be allocated to an unsatisfied flow in order to this flow
stay satisfied even if it does not have transmission opportu-
nities in the next TTI (see Appendix A for demonstration).
Note that if a flow is already satisfied the required rate would
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Figure 2: Building blocks of CRA. Illustration of the Resource Allocation and Resource Assignment parts.

be negative. Therefore the modulus (or absolute value) of this
required rate can be seen as the “distance” that the average
data rate of a flow (r j[k]) is from the average data rate
requirement (r

req
j ).

For RT flows we define the required data rate as follows:

Δr j[k] =
boldest
j [k]

a
, (8)

where boldest
j [k] represents the number of bits of the oldest

packet in the transmit buffer of the eNB corresponding to
the flow j at TTI k, that is, the packet that is waiting for
transmission for the longer period of time. The choice of this
required rate for RT flows is based on the fact that, in general,
the upper protocol layers from this service split the data to
transmit in small packets with short delay requirements. In
this way, when these flows get transmit opportunities the

complete packet should be transmitted in order to avoid
packet discard.

Once the data rate demanded by each flow is determined,
the next step is to build priority lists for each service.
The priority lists are built according to the service classes.
The main idea is to prioritize the flows that can be easily
satisfied.

In the priority list for any service, the flows with retrans-
missions have the highest priority. Concerning NRT services,
the flows that are currently unsatisfied have precedence over
the ones that are satisfied. The prioritization is the opposite
for RT flows. The reason for this strategy is the fact that users
of NRT services tolerate temporary QoS fluctuations during
the data session if in average the QoS is fulfilled. On the other
hand, due to the quick response characteristic of RT services,
a temporary oscillation in the experienced QoS compromises
the whole session.
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Besides the prioritization based on the satisfaction status,
we assign a priority to each flow, pj , in order to sort the
flows within the set of satisfied and unsatisfied flows. An
illustration of the process to build the priority list is shown
in Figure 3. The priority for NRT flows is given by

pj =
αj[k]∥∥∥Δr j[k]

∥∥∥
, (9)

where αj[k] is the ratio between the transmit data rate of a
flow j at TTI k in case it gets assigned all available RUs and
the number of available RUs, and the operator ‖ · ‖ returns
the absolute value. Therefore, within the group of unsatisfied
flows, the flow that is in good channel condition and
requires lower data rate to become satisfied than the other
unsatisfied flows is more prioritized. This is a reasonable
strategy in order to increase the number of satisfied flows
in the system. In the group of satisfied NRT flows, the ones
that are in good channel conditions and that are near to
the unsatisfaction have precedence over the other satisfied
flows. In Appendix B, we show that this prioritization is an
optimum strategy to solve the problem of maximizing the
number of satisfied flows when the flow’s requirements are
represented in terms of number of RUs.

Before defining the priority of an RT flow we define the
concept of “distance” to the requirement for RT flows as in
the following

wj[k] =

⎧⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎨
⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎩

⎢⎢⎢⎣
(
nsucc
j [k] + nlost

j [k]
)
· γreq

j − nlost
j [k]

1− γreq
j

⎥⎥⎥⎦,

if γj[k] ≤ γ
req
j

⎡
⎢⎢⎢
nlost
j [k]−

(
nsucc
j [k] + nlost

j [k]
)
· γreq

j

γ
req
j

⎤
⎥⎥⎥,

otherwise,
(10)

where the operators �·� and 	·
 return the first integer
greater than or equal to and the first integer lower than or
equal to a real number, respectively.

The variable wj[k] represents how many consecutive
packets an unsatisfied flow j at TTI k has to successfully
transmit to become satisfied (with γj[k] ≤ γ

req
j ). For a

satisfied flow j, wj[k] means the maximum number of
packets that this flow can lose successively and still be
satisfied. In other words, wj[k] defines how close (or far) the
FER of a given flow is from the required FER. See Appendix B
for the demonstration of (10).

In this way, the priority for an RT flow is given by

pj = 1(
d

req
j − doldest

j

)
·
(
wj + 1

) , (11)

where d
req
j and doldest

j are the packet delay requirement
and current packet delay of the oldest packet of flow j,
respectively. In Figure 4, we plot pj in function of doldest

j and

wj[k] for RT flows considering d
req
j equal to 80 ms. From

this figure we can see that the flows that have packets with
delays close to their deadlines and shorter “distance” between
the current and required FER than the other flows are more
prioritized. The rule is the same for satisfied and unsatisfied
flows. By prioritizing flows with packet delays close to the
deadline we take advantage of the fact that RT applications
tolerate a certain packet delay without compromising the end
user perceived quality. Consequently, more RT connected
flows can be multiplexed in order to increase capacity.

The last part of Resource Allocation is the definition
of which flows of each priority list will be chosen to get
resources in the Resource Assignment part. Consider that set
Ωs is composed of the active flows (flows that have data to
transmit) from service s ∈ Ψ. The number of flows that will
be selected is constrained by the conditions below

ys ≈ μ · |Ωs|∑
p∈Ψ

∣∣∣Ωp

∣∣∣
,

∑

s∈Ψ
ys ≤ μ,

(12)

where ys represents the number of selected flows from service
s to be scheduled, | · | represents the cardinality of a set and μ
is the maximum possible number of scheduled terminals in
a TTI.

The first part in (12) states that the number of selected
flows must be almost proportional to the number of active
flows from each existing service in the cell. The second
part has the objective of guaranteeing that the number of
scheduled flows is equal to or smaller than the maximum
number of terminals that can be scheduled in a TTI (as
presented in Section 3.4.1). The main objective of these
constraints is to provide a better resource distribution among
the different services even when the offered load per service
is unbalanced.

4.3. CRA: Resource Assignment Part. The main idea in the
Resource Assignment is to distribute the RUs in a fair and
opportunistic way among the selected flows in the Resource
Allocation part. The Resource Assignment part is executed
in phases. In each phase, all the flows get assigned one RU.
However, the flow that will choose its RU first is the one
that has the RU in better channel conditions among all other
flows. The process continues until all flows get assigned one
RU in the current phase. The flows compete for resources
until receiving the number of RUs to transmit with the
required data rate,Δr j[k], defined in the Resource Allocation
part. In this case, they are taken out of the process. If all
the selected flows have RUs enough to fulfill the required
data rate, the remaining RUs are equally divided among all
selected flows.

5. Performance Results

In this section, we present a case study where we apply
the proposed scheduling strategy in the LTE system in a
multiservice scenario composed of VoIP (RT service) and
Web (NRT service). We firstly present the simulation setup
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where we provide the simulation parameters and define
reference schedulers used for comparison. The results are
divided into two parts: sensitivity analysis and performance
evaluation in single and mixed service scenarios.

5.1. Simulation Setup. The results presented in this section
are drawn from a dynamic system-level simulator that mod-
els the LTE system according to 3GPP specifications detailed
in Section 3.4. The simulator model includes multiple cells,
intercell interference and propagation phenomena such as
path loss, shadowing and fast fading. Moreover, the main
aspects related to both radio interface layers and upper layers
(Transport control protocol (TCP), user datagram protocol
(UDP), IP and applications) were taken into account in the
simulation models.

The Web traffic model is characterized as request-
response traffic: a client, that utilizes a mobile station and is
located in the radio network, requests one or more web pages
within a session, that is, hypertext transfer protocol (HTTP)
requests. The server generates and returns the web pages.
Once a web page is received at the client, this user reads the

web page for some seconds and then requests another web
page. We consider that the Web pages have a fixed length and
that the reading time follows an exponential distribution.
The Web service can be mapped to QCI1, for example.

The VoIP packets are generated by a speech coder that
mimics the adaptive multirate (AMR) codec. This coder
produces voice frames every 20 ms during speech periods
and small packets, named silence insertion description
(SID) packets, to simulate background noise during silence
periods. In this study we consider that there is a conversation
between two clients, one out of the LTE network utilizing a
computer (client A) and another client utilizing a UE (client
B) in the radio access network. As the downlink is focused,
the performance is measured in the client located in the radio
network utilizing the UE. The model for conversation has
three states: Client A talking, client B talking and mutual
silence. The model switches between this three states with
a time period drawn from exponential distributions. The
VoIP service can be mapped to QCI8, for example. The main
simulation parameters are shown in Table 1.

The reference schedulers used in the simulation are: delay
scheduler (DS) and maximum rate (MR). All these reference
schedulers give transmission opportunities to the flow with
higher priority. The selected flow gets assigned its RUs in
better channel condition until the data rate necessary to
transmit all backlogged data is achieved. If the selected flow
does not utilize all available RUs, the next more prioritized
flow is selected to get resources and so on. Note that there is
the limitation in the maximum number of scheduled flows
as described in Section 3.4.1.

The difference between the reference schedulers is the
prioritization. DS assigns the best RUs of the flow (VoIP
or Web in this case) whose headline radio link control
(RLC) SDU has the current greatest delay. Therefore, DS
scheduler is a channel- and QoS-aware scheduler. The
MR scheduler chooses the flow that can transmit more
information bits when using the available bandwidth (better
channel condition). In this way, as reference schedulers we
have a strategy that takes into account channel and QoS
aspects (DS) and another that is only channel-aware (MR).
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Table 1: Main simulation parameters considered in this work. The parameters are classified in general parameters of LTE, propagation,
deployment, and service-specific ones.

Parameter Value Unit

General

Bandwidth 3 MHz

Carrier frequency 2 GHz

Number of RUs 15 —

Total cell power 20 W

Transport network packet delay (including Internet and Core Network (CN)) 14 ms

PDCCH capacity (number of scheduling grants per TTI) 5 (static modeling) —

Number of HARQ processes 8 —

Maximum number of HARQ retransmissions 10 —

VoIP/Web user satisfaction ratio thresholds 95/90 %

Propagation

Path gain at 1 meter distance −29.03 dB

Path gain per dB distance −3.52 dB

Shadowing standard deviation 8 dB

Antenna type SCM 3GPP [38] —

Deployment

Number of eNB/cells per eNB 3/3 —

Number of antennas in the UEs/cell 2/1 —

Cell radius 500 m

Frequency reuse full —

UE speed 3 km/h

Voip Flows

RLC service data unit SDU discard period 80 ms

Mean talk period time 5 s

Voice activity factor 0.5 —

Frame size 264 bits

Frame period 20 ms

Maximum end-to-end VoIP frame delay 140 ms

SID frame size 39 bits

Required FER 1 %

Web Flows

Web page size (fixed) 10,000 bytes

Mean reading time 1.5 s

Average data rate requirement 128 kbps

In the next sections, we will evaluate how these two strategies
impacts on the joint system capacity in a multiservice
scenario.

5.2. Sensitivity Analysis. CRA is a channel-aware sched-
uler, that is, it relies on channel quality measurements.
Consequently, before analyzing simulation results in mixed
service scenarios we devote this section to the sensitivity
analysis of our proposal regarding channel state reporting.
In Figure 5, we show the user satisfaction ratio versus the
offered load (measured in number of flows in a cell) in the
Web-only scenario when the channel state reporting period
is increased. The CRA scheduler utilizes channel quality
measurements for Web flows in two parts: in the priority
calculation of Web flows and in the resource assignment.

In the priority calculation, an average channel quality
measurement is considered. Therefore, it is expected that
the dependence of this part on channel measurements is
not critical. In the Resource Assignment, a per-RU channel
quality measurement is utilized in order to assign the best
resources to the UEs. Consequently, this part must be more
affected by higher channel reporting periods. However, as
it can be seen in Figure 5, the degradation in capacity
of CRA considering a user satisfaction ratio threshold of
90% is of only 2 UEs, which represents a capacity loss of
approximately 2% when the channel reporting period is
changed from 10 ms to 25 ms. DS and MR also suffer a
capacity loss of approximately 2 UEs considering the same
user satisfaction ratio threshold. This similar performance
among the schedulers points to a degradation in the link
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Figure 5: User satisfaction ratio in the Web-only scenario with
variable channel state reporting periods for CRA, DS and MR
schedulers.

adaptation as the main reason for the capacity loss. Link
adaptation, which is common for any scheduler, also utilizes
channel quality measurements.

In Figure 6, we show the user satisfaction ratio with
different channel state reporting periods in a VoIP-only
scenario. The channel quality measurements are only utilized
in the Resource Assignment part of CRA when VoIP flows
are concerned, that is a common part for any service type.
The degradation observed in the VoIP service is similar to the
one observed in the Web-only scenario in Figure 5. Changing
the channel reporting period from 10 ms to 25 ms caused
similar capacity decreases of approximately 2% for CRA and
3% for DS considering the user satisfaction ratio threshold of
95%. The capacity loss for MR scheduler cannot be measured
in the user satisfaction ratio threshold of 95% because of
its poor performance in the simulated load range. However,
the degradation in user satisfaction ratio is similar to the
visualized in the other schedulers. The performance loss was
mainly caused by a degradation of link adaptation, as in the
previous scenario.

5.3. Performance Evaluation. In Figure 7, we show the user
satisfaction ratio for the simulated schedulers in three mixed
service scenarios: 25% of VoIP and 75% of Web flows
(v25w75), 50% of VoIP and 50% of Web flows (v50w50) and
75% of VoIP and 25% of Web flows (v75w25). Note that these
proportions are related to the number of connected flows in
the system and not active flows. In Figure 7(a), we show the
user satisfaction ratio for VoIP service and in Figure 7(b) the
user satisfaction ratio for Web service. In the axis of abscissas,
we present the system load measured in number of flows in a
cell (the sum of VoIP and Web flows).

In general, we can observe that the user satisfaction ratio
for the simulated schedulers and services is improved when

the percentage of VoIP flows in the system is increased. The
reason for this behavior is the fact that a VoIP flow demands
lower data rates and consequently resources of LTE system. In
order to measure the individual service capacity, as defined in
(3), the user satisfaction ratio thresholds of 95% for VoIP and
90% for Web should be considered as depicted in the figures.

In all simulated mixed service scenarios with the MR
scheduler, the user satisfaction ratio for Web service is better
than the VoIP one. This good performance for Web service is
due to the burst nature of Web traffic and a more flexible QoS
requirement based on average data rate. Because of the burst
traffic pattern of Web, during the inactive periods of the flows
in better channel conditions the MR scheduler can select
the other flows. This works as a statistical time multiplexing
mechanism that is not present in low-rate and regular VoIP
traffic. Furthermore, when MR schedules VoIP flows the
scheduling process is limited by the maximum number of
scheduled UEs instead of the number of available RUs. This
leads to a low resource usage.

When DS scheduler is concerned, we can observe in
Figure 7 that the Web service experiences a lower individual
capacity than VoIP in the simulated mixed service scenarios.
Consequently, the former limits the joint system capacity
of DS scheduler. The packet delay is one important mea-
surement when scheduling RT services because it directly
affects the FER that determines the user satisfaction for
RT flows. Moreover, another reason to prioritize flows with
high headline packet delays is that these flows usually have
more than one buffered packet to transmit. The transport
block size in LTE utilizing one RU can, depending on the
modulation order and code rate, be greater than one RLC
SDU that is mapped one to one with VoIP frames. As a result,
scheduling flows with high headline packet delays increases
the efficiency by reducing the protocol layer overheads
and padding rate per sent VoIP packet [39]. This explains
the good performance of DS for VoIP service. However,
scheduling Web traffic based on packet delay usually grants
flows with transmission opportunities that have too much
buffered data due to poor channel conditions.

Despite the differences among the reference schedulers
they all have in common one aspect: they do not consider
satisfaction status and load per service in their formulation.
Although the joint system capacity in the simulated mixed
service scenarios with the CRA scheduler is limited by the
Web service, the user satisfaction ratios provided to the VoIP
and Web services are improved. In Figure 7, we can observe
that the CRA scheduler achieves higher individual capacities
for VoIP and Web services in the user satisfaction ratio
thresholds of 95% and 90%, respectively. The scheduling
in CRA is accomplished in a more intelligent way by
considering the number of active flows from each service
and the current QoS conditions of each flow. The Resource
Assignment part in the CRA scheduler was designed to give
equal opportunities to each selected flow get its resources in
better channel quality. In the following, we show that the
CRA scheduler provides improved joint system capacity also
in the single-service scenarios.

In Figure 8, we show the system capacity region that
is built from the user satisfaction ratio curves for several
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traffic mixes. This is an important result since it allows us
to assess the performance of schedulers when the network is
submitted to different traffic mixes. The MR scheduler is not
included in this figure because its user satisfaction ratio for
VoIP service was lower than the VoIP satisfaction threshold
for the simulated offered load.

By increasing the user satisfaction ratio for each service,
the CRA scheduler also provides greater capacity region. The
gain of the CRA scheduler over DS in joint capacity can be

quantified by the larger area (below the curves) in the system
capacity region. The gain of the CRA scheduler over DS is of
approximately 37%. This gain may not be completed realized
in real deployments since there are many other aspects in real
networks that are not feasible to model even in a detailed
simulator such as the one used in this study. However, we
expect that even in real deployments our proposal is able
to overperform the reference schedulers concerning the joint
system capacity. Therefore, we believe that the main ideas of
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our proposed scheduler should be considered in the design of
scheduling algorithms for the LTE system in order to improve
the joint system capacity in multiservice scenarios.

6. Conclusions

The provision of sustainable quality of service (QoS) to
different flows with heterogeneous requisites is an important
issue in multiservice wireless networks such as long term
evolution (LTE). In this scenario, the system capacity should
not only take into account the flows of a specific service.
In fact, the system capacity should measure how well all
the services are provided by the system. Therefore, in
order to improve the system capacity, scheduling algorithms
are of utmost importance due to their intrinsic task of
distributing resources to the flows of different services in a
short transmission time interval (TTI).

Some approaches in scheduling design found in the
literature are not capable of improving the system capacity in
a general setting. The main reason for that is the disregard of
two aspects: the offered load to the system by each service and
satisfaction level of the connected flows. In this context we
proposed a downlink scheduling algorithm named capacity-
driven resource allocation (CRA) whose main objective is
to improve the system capacity in multiservice wireless
networks. In addition, CRA was designed according to the
main restrictions and characteristics of the LTE architecture.

By the performance results of a sensitivity analysis
regarding the periodicity of channel state report, we con-
cluded that the performance of the CRA scheduler is
as dependent of this metric as reference schedulers are.
Morevoer, in mixed service scenarios the simulation results
have shown that the CRA scheduler is able to provide an
overall gain in joint capacity higher than 37% over reference
schedulers.

Although the presented performance evaluation consid-
ers a scenario with two services, the ideas in our proposed
scheduler are general enough to deal with many concurrent
services in the same packet-switched network. In this
multiservice scenario, CRA is capable of providing a better
QoS balancing independently of time varying aspects such as
channel conditions and service mix proportions.

Appendices

A. Demonstration of (7)

Without loss of generality consider an NRT flow j that is
currently unsatisfied at TTI k, that is, r j[k] < r

req
j . Therefore,

we would like to know which data rate should be allocated at
the current TTI k in order to the flow j become satisfied for
the next λ TTIs even if no resource is assigned to it, that is,
r j[k + λ] = r

req
j . Expanding r j[k + λ] we have

r j[k + λ] = l j[k + λ]

a · t j[k + λ]
= l j[k − 1] + μ

a ·
(
t j[k] + λ

)

=
a ·
(
r j[k − 1]

)
·
(
t j[k − 1]

)
+ μ

a ·
(
t j[k] + λ

) ,

(A.1)

where μ is the amount of data (bits) that should be
transmitted at TTI k.

Therefore, we have to find μ by solving the following
equation

a ·
(
r j[k − 1]

)
·
(
t j[k − 1]

)
+ μ

a ·
(
t j[k] + λ

) = r
req
j . (A.2)

The solution of this equation is

μ = a ·
(
t j[k] + λ

)
· rreq

j − a · r j[k − 1] · t j[k − 1]. (A.3)

Finally, the current data rate that should be allocated to
the flow j at TTI k in order to this flow become satisfied for
the next λ TTIs even if no resource is assigned to it, Δr j[k], is
given by

Δr j[k] = μ

a
=
(
t j[k] + λ

)
· rreq

j − r j[k − 1] · t j[k − 1].

(A.4)

Note that in (7), we considered λ = 1. The choice of the
parameter λ depends on the satisfaction level that we intend
to provide to the scheduled flows. When the required rate
(Δr j[k]) is calculated using high values of λ the scheduled
flows will stay satisfied for several TTIs. On the other hand,
the required rate increases with the parameter λ. Therefore,
the scheduled flows will get more resources in order to fulfill
their required rate. In this way, few flows could be scheduled
simultaneously. Therefore, we have chosen λ = 1 in order to
allow for better resource distribution among flows.
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B. Maximization of Satisfied Flows

In this appendix, we show the intuition behind the flow
prioritization in (9). The objective of this flow prioritization
is to decrease the number of unsatisfied NRT flows (or
increase the number of satisfied flows) at the current TTI.
The task to be performed in the Resource Allocation part
is to define the flows that should get system resources at
the Resource Assignment part of the CRA algorithm. In the
Resource Assignment part, the scheduled flows are associated
with the available resources.

The flows’ requirements are represented by the required
data rate Δr j[k]. As different flows experience different
channel states in each individual RU, the task of defining
the scheduled flows in order to achieve the stated objective
is a hard problem to solve. Indeed, our problem would
become easier to solve if the flows’ requirements were directly
represented in number of required RUs instead of data rate.

The representation of flow’s requirement in number of
RUs can be performed by the following relation

mj =
⌈
Δr j[k]

αj

⌉
, (B.1)

where mj is the required number of resources demanded by
flow j at the current TTI considering the average transmit
data rate among all RUs and �·� returns the first integer
greater than or equal to a real number. Obviously, some
information about individual channel quality of each RU is
lost when we consider this representation. However, as point
out in [40] that used a similar approach to solve a sub-
problem, this procedure is justified by the low performance
degradation and reduced computational complexity when an
opportunistic resource assignment is performed.

According to this, we can formulate our problem as

max
m

J∑

j=1

u
(
mj −mj

)

subject to
J∑

j=1

mj ≤ N ,

mj ∈ N,

(B.2)

where mj is the number of resources allocated to flow j, m is
a J × 1 column vector composed of mj , N is the number of
available RUs, J is the number of active flows at the current
TTI and, finally, u(·) is the step function that assumes the
value 0 when its argument is negative and 1 otherwise. In
summary, this is an optimization problem to define the
number of RUs that should be assigned to the flows so as
to maximize the number of satisfied flows (with mj ≥ mj)
constrained to the limited number of RU. Problem (B.2)
is a combinatorial optimization problem with potentially
multiple optimum solutions.

Algorithm 1 is able to find one of the optimum solutions.
Basically, the resources are allocated to the flows with lower
required number of resources in order to become satisfied.
In order to prove the optimality of this algorithm consider a

solution given by this algorithm, m∗ = [m∗
1 m∗

2 · · · m∗
J ],

that leads to L satisfied flows with L < J . Suppose also that
there is another solution, m′ = [m′

1m
′
2 · · · m′

J], with H
satisfied flows where L < H < J . For the sake of this proof,
consider that o = [o1 o2 · · · oJ] is the vector with the index
of the flows sorted in the ascending order of mj according to
the line 2 of Algorithm 1, that is, mo1 ≤ mo2 ≤ · · · ≤ moJ .
Consider also that x = [x1 x2 · · · xH] is a vector of lengthH
with the indices (disposed in any order) of the satisfied flows
given by solution m′.

In order to make the solutions m∗ and m′ lead to L andH
satisfied flows, respectively, the following constraints should
be fulfilled

m∗
o1
≥ mo1 m′

x1
≥ mx1

...
...

m∗
oL ≥ moL m∗

xH ≥ mxH

oL∑

j=o1

m∗
j ≤ N

xH∑

j=x1

m′
j ≤ N ,

(B.3)

By adding these constraints we have that

N ≥
oL∑

j=o1

m∗
j ≥

oL∑

j=o1

mj , (B.4)

N ≥
xH∑

j=x1

m′
j ≥

xH∑

j=x1

mj. (B.5)

Particularly, the following equation derived from (B.5)
should also hold

N ≥
xL+1∑

j=x1

m′
j ≥

xL+1∑

j=x1

mj. (B.6)

As in Algorithm 1, the flows with lower required number
of RUs are selected firstly we have that

mx1 ≥ mo1 ,

mx1 +mx2 ≥ mo1 +mo2 ,

· · · · · · ,

mx1 +mx2 + · · · +mxL ≥ mo1 +mo2 + · · · +moL ,

mx1 +mx2 + · · · +mxL +mxL+1 ≥ mo1 +mo2

+ · · · +moL +moL+1 .
(B.7)

However, as the solution found by the Algorithm 1 was
able to satisfy only L flows we have that

mo1 +mo2 + · · · +moL +moL+1 > N , (B.8)

and consequently by the last constraint in (B.7) we have that

mx1 +mx2 + · · · +mxL +mxL+1 > N. (B.9)
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(1) mj ← 0∀ j
(2) o ← sort∀ j(mj){Sort in the ascending order}
(3) θ ← N
(4) i← 1
(5) while (θ > 0) AND (i ≤ J) do
(6) j∗ ← oi
(7) If (θ −mj∗) > 0 then
(8) mj∗ ← mj∗

(9) θ ← θ −mj∗

(10) else
(11) mj∗ ← θ
(12) θ ← 0
(13) end if
(14) i← i + 1
(15) end while
(16) If θ > 0 then
(17) i← 1
(18) while θ > 0 do
(19) j∗ ← oi
(20) mj∗ ← mj∗ + 1
(21) θ ← θ − 1
(22) i← i + 1
(23) if i > J then
(24) i← 1
(25) end if
(26) end while
(27) end if
(28) Output of the algorithm: m

Algorithm 1: Algorithm to solve the problem (B.2).

As a consequence, (B.9) contradicts (B.5), (B.6) and
(B.3). Therefore, the solution given by Algorithm 1 provides
an optimum solution of problem (B.2).

As selecting the flows with higher priority pj (given by
(9)) is similar to the steps of Algorithm 1 where the flows
with lower mj are chosen first, we can conclude that the
employed prioritization is a reasonable strategy to increase
the number of satisfied flows.

B. Demonstration of (10)

Consider an RT flow j that is currently unsatisfied at TTI k,
that is, γj[k] > γ

req
j . Therefore, we would like to know how

many packets, ν, this flow has to successfully transmit in a
row so as to become satisfied, that is, γj[k′] = γ

req
j where

k′ > k. In this way, the FER at TTI k′ is given by

γj[k′] =
nlost
j [k′]

nlost
j [k′] + nsucc

j [k′]
=

nlost
j [k]

nlost
j [k] +

(
nsucc
j [k] + ν

) .

(C.1)

Therefore, we have to solve the following equation

nlost
j [k]

nlost
j [k] +

(
nsucc
j [k] + ν

) = γ
req
j . (C.2)

The solution of this equation is

ν =
nlost
j [k]−

(
nsucc
j [k] + nlost

j [k]
)
· γreq

j

γ
req
j

. (C.3)

If the RT flow j is currently satisfied, that is, γj[k] ≤ γ
req
j ,

we need to know the maximum number of packets, ε, that
this flow can lose successively and still be satisfied, that is,
γj[k′] = γ

req
j where k′ > k.

The FER at TTI k′ is given by

γj[k′] =
nlost
j [k′]

nlost
j [k′] + nsucc

j [k′]
=

(
nlost
j [k] + ε

)
(
nlost
j [k] + ε

)
+ nsucc

j [k]
.

(C.4)

The equation to be solved is as follows

(
nlost
j [k] + ε

)
(
nlost
j [k] + ε

)
+ nsucc

j [k]
= γ

req
j . (C.5)

This equation is solved by setting ε as follows

ε =
(
nsucc
j [k] + nlost

j [k]
)
· γreq

j − nlost
j [k]

1− γreq
j

. (C.6)
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[30] D. Astély, E. Dahlman, A. Furuskär, Y. Jading, M. Lindström,
and S. Parkvall, “LTE: the evolution of mobile broadband,”
IEEE Communications Magazine, vol. 47, no. 4, pp. 44–51,
2009.

[31] 3GPP, “Evolved universal terrestrial radio access (E-UTRA);
long term evolution (LTE) physical layer; general description,”
Tech. Rep. TS 36.201 V8.2.0—Release 8, 3rd Generation
Partnership Project, December 2008.

[32] 3GPP, “Evolved Universal Terrestrial Radio Access (E-UTRA);
Medium Access Control (MAC) protocol specification,” Tech.
Rep. TS36.321 V8.4.0—Release 8, 3rd Generation Partnership
Project, December 2008.
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Enhanced Multimedia Broadcast and Multicast Service (E-MBMS) is considered of key importance for the proliferation of Long-
Term Evolution (LTE) network in mobile market. Hierarchical modulation (HM), which involves a “base-layer” (BL) and an
“enhancement-layer” (EL) bit streams, is a simple technique for achieving tradeoff between service quality and radio coverage.
Therefore, it is appealing for MBMS. Generally, HM suffers from the severe performance degradation of the less protected
EL stream. In this paper, HM with vector rotation operation introduced to EL stream is proposed, in order to improve EL’s
performance. With the proper interleaving in frequency domain, this operation can exploit the inherent diversity gain from the
multipath channel. In this way, HM with vector rotation can effectively enhance multimedia broadcasting on quality video and
coverage. The simulation results with scalable video coding (SVC) as source show the significant benefits in comparison with the
conventional HM and alternative schemes.

1. Introduction

Video broadcast and multicast are expected to consti-
tute a significant portion of the load on future mobile
communication systems. MBMS and E-MBMS of 3GPP
provide the means of delivering mobile TV to the mass
market, which has already been standardized in 3GPP
UTRAN (UMTS Terrestrial Radio Access Network) Release-
6, 7, and 8 (R8 is just LTE). But it is still open in R10
(i.e., LTE-Advanced). In this paper, we will discuss the
radio transmission of E-MBMS with point-to-multipoint
connections. Regarding the feature of multimedia service,
the source often adopts the multiple resolution code [1].
Hence, unequal error protection (UEP) transmission is a
natural support for this kind of information [2]. Namely,
the coarse resolution gets a better protection than the fine
resolution. Therefore, the coarse resolution information will
be recovered by all receivers to obtain the crude recon-
struction while the fine resolution information can only be
recovered by some receivers due to propagation conditions.
In short, the combination of multiple resolution source

code and UEP transmission can balance tradeoff between
video quality and robust coverage in media broadcast
applications.

As a specific example of UEP transmission, HM is widely
used in digital broadcasting systems, such as, DVB-T, Media-
FLO, and UMB-BCMCS. HM consists of non-uniform signal
constellations to provide unequal bit error protection for BL
and EL streams. Many researches have been carried out on
this topic. Some literatures discussed the application of HM
in multiple input multiple output (MIMO) systems [3, 4]
or in LTE system based on Orthogonal Frequency Division
Multiplexing (OFDM) [5, 6], while some others reported the
joint optimization between HM and separate/joint source-
channel coding in [7, 8]. Providing much attention to HM
itself, [9] has proposed an enhanced HM scheme along with
three optimization criteria, in which the signal constellation
of EL stream is rotated by a certain angle, named as “HM
with CR” in this paper. The authors of [10] presented a
concatenated encoding scheme with HM to well protect
the EL stream, which greatly complicates the transceiver
structure.
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Figure 1: A broadcast model with HM.

This paper also aims to improve the protection of the
EL stream through a simple approach. As we all know, to
efficiently decrease the bit-error probability (BER) further,
we can resort to exploit the diversity gain under high received
signal to noise ratio (SNR) condition or the coding gain in
low SNR region. And the user at the center of cell who can
recover the EL signal generally has a higher SNR than that at
the edge, as illustrated in Figure 1. Hence, this paper applies
the idea of signal space diversity (SSD) [11] to provide
diversity gain to the EL stream, which is termed as “HM with
vector rotation (VR)”. Rough predictions on video quality
and coverage are given using SVC video as media example.
The simulation results in LTE E-MBMS system show that our
scheme is better than the existing HM and “HM with CR”
due to the diversity gain at the cost of a slight increase in
detection complexity.

The rest of the paper is organized as follows: Section 2
introduces the system model of an OFDM system with
HM, reviews the definition of “HM with CR”, and presents
the existing problem. In Section 3, we propose “HM with
VR”. After the scheme description of transceiver, we give
the analysis of diversity gain of EL stream and receiver
complexity, comparing with the classical HM. Subsequently,
the simulation in Sections 4 and 5 verifies the benefits of our
proposed scheme in the video quality and the radio coverage,
respectively. Finally, conclusions are drawn in Section 6.

2. System Model and Problem Description

Compared to the conventional modulation methods (such
as, QPSK, 16-QAM, and 64-QAM, etc.), HM allows the mul-
tiplexing transmission of multilayer streams in superposition
with different transmission qualities, which stem from the
concept of superposition coding in [12]. Without loss of
generality, only the two-layer transmission is considered in
this paper, that is, one BL and one EL.

2.1. System Model with HM. In Figure 2, we show a
transceiver diagram that incorporates HM into a UTRA
LTE-based OFDM transmission. Each stream is encoded
and mapped to the constellation symbols according to the
importance. That is to say, BL stream is mapped to the most
significant bits (MSB) and EL to the less significant bits
(LSB). After the serial/parallel (S/P) operation, the symbols
are then converted to the time domain using Inverse Fast
Fourier Transform (IFFT). With the added cyclic prex (CP),
the OFDM symbols are sent over the frequency-selective

multipath fading channel. The receiver removes the CP
performs FFT and P/S operation. Then the received signal
at the kth subcarrier in frequency-domain can be written as

yk = hkxk + nk, (1)

where hk is the channel fading coefficient in frequency
domain, xk is the complex hierarchical symbol, nk is assumed
to be zero-mean circularly symmetric complex Gaussian
noise with distribution nk ∼ Nc(0, σ2

n). We only discuss this
system model in frequency domain, thus the subscript k can
be omitted for short later.

According to the definition of HM, the HM symbol x can
be rewritten as

x = αxbl + βxel, (2)

where xbl and xel are the symbols, respectively, mapped to
MSB and LSB; α and β are the power parameters for BL and
EL and satisfy α > β; hence, the power ratio between the two
layers is defined as

η = α2
(
α2 + β2

) . (3)

This ratio will determine how much more the BL stream is
protected against errors than is the EL stream.

The receiver is assumed to have the perfect channel state
information. After channel equalization and soft demodula-
tion, the two streams with soft information are sent to the
separate decoders.

2.2. HM with CR. The regular HM suffers from interlayer
interference. In order to recover the capacity loss due to this
interference, [9] has presented an enhanced “HM with CR”
from an information-theoretical perspective. Corresponding
with the regular QPSK/16 QAM HM in Figure 3(a), the
principle of “HM with CR” is shown in Figure 3(b). The
symbol of EL is rotated in counter-clockwise by θ (0 � θ �
π/4). The resulted symbol is expressed as

x = αxbl + βe jθxel. (4)

The optimal θ is chosen to maximize the minimum
Euclidean distance (MED) of the resulted constellation
points, which will lead to a better performance.

2.3. Problem Description. As shown in Figure 1, in a broad-
casting system with HM, the users at the edge of cell
(e.g., UE2) experience the low SNR channel due to the
long distance to the base station (BS). For guaranteeing
the recover of the BL information at the edge, the power
allocated to BL should be large enough, while the power
allocated to EL must be cut down with the constant transmit
power constraint. However, if the EL stream can be well
protected also, the users at the center (e.g., UE1) will enjoy
the higher video quality. In other words, with the same
video quality, the coverage area will be enlarged. As we all
know, regarding to the BER performance, the diversity gain
becomes critical when SNR is high and the coding gain when
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Figure 2: Transceiver diagram of OFDM system with HM.
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Figure 3: QPSK/16 QAM HM constellation for (a) regular HM (b)
“HM with CR”.

SNR is in medium or low region. If we neglect the influence
of interlayer interference, it is conjectured that the SNR of
UE1’s EL signal is higher than that of UE2’s BL signal in
the most cases. Accordingly, we will exploit the diversity gain
for EL while BL has earned the coding gain due to the large
allocated power.

3. Proposed HM with Vector Rotation

SSD, also named modulation diversity, is a technique to
provide the diversity gain for a single antenna system in
the fast fading channel. To simply explain, SSD is just used
to multiply an N-by-N precoding matrix to a group of
N modulated symbols (i.e., vector rotation), then let the
precoded symbols experience the fully interleaved fading
channel. The proper choice of precoding matrix can earn full
diversity of N for the symbols. In this paper, we apply SSD in
HM for improving the EL performance.

3.1. Scheme Description. Figure 4 illustrates the transceiver
diagram of the proposed “HM with VR”. The difference
between Figures 4 and 2 lies in the following. First, the N
continuous EL data symbols mapped to LSB are precoded
by a rotation matrix R; second, a pseudorandom symbol
interleaving in frequency domain is implemented and the
interleaving duration is limited in the range of a codeword;
finally, the two streams are separately detected. Here are the
details.

Analogous to (2) and (4), the N hierarchical symbols
xi (i = 1, 2, . . . ,N) after the operation of “HM with VR”
compose a hierarchical vector as

x = [x1, x2, . . . , xN ]T = αxbl + βRxel, (5)

where xbl = [xbl
1 , xbl

2 , . . . , xbl
N ]

T
and xel = [xel

1 , xel
2 , . . . , xel

N ]
T

are
the BL and EL vectors, respectively; R is an N-by-N unitary
matrix, referred to [11]. Then in the N continuous symbol
durations, the equivalent system model in the frequency
domain is

y = Hx + n, (6)

where y = [y1, y2, . . . , yN ]T is the received vector; H =
diag(h1 h2 · · · hN ) is the equivalent channel matrix,
whose elements can be regarded as mutually independent
due to the assumption of ideal symbol interleaving in
frequency domain; n = [n1,n2, . . . ,nN ]T is the noise vector
with zero mean and correlation matrix σ2

nIN ; here IN denotes
an N-by-N identity matrix.

Regarding demodulation, the bits of both BL and EL
streams are jointly judged in HM. But as to “HM with
VR”, we apply the separate detection to each stream and
the interference cancellation (IC) for the sake of complexity
simplification. First, the BL data is detected. Here the
interference from EL is regarded as a part of the general noise
n′:

x̂bl = α−1H−1y = xbl + n′, (7)

where H−1 is the inverse of H.
Then the interference on EL from BL is regenerated and

cancelled from the received vector. The resulting received
vector of the single EL is

yel = y − αH ·Z
(

x̂bl
)
= βHRxel + n′′, (8)

where Z(x̂bl) means demodulating each element of x̂bl to
the nearest constellation symbol; let Δxbl = Z(x̂bl) − xbl,
which denotes the demodulation error, then n′′ = αH ·
Δxbl + n is zero mean and correlation matrix σ2

n′′IN =
α2 diag(|h1 · Δxbl

1 |
2
, |h2 · Δxbl

2 |
2
, . . . |hN · Δxbl

N |
2
) + σ2

nIN .
Finally, implement N-symbol maximum likelihood

(ML) or other near-ML low-complexity detection to yel to
get the EL data estimation x̂el.
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3.2. Analysis on Error Probability. It has been demonstrated
in [11] that the symbol diversity order of SSD is equal to
the dimension of square rotation matrix N when rotation
matrix is designed reasonably and the N rotated symbols
are detected jointly. Although the larger N is leading to the
more diversity gain, the value of N cannot be too large in this
paper, because the performance of BL will deteriorate due
to the interference from EL when N is large. Furthermore,
with the consideration of detection complexity, we take
N = 2 in this paper. Here, we give the performance
comparison between “HM with VR” and the classical HM
by the derivation of bit error probability (BER) for both BL
and EL streams.

In [13], the author has deduced the BER expressions of
the generalized hierarchical-QAM constellations over fading
channel. Hence, the BER formulas of each stream of HM and
BL stream of “HM with VR” can be obtained directly with
reference to [13]. As to “HM with CR”, the BER expression
of EL stream is hard to derive due to the complex decision
region. Hence, we only give the simulation comparison in
Figure 5.

Before deducing the BER of EL stream of “HM with
VR”, we give its symbol pairwise error probability (SPEP)
firstly to analyze the diversity order. Here we use moment
generation function- (MGF-) based approach, different with
the canonical probability density function- (PDF-) based
approach used in [11].

(1) SPEP. Equation (8) can be rewritten as (the value of R is
from [11])

yel = βHRxel + n′′ = β

[
h1 0
0 h2

][
cosϕ sinϕ
− sinϕ cosϕ

]

︸ ︷︷ ︸
H̃

xel + n′′,

(9)

where φ = 0.5 arctan(2); H̃ is the equivalent channel matrix;
here, we observe the diversity order at high SNR so that the
error propagation from BL can be neglected and n′′ has the
same distribution as n.

Let the difference vector Δxel = xel− x̂el = [δ1 δ2]T ; the
conditional SPEP for xel can be expressed by the Gaussian
Q-function as [14]

P
(

xel /= x̂el | H
)
= Q

⎛
⎜⎝

√√√√
∣∣HR · Δxel

∣∣2

2σ2
n/β2

⎞
⎟⎠ = Q

(√
μ

2σ2
n/β2

)
,

(10)

where μ � |HRΔxel|2 = (R · Δxel)HHHHR · Δxel. According
to the definition, one has

μ = |h1|2ω2
1 + |h2|2ω2

2, (11)

where ω1 = |δ1 cosϕ+ δ2 sinϕ| and ω2 = |δ1 sinϕ− δ2 cosϕ|
are real.

We now apply the Craig’s formula [15] to derive the
conditional SPEP in (10):

P
(

xel /= x̂el | H
)
= Q

(√
μ

2σ2
n/β2

)

= 1
π

∫ π/2

0
exp

(
−μ

4sin2θ · σ2
n/β2

)
dθ

= 1
π

∫ π/2

0
exp

(
−|h1|2ω2

1 + |h2|2ω2
2

4sin2θ · σ2
n/β2

)
dθ.

(12)
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Since h1 and h2 are i.i.d ∼ Nc(0, 1), we apply MGF-based
approach [14] to obtain the unconditional SPEP as follows:

P
(

xel /= x̂el
)
= 1
π

∫ π/2

0

[(
1+

β2ω2
1

4σ2
nsin2θ

)(
1+

β2ω2
2

4σ2
nsin2θ

)]−1

dθ.

(13)

At high SNR, the upper bound of (13) is given by

P
(

xel /= x̂el
)
≤ 1
π

∫ π/2

0

[(
β2ω2

1

4σ2
nsin2θ

)(
β2ω2

2

4σ2
nsin2θ

)]−1

dθ

= 1
π

[
β2ω2

1

4σ2
n
· β

2ω2
2

4σ2
n

]−1 ∫ π/2

0
sin4θdθ

= 12
β4ω2

1ω
2
2

(
2
σ2
n

)−2

.

(14)

Because the transmission power is 2 when N = 2, (2/σ2
n)

in (14) is just SNR. From (14), we could easily find that the
exponent of SNR is −2, that is, diversity order is two. But
for HM, the hierarchical modulated symbols only experience
one subcarrier channel so as to only earn the symbol diversity
of 1.

Further, we can find the union bound on the average
SPEP, denoted by PEPel, by traversing all the possible vectors,
the size of which is L

PEPel = 2
L

L−1∑

i=1

L∑

j=i+1

P
(

xel
i /= xel

j

)
. (15)

(2) BER. The two symbols of EL are detected jointly, so the
error probability of the ith symbol xel

i is related to the other
(denoted as xel

i , i, i ∈ [1, 2]), which can be expressed as

P
(
xel
i /= x̂el

i

)
= P

(
xel
i /= x̂el

i | xel
i = x̂el

i

)
︸ ︷︷ ︸

A

[
1− P

(
xel
i /= x̂el

i

)]

+ P
(
xel
i /= x̂el

i | xel
i /= x̂el

i

)
︸ ︷︷ ︸

B

P
(
xel
i /= x̂el

i

)
.

(16)

Because both xel
i and xel

i are equiprobably chosen from
the same constellation, their symbol error probability (SER)
is the same, that is, P(xel

i /= x̂el
i ) = P(xel

i /= x̂el
i ) = SERel. Then,

(16) becomes

SERel = A ·
(

1− SERel
)

+ B · SERel. (17)

Here, A can be derived because the ML detection of xel
i is

equivalent to the maximal-ratio combining in a single-input
multiple-output system since xel

i = x̂el
i . In the appendix, we

give the expression of A by the same MGF-based approach.
In the process of the ML detection, no operation of hard
decision is executed and x̂el

i is just a soft symbol. Hence, if

xel
i /= x̂el

i , the probability of decision error cannot be deduced

easily so as to hard to derive the expression of B. Here, we
utilize the known SPEP to derive the SER. The SPEP also can
be expressed as

PEPel =
∑

xel
i ,xel

i ∈C
P
(
xel
i

)
P
(
xel
i

)

·
{

2P
(
xel
i /= x̂el

i | xel
i = x̂el

i

)[
1− P

(
xel
i /= x̂el

i

)]

+P
(
xel
i /= x̂el

i | xel
i /= x̂el

i

)
P
(
xel
i /= x̂el

i

)}
.

(18)

Utilizing the definition of A and B in (16), (18) can be
simplified as

PEPel = 2A ·
(

1− SERel
)

+ B · SERel. (19)

Then, from (17) and (19), we can get the following
closed-form expression of SER:

SERel = PEPel − A
1− A . (20)

Moreover, the raw BER is scaled to the SER for the square Mc-
QAM modulation. Therefore, we yield the BER of EL stream
as

BERel = SERel

log2(Mc)
. (21)

In the following, we validate the above deduction by
contrasting with the simulation results. As shown in Figure 5,
both theoretical and simulated curves of the raw BER for EL
of “HM + VR” are overlapped nearly at the medium and
high SNR region. This is because our ideal assumption of
no error spread in IC is hold when SNR is high enough and
what we can calculate is just the upper bound of BER in fact.
On the other hand, the argument about diversity gain is also
demonstrated by observing the slope of these curves.

3.3. Analysis on Detection Complexity. We discuss the detec-
tion complexity for “HM with VR”. Here, we apply the QRM
[16] detection to (9), which is a popular near-ML low-
complexity algorithm and explained as follows: first, do QR
decomposition to H̃, as shown in (22); second, left-multiply
QH to yel of (9); then detect xel

i (i: from 2 to 1) in turn
because of the up-triangular form of R.

H̃ = β

(
h1 0
0 h2

)(
cosϕ sinϕ
− sinϕ cosϕ

)
= QR. (22)

Here, due to N = 2, QR decomposition can be executed
by a simple and ingenious way. Just let

Q = c

⎛
⎝ h1 cosϕ h∗2 sinϕ

−h2 sinϕ h∗1 cosϕ

⎞
⎠, (23)
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where c = β−1(|h1|2 + |h2|2)−1. Then

R = QHH̃

= c

⎛
⎜⎜⎜⎜⎝

|h1|2cos2ϕ + |h2|2sin2ϕ︸ ︷︷ ︸
r1,1

(|h1|2 −
∣∣h2|2

)
sinϕ cosϕ︸ ︷︷ ︸

r1,2

0 h1h2︸ ︷︷ ︸
r2,2

⎞
⎟⎟⎟⎟⎠
.

(24)

The QR decomposition is completed. This process only
needs 13 real multiplications. And the complexity of this
preprocessing of detection can nearly be ignored because the
channel always keeps constant in a long symbol duration.

In QRM, the heavy complexity lies in the metric com-
putation for each possible symbol candidate. The parameter
M, which means the number of surviving candidates, can
make a tradeoff between complexity and performance. Here,
M = 1 ∼ 4 for detecting EL data for QPSK/16 QAM “HM
with VR”. Table 1 shows the complexity contrast of metric
computation between HM/“HM with CR” and “HM with
VR” in detail, where Q(i, :) denotes the ith row of Q. When M
is small, the times of complex multiplication for “HM with
VR” is close to that for HM/“HM with CR”. At this time, the
performance loss is also acceptable for QPSK/16 QAM “HM
with VR”.

4. Performance on Video Quality

For a fair evaluation of the different transmission schemes in
LTE E-MBMS system, the error probability in transmission
link is not a proper metric at all. In this paper, we measure
the quality of the video with the metric of average peak-
signal-to-noise ratio (PSNR) of the video frames, defined as
the ratio of the squared maximum pixel value to the mean
square error of the reconstructed lossy image at the receiver
[17]. In the following, we describe how to estimate the PSNR
for the given source rate, and received SNR in transmission
link.

4.1. Simulation Method. The derivation of PSNR involves the
following three steps.

Step 1 (Get the packet error probability (PER)). For a given
information bit rate pair of BL and EL streams (Rbl,Rel),
we can get their PER pair at the different SNR by Monte
Carlo simulation, denoted as (PERbl, PERel). It is noted that
whether an EL packet is correctly detected or not is on the
premise of accurately detecting the BL packet yet.

Step 2 (Estimate the PSNR). We assume that the relation
between the bit rate R and the video distortion D (in terms
of PSNR) of the transmitted video is known, that is, D =
Q(R), where Q(R) denotes the operational rate-distortion
function of the source coder. The scalable video stream is
assumed to truncate at any rate. Hence, the distortion when
only BL is correctly detected will be Dbl = Q(Rbl) and the
distortion when both BL and EL are correctly detected will be
Dbe = Q(Rbl + Rel). Therefore, if the probability of correctly
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Figure 6: Comparison in link performance.

detecting a packet for each layer is known, the expected
PSNR of the received layered video can be found by (referred
to [18])

Dexp

(
SNR,Rbl,Rel

)

= Fbe

(
SNR,Rbl,Rel

)
·Q

(
Rbl + Rel

)

+
[
Fb

(
SNR,Rbl

)
− Fbe

(
SNR,Rbl,Rel

)]
·Q

(
Rbl

)

=
[

1− PERel
]
·Q

(
Rbl + Rel

)
+
(

1− PERbl
)

· PERel ·Q
(
Rbl

)
,

(25)

where Fb is the probability of correctly detecting a packet
of BL, which is a function of (SNR,Rbl); Fbe the probability
of detecting both BL and EL, which is a function of
(SNR,Rbl,Rel). Then [Fb − Fbe] represents probability of
detecting only BL but not EL.

4.2. Simulation Results. All the parameters used in our
simulations are based on UTRA LTE 3GPP documents [19].
Table 2 shows the respective parameters. Due to the effect
of macrodiversity, the MBSFN channel is a 18-path model,
in which frequency-selectivity is enough. The power ratio
for HM is constant in the simulation of this section, that
is, η = 0.7. Typical data rates for MBMS video streams in
CIF resolution is 256 kbps. So we set both Rbl and Rel as
256 kbits/s. The used rate-distortion function is referred to
[20].

Figure 6 gives the PER of each layer for the three schemes.
Their BL performance is similar. However, owning to the
higher diversity gain, the EL of “HM with VR” outperforms
the other two ELs obviously and is even better than BL at
high SNR. That is because the BL of the users at the center
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Table 1: Complexity comparison between HM and “HM with VR”.

Operation for detecting symbols of two
continuous intervals

Complex multiplication Complex addition Module Times

HM/HM with CR |yi/hi − x̂i| × 2 1 1 1 2Mc

HM with VR
|ybl

i /hi − x̂bl
i | × 2 1 1 1 Mc/4

|Q(2, :)yel − r2,2x̂
el
2 | 3 2 1 Mc/4

|Q(1, :)yel − r1,2x̂
el
2 − r1,1x̂

el
1 | 3 2 1 M ·Mc/4

Table 2: LTE E-MBMS system parameters in simulation.

Parameters Values

Carrier frequency 2.0 GHz

Bandwidth 10 MHz

Sampling frequency 15.36 MHz

Subcarrier space 15 KHz

Used resource block 2

Number of antennas 1 × 1

Simulation unit 1 subframe

OFDM symbols 12 symbols/subframe

FFT size 1024

CP size 256

Channel model MBSFN Propagation Channel [21]

Velocity 2.7 km/h

Modulation HM, HM + CR, HM + VR (QPSK/16 QAM)

Code rate 0.5

is protected enough. At this time, it is not necessary to stress
that BL should get more protection than EL, although this
condition is significant when SNR is relatively low. On the
other hand, the EL of “HM with CR” only has a slight
advantage over that of HM due to the limited increase of
MED. Figure 7 shows the video quality comparison. Let
PSNR = 32 dB as the quality benchmark, our proposed “HM
with VR” can save 1.5 dB in received SNR comparing with the
regular HM and 1.1 dB comparing with “HM with CR”. The
saving SNR means the lower transmit power requirement or
the larger coverage.

5. Performance on Coverage

5.1. Simulation Method. To illuminate the benefit on cover-
age more clearly, the power ratio is adjusted to evaluate the
supported distance between the BS and the UE at the cell
edge with the PSNR benchmark.

Step 1 (Determine the required SNR). Firstly, adjust the
power ratio η from 0.6 to 1. For each certain η, we can obtain
a group of curves of expected PSNR versus received SNR
similar to that in Figure 7. According to the benchmark, we
can record the required SNR values for the three schemes,
respectively, from the curves.
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Figure 7: Comparison in video quality.

Step 2 (Compute the distance). Rooting in the path loss
formula, the relation between the distance d (i.e., the cell
radius, in meter) and average received SNR (in dB) is

SNR = SNRt − 10α log10d, (26)

where SNRt is the transmit SNR; α is the path loss constant
and is set as 3.76. We consider a coverage range up to about
300 meters because the distance between two BS is 500
meters. SNRt is chosen so that the received SNR is 5 dB at
the cell edge. Therefore, according the recorded SNR values
in Step 1, we can derive the distance for any HM scheme with
any power ratio.

5.2. Simulation Results. With the different power allocation
to each layer, Figure 8 shows the corresponding coverage
distances for the three schemes. Firstly, the coverage is
increasing with η because the allocated power to BL is to
guarantee the reception of users at the edge. However, if
the power of BL is too large, EL stream cannot be decoded
correctly so that PSNR is deteriorated. For guaranteeing the
PSNR benchmark, the coverage distance will be shortened.
Hence, the distance is optimal for these schemes when η is
about 0.85. We discount the distance to coverage area. Then,
our proposed “HM with VR” can extend the coverage by 10%
and 7%, respectively, relative to HM and “HM with CR”.
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6. Conclusion

In this paper, we focus on the application of HM for E-
MBMS in LTE system. After introducing the regular HM
and an enhanced HM with CR, we proposed an HM with
VR and its corresponding detection algorithm to improve
the performance of less-protected enhancement-layer data
stream, in which the idea stems from the concept of signal
space diversity in single antenna system. With the suggestion
of the dimension of rotated vector N = 2, we proved that the
EL can earn the full diversity by both SPEP derivation and
BER simulation. At the same time, the analysis of detection
complexity when N = 2 indicates that “HM with VR” will
not incur the heavy complexity. We evaluate the proposed
scheme in a more integrative metric, not the common error
probability, but the video distortion measured by PSNR.
The simulation results showed that the proposed “HM with
VR” can save 1.5 dB compared with HM, 1.1 dB with “HM
with CR” on the required SNR to reach the video quality
benchmark. Besides, the simulation results about coverage
showed that the extended coverage area ratios are 10% and
7%, respectively.

Appendix

In the appendix, we deduce the expression of P(xel
i /= x̂el

i |
xel
i = x̂el

i ) in (16).

Due to N = 2 and xel
i = x̂el

i , the ML detection of xel
i

is equivalent to the maximal-ratio combining (MRC) in a
single-input multiple-output system. Thus, the post-SNR of
xel
i after MRC is

γ =
2∑

j=1

∣∣∣∣
[

H̃
]
i, j

∣∣∣∣
2

|δi|2

σ2
n

=
β
(
|h1|2 + |h2|2

)
|δi|2

σ2
n

, (A.1)

where [H̃]i, j denotes the element at ith row and jth column.
Then, the conditional SER of EL is given by

P
(
xel
i /= x̂el

i | xel
i = x̂el

i , H̃
)

= Q
(√
γ
)
= Q

⎛
⎜⎝

√√√√β
(
|h1|2 + |h2|2

)
|δi|2

σ2
n

⎞
⎟⎠.

(A.2)

By the same MGF-based approach, we can yield the
analytic expression of P(xel

i /= x̂el
i | xel

i = x̂el
i ) after taking the

expectation of channel element:

P
(
xel
i /= x̂el

i | xel
i = x̂el

i

)
= 1
π

∫ π/2

0

(
β2|δi|2

2σ2
nsin2θ

)−2

dθ= 3σ4
n

4β4|δi|4
.

(A.3)
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Primary Component Carrier Selection and Physical Cell ID Assignment are two important self-configuration problems pertinent
to LTE-Advanced. In this work, we investigate the possibility to solve these problems in a distributive manner using a graph
coloring approach. Algorithms based on real-valued interference pricing of conflicts converge rapidly to a local optimum, whereas
algorithms with binary interference pricing have a chance to find a global optimum. We apply both local search algorithms and
complete algorithms such as Asynchronous Weak-Commitment Search. For system level performance evaluation, a picocellular
scenario is considered, with indoor base stations in office houses placed in a Manhattan grid. We investigate a growing network,
where neighbor cell lists are generated using practical measurement and reporting models. Distributed selection of conflict-free
primary component carriers is shown to converge with 5 or more component carriers, while distributed assignment of confusion-
free physical cell IDs is shown to converge with less than 15 IDs. The results reveal that the use of binary pricing of interference
with an attempt to find a global optimum outperforms real-valued pricing.

1. Introduction

Self-organization is a wide ranging research and stan-
dardization trend in modern networking. In the scope of
wireless networking, research on Self-Organized Networks
(SONs) ranges from general principles of cognitive and ad
hoc network to concrete problems in standardization and
implementation of near future mobile networks [1, 2]. Here,
we concentrate on a specific SON problem of current interest
for the standardization of the next release of the Evolved Uni-
versal Terrestrial Radio Access Network (E-UTRAN), a.k.a.
Long Term Evolution (LTE). This release, being standardized
by the 3rd Generation Partnership Project (3GPP), is known
as LTE-Advanced (LTE-A), being standardized by the 3rd
Generation Partnership Project (3GPP).

New features of next-generation wireless networks will
have an impact on SON, resulting in new use cases and
requirements. Of particular interest are Local Area deploy-
ments of femto-and picocells. One of the four evaluation

scenarios for IMT-Advanced is an indoor scenario [3]. This
lends relevance to studying not only automated networking
functions, but also autonomous functions. In this paper,
we concentrate on two autonomous self-configuration func-
tions, which can be mapped to a graph coloring problem.

The first problem we address is Primary Component
Carrier Selection. In 3GPP discussions, carrier aggregation
is an essential feature of LTE-A [4]. This leads to the problem
of component carrier selection—an individual Base Station
(BS) may potentially not operate on all the aggregated
carriers, but just on a subset of them. A viable alternative
for robust operation is that each BS selects one carrier as
a primary carrier, on which the BS has a full set of control
channels with full coverage [5, 6]. The Primary Component
Carrier Selection (PCCS) problem as such is a direct relative
to the well-studied frequency assignment problem [7]. In [5,
6], an autonomous version PCCS was discussed. Another use
case for self-configuration, discussed in [1, 8], is automated
Physical Cell ID (PCI) assignment. In LTE, the physical cell
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ID is needed to distinguish the signal of one BS from the
signal of another. Accordingly, neighboring BSs should not
have the same PCI. Moreover, to avoid confusion in Hand-
Over (HO), a cell should not have two neighbors with the
same PCI. Thus the PCI configuration problem becomes a
graph coloring problem on the graph of two-hop neighbors.
Graph coloring aspects of PCI assignment in LTE have been
addressed in [9], where a centralized approach was discussed.
A distributed solution based on reserving part of the ID-
space to be used for newly switched on cells, was considered
in [8]. Apart from [8], to the best of our knowledge, the prob-
lem has not been addressed in a distributed manner before.

We investigate simple distributed graph coloring algo-
rithms for both applications addressed. Performance is
analyzed for indoor environments based on office houses
of the type discussed in [10], placed in a Manhattan grid.
A realistic model on UE measurements and reporting is
used. Neighbor relations between BSs are determined by
handover measurements performed by the User Equipments
(UEs). We investigate a dynamical network setting, where
the network grows by adding BSs, one by one. When a new
BS is added, it self-configures, based on measurements and
discussions with the neighbors. We observe that when the
measurement and reporting load of the UEs is small, it is
beneficial to base distributed decisions on binary conflicts,
not real interference couplings. Also, we find the minimum
number of component carriers and physical cell IDs that are
required for these distributed algorithms to converge.

This paper is organized as follows. In Section 2,
we discuss the self-configuration problems addressed. In
Section 3, we discuss simple distributed graph coloring
algorithms, and their properties. In Section 4, system and
network models are presented. Section 5 discusses results for
Primary Component Carrier Selection, and Section 6 is on
Physical Cell ID Assignment. Finally, conclusions are given
in Section 7.

2. Self-Configuration Problems and Coloring

2.1. Autonomous Primary Component Carrier Selection. In
carrier aggregation, an operator aggregates a number of
component carriers for LTE-A operation. The component
carriers may have any of the allowed LTE bandwidths (1.4,
3, 5, 10, 15, or 20 MHz), and they may be either contiguous
or noncontiguous [4]. It is natural to take one of the
component carriers as a primary one in each cell [5, 6].
This primary carrier serves mobility purposes, and has
accordingly a full set of control channels with maximum
coverage. The other carriers may be used to boost the data
rate, when needed. From the perspective of guaranteeing
control channel coverage, the selection of the primary
component carrier becomes a classical frequency assignment
problem (FAP) [7]. When no other issues than interference
is taken into account, and each resource is indistinguishable
(i.e., there are no specific channel-related reasons for a BS
to favor one carrier more than another), FAP is equivalent
to graph coloring. However, when the problem is addressed
in an autonomous manner, such as in [6], the local decision

makers (BSs) may have more local information at hand for
making the decision. Thus the coloring problem may be
addressed based on real-valued interference costs, not just on
conflicts, as in the classical approaches. For example, in [6],
each BS selects the primary component carrier according to
real-valued interference information of the neighbors.

Here, we address Primary Component Carrier Selection
as a distributed graph coloring problem. According to the
discussion in [4], the relevant number of colors for this case
is less than ten.

2.2. Autonomous Physical Cell ID Assignment. In LTE, the
physical cell ID NID determines the structure of many
channels used in the cell. The ID itself is given by the
synchronization channel, and there are 504 different ones. An
important use of PCI is to separate cells in handover (HO)
measurements. To guarantee proper cell search and handover
performance, the PCI assignments should be:

(i) conflict-free: the PCI should be unique in the cell
area—no neighbors that the UEs may synchronize to
and consider as HO candidates should have the same
PCI;

(ii) confusion-free: a cell should not have two neighbors
with the same PCI—this guarantees that outward
handovers are treated in a proper manner.

Conflict freeness makes the PCI assignment problem
a graph coloring problem on the graph of neighbors.
Confusion freeness makes it a graph coloring problem on
the graph of two-hop neighbors. As any two neighbors
of a cell should not have the same PCI, this means that
no cell should have a two-hop neighbor (a neighbor of
a neighbor) with the same PCI [9]. The space of PCIs
may be divided into smaller parts for multiple reasons. For
example, parts of the PCI space may be reserved for different
layers (macro/micro/femto layers), or part of the space
may be restricted for newly switched on, or reconfiguring
BSs [8]. In addition, the PCI explicitly determines the
structure of the downlink (DL) and uplink (UL) reference
signals [11], and this may lead to a much tighter problem
for PCI assignment. Related to downlink, there are six
different subcarrier groups that downlink reference signals
may be mapped to. The subcarrier shift is determined by
NID mod 6. In normal shared channel operation there may
not be significant differences related to which subcarriers
neighboring BSs have their reference signals on. However,
if Collaborative Multipoint transmission (CoMP) with joint
beamforming [4] is employed, the reference signal placement
becomes an issue. In joint beamforming CoMP, a UE may
receive a joint transmission from multiple BSs. In this case, it
should be capable of reliable estimation of the channel from
these BSs. This requires reference signals to be orthogonal. If
orthogonality is achieved in the frequency domain, as in LTE,
neighboring BSs should have different subcarrier shifts, and
accordingly different NID mod 6.

The uplink reference signals are grouped into 30
sequence groups, so that sequences with most severe cross-
correlations are grouped into the same group. It is desirable
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that neighboring cells use different sequence groups, so that
it can be guaranteed that reference signals in neighboring
cells have good cross-correlation properties. In addition,
group hopping is possible. The group used by a cell at
any time is determined by NID mod 30, and accordingly,
neighboring cells should have differing NID mod 30. Based
on this, we observe that PCI assignment in LTE may require
conflict freeness with 30 colors, and with CoMP, conflict
freeness with 6 colors. For confusion freeness, a larger space
of colors is possible. It is worthwhile to investigate, how many
PCIs are needed to guarantee confusion-free autonomous
PCI assignment.

3. Distributed Graph Coloring Algorithms

Much of the previous work on distributed graph coloring
algorithms concentrates on finding colorings with Δ + 1 or
O(Δ) colors, where Δ is the largest number of neighbors
of any node. For these cases, rapidly converging distributed
algorithms exist, both deterministic and stochastic, and the
convergence characteristics can be analyzed in closed form;
see [12] and references therein. For more greedy cases, when
the number of colors is smaller than Δ, generic constraint
satisfaction algorithms may be used. In the survey paper
[13], three algorithms proposed by Yokoo and Hirayama
are discussed. Distributed Breakout (DBO) is an algorithm
based on local reasoning that is capable of breaking out
from a local minimum. Asynchronous Backtracking (ABT)
and Asynchronous Weak-Commitment Search (AWC) are
complete algorithms that are able to satisfy all constraints if
possible. In [14], Distributed Stochastic Algorithms (DSAs)
are considered, and shown to outperform DBO. DSAs are
synchronous algorithms belonging to the wide class of local
search algorithms; see [15] for a review.

We want to perform the allocation of the resources so
that the BSs execute a routine asynchronously, that is, one
at a time, and the order in which they do this is random but
fixed. This models an operation where each BS updates its
decision at regular intervals, according to a clock which is
not synchronized with its neighbors. Also, the time it takes
to communicate the change to the neighbors is assumed to
be negligible compared to the update interval. Accordingly,
we will select a few asynchronous local search algorithms, as
well as AWC and ABT, for evaluation.

3.1. Local Search Algorithms. In this paper, four simple
distributed local search algorithms will be used for graph col-
oring. The considered algorithms can be classified according
to two characteristics.

The first classification is related to the type of interference
pricing. When real-valued interference couplings are used, a
real-valued price may be considered between neighbors using
the same resource [16, 17]. In contrast, when binary conflicts
are considered, the decisions are made based on the number
of conflicting neighbors only, not based on the strength of
the conflicts.

A second classification is according the number of
alternatives tried by a node, when updating which resource to

use. The first alternative is a random selection of resource, as
in Monte Carlo algorithms; see [18]. The BS randomly selects
one of the resources not used by itself at the moment. It starts
to use the new resource, if the price (interference price, or
number of conflicts), is less than or equal to the price with
the earlier resource. In a multiple-try algorithm (e.g., [14]),
the node calculates the price for all resources, and randomly
selects one of the resources with the lowest price. The binary
algorithms have an Absorbing Local Optimum, that is, the
BS does not change its resource once it is in a conflict-free
state [14, 19]. The motivation for this is that in a global
optimum of a graph coloring problem, each node sees a local
optimum. With this method, unnecessary reconfigurations
of the BSs are avoided. In addition, when a node is not in
a local optimum, we allow plateau moves. This means that
if the price of the tested resource, or with multiple-try, the
lowest price of all resources, is the same as the price of the
resource being used, the node changes the resource. This
allows the algorithm to break out from a local optimum and
search for a global optimum, as discussed in [14, 15].

The resulting four algorithms are called

(i) Bin: binary pricing, random candidate resource selec-
tion,

(ii) Real: real pricing, random candidate resource selec-
tion,

(iii) BinMulti: binary pricing, all candidate resources con-
sidered, random selection among the best candidates,

(iv) RealMulti: real pricing, all candidate resources con-
sidered, random selection among the best candidates.

The real-pricing algorithms with random, and best can-
didate selection are known from [16, 17], respectively. The
binary multiple-try algorithm is an asynchronous version
of DSA-D of [14] with p = 1. The simplest algorithm,
binary pricing with random candidate selection, is to our
knowledge not known in the literature as a distributed
algorithm. Similar principles are used when solving problems
in statistical physics using the so-called zero-temperature
Markov Chain Monte Carlo algorithm [18]. The four local
search algorithms can be compactly described as follows. Let
G(V, E) be a graph where the BSs are the vertices v ∈ V,
E is the set of edges, and w(v, v′) is the weight of an edge
connecting v and v′. For real-valued pricing, w ∈ R, whereas
for binary pricing, w ∈ {0, 1}. The set of neighbors of v is
Nv = {v′ | w(v, v′) > 0}, and the set of colors is C. If v uses
color cv, the local interference price experienced by v is

Pv(cv) =
∑

v′∈Nv

δ(cv, cv′)w(v, v′), (1)

where δ is the Kronecker delta symbol. When v starts
executing the routine, its color is cv. The candidate new color
is

c̃v =

⎧⎪⎨
⎪⎩

rand(C¬{cv}), for random selection,

rand arg min
c∈C

Pv(c), for multiple try,
(2)
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Figure 1: Layout of four-building scenario in the WINNER 2 office
Manhattan path loss model. Red dots represent pico-cell BSs.

where rand(X) selects a random element from the set X. The
color after execution is

⎧⎨
⎩
c̃v, if Pv(c̃v) ≤ Pv (cv), Pv(cv) > 0,

cv, otherwise.
(3)

3.2. Complete Constraint Satisfaction Algorithms. For com-
parison, we consider two complete constraint satisfaction
algorithms discussed in [13]. Both utilize global IDs to
break the symmetry between agents, and operate in principle
on a complete search tree. In Asynchronous Backtracking,
priority values of agents follow global IDs and agents com-
municate their current values to neighbors asynchronously,
using messages. Preceding agents in alphabetical order
have higher priority. Agents try to find value assignments
consistent with higher priority agents. If no such value exists,
new constraints are generated and communicated to a higher
priority agent, which then attempts to change its assignment.
A value once selected is not changed unless lower priority
agents force it. This makes a wrong value selection very
expensive for large scale problems.

Asynchronous Weak-Commitment Search is based on a
message passing principle similar to ABT. AWC improves
on ABT by making use of a minimum conflict heuristic
and dynamic reordering of agents (i.e., changing priorities)
to minimize the number of constraints generated. This
often enables recovery from bad value selection without an
exhaustive search.

In ABT and AWC, a constraint received from a lower
priority agent may involve the state of an agent that is not
a neighbor of the receiving agent. To handle this, ABT and
AWC require a protocol of establishing new communication
links between agents, so that information pertinent to
constraints is available at the agents. For more details on
these algorithms, see [13].

For larger networks, a preprocessing step of graph
partitioning may be used first to divide the graph into a set of
smaller loosely connected ones, hence, enabling an efficient
framework for obtaining the solution to underlying smaller
Constraint Satisfaction Problems in a concurrent way. This
approach is investigated in [20].

Table 1: Noise level parameters.

Transmit power P 20 dBm

Noise figure 9 dB

Signal bandwidth 20 MHz

BW efficiency 0.9

4. System Model

For performance analysis of the discussed algorithms for
both Primary Component Carrier Selection and automated
PCI configuration, in a picocellular network, an office
building path loss model in a Manhattan grid has been
constructed. The nodes correspond to base stations or
cells, and the edges are weighted by real or binary-valued
interferences. The path loss model and operation of BSs and
UEs is discussed in following subsections.

4.1. Path Loss Model. The main propagation characteristics
are according to the Winner path loss models in [10].
We consider both intra- and interbuilding interference by
placing a number of multiple-floor buildings in a Manhattan
grid; see Figure 1. The buildings model modern office
buildings comprising of rooms and corridors. Propagation
inside the buildings is modeled according to the Winner
A1 model of [10], and propagation between the buildings
is modeled as the Manhattan-grid path loss model B1 of
[10]. Distance dependent path loss is calculated from the
parameters A,B,C as

PL = A log10(d) + B + C log10

(
fc
5

)
+ X + FL, (4)

where d is the distance between the transmitter and receiver,
fc is the carrier frequency, X is the wall and window loss, and
FL is the floor loss.

As we are interested in the performance of a large system,
we have chosen the buildings to have many floors. Also, we
consider wrap-around boundary conditions in all directions
(including the floor-dimension). The modeled system thus
consists of a Manhattan grid of very tall buildings, and is
essentially three-dimensional.

In addition to distance-dependent path loss, we consider
shadow fading, according to [10]. It is assumed that the
measurements UEs are performing are averaged over the
channel coherence time. Accordingly, no fast fading is
modeled. Parameters determining the thermal noise level can
be found in Table 1. The parameters model a picocellular
transmitter utilizing a full LTE bandwidth.

4.2. Model of UE Measurements and Reporting. To have a
realistic model of the information that the BSs base their
decisions on, we assume that the UE selects the strongest
BS to be the serving BS, and reports some of the strongest
interferers to the serving BS. If the measurement capabilities
of the UEs are taken into account, not all UEs will be able
to measure all BSs. We model this with a synchronization
threshold Hsynch, which is a threshold in SINR under which
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Table 2: Neighbor relation parameters.

Synch threshold Hsynch = −7 dB

Reporting load Lrep = 1

UEs per room 1

UEs per corridor 5

Cell selection best C/I

a UE is not able to synchronize to a BS. This threshold is
determined by the synchronization sequences used in the
standard, and UE implementation. For LTE, a typical value
would be −7 dB. The measurement and reporting load of
the UE is taken into account by limiting the number of
neighboring BSs that the UE should measure and report to
the serving BS to a small number Lrep.

4.3. Model of BS Operation. We model the situation where
the BSs collect information from their area for a sufficient
time, before they start changing the network configuration.
We consider the spatial coherence properties of shadow
fading to be such that shadow fading is constant within
a room. Thus we consider that sufficient statistics of the
network is collected when there is one sample per indepen-
dent shadow fading realization, meaning one UE per room.
To consider a constant UE density, we assume 5 UEs per
corridor. The parameters determining the neighbor relations
are summarized in Table 2.

Once the BS has gathered sufficient information, it
decides a cost for the interference caused by another BS to
the UEs it serves. For each interferer, the BS has statistics of
the interference produced, according to the received reports.
In our model, the BS simply considers the worst interference
caused by the interferer to any of its served UEs as the
interference cost caused by that interferer. The interferences
caused to different UEs are measured in terms of the Carrier-
to-Interference ratio measured when synchronized to the
interferer—the signal power from the interferer divided by
the signal power from all other BSs (including the serving
one).

4.4. Neighbor Relation and Interference Coupling. The neigh-
bor relation between the cells is determined on a per-drop
basis. Each drop represents a network configuration with
fixed shadow fading, and a fixed neighbor relation. These
relations are determined per drop as follows.

(i) 50 UEs are dropped per floor, evenly distributed in
rooms and corridors.

(ii) UEs perform cell selection; serving cell is cell with
best C/I.

(iii) Each UE selects primary HO candidate, BS with
second best C/I.

(iv) If C/I of primary HO candidate is above the
synchronization threshold Hsynch, synchronization
to primary HO candidate is considered successful.
Otherwise the UE has no HO candidate.

(v) All BSs that are primary HO candidates of a UE
served by the BS, are considered neighbors of the BS.

(vi) The interference coupling between a cell and its
neighbor is the highest interference (relative to the
carrier power) caused by this neighbor to a UE
served by the cell. The interference coupling of non-
neighboring cells is 0.

The resulting distribution of the number of neighbors
per cell arising from the used neighbor definition can be
found in Figure 2(a). For component carrier selection, and
PCI conflict freeness, the number of neighbors is essential.
For PCI confusion freeness, a BS should have no two-hop
neighbors with the same ID, accordingly, the distribution
of two-hop neighbors is relevant. This is depicted in
Figure 2(b). The distributions are collected over 500 drops.
It should be noted that in the simulated scenario, there are
96 BSs, and in one building, there are 24 BSs. The median
number of neighbors is 3, and the median number of two-
hop neighbors is 9.

4.5. Model of Network Growth. Performance is estimated in
a growing network. First a randomly selected subset of 86
of the total 96 BSs in the network scenario are switched
on. These are colored with a carrier/PCI according to the
problem investigated in a conflict and, for PCI, confusion-
free manner. The remaining 10 BSs in the network are then
switched on, one-by-one. When a BS is switched on, it
first selects a color, and then starts to execute a distributed
carrier/PCI selection algorithm.

5. Graph Coloring for Primary Component
Carrier Selection

In this section, we compare the performance of network
algorithms employing different distributed graph coloring
methods for Primary Component Carrier Selection. The idea
is to share a small number of resources, which represents a
component carrier that a LTE-A system may use, as efficiently
as possible. Each cell selects a primary carrier. The output of
the algorithm is measured by the distribution of SINR expe-
rienced at the nodes, once the primary carrier is distributed.
The traffic model is static, and for simplicity it is assumed
that there is no secondary usage of the resources. The aim
is to analyze the characteristics of the different classes of
graph coloring algorithms discussed above, especially related
to their local versus global optimization characteristics. The
performance metrics evaluated are the following.

(i) Probability of convergence and number of iterations:
whether or not the network will be able to find
a conflict-free state. In such a state, there are no
conflicts above Hsynch (real-valued or binary).

(ii) Number of cell reboots per added BS: when BSs
running a routine of a distributed network algorithm
are able to find a conflict-free primary component
carrier configuration, the number of times any BS has
changed its carrier in the process is measured. This
should be a small number, preferably less than one.
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Figure 2: The distribution of the number of neighbors (a) and the number of two-hop neighbors (b).

(iii) The resulting Carrier-to-Interference (C/I) ratios of
the selected primary component carriers. This is the
most important measure in this case.

The algorithms used are the local search algorithms
discussed in Section 3, two alternatives related to pricing,
real-valued or binary, and two alternatives related to selecting
a new resource to try: random or multiple try.

After switching on, a BS randomly selects a primary
component carrier, starts serving UEs and collecting HO
measurements. Once this is done, it starts executing a
distributed graph coloring algorithm. The algorithm is run
until it converges (to a local optimum for real-valued
pricing, or to a global optimum for binary pricing), or until
1000 iterations have been done. An iteration is a cycle during
which all BSs try to update the resource used once. After that,
statistics of the experienced Carrier-to-Interference (C/I)
ratios experienced by the users in the system are gathered.
Based on these statistics, metrics for comparing system
performance can be evaluated.

In Figure 3, the convergence properties are plotted.
It can be seen that the binary algorithms converge with
5 component carriers whereas the real-valued algorithms
require 7. This shows that the real-valued algorithms have
a significant probability to get stuck in local minima in the
modeled scenario. In Figure 4(a), the number of cell reboots
per added BS is plotted. This plot is in good accordance with
the plots in 3. The CDFs obtained using synchronization
threshold Hsynch = −7 dB are shown in Figure 4(b). From
the figure it is visible that binary-pricing algorithms perform
better than real-valued pricing ones, especially for users in
the low C/I region.

In this case, the reporting load of the UEs was low, and
the BSs have little information to base their decisions on.
Thus, when the interference couplings are only statistically
related to the typical user’s C/I situation, using binary-valued
pricing with plateau moves to attempt global optimization

outperforms local optimization based on real-valued inter-
ference.

6. Graph Coloring for Automated Physical
Cell ID Assignment

6.1. Performance of Distributed Algorithms. Performance is
evaluated in the picocellular indoor office environment
discussed in Section 4. The target is to find a number of PCIs
that is sufficient to allow newly entering cells to configure
their PCI in a confusion-and conflict-free manner, with a
low level of cell-reboots required. The primary performance
metrics are the same as in the previous section, except that
instead of conflict freeness, confusion freeness is the target.
Also, the C/I distribution is not considered. It is meaningless,
as HO confusion is by definition a binary effect. The four
distributed local search algorithms discussed in Section 3
are evaluated. In addition, the complete ABT and AWC
constraint satisfaction algorithms are used.

For confusion freeness, we need to determine the prices
used in the graph of two-hop neighbors. With binary pricing,
the only issue is whether or not there is a confusion, that is,
the binary and constraint satisfaction algorithms run directly
on the two-hop neighbor graph. With real-valued pricing, a
real interference distance is calculated for two-hop neighbors
as the sum of the dB-scale real-valued interference price of
both hops.

Additionally, the confusion couplings and their prices are
assumed to be symmetrized. This can be understood as a
by-product of the negotiations required to collect confusion
information at the decision making node. For symmetriza-
tion purposes, or for the operation of the algorithm itself, a
signaling channel between the neighboring cells is needed.
In LTE systems, the X2 interface provides a natural candidate
for this.

After the BS is switched on, it first scans for the syn-
chronization channels of its neighbors, performing so-called
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Figure 3: Convergence properties versus number of PCIs for different autonomous Primary Component Carrier Selection algorithms. (a)
Convergence probability. (b) Number of iterations for convergence (only converged drops considered).
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Figure 4: Performance of Primary Component Carrier Selection algorithms. (a) Number of cell reboots versus number of PCIs (only
converged drops considered). (b) C/I CDFs for five component carriers.

over-the-air measurements. It finds neighbors with a C/I
aboveHsynch. It selects a PCI randomly from the space of PCIs
available, avoiding the ones that are used by the neighbors it
is able to synchronize to. Note that this does not guarantee
conflict freeness with first-hop neighbors, as the set of
neighbors a BS can reliably synchronize to is smaller than
the set of neighbors. After selecting an initial color, the BS
starts serving UEs, collects HO candidate information from
them, and performs an Automated Neighbor Relation (ANR)
function to establish a connection with the neighboring BSs.

If the BS selected a PCI causing a conflict with a neighbor, it
is assumed that the neighbors of the conflicting pair are able
to identify the conflict by ANR.

With an initial PCI chosen and neighbor relations
established, conflict and confusion resolution is performed;
a routine of a networking algorithm is executed at each node.
If a confusion-free PCI configuration is identified, the results
are stored, and a new BS is switched on. The algorithm
runs until it converges, or until 1000 iterations have been
done.
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Related to conflict freeness, conclusions may be drawn
from the analysis in the previous section. Thus, for example,
a conflict-free assignment of PCI modulo 6, should be pos-
sible with the algorithms considered. This may be relevant
for DL pilot orthogonalization, as discussed in Section 2.
Considering confusion freeness, convergence probabilities
for different number of PCIs are shown in Figure 5(a). As
the maximum number of two-hop neighbors observed in
the network is 26, it can be seen that it is possible to find a
confusion-free PCI configuration with a significantly smaller
number of PCIs. All algorithms except the random-try real-
pricing algorithm converge within 1000 iterations for NPCI =
15. The complete ABT algorithm performs worse than the
best local search algorithms. The reason for this is that ABT
relies on exhaustive search with a fixed ordering of the agents
to find the solution, which is not possible with the limited
number of iterations considered here, when the number of
colors is small. Recall that the largest number of states in the
system is an astronomical N96

PCI.
AWC performs much better than ABT, and is clearly the

best algorithm when it comes to convergence. AWC avoids
exhaustive search by dynamic updating of priorities and
minimum conflict heuristics. The binary-pricing algorithms
are able to find a converged PCI for NPCI = 12, as opposed to
the multiple-try real-price algorithm NPCI = 15, indicating a
gain of ∼25%. From this, it is evident that when the target
is to achieve confusion freeness, the property of the real-
pricing algorithms to get stuck in a local optimum leads to
nondesirable results.

In Figure 5(b), the average number of iterations for
convergence is reported, where converged drops only are
considered. It is notable that ABT and AWC do not fall down
as rapidly as the local search algorithms with high NPCI. The
reason for this is the use of global IDs to prioritize in conflict
situation, which forces the nodes to negotiate for a longer
time to identify the node that should solve the conflict.

The number of cell reboots for converged drops are
plotted in Figure 6. The multiple-try algorithms require a
clearly lower number of reboots than the algorithms selecting
a new PCI candidate randomly. This is natural, as the
multiple-try algorithms always find a confusion-free PCI
if available, and accordingly converge more rapidly. When
comparing the number of reboots (for the converged drops)
for the real- and binary-pricing algorithms, it can be seen
that when the random-try real-pricing algorithm is able
to find the global optimum, it does it with less reboots
than the random-try binary algorithm. With the multiple-try
algorithms, there is no difference in the number of reboots
between the binary and real-pricing algorithms in the cases
that all drops converge. Comparing to ABT and AWC shows
that just as in the case of the number of iterations, these
require more reboots than the best local search algorithms.

It should be noted that the fact that the number of
reboots does not asymptotically vanish is due to the random
initial selection of PCI for the switched on cell. There
is always a nonzero probability that this initial selection
is conflicting/confused with a neighbor/two-hop neighbor.
However, the results in Figure 6 tell us that it is counterpro-
ductive to reserve a part of the PCI space for switching-on

cells, as suggested in [8]. If that is done, there is always at
least one cell reboot per added BS. Here, we see that with
a sufficiently large space of PCIs, one get to significantly
smaller number of reboots.

As a summary, these results point to a tradeoff when
selecting a distributed confusion resolution algorithm. If one
is extremely greedy related to the number of PCI’s, one
has to rely on the complete AWC algorithm, which requires
an additional protocol to establish communication between
cells that are not two-hop neighbors. If one is moderately
greedy, one may do with a multiple-try local search algorithm
based on binary confusion pricing.

6.2. Analysis of PCIs Required for Convergence. Here, we try
to understand the relationships of the distributions of the
number of neighbors and the number of two-hop neighbors
in Figure 2, and how they affect the number of PCIs required
for confusion freeness. These PDFs are crucial statistics for
the behavior of different algorithms, and they are scenario-
specific. In the scenario investigated here, for conflict
freeness, we need at least 5 PCIs. To realize a confusion-
free PCI configuration, we make a trivial observation from
the PDF distributions that this can be achieved if we have
27 PCIs. With this number, which is close to the 30 different
modulo 30 uplink sequence groups defined in LTE, we can
easily configure the network in a distributed manner even
in the worst scenario. However, reducing the number of
required PCIs (or PCI groups) will allow certain flexibility
on system design, as argued in Section 2. A more aggressive
and yet straightforward observation is to take the mean value
of the distribution as an estimation of the required PCIs.
In the PDF of two-hop neighbors, we have the mean value
around 10, while 11–15 PCIs are needed for convergence in
our numerical results. By definition, two-hop neighbors are
neighbors of the neighbors, implying that the distributions in
Figure 2 are correlated. A node with more one-hop neighbors
is likely to have more two-hop neighbors. We utilize this
property for further discussion on the required number of
PCIs.

For cells with different numbers of one-hop neighbors,
it is more geometrically uniform if these cells are evenly
distributed in the considered scenario. This means that for
any cluster of cells, their statistics would be close to the
statistics of the whole scenario. If this is the case, one can use
first-order analysis to estimate the required number of PCIs.
With uniform geometry, we can assume that each neighbor
will on average introduce X new two-hop neighbors

X = N1h · p, (5)

where N1h is the mean number of one-hop neighbors and p
is the probability of being a new two-hop neighbor. Using
first-order moments of the distribution of one- and two-hop
neighbors, one can train p by solving

N2h =
(
N1h − 1

)
+
(
N1h − 1

)
·X, (6)

where N2h is the mean number of two-hop neighbors. In
(6), the first N1h − 1 comes from the fact that your first
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Figure 5: Convergence properties versus number of PCIs for different autonomous PCI configuration algorithms. (a) Convergence
probability. (b) Average number of iterations (only converged drops considered).
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Figure 6: The number of cell reboots versus number of PCIs
for different autonomous PCI configuration algorithms (only
converged drops considered).

neighbor’s neighbors are all new two-hop neighbors except
for yourself. The secondN1h−1 considers the remaining one-
hop neighbors.

After training p, the required PCIs can be estimated by
calculating the additionally needed PCIs, out of those for
avoiding conflict. We thus have the number of required PCIs
as

NPCI = Nmax,1h +
(
Nmax,2h −Nmax,1h

) · p, (7)

where Nmax,1h and Nmax,2h are the maximum number of one-
and two-hop neighbors, respectively.

On the other hand, if the statistics of clusters of cells
is not similar with each other, cells with similar number of
neighbors are geometrically closer to each other. In terms
of PDF of two-hop neighbors, the higher end represents the
statistics of a cluster with high number of one-hop neighbors.
Thus, the tail at the higher end is weaker, as is the case in two-
hop neighbor distribution of Figure 2. Besides, if we follow
the same method as for uniform geometric case, one would
see that p is higher than 1, indicating that the mean value
of one-hop neighbors is not sufficient to support the mean
value of two-hop neighbors. To accommodate this difference,
we use similar procedure as uniform geometric case but use
Nmax,1h instead of N1h in training p. This will enhance the
fact that the higher end of two-hop PDF corresponds to cell
clusters where each cell has higher number of neighbors. This
results in p = 0.3 and therefore, the required number of PCIs
is according to (7) is 12.

With this mechanism, it may be possible to develop
a SON algorithm to determine the minimum number of
PCIs required for confusion freeness just based on collecting
statistics of the number of neighbors from the base stations.

7. Conclusion

We evaluated the use of distributed graph coloring algo-
rithms for two self-configuration problems, pertinent to
LTE-A; Primary Component Carrier Selection and Physical
Cell ID Assignment.

Simple distributed algorithms based on local search were
used for the self-configuration tasks. Real-valued coloring
algorithms are based on a real interference price. Distributed
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versions of such algorithms converge rapidly to a local
optimum, where they are stuck. Discretizing the interference
prices to binary conflicts, simple local search algorithms
are able to move around on plateaus where the number
of conflicts is constant, and then potentially find a globally
optimum, conflict-free state.

For evaluating the distributed algorithms, an office
Manhattan scenario was used. It was observed that despite
the a priori high connectivity of the BSs, Autonomous
Primary Component Carrier Selection works with a number
of component carrier that is roughly half of the maximum
number of neighbors, and Autonomous PCI Assignment
works with a number of PCIs that is roughly half of the
maximum number of two-hop neighbors. This is much
less than the usually considered practical lower limit for
distributed graph coloring, which is slightly larger than the
order of the maximum number of neighbors [12].

Related to component carrier selection, the results lead
to a conclusion that dividing a 100 MHz LTE-A system
bandwidth to five component carriers of 20 MHz is a viable
strategy, even if autonomous selection should be done.

For Physical Cell ID assignments, the results show that
the space of PCIs can be significantly reduced without
jeopardizing confusion freeness. For example, if a SON
protocol for guaranteeing confusion-free PCI assignment
is designed, it may well be designed to operate on a PCI
modulo 30 basis, so that the reuse of UL reference signal
sequence groups is automatically distributed to far-away
cells. The results show that there is no gain from reporting
other than binary confusion prices. Moreover, when NPCI

is large enough (larger than 14 in this example), it is
counterproductive to have a space of temporary PCIs. Just
selecting from the space of all PCIs randomly, the expected
number of cell reboots is well below 1, which is the minimum
when a temporary PCI is used. The price for this is that
there is a small possibility that a cell which is not newly
switched on has to change its PCI. Local search algorithms
were contrasted to complete algorithms, that are distributed
realizations of a search tree. It was observed that the best
complete algorithm outperforms local search algorithms,
when the number of PCIs is very small.
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Decode-and-forward relaying is a promising enhancement to existing radio access networks and is currently being standardized
in 3GPP to be part of the LTE-Advanced release 10. Two inband operation modes of relay nodes are to be supported, namely
Type 1 and Type 1b. Relay nodes promise to offer considerable gain for system capacity or coverage depending on the deployment
prioritization. However, the performance of relays, as any other radio access point, significantly depends on the propagation
characteristics of the deployment environment. Hence, in this paper, we investigate the performance of Type 1 and Type 1b inband
relaying within the LTE-Advanced framework in different propagation scenarios in terms of both coverage extension capabilities
and capacity enhancements. A comparison between Type 1 and Type 1b relay nodes is as well presented to study the effect of the
relaying overhead on the system performance in inband relay node deployments. System level simulations show that Type 1 and
Type 1b inband relay deployments offer low to very high gains depending on the deployment environment. As well, it is shown
that the effect of the relaying overhead is minimal on coverage extension whereas it is more evident on system throughput.

1. Introduction

The Universal Mobile Telecommunications System (UTR
AN) Long Term Evolution (LTE) is being designed to
enhance third generation (3G) radio access technologies
(RATs) and it represents a major step towards the Interna-
tional Mobile Telecommunications- (IMTs-) Advanced tech-
nologies of the International Telecommunication Union-
Radiocommunications Sector (ITU-R). The IMT-Advanced
RATs are expected to offer increased broadband capacity with
high quality of service (QoS) for next generation multimedia
services, such as, high-definition TV (HDTV) content, video
chat, mobile TV, and real-time gaming. Requirements for the
IMT-Advanced technologies are defined by ITU-R in a circu-
lar letter issued in March 2008 calling for candidate RATs [1].

In response to ITU-R circular letter, 3rd Generation
Partnership Project (3GPP) made a formal submission in
September 2009 proposing that LTE Rel.10 and beyond
would be evaluated as a candidate IMT-Advanced technology

[2]. The proposed RAT is referred to as LTE-Advanced
and is expected to satisfy and overtake IMT-Advanced
requirements [3]. In technology evolution, LTE-Advanced
defines the framework for further significant advancements
to LTE Rel.8 and Rel.9.

While LTE Rel.8 supports peak data rates exceeding
300 Mbps in the downlink (DL) and 75 Mbps in the uplink
(UL), LTE-Advanced Rel.10 is expected to offer up to
1 Gbps in the DL and 500 Mbps in the UL in low mobility
environments. Extended carrier bandwidths up to 100 MHz
will be supported in LTE-Advanced while the maximum
bandwidth in Rel.8 is limited to 20 MHz. Furthermore,
increased spectral efficiency up to 30 bps/Hz in DL and
15 bps/Hz in UL, along with improved cell edge capacity,
decreased user and control plane latencies, and a more
homogeneous user experience over the cell area are urged
[3].

To address these stringent requirements, different key
technologies have been investigated in the 3GPP study item
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on LTE-Advanced, of which bandwidth extension through
spectrum/carrier aggregation, relay node (RN) deploy-
ments, improved multiple-input multiple-output (MIMO)
schemes, coordinated multipoint transmission and reception
(CoMP), and local area optimization features such as
femtocell deployments [4, 5]. In this paper, we will focus on
relay nodes as a major technology enhancement.

Decode-and-forward (DF) relay nodes are currently
being specified in the 3GPP work item on LTE-Advanced
networks to meet the growing demand and challenging
requirements for coverage extension and capacity enhance-
ment [5]. RNs are characterized by wireless backhaul and
low power consumption that is due to their relatively small
size. The connection between RN and the core network
is carried out through evolved Node B (eNB), referred
to as the donor eNB in 3GPP terminology. The wireless
backhaul enables deployment flexibility and eliminates the
high costs of a fixed backhaul. Furthermore, RNs do not have
strict installation guidelines with respect to radiation, visual
disturbance, and planning regulation. Therefore, installing
RNs involves lower operational expenditure (OPEX) [6] and
faster network upgrade when operators aim to improve the
QoS [7]. The cost efficiency of RNs is further investigated
in [6, 8, 9]. Due to the compact physical characteristics and
low power consumption, RNs can be mounted on structures
like lamp posts with power supply facilities. According to
previous technical studies, RNs promise to increase the
network capacity [10, 11] and to better distribute resources
in the cell, or alternatively, extend the cell coverage area [11–
14].

In 3GPP standardization, relaying is being considered
mainly as a cost-efficient coverage improvement technology.
Different RN categories are specified according to the applied
spectrum usage approaches on the wireless backhaul link
between RN and its donor eNB. Inband relaying utilizes
the same spectrum on the relay backhaul as that used to
serve the user equipments (UEs) in the RN cells whereas
outband RNs use a different spectrum. With the relay
(eNB-RN) and access (RN-UE) links being time-division
multiplexed in the former approach, operating both links
on a single carrier frequency will impose limitations on the
resource utilization efficiency, thus, limiting the performance
of inband RNs. On the other hand, the latter approach
relaxes the resource limitation on the relay link but it
may increase the deployment costs since a separate extra
spectrum is needed [5]. Considering the scarcity of available
spectrums and the high costs of licensed ones, another
possible mean to boost the performance of relays is to
introduce enough isolation between the antennas used for
the access and relay links, for example, provided by means of
well-separated and well-isolated antenna structures. This will
allow simultaneous operation of both links and, thus, relaxes
the relay link.

In 3GPP, RNs are classified according to their relaying
strategy. Three types of relays are identified out of which
Type 1 and Type 1b inband relays and Type 1a outband
RNs are expected to be supported by LTE Rel.10 [5]. A
Type 1 RN controls a cell of its own, that is, it has its own
physical cell ID and includes functionalities such as radio

resource management, scheduling, and hybrid automatic
repeat request (HARQ) retransmission control. Type 1a
and Type 1b RNs are characterized by the same set of
features as Type 1 RN above, except that the former utilizes
outband backhaul spectrum usage approach, whereas the
latter operates inband but with adequate antenna isolation
between access and relay links.

In this paper, we investigate the performance of Type
1 and Type 1b inband RNs in different propagation sce-
narios within the LTE-Advanced framework. Performance
evaluation focuses on both coverage extension and network
capacity aspects. In the former case, results are given in
terms of an exchange ratio between the relay nodes and
macro-cellular eNBs. That is, we examine how many small
nodes like relays are needed to replace a conventional eNB,
while keeping the same system performance in terms of
10%-ile throughput cumulative distribution function CDF
level. We recall the exchange ratio from [14] where it has
been explained in more details. Average cell throughput and
throughput CDF plots assuming a fixed coverage area are also
presented.

The goal of the work is two-folded. On one hand,
the relative gain of certain heterogeneous deployments
(inband RNs) in comparison with homogeneous (eNB-
only) deployments is investigated in different propagation
scenarios. The study gives insights for relay deployments
of LTE-Advanced networks in different environments. As
the performance of a network depends significantly on
the propagation conditions, it is essential to validate the
deployment of RNs in different environments and give
guidelines to the deployment costs and prospective gains. On
the other hand, it is important as well to investigate the effect
of the relaying overhead required for the inband relay link.

We use system level simulations to investigate the
impact of the deployment scenario on the RN performance.
Moreover, comparison between Type 1 and Type 1b relays
will be carried out and also some analytical considerations
are used to characterize the impact of modeling. Simulation
results have been produced using a tool that follows up-to-
date 3GPP models.

The rest of the paper is organized as follows. In
Section 2, the applied evaluation methodology is explained.
In Section 3, the propagation scenarios as well as the system
model and simulation assumptions are given. In Section 4,
performance evaluation and analysis are carried out. The
paper is then concluded in Section 5.

2. Evaluation Methodology

The performance of Type 1 and Type 1b relay deployments
is evaluated in terms of network coverage and capacity. In
the latter case, the average cell throughput is used as a
performance measure, while in the former case, results are
given in terms of the exchange ratio between RNs and macro-
cellular eNBs. This exchange ratio reflects the coverage gains
due to RN deployments.

In the following, we first explain the approach used
to model Type 1 and Type 1b relaying on a system level
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Figure 1: Translating relay throughput gains into coverage extension.

performance evaluation. Then, we describe the methodology
that is employed to quantify the coverage results.

2.1. Throughput Modeling for Type 1 and Type 1b Relaying.
The end-to-end (e2e) throughput experienced by a UE in
a two-hop communication link (eNB-RN-UE) is given as
follows:

TPe2e = min(TPeNB-RN, TPRN-UE), (1)

where e2e throughput is obtained as a minimum over
throughputs on the relay and access links.

In inband relaying, the donor eNB utilizes the same time-
frequency radio resource pool to serve both the RNs and UEs
that are directly connected to it. As well, communications
on the access and relay links are time-division multiplexed.
Therefore, radio resources available for the relay link will
be under high competition in the macrocell eNB. Since RN
transmission power is low, its coverage area is relatively small
when compared to the macrocell and a UE connected to
an RN will usually experience a good access link. Thus, if
UE rates are not limited in the RN cells, the relay link may
become a bottleneck in two-hop e2e connections.

Throughout the study, we assume a resource allocation
strategy which ensures equal data flows on the relay and
access links. It is found from (1) that such an allocation is
optimal because both relay and access links are fully utilized.
Let Tx be the portion of e2e connection resources available
on link x, and let Rx be the corresponding rate. Then, we have

TPe2e = TeNB-RNReNB-RN = TRN-UERRN-UE,

TeNB-RN + TRN-UE = 1,
(2)

where the latter equality is used to normalize the total trans-
mission time on the relay and access links. After combining
the equations in (2), we obtain the following formula for e2e
throughput:

TPe2e =
(

1
TPeNB-RN

+
1

TPRN-UE

)−1

. (3)

Throughout the performance analysis, (3) will be used to
model the e2e throughput of Type 1 inband RNs. We empha-
size that (3) takes into account the throughput limitation on
the relay link.

If enough isolation between the access and relay links can
be obtained, both links can be operated simultaneously, thus
easing the limitations on the relay link. In such a case, it is
reasonable to assume that the relay link capacity is not a lim-
iting factor and the e2e performance is merely constrained by
the access link. We have adopted this assumption for Type 1b
inband relaying in order to find bounds for the performance
difference with the Type 1 inband relaying approach. Thus,
from this on, we assume for Type 1b relaying that

TPe2e = TPRN-UE. (4)

2.2. Tradeoff between Different Deployments. The modeling
of the previous section will be used to make throughput
comparison between Type 1 and Type 1b inband relaying
in the same network topology. While such a comparison
is network capacity oriented, it is also of great value to
carry out coverage-oriented performance comparison. For
that purpose, we use the evaluation methodology of [14].
It aims to quantify the trade-off between numbers of relays
and macrocell eNBs on the condition that the coverage
requirement is fixed. In this paper, the cell coverage is defined
in terms of the 10%-ile throughput CDF level. The 10%-ile
level reflects the performance of the worst UEs, which might
go easily into outage. In 3GPP, the same approach is used, but
performance is measured on the 5%-ile level.

Let us describe the applied comparison methodology
in the following. Assume a predefined inter-site-distance
ISD0 between macrocell eNBs and assume that RNs are
deployed at the edge of each sector. Then, the additional
relays will increase the system throughput with respect to the
reference eNB-only deployment. Yet, if the system is scaled
by increasing the ISD, then the cell edge throughput can be
decreased until the new deployment admit the same 10%-
ile throughput as with the reference eNB-only deployment.
In the above procedure, the number of deployed RNs per
sector can be varied to obtain different ISD and RN density
combinations that fulfill the coverage criterion (10%-ile
throughput CDF level). The explained approach is illustrated
in Figure 1 which presents the throughput CDF for different
deployments. The throughput gain from deploying 5 RNs
and 10 RNs per sector in the network where the original ISD
is 500 m translates into ISD extensions of 111 m and 190 m,
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Figure 2: RN deployment in Scenario 1 (a) and Scenarios 2 and 3
(b).

respectively, while preserving the coverage performance at
the 10%-ile throughput level.

The different RN density and ISD combinations are
referred to as ISO-performance deployments. The eNB-only
deployment is referred to by the combination (0, ISD0) and
various RN deployments are referred to by (NRN, ISDext),
where NRN refers to the number of RNs per sector. In the
example shown in Figure 1, the combinations (0 RN, 500 m),
(5 RNs, 611 m), and (10 RNs, 690 m) are ISO-performance
deployments.

The ISO-performance deployments are used to define the
trade-off between numbers of RNs and eNBs. This trade-
off is expressed in terms of an exchange ratio that will
be explained in the following. Assume a reference network
that covers area C and consists of N0 macrocell sites, each
composed by three sectors. If NRN relays are added to
each sector, starting from the outer edge of the sector (see
Figure 2), then site coverage will be increasing and less sites
will be needed in order to cover the area C. Let the number
of sites in the RN deployment be NeNB. Then, the network

contains 3·NRN · NeNB relays, and we define the exchange
ratio R between RNs and macrocell eNBs by

R = 3 ·NRN ·NeNB

N0 −NeNB
. (5)

Thus, the exchange ratio is defined by the number of RNs
that are needed to reduce the number of macrocell sites from
the original number N0 down toNeNB. This ratio can be used
to, for example, estimate the maximum costs of an RN site
when the costs of macrocell sites are known. If, for example,
R = 30, then costs of an RN site can be at most 1/30 of the
costs of an eNB site.

Let us consider (5) more carefully. If performance
evaluations are done by network level simulations, then it
is usually not easy to change the number of sites in applied
layout. Fortunately, the number of macrocell sites needed
to cover a certain area is proportional to the square of ISD.
Thus, there holds

R = 3 ·NRN ·NeNB/N0

1−NeNB/N0
= 3 ·NRN · (ISD/ISD0)2

1− (ISD/ISD0)2 , (6)

and we can use a fixed number of macrocell sites since the
performance gain will be obtained through the extended ISD
between macrocell eNBs. We note that the ISD increase is
limited by 10%-tile throughput level constraint and multiple
iterations of the network simulation might be needed before
the proper ISD for a certain deployment is found.

It is worth noting that although the ISO-equivalent
deployments perform similarly in terms of coverage, they
may result in different exchange ratios according to the
relative extension in ISD achieved by the number of RNs
deployed. Then, the solution with the lowest cost is found
by taking a minimum over the different achieved exchange
ratios.

3. Propagation Scenarios and System Model

The performance of a mobile communication system
depends largely on the radio environment and hence
comparisons between different deployment alternatives and
system level enhancements easily become unfair. Therefore,
3GPP has created guidelines for LTE-Advanced system
evaluation methodology. The given simulation framework
contains propagation and system models as well as recom-
mended values for required parameters [5].

3.1. Propagation Models. Different environments exhibit
different propagation characteristics which reflect on eNB
and RN coverage areas rendering the network planning
a rather challenging task. Small coverage areas may lead
to high access node density and considerably high costs
for operators. Hence, it is important to validate the RN
deployments in different radio environments and give guide-
lines to the expected deployment costs. Due to increasing
rate requirements, it is equally important to investigate the
performance of RNs in terms of throughput in different
propagation scenarios.
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It was early acknowledged in 3GPP LTE-Advanced
study item that the propagation modeling is of essential
importance when designing and assessing different RN
deployments. This fact was reflected in the 3GPP discussion
on the distance-dependent path loss model which was open
for quite a long time during which the model was changed
several times. The first proposed 3GPP model, given in [15],
consists of only a non-line-of-sight (NLOS) component and
is based on the NLOS ITU-R Urban Micro model [16]. The
related scenario, which we will refer to as Scenario 1 (Sc1),
assumes that both UEs and RNs always experience NLOS
propagation conditions to their donor eNB and, thus, the so-
called single slope model of the form

PL = PL0 + 10 · n · log10(R) (7)

is applied. In single slope models like Okumura-Hata, the
constant term PL0 contains the impact of factors such as
carrier frequency, and eNB and UE antenna heights, while
the path loss exponent n does not usually depend on the
terminal antenna height. The model in (7) is feasible for
densely built areas when a UE is on the street level and
the line-of-sight (LOS) probability is small. In Table 1,
parameters for different 3GPP path loss models are given
[5]. It is seen that the difference between constant terms in
the direct (eNB-UE) and relay links is 3.6 dB. This is due
to fact that RN antennas are expected to be elevated 5 m
from ground level. The RN-UE path loss model shows more
aggressive attenuation resulting from low RN antenna height.

The single slope model, however, is pessimistic since
it does not take into account the fact that being in LOS
conditions is becoming more and more probable when cell
sizes are getting smaller. This is especially true when UEs
are connected to RNs. Hence, the assumption of considering
exclusively an NLOS connection as in [15] might be valid
only in very densely populated cities. In the 3GPP evaluation
framework, users are assumed to be indoors and the channel
model is applied where the path loss towards the building
is determined before adding the penetration loss. In many
scenarios, there is an LOS connection or at least a clearly
dominant direction in the channel between the RN and
the building where the UE is located. Therefore, the link
suffers from smaller path loss than the channel that assumes
propagation over rooftops as in [16].

To address the above-explained propagation characteris-
tics, a probabilistic dual slope model was proposed in [17]
for RN-UE link. The model given in (8) is not a conventional
dual slope model where a certain breakpoint distance is
assumed; it considers the breakpoint through a probability
and is based on measurements,

PL=Prob(LOS) · PL(LOS)+Prob(NLOS) · PL(NLOS),

PL(LOS)=PLLOS +10 · nLOS · log10(R),

PL(NLOS)=PLNLOS +10 · nNLOS · log10(R).
(8)

The corresponding model, which will be referred to as
Scenario 2 (Sc2) throughout this paper, assumes a mixed

LOS/NLOS modeling of the access channel; for parameters,
see Table 1. The path loss on the access link is a weighted
combination of two, LOS and NLOS, components, where the
weighting factor decays as the UE-RN distance increases. The
model in [17], however, does not consider environments,
where users in a macrocell deployment may experience LOS
propagation conditions with their donor eNB.

Finally, the 3GPP propagation Scenario 3 (Sc3), which
is based on the model in [5], considers environments with
better propagation conditions as compared to both models in
Scenario 1 and Scenario 2. This scenario applies probabilistic
dual slope model on all three links. It defines an LOS
probability function versus the UE-eNB or UE-RN distance,
and according to a random probability factor, the UE could
be in LOS or NLOS propagation conditions. The model, thus,
accounts for the case where UEs are in LOS condition with
their eNB or RN, and as well for cases where a UE might be
over-the-corner and, hence, might sometimes enjoy an LOS
condition and in a nearby place an NLOS condition.

The scenarios reflect three different possible propagation
conditions where relays can be deployed. Parameters of
Table 1 have been accepted by 3GPP partners for perfor-
mance evaluation of relay deployments in LTE-Advanced [5]
and will be adopted throughout this paper.

3.2. System Model. The simulated network is represented
by a regular hexagonal cellular layout with 19 trisectored
macrocell sites. The RNs in each sector admit regular
outdoor deployment at the sector border. Applied RN
deployments will be discussed in Section 4 in more details.
Simulation parameters follow the parameter settings agreed
in 3GPP [5] and are summarized in Table 2. According
to 3GPP performance evaluation guidelines, indoor users
are assumed to be distributed with equal probability over
the sector area and a 20 dB penetration loss is added on
the access and direct links. The full-buffer traffic model
is adopted. We note that due to outdoor RN deployment
the penetration loss does not occur on the relay link
(eNB-RN). Interference in the network is neglected, as the
study investigates the performance of RNs in coverage-
limited scenarios. Shadowing and fast fading are implicitly
accounted for by a 30 dB extra margin on each link.

The link throughput in the system is calculated from
signal to interference-plus-noise ratio (SINR) by using a
mapping

TP = BW · Beff · log2

(
1 +

SINR
SINReff

)
, (9)

where BW is the system operation bandwidth, and Beff and
SINReff are the so-called bandwidth and SINR efficiencies
[18, 19]. The approximation in (9) is obtained from the
well-known Shannon link capacity after scaling by two
parameters. This approximation method was introduced in
[18], and it has been later used in 3GPP evaluations [19].
Bandwidth and SINR efficiencies depend on the antenna
configuration, and we apply values which are given in
Table 2. In simulations, we have used a −7 dB limit on SINR
so that a UE will be in outage if it experiences SINR levels less
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Table 1: Propagation Models.

Channel Models

Distance R [km]

Scenario 1 (Sc1)

eNB-UE Link

PL = 128.1 + 37.6 log10(R)

RN-UE Link

PL = 140.7 + 36.7 log10(R)

eNB–RN Link

PL = 124.5 + 37.6 log10(R)

Scenario 2 (Sc2)

eNB-UE Link

PL = 128.1 + 37.6 log10(R)

RN-UE Link

PL = Prob(LOS) PL(LOS) + [1−Prob(LOS)] PL(NLOS)

PL(LOS): 103.8 + 20.9 log10(R), PL(NLOS): 145.4 + 37.5 log10(R)

ISD 500 m-Urban Model

Prob(LOS) = 0.5 – min(0.5, 5 exp(−0.156/R))

+ min(0.5, 5 exp(−R/0.03))

ISD 1732 m-Rural Model

Prob(LOS) = 0.5 – min(0.5, 3 exp(−0.3/R))

+ min(0.5, 3 exp(−R/0.095))

eNB-RN Link

PL = 124.5 + 37.6 log10(R)

Scenario 3 (Sc3)

eNB-UE Link

PL(LOS): 103.4 + 24.2 log10(R), PL(NLOS): 131.1 + 42.8 log10(R)

ISD 500 m-Urban Model

Prob(LOS) = min(0.018/R, 1)(1− exp(−R/0.063))

+ exp(−R/0.063)

ISD 1732 m-Suburban Model

Prob (LOS) = exp(−(R − 0.01)/0.2)

RN-UE Link

PL(LOS): 103.8 + 20.9 log10(R), PL(NLOS): 145.4 + 37.5 log10(R)

ISD 500 m-Urban Model

Prob(LOS) = 0.5 −min(0.5, 5 exp(−0.156/R))

+ min(0.5, 5 exp(−R/0.03))

ISD 1732 m-Suburban Model

Prob(LOS) = 0.5 −min(0.5, 3 exp(−0.3/R))

+ min(0.5, 3 exp(−R/0.095))

eNB-RN Link

PL(LOS): 100.7 + 23.5 log10(R), PL(NLOS): 125.2 + 36.3 log10(R)

ISD 500 m-Urban Model

Prob(LOS) = min(0.018/R, 1)(1− exp(−R / 0.072))

+ exp(−R/0.072)

ISD 1732 m-Suburban Model

Prob(LOS) = exp(−(R − 0.01)/0.23)
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Table 2: Simulation Parameters.

Parameter Value

System Parameters

Carrier Frequency 2 GHz

Bandwidth 10 MHz

Highest Modulation Scheme 64-QAM (R = 9/10)

Penetration Loss 20 dB on eNB-UE and RN-UE
links

Bandwidth Efficiency 0.88

SINR Efficiency 1.25

Thermal Noise PSD −174 dBm/Hz

SINR lower bound −7 dB

eNB Parameters

eNB Transmit Power 46 dBm

eNB Elevation 32 m

eNB Antenna Gain 14 dBi

eNB Antenna Configuration Tx-2, Rx-2

eNB Noise Figure 5 dB

eNB Antenna Pattern A(θ) = −min[12 (θ/θ3dB)2, Am]

Θ3dB = 70◦ and Am = 25 dB

UE Parameters

UE Antenna Configuration Tx-1, Rx-2

UE Antenna Gain 0 dBi

UE Height 1.5 m

UE Noise Figure 9 dB

Relay Node Parameters

RN Transmit Power 30 dBm

RN Elevation 5 m

RN Antenna Configuration Tx-2, Rx-2

RN-eNB Antenna Gain 7 dBi

RN-UE Antenna Gain 5 dBi

RN Antenna Pattern Omni-directional

RN Noise Figure 5 dB

than −7 dB and then the throughput is set to zero. This limit
is introduced due to control channel requirements.

4. Performance Evaluation and Analysis

In this section, the performances of Type 1 and Type 1b
RNs are analyzed in terms of coverage extension and
network capacity. First, we discuss RN deployments in the
different propagation environments, then a bound on the
number of RNs that can be deployed is deduced and,
thereafter, we present the coverage extension and throughput
results.

4.1. Relay Node Deployment. In LTE-Advanced, RNs will be
deployed by operators in contrary to, for example, femtocells
for which random deployment by end users may take place.
Considering, as well, that RNs will be deployed to provide

coverage improvements and a more homogeneous user
experience over the cell area, we have systematically deployed
RNs at the cell edge. Deployment is done in a way that no
coverage gaps are left and overlapping between neighboring
RN cells is minimized. The unnecessary holes in RN coverage
would deteriorate the relative coverage extension gain from
RN deployments, while the overlap between RN cells would
lead to inefficient RN deployment.

The number of RNs required to cover the cell edge,
however, depends significantly on the propagation envi-
ronment since RNs will exhibit different coverage areas in
different propagation conditions. Hence, careful planning of
RN deployment is required.

Figure 2(a) presents RN deployments in Scenario 1,
whereas RN deployments in Scenario 2 and Scenario 3 are
shown in Figure 2(b). The deployments are nearly optimum
in terms of the coverage improvement capabilities of the
deployed RNs. In both Figures 2(a) and 2(b), 2 tiers of
RNs are deployed. A tier of RNs is defined as the sufficient
number of RNs required to cover the cell edge without
introducing RN coverage gaps. In this study, 7 RNs and
14 RNs, which constitute, respectively, 1 and 2 tiers, are
deployed in Scenario 1 environments. The second tier is
another set of RNs deployed closer to the eNB, however, still
in a way where no RN coverage gaps are occurring between
the two tiers. In Scenario 2 and Scenario 3, either 5 RNs
or 10 RNs are deployed. The different number of RNs per
tier reflects the different coverage areas of RNs in different
propagation environments. To keep the comparison fair, the
same deployments are used for both Type 1 and Type 1b
inband RNs.

Tables 3 and 4 present, respectively, the RN coverage
areas for the three considered scenarios in networks with
ISD 500 m and ISD 1732 m. We note that these ISD values
have been widely used in 3GPP for the urban and suburban
test cases. It is found that in case of 500 m ISD, the first
tier of RNs covers about 20% of the macrocell sector area
in Scenario 1 while in Scenario 2 the coverage is around
40%. Similar behavior is experienced in 1732 m ISD case.
We recall that the coverage area is defined by cell selection
according to the received signal strength and, hence, the
better propagation conditions on the access link in Scenario 2
due to the LOS component render observed larger coverage
area. This conclusion is also valid for Scenario 3, but there,
the potential LOS component occurs also in the direct link
between eNB and UE and, therefore, RN coverage areas are
somewhat smaller than in Scenario 2 for ISD 500 m case.
In case of networks with ISD 1732 m, however, Scenario
3 models a suburban environment where UEs towards the
sector edge experience, with very high probability, NLOS
propagation conditions to the eNB which are worse than
those in Scenario 2. This leads to a larger coverage of RNs
in Scenario 3 in ISD 1732 m case.

If two tiers of relays are employed, then the area covered
by RNs is increasing, but we note that coverage cannot be
doubled by doubling the number of relays. This is due to fact
that RN coverage area will become smaller when it is moved
closer to the eNB. We consider this phenomenon in the next
subsection.
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4.2. Bound on the Number of Deployed Relays. From site
coverage extension perspective, the outer edge of the macro-
cell sector offers the most attractive locations for relay
deployments. Therefore, relays are usually deployed in tiers
starting from the macrocell edge; see Figure 2, where RN
deployments are illustrated. The number of relays in tiers
is selected so that relays cover the whole macrocell edge. By
adding new tiers between macrocell center and the first tier,
the area covered by relays can be increased. Yet, the coverage
gain from additional relay tiers will become smaller tier by
tier. More specifically, while the relay link budget will define
the maximum distance between the eNB and the first tier
RNs, eNB interference on the access link may set a practical
minimum distance between the eNB and RNs. To describe
this in more details, we consider a user between the eNB and
the RN in a location where the received powers from both are
equal. Then,

PeNB

LeNB-UE
= PRN

LRN-UE
, (10)

where PeNB and PRN refer to the transmission powers of the
eNB and the RN, respectively, and LeNB-UE and LRN-UE refer
to the path losses on the links indicted by the subscript. Let
us consider only distance-dependent path losses and antenna
gains for simplicity. Then,

LeNB-UE = GeNB · αeNB ·DβeNB

eNB ,

LRN−UE = GRN · αRN ·DβRN

RN ,
(11)

where DeNB and DRN are distances from a UE to the eNB and
the RN, respectively, (αeNB, βeNB) and (αRN, βRN) are path
loss model parameters, and GeNB and GRN are the eNB and
RN antenna gains, respectively. From (11) we solve

DRN = D
βeNB/βRN

eNB ·
(
αeNB

αRN
· GRN

GeNB
· PRN

PeNB

)1/βRN

. (12)

If we use parameters of Scenario 1 from Tables 1 and 2 and
assuming that the RN is in the boresight direction from eNB,
then we obtain

DRN ≈ 0.095 ·D1.02
eNB. (13)

From the macrocell geometry, we find that if ISD is
500 m, then the macrocell range is 333 m. If RN is located
close to the cell edge, then DeNB is around 300 m since DRN

would be then about 28 m. Thus, RN range is quite small
even for first tier relays in Scenario 1. Furthermore, if RN
is placed close to the midpoint between cell edge and eNB,
and assume DeNB = 160 m, for example, then we have DRN =
15 m, and RN coverage becomes truly small. Fortunately, the
situation in Scenario 2 and Scenario 3 will be more favorable
for relaying, see, for example, Tables 3 and 4.

4.3. Coverage Extension: ISO-Performance. In what follows,
the coverage extension capabilities of Type 1 and Type 1b
RN deployments are investigated in different scenarios in ISD
500 m and 1732 m networks, respectively.
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Figure 3: ISO-performance curve - ISD 500 m.

Table 3: RN Deployment Characteristics, ISD 500 m.

RN tiers per sector Scenario Number of RNs
Total RN

coverage area
[%]

1 tier
Sc 1 7 19.5

Sc 2 5 39.5

Sc 3 5 35.5

2 tiers
Sc 1 14 33

Sc 2 10 65

Sc 3 10 53.5

Table 4: RN Deployment Characteristics, ISD 1732 m.

RN tiers per sector Scenario Number of RNs
Total RN

coverage area
[%]

1 tier
Sc 1 7 21

Sc 2 5 39

Sc 3 5 48

2 tiers
Sc 1 14 36.5

Sc 2 10 61.5

Sc 3 10 69.5

Figure 3 presents the ISO-performance of Type 1 and
Type 1b RNs for different scenarios in urban environments.
Two conclusions are clearly deductible. On one hand, the
ISO-performance differences between Type 1 and Type 1b
RNs are small in all three scenarios. In terms of coverage
extension, the resources consumed by the relay link have
limited effect on the system performance. On the second
hand, there is a significant difference between the ISO-
performances of RN deployments when using different
path loss models. The required numbers of RNs in ISO
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combinations of Scenario 3 are less than those in Scenario
2, which in turn is much more favorable for relaying than
Scenario 1. When comparing Scenario 1 and Scenario 2, the
better performance on the access link of Scenario 2 due to
LOS probability clearly reflects on the performance of all UEs
connected to RNs. We emphasize that the direct link path
loss between eNB and UE as well as the path loss between
eNB and RN are the same for Scenario 1 and Scenario 2.
Thus, for both Type 1 and Type 1b relays the difference
between Scenario 1 and 2 ISO curves of Figure 3 is a direct
consequence of the difference in the access link attenuation
between RN and UE.

While comparing Scenario 2 and Scenario 3, it should
be noted that the access link between RN and UE admits
similar model in these scenarios while direct and relay link
models are different. The better performance of Scenario
3 is mainly due to improved direct link. However, the
LOS probability model in Scenario 3 significantly improves
the performance of UEs close to the eNB, that is, those
experiencing relatively good throughput levels anyway, and
results in moderate performance improvement for the UEs
at the edges between eNB and RN coverage areas. These are
the UEs that contribute the most to the 10%-ile throughput
CDF level. On the contrary, as in Scenario 2, the access
link model of Scenario 3 ensures significantly better UE
throughput for users connected to RNs. Also, Type 1 inband
relays can utilize the increased access link performance well
in Scenario 3 since LOS probability is introduced to the relay
link. Added to that, simulations show that UEs contributing
to percentile levels higher than the 10%-ile in throughput
CDF are much better in Scenario 3 than those at the 10%-
ile level when compared to the relative performance of both
groups (UEs below 10%-ile level and those above 10%-ile
level) in Scenario 2. Knowing that these UEs will eventually
contribute to the 10%-ile as the ISD increases, a higher
margin of ISD extension can be supported in Scenario 3.
These reasons lead to better coverage extension capabilities
for RNs in Scenario 3 as compared to Scenario 2.

Table 5 presents the exchange ratio, calculated using
(6), between the RNs and the macrocell eNB in the three
considered scenarios. The values in Table 5 are selected based
on the possible ISO-performance combinations so that the
exchange ratio is minimized, that is, the selected (NRN,
ISD) combination is the one which achieves the largest ISD
extension relative to the number of RNs and eNBs deployed
per unit area. Simulations show that in Scenario 1, deploying
7 Type 1 RNs achieves an extension of 42 m, whereas
deploying 7 Type 1b RNs results in a 54 m ISD extension. In
Scenario 2, the best exchange ratio is achieved by deploying
4 or 7 Type 1 RNs, which achieves ISD extensions of 92 m
and 154 m, respectively. For Type 1b RNs, 4-RN deployment
is the most cost-efficient deployment and it results in an ISD
extension of 107 m. For Scenario 3, both Type 1 and Type 1b
RNs present the most cost-efficient ISO combination with
3 RNs per sector resulting in ISD extensions of 106 m and
140 m, respectively.

The exchange ratios presented in Table 5 reflect the
performances shown by the ISO plots of Figure 3 and values
can be used to compare Type 1 and Type 1b RNs in terms

Table 5: Coverage extension evaluation, ISD 500 m.

Considered Scenario
Best exchange Ratio

Type 1 RN Type 1b RN

Scenario 1 120 93

Scenario 2 30 26

Scenario 3 18 15

of costs. In Scenario 1, the deployment of Type 1 RNs is
appealing if Type 1 RN cost is lower than 93/120 times that
of Type 1b RN. The cost should be lower than 26/30 and
15/18 times that of Type 1b RNs in Scenario 2 and Scenario
3, respectively. Note that the cost stands for the Total Cost
of Ownership (TCO), and in such a case, the extra cost
incurred to insure enough antenna isolation on the access
and relay links in Type 1b RN deployments should be taken
into account.

Investigating the RN performance in the different scenar-
ios, inband Type 1 RNs are appealing, costwise, if the RN
TCO is less than 1/120 times that of a macro eNB. In Scenario
2 and Scenario 3, the cost limitation diminishes significantly
down to 1/30 and 1/18 times that of an eNB. Similar behavior
is noticed for Type 1b RNs, where the cost-appealing ratio
falls from 1/86 in Scenario 1 to 1/26 and 1/15 times the cost
of an eNB in Scenario 2 and Scenario 3, respectively.

4.3.2. Rural/Suburban Models (ISD 1732 m). Figure 4 shows
the ISO-performance plots for Type 1 and Type 1b RNs in
different propagation conditions and ISD 1732 m network.
Type 1 and Type 1b RNs provide the same performance in
terms of coverage extension, as they have overlapping ISO
curves. This is an important indicator of the fact that the
inband relay link for Type 1 relays does not incur noticeable
costs on resource utilization provided that RNs are used
to extend network coverage on rural/suburban areas. The
exchange ratios between RNs and macro eNBs are presented
in Table 6. Performance evaluation results of Figure 4 and
Table 6 show a one-to-one exchange ratio between Type 1
and Type 1b RNs.

An important result from the coverage extension study
in both ISD 500 m and 1732 m cases is that the required
number of Type 1b relays is not much smaller than that of
Type 1 relays. This is mainly due the fact that RNs are located
outdoors, and even in Scenario 1 they admit a very good relay
link towards the serving eNB. If network dimensioning is
done assuming indoor users, then the radio resource usage
by the backhaul of an outdoor Type 1 RN is relatively small.
Type 1 relay deployments, as compared to Type 1b relay
deployments, are hence well justified since they incur less
costs than Type 1b relays.

While comparing the system performances in different
scenarios, similar behavior is visible as in the ISD 500 m
network: The performance differs drastically between the
scenarios. Exchange ratios vary from 86 RNs per eNB in
Scenario 1 to 24 RNs per eNB in Scenario 3. The exchange
ratio for Scenario 1 is achieved by deploying 7 RNs, Type 1 or
Type 1b, per sector, which results in a 201 m ISD extension.
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Table 6: Coverage extension evaluation, ISD 1732 m.

Considered Scenario
Best Exchange Ratio

Type 1 RN Type 1b RN

Scenario 1 86 86

Scenario 2 28 28

Scenario 3 24 24
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Figure 4: ISO-performance curve - ISD 1732 m.

In Scenario 2, RN deployments with 5 RNs per sector achieve
the best cost-efficient ISO-performance deployment and give
an ISD extension of 414 m. The exchange ratio in Scenario
3 is obtained by deploying 4 RNs which achieve an ISD
extension of 396 m. These performance differences among
scenarios are due to applied path loss models and, therefore,
the discussion and conclusions are the same as in case of ISD
500 m network.

Finally, we note that the exchange ratios were presented
in connection with the corresponding RN deployments. If
further coverage is required, a tradeoff between ISD exten-
sion and higher RN costs relative to the eNB may be consid-
ered.

4.4. Cell Throughput. In the following, the average cell
throughput for the different scenarios will be presented for
networks with ISD 500 m and 1732 m, respectively. The
performance of 1-Tier and 2-Tier Type 1 and Type 1b relay
deployments will be investigated and compared.

4.4.1. Urban Models (ISD 500 m). Figure 5 presents the CDF
of the cell throughput for Type 1 and Type 1b relays
assuming Scenario 1. It is clear that for both 7-RN and 14-
RN deployments, Type 1b RNs outperform Type 1 RNs,
specifically at the high throughput levels, where Type 1 RNs
do not offer any throughput improvements over the macro
eNB-only deployment. This is due to the relay link, which
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Figure 5: Throughput CDF-Scenario 1, ISD 500 m.
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Figure 6: Average cell throughput gains in RN deployments, ISD
500 m.

limits the e2e throughput over the two-hop link at high
SINR levels to half of that that can be achieved on the direct
link. This can be seen also from (2) and (3), where the e2e
throughput of a UE served by a Type 1 RN is formulated.
Thus, only direct link users close to eNB contribute to the
throughput CDF on very high throughput levels. Therefore,
the peak rate limitation in RN cells is best observed from
the step in the CDF plots of Figure 5 at 27 Mbps, where the
performance of Type 1 RN deployments converges to that of
the eNB-only.

According to simulations, a 7-RN deployment with Type
1 relays provides 20% improvement over the eNB-only
deployment at the 10%-ile throughput CDF level, whereas
Type 1b relays provide 27% gain. The observed gains at
the 50%-ile level are 8% and 18% from Type 1 and Type
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1b RN deployments, respectively. The clear trend is that
gains from Type 1b relays against Type 1 relays become
larger with increased throughput CDF levels. This is due to
the fact that the relay link creates a bottleneck limiting the
e2e throughput when access link radio conditions become
better. The conclusion is that UEs connected to Type 1
RNs can in general experience better throughput than in
eNB-only deployment, but only Type 1b relaying clearly
increases the number of users that admit extremely high
throughput. The latter conclusion is backed up by Figure 6
that presents the achieved average cell throughput gains with
respect to the eNB-only reference case. We note that 2-
tier deployment can be used to increase the cell rate when
employing Type 1b relays, but in case of Type 1 relays
the gain from the second tier is small. It is worth noting
that in the coverage investigations the large throughput
performance difference between Type 1 and Type 1b was not
well visible in the coverage extension capabilities of relays
because the difference at the 10%-ile throughput level is
small.

Since results of Figures 5 and 6 assume Scenario 1, it is
worth to briefly discuss about the throughput in other sce-
narios. After comparing the performance of RNs in all three
scenarios, we notice that relaying benefits can significantly
differ, as was the case in the coverage extension study. RN
deployments in Scenario 2 show better performance than
in Scenario 1; introducing LOS component to the path loss
model of the access link improves the performance of relay
deployments whereas the eNB-only performance does not
change. When comparing Scenario 2 and Scenario 3, it was
found that RN deployments in the former scenario achieve
higher relative gain in average cell throughput compared to
the eNB-only deployment. This is due to the considerably
high throughput levels of eNB-only deployments in Scenario
3 where the UEs close to the eNB experience an LOS
connection and hence achieve much higher throughputs
as compared to those in Scenario 2. Such UEs contribute
significantly to the average cell throughput as compared to
those on the cell edge. With the RN cells providing slightly
better capacity improvements in Scenario 3 when compared
to those in Scenario 2, the relative capacity improvement by
RNs in the former is then smaller.

4.4.2. Rural/Suburban Models (ISD 1732 m). Figure 7 pre-
sents the throughput CDF plots of 1-tier and 2-tier RN
deployments assuming Scenario 3 propagation model. It is
clearly observed that Type 1 and Type 1b RNs show the same
performance at the low percentile throughput CDF levels.

This confirms the previous result from the coverage
extension study; resources consumed for the inband relay
link in Type 1 RN deployments do not impact the perfor-
mance of cell edge UEs.

As in networks where ISD = 500 m, Type 1b RNs
outperform Type 1 RNs at mid to high throughput levels
where the relay link becomes a limiting factor as it requires
large portion of the resources. It is, however, worth noting
that the relative gain from Type 1b RNs as compared to Type
1 RNs is small.
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Figure 8: Average cell throughput gains in RN deployments, ISD
1732 m.

This is observed in Figure 8, where the gains in average
cell throughput are presented. It is clearly observed that gains
from both 1-Tier and 2-Tier RN deployments are similar
in case of Type 1 and Type 1b RNs. However, it is worth
noting the significant difference in RN performance in the
three scenarios. RN deployments perform remarkably better
in Scenario 2 and Scenario 3 as compared to Scenario 1.
This is due to the severe propagation loss on the access link
in Scenario 1 where all UEs are assumed to be in NLOS
conditions with the donor RN. Comparing Scenario 2 and
Scenario 3, similar conclusions and justifications still hold as
in networks with ISD 500 m.

Note that significant capacity improvements are achieved
by RN deployments in all scenarios as compared to eNB-only
deployments.
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5. Conclusion

We compared the performance and feasibility of Type 1 and
Type 1b Relay Node (RN) deployments within the LTE-
Advanced framework. As performance measures, we used the
cell coverage, that is, the exchange ratio between numbers
of relays and evolved Node Bs (eNBs), and cell throughput.
The evaluation was carried out for three different 3GPP
propagation models in networks with inter-site-distances
(ISDs) 500 m and 1732 m.

First, it was analytically shown that the number of
relays within a macrocell admits a practical upper bound
since a relay coverage area decreases when it is moved
closer to the eNB. Yet, it was noticed that the RN coverage
depends largely on the applied path loss scenario. This
has been also acknowledged by 3GPP where three different
path loss scenarios have been introduced for LTE-Advanced
performance evaluations. It was shown through system
level simulations that relay deployments exhibit significantly
different performance in the different scenarios in terms of
both coverage and capacity-oriented evaluation criteria. RNs
provided significant gains in scenarios where users exhibit
good propagation conditions to the RN, whereas modest
gains were achieved in other scenarios.

As the relaying overhead in case of Type 1 relays was
expected to be the limiting factor, we investigated the
effect of inband relay backhaul link in the three 3GPP-
originated scenarios. Results show that the difference in
coverage performance between Type 1 and Type 1b relay
deployments is small making the Type 1 RN deployment
attractive, especially in the case where network dimensioning
assumes indoor users and outdoor relays. Actually, in
suburban networks with ISD 1732 m, Type 1 and Type 1b
RN deployments provide equal coverage performance. If ISD
500 m urban Scenario 1 is assumed, then Type 1b relays
provide slightly better coverage performance than Type 1
relays. Yet, it should be noted that 3GPP path loss Scenario
1 admits extremely aggressive signal attenuation between RN
and UE making the use of small outdoor cells less favorable
in general.

The investigations have shown that the capacity perfor-
mance of Type 1 and Type 1b inband relays differs signifi-
cantly. Especially in ISD 500 m network, Type 1 relays clearly
lag behind Type 1b relays in throughput performance. The
throughput difference is largest in high-throughput regimes.
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parison of relay and pico eNB deployments in LTE-advanced,”
in Proceedings of the 70th IEEE Vehicular Technology Conference
(VTC ’09), Anchorage, Alaska, USA, September 2009.

[12] R. Schoenen, W. Zirwas, and B. H. Walke, “Capacity and
coverage analysis of a 3GPP-LTE multihop deployment sce-
nario,” in Proceedings of IEEE International Conference on
Communications Workshops, pp. 31–36, Beijing, China, May
2008.

[13] R. Schoenen, R. Halfmann, and B. H. Walke, “An FDD multi-
hop cellular network for 3 GPP-LTE,” in Proceedings of the 67th
IEEE Vehicular Technology Conference (VTC ’08), pp. 1990–
1994, Marina Bay, Singapore, May 2008.

[14] T. Beniero, S. Redana, J. Hämäläinen, and B. Raaf, “Effect of
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pared to the shannon bound,” in Proceedings of the 65th IEEE
Vehicular Technology Conference (VTC ’07), pp. 1234–1238,
Dublin, Ireland, April 2007.

[19] H. Holma and A. Toskala, LTE for UMTS, John Wiley & Sons,
New York, NY, USA, 2009.


