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One of the basic assumptions of the 5G network architecture
is network slicing. It has the advantage of enabling, as a
result of creation of logical networks (slices), simultaneous
optimization of hardware and radio resources and provide
network communication capability that is service-oriented.
The ability to create virtual networks, dedicated to different
users or services, allows for efficient dimensioning and man-
agement of allocated resources.

In this special issue of the “Slicing in Modern Cellular
Networks”, five high-quality papers are selected for publi-
cation whose authors consider typical challenges related to
slicing in cellular networks, such as:

(i) resource management algorithms in logical 5G net-
works,

(ii) virtualization of 5G network components,
(iii) Cloud Radio Access Network (C-RAN),
(iv) hybrid architectures of 5G with other wireless tech-

nologies (e.g., SDN/NFV, satellite networks),
(v) analysis and modeling of 5G multiservice logical

networks.

One of the articles is devoted to resource management algo-
rithms in logical 5G networks. The article, entitled “Wave-
form Flexibility for Network Slicing,” is written by Ł. Kułacz
et al. The authors propose heuristic algorithms for waveform
selection and frequency assignment in order to optimize the
use of the spectrumandprovider’s infrastructure.The authors
consider the possibility of cognitively adjusting the shape of
the waveform to the requirements associated with various

network slices jointly with the selection and allocation of the
appropriate frequency bands to each slice. It is worthwhile
to emphasize that in the proposed algorithms the assumed
slice-specific Quality of Service (QoS) parameters are guar-
anteed. The proposal is verified and evaluated by simulation
experiments conducted for four case studies covering several
network deployment scenarios with a number of slices
characterized by different QoS requirements.

Another article discusses virtualization of 5G network
components. In the article “A Service-Oriented Approach for
Radio Resource Management in Virtual RANs,” B. Rouzbe-
hani et al. propose a centralized cooperative mechanism
of Radio Resource Management for Virtual Radio Access
Networks based on aggregation and virtualization of all the
available radio resources from different Radio Access Tech-
nologies (RATs). The presented virtual platform is responsi-
ble for service orchestration among Virtual Network Oper-
ators, enabling a definition of various services and policies,
separately from vendors and underlying RATs. The virtual
platformhas the advantage ofmaximizing the virtual capacity
utilization from different RATs in order to satisfy the specific
QoS requirements for each service. The performance of the
proposed model is discussed based on a simulation study.
The results confirm that the model can capture the demanded
capacity in keeping with the concept of proportional fairness.

L. M. P. Larsen et al. in one of the articles consider
cloud RAN. The authors, in their article entitled “Fronthaul
for Cloud-RAN Enabling Network Slicing in 5G Mobile
Networks,” present the Cloud Radio Access Network (C-
RAN) architecture as a promising element which enables
the introduction of virtualization and network slicing. In
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particular, the authors pay special attention to the fronthaul
network which links a distributed and a centralized unit of
C-RAN. Proper deployment of a fronthaul network requires
careful consideration of the trade-off between fronthaul
bitrate, flexibility and complexity of the local equipment close
to the user. In the numerical part of the article, the authors
present the fronthaul range in relation to processing delay for
exemplary LTE and Ethernet scenarios.

Another article is related to hybrid architectures of 5G
with other wireless technologies. It is entitled as “A Bio-
logical Model for Resource Allocation and User Dynamics
in Virtualized HetNet,” is written by L. Ma et al.. The
article investigates the dynamic-aware virtual radio resource
allocation based on utility and fairness. The authors also
propose a virtual radio resource management framework in
which the radio resources of different physical networks are
virtualized and form a common virtual resource pool. The
virtual pool can be then used by mobile virtual network
operators (MVNOs) to provide service to users. In the article,
the authors propose a virtual radio resource allocation algo-
rithm based on a biological model. In this model, the virtual
resource allocation problem is formulated as a population
competing problem, where users in the system are considered
as the predators in nature environment, and virtual resources
are prey to be hunted down by users. The algorithm is
based on the Lotka-Volterra model, in which the authors
introduced aggregated utility function and are considering
together fairness and utility of the system. The authors also
present the results of simulation experiments to verify that
the proposed virtual resource allocation algorithm achieves a
better trade-off between the total utility and fairness than the
existing algorithm. It is worth emphasizing that the algorithm
can also be utilized to analyze the population dynamics of
system.

Finally an article proposes new solutions for analysis and
modeling of 5G multiservice logical networks. M. Głąbowski
et al. in their article entitled “Modelling of Multiservice
Networks with Separated Resources and Overflow of Adap-
tive Traffic” propose a new method of determining traffic
characteristics of multiservice overflow systems that carry
adaptive traffic. The authors assume that adaptive traffic
is subjected to the threshold compression mechanism in
both primary and secondary resources that can be physical
resources as well as virtual resources (e.g., slices). The model
was elaborated on the basis of a generalization of Hayward’s
concept and its application to model systems with adaptive
traffic with threshold compression. The presented method
allows grade of service parameters (blocking probability, car-
ried traffic, and network load) to be analytically determined
and therefore can be used for optimal dimensioning of slices
in modern mobile systems. The obtained calculation results
are compared with the results of simulation experiments for a
number of selected structures of overflow systems that service
adaptive traffic, confirming the accuracy of the proposed
analytical model.

We do hope that the selected articles will spark many
discussions among the readers contributing to new research
concepts and efficient implementation of slicing in cellular
networks. We would like to thank everyone who contributed

to this special issue, the authors for the interesting submis-
sions, the reviewers for timely feedback, and the staff from
the Editorial Office for their invaluable assistance.
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We discuss the idea of waveform flexibility and resource allocation in future wireless networks as a promising tool for network
slicing implementation down to the lowest layers of the OSI (Open Systems Interconnection)models. In particular, we consider the
possibility of cognitively adjusting the shape of the waveform to the requirements associatedwith various network slices. Moreover,
such an adjustment of waveform shape is realised jointly with the selection and allocation of the appropriate frequency bands to
each slice. In our approach, the definition of the waveform, as well as the assignment of resources, is done based on the information
about the surrounding environment and each slice requirement stored in a dedicated context-information database. In this paper,
we present the key concept of waveform flexibility for network slicing, the proposed algorithm for waveform selection and resource
allocation among slices, and the achieved simulation results.

1. Introduction

It has been almost twenty years since the concept of cognitive
radio (CR) technology was introduced for the first time as
a method of effective usage of spectrum resources [1]. It
was assumed that a cognitive terminal or cognitive system
should sense the spectrum (or better, sense the ambient
environment) to locate itself in the surrounding transmission
context. However, the sensing feature, which should allow
for accurate and stable identification of unused frequency
bands or ongoing transmissions, if applied by the stand-alone
device, is said to be not accurate enough to guarantee the
required level of quality [2–4]. Thus, in consequence, the
researchers and engineers started thinking how to bypass this
problem in practical applications, and the implementation of
the dedicated context-information database appeared to be a
viable solution [5]. Such a database is populated with, pos-
sibly, up-to-date and precise information about the ambient
context.The cognitive terminal or cognitive systemwill make
a decision about spectrum occupancy and the best way of
using the spectrum resources based on its sensing capabilities
supported by the information stored in the database. In this
situation, it is worth mentioning two regulatory approaches
that utilise dedicated databases, which may act as some sort
of confirmation that this approach can be considered for

practical systems. First, European Telecommunications Stan-
dards Institute (ETSI) has focused their efforts on the
Licensed Shared Access (LSA) scheme, devoted mainly for
2.3GHz band, where the LSA repository and LSA con-
troller support the functioning of the cognitive radio based
system [6]. Second, in USA, the Federal Communications
Commission (FCC) considered a solution called the Citizen
Broadband Radio Service (CBRS). In this case, the dedicated
Spectrum Access System (SAS) uses databases for managing
of priority access users [7]. In a nutshell, databases are
widely treated as one of the technical enablers for practical
deployments of highly flexible, cognitive radio based systems.

On the other hand, recent developments in the domain
of network management and in the general functioning of
communication networks have shown great benefits of wide
virtualisation of network functions. The definition of virtual
network functions, as well as a network orchestrator, allows
for a precise split and separation between the underlying
hardware and the functions that have to be delivered. The
successful application of this scheme in wired networks has
resulted in a great interest among researchers in adopting
this technique also to the wireless network, mainly to the
radio access domain. It is, however, not an easy task in
general due to the great variability of the typical wireless
channel. Nevertheless, the successful investigation of network
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virtualisation is strongly connected with another concept,
called network slicing. Based on various definitions of what
a network slice is [8, 9], one may understand a network
slice as an autonomous virtual network, being a part (slice)
of a bigger communication network, which is created to
fulfil specific needs (and requirements) and which can be
managed separately and solely by the slice owner (tenant).
In other words, specific network functions will be selected
and delivered, so that the tenant is able to communicate
autonomously within the created virtual network, being now
aware of the underlying devices and technologies. When
it comes to the Radio Access Network (RAN), the slicing
concept is often referred to as RAN slicing [10], and quite
often the presence of virtual radio resources is considered
there [11]. Moreover, when discussing wireless slicing, one
may refer to slice scheduling, Physical Resource Block (PRB)
scheduling and traffic shaping [8] and, in general, inter-
slice resource scheduling [12]. Interesting approach for inter-
slice resource sharing based on graph colouring has been
presented in [13], where the slices have been allocated in
the Time Division Duplex (TDD) networks. The solutions
proposed there assume that entire spectrum is allocated to
the slice, and the traffic conditions are reflected in proper
definition of uplink/downlink ratios. In [14] the authors pro-
posed the application of so-called Network Slice Broker, the
entity enabling mobile virtual operators to request resources
in dynamic way via proper signalling.

Bearing the two above observations in mind, one may
say that both cognitive radio and network/RAN slicing with
network function virtualisation offer much flexibility to the
network designers. However, as network slicing is more of an
overall view of the communication network, cognitive radio
is more focused on lower layers, mainly on the physical and
medium access layers, and as such is more connected to RAN
slicing. In fact, we claim that the functionality delivered by the
cognitive radio technology can be treated as technical enabler
for the practical deployment of the network/RAN slicing
concept. In particular, we claim that the ability to dynamically
adjust the waveform, as well as to adaptively assign the
frequency band, is crucial for future implementation of the
slicing concept. Following the idea of virtual resource blocks,
one may imagine that the requirements for each slice may
be specified in a generic way, meaning only the technology-
independent constraints could be identified. For example,
one may define a slice by defining the requirements on
rate and latency, which may be translated into a specific
set of virtual resource blocks, which in turn have to be
mapped to specific (real) spectrum resources. In such a
case, the cognitive radio technology can play its role by
allowing a dynamic definition of the best waveform for data
transmission, as well as by the proper association of the
frequency bandwith the slice. In this paper we concentrate on
the last functionality, and mainly we discuss the algorithms
for adaptive selection of the waveform and the solutions for
adaptive allocation of frequency blocks to the slices subject
to fulfilment of their requirements on rate and Signal to
Interference plus Noise Ratio (SINR). The algorithms are
defined from the point of view of resource provider, i.e., the
entity that delivers spectrum resources to various tenants who

use slices for the delivery of their services. The spectrum
provider wants to allocate appropriate frequency resources
to specific slices in a way that maximises its revenue from
spectrum licensing. It is also worth mentioning that the
concept of waveform flexibility was first introduced in [15],
where the primary system operating in the TV band was
protected by the appropriate selection of the best waveform.
This idea is extended in this work by adding the solutions
for dynamic frequency allocation to the slice. Thus, the
novelty of the paper is twofold; first, it extends the concept
of waveform flexibility to network/RAN slicing, and, second,
it proposes the algorithm for joint waveform and frequency
band allocation among slices. The novelty of this manuscript
can be summarised in the following way:

(i) First, we define the new concept of waveform adap-
tation and selection as part of the first, we define the
new concept of waveform adaptation and selection as
part of the network slice creation process, which is
assumed to be fully dynamic and which maximises
the resource provider revenue; we extend the work of
[15], where the general idea of the waveform selection
was initially discussed;

(ii) Second, we propose a joint scheme for waveform
selection and resource allocation, and then we pro-
pose a two-step algorithm for network slice creation
by spectrum and infrastructure provider;

(iii) Third, we have tested three algorithms for resource
allocation that minimise the newly defined fragmen-
tation coefficient.

The paper, being a sort of position paper, is organised as
follows. First, we provide the scenario definition explaining
the role of (a) spectrum and infrastructure provider (SIP)
who offers its resources to (b) service provider (SP). Next,
we present the network slice definition from the point of
view of the lowest layers of the OSI stack model, which we
applied in our research. In the following sections, we discuss
the waveform selection idea and the frequency allocation
problem, and we provide the proposals of three heuristic
algorithms trying to solve these problems. The simulation
results for four separate use cases are presented afterwards,
and the entire work is summarised and concluded in the last
section.

2. Problem Definition

In our work we consider the presence of a spectrum and
infrastructure provider, whose assets include both infras-
tructure and spectrum resources with active licenses. The
provider is interested in efficient usage of their available
resources by dynamic creation of network slices for various
types of end-to-end data transmissions. Moreover, their
ultimate goal is to maximise the total revenue through
maximising instantaneous spectrum usage andminimisation
of various costs (in our case, it is the cost of consumed
energy).

There is also a set of 𝑁 prospective network operators
(stakeholders, tenants) willing to deliver new services to end
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users, but they do not want to invest in infrastructure and
apply to the regulator for long-term licenses. Thus, these
tenants would like to use the resources of the SIP by utilising
the benefits originated by the network slice technology.These
tenants are referred to as service providers to the end users.

In general, various slices may be created following the
specific requirements defined by the interested stakehold-
ers. One may refer to the recent work within 3GPP [16],
where the network slicing is discussed as a vital part of
the system architecture for the 5G systems. The functional
description identifies the so-called Network Slice Selection
Function (NSSF). The authors of [16] also inform that the
network slice is definedwithin a Public LandMobileNetwork
(PLMN), and it should include the core network control plane
and user plane network functions. Furthermore, within the
serving PLMN, it should include at least either the new Next
Generation Radio Access Network (NG-RAN) or the Non-
3GPP Interworking Function (N3IWF) to the non-3GPP
access network. It is claimed that network slices may differ for
supported features and network functions optimisations and
that the operator can deploy multiple network slice instances
delivering exactly the same features but for different groups
of end users. In that context, the so-called Network Slice
Selection Assistance Information (NSSAI), which identified
the network slice, consists of two fields: SST, standing for
Slice/Service Type, defining the expected slice behaviour,
and SD, Slice Differentiator, to distinguish among multiple
network slices of the same SST. The standard [16] specifies
three SSTs, mainly:

(i) for SST set to 1, the slice for 5G enhanced Mobile
BroadBand (eMBB) type of traffic is considered;

(ii) for SST set to 2, the slice for handling Ultra Reliable
Low Latency Communications (URLLC) is envis-
aged,

(iii) and finally, for SST set to 3, the slice for massive IOT
(mIOT) type of traffic is proposed.

However, the standard does not specify the strict values
of the features that have to be guaranteed by a specific
slice, and this issue is still left open for implementation.
The strict performance requirements for various scenarios
(e.g., for high data rate and traffic density scenarios, for low
latency and high reliability, and high accuracy positioning)
are specified in [17].

Similar approach is presented by GSM Association in
[18], where various exemplary slice requirements have been
presented. One may identify the following suggestions (we
present here only a subset of long list of various prospective
applications):

(i) for augmented and virtual reality applications, the
network slice shall consider various aspects of video
codecs; for example, for strong interactive virtual real-
ity schemes it is envisaged that the expected needed
data rate could vary from 120Mbps to 3.36Gbps, the
Round-Trip-Time (RTT) shall vary between 5 and
10ms, and the acceptable packet loss is not greater
than 10−6. However, these values differ significantly

if one looks at the requirements for weak-interactive
virtual reality schemes, where the required data rate
varies between 40Mbps till 2.34Gbps, and the allow-
able RTT is between 10 to 30ms.

(ii) For automotive applications, there are not strict values
provided, one may find the generic statement that
mobile system shall provide ultra reliable and low
latency communications between vehicles.

(iii) For the energy applications the requested bandwidth
shall be around 1 kbps per user, the end-to-end latency
shall be below 5ms, the packet loss is less than 10−9,
and the availability is above “five nines”.

(iv) For healthcare application, the definition of the
important requirements is left for further investiga-
tion.

Thus, one may observe that there are no strict requirements
associated with a generic slice of eMBB, mIOT, or URLLC
traffic types in [18]. Similarly, in [19] the requirements put
on various slices are defined in a highly generic way for the
three fundamental traffic types, eMBB, URLC, and massive
machine type communication, mMTC. Let us stress that the
presented work concentrates on the ways for allocation of
the physical resources certain slices (in particular, how the
waveform can be selected and how the spectrum resources
will be assigned), which is not a subject of standardization
yet. One may observe that when the number of waveforms is
fixed, the selection of the best one for given slice may be done
in the analogous way as it is done nowadays for, e.g., selection
of modulation and coding schemes.

As, theoretically, the number of various slices managed
within one network is not limited, in order to make the
analysis more tractable, we limit the number of different
tenant types (which corresponds to different slice definitions)
to three, mainly mIOT, eMBB, and URLLC types, as specified
in [16]. The former one will be characterised by moderate
latency and relatively low throughput, whereas the latter,
by high requirements on the achieved rate. Let us stress,
however, that the limitation on the number of slice types does
not entail any requirements on the number of tenants of each
type. It means that the SIP may create a few network slices of
both types.

In the context of OSI layers, there is still debate as to
how the network slices should be incorporated into the
lowest layers (mainly physical and medium access control).
From this point of view, we assume that the slice itself
will correspond to the set of requirements that have to be
guaranteed by the created virtual network, and the fulfil-
ment of these requirements may be achieved by adaptive
definition of various parameters. In particular, we consider
that the SIP (i.e., the entity responsible in our case for
network slice creation) will be able to adapt the waveform
shape to the slice definition and to instantaneous channel
conditions. Moreover, a dedicated algorithm for spectrum
band assignment to the slice will be run on the network
part in order to maximise the revenue of the spectrum
provider under the constraint of permanent fulfilment of
slice-specific requirements. In our analysis, we assume that
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the network slice will be created at least in a minute scale;
i.e., the assignment of frequency bands to the slices is not a
problem of classical resource scheduling applied to cellular
networks (like proportional fair or round-robin), but more of
creating an appropriate frequency allocation plan among base
stations. Moreover, once the frequency band is associated
with a certain slice, the dedicated scheduler may run within
that slice to allocate resource blocks among the slice users.
It also means that the SIP will try to pack various tenants
in such a way that the spectrum utilisation is maximised,
and such spectrum assignment is valid for a relatively longer
time.

3. Slice Definition

As mentioned above, without the loss of generality, we have
limited our analysis to three most common types of slices:
a low rate slice for mIOT type of traffic, a high rate one
for eMBB service providers, and one called URLLC for
low latency schemes. From the perspective of lower layers
of the OSI model, the slice will be characterised by a set
of parameters describing the requirements that must be
guaranteed by the SIP to the tenants. Following the discussion
in previous section, as well as the observation presented in
[16–19], we agree that there is not one strict definition of the
set of requirements for a certain network slice. Assuming the
application of network virtualisation and cognitive ratio ter-
minals, it will be the role of the SIP to map the requirements
onto the available physical resources (e.g., spectrum bands)
so that the assumed quality of service requirements within
the network slice is satisfied. Having this in mind, the mIOT
slice may be in general defined as a network where the rate of
some tens or hundreds of kilobits per second per one user
is acceptable, and there are no strict requirements on data
delay; i.e., delays typical for cellular networks are acceptable.
It is also expected that simple and mature technologies may
only be applied, as the cost per one chip, as well as the overall
energy consumption, should be minimised. The possible
physical layer technologies fulfilling these requirements are,
for example, the traditional GSM transmission scheme, or
such solutions as Long RAnge (known as LoRA), SigFox,
Long-TermEvolution forMachines (LTE-M), orNarrowband
Internet ofThings (NB-IOT) [20]. For our further analysis we
assume that the Gaussian Minimum Shift Keying (GMSK)
transmission occupying 200 kHz will be applied. We also
assume that the number of active channels may vary in
time.

Analogously, the eMBB network will require the rate of a
few megabytes or more per one user, and there are again no
rigorous requirements on the network slice latency. The end-
user devices are expected to have relatively high processing
power, so more advanced technologies such as Long-Term
Evolution (LTE), LTE-Advanced (LTE-A), or New Radio
(NR) may be considered. However, the energy consumption
should always be kept at the lowest possible level. Similarly,
the URLLC network may be characterised by extremely strict
requirements on latency and reliability and relatively high
requirements for the traffic rate.

4. Waveform Selection Idea and Frequency
Allocation Problem

As stated above, the key research problem is to find the
way for spectrum usage maximisation (and, in turn, revenue
maximisation due to spectrum leasing) by, first, adaptive
selection of the waveform shape within the slice and, second,
through smart allocation of frequency band to each slice. It
can be easily observed that the selection of the waveform
immediately entails the occupancy of certain spectrum by
the slice, and thus it has a potential impact on the frequency
allocation algorithm. At the same time, each waveform can
be characterised by its computational complexity (or more
precisely, the number of required mathematical operations
per one transmitted bit), as defined in [21]. Thus, more
advanced waveforms (such as noncontiguous, filtered mul-
ticarrier schemes) may guarantee narrower spectrum at the
expense of advanced and computationally intensive process-
ing. Narrower spectrum associated with given waveform
(thus, with slice as well) may cause more slices of the same
type to be created within a certain frequency band 𝑊. But
on the other hand, a service provider (i.e., the entity for
whom the slice is being created) may be interested in as
simplified processing as possibl and will accept advanced
waveforms only in specific situations or at a higher price.
Moreover, more advanced waveform needs typically more
sophisticated processing and power consumption; thus itmay
have slight but negative impact on the overall end-to-end
delay of the link. In consequence, assuming that there are
𝑁 various waveforms to select from, one may calculate the
corresponding transmittance of each waveform 𝐻𝑛(f ) for
n=1,2. . .N, and one may compute the number of necessary
mathematical operations (see [21]), denoted as 𝛽𝑛, and the
associated processing power 𝑃(𝛽)𝑛 . In such a case, one may
think about the joint optimisation algorithm that would find
the best solution; i.e., it will maximise the SIP’s revenue
𝜓 by the proper selection of the waveform and frequency
band. Various factors can be considered in the definition
of the revenue, such as requested bandwidth 𝐵𝑠 ≤ 𝑊,
network slice lifetime 𝑇s (i.e., the requested time for which
the slice has to be maintained), requested coverage area 𝐴𝑠,
and expected end-to-end delay 𝜃𝑠. In that context, the highly
generic formula for the revenue could be defined as function
of the abovementioned factors, i.e., 𝜓(𝐵𝑠, 𝑇𝑠, 𝐴𝑠, 𝜃𝑠, 𝑃(𝛽)𝑛 ).
Clearly, the more resources (e.g., bandwidth, allocated time,
covered area) are requested, the greater revenue shall be
expected. At the same time, the more advanced waveform
is selected, the more processing power and costs at the
SIP side is envisaged. Depending on the exact definition
of the revenue function, appropriate waveform selection
and resource allocation algorithm will be selected. In our
approach, we assume the following:

(i) first, there are no priorities between service providers,

(ii) second, the SIP acts in a greedy fashion; i.e., there
is a willingness to serve each incoming request from
service provider, and only the lack of resources
prevents the SIP from creation of a new slice
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(iii) third, the considered revenue of the SIP increases with
the requested rate, and decreases with the processing
cost

(iv) finally, the SIP processes the incoming requests
immediately at the time they appear in the system,
and there is no queue for nonserved SPs.

In consequence, the SIP is interested in delivering services
at the lowest cost (based on the third assumption), so it will
try to select the simplest, yet spectrally efficient, waveforms
minimising the processing costs. Please note, also, that the
SP is also interested in utilisation of the simplest waveforms,
as the selection of advanced solutions by the SIP entails
more severe processing also at the SP devices. Thus, we have
decided to split this problem into two subproblems, knowing
that the optimal solutions cannot be achieved, but such an
approach makes the problem practically tractable. In the
first step, we check the possible set of waveforms that could
theoretically be assigned to the new slice, and from this set
we select the one that guarantees the simplest processing (i.e.,
it achieves the lowest energy consumption due to the lowest
number of required operations per one transmitted bit). Once
the waveform is selected, we try to find the best allocation
of the considered slice in the frequency domain. We assume
that the entire considered frequency band of bandwidth 𝑊 is
split into𝐶 equal channels, each of bandwidth𝑊/𝐶. Adjacent
unused channels (vacant channels) create channel blocks,
which are interwoven with the channels already allocated for
network slicing. If there are C(i) adjacent vacant channels in
block i, the total bandwidth of the channel block 𝑖 is equal
to 𝐶(𝑖)𝑊/𝐶. For example, let us assume that the band of
20MHz is split into 40 channels each of 500 kHz bandwidth.
Originally, when no slice is created and all channels are
unused, there is one block of 40 channels.When two channels
in the middle (e.g., the 19th and 20th channel) are assigned
to a particular network slice, there are two channel blocks
that can be further allocated to new network slices. The first
block consists of 18 channels, and the second block consists
of 20 channels. These two blocks in the frequency domain are
interwoven with a 2-channel-wide spectrum block.

In the following, we describe these two phases in more
detail. Let us also mention that in our analysis we initially
assume that the service providers (tenants) are interested in
delivering their services over possibly wide areas with the
highest possible signal quality. Thus, we assume a fixed and
constant value of the transmit power in each slice. However, it
is worth mentioning that the potential introduction of power
adaptation creates further degrees of freedom in system
design but is intentionally left for further study.

4.1. Step I: Waveform Adaptation. Following the assumption
mentioned in the previous sections, the goal of this phase is to
find the simplest waveform, which will allow for achievement
of the requirements defined in the request delivered by the SP.
It can be mathematically represented as follows:

min
𝑁

∑
𝑛=1

𝜀𝑛𝑃(𝛽)𝑛 , (1a)

s.t. 𝑅 ≥ 𝑅req, (1b)

𝑇 ≥ 𝑇req, (1c)

𝐴 ≥ 𝐴req, (1d)

𝜀𝑛 ∈ {0, 1} , (1e)

𝑁

∑
𝑛=1

𝜀𝑛 = 1, (1f)

⋀
𝑚∈𝑀

𝑁

∑
𝑛=1

𝜀𝑛𝑃(𝑛)𝑙,𝑚 ≤ �̆�𝐼,𝑚, (1g)

where Rreq, Treq, and Areq represent the requirements on
rate, time, and area specified by the SP in its request for
network slice creation and R, T, and A are the assigned
resource corresponding to rate, time, and area. 𝜀𝑛 is a Boolean
variable for nth waveform. Moreover, assuming that there
are already 𝑀 created network slices, 𝑃(𝑛)

𝑙,𝑚
defines the total

interference power induced into the other already served
system 𝑚 when the n-th waveform is selected, and the
value of the interference power cannot exceed the maximum
acceptable interference for that system denoted as �̆�𝐼,𝑖. This
aspect is discussed in detail in the following sections.

The initial concept of dynamic waveform definition was
originally discussed in [15]. It was observed there that con-
temporary wireless communication systems utilise various
adaptation procedures in order to improve the performance
of wireless data delivery. Various transmit parameters may
be adjusted in the wireless communications systems today,
such as the selection of various modulation and coding
schemes (MCS) or adjustment of transmit power via open
or closed power control loops. In [15] we proposed to
consider waveform flexibility, where the cognitive terminal
may decide to select one of four available waveforms for
data transmission, mainly, traditional Orthogonal Frequency
Division Multiplexing (OFDM) signalling or Filter Bank-
Based Multicarrier (FBMC) schemes [22] and their non-
contiguous versions, NC-OFDM, and NC-FBMC [23]. The
ultimate goal in that work was to use vacant spectrum
while protecting the primary transmission,mainly theDigital
Video Broadcasting–Terrestrial (DVB-T) signal.

In this work, we focus on horizontal sharing scheme,
where the set of frequency resources (licensed to one party,
a SIP in our case) will be shared among all interested
stakeholders (the SPs) and no priorities are considered
between them.Thedynamic mechanisms are considered here
as support for slice creation at the physical and medium
access layers, and these slices are assumed to be of identical
importance. It means that all existing transmissions have to
be protected, and the new network slice will be created only
in a case, when no harmful interference will be induced into
any of the already existing slices. Moreover, limited set of
available waveform are taken into account, and mainly we
have selected the Gaussian Minimum Shift Keying (GMSK)
scheme as suitable for the mIOT slice and contiguous and
noncontiguous multicarrier signals (OFDMandNC-OFDM)
for the eMBB one. The noncontiguous multicarrier scheme
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has the advantage that it can efficiently utilise even highly
fragmented spectrum, which is interweaved with other trans-
missions. The main cost of such approach is the increased
number of operations to be performed per one second and
increased control information overhead, when compared to
the classical OFDM scheme. Let us remember that the ulti-
mate goal of the spectrum and infrastructure providers is to
maximise their revenue, while minimising any unnecessary
costs. Thus, we claim that depending on the situation (i.e.,
how much interference can be induced to neighbouring
systems) the transmitter should select the simplest possible
waveform shape that guarantees the achievement of the
defined requirements. Thus, it should first prefer to select
the contiguous transmission scheme (i.e., OFDM), and if
the selection of the contiguous band is not be possible,
the noncontiguous versions of this multicarrier scheme can
be applied. Such an approach is justified, as the overall
complexity of the OFDM case is much lower than that of NC-
OFDM.

Assuming that the tenant is capable of using all wave-
forms, the following algorithm for waveform selection phase
will be applied:

(i) for given requirements (e.g., on average rate), check
the possibilities of application of the simplest wave-
form (in our caseGMSK); if it is possible, go to phase 2
of the algorithm and try to assign frequency resources
forGMSK-based slice; if this is possible, the algorithm
is finished and slice is created;

(ii) if the achievement of assumed technical requirements
is not possible with GMSK or it is not possible to
assign frequency resources, check if it is possible
to apply OFDM signalling and, if yes, try to assign
frequency bands for OFDM slice;

(iii) when the achievement of assumed requirements is
still not possible, follow the same procedure with NC-
OFDM scheme.

4.1.1. Interference Analysis. The assignment of specific fre-
quency bands to the slice is strongly connected with the
need to keep the mutual (also aggregated) interference below
acceptable level. In our scenario we assume the same hierar-
chy of all slices, thus the problemofmutual interference has to
be considered within each pair of coexisting slices (systems).
Let us recap that the interference observed between neigh-
bouring frequency channels is caused by the imperfections of
the real transmitter (such as the characteristics of the impulse
shaping filter and nonlinearities at the radio front end leading
to Out-Of-Band Emission, OOBE) and receiver (e.g., non-
ideal selectivity of the reception filters). The problem at the
transmitter side is addressed by providing (typically provided
precisely in the standards) a definition of the spectrum
emission mask (SEM), which specifies the requirements
on the minimum transmitted signal attenuation at a given
frequency. At the same time, the design of the reception filters
at the receiver side (thus, its transmittance) is typically left to
manufacturers. Although the minimum selectivity level can
be specified in standards as well, its characteristics (averaged

over various designs) can be retrieved by measurements.
These two sources of imperfections illustrate two sources
of interference observed between adjacent (in the frequency
domain) wireless systems. In particular, SEM specifies how
muchpowermay be introduced to the neighbouring channels
if the transmitter sends a signal with a given power. Analo-
gously, the frequency response of the effective reception filters
defines the amount of unwanted power intercepted by the
receiver from the neighbouring bands. In the literature, these
two phenomena are described mathematically by

(i) Adjacent Channel Leakage Ratio, ACLR, which
describes the ratio between the power transmitted
in the nominal band of the system and the power
observed in the adjacent band

(ii) Adjacent Channel Selectivity, ACS, which informs
about the ratio of receiver filter attenuation on the
band of interest and filter attenuation on the adjacent
channel frequency.

Typically these two factors are often represented jointly as the
Adjacent Channel Interference Ratio, ACIR, defined in linear
scale as

1
𝐴𝐶𝐼𝑅 = 1

𝐴𝐶𝐿𝑅 + 1
𝐴𝐶𝑆 . (2)

To be more specific, the total interference power introduced
to a given system can be calculated in the frequency domain
as

𝑃𝐼 = ∫
∞

−∞
𝑃𝑆𝐷 (𝑓) 𝐻𝑇𝑅−𝑅𝑋 (𝑓)

2 𝐺𝑅𝑋 (𝑓)
2 𝑑𝑓, (3)

where 𝑃𝑆𝐷(𝑓) is the power spectral density at the output
of the interfering transmitter antenna (including the power
allocated to given symbols/subcarriers, symbol shaping in
digital domain, digital-analogue converter characteristic,
and frequency response of the transmit—TX—antenna),
𝐻𝑇𝑅−𝑅𝑋(𝑓) is the channel frequency response (considering
channel attenuation and multipath propagation effects), and
𝐺𝑅𝑋(𝑓) is the frequency response of an effective receiver filter
(including the reception—RX—antenna characteristics, ana-
logue frontend characteristics, and demodulator characteris-
tics).The formula (3) provides precisemethod of interference
calculation. However, in many cases it is not practical as the
current channel fading is unknown. From this perspective it
is not needed to limit instantaneous interference power, but it
is enough to constrain expected interference power, i.e., E[PI]
assuming the only random variable is channel coefficient
under fast fading. Therefore,

𝐸 [𝑃𝐼]

= ∫
∞

−∞
𝑃𝑆𝐷 (𝑓) 𝐸 [𝐻𝑇𝑅−𝑅𝑋 (𝑓)

2] 𝐺𝑅𝑋 (𝑓)
2 𝑑𝑓

= 𝛼 ∫
∞

−∞
𝑃𝑆𝐷 (𝑓) 𝐺𝑅𝑋 (𝑓)

2 𝑑𝑓

(4)

assuming that mean channel coefficient power
𝐸[|𝐻𝑇𝑅−𝑅𝑋(𝑓)|2] = 𝛼 is constant over some period and
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independent of f. This is true, e.g., for Rayleigh fading. It can
be argued that for sufficiently rich multipath propagation
environment and sufficiently wide considered bandwidth
the channel attenuation at some frequency will be connected
with channel amplification at some other frequency making
the expectation close to real instantaneous interference
power. We do not claim that the wireless channel is flat
although locally, at a given frequency f, it can be treated
as flat (e.g., this is a reason for vast usage of OFDM
modulation nowadays). As such, the wireless channel can
be characterised by a single coefficient 𝛼 being reversely
proportional to the channel path loss giving

𝑃𝐼 = 𝛼 ∫
∞

−∞
𝑃𝑆𝐷 (𝑓) 𝐺𝑅𝑋 (𝑓)

2 𝑑𝑓. (5)

Defining the total power transmitted from the interference
source as

𝑃𝑇𝑋 = ∫
∞

−∞
𝑃𝑆𝐷 (𝑓) 𝑑𝑓 (6)

ACIR, being the ratio of interference power at the antenna of
the victim receiver to the effective interference deteriorating
its performance, is defined as

𝐴𝐶𝐼𝑅 = 𝛼𝑃𝑇𝑋
𝑃𝐼 . (7)

This definition is very useful in calculating the effective
interference power between slices as

𝑃𝐼 = 𝛼𝑃𝑇𝑋
𝐴𝐶𝐼𝑅, (8)

where ACIR measures the interference coupling between
the transmitter and receiver, independent of the transmis-
sion conditions, and transmission power. The assumption
about ACIR independence from TX power is typically used,
although it can be incorrect if nonlinear effects take place
in the transmitter or receiver; e.g., frontend saturation in
the interfered device is possible if the interfering system is
located in a relatively near distance and is transmitted with
relatively high power. There are various ways of obtaining
transmitter/receiver frequency characteristics:

(i) Based on measurements: In this case all charac-
teristics of transmitter/receiver are assessed during
all processing phases (both analogue and digital).
However, the obtained characteristics are specific
for a given transmitter/receiver pair and the signal
configurations used during measurements.

(ii) Based on standards: In this case, the worst case inter-
ference generation/rejection is specified. Although
any produced device has to obey the specified limits,
it will result in the lowest possible ACIR between
systems.

(iii) Based on transmitter/receiver modelling: It requires
knowledge about the modulation/demodulation
used. Although ACIR in many scenarios can be
calculated accurately, it requires some assumptions
about the analogue frontend.

In our analysis, we consider the presence of two classes of
slices. The first one utilises GMSK modulation (it is the
class consisting the mIOT traffic; thus mIOT slice is part of
it), whereas the second allows for the adaptive adjustment
of the multicarrier signal by using either OFDM or its
noncontiguous version (it is the class tailored for eMBB and
URLLC traffic). The considered slicing model assumes all
OFDM-based slices are orthogonal to each other (in order
to reduce mutual interference to zero). It can be simply
obtained if the transmitter spans the whole available band-
width providing independent subcarriers to each OFDM-
based slice. However, themutual interference betweenGMSK
and OFDM has to be considered. The GSM transmitter and
receiver characteristic are based on standard-based receiver
rejection characteristics in [24] and standard-based transmit-
ter characteristics [25]. The calculation method is based on
the method presented in [23]. The GSM-GSM ACIR calcu-
lation is based on the abovementioned transmitter/receiver
characteristics with the calculation carried according to (5).

4.2. Step 2: Frequency Allocation. In the first step of the
procedure, we select the best waveform, taking into account
the requirements defined in the slice, in particular, the
limitations regarding the available waveform shape and the
constraints on the consumed energy. Once the prospective
waveform is defined, the crucial point is to select the appro-
priate frequency band, such that the instantaneous spectrum
fragmentation is minimised. We claim that it is easier to
allocate a new network slice in the physical layer (mainly by
assigning spectrum resources to the spectrum slice) if the
spectrum is not fragmented; i.e., the vacant channels are wide
and are not interwoven with ongoing transmissions. In that
sense, the worst case is when the set of occupied channels
and vacant channels creates a comb-like form in frequency
domain. In such a case, only very narrowband channels
are available; thus either slice that requires narrow bands
can be allocated, or sophisticated noncontiguous multicarrier
schemes have to be applied (i.e., where many narrow gaps in
the spectrum are used for data transmission).

In order to provide the maximum flexibility to the SIP,
it should have the ability to allocate spectrum to various
slices with possibly minimum computational load. One may
observe that the more fragmented spectrums (i.e., the more
narrowband gaps of unused spectrum in the considered
band), the less degrees of freedom in allocation of resource
do the new slice. Spectrum fragmentation may result in a
situation, when some SP (which are not capable in usage of
advanced waveforms, such as noncontiguous schemes) will
be not served by SIP, although theoretically SIP will have
enough resources for such a new slice. Thus, the frequency
allocation process should prefer such allocation schemes
that will minimise the spectrum fragmentation or, in our
approach, maximise the fragmentation coefficients. In our
experiment, we have defined the fragmentation coefficient 𝜇
as follows:

𝜇 = ∑𝑆𝑖=1 𝐶 (𝑖)2
𝐶2 , (9)
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where 𝑆 is the number of unused spectrum blocks, C(i)
defines the number of channels within the i-th block (i=1,. . .,
S) of vacant channels, and C represents the total number
of channels in the considered spectrum range 𝑊. This
coefficient equals 0 when the whole spectrum is occupied
and 1, when no channel is used. In order to increase the
importance of wider bands, the number of channels within
each block is squared. For example, if there are two 3MHz
wide blocks of unused channels, it is a worse case when
compared to the situation when the blocks are of the width
of 1MHz and 5MHz, respectively. Please note that, without
the power coefficient set to 2, these two exemplary cases will
have the same value of the 𝜇 coefficient. Furthermore, please
observe that the assumption that the SIP wants to maximise
the spectral efficiency guarantees that the algorithm will not
try to keep the fragmentation coefficient close to zero by not
allocating the spectrum to anyone. In other words, each new
request for slice creation has to be realised only if there is a
space in the frequency domain.

Having in mind the definition of the fragmentation
coefficient and knowing that the n-th waveform is chosen, the
optimisation goal can be defined as

max 𝜇, (10a)

s.t. 𝑅 ≥ 𝑅req, (10b)

𝑇 ≥ 𝑇req , (10c)

𝐴 ≥ 𝐴req , (10d)

⋀
𝑚∈𝑀

𝑃(𝑛)𝑙,𝑚 ≤ �̆�𝐼,𝑚. (10e)

We have proposed and tested three separate pragmatic
algorithms for frequency assignment to network slices, and
the three are discussed in detail below:

(i) Method A (also marked later as linear): in this
approach, the new slice is allocated at the first possible
position in the spectrum starting from the lower
bound of the available frequency band; in other
words, once the waveform is selected, the algorithm
searches for the first available position, taking into
account the requirements on ACIR and SIR. To put
it simply, the algorithm will assign the first available
channel (or channels) from the left side of the avail-
able spectrum band, for which the requirements are
fulfilled.

(ii) Method B (also marked later as sinr) also allocates
the spectrum starting from the lower bound of the
available frequency range, but it modifies method A
in such away that itmaximises the value of final SIR in
the system (i.e., observed after frequency allocation).
As SIR will increase as the distance between the signal
spectra in the frequency domain also increases, the
following behaviour of the algorithm is expected. In
particular, in the first step, the algorithm will allocate
to the slice the frequency band on the first available
channels and, in the second step, the new network

slice will be allocated mostly as far as possible (in
spectrum domain) from the existing transmission
(therefore, on the right bound of the available fre-
quency band). If the third slice is created, it will be
allocated in the middle of two existing transmissions
in the frequency domain.

(iii) Method C (also marked later as fragmn): as the two
previous methods allocate the spectrum based on
SIR criteria, the third method follows the brute-
force search strategy with regard to the fragmentation
coefficient 𝜇. In other words, it searches for the best
allocation of frequency resources whichmaximise the
fragmentation coefficient 𝜇.

Please note that in general SINR value should be considered
here. However, one may observe that the proposed methods
will be applied within one base station, and in consequence
the impact of noise and path loss observed in each location
of the covered area will be the practically the same for each
slice (i.e., for given location the path loss and noise will be the
same for each slice, if these slices are created within the same
base station). Knowing that 1/SINR=1/SNR+1/SIR, we may
remove the SNR component in the frequency allocation step,
as it will not impact the result. Of course, in the evaluation of
the interference between the cells and, for rate calculations,
the presence of thermal noise is considered.

5. Role of Context-Information Databases

One of the key concepts that gains momentum in recent
years in the domain of wireless networking is the efficient
provision of access to dedicated databases that store various
pieces of information about the environment [15]. We call
them context-information databases, CI DB, and, in our case,
such a databasewill be used by the central coordination entity
used for network slicing management. The database may be
populated with the following data defining the transmission
context:

(i) a coverage map of the existing transmission (asso-
ciated to the slices) that has to be protected from
interference. The new slice has to be created in such
a way that the existing transmissions are protected.

(ii) the specificity of each slice, such as the definitions of
spectrum emission masks, possibly, approximations
of the reception filter characteristics, historical values
of computed ACIRs, and SIR.

(iii) past decisions to certain SP requests.

Having access to such information, the SIPmay select the best
transmit opportunity for each new slice. However, the way
that the database is populated and the way the information
should be stored is left for further study.

6. Simulation Results

In order to verify the performance of each proposedmethod,
we have carried out extensive computer simulations in two
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Table 1: Outage probabilities achieved for three proposed methods: use case 1.

Method Outage probability
(𝜉, 𝜔) = (30,70) (𝜉, 𝜔) = (20,50) (𝜉, 𝜔) = (20,20) (𝜉, 𝜔) = (20,100)

A 0.0950 0.1818 0.09504 0.0950
B 0.1178 0.1985 0.0214 0.2982
C 0.0840 0.1546 0.0840 0.0840

use cases, which are described below.The performance of the
considered methods is measured twofold:

(i) First, by computing the fragmentation coefficient, i.e.,
after each frequency allocation we measure the value
of the fragmentation coefficient and present it in
the form of a Cumulative Density Function (CDF),
which is equal to the probability that fragmentation
coefficient 𝜇 is below some certain threshold 𝜇0, i.e.,
Pr(𝜇< 𝜇0). In the first use case, the fragmentation
coefficient is measured per one base station, and, in
the second use case, it is presented in various contexts
(e.g., per entire network and per base station).

(ii) Second, by computing the outage probability, i.e.,
the probability of a situation that a new request for
network slice creation is not realised due to the lack
of resources.

6.1. Use Case 1: Single Base Station. In the first use case, we
focus on network slicing within one separate base station; i.e.,
we assume that the SIP is in possession of one mast and offers
the creation of various network slices using its resources.This
particular example can be also understood as a case where
each base station in a network is treated as an autonomous
entity.

The simulation parameters have been set up as follows:

(i) The bandwidth of the considered spectrum for net-
work slice allocation is set to W = 10MHz, and
the central frequency was set to 3.5GHz (thus, the
frequency range considered for simulation is from
3.45GHz up to 3.55GHz)

(ii) The band 𝑊 is split into C = 20 channels, each of
500 kHz of bandwidth

(iii) The new process for appearance of a new request for
network slice creation is modelled as an exponential
one with the intensity of 𝜉 assumed time units (i.e.,
the mean value was set to 𝜉 time units); the definition
of the slice duration (i.e., the time for which the slice
is needed) is also realised as an exponential random
variable with the mean value of 𝜔 time units; in this
experiment we have verified the following cases: (𝜉,
𝜔) = {(20,20), (20,50), (30,70)},

(iv) The results have been collected over 100000 separate
scheduler decisions runs, and the ultimate minimum
requirement to stop the stimulation was the achieve-
ment of 1600 positive slice allocations in the whole
simulation run

(v) The appearance of the requests for two considered
network slices is equally probable.

The achieved results for three discussed methods are shown
in Figure 1, where we compared the CDF of fragmentation
coefficient 𝜇 for various setups of (𝜉,𝜔). As the fragmentation
coefficient should be maximised (i.e., we want to avoid the
situation where the spectrum is highly fragmented), the
performance of the tested method is better when, in simple
terms, the CDF is shifted to the right in the plot.

One may observe that, for low and high values of
𝜇0, which corresponds to situations where the frequency
spectrum is almost empty or fully loaded, respectively, all
methods will achieve similar performance. The greatest per-
formance improvement is observed in midrange of values of
𝜇0.The achieved results show that method C achieves usually
the best results in the midrange of 𝜇0 regardless of the slice
setup (𝜉, 𝜔). However, the most important conclusions from
the achieved results are that the performance of the method
significantly depends on the considered use cases. When the
slice durations is relatively low (see Figure 1(c)) or high (see
Figure 1(d)), the observed gain is rather negligible. Let us note
that these results are achieved for the case when the non-
contiguous waveform is not allowed for selection. As it will
be observed in the following sections, the inclusion of these
advanced schemes can lead to significant gains. Moreover, the
CDF of fragmentation coefficient has to be analysed jointly
with other metrics, such as outage probability—the achieved
results are shown in Table 1. Outage probability reflects here
the situation that there will be no resource allocated for a
given slice. The value of this probability is calculated as the
number of situations, where there was no resource allocated
to a given slice over all simulation runs. One may observe
that in three cases (i.e., for long slice duration) the worst
performance is observed for method B, whereas the lowest
outage probability is achieved mostly for method 𝐶. In other
words, the outage probability will be minimised in such a
scenario when the algorithm tends tominimise the spectrum
fragmentation. Interestingly, in case when the slice duration
is low, the best results are achieved for method B.

Let us notice that both results (CDF and outage prob-
ability) show the performance of the entire solution, i.e.,
waveform selection and resource allocation steps. However,
our observations show that in the considered scheme the
algorithm in most cases selects mainly OFDM as the optimal
waveform, and the noncontiguous version of it was chosen
rarely; thus the above figure as well as the table below rather
shows the comparison of the three frequency allocation
methods. In order to observe the impact of the waveform
selection phase, we have analysed new use case no 3 (see
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Figure 1: CDF of fragmentation coefficient observed at single station (both eMBB and mIOT slices can be deployed) for various setups of
(𝜉, 𝜔): (a) (20, 50), (b) (30, 70), (c) (20, 20), and (d) (20, 100).

below), where the role of this phase of the proposed solution
is dominant (please see the following section).

6.2. Use Case 2: Fragment of the Network. In the second use
case, we are considering three base stations being part of a
bigger network, as shown in Figure 2. We simulate the cells
in the form of hexagonal regions and we assume that the
potential interference originated from the outer cells (e.g.,
from the so-called first circle around this network fragment)
is low enough to be excluded from computations. Such a
simplification is tractable, as the presence of similar, low-
power interference originated from the outer cell will have
identical impact on all methods and does not influence the
relations and correlations between the methods.

In order to adjust the three proposed methods to the
new scenario, we have applied the following modifications
when compared to the previous use case. Mainly, in order
to make a frequency allocation decision, not only do SIR

between adjacent systems in the frequency domain have to be
considered (as it was done in the first use case) but also the
requirements on resultant Signal to Interference plus Noise
Ratio (SINR) values observed at the edges of the cell.Thus, the
key extension of methods A, B, and C described above is that
while allocating a certain frequency to the slice, the algorithm
not only checks the SIR requirements but also computes the
potential impact of the new frequency assignment on the
SINR value observed at the cell edges. In practice, the SINR
requirement has to be fulfilled at each point of the cell edge;
in our simulation, however, we consider only selected points
for evaluation, which are marked by red dots in Figure 2.

The simulation setup was in general the same as in the
first use case, but the following additions have been included:

(i) as the SINR metric has to be computed, we assumed
the propagation model defined in the WINNER
project, which is designed for micro cell deployment
in an urban scenario (so-called C2 option);
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Figure 2: Topology of the considered fragment of the network.

(ii) furthermore, the base station and end-user terminal
are assumed to be deployed at the heights of 30m and
2m, respectively;

(iii) we assume that in both slices the transmit power is
fixed and the power spectral density is set to 0 dBm
per 5MHz;

(iv) noise power was calculated for the temperature of 20
degrees Celsius;

(v) the cell edge contour is defined by the line where the
observed SNR is equal to 5 dB over thermal noise;
thus in the given scenario, the cell radius was equal
to approximately 1.56 km;

(vi) the required SIR level between any two systems in the
frequency domain was set to 26 dB;

(vii) and, finally, the required observable worst case SINR
level, measured in the four positions marked in
Figure 2 by black dots, is to be above -1dB.

Moreover, we have assumed that all base stations are techni-
cally capable to deploy slices of eMBB traffic type, but only
two of them are able to generate signal suitable for the mIOT
slice. In other words, a mIOT network slice may be created
only over two base stations, whereas an eMBB network slice
may be created over the entire network. Such a scheme is
selected to illustrate the flexibility of slice creation; i.e., the
tenant (SP) may be interested in delivering its services only
in some specific area, and the SIP has to manage all requests
for slice creation coming from all tenants. In consequence,
when a new request for network slice creation appears, the
algorithm tries to create the network slice over the entire area
that supports slices of a given type. Such a need generates
some new design issues; i.e., due to the mutual interference
between the adjacent cells, the same frequency resources
cannot be typically applied over the network area. The entire
problem of frequency allocation now becomes highly similar
to various solutions from the domain of frequency planning.

The achieved results ale plotted in Figures 3, 4, and 5,
where the CDFs of fragmentation coefficients are shown per
each base station and in Figure 6, where the CDF is calculated
for the entire network. By analysing these figures one may
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Figure 3: CDF of fragmentation coefficient observed at the first base
station (both eMBB and mIOT slices can be deployed).
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Figure 4: CDF of fragmentation coefficient observed at the second
base station (both eMBB and mIOT slices can be deployed).
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Figure 5: CDF of fragmentation coefficient observed at the third
base station (only eMBB slice can be deployed).
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Table 2: Outage probabilities achieved for three proposed methods, use case 2.

Method Base station 1 Base station 2 Base station 3 Network eMBB Slice mIOT Slice
A 0.1392 0.2975 0.6429 0.3075 0.4405 0.0811
B 0.1456 0.2975 0.6548 0.3125 0.4643 0.0541
C 0.1435 0.3017 0.6310 0.3083 0.4537 0.0608
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Figure 6: CDF of fragmentation coefficient observed from the
network perspective.

observe that, first, in all cases, method C again achieves the
best performance in terms of fragmentation and, again for
low and high values of 𝜇0, all methods achieve similar results.

It is also good to analyse the observed outage probability
in the network use case. In Table 2 we showed the achieved
values in various configurations, mainly, per base station (i.e.,
the probability that certain base station will be in outage),
per slice, and for the entire network. Surprisingly, in a
multicell scenario, the achieved values of observed outage
probability are almost equal, and the differences between
the methods tend to be statistically insignificant. Moreover,
the values themselves are high and cannot be accepted in
practical situations. This is mainly due to the fact that in the
considered use case the algorithm very often cannot allocate
the resource regardless of the selected waveform and chosen
resource allocation scheme. The mutual constraints between
the neighbouring cells and the need for maximisation of the
coverage area by a given slice also have a direct impact on the
achieved values. Finally, please note that in our solution we
have applied a greedy approach, which can be significantly
improved.

6.3. Use Case 3: Dominance of the Waveform Selection Phase.
In the previous scenarios we have observed the performance
of the two-phase algorithm, and one may question the
real impact of the waveform selection phase on the final
performance. In order to highlight the importance of this
step, we have verified the performance of the proposed
solution in a scenario with limited resources. The simulation
setup applied in this use case is the same as in the first one;
however we assume that

(i) there three types of slices: one for mIOT traffic
(where the GMSK modulation is applied and which
is allocated for time significantly longer than other
slices), one slice for eMBB traffic (where only OFDM
waveform can be selected), and one for URLLC traffic
(where either OFDM or NC-OFDM can be selected).

(ii) for the eMBB slice the appearance of new network
slice request was modelled as exponential process
withmean value set to 50 timeunits andwith duration
also modelled as random variable with exponential
distribution with mean value of 50 time units,

(iii) for the URLLC slice the appearance of new network
slice request was modelled as exponential process
withmean value set to 20 timeunits andwith duration
also modelled as random variable with exponential
distribution with mean value of 20 time units,

(iv) the SIP offered C=15 channels of 500 kHz of band-
width

(v) the eMBB and URLLC slices requested 6 channels
each (3MHz in total for each slice) whereas mIOT
slice requested just one channel (500 kHz).

(vi) GMSK signal is present in the fifth channel.

One may observe that in such a scenario only six different
frequency allocations are possible for the three considered
methods, as indicated in Figure 7, where the allocation
indexed with 1 represents the initial stage; i.e., there is a
long-term running mIOT slice. In the considered scenario,
once the eMBB slice is allocated, it is not possible to allocate
the new eMBB slice. At the same time, the new URLLC
slice, which accepts more advanced waveforms, may be
allocated even if there is already one eMBB or URLLC
slice. Furthermore, there is a gap between mIOT slice and
other OFDM-bases slices due to the need of minimising the
interslice interference. We have also assumed that there is no
need for a gap between two OFDM slices as discussed in the
interference analysis section. Onemay observe that situations
2, 3, and 4 will be achieved by methods B and C whereas 5, 6,
and 7 will be achieved only by method A.

For this situation we have achieved the outage proba-
bilities of 0.4549 and 0.1567 for eMBB and URLLC slices,
respectively (of course, the outage probability for mIOT slice
is zero). As the number of possible combinations of slice
allocation is highly limited, the final performance is affected
mainly by the waveform selection phase. In consequence,
the achieved outage probability is almost the same for each
method (A, B, and C). One may observe that the URLLC
slice, which has an option for NC-OFDMwaveform, achieves
significantly lower outage probability when compared to the
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Figure 7: Possible slice allocations.

eMBB slice. This is because the ability to choose noncontigu-
ous waveform creates the opportunity for the assignment of
noncontiguous resources. Because there are only six values
of the fragmentation coefficient, the CDF of fragmentation
coefficient does not provide any new technical insight; in
consequence it is not shown here.

6.4. Use Case 4: Single Base Station with Three Slices. Finally,
we decided to analyse the performance of the proposed
method,when there are three different types of slices available
in the single base station, i.e., mIOT, eMBB, and URLLC. In
general, the same setup as for use case 1 has been selected;
mainly the band W = 10MHz is split into C = 20 channels,
each of 500 kHz of bandwidth. Moreover, the appearance
and duration of each slice was modelled with exponential
distributionwith different intensities; i.e., eMBB slice (OFDM

only, 3MHz band) has intensity of appearance set to 50
time units (mean value of the exponential distribution) and
duration set to 50 time units, URLLC slice (OFDM only,
3MHz band)–5 and 20 time units, respectively, and mIOT
(GMSK, 0.5MHz band)–20 and 50. Finally, the probability
of occurrence of the new slice was set to 0.3 for eMBB and
URLLC and 0.4 for mIOT. The results have been achieved
over 100000 decisions.

First, let us present the CDF of the fragmentation coef-
ficient (Figure 8). Although the best results are still achieved
for method C (especially in the range from 0.3 to 0.5), the
differences between these methods are not that significant.
We claim that the value of fragmentation coefficient highly
depends on the intensities of each slice generation process.
Although the differences in the CDF are not that significant,
the achieved values of outage probability prove that method
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Figure 8: CDF of fragmentation coefficient observed from the
network perspective.

Table 3: Achieved outage probabilities achieved for three slices.

Method Network mIOT slice eMBB Slice URLLC Slice
A 0.1048 0.0047 0.0851 0.2578
B 0.1296 0.0025 0.1102 0.3182
C 0.0955 0.0026 0.0759 0.2387

C (i.e., the one which is optimal from the point of view
of the spectrum fragmentation) guarantees the best results,
as shown in Table 3. It may be observed that the overall
base station performance is mostly dominated by the most
frequent slice, i.e., the one that appears with mean value set
to 5 time units. As for this slice six channels are requested,
it happens quite often that no resources may be allocated
to this slice. It shows, however, that such a greedy approach
results in unacceptably high outage probability for URLLC
slice, where the strict requirements for end-to-end delay are
defined. Thus, probably, in the future some kind of priorities
shall be defined, and advanced optimisation procedures shall
be applied.

7. Summary and Conclusion

In our work we have discussed the possibility of applying the
waveformflexibility conceptwith adaptive spectrum resource
assignment to network slicing. The proposed heuristic algo-
rithms for waveform selection and frequency assignment
are designed to maximise the revenue of the spectrum and
infrastructure provider under the constraint that the assumed
quality of servicemetrics per each slice is guaranteed.Thus, in
the first step, which is common for all proposed algorithms,
we decided to select such a waveform that, on the one hand,
fulfils all requirements specified for the certain network slice
(e.g., minimum rate) and, on the other, minimises energy
consumption required for data processing. In a nutshell, at all
times the simplest possible waveform is selected. Next, once

the waveform is selected and the corresponding bandwidth
is known, three various approaches to frequency assignment
have been tested.The performance of these methods has been
verified in four simulation use cases. The obtained results
present the performance of these methods indicating that
there are ways to optimise the spectrum fragmentation. It
has to be stated that the results highly depend on various
parameters (such as traffic intensity and definition of the slice
in terms of physical and medium access control layers), and
thus further investigations toward minimisation of spectrum
fragmentation are possible. In a nutshell, however, the results
presented in this work prove that there is a possibility of
flexible and adaptive resource assignment that would be
highly helpful in the practical implementation of network
slice concept.
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Virtualization technology is considered an effective measure to enhance resource utilization and interference management via
radio resource abstraction in heterogeneous networks (HetNet). The critical challenge in wireless virtualization is virtual resource
allocation on which substantial works have been done. However, most existing researches on virtual resource allocation focus on
improving total utility. Different from the existing works, we investigate the dynamic-aware virtual radio resource allocation in
virtualization based HetNet considering utility and fairness. A virtual radio resource management framework is proposed, where
the radio resources of different physical networks are virtualized into a virtual resource pool and mobile virtual network operators
(MVNOs) compete for virtual resources from the pool to provide service to users. A virtual radio resource allocation algorithm
based on biological model is developed, considering system utility, fairness, and dynamics. Simulation results are provided to verify
that the proposed virtual resource allocation algorithm not only converges within a few iterations, but also achieves a better trade-
off between total utility and fairness than existing algorithm. Besides, it can also be utilized to analyze the population dynamics of
system.

1. Introduction

Within the last decade, mobile networks are experiencing
dramatic increases in data traffic and services [1]. Mobile
network operators deploy many kinds of networks and make
them denser and denser. For example, in LTE, heterogeneous
networks allow amixed deployment of macro andmicro base
stations (BSs) in a geographic area providing different access-
ing capabilities and capacity/coverage needs [2]. However,
chaotic and dense deployments cause new problems [3]. First,
clients of one BS suffer high interference from neighboring
BSs because of the high frequency reuse and broadcast nature
of wireless communication. Second, coverage of cellular
networks becomes denser and more complex which leads
to more users at the edge of network. More handovers and
unbalanced load are caused by user mobility. As a result, the
benefit in terms of capacity of heterogeneous networks could
be undermined if effective measures are not taken [4]. The

wireless network virtualization which attracts much attention
has recently been considered as a promising solution to
increase the spectrum and infrastructure efficiency [5].

With virtualization technology, the wireless network
infrastructure can be decoupled from services it provides
so that different services can share the same infrastructure
[6]. In wireless virtualization, the physical radio resources of
heterogeneous networks owned by Infrastructure Providers
(InPs) are abstracted and sliced into virtual radio resources
and form a virtual radio resource pool [7]. Mobile virtual
network operators (MVNOs) lease the virtual radio resources
and assign them to users [8]. Since the infrastructure and
physical resources of HetNet are abstracted and sliced into
virtual resource, many effective measures could be carried
out more easily, such as interference management, load
balancing, and so on. Furthermore, it is possible that different
MVNOs coexist on the same InP and share the infrastructure
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and radio resources, which maximizes the utilization of
resources and reduces the capital expense (CapEx) and
operation expense (OpEx).

In the virtualization environment of HetNet, it is a critical
issue to allocate the virtual resources to users in an efficient
way. Substantial efforts have been done to research the virtual
resource allocation model [8–11]. However, these papers
mainly focus on the virtual resource allocation with the
assumption that the system is in a steady state; that is, the
system has reached its equilibrium. In a system with limited
resources, it will take a certain period of time to find the
equilibrium sharing the virtual resources into MVNOs to
optimize the system performance. As a result, the analysis
through steady state based method may not be sufficient
which ignores the transient dynamics to reach equilibrium
of system. More specifically, it is helpful for making more
effective approaches (e.g., interference management, base
station sleeping, etc.) to promote system performance if we
get the users’ behaviors or dynamics. Moreover, most of the
existingworks aim tomaximize the systemperformance (e.g.,
utility, throughput, etc.) but do not consider the fairness for
MVNOs.

Biological approaches are regarded as an effective method
to analyze the time dynamic behaviors of heterogeneous
system and some works have been done in this area [12]. In
[13], the evolutionary game model was utilized to study the
robust equilibrium and the dynamics in wireless networks.
However, in [14, 15], the dynamics of cognitive radio networks
were studied, respectively, using predator-prey model and
evolutionary game model.

However, most of these works mainly focused on ana-
lyzing the dynamics and fairness in resource allocation
procedure, ignoring the system utility. To the best of our
knowledge, the dynamic-aware virtual radio resource alloca-
tion for MVNOs in virtualization based HetNet considering
utility and fairness has not been studied in previous works.

In this paper, we investigate the virtual radio resource
allocation problem for virtualized HetNet based on the
biological Lotka-Volterra model [16, 17] with consideration
of user dynamics, fairness for MVNOs, and system utility.
In the proposed architecture, users of different MVNOs
utilize the virtual radio resources in the resource pool in
the virtualization based HetNet system. Users of MVNOs
benefit from occupying the virtual radio resources and the
population of virtual radio resources increases after users
release resources. As a result, the relations among different
MVNOs and the virtual radio resources are similar to the
resource competing of species in a natural environment. The
virtual radio resources and users from different MVNOs can
be considered as the environment resources and species in
natural systems.

The main contributions of this paper are summarized as
follows:

(i) We formulate the virtual radio resource allocation
problem in virtualization based HetNet as a pop-
ulation competing model, where the users in the
system are considered as the predators in nature
environment, and virtual radio resources are preys to

users. Users of different MVNOs compete for virtual
radio resources from the virtual resource pool.

(ii) We introduce the aggregated utility function into the
Lotka-Volterra model and take the fairness and utility
into consideration at the same time. Furthermore, a
virtual resource allocation algorithm based on Lotka-
Volterra model is developed in the proposed virtual
radio resource management framework.

(iii) The proposed algorithm can quickly capture the time
dynamics of system. It is helpful to investigate the
behaviors and dynamics of users through the trace of
time.

(iv) Simulations are conducted to demonstrate that the
proposed virtual resource allocation algorithm out-
performs the existing centralized maximal utility
(MU) approach, achieving a good trade-off between
total utility and fairness.

The rest of this paper is organized as follows. Sections 2
and 3 present the systemmodel and the problem formulation.
Section 4 provides the proposed virtual radio resource allo-
cation algorithm in virtualization based HetNet. Analysis of
system equilibrium state in the proposed system is presented
in Section 5, while in Section 6, performance of the proposed
algorithm is evaluated by simulations. Finally, Section 7
concludes the paper.

2. System Model

In this section, we will introduce the wireless virtualization in
heterogeneous network and the classic Lotka-Volterra model
in ecosystem. We will then propose a model of virtual radio
resource allocation based on Lotka-Volterra in HetNet.

2.1. Wireless Virtualization in HetNet. Similar to the net-
work virtualization, wireless virtualization needs physical
resources to be abstracted into a number of virtual resources.
All the virtual resources are in a virtual resource pool which
can be utilized by different service providers. In the virtual-
ization based HetNet system, heterogeneous physical radio
resources owned by different Infrastructure Providers (InPs)
can be abstracted and sliced into virtual wireless resources
which can be shared by multiple mobile virtual network
operators (MVNOs).The virtual radio resource management
framework in virtualized heterogeneous networks is as shown
in Figure 1.

Themodules and their functions are described as follows:
(1) InPs: The InPs consist of heterogeneous wireless

networks (e.g., macro and small cell base stations). InPs own
the physical wireless network infrastructure resources and
physical radio resources. They can provide these physical
radio resources for MVNOs and get revenue.

(2) Hypervisor: The hypervisor virtualizes the physical
resources from different InPs and enables the sharing for
MVNOs.The allocation andmapping of the virtual resources
are realized by Virtual Resource Management and Virtual
Resource Mapping modules. Also, the hypervisor is respon-
sible for collecting the users’ information fromMVNOs.



Wireless Communications and Mobile Computing 3

: Macro cell BS
: Small cell BS

InP 1 InP M 

MVNO 1 MVNO 2 MVNO n 

: User

Physical Resource Layer

MVNO Layer

Virtual Resource Pool
Hypervisor Layer

Virtual Resource Mapping

Virtual Resource Management

Figure 1: The virtual radio resource management framework in virtualized HetNet.

(3) MVNOs: MVNOs lease the physical radio resources
from InPs, abstract them into virtual radio resources based on
the requests fromusers, and assign the virtual radio resources
to each user. As a result, the MVNOs can provide various
services to their subscribers through the same substrate
networks.

The virtualization technology can enable the resource
sharing in heterogeneouswireless networkswhichwill reduce
the CapEx and OpEx. The authors of [18] have estimated
that 40 percent of 60 billion USD may be saved using
the virtualization technology in wireless networks. In the
virtualization based heterogeneous networks, a significant
issue is how to catch the time dynamics of users and allocate
virtual radio resources into multiple MVNOs which is the
purpose of this paper.

2.2.The Lotka-Volterra Model. The Lotka-Volterra model is a
mathematical population model of biology which was devel-
oped by Alfred J. Lotka (1925) [19] and Vito Volterra (1926)
[20]. Classic Lotka-Volterra competition model describes
relationship and dynamics of different animal populations
competing for shared resources. Assuming that 𝑥1 and 𝑥2
represent populations of two species and all the parameters
in this model are positive, then

�̇�1 = 𝑟1𝑥1 (1 − 𝑥1𝐾1 − 𝑥2
𝛼1𝐾1)

�̇�2 = 𝑟2𝑥2 (1 − 𝑥2𝐾2 − 𝑥1
𝛼2𝐾2)

(1)

The parameters 𝑟1 and 𝑟2, respectively, refer to the
intrinsic growth rate of the two species, 𝐾1 and 𝐾2 are the
carrying capacity of the two species, and 𝛼1 and 𝛼2 are the
inter-specific competition coefficient which reflects that the
individuals of one species have inhibited influence on the
competitors of the other species. In this model, for example,𝛼1 denotes the inhibited effect the individual of species 𝑥1

has on 𝑥2, that is, the resource each individual of species 𝑥2
occupies equal to that 𝛼1 individual of species 𝑥1 occupies.

In the Lotka-Volterra model, the population of a species
not only depends on the limitation of resources in ecosystem,
but also is affected by the survival competing with another
species. When a species grows fast, the population of another
specieswill decrease. In the extreme situation, one species can
reach its carrying capacity, while the population of another
species keeps on the lowest level.

2.3. Proposed Virtual Resource Allocation Model. The re-
source competing among different species in the natural envi-
ronment is similar to the virtual radio resource competing
in the virtualized wireless networks. In the virtualization
based HetNet system, users of different MVNOs utilize the
virtual radio resources in the resource pool. Users ofMVNOs
benefit from occupying the virtual radio resources and the
population of virtual radio resources increases after users
release resources. Similarly, the population of a MVNO will
be limited when other MVNOs occupy too much radio
resources (because the radio resources are always limited in
wireless system).

Inspired by biological systems and models (i.e., Lotka-
Volterra model) in nature, we propose an ecology based
model for virtual radio resource allocation and users dynam-
ics analysis in HetNet system.

The proposed ecological model in Figure 2 describes the
paradigm of virtual resource competing in HetNet, which
consists of preys in the environment and 𝑛 species. The
species represent different mobile virtual network operators
(MVNOs), while the environment resources are considered
as virtual radio resource pool of HetNet. The MVNOs fed
on virtual radio resource blocks must continually evolve to
ensure sustainability and meet the changing environment,
which is analogous to species that have to survive and evolve
by consuming environment resources. Users of every MVNO
and the virtual radio resources form a “food chain.” Just like
the biological system, MVNOs and virtual radio resources
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Figure 2: The proposed virtual resource allocation model.

can be considered as predators and preys, respectively, the
populations of MVNOs benefit from competing to occupy
virtual radio resources, and virtual radio resource pool
increases when users release the resources after completing
communication. However, the total amount of resources in a
communication system is limited and fixed, which is different
from the common biological system.

Under specific assumptions, the proposed model can be
shown tomechanistically represent competition for resources
among species. This can be extended into wireless commu-
nication system where MVNOs compete for virtual radio
resources.

3. Problem Formulation

In this section, we formulate the virtual resource allocation
problem in virtualized HetNet with the biological model.
Firstly, we present the utility functions for users andMVNOs.
Then, the virtual radio resource allocation is formulated to
resource competing amongMVNOs according to the utilities
of them.

3.1. Utility Function Definition. In our virtualized wireless
networks, users lease virtual resources from their MVNOs.
The virtual resources allocated to users are mapped to
substrate physical networks. Users pay to theirMVNOs based
on the data rate they can get. Ensuring the total utility of
the system is an important goal of this paper, so that the
utility function should firstly be defined. By mapping the
utility function with the competing coefficient of biological
competing model, we could guarantee that the MVNO
with higher aggregated utility can get more resources. As a
function of data rate, the utility of user 𝑗 at time 𝑡 can be
mathematically expressed by [21]:

𝑢𝑗,𝑡 = 𝑟𝑗,𝑡1−𝛽𝑗1 − 𝛽𝑗 (0 < 𝛽𝑗 < 1) (2)

where 𝑟𝑗,𝑡 is the potential data rate of user’s virtual resource
request at time 𝑡 and 𝛽𝑗 represents the traffic type of user
request 𝑗. The 𝑟𝑗,𝑡 can be derived by the Shannon formula
based on the bandwidth (denoted as 𝑏𝑗,𝑡) required by the user

request 𝑗 and the effective signal-to-interference-plus-noise
ratio at time 𝑡 (denoted as 𝑆𝐼𝑁𝑅𝑗,𝑡):

𝑟𝑗,𝑡 = 𝑏𝑗,𝑡 ⋅ log2 (1 + 𝑆𝐼𝑁𝑅𝑗,𝑡) (3)

We assume that utilities of virtual resource requests are
positive and virtual radio resources are allocated periodically
every 𝑇 time so that time index 𝑡 can be ignored. The utility
function of user 𝑗 can be reformulated as

𝑢𝑗 = [𝑏𝑗 ⋅ log2 (1 + 𝑆𝐼𝑁𝑅𝑗)]
1−𝛽𝑗

1 − 𝛽𝑗
(0 < 𝛽𝑗 < 1, 𝑏𝑗 ≥ 0)

(4)

Then, we can obtain the aggregated utility of MVNO 𝑖,
𝑈𝑖 = ∑

𝑗

𝑢𝑗 = ∑
𝑗

[𝑏𝑗 ⋅ log2 (1 + 𝑆𝐼𝑁𝑅𝑗)]1−𝛽𝑗1 − 𝛽𝑗 (5)

subject to

∑
𝑗

𝑏𝑗 ≤ 𝐵𝑡𝑜𝑡𝑎𝑙
0 < 𝛽𝑗 < 1
𝑏𝑗 ≥ 0

(6)

where 𝐵𝑡𝑜𝑡𝑎𝑙 is the total bandwidth of the system.

3.2. Proposed Virtual Resource Allocation Problem Formula-
tion. In the proposed virtualized wireless HetNet, MVNOs
need to compete for virtual resources according to the
requests of their users.Theobjective of this paper is to develop
a virtual resource allocation algorithm improving the total
utility of system and catching the time dynamics of users
which is important for network management.

The population model of every MVNO can be expressed
by a system of Ordinary Differential Equations (ODEs)
which are powerful tools for modelling dynamic systems that
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Figure 3: The virtual radio resource allocation process in HetNet.

change with time (d/dt). The population (denoted as 𝑁𝑖(𝑡))
is defined as the number of users who are using the virtual
radio resources without interruption in MVNO 𝑖 at time 𝑡.
The model can be expressed as

�̇�𝑖 = 𝑔𝑖𝑁𝑖 [[1 −
1𝐾𝑖𝑁𝑖 −

𝛼𝑖𝐾𝑖 (
𝑛∑
𝑝=1,𝑝 ̸=𝑖

𝑁𝑝)]] (7)

subject to

𝑔𝑖 > 0, 𝛼𝑖 > 0
𝑁𝑖, 𝐾𝑖 ∈ N

+

𝑁𝑖 ≤ 𝐾𝑖
(8)

where 𝑔𝑖 is the intrinsic growth rate of users occupying the
virtual radio resource, while 𝐾𝑖 represents carrying capacity
of the system in terms ofMVNO 𝑖. In thismodel,𝛼𝑖 represents

the average competition coefficient of other MVNOs on
MVNO 𝑖, and the term 𝛼𝑖 (∑𝑛𝑝=1,𝑝 ̸=𝑖𝑁𝑝) can be thought of as
the decrease in growth rate of MVNO 𝑖 due to the presence
of other MVNOs, so that𝑁𝑖/𝐾𝑖 and (𝛼𝑖/𝐾𝑖)(∑𝑛𝑝=1,𝑝≠𝑖𝑁𝑝) can
be, respectively, seen as the virtual radio resources already
occupied by MVNO 𝑖 and other MVNOs.

To ensure utility of the whole system, we define the
competition coefficient of virtual network 𝑖 associated with
the aggregated utility. Firstly, we assume that the competing
coefficient𝛼𝑖 is inversely associatedwith the aggregated utility𝑈𝑖 so that the MVNO with higher aggregated utility will get
more resources. Then, we introduce the adjustment factor𝑎𝑖 to make sure that the MVNO with higher priority can
get lower competing coefficient, and as a result the priorities
of some MVNOs can be guaranteed. So, we define the
competing coefficient of virtual network 𝑖 as 𝛼𝑖 = 𝑎𝑖 +
c ⋅ (1/𝑈𝑖) (c is a constant to make sure the values of 𝛼𝑖
satisfy the conditions of convergence). Nowwe can derive the
differential equations of population density as

�̇�𝑖 = 𝑔𝑖𝑁𝑖{{{{{
1 − 1𝐾𝑖𝑁𝑖 −

𝑎𝑖 + c∑𝑗 ((1 − 𝛽𝑗) / [𝑏𝑗 ⋅ log2 (1 + 𝑆𝐼𝑁𝑅𝑗)]1−𝛽𝑗)
𝐾𝑖 ( 𝑛∑

𝑝=1,𝑝≠𝑖

𝑁𝑝)}}}}}
(9)

The MVNO with bigger potential aggregated utility may
occupy more virtual resource block because it has lower
average competition rate with other populations. In each
MVNO, virtual resource blocks in the resource pool are
assigned to users according to their potential utility 𝑢𝑗. And
generally, fairness and priorities of some virtual networks can
be guaranteed via adjusting the variable 𝑎𝑖. On the one hand,
we can set a minimum value of 𝑎𝑖 for every virtual network so
that the coexistence and fairness aremaintained.On the other
hand, we can set a bigger value for a MVNO with priority to
guarantee that it can occupymore resources even when it has
lower utility than others.

4. The Virtual Radio Resource
Allocation Algorithm

In this section, we first present the virtual radio resource
allocation progress in virtualization based HetNet and then

propose a virtual radio resource allocation algorithm based
on the biological competing model.

The system-theoretical model for virtual radio resource
allocation progress is as shown in Figure 3. Users request
virtual radio resources from their MVNOs and get corre-
sponding services. The requests for virtual radio resources
arrive in real time. Then MVNO will conduct the virtual
resource allocation for its users. Firstly, the requests will
be enqueued at MVNO’s master queue according to their
priorities and arrival time. Then they will be scheduled to
occupy the resources every𝑇 time based on their requirement
and service level agreement. This procedure is called virtual
resource allocation which is investigated in this paper. Then,
the virtual resource mapping is conducted, and after the
virtual resources are mapped to substrate physical networks,
users can start the data transmission procedures. Closed
performance monitoring loop can be adopted to evaluate
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Figure 4:The isocline cases with steady states and flow patterns for the proposed model.Thick dashed lines indicate𝑁1-isoclines; thick solid
lines represent𝑁2-isoclines.

the performance dynamically. If the performance could not
satisfy user’s requirement (because the physical channel is
changing dynamically), this request will be scheduled in the
next period of time.

The proposed model is then applied to virtual radio
resource allocation in heterogeneous wireless networks. In
the proposed model, the MVNO has bigger value of 𝛼 and
can occupy less resources because other populations have
more inhibited influence on it. The model can guarantee the
coexistence of all MVNOs with stability and fairness. Thus
we can dynamically allocate the virtual radio resources in the
pool of HetNet by adjusting the value of 𝛼 and maintaining
the competing and coexisting relationship among MVNOs.
We assume that all resource allocation is synchronously
performed every 𝑇 time. Each MVNO gets virtual resources
based on its competition coefficient 𝛼𝑖 which is a function of
aggregated utility of MVNO 𝑖. MVNOs are able to manage
the virtual resources and allocate them to users according to
their aggregated utility and users’ demands. The competition
coefficient of each MVNO can also be adjusted based on
the knowledge and user dynamics of the whole system to
get a more efficient utilizing of resources. The details of
virtual radio resource allocation algorithm are described as
in Algorithm 1.

5. Analysis of System Equilibrium State in
the Proposed System

In this section, we present the analysis of system equilibrium
state from the aspects of existence, type, and stability.

5.1. The Existence and Category of Equilibrium Points. The
important issue regarding systemdynamics is the equilibrium
of the model. In order to simplify the problem, let us discuss
the system which consists of two MVNOs. We could get an
algebraic equation set with the right sides of the OEDs (7):

𝑔1𝑁1 (1 − 1𝐾1𝑁1 −
𝛼1𝐾1𝑁2) = 0

𝑔2𝑁2 (1 − 1𝐾2𝑁2 −
𝛼2𝐾2𝑁1) = 0

(10)

As known in mathematics, the real roots of this algebraic
equation set are called the equilibrium point of the model.

For equilibrium point 𝑃0(𝑁10, 𝑁20), if the solutions of ODEs
always meet the restrictions limt→∞𝑁1(t) = 𝑁10 and
limt→∞𝑁2(t) = 𝑁20 at any initial condition, we call 𝑃0 a
stable equilibrium point (asymptotic stability); otherwise 𝑃0
is unstable (not asymptotic stability). Obviously, there are two
equilibrium points 𝑃1 = (0,𝐾2) and 𝑃2 = (𝐾1, 0) in addition
to the trivial equilibrium point 𝑁1 = 𝑁2 = 0 for the set of
ODEs (7) (𝑛 = 2). When the algebraic equation set (13) has a
nonnegative solution 𝑁1 = 𝑁1∗,𝑁2 = 𝑁2∗, we find the third
equilibrium point of the system, that is, 𝑃3(𝑁1∗, 𝑁2∗).

To analyze the properties of this system, phase plane
analysis of the model equations is carried out. Firstly, we
plot the zero growth rate line for each species taking 𝑁1 and𝑁2 (number of users occupying resources in MVNOs 1 and
2) as the coordinate. The zero growth line can be obtained
by drawing a line between 𝑁1 and 𝑁2 intercepts of each
species. Users in both specieswill increase until they reach the
zero growth isocline.TheMVNO represented on the abscissa
meets the isocline horizontally, and the one represented on
the ordinate will do it vertically. Figure 4 illustrates the flow
patterns and four possible types of relations between the
isoclines of MVNOs 1 and 2. From the flows across the
isoclines, the direction fields within each separate region in
the phase plane can be worked out. For example, in case (a),
it is obvious within the area bounded by these two isoclines
that the flow is towards the top-left corner, which implies that
all solutions will tend to the𝑁2-only state (𝑁1, 𝑁2) = (0, 𝐾2).

Hence, we can find three equilibrium points for the
proposed model (excluding the trivial equilibrium point):𝑃1 = (0, 𝐾2), 𝑃2 = (𝐾1, 0), 𝑃3 = (𝑁1∗, 𝑁2∗) = ((𝐾1 −𝛼1𝐾2)/(1 − 𝛼1𝛼2), (𝐾2 − 𝛼2𝐾1)/(1 − 𝛼1𝛼2)). In the 𝑁2-only
state, species 2 reaches its carrying capacity and species 1 goes
extinct, while in the𝑁1-only state, species 2 goes extinct and
species 1 tends to its carrying capacity. In cases (c) and (d),
there is a coexistence state inwhich both species have nonzero
abundance.

5.2. The Stability of Equilibrium Points. Now, we analyze the
stability of equilibrium points. Since the proposed model is
applied to wireless communication system and the users of
each MVNO cannot be decreased to zero considering the
revenue of MVNOs, we need not to consider equilibrium
points 𝑃1 = (0,𝐾2) and 𝑃2 = (𝐾1, 0). Furthermore, wireless
communication systems should be guaranteed the asymptotic
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1: for Each MVNO 𝑖 do
2: for Each user 𝑗 do
3: Check the state of data transmission every 𝑇 time
4: if Data transmission has been accomplished then
5: Release the resources occupied by user 𝑗
6: end if
7: end for
8: Update the carrying capacity𝐾𝑖 every 𝑇 time
9: if 𝐾𝑖(𝑇) ̸= 𝐾𝑖(𝑇 − 1) then
10: Update𝐾𝑖
11: end if
12: Update competition coefficient 𝛼𝑖 every 𝑇 time according to (5)
13: if 𝛼𝑖(𝑇) ̸= 𝛼𝑖(𝑇 − 1) then
14: Update 𝛼𝑖
15: end if
16: Allocate virtual radio resources to MVNO 𝑖 according to Equations (9)
17: Sort the users’ resource requests of MVNO 𝑖 by their potential utility 𝑢𝑗
18: for Each user with the largest utility do
19: Assign the requested virtual radio resource blocks that satisfy restrictions to it
20: if Failing in Line 19 then
21: Reject the request and postpone it to the waiting queue, Break
22: end if
23: Users that have occupied resource can begin data transmission
24: end for
25: end for

Algorithm 1: Biological Competing Resource Allocation Algorithm.

stability, so that it is necessary to make sure whether the
equilibrium point 𝑃3(𝑁1∗, 𝑁2∗) is stable. Firstly, we give a
proposition about the stability of equilibrium points of (7)
(𝑛 = 2).
Proposition 1. If the two inequalities 𝐾2 < 𝐾1/𝛼1, 𝐾1 <𝐾2/𝛼2 are satisfied, the system has three equilibrium points𝑃1 = (0,𝐾2), 𝑃2 = (𝐾1, 0), 𝑃3(𝑁1∗, 𝑁2∗), and 𝑃3(𝑁1∗, 𝑁2∗)
is the stable equilibrium point. The two MVNOs could coexist
in the course of time,𝑁1(𝑡) → 𝑁1∗,𝑁2(𝑡) → 𝑁2∗.
Proof. Because 𝑃3(𝑁1∗, 𝑁2∗) is the equilibrium point, the
linearization of the ODEs (7) (𝑛 = 2) near point 𝑃3 can be
expressed as

𝑑 (𝑁1 − 𝑁1∗)𝑑𝑡
= 𝑔1𝑁1∗ (− 1𝐾1 (𝑁1 − 𝑁1∗) −

𝛼1𝐾1 (𝑁2 − 𝑁2∗))
𝑑 (𝑁2 − 𝑁2∗)𝑑𝑡
= 𝑔2𝑁2∗ (− 1𝐾2 (𝑁1 − 𝑁1∗) −

𝛼2𝐾2 (𝑁2 − 𝑁2∗))

(11)

Then, the characteristic equation of the coefficient matrix
is 

𝜆 + 𝑔1𝐾1𝑁1∗
𝑔1𝛼1𝐾1 𝑁1∗𝑔2𝛼2𝐾2 𝑁2∗ 𝜆 + 𝑔2𝐾2𝑁2∗


= 0 (12)

That is,

𝜆2 + ( 𝑔1𝐾1𝑁1∗ +
𝑔2𝐾2𝑁2∗)𝜆 + Δ𝑁1∗𝑁2∗ = 0 (13)

where Δ = 𝑔1𝑔2(1 − 𝛼1𝛼2)/𝐾1𝐾2.
The discriminant of (13) is

( 𝑔1𝐾1𝑁1∗ +
𝑔2𝐾2𝑁2∗)

2 − 4Δ𝑁1∗𝑁2∗

= ( 𝑔1𝐾1𝑁1∗ −
𝑔2𝐾2𝑁2∗)

2 + 4Δ𝑁1∗𝑁2∗ > 0
(14)

So (13) has two different real eigenvalues: 𝜆1 < 𝜆2, and by
using the Vieta theorem, we can get

𝜆1 + 𝜆2 = −( 𝑔1𝐾1𝑁1∗ +
𝑔2𝐾2𝑁2∗)

𝜆1𝜆2 = Δ𝑁1∗𝑁2∗
(15)

because 𝐾2 < 𝐾1/𝛼1 and 𝐾1 < 𝐾2/𝛼2 are satisfied, just as
the situation in Figure 4(d), that is, 𝑔2𝐾1/𝑔1𝐾2𝛼1 > 𝑔2/𝑔1 >𝑔2𝐾1𝛼2/𝑔1𝐾2. As a result, 𝑔2𝐾1/𝑔1𝐾2𝛼1 − 𝑔2𝐾1𝛼2/𝑔1𝐾2 =𝑔2𝐾1(1 − 𝛼1𝛼2)/𝑔1𝐾2𝛼1 > 0, so that Δ > 0. We can get
that 𝜆1 < 0 and 𝜆1 < 0 by putting Δ > 0 into (15). Thus,
the equilibrium point 𝑃3(𝑁1∗,𝑁2∗) is stable (asymptotic
stability).

Similarly, we can prove that 𝑃3(𝑁1∗, 𝑁2∗) is not stable
when 𝐾2 > 𝐾1/𝛼1 and 𝐾1 > 𝐾2/𝛼2 are satisfied which
is illustrated in Figure 4(c). Actually, in case (c), MVNO
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Figure 5: The population dynamics of MVNOs in the proposed
system (n=3).

1 can outcompete MVNO 2, but MVNO 2 can also out-
compete MVNO 1. The equilibrium point 𝑃3 may evolve
to 𝑃1 or 𝑃2 which depends on the initial conditions of the
system.

Hence, we could guarantee the coexistence of MVNOs
over time by adjusting the values of system parameters every𝑇 time based on the proposition and make sure that the
proposed system can reach a stable equilibrium.

6. Simulation Results and Discussion

In this section, simulation results are given to evaluate the
performance of the proposed algorithm. In the simulation,
the parameters are designed to model a high-loaded system
where the available resources are not enough to serve all the
users. We assume that there are three MVNOs in the system,
and the virtual resource blocks for different user requests
in MVNOs have the different bandwidths, which are with
uniformdistribution.The following parameters are used: 𝑎1 =0.08, 𝑎2 = 0.05, 𝑎3 = 0.03, c = 1.6 × 105, 𝛽𝑗 = 0.5, 𝑏𝑗 ∼ 𝑈(0, 4)
MHz, 𝑆𝐼𝑁𝑅𝑗 ∼ 𝑈(5, 20) dB. The three MVNOs are assumed
to have the different number of users (𝐽) at time 𝑡.

Figure 5 illustrates the population dynamics for the
proposed system which has three MVNOs (n=3). The con-
vergence of Algorithm 1 is evaluated with resource growth
rates 𝑔𝑖 = 0.3, number of users in each MVNO 𝐽1 = 100,𝐽2 = 110, 𝐽3 = 120, and carrying capacities 𝐾1 = 90,𝐾2 = 100, 𝐾3 = 110. As can be seen in Figure 5, the number
of active users in eachMVNO converges within 50 iterations.
This result, together with the previous analysis, indicates that
the proposed Algorithm 1 converges to a stable equilibrium.

It also can be seen from Figure 5 that the MVNO
with higher service level (smaller 𝑎𝑖) can get more virtual
resources to serve its users, because a smaller 𝑎𝑖 reduces the
competition coefficient, as defined in (9). The MVNO with
larger competition coefficient can also get some resources,
although the resources are limited in the system. MVNOs
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Figure 6: The population dynamics of MVNOs in the proposed
system (n=4).

coexist in the proposed system and maintain a dynamic
balance actually.

In Figure 6, the population dynamics is simulated with
four MVNOs to evaluate the convergence of the proposed
algorithmwhen the number ofMVNOs scales. As can be seen
fromFigure 6, the number of active users in eachMVNO also
converges after iterations. However, the number of MVNOs
affects the rate of convergence; more MVNOs may lead to
lower convergence rate. For example, the number of active
users in MVNO 3 converges within 30 iterations when there
are 3 MVNOs in the system, but when there are 4 MVNOs
in the system, it converges after 45 iterations. Furthermore,
the number of active users of each MVNO will converge to
lower level when the system has more MVNOs, because the
resources are limited.

As the maximal utility (MU) approach can achieve
maximal system utility, it has become a very popular method
in virtual resource allocation. For example, the authors in [8]
have worked on the virtual resource allocation for MVNOs
based on the MU of system. There are also some existing
works which focus on the fairness and use the round-robin
(RR) method [22]. Therefore, we compare the performance
of the proposed Lotka-Volterra solution (LVS) with that of the
existing MU approach and RR method.

In Figures 7–9, we compare the utilities of MVNOs when
the number of users requesting resource inMVNOs increases
from (50, 60, 70) to (100, 110, 120), with resource growth rates𝑔𝑖 = 0.3, carrying capacities 𝐾1 = 90, 𝐾2 = 100,𝐾3 = 110.

As can be seen in Figures 7–9, a MVNO with higher
service level gets higher utility in MU approach, RR method,
and the proposed Algorithm 1. With MU approach, the
utility of MVNO 3 increases linearly while the utility of
MVNO 1 drops to zero when the users in MVNO 1 are over
80. However, with the proposed algorithm or RR method,
the utilities are always positive because each MVNO can
get some resources to serve users. Therefore, it is verified
that the proposed algorithm and RR method can guarantee
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Figure 8: Utility of MVNOs in the proposed Algorithm 1.

higher utility for MVNO with lower service level than the
MU approach. Also, they improve the fairness in resource
allocation process of the system.

To evaluate the fairness of MVNOs in the system, we use
the fairness index (FI), which is defined as [23]:

(∑𝑛𝑖=1𝑁𝑖)2(𝑛 (∑𝑛𝑖=1 (𝑁𝑖)2)) (16)

The fairness index is widely applied in the literature to
evaluate the level of fairness achieved by resource allocation
algorithms.

In Figures 10 and 11, we compare the total utility of system
and fairness among MVNOs (n=3). As can be seen from
Figure 10, the proposed Algorithm 1 achieves higher total
utility than RR method, but lower total utility than MU
approach when the users in MVNOs are more than (70, 80,
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Figure 10: Comparison of the total utilities of different approaches.

90). Figure 11 shows that the proposed Algorithm 1 achieves
lower fairness index than RR method, but higher fairness
index than MU approach when the users in MVNOs are
more than (70, 80, 90). As one can conclude from Figures 10
and 11, the proposed Algorithm 1 can achieve higher fairness
index with the cost of small reduction in total utility of
system, compared with the MU approach. It achieves a better
trade-off between total utility and fairness than the existing
methods.

Besides, we could also analyze the time dynamics of
users and virtual radio resources in the system by utilizing
the Lotka-Volterra model. The users in the system can be
considered as the predators in nature environment, and
virtual radio resources are preys to users. The number (i.e.,
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Figure 12: The population dynamics of users and virtual radio
resource pool in the proposed system.Theparameter𝐾 is the system
capacity.

population) of active users in the system is benefited by
the loss of the population of the virtual radio resources.
Therefore, the ecological model is helpful to investigate the
behaviors and user dynamics of system through the trace of
time. The numerical illustrations of the user dynamics are
presented in Figures 12 and 13. From Figure 12, we observe
that the behaviors of users in the proposed system follow
those in the nature environment; that is, the population of
resource will decrease when there are too many users in
system.Theusers and virtual radio resources in the system are
regulating to each other. Time dynamics of users in different
system capacity (i.e., 𝐾 = 150, 200) are simulated, and by
adjusting the system capacity K within certain range, we
can get an improvement of system throughput, as shown in
Figure 12.
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Figure 13: The 3-D phase diagram of the system where users
and virtual radio resources are considered predators and preys,
respectively.

The phase diagram of user dynamics is illustrated in
Figure 13 in whichwe could catch the dynamics of interaction
between users and virtual resources in the system. In this
simulation, the system capacity is set as 𝐾 = 150. The system
converges to its equilibrium after a period of time. As can be
seen in these two figures, the dynamics of users and virtual
resources can be analyzed utilizing the proposed biological
model, and the throughput of system can be improved by
increasing the capacity of system.

By understanding the time dynamics of users, we can
further develop effective strategies to enhance system per-
formance. For instance, the hypervisor can conduct adaption
of system parameters and base station sleeping strategies to
improve the channel utilization and energy efficiency.

7. Conclusion

In this paper, we have investigated the virtual resource
allocation problem in virtualization based heterogeneous
wireless networks. The virtual resource allocation problem
in HetNet was formulated as a population competing model,
where the users in the system are considered as the predators
in nature environment, and virtual radio resources are preys
to users. Users of different MVNOs compete for virtual
radio resources from the virtual resource pool. Accordingly, a
virtual resource allocation algorithm based on Lotka-Volterra
model was developed, considering system utility, fairness,
and dynamics. Simulation results showed that the proposed
virtual resource allocation algorithm not only converges
within a few iterations, but also achieves a better trade-off
between total utility and fairness than existing algorithm.
Besides, it can also be utilized to analyze the time dynamics of
users which is helpful for making more effective approaches
to promote system performance.

Data Availability

The data used to support the findings of this study are
included within the article.



Wireless Communications and Mobile Computing 11

Conflicts of Interest

The authors declare that they have no conflicts of interest.

Acknowledgments

This work is supported by China Ministry of Education-
CMCC Research Fund Project no. MCM20160104, National
Science and Technology Major Project no. 2018ZX030110004,
Beijing Municipal Science and Technology Commission
Research Fund Project no. Z171100005217001, and Fun-
damental Research Funds for Central Universities no.
2018RC06. Besides, we would like to thank EURECOM and
OpenAirInterface Software Alliance for their support and
help.

References

[1] C. Liang andF. R. Yu, “Wireless network virtualization: a survey,
some research issues and challenges,” IEEE Communications
Surveys & Tutorials, vol. 17, no. 1, pp. 358–380, 2015.

[2] M. Kamel, W. Hamouda, and A. Youssef, “Ultra-Dense Net-
works: A Survey,” IEEE Communications Surveys & Tutorials,
vol. 18, no. 4, pp. 2522–2545, 2016.

[3] A. Gudipati, D. Perry, L. E. Li, and S. Katti, “Softran: software
defined radio access network,” in Proceedings of the 2nd ACM
SIGCOMM Workshop on Hot Topics in Software Defined Net-
working (HotSDN ’13), pp. 25–30, August 2013.

[4] Q. Li, R. Q. Hu, Y. Qian, and G. Wu, “Intracell cooperation
and resource allocation in a heterogeneous networkwith relays,”
IEEE Transactions on Vehicular Technology, vol. 62, no. 4, pp.
1770–1784, 2013.

[5] C. Liang and F. R. Yu, “Wireless virtualization for next genera-
tion mobile cellular networks,” IEEE Wireless Communications
Magazine, vol. 22, no. 1, pp. 61–69, 2015.

[6] A. Blenk, A. Basta, M. Reisslein, and W. Kellerer, “Survey
on network virtualization hypervisors for software defined
networking,” IEEECommunications Surveys &Tutorials, vol. 18,
no. 1, pp. 655–685, 2016.

[7] S. Fan, H. Tian, and W. Wang, “A Radio Resource Virtual-
ization-Based RAT Selection Scheme in Heterogeneous Net-
works,” IEEE Communications Letters, vol. 21, no. 5, pp. 1147–
1150, 2017.

[8] C. Liang, F. R. Yu, H. Yao, and Z. Han, “Virtual Resource
Allocation in Information-Centric Wireless Networks with
Virtualization,” IEEE Transactions on Vehicular Technology, vol.
65, no. 12, pp. 9902–9914, 2016.

[9] T. Leanh, N. H. Tran, D. T. Ngo, and C. S. Hong, “Resource
Allocation for Virtualized Wireless Networks with Backhaul
Constraints,” IEEE Communications Letters, vol. 21, no. 1, pp.
148–151, 2017.

[10] W. H. Chin, Z. Fan, and R. Haines, “Emerging technologies and
research challenges for 5G wireless networks,” IEEE Wireless
Communications Magazine, vol. 21, no. 2, pp. 106–112, 2014.

[11] D. Kreutz, F. M. V. Ramos, P. E. Verissimo, C. E. Rothenberg,
S. Azodolmolky, and S. Uhlig, “Software-defined networking: a
comprehensive survey,” Proceedings of the IEEE, vol. 103, no. 1,
pp. 14–76, 2015.

[12] S. Balasubramaniam, K. Leibnitz, P. Lio, D. Botvich, and M.
Murata, “Biological principles for future Internet architecture

design,” IEEE Communications Magazine, vol. 49, no. 7, pp. 44–
52, 2011.

[13] H. Tembine, E. Altman, R. El-Azouzi, and Y. Hayel, “Evolution-
ary games in wireless networks,” IEEE Transactions on Systems,
Man, and Cybernetics, Part B: Cybernetics, vol. 40, no. 3, pp.
634–646, 2010.

[14] D. Liau, K.-C. Chen, and S.-M. Cheng, “A predator-prey
model for dynamics of cognitive radios,” IEEE Communications
Letters, vol. 17, no. 3, pp. 467–470, 2013.

[15] S.-M. Cheng, P.-Y. Chen, and K.-C. Chen, “Ecology of cognitive
radio Ad hoc networks,” IEEE Communications Letters, vol. 15,
no. 7, pp. 764–766, 2011.

[16] O. T. Solbrig and D. J. Solbrig, Introduction to Population
Ecology and Evolution, Addison-Wesley, 1979.

[17] S. B.Hsu, S. P.Hubbell, andP.Waltman, “Competing predators,”
SIAM Journal on Applied Mathematics, vol. 35, no. 4, pp. 617–
625, 1978.

[18] X. Costa-Perez, J. Swetina, T. Guo, R. Mahindra, and S. Ran-
garajan, “Radio access network virtualization for future mobile
carrier networks,” IEEE Communications Magazine, vol. 51, no.
7, pp. 27–35, 2013.

[19] A. J. Lotka, Elements of Physical Biology, Williams andWilkins,
1925.

[20] V. Volterra, “Variations and fluctuations of the number of
individuals in animal species living together,” Journal du Conseil
International pour L’Exploration de laMer, vol. 3, no. 1, pp. 3–51,
1928.

[21] M. Li, P. N. Tran, D. Wang, and A. Timm-Giel, “Radio
resource allocation in LTE using utility functions based on
moving average rates,” in Proceedings of the 2014 IEEE Wireless
Communications and Networking Conference, WCNC 2014, pp.
1891–1896, Turkey, April 2014.

[22] W.Gong,X.Wang,M. Li, andZ.Huang, “Round-robin resource
sharing algorithm for device-to-device multicast communica-
tions underlying single frequency networks,” in Proceedings of
the 21st International Conference on Telecommunications, ICT
2014, pp. 191–195, Portugal, May 2014.

[23] H. Zhang, C. Jiang, N. C. Beaulieu, X. Chu, X. Wang, and
T. Q. S. Quek, “Resource allocation for cognitive small cell
networks: a cooperative bargaining game theoretic approach,”
IEEE Transactions on Wireless Communications, vol. 14, no. 6,
pp. 3481–3493, 2015.



Research Article
Fronthaul for Cloud-RAN Enabling Network Slicing in
5G Mobile Networks

Line M. P. Larsen , Michael S. Berger, and Henrik L. Christiansen

Department of Photonics Engineering, Technical University of Denmark, 2800, Denmark

Correspondence should be addressed to Line M. P. Larsen; lmph@fotonik.dtu.dk

Received 20 April 2018; Revised 2 July 2018; Accepted 17 July 2018; Published 28 August 2018

Academic Editor: Pei Xiao

Copyright © 2018 LineM.P. Larsen et al.This is an open access article distributedunder theCreativeCommonsAttribution License,
which permits unrestricted use, distribution, and reproduction in any medium, provided the original work is properly cited.

This work considers how network slicing can use the network architecture Cloud-Radio Access Network (C-RAN) as an enabler
for the required prerequisite network virtualization. Specifically this work looks at a segment of the C-RAN architecture called the
fronthaul network. The fronthaul network required for network slicing needs to be able to dynamically assign capacity where it is
needed. Deploying a fronthaul network faces a trade-off between fronthaul bitrate, flexibility, and complexity of the local equipment
close to the user.Thiswork relates the challenges currently faced inC-RAN research to the network requirements in network slicing.
It also shows how using a packet-switched fronthaul for network slicing will bring great advantages and enable the use of different
functional splits, while the price to pay is a minor decrease in fronthaul length due to latency constraints.

1. Introduction

Emerging technologies paving the way towards the next
generation, 5G, mobile networks include the very promis-
ing concept of network slicing. Network slicing describes
how one physical network is divided into multiple logical
networks, referred to as network slices. One network slice
can have specific capabilities related to one specific service,
like one slice for Internet of Things (IoT), as this service
has specific requirements to the network. Another benefit
of network slicing is that it is possible for several operators
to share the same physical network and thereby save cost
for deployment and maintenance of the physical network
equipment. Different network slices have different require-
ments to the network, because different applications have
different requirements to the network [1].The 3rd Generation
Partnership Project (3GPP) describes in [2] how network
slicing is envisioned to provide different capabilities on
different slices. These capabilities can be related to the three
primary 5G drivers [3]:

(i) Extreme Mobile Broadband (eMBB) will support
use cases like “shopping mall” requiring 300Mbps
experienced Downlink (DL) throughput and at least
95% availability and reliability for all applications [3].

(ii) Massive Machine-Type Communication (mMTC)
will support use cases like “massive amount of geo-
graphically spread devices” requiring up to 1,000,000
devices per km2 and 10 years of battery life [3].

(iii) UltrareliableMachine-TypeCommunication (uMTC)
will support use cases like “autonomous vehicle
control” requiring latency below 5ms and 99.999%
availability and reliability [3].

These examples show how different the requirements can be,
to different slices within network slicing. The same physical
resources need to be able to carry very different demands,
which donot only require complexQoSmanagement but also
put huge requirements to the physical network that should be
able to handle it. Network slicing requires a virtualization of
the network to be able to run several logical networks on top
of the physical network [4].

Cloud-Radio Access Network (C-RAN) is a promising
network architecture which can be used to enable virtualized
networks and network slicing. In C-RAN the base station
functions known from the protocol stack are divided into
a Distributed Unit (DU) and a Centralized Unit (CU). The
DU is located close to the antenna in the antenna mast and
is thereby close to the user, where the CU can be located
in a datacenter benefitting from high processing powers.
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The exact location of the separation between these two
entities is referred to as the functional split. The DU and the
CU are connected using a so-called fronthaul network. The
simplest division between DU and CU leaves only the Radio
Frequency (RF) functions in the DU. This division will be
referred to as the traditional split throughout this paper and
the division of functions in the traditional split is illustrated
in Figure 1.

Figure 1 illustrates the traditional split where the base
station functions are illustrated using the LTE protocol stack,
as no protocol stack exists for 5G at the time of writing. In
the traditional split, raw in-phase quadrature (IQ) samples
are transported on the fronthaul link, resulting in a very
high and constant bitrate. Using the traditional split, the
IQ samples need a special protocol for transport over the
fronthaul network. Several options exist including the widely
used Common Public Radio Interface (CPRI) [6]. Originally,
CPRI was intended for point-to-point transmission, but this
makes the fronthaul link very inflexible, as each CU/DU
pair requires its own fiber connection. Seen from a network
slicing perspective, this solution is not very flexible, as each
slice gets a static amount of capacity assigned for fronthaul
transmission.

CUs from several sites can be centralized in the same
datacenter which is an enabler for modern network vir-
tualization techniques. This way, processing functions are
gathered in one place, the CU-datacenter, which can be vir-
tualized.Network functions virtualizationmoves the network
processes into software, and, instead of the functions running
at a base station, they will be able to run at any server [7].
Virtualization of several functions is an important enabler for
network slicing. The situation is illustrated in Figure 2.

Figure 2 illustrates how network virtualization of the CU-
datacenter is used to run several logical network slices on
top of one physical network. The logical slices serve different
purposes as each of them complies with different network
requirements. Virtualizing C-RAN brings benefits in scalable
management of processing resources and enables network
programmability [8]. This work looks into how network
slicing can be enabled using C-RAN with a special focus on
the issues raised in future fronthaul networks. The remainder
of this paper contains an overview of the current trends being
investigated within fronthaul deployment, a comprehensive
description of the fronthaul challenges that are still under
research, and a discussion of the options existing for C-RAN
deployment.
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Table 1: Comparison of a circuit switched and a packet switched fronthaul link.

Circuit switched fronthaul Packet switched fronthaul
Pros Guaranteed bitrate. Adaptable to non-uniform traffic.
Cons Load independent of cell load. Delay can occur
Capacity Guaranteed Depends on technology
Timing Guaranteed Depends on technology
Synchronization Guaranteed Depends on technology
QoS Dedicated user channel Shared transmission
Service Guarantee Dedicated resources Delay can occur
Multiplexing TDM or WDM Statistical multiplexing
Resource utilization Constant use of resources Improved

2. Recent Trends in Mobile Fronthaul

Themobile fronthaul network has been considered in several
papers, investigating different solutions and options. C-RAN
and network slicing are two concepts that have already been
combined in several works. Reference [5] contributes with a
dynamic network slicing scheme for multitenant C-RANs. In
[9] a demo of network slicing using C-RAN is introduced
which aims at efficiently sharing the bandwidth resources
among different slices.

A large survey on cloud-based services in [8] states the
benefits of virtualized networks and argues for the use of the
C-RAN architecture due to its scalability and high system
capacity. The standardization of C-RAN and the division of
functions between the CU and DU are a currently on-going
process, where 3GPP contributes with [10] and IEEE have
established the 1914 Next Generation Fronthaul Interface
(NGFI) working group [11]. Also different industry alliances
are looking into the subject including the CPRI consortium
[12], NGMN alliance [13], and Small Cell Forum [14]. In
[15], the authors argue for using the Ethernet network as
the new fronthaul, as it is already deployed and brings
several benefits. Reference [16] reports on the performance
of different functional splits over a bridged Ethernet network;
results show fronthaul processing delays and how these are
affected by different types of traffic flows. Different papers
and organizations use different naming or numbering of the
functional splits. To illustrate the functional splits from a
more generic point of view, this paper will not refer to any
names, but only to the locations of the functional splits in the
LTE protocol stack. And only those functional split locations
with specific fronthaul abilities will be mentioned, as many
more exist. For a complete overview of the options currently
researched are referred to in [17].

3. Fronthaul Link Type

Theperformance of a fronthaul network depends on whether
a circuit-switched solution or a packet-switched solution is
chosen. The capabilities of a circuit- and a packet-switched
fronthaul network are summarized in Table 1.

Circuit-switched solutions, for example, Optical Trans-
port Network (OTN), provide a constant use of resources,
as the connections are always using the same amount of
capacity, which is statically assigned.Thismeans that queuing

will be very limited as the resources are always reserved
and the network provides a stable connection in terms of
capacity, timing, and synchronization. OTN is a circuit-
switched solution that provides protection and multiplexes
several transmissions using WDM [18]. The pros of using
OTN are that it uses Forward Error Correction (FEC) and
it can measure the Bit Error Rate (BER). But when using
OTN, or another circuit-switched technology in the fronthaul
network, the capacity is fixed to the already assigned carriers
and is not able to assign extra capacity to establish or scale
slices dynamically.

In packet-switched technologies, it is possible to dynam-
ically assign capacity when needed. Using statistical multi-
plexing, a packet-switched network is adaptable for a variable
load on the fronthaul, because multiple connections are
multiplexed into one fiber. Ethernet is an example of a packet-
switched fronthaul technology. Ethernet allows sharing of the
network infrastructure through standardized virtualization
techniques and, through its packet-switched operation, it
will save resources on the fronthaul link using statistical
multiplexing gain [15]. This makes Ethernet able to flexibly
allocate resources and, when considering network slicing,
dynamically reserve resources for specific slices. Ethernet has
several advantages to be used for fronthaul; it is flexible, cost-
effective, and widely used. The Ethernet network has one
problem though, before it can be used as the new fronthaul
network; in a packet-switched technology, traffic is more
eager to queue. Queuing traffic can create unwanted delay
and jitter in a mobile network, and therefore the industry
is looking into solutions to avoid that using for example
carrier grade management. In Ethernet the latency will also
be affected by the number of switches to be passed through;
this is the reason why Time Sensitive Networking (TSN) is
providing options for traffic prioritization in the standard for
frame preemption [19].

The trend is pointing towards using Ethernet as the
fronthaul network [15], and this will be the focus in the
remainder of this paper.

4. Challenges in Mobile Fronthaul

The introduction of network slicing requires a virtualization
of the network and an efficient use of resources in the
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Figure 3: Fronthaul bitrates for selected functional splits. Note that,
as per formulas in [5], the CPRI linecode is included in the bitrate
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fronthaul network. This chapter looks into how Ethernet can
be the solution to that.

4.1. Functional Split. A packet-switched technology, like
Ethernet, does not obtain many benefits when transmitting
data requiring a constant bitrate. Therefore, with the user
bitrates highly increasing in 5G [2], the traditional split is
not a sustainable solution due to the very high and constant
fronthaul bitrate. The term functional split defines different
options for splitting up the functions in the protocol stack.
The trend points towards including more functions in the
DU compared to the traditional split. When only a few
functions are left in theDU, the signal is raw and the fronthaul
bitrate is high with a constant load. Adding more functions
in the CU will decrease the fronthaul bitrate and increase
the fronthaul flexibility, as the signal gets more processed
before the transmission, resulting in a fronthaul bitrate that
will vary with the user load. But the low and variable bitrate
comes with a cost; the DUs become more complex and
thereby more difficult to install and maintain. A variable
bitrate on the fronthaul network is crucial for Ethernet to
perform dynamical resource allocation, and the lower the
bitrate is, the more the resources can be multiplexed into
the same fiber. The fronthaul bitrate can be calculated by
looking at what type of data is actually being transmitted
on the fronthaul link, which is different depending on what
functional split is chosen. To state an example of the huge dif-
ference between the different functional splits, the fronthaul
bitrates for different functional split options are illustrated
in Figure 3. The fronthaul bitrates are calculated based on
formulas from [14] and considering a 20MHz LTE carrier
using two antenna ports and 64 QAM modulation. The
fronthaul bitrates are calculated for four different splits: the
traditional split between the RF and physical layer (RF/PHY),

a split in the physical layer (PHY), a split between the
physical layer and the Media Access Control (PHY/MAC),
and a split between the Packet Data Convergence Protocol
and Radio Resource Control (PDCP/RRC). The bitrates and
the corresponding split location in the LTE protocol stack.
The splits and their corresponding fronthaul bitrates are
illustrated in Figure 3. Here functions on the left side of the
red line are included in theCU and functions on the right side
are included in the DU.

Figure 3 illustrates the locations of four different func-
tional split options, and their corresponding fronthaul
bitrates. The bitrate for the RF/PHY option is very high, and
the bitrates for the PDCP/RRC and PHY/MAC options are
very low.The functional split will also determine whether the
bitrate on the fronthaul link is constant or varies with user
load.This is determined by the amount of functions left in the
DU, i.e., the amount of signal processing from the physical
layer taking place in the DU. Looking at Figure 3, then the
RF/PHY split has a constant load, where the PHY/MAC,
PDCP/RRC splits have bitrates varying with user load on
the fronthaul link. Whether the fronthaul bitrate is variable
or not for the PHY split is depending on where in the
physical layer the PHY split is located. Figure 4 illustrates the
functional blocks within the physical layer and what types of
data is transported in-between them. The blocks that affect
the fronthaul bitrate the most are highlighted and will be
further discussed; the remaining blocks are included in the
figure for completeness. Read from the right side, data is
received/transmitted from the RF block represented by IQ
symbols. The red line illustrates how functional splits that
includes the RE (de)mapper in the DU have a variable load
on the fronthaul link, where functional splits located closer
to the RF block have a constant load on the fronthaul link.

Read from the right towards left, Figure 4 illustrates
how the DL signal received by the antennas are transmit-
ted via the antenna ports into processing in the physical
layer before it is further sent to the MAC using transport
blocks, and reverse for the receiver. In the RF block, the
signal is up/down converted and sampled. When entering
the PHY block, the cyclic prefix is removed and sent into
the Fast Fourier Transformation (FFT) where the signal is
converted into subcarriers in the frequency domain.The FFT
process induces a large reduction on the fronthaul bitrate,
which in LTE corresponds to 40%, due to removal of guard
subcarriers [20]. The Resource Element (RE) mapper maps
between subcarriers and symbols. In this process, the unused
subcarriers forwarded from the FFT can be detected. This
way the RE mapper makes the signal vary with the user load
[20]. Therefore, DUs that include the RE mapper will have a
variable bitrate on the fronthaul link. And DUs that do not
include the RE mapper will have a constant bitrate on the
fronthaul link; i.e., functional splits on the left side of the
red line have variable bitrate, and functional splits on the
right side have constant bitrate on the fronthaul link. Another
process in PHY that will further reduce the fronthaul bitrate
is the modulation. When modulating the signal, a certain
amount of bits will be mapped into one symbol, depending
on the order of modulation [21].The order of modulation will
then determine how much the signal is reduced.
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Using transport blocks the signal is transmitted from
the physical layer into the MAC. In the LTE MAC, the
Hybrid Automatic Repeat Request (HARQ) process is located
together with a scheduler determining the cooperation
among DUs [10]. The HARQ process is very time critical
[21] and this puts large latency constraints on the fronthaul
network when this process is located in the CU-datacenter.
The scheduler on the other hand is beneficial to have in the
centralized CU-datacenter for better management of the DU
resources. Some functional splits are proposed to separate the
scheduler into a local scheduler block in theDUs and a central
scheduler in the CU-datacenter [10].

4.2. Fronthaul Delay. It is crucial for the fronthaul link
to comply with different delay requirements, both because
different functions within the protocol stack have different
delay requirements and because different applications have
different requirements to the response time. In network
slicing, where all services rely on one network, the network
needs to be compatible with the worst case situations. Using a
packet-switched network, an extra delay can be expected due
to queuing or a slight delay added in frame preemption for
the high priority packets [19].The delay on the fronthaul link
is crucial to determine the length of the fronthaul network,
as the distance between a DU and the CU-datacenter is
determined by the maximum delay. Since certain functions
and services determine the delay limits in the network, this
delay will also determine the maximum distance between the
DU and the CU-datacenter. The delay is given in

𝐷𝑒𝑙𝑎𝑦 = 2 ⋅ 𝑡𝑟𝑎𝑛𝑠𝑚𝑖𝑠𝑠𝑖𝑜𝑛 𝑑𝑒𝑙𝑎𝑦 + 𝑝𝑟𝑜𝑐𝑒𝑠𝑠𝑖𝑛𝑔 𝑑𝑒𝑙𝑎𝑦 (1)

The transmission delay is calculated as

𝑇𝑟𝑎𝑛𝑠𝑚𝑖𝑠𝑠𝑖𝑜𝑛 𝑑𝑒𝑙𝑎𝑦 =
𝑃𝑎𝑐𝑘𝑒𝑡 𝑠𝑖𝑧𝑒

𝑓𝑟𝑜𝑛𝑡ℎ𝑎𝑢𝑙 𝑏𝑖𝑡𝑟𝑎𝑡𝑒
(2)

The maximum Ethernet packet size is 1500 bytes. The fron-
thaul bitrates are calculated based on formulas in [14].

The Round Trip Time (RTT) describes the time from a
request is sent until amessage is received, and therefore it also
includes the propagation delay, i.e., the time for the request to
propagate through the given medium with a certain length.
The RTT is given in

𝑅𝑇𝑇 = 𝑑𝑒𝑙𝑎𝑦 + 2 ⋅ 𝑝𝑟𝑜𝑝𝑎𝑔𝑎𝑡𝑖𝑜𝑛 𝑑𝑒𝑙𝑎𝑦 (3)

The RTT delay needs to be compliant with the delay require-
ments for the specific service that it is running, and when
an Ethernet fronthaul is assumed, the delay for queuing
and processing through Ethernet needs to be considered.
Therefore a delay for one Ethernet switch is added as Dsw and
multiplied by the number of switches:

𝑅𝑇𝑇 > 𝑑𝑒𝑙𝑎𝑦 + 2 ⋅ 𝐷𝑠𝑤 ⋅ # 𝑠𝑤𝑖𝑡𝑐ℎ𝑒𝑠 + 2

⋅ 𝑝𝑟𝑜𝑝𝑎𝑔𝑎𝑡𝑖𝑜𝑛 𝑑𝑒𝑙𝑎𝑦
(4)

The delay in one switch, Dsw is depending on the type of
switch and the packet size. The following equation is an
assumption for Dsw assuming a Gb Ethernet switch is used:

𝐷𝑠𝑤 =
𝑃𝑎𝑐𝑘𝑒𝑡 𝑠𝑖𝑧𝑒

1 ⋅ 109
⋅ 1000𝑚𝑠

⋅ 𝑠𝑤𝑖𝑡𝑐ℎ 𝑝𝑟𝑜𝑐𝑒𝑠𝑠𝑖𝑛𝑔 𝑡𝑖𝑚𝑒 𝑎𝑛𝑑 𝑞𝑢𝑒𝑢𝑖𝑛𝑔 𝑑𝑒𝑙𝑎𝑦

(5)

The total switch processing time and queuing delay can be
adjusted according to amount of traffic and priority packets.
In this work, it is assumed to be factor 3.

The propagation delay is calculated as

𝑃𝑟𝑜𝑝𝑎𝑔𝑎𝑡𝑖𝑜𝑛 𝑑𝑒𝑙𝑎𝑦 = 𝑝𝑟𝑜𝑝𝑎𝑔𝑎𝑡𝑖𝑜𝑛 𝑑𝑒𝑙𝑎𝑦 𝑝𝑒𝑟 𝑘𝑚

⋅ 𝑓𝑟𝑜𝑛𝑡ℎ𝑎𝑢𝑙 𝑟𝑎𝑛𝑔𝑒
(6)

The distance between the DU and CU, the fronthaul range,
can be determined by

𝐹𝑟𝑜𝑛𝑡ℎ𝑎𝑢𝑙 𝑟𝑎𝑛𝑔𝑒 ≤
(𝑅𝑇𝑇 − 𝑑𝑒𝑙𝑎𝑦)

𝑝𝑟𝑜𝑝𝑎𝑔𝑎𝑡𝑖𝑜𝑛 𝑑𝑒𝑙𝑎𝑦 𝑝𝑒𝑟 𝑘𝑚
(7)

As an example, eMBB is considered as the service giving
the delay requirements, here the maximum latency for the
user plane is 4ms [22], corresponding to 8ms RTT.The fiber
propagation delay is 10𝜇s/km [23].

Figure 5 illustrates how much the fronthaul range is
affected when the transmitted data has to pass through
different numbers of switches. Depending on the processing
delay, the fronthaul range can be several hundred of km.
It must be considered that the processing time might be
lower in the CU-datacenter compared to the standalone
DU. Therefore the processing delay has to be distinguished
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Figure 5: Fronthaul range corresponding to different amounts of
fronthaul delay illustrated for different numbers of switches in the
fronthaul network.

between the amount of functions being processed in the DU
and in the CU-datacenter. The amount of switches the data
needs to pass on the way between the DU and the CU-
datacenter will most likely depend on the population density
in the current area, as a higher population density might
incur more switches in the area. Looking at Figure 5, then the
difference between passing one switch and 25 switches gives
a difference in the fronthaul range of approximately 170 km.

Some functionswithin the LTEprotocol stack have higher
requirements to the max delay; this is for example the HARQ
process located in the MAC, which is limited by a RTT of
5ms [21]. And because LTE might need to coexist with other
RATs on its own network slice, HARQ is also considered
here. In splits where the HARQ process is located in the
CU-datacenter, the signal needs to be transferred over the
fronthaul network and back within the 5ms RTT. The RTT
of the HARQ located in the DU and the CU, respectively, is
illustrated in Figure 6.

Figure 6 shows how the distance to overcome when the
HARQ process is located in either the CU or the DU. When
the HARQ process is located in the DU, the distance to the
user is very short and the signal only has to travel from the
user to the DU and back within the 5ms of RTT. Therefore,
the latency for the splits where the HARQ process is included
in the DU is more relaxed and results in a much longer
fronthaul range.The location of the MAC andHARQprocess
in the LTE protocol stack is illustrated in Figure 7.

Due to the HARQ process’s delay limitations, three delay
scenarios exist: one for the splits before the RE mapper,
having a constant load on the fronthaul link, one for the
remaining splits where the HARQ is located in the CU-
datacenter, and one for the splits where the HARQ is located
in the DU and the latency is limited by a certain service. The
latter one has already been described.

The delay budget for the splits before the REmapper, with
no Ethernet delay added as the connection is expected to be
circuit-switched:

5𝑚𝑠 > 𝑑𝑒𝑙𝑎𝑦 + 2 ⋅ 𝑝𝑟𝑜𝑝𝑎𝑔𝑎𝑡𝑖𝑜𝑛 𝑑𝑒𝑙𝑎𝑦 (8)

The delay budget for the split options after the RE mapper,
where the HARQ is still located in the CU, here an Ethernet
fronthaul is assumed and therefore a delay for one Ethernet
switch is added as Dsw and multiplied by the number of
switches:

5𝑚𝑠 > 𝑑𝑒𝑙𝑎𝑦 + 2 ⋅ 𝐷𝑠𝑤 ⋅ # 𝑠𝑤𝑖𝑡𝑐ℎ𝑒𝑠 + 2

⋅ 𝑝𝑟𝑜𝑝𝑎𝑔𝑎𝑡𝑖𝑜𝑛 𝑑𝑒𝑙𝑎𝑦
(9)

Figure 8 illustrates the fronthaul range limited by the HARQ
process. The number of switches is 5.

Figure 8 shows how the HARQ requirements affect the
range of the fronthaul link. The figure also shows how
different processing delays will affect the fronthaul range.
Applications that have larger requirements to the delay need
to follow this limitation if they use the traditional functional
split or a split where the HARQ is located in the CU.
Applications that have the HARQ located in the DU have
larger requirements to the delay resulting in a much longer
fronthaul range illustrated in Figure 5. Figure 8 clearly shows
that the delay added by the Ethernet network affects the
fronthaul length, as the options “Before REmap” and “HARQ
in CU” have a clearly division. Theoretically, the processing
delay should be lower for the functions implemented in
the CU-datacenter, as those have higher processing powers
available compared to the single DUs at the cell sites. This
would in that case affect the RTT, but this has not been taken
into consideration in these calculations. Figure 8 shows how
using an Ethernet network as fronthaul has a minor impact
on the delay and thereby the fronthaul range.

5. Discussion

In a physical network used for network slicing, one network
has to carry the traffic from several logical networks, each
having very different requirements to the physical network.
The one physical network needs to be able to run all extreme
scenarios at the same time. Itmust have high capacity in terms
of bitrates and number of supported devices and it must be
extremely resilient and support ultralow latency, all at the
same time for the network resources to be utilized on the
right slices. C-RAN networks open up for the opportunity
to share processing resources and allocate extra resources
where they are needed as several functions are incorporated
in a datacenter. But when using a circuit-switched fronthaul,
resources are statically assigned and provide a dedicated
transmission. Therefore a trade-off exists between latency
added in packet queues and dynamical resource allocation
in the fronthaul network. The trend points towards using
the already established Ethernet network as fronthaul. If a
solution using Ethernet or another packet-switched fronthaul
technology is chosen, the capabilities provided by TSNwill be
highly necessary to prioritize the functions with very strict
latency requirements. In Ethernet the physical resources can
be utilized in a more efficient manner by flexibly allocating
capacity within the fibers and the switches corresponding to
a specific slice’s demands. Using a flexible resource allocation,
it is optional whether TSN is used in one slice or not. It is
also optional what functional split is used in a specific slice
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Figure 8: Fronthaul range for LTE scenarios complying with HARQ
requirements.

and so on. One big downside of using a packet-switched
network is usually that the delay is enhanced, but due to the
calculations prior to Figure 8, the delay is minor. The length
of the fronthaul, referring to Figures 5 and 8, is depending on
the delay requirements and the available processing powers.

A crucial parameter is to decide which functional split
to use, or in which situations a certain functional split shall
be used. Different functional splits have different pros and
cons, which is partly related to what benefits the different

functions have when they are local, close to the user or when
they are centralized benefitting from large processing powers
in the CU-datacenter. Hence different functional splits can
be used in different scenarios. Some scenarios might require
a large amount of centralized processing and a simple DU,
where other scenarios obtain benefits in separating the user
plane and control plane. Other functional splits are in-
between these extremities: they want the benefits from a
simplified DU but they also want a low fronthaul bitrate.
Seen from a network slicing perspective it is recommended
to use functional splits that have a variable fronthaul bitrate
and runs over a packet-switched network. Considering the
primary 5G drivers from [3], then eMBB will benefit from a
variable bitrate on the fronthaul link; as enormous amounts of
data needs to be transmitted at peak times, it will also benefit
from a large amount of centralized processing, for a more
efficient allocation of resources. mMTC has relaxed bitrate
requirements; therefore it will benefit from a simple DU for
easy deployment and maintenance. uMTC has very strict
requirements to the latency, and thereby it requires a network
with good trafficmanagement and flexible resource allocation
in the fronthaul network for faster transmission, and it will
benefit from a centralized MAC scheduler. If C-RAN carries
the network architecture for the physical network in network
slicing, this one network needs to be compatible with all
the requirements in all slices. In this manner it would make
most sense to use different functional splits for different
slices, in order to obtain the best resource utilization and
performance.
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6. Conclusion

C-RAN is a promising network architecture enabling virtual-
ization techniques to be used for example for network slicing.
In C-RAN the sites are connected, using a fronthaul network,
to high capacity datacenters running more or less base station
processing functions. Deploying a fronthaul network faces a
trade-off between fronthaul bitrate, flexibility, and complexity
of the local equipment close to the user. Network slicing
introduces the concept of one physical network running
several logical networks with different requirements on top.
As the different slices can have very large and differentiated
requirements to the network, the physical network needs to
be equipped to handle extreme scenarios. This work showed
how using a packet-switched fronthaul, for network slicing
will bring great advantages and enable the use of different
functional splits, while the price to pay is a relatively minor
delay.
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Poznań University of Technology, Polanka 3, 60-965 Poznań, Poland
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The article proposes a newmethod of determining traffic characteristics of multiservice overflow systems that carry adaptive traffic.
When the total offered load in primary resources exceeds a certain value, this type of traffic is admitted for service with lower
bitrate. A particular attention is given in the article to a method for a determination of the parameters of traffic that overflows to
secondary resources as well as to the way adaptive traffic is serviced. The method takes into consideration three possible types of
traffic: Erlang, Engset, and Pascal traffic. It is based on a generalization of Hayward’s concept and its application to model systems
with adaptive traffic with threshold compression. The method can be used for optimal dimensioning of logical networks (slices) in
modern mobile systems due to possibility of analytical determination of grade of service parameters (blocking probability, carried
traffic, and network load). To verify the accuracy of the proposed model the results of analytical calculations, obtained on the basis
of the proposedmodel, are then comparedwith the results of simulation experiments for a number of selected structures of overflow
systems that service adaptive traffic. The results of the study demonstrate high accuracy of the proposed theoretical model.

1. Introduction

Themechanism of traffic overflow has been used in telecom-
munications networks for over seventy years as one of the
oldest optimization techniques for traffic distribution. The
overflow mechanism is initiated when the resources of a
given system (the so-called primary resources (PR)) are
occupied and, in consequence, unavailable for new calls.
These calls, however, can be admitted for service by other
systems that have free resources (the so-called secondary
resources (SR)) available to handle new calls [1]. In the
1950s, the introduction of cross-connect switching systems to
telecommunications networks allowed overflowmechanisms
to be applied in network engineering. These mechanisms
for single-service networks have been thoroughly described
and analyzed in such classic works as [2–12]. In [2, 3], the
Equivalent Random Traffic (ERT) method is developed for
a determination of the blocking probability in single-service
overflow systems. This method takes advantage of the first
two moments of traffic that overflows from PR to SR, i.e., the
mean value and variance. This, in turn, provides a basis for

the so-called equivalent resources to be defined. Equivalent
resources allow then the blocking probability in an overflow
system to be directly determined. An interesting method for
a description of single-service overflow systems is proposed
in [10]. The method is based on a modification of Erlang’s
formula, in which the capacity of secondary resources and
the value of traffic offered to the overflow group are divided
by the peakedness factor of overflow traffic, i.e., by the
ratio of the variance of overflow traffic to its mean value.
Such an approach has significantly simplified the way the
blocking probability in overflow systems can be determined
as compared to the ERT method. The works [5, 13, 14] point
out the possibility of an approximation of the call stream
that overflows from the primary resources in a call stream of
Pascal type. In [15, 16] systems with mutual traffic overflow
are considered and discussed.

A commercial application of the first multiservice Inte-
grated Services Digital Network (ISDN) in continuously
carried out until now within the context of new technologies
andnetwork standards that are being successively introduced.
The works [17–19] propose a description of overflow traffic
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withMarkov-Modulated Poisson Process (MMPPprocesses),
whereas in [20, 21] the Batched Poisson Process (BPP) is
used. The authors of [20, 22, 23] consider a possibility
of an application of traffic stream with an assumed value
of the peakedness factor. The papers [24–26] propose a
number of engineering methods for dimensioning multi-
service systems with overflow traffic. These methods are
based on an application of the approach [10] with regard to
multiservice full-availability resources (FAR full availability
resources), the so-called full-availability groups (FAG) [1,
27]. The full-availability approach means that a new call
will be admitted for service if the system has sufficient
capacity (resources) necessary for this call to be serviced.
FAR with offered mixture of Erlang, Engset, and Pascal
traffic streams with varied bitrates can be described on the
basis of multiservice Markov processes that, when solved,
provide simple recurrence formulas [28, 29] (for a mixture
of Erlang traffic) and [30, 31] (for a mixture of Erlang,
Engset and Pascal traffic). Dividing the values of traffic of
individual classes offered to the secondary resources by the
corresponding peakedness factors makes it possible to model
multiservice SR and, in consequence, the blocking probability
of an overflow system. In [32], to model overflow systems
a two-dimensional convolution model is proposed, while in
[33] the overflow system is approximated by ideal nonfull
availability resources (called Erlang Ideal Grading (EIG) in
the literature of the subject [34]). In models [35–37] overflow
systems are considered in which overflow traffic changes
the service parameters in the secondary resources, such as
the service time and bitrate. In the study, a change in the
parameters is not, however, related to network mechanisms
for traffic shaping.

Present-day multiservice networks, including 4G and 5G
mobile networks, are packet networks (based on IP (Internet
protocol) at Internet Layer and TCP (Transmission Control
Protocol) at transportation layer in which packet streams
undergo different traffic shaping mechanisms. One of the
most widely used mechanisms used in TCP/IP networks,
both wired and mobile, are the mechanisms of threshold
and thresholdless traffic compression. Traffic that is subject
to the operation of these mechanisms is called elastic [38]
(based on TCP) or adaptive traffic [39] (based on RTP/UDP
(Real Time Protocol/User Datagram Protocol)), respectively.
Compression mechanisms lead to a decrease in the bitrate
of new or currently serviced packet streams and, in conse-
quence, make it possible for a larger number of streams to
be serviced. A decrease in the bitrate can be accompanied
with an extension of service time, which occurs, for example,
in the case of an execution of a service in which all data
has to be transferred in its entirety (elastic traffic). In other
cases, the service time is fixed (adaptive traffic). Elastic and
adaptive traffic can be executed by threshold and thresh-
oldless compressionmechanisms.Thresholdless compression
mechanisms influence calls that are being serviced, whereas
threshold compressionmechanisms reduce bitrate of streams
in the admission stage of new calls with the help of the Call
Admission Control (CAC) function. When this service has
been initiated, the bitrate determined by the CAC function is
not changed any more. In practice, elastic traffic is executed

in a thresholdless manner, since it is characteristic for all
services that employ the TCP protocol. These are typically
nonreal time services, in which all data has to be transmitted.
Hence, a decrease in the bitrate will be accompanied by an
extension of the service time. Adaptive traffic, in turn, is
typically executed in the threshold manner and is charac-
teristic for real time services that employ the UDP protocol.
Since the UDP protocol itself does not have an ability of
influencing a packet source, it was necessary to introduce the
RTP (Real Time Protocol) and RTSP (Real Time Streaming
Protocol) protocols in upper layers. The protocols allow
rapid changes in the bitrate speed of generated packet
streams to be executed without any extension of the service
time.

The work [40] proposes a multiservice FAR model that
services thresholdless elastic traffic with finite compression.
The notion of finite compression means that the allocated
bitrate for a given flow (call) can be decreased within certain
boundaries. In [41], this model is generalized to include
infinite thresholdless compression in which flows always
decrease their bitrates as soon as resources are occupied. In
such a system, the phenomenon of call blocking will never
occur even though the bitrates of serviced calls can, with
large loads of the system, tend towards zero. The analytical
base for the models [40, 41] is multidimensional reversible
Markov processes with strictly specified values for service
streams in individual states. They directly determine the dis-
tribution of FAR resources between serviced call classes.This
distribution, resulting from a Markov process, is compliant
with the so-called balanced fairness algorithm [42–44]. The
algorithm leads to a state-dependent Markov process service
of all traffic classes offered to the system. In [45], the model
[40] is expanded to include service of thresholdless elastic
and adaptive traffic.

The first FAR model with threshold compression is pro-
posed in [46, 47]. In this model, developed for Erlang elastic
traffic, one threshold is used (the so-called Single Threshold
System (STS)).When the threshold is crossed by input signal,
the bitrates of new calls that arrive are decreased. In [40],
STS for elastic Engset traffic is proposed. The work [48] dis-
cusses systems with multiple thresholds (the so-called Multi
Threshold System (MTS)) and for elastic Erlang traffic, while
works [49, 50] discuss systems for Engset traffic andON/OFF
traffic, respectively. The authors of [1, 51] propose MTS for
elastic and adaptive Erlang, Engset, and Pascal traffic. In [52],
the threshold compression mechanism is replaced with a
more complex hysteresis mechanism, in which thresholds are
dependent on the direction of changes in the load of the sys-
tem, i.e., two thresholds are introduced: one for the direction
of changes: low loads-high loads; the other for the direction
of changes: high loads-low loads. The paper [53] describes a
model with double hysteresis and Erlang, Engset, and Pascal
traffic.

The problem of determining traffic parameters of mul-
tiservice networks and optimal resource allocation in mul-
tiservice networks became especially important in the case
of 5G mobile networks that rely on virtualization (slicing)
of resources [54–57]. One of the fundamental difficulties
arises from the necessity of servicing different classes of
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traffic streams by a network. The next important element
influencing the complexity of the resource management
mechanisms in virtual networks (slices) is the fact that
resources can be executed both with the utilization of a
single physical resource and with the utilization of many
physical resources. The initial analysis of the problem related
to designing feasible strategies of resource management in
multiservice network indicates that the ones of themost effec-
tive strategies can be reservation mechanisms of resources,
both dynamic (executed online and securing well-balanced
access to network resources) and static (executed appro-
priately ahead of time with time advancement) [1], as well
as threshold mechanisms [58, 59] and priority mechanisms
[60].

The mechanisms adopted by telecommunications oper-
ators and network protocols (e.g., reservation mechanism
and compression) require performing appropriate traffic
analysis of the operating network systems and their optimal
dimensioning. Until recently, themain emphasis has been put
on the blocking probability calculation in systems without
virtualization. Nowadays, in order to fully determine the
influence of resource management mechanisms on the effec-
tiveness of telecommunications networks as well as in order
to determine the optimal share of virtual operators in physical
resources, it is necessary to work out analytical methods that
would enable us to model traffic characteristics of virtual
networks with various resource management mechanisms
and network protocols. Additionally, in the case of the
mobile networks implementing slicing of resources, the very
promising technique of optimization of network resources
utilization is the overflow technique.The possibility of having
dedicated resources (treated as primary resources) for partic-
ular traffic streams (flows) allows mobile network operator
also to reserve a common resources (treated as secondary
resources) for streams that—even after compression—could
not be carried by the primary resources.

The first results on modelling networks with traffic over-
flow and elastic traffic were published in [45, 61]. The model
[61] is generalized in [62] to include systems that service
thresholdless elastic traffic inwhich secondary resources have
a distributed nature, i.e., are composed of a number of sepa-
rated resources with identical capacities [63] or differentiated
capacities [64]. Amodel inwhich both primary resources and
secondary resources have distributed nature is proposed in
[65].

Until now, no models of overflow systems with threshold
traffic compression have been developed, i.e., no model of
an overflow system with adaptive traffic in which calls can
undergo threshold compression in both primary resources
and secondary resources has been developed. This means
that, in the case where certain loads of the resources, deter-
mined earlier by an adopted set of thresholds, are exceeded,
new calls will be admitted for service with decreased bitrates
and unchanged service time.The absence of free resources in
primary resources results in a situation where a call overflows
to secondary resources, whereas lack of free resources in
the secondary resources leads to a loss of the call. This
article proposes a new model of an overflow system with
adaptive Erlang, Engset, and Pascal traffic, executed by

threshold mechanisms. The basis for the analytical descrip-
tion of primary and secondary resources will be the resource
models proposed in [1, 51]. The accuracy of the proposed
model will be verified on the basis of a comparison of
the results of the analytical calculations with the results
of the simulation experiments carried out for a network
with dedicated primary resources and a common secondary
resources.

The present article is structured as follows. Section 2
presents a description of the multiservice overflow system
for adaptive traffic in which calls undergo the threshold
compression mechanism. Section 3 includes a description of
primary resources with streaming and adaptive traffic that
is compressed in the threshold manner. This section also
provides a description of a method for an evaluation of the
traffic parameters for traffic that overflows from primary
resources. Section 4 provides a method for modeling sec-
ondary resources as well as the algorithm for a determination
of the blocking probability in an overflow adaptive traffic
system. Section 5 provides a comparison of the results of
the analytical calculation with the results of the simulation
experiments for selected structures of overflow systems.
Section 6 sums up the article.

2. Overflow of Adaptive
Traffic in Mobile Networks

Literature on modeling networks (systems) with traffic over-
flow mostly considers systems in which primary resources
are composed of a number of independent resources, called
primary groups or direct groups, and secondary resources
called secondary or alternative groups [66]. The approach
adopted for this article employs the following terminology for
primary resources (PR (primary resources)) and secondary
resources (SR (secondary resources)) [62, 65] that better
express the substantial idea of the overflow phenomenon
described in the article, i.e., the authors believe that the
notions of “virtual resources”, “cell resources”, or “radio
interface resources” will be more understandable by the
reader than the notion of “group”.

The assumption in the article is that in both primary
resources (slices) and secondary resources (slices) certain
classes of traffic—related to the RTP/UDP protocols—can
independently undergo threshold compression. This means
that when given resources exceed the assumed occupancy
threshold (load), new calls will be admitted with decreased
bitrate that, during the service, will remain unchanged. Since
the model aims at a description of adaptive traffic, the call
service time is always the same and is independent of the
compression process. Absence of appropriate bitrates for
calls that are compressed in primary resources will cause, in
turn, these calls to overflow to secondary resources. Since
the threshold compression mechanism is assigned to given
resources, the assumption is that a given flow overflows in
noncompressed form and, while in secondary resources, can
undergo independent (of primary resources) threshold com-
pression. Absence of free resources in secondary resources
leads then to losses in flows (calls) of particular classes.
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2.1. Traffic Representation in the System. In modern mobile
networks information is transmitted in IP packets. Packets
that belong to a given service that is just being executed form
streams that can be considered as calls or flows, e.g., [42, 45,
67]. Amathematical analysis of systems in which the internal
structure of packet streams is taken into consideration is
very complex [68, 69] and frequently leads to solutions that
are approximate and of a very limited practical applicability
or to simulation solutions [70, 71]. In dimensioning and
optimization of network systems, however, the approach
based on an analysis at the packet level cannot be applied to
an all-encompassing and broad-based network analysis. The
analysis at packet level only allows the aggregated parameters
of a packet stream to be evaluated, whereas a determination of
the characteristics of streams related to a given service in such
a mixture of different streams with different characteristics is
impossible. Therefore, the packet approach is not workable
and inadequate for network operators. In traffic theory
of multiservice systems a dominant approach is then the
“call level” approach. It is only this approach that makes it
possible to develop coherent models for dimensioning and
optimization of networks that would make evaluation of
the characteristics of individual services with their relevant
GoS (Grade of Service), QoS (Quality of Service), and QoE
(Quality of Experience) parameters taken into consideration
possible. The results of the studies [58, 67] carried out in
recent years indicate that streams at the call level can be
described or approximated by streams that have “Poisson”
nature. The adoption of such an approach makes it possible
to discretize the system and to analyze it on the basis of
multidimensional Markov processes. Discretization is based
on an exchange of the variable bit rate (VBR) of a packet
stream that forms a call by a certain constant bit rate (CBR),
called equivalent bandwidth (EB) [72, 73]. EB describes then
a constant bitrate that is logically allocated to a given call to
provide appropriate (accurate) service parameters for this call
in the network. Equivalent bandwidth is typically determined
heuristically [74, 75], with regard to such parameters as the
total capacity of the system, maximum and average bitrate
of the packet stream, bit rate variance, maximum packet
delay (latency), jitter, and other parameters characteristics
for a given network technology [75–78]. Nowadays, in the
description of multiservice systems related to modern packet
networks (TCP/IP networks in particular), the assumption
is that EB of relevant call classes is determined on the basis
of the maximum bitrates of packet streams that correspond
to calls. Such an approach is compliant with the system
dimensioning principle for the highest network load condi-
tions. It should be pointed out at this point, however, that
the method for EB determination has no influence on a
mathematical model of a system under consideration, while a
choice as to themost appropriatemethod should be subjected
to relevant arrangements between the network operator and
involved entities or stakeholders that are to execute all the
tasks concerning the design, development, and optimization
of a network.

The next stage in the discretization process is a determi-
nation of the allocation unit (AU) for a given system, also
called in literature Basic Bandwidth Unit (BBU) [58, 79, 80].

Most frequently this unit is defined as such a bitrate that
a demanded EB of calls of individual classes offered to the
system (called demands) is themultiple of the allocation unit.
If an assumption is that a demanded EB for calls of individual
classes that are offered to the system is determined on the
basis of the maximum bitrates of calls of individual classes,
then the maximum value of AU can be determined as the
Greatest Common Divisor (GCD) of all maximum bitrates
of calls offered to the system:

max 𝑐AU = GCD (𝑐1,max, 𝑐2,max, . . . , 𝑐𝑀,max) , (1)

where 𝑐𝑖,max is themaximumbitrate of a call of class 𝑖, whereas𝑐AU is the bitrate of AU. In the last stage of the discretization
process, both the demands of calls of individual classes and
the capacity of the system (real or virtual) are expressed in
AUs:

𝑡𝑖 = 𝑐𝑖,max𝑐AU ,
𝑉 = ⌊ 𝐶𝑐AU ⌋ ,

(2)

where 𝐶 is the capacity of the system.
Since the value of AU determined on the basis of (1) is the

maximum value, then if at a certain stage of considerations
noninteger values of demands 𝑡𝑖 for calls of particular classes
appear (e.g. as a result of threshold traffic compression), then
the system can be rescaled by an appropriate decrease in the
value of AUs, which will provide integer values for demands
of all call classes that are serviced in a system with threshold
compression. For example, if the assumption is that as a result
of the operation of a certain traffic shaping mechanism in
the system, calls of class 𝑖 with altered bitrate 𝑐𝑖,max,new will
appear, then the value of AUs can be selected on the basis of
(1), with new bitrates for calls of individual classes taken into
consideration:

max 𝑐AU = GCD (𝑐1,max, 𝑐2,max, . . . , 𝑐𝑀,max, 𝑐1,max,new,
𝑐2,max,new, . . . , 𝑐𝑀,max,new) . (3)

In modelling network systems related to TCP/IP net-
works the frequent assumption is that one AU has the value
of 1 bps (or 1 kbps). Such an approach allows modeling of
network systems to be greatly simplified [58].The assumption
in this article is that a call of each traffic class is determined by
the number of demanded allocation units, calculated earlier
on the basis of (2) and (3), thatwill always be integer numbers.
Another assumption in the article is that both primary
resources and secondary resources (real or virtual) have a
defined capacity, expressed in AUs. Demands of individual
call classes, also expressed in AUs, are known.

2.2. Resource Model with Threshold Compression for Adap-
tive Erlang Traffic. As an appropriate resource model with
threshold compression for Erlang traffic, theMultiThreshold
System (MTS), discussed in [1] can be used. Full-availability
resources (FARs), with the capacity 𝑉 AUs, are offered𝑚 call
classes from the set 𝑀. For each call of class 𝑖 (0 < 𝑖 ≤
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Figure 1: Resource model with threshold compression for adaptive
Erlang traffic for class 𝑖 calls.
𝑚), a set 𝑞𝑖 of thresholds {𝑄𝑖,1, 𝑄𝑖,2, . . . , 𝑄𝑖,𝑞𝑖} is introduced
individually, while {𝑄𝑖,1 ≤ 𝑄𝑖,2 ≤ . . . ≤ 𝑄𝑖,𝑞𝑖}. A threshold is
understood to be a certain occupancy state in FAR, expressed
in the number of occupied AUs. The occupancy area, such
that the number of occupied 𝑛 AUs satisfies the condition0 ≤ 𝑛 ≤ 𝑄𝑖,1, is called the prethreshold area. If the number
of occupied AUs belongs to the postthreshold area 𝑘, then
the condition 𝑄𝑖,𝑘 < 𝑛 ≤ 𝑄𝑖,𝑘+1 is fulfilled, where 0 <𝑘 ≤ 𝑞𝑖. The postthreshold area 𝑞𝑖 satisfies the condition𝑄𝑖,𝑞𝑖 < 𝑛 ≤ 𝑄𝑖,𝑉 (Figure 1). In each postthreshold area 𝑘,
the number of AUs allocated to service a call of class 𝑖 is 𝑡𝑖,𝑘,
whereas this parameter in the prethreshold area is 𝑡𝑖,0. The
assumption is that the parameters 𝑡𝑖,𝑘 satisfy the inequality𝑡𝑖,0 ≤ 𝑡𝑖,1 ≤ . . . ≤ 𝑡𝑖,𝑞𝑖 . In the prethreshold area and in
each postthreshold area 𝑘, offered traffic of class 𝑖 is described
by its own set of parameters {𝜆𝑖,𝑘, 𝜇𝑖,𝑘, 𝑡𝑖,𝑘}. The parameter𝜆𝑖,𝑘 is the intensity of calls of a Poisson stream (Erlang type
traffic) and is independent of the FAR occupancy state. Since
adaptive traffic is considered in MTS in which a change in
the demanded AUs is not accompanied by any extension of
the service time, then the average service intensity 𝜇𝑖,𝑘 in each
area, pre- and postthreshold, is identical. Therefore

∀0≤𝑘≤𝑞𝑖𝜆𝑖,𝑘 = 𝜆𝑖,
𝜇𝑖,𝑘 = 𝜇𝑖. (4)

Following (4), the intensity of traffic of class 𝑖 in the
prethreshold area and in each postthreshold area is identical:



ti,0
ti,1
ti,2

Qi,1 Qi,2 V

Figure 2: MTS for a single class and for 𝑞𝑖 = 2.

∀0≤𝑘≤𝑞𝑖𝐴 𝑖,𝐸𝑟,𝑘 = 𝜆𝑖𝜇𝑖 = 𝐴 𝑖,𝐸𝑟. (5)

The symbol 𝐸𝑟 in the lower index indicates that traffic under
consideration is Erlang traffic.

The operation of MTS with the example of one call class
for two thresholds is shown in Figure 2. In the prethreshold
area (0 ≤ 𝑛 ≤ 𝑄𝑖,1), the CAC function allocates to each call (of
class 𝑖) 𝑡𝑖,0 AUs. An increase in the load of the system, i.e., the
crossing of the threshold𝑄𝑖,1 results in a transition to the first
postthreshold area (𝑄𝑖,1 < 𝑛 ≤ 𝑄𝑖,2), in which the number
of allocated AUs for each call of class 𝑖 is 𝑡𝑖,1. A transition to
the second postthreshold area (𝑄𝑖,2 < 𝑛 ≤ 𝑉) is followed
by a decrease in the number of allocated AUs to the value 𝑡𝑖,2.
The occupancy distribution inMTS can be determined by the
following recurrence formula:

𝑛 [𝑃𝑛]𝑉 =
𝑚∑
𝑖=1

𝑞𝑖∑
𝑘=0

𝐴 𝑖,𝐸𝑟𝑡𝑖,𝑘𝛿𝑖,𝑘 (𝑛 − 𝑡𝑖,𝑘) [𝑃𝑛−𝑡𝑖,𝑘]𝑉 , (6)

where [𝑃𝑛]𝑉 is occupancy probability 𝑛 AUs in FAR with
the capacity 𝑉 AUs and 𝛿𝑖,𝑘(𝑛) is conditional probability of
transition for a stream of class 𝑖 that can be determined in the
following way:

𝛿𝑖,𝑘 (𝑛) = {{{
1 for 𝑄𝑖,𝑘 < 𝑛 ≤ 𝑄𝑖,𝑘+1,
0 for the remaining 𝑛. (7)

The assumption in Formula (7) is that𝑄𝑖,0 = 0. Notice that the
conditional transitional probability 𝛿𝑖,𝑘(𝑛) is equal to unity
only in such a load area in which the number of allocated AUs
is equal to 𝑡𝑖,𝑘.

The blocking probability in MTS can be determined on
the basis of Formula (8):

𝐸𝑖 =
𝑞𝑖∑
𝑘=0

𝐸𝑖,𝑘, (8)

where 𝐸𝑖,𝑘 is the blocking probability of class 𝑖 in the
postthreshold area 𝑘:

𝐸𝑖,𝑘 =

{{{{{{{{{{{{{{{{{{{{{{{{{

0 for
{{{
𝑉 − 𝑡𝑖,𝑘 ≥ 𝑄𝑖,𝑘+1,
𝑉 − 𝑡𝑖,𝑘 > 𝑄𝑖,𝑘,

𝑄𝑖,𝑘+1∑
𝑛=𝑉−𝑡𝑖,𝑘+1

[𝑃𝑛]𝑉 for
{{{
𝑉 − 𝑡𝑖,𝑘 < 𝑄𝑖,𝑘+1,
𝑉 − 𝑡𝑖,𝑘 > 𝑄𝑖,𝑘,

𝑄𝑖,𝑘+1∑
𝑛=𝑄𝑘+1

[𝑃𝑛]𝑉 for
{{{
𝑉 − 𝑡𝑖,𝑘 < 𝑄𝑖,𝑘+1,
𝑉 − 𝑡𝑖,𝑘 ≤ 𝑄𝑖,𝑘.

(9)
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On the basis of (9) it is possible to verify that the blocking
probability in a given postthreshold area 𝑘 depends on the
position of a given reference state𝑉−𝑡𝑖,𝑘 in relation to the pair
of thresholds 𝑄𝑖,𝑘 and 𝑄𝑖,𝑘+1 that limit the threshold area 𝑘.
The assumption in our further considerations is that blocking
of the system can occur only in the oldest post-threshold area𝑞𝑖. This means that all reference states 𝑉 − 𝑡𝑖,𝑘, for 𝑘 ̸= 𝑞𝑖, are
located above the threshold𝑄𝑖,𝑘+1, whereas the threshold𝑄𝑖,𝑞𝑖
is selected in such away that the conditions𝑄𝑖,𝑞 < 𝑉−𝑡𝑖,𝑞𝑖 < 𝑉
are fulfilled. In this particular case the blocking probability in
the threshold system is defined by the following formula:

𝐸𝑖 = 𝐸𝑖,𝑞𝑖 =
𝑉∑

𝑛=𝑉−𝑡𝑖,𝑞𝑖+1

[𝑃𝑛]𝑉 . (10)

It should be stressed that such a choice as to the thresh-
olds, where blocking state is possible only in the oldest
postthreshold area, is in compliance with the very idea of
the introduction of threshold mechanism; i.e., to avoid the
blocking phenomenon, the system decreases bitrates of new
calls after successive thresholds are crossed and it is only
in the oldest postthreshold area (where the lowest bitrate
is allocated to new calls) that a certain number of calls
are blocked. Therefore, a selection of thresholds that allows
blocking in different postthreshold areas to occur is not a
workable choice from the engineering point of view.

If a given traffic class 𝑖 is a class of streaming traffic that
does not undergo threshold compression, then, in line with
the adopted notation, one threshold is introduced to this
traffic with the value equal to the capacity of FAR, i.e., 𝑄𝑖,1 =𝑉. This means that the system in all the areas of possible
occupancies can be treated as a prethreshold area inwhich the
number of allocated AUs is always constant and is 𝑡𝑖,0. Hence,
streaming traffic of class 𝑖 can be described by the following
conditions:

𝛿𝑖,𝑘 (𝑛) = {{{
1 for 𝑘 = 0 and 0 ≤ 𝑛 ≤ 𝑉,
0 for 𝑘 = 1, (11)

𝑡𝑖,𝑘 = {{{
𝑡𝑖,0 for 𝑘 = 0,
0 for 𝑘 = 1. (12)

If all traffic classes are of streaming nature, then (6) comes in
its essence to the well-known recurrence [28, 29]:

𝑛 [𝑃𝑛]𝑉 =
𝑚∑
𝑖=1

𝐴 𝑖,𝐸𝑟𝑡𝑖,0 [𝑃𝑛−𝑡𝑖,0]𝑉 . (13)

2.3. Model of Resources withThreshold Compression for Adap-
tive Erlang, Engset, and Pascal Traffic. Consider a FAR in
which the capacity is 𝑉 AUs and to which 𝑚 traffic classes
from the set𝑀 are offered.The assumption is that𝑚𝐸𝑟 classes
that belong to the set𝑀𝐸𝑟 are of Erlang type,𝑚𝐸𝑛 classes that
belong to the set𝑀𝐸𝑛 are Engset traffic, and 𝑚𝑃𝑎 classes that
belong to the set 𝑀𝑃𝑎 are Pascal traffic, while 𝑚𝐸𝑟 + 𝑚𝐸𝑛 +𝑚𝑃𝑎 = 𝑚 and𝑀𝐸𝑟∪𝑀𝐸𝑛∪𝑀𝑃𝑎 = 𝑀. Engset and Pascal traffic
are state-dependent and depend on the state of the system, in

particular on the number of Engset and Pascal calls that are
already being serviced [31]:

𝐴𝑗,𝐸𝑛 (𝑛) = 𝛼𝑗,𝐸𝑛 [𝑆𝑗,𝐸𝑛 − 𝑦𝑗,𝐸𝑛 (𝑛)] ,
where 𝑗 ∈ 𝑀𝐸𝑛, (14)

𝐴 𝑙,𝑃𝑎 (𝑛) = 𝛼𝑙,𝑃𝑎 [𝑆𝑙,𝑃𝑎 + 𝑦𝑙,𝑃𝑎 (𝑛)] , where 𝑙 ∈ 𝑀𝑃𝑎, (15)

where

(i) 𝐴𝑗,𝐸𝑛(𝑛) is average intensity of Engset traffic of class 𝑗
in FAR that is in the occupancy state 𝑛 AUs,

(ii) 𝐴 𝑙,𝑃𝑎(𝑛) is average intensity of Pascal traffic of class 𝑙
in FAR that is in the occupancy state 𝑛 AUs,

(iii) 𝛼𝑗,𝐸𝑛 is average intensity of Engset traffic of class 𝑗
generated by one free source:

𝛼𝑗,𝐸𝑛 = 𝛾𝑗,𝑛𝜇𝑗,𝑛 , (16)

(iv) 𝛾𝑗,𝑛 is average intensity of Engset calls of class 𝑗,
generated by one free source,

(v) 𝜇𝑗,𝑛 is average service intensity for Engset calls of class𝑗,
(vi) 𝛼𝑙,𝑃𝑎 is average intensity of Pascal traffic of class 𝑙

generated by one free source:

𝛼𝑙,𝑃𝑎 = 𝛾𝑙,𝑃𝑎𝜇𝑙,𝑃𝑎 , (17)

(vii) 𝛾𝑙,𝑃𝑎 is average intensity of Pascal calls of class 𝑙
generated by one free source,

(viii) 𝜇𝑙,𝑃𝑎 is average service intensity for Pascal calls of class𝑙,
(ix) 𝑆𝑗,𝐸𝑛 is the number of Engset traffic sources of class 𝑗,
(x) 𝑆𝑙,𝑃𝑎 is the number of Pascal traffic sources of class 𝑙.
Theparameters𝑦𝑗,𝐸𝑛(𝑛) and𝑦𝑙,𝑃𝑎(𝑛) are the average values

of the number of serviced Engset calls of class 𝑗 and Pascal
calls of class 𝑙 in FAR that are in the occupancy state 𝑛 AUs.
The method for a determination of these parameters will be
given further on in the section. Let us assume now that each
class of Engset and Pascal traffic will be assigned its own
set of thresholds and that traffic is of adaptive nature. The
occupancy distribution inMTS to which amixture of Erlang,
Engset, and Pascal traffic is offered can be determined on the
basis of the following recurrence formula [51]:
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𝑛 [𝑃𝑛]𝑉 = ∑
𝑖∈𝑀𝐸𝑟

𝑞𝑗∑
𝑘=0

𝐴 𝑖,𝐸𝑟𝑡𝑖,𝑘𝛿𝑖,𝑘 (𝑛 − 𝑡𝑖,𝑘) [𝑃𝑛−𝑡𝑖,𝑘]𝑉
+ ∑
𝑗∈𝑀𝐸𝑛

𝑞𝑗∑
𝑘=0

𝛼𝑗,𝐸𝑛 [𝑆𝑗,𝐸𝑛 − 𝑦𝑗,𝐸𝑛,𝑘 (𝑛 − 𝑡𝑗,𝑘)]

⋅ 𝑡𝑗,𝑘𝛿𝑗,𝑘 (𝑛 − 𝑡𝑗,𝑘) [𝑃𝑛−𝑡𝑗,𝑘]𝑉 + ∑
𝑙∈𝑀𝑃𝑎

𝑞𝑙∑
𝑘=0

𝛼𝑙,𝑃𝑎
⋅ [𝑆𝑙,𝑃𝑎 + 𝑦𝑙,𝑃𝑎,𝑘 (𝑛 − 𝑡𝑙,𝑘)] 𝑡𝑙,𝑘𝛿𝑙,𝑘 (𝑛 − 𝑡𝑙,𝑘)
⋅ [𝑃𝑛−𝑡𝑙,𝑘]𝑉 ,

(18)

where the parameters 𝑦𝑗,𝐸𝑛,𝑘 and 𝑦𝑙,𝑃𝑎,𝑘(𝑛) are the average
numbers of serviced Engset calls of class 𝑗 and Pascal calls of
class 𝑙 in FAR that are in the occupancy state 𝑛AUs, whereas 𝑛
belongs to the prethreshold area (𝑘 = 0) or postthreshold area(0 < 𝑘 ≤ 𝑞𝑗, 0 < 𝑘 ≤ 𝑞𝑙).These parameters can be determined
on the basis of the following formula:

𝑦𝑗,𝐸𝑛,𝑘 (𝑛)
= 𝛼𝑗,𝐸𝑛 [𝑆𝑗,𝐸𝑛 − 𝑦𝑗,𝐸𝑛,𝑘 (𝑛 − 𝑡𝑗,𝑘)] [𝑃𝑛−𝑡𝑗,𝑘]𝑉[𝑃𝑛]𝑉 , (19)

𝑦𝑙,𝑃𝑎,𝑘 (𝑛) = 𝛼𝑙,𝑃𝑎 [𝑆𝑙,𝑃𝑎 + 𝑦𝑙,𝑃𝑎,𝑘 (𝑛 − 𝑡𝑙,𝑘)] [𝑃𝑛−𝑡𝑙,𝑘]𝑉[𝑃𝑛]𝑉 . (20)

Formulas (19) and (20) define, respectively, the param-
eters 𝑦𝑗,𝐸𝑛,𝑘(𝑛) and 𝑦𝑙,𝑃𝑎,𝑘(𝑛) for the following ranges of the
variable 𝑛:𝑄𝑗,𝑘 + 𝑡𝑗,𝑘 < 𝑛 ≤ 𝑄𝑗,𝑘+1;𝑄𝑙,𝑘 + 𝑡𝑙,𝑘 < 𝑛 ≤ 𝑄𝑙,𝑘+1 [51].

Assuming, exactly as in the case of MTS with Erlang
traffic, that blocking of the system can occur only in the
oldest postthreshold area, the blocking probability for calls of
individual types can be expressed by Formula (10) that in the
adopted notation for particular traffic types can be written as
follows:

𝐸𝑖,𝐸𝑟 = 𝑉∑
𝑛=𝑉−𝑡𝑖,𝑞𝑖+1

[𝑃𝑛]𝑉 for 𝑖 ∈ 𝑀𝐸𝑟, (21)

𝐸𝑗,𝐸𝑛 = 𝑉∑
𝑛=𝑉−𝑡𝑗,𝑞𝑗+1

[𝑃𝑛]𝑉 for 𝑗 ∈ 𝑀𝐸𝑛, (22)

𝐸𝑙,𝑃𝑎 = 𝑉∑
𝑛=𝑉−𝑡𝑙,𝑞𝑙+1

[𝑃𝑛]𝑉 for 𝑙 ∈ 𝑀𝑃𝑎. (23)

In the occupancy distribution FAR with adaptive traffic exe-
cuted in the threshold manner (18), there are the parameters𝑦𝑗,𝐸𝑛,𝑘(𝑛) and 𝑦𝑙,𝑃𝑎,𝑘(𝑛) that can, in turn, be determined
on the basis of the occupancy distribution (Formulas (19)
and (20)). Therefore, to determine the distribution (18) it is
necessary to construct an iterative algorithm in which in each
iteration step the approximate occupancy distribution can be
determined on the basis of the values of the average number
of serviced calls of Engset and Pascal classes, determined

in the preceding iteration step. A general method for a
construction of these algorithms is proposed in [31, 34].

3. Modelling of Primary
Resources with Adaptive Traffic
and Threshold Compression

Figure 3 shows a general diagram of a multiservice traffic
overflow system. The system of primary resources (PRs) is
composed of 𝑟 FARs, from which each can be considered as
MTS with Erlang, Engset, and Pascal adaptive traffic.

Each PR 𝑠 (0 < 𝑠 ≤ 𝑟) has the capacity 𝑉(𝑠) expressed in
AUs. The primary resources 𝑠 are offered 𝑚(𝑠) traffic classes
from the set 𝑀(𝑠), where 𝑚(𝑠)𝐸𝑟 classes that belong to the set𝑀(𝑠)𝐸𝑟 are Erlang, 𝑚(𝑠)𝐸𝑟 classes that belong to the set 𝑀(𝑠)𝐸𝑛 are
Engset, and𝑚(𝑠)𝑃𝑎 classes that belong to the set𝑀(𝑠)𝑃𝑎 are Pascal
traffic sources, while 𝑚(𝑠)𝐸𝑟 + 𝑚(𝑠)𝐸𝑛 + 𝑚(𝑠)𝑃𝑎 = 𝑚(𝑠) and 𝑀(𝑠)𝐸𝑟 ∪𝑀(𝑠)𝐸𝑛 ∪𝑀(𝑠)𝑃𝑎 = 𝑀(𝑠). In Figure 3, the following notation for the
respective traffic intensities is adopted:

(i) 𝐴(𝑠)𝑐,𝑋 is average intensity of traffic of class 𝑐 (𝑐 ∈ 𝑀(𝑠))
of type𝑋 (𝑋 = 𝐸𝑟 | 𝐸𝑛 | 𝑃𝑎) offered to PR no. 𝑠,

(ii) 𝑅(𝑠)𝑐,𝑋 is average intensity of traffic of class 𝑐 (𝑐 ∈ 𝑀(𝑠))
that overflows fromPRno. 𝑠, with the assumption that
traffic of class 𝑐 offered to primary resources 𝑠 is of
type𝑋 (𝑋 = 𝐸𝑟 | 𝐸𝑛 | 𝑃𝑎).

In each PR 𝑠, for each call class 𝑐, an individual set𝑞(𝑠)𝑐 of thresholds {𝑄(𝑠)𝑐,1, 𝑄(𝑠)𝑐,1, . . . , 𝑄(𝑠)𝑐,1} and an individual set
𝑞(𝑠)𝑐 + 1 of demands allocated in appropriate load areas{𝑡(𝑠)𝑐,0, 𝑡(𝑠)𝑐,1, . . . , 𝑡(𝑠)𝑐,𝑞𝑐 , } are defined. With these assumptions and
on the basis of the model presented in Section 2.3, Formulas
(18)–(23) can be applied to determine blocking probabilities
for individual call classes in each primary resource 𝑠. The
blocking probability for calls of class 𝑐 (𝑐 ∈ 𝑀(𝑠)) of type 𝑋
(𝑋 = 𝐸𝑟 | 𝐸𝑛 | 𝑃𝑎) can be written on the basis of (21)–(23) as
follows:

𝐸(𝑠)𝑐,𝑋 =
𝑉(𝑠)∑

𝑛=𝑉(𝑠)−𝑡(𝑠)𝑐,𝑞𝑐+1

[𝑃𝑛]𝑉(𝑠) for 𝑐 ∈ 𝑀(𝑠)𝑋 . (24)

3.1. Decomposition of Primary Resources. In multiservice
models that are based on a description of overflow traffic
with two moments, the average value and variance, each
PR 𝑠 undergoes decomposition into 𝑚(𝑠) fictitious primary
resources (FPR 𝑠𝑐) [24], each with the capacity V(𝑠)𝑐,𝑋. Then,
each FPR 𝑠𝑐 is replaced by equivalent fictitious primary
resources (EFPR 𝑠𝑐). Each EFPR 𝑠𝑐 can be characterized by
equivalent capacity V∗(𝑠)𝑐,𝑋 and offered, equivalent, Erlang traffic
with the intensity𝐴∗(𝑠)𝑐,𝑋 , while these parameters are selected in
such away that traffic that overflows fromEFPR 𝑠𝑐 has exactly
the same parameters (average value and variance) as traffic
that overflows from FPR 𝑠𝑐.



8 Wireless Communications and Mobile Computing

V(0)

V(r)
V(1)

A i,Er
(1) A j,En

(1) A l,Pa
(1) A i,Er

(r) A j,En
(r) A l,Pa

(r)

Rl,Pa
(1)Rj,En

(1)Ri,Er
(1) Rl,Pa

(r)Rj,En
(r)Ri,Er

(r)
· · ·· · ·

· · ·

· · ·

· · ·· · ·

· · · · · · · · ·

Figure 3: Multiservice overflow traffic system.
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Figure 4: Decomposition of PR 𝑠.

3.2. Determination of the Parameters of FPR 𝑠𝑐. The need for
decomposition results from the fact that PR 𝑠 carries multi-
service traffic, and in consequence a direct determination of
variance for traffic of individual classes is not possible. Each
FPR 𝑠𝑐 services exclusively calls of just one class 𝑐, which,
further on in the article, will allow Riordan formulas [3] to
be applied to determine variance of traffic of class 𝑐 that
overflows from FPR 𝑠𝑐. The following assumptions are made
to determine the capacity of FPRs:

(1) Blocking probability 𝐸(𝑠𝑐)𝑐,𝑋 of calls of class 𝑐 type 𝑋 in
FPR 𝑠 with the capacity V(𝑠)𝑐,𝑋 is exactly the same as the
blocking probability 𝐸(𝑠)𝑐,𝑋 of calls of this class in PR 𝑠
with the capacity 𝑉(𝑠):

𝐸(𝑠𝑐)𝑐,𝑋 = 𝐸(𝑠)𝑐,𝑋 for 𝑐 ∈ 𝑀(𝑠)𝑋 . (25)

(2) Traffic in FPR 𝑠𝑐 does not undergo the threshold
compression mechanism.

Figure 4 shows the way PR 𝑠 is decomposed into FPR 𝑠𝑐
and EFPR 𝑠𝑐.

The adopted assumptions define themethod for a decom-
position of the resources. As it is mentioned earlier, on
the basis of the model presented in Section 2.3 (Formulas
(18)–(23), it is possible to determine blocking probabilities for
individual call classes in each of the PRs 𝑠. It results from the
adoption of Assumption (1) (Formula (25)) that the obtained
probabilities are exactly the same as the probabilities in the
corresponding FPR. Assumption (2) indicates that there is
a possibility to determine the capacity V(𝑠)𝑐,𝑋 of decomposed
resources on the basis of single-service models FAR for
Erlang, Engset, and Pascal traffic, in which it is possible
to determine the blocking probability as the occupancy
probability of all AUs:

𝐸(𝑠𝑐)𝑐,𝑋 = 𝐸(𝑠)𝑐,𝑋 = [𝑃V(𝑠)𝑐,𝑋]V(𝑠)𝑐,𝑋 for 𝑐 ∈ 𝑀(𝑠)𝑋 . (26)

Thus, in the case of Erlang traffic, the capacity of the fictitious
primary resources can be determined on the basis of Erlang
B Formula:
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Ac,X
∗(Ｍ) Ac,X

∗(Ｍ)

ΔVc,X
(Ｍ)

Ac,X
(Ｍ) , (2)c,X

(Ｍ)

Vc,X
(Ｍ)

Rc,X
(Ｍ) Rc,X

(Ｍ)

Vc,X
∗(s) = ΔVc,X

(s) + Vc,X
(s)

Figure 5: Diagram of the replacement of FPR 𝑠𝑐 by EFPR 𝑠𝑐.

𝐸(𝑠𝑖)𝑖,𝐸𝑟 = [𝑃V(𝑠)𝑖,𝐸𝑟]V(𝑠)𝑖,𝐸𝑟 = 𝐸V(𝑠)𝑖,𝐸𝑟 (𝐴(𝑠)𝑖,𝐸𝑟)

= (𝐴(𝑠)𝑖,𝐸𝑟)
V(𝑠)𝑖,𝐸𝑟 / (V(𝑠)𝑖,𝐸𝑟)!

∑V(𝑠)𝑖,𝐸𝑟
𝑛=0 ((𝐴(𝑠)𝑖,𝐸𝑟)𝑛 /𝑛!)

. (27)

In Formula (27), the parameters 𝐸(𝑠𝑖)𝑖,𝐸𝑟 and 𝐴(𝑠)𝑖,𝐸𝑟 are known;
hence, on their basis, it is possible to determine the parameter
V(𝑠)𝑖,𝐸𝑟. In a similar way, the capacities of fictitious resources
to which single-service Engset and Pascal traffic is offered
can be determined on the basis of appropriate formulas that
determine the blocking probability in the Engset and Pascal
model:

𝐸(𝑠𝑗)𝑗,𝐸𝑛 = [𝑃V(𝑠)𝑗,𝐸𝑛]V(𝑠)𝑗,𝐸𝑛 =
( 𝑆(𝑠)𝑗,𝐸𝑛

V(𝑠)𝑗,𝐸𝑛
) (𝛼(𝑠)𝑗,𝐸𝑛)V(𝑠)𝑗,𝐸𝑛

∑V(𝑠)𝑗,𝐸𝑛
𝑛=0 ( 𝑆(𝑠)𝑗,𝐸𝑛𝑛 ) (𝛼(𝑠)𝑗,𝐸𝑛)V

(𝑠)
𝑗,𝐸𝑛

, (28)

𝐸(𝑠𝑙)
𝑙,𝑃𝑎
= [𝑃V(𝑠)

𝑙,𝑃𝑎
]
V(𝑠)
𝑙,𝑃𝑎

= ( −𝑆(𝑠)𝑙,𝑃𝑎
V(𝑠)
𝑙,𝑃𝑎

) (−𝛼(𝑠)
𝑙,𝑃𝑎
)V(𝑠)𝑙,𝑃𝑎

∑V(𝑠)
𝑙,𝑃𝑎

𝑛=0 ( −𝑆(𝑠)𝑙,𝑃𝑎𝑛 ) (−𝛼(𝑠)𝑙,𝑃𝑎)V
(𝑠)
𝑙,𝑃𝑎

. (29)

Note that Formulas (27)–(29) apply to single-service systems
in which admission of a new call means the occupation of one
AU.

3.3. Determination of the Parameters of EFPR 𝑠𝑐. The next
element in the decomposition of PR 𝑠 is the replacement of
FPR 𝑠𝑐 by EFPR 𝑠𝑐. The need for such a replacement is related
to a possibility to determine, further on in this article, the
variance of traffic that overflows fromEFPR 𝑠𝑐with the help of
Riordan formulas [3]. Since these formulas make it possible
to determine variance exclusively in the case where offered
traffic is Erlang traffic, then a replacement of FPR 𝑠𝑐 by EFPR𝑠𝑐 demands a replacement of Engset and Pascal traffic by
equivalent Erlang traffic. Let us denote the variance of traffic

of class 𝑐 type𝑋 by (𝜎2Δ)(𝑠)𝑐,𝑋. Equivalent Erlang traffic of 𝐴∗(𝑠)𝑗,𝐸𝑛
and𝐴∗(𝑠)

𝑙,𝑃𝑎
is such traffic offered to certain fictitious, additional

resources with the capacities ΔV(𝑠)𝑗,𝐸𝑛 and ΔV(𝑠)𝑙,𝑃𝑎 that traffic that
overflows from these resources is equal, with respect to the
average value and variance, to Engset (𝐴(𝑠)𝑗,𝐸𝑛, (𝜎2Δ)(𝑠)𝑗,𝐸𝑛) and
Pascal traffic (𝐴(𝑠)

𝑙,𝑃𝑎
, (𝜎2Δ)(𝑠)𝑙,𝑃𝑎), respectively. Note that, in the

notation of equivalent traffic, e.g., in𝐴∗(𝑠)𝑗,𝐸𝑛, the symbol𝐸𝑛 that
indicates the primary nature of this traffic has been retained
in the lower index. The “asterisk” introduced to the upper
index means that this traffic is already equivalent Erlang
traffic. In the case where primary traffic is Erlang traffic, we
have 𝐴∗(𝑠)𝑖,𝐸𝑟 = 𝐴(𝑠)𝑖,𝐸𝑟, (𝜎2Δ)(𝑠)𝑖,𝐸𝑟 = 𝐴(𝑠)𝑖,𝐸𝑟, and ΔV(𝑠)𝑖,𝐸𝑟 = 0.

The EFPR parameters 𝑠𝑐 can be determined on the basis
of the equivalent random theory method (ERT) [2, 3] that,
for Engset traffic, is described in [8]. The method will be
generalized to include the particular case of Pascal traffic.
The diagram of traffic replacement from Engset and Pascal
traffic to equivalent Erlang traffic is presented in Figure 5.
Average values and variances for Engset and Pascal traffic can
be determined on the basis of the following dependencies:

(i) Erlang traffic:

𝐴(𝑠)𝑖,𝐸𝑟, (𝜎2Δ)(𝑠)𝑖,𝐸r = 𝐴(𝑠)𝑖,𝐸𝑟, (30)

(ii) Engset traffic:

𝐴(𝑠)𝑗,𝐸𝑛 = 𝑆(𝑠)𝑗,𝐸𝑛 𝛼
(𝑠)
𝑗,𝐸𝑛

1 + 𝛼(𝑠)𝑗,𝐸𝑛 ,

(𝜎2Δ)(𝑠)𝑗,𝐸𝑛 = 𝑆(𝑠)𝑗,𝐸𝑛 𝛼(𝑠)𝑗,𝐸𝑛
(1 + 𝛼(𝑠)𝑗,𝐸𝑛)2 ,

(31)

(iii) Pascal traffic:
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𝐴(𝑠)𝑙,𝑃𝑎 = 𝑆(𝑠)𝑙,𝑃𝑎 𝛼
(𝑠)
𝑙,𝑃𝑎1 − 𝛼(𝑠)
𝑙,𝑃𝑎

,

(𝜎2Δ)(𝑠)𝑙,𝑃𝑎 = 𝑆(𝑠)𝑙,𝑃𝑎 𝛼(𝑠)
𝑙,𝑃𝑎

(1 − 𝛼(𝑠)
𝑙,𝑃𝑎
)2 .

(32)

According to the ERT method, the average value 𝑅 and
variance 𝜎2 of traffic that overflows fromPRwith the capacity𝑉 to which Erlang traffic 𝐴 is offered can be determined on
the basis of Riordan formulas [3]:

𝑅 = 𝐴𝐸𝑉 (𝐴) , (33)

𝜎2 = 𝑅( 𝐴𝑉 + 1 − 𝐴 + 𝑅 + 1 − 𝑅) . (34)

In the considered traffic replacement diagram (Figure 5),
the resources with the capacity 𝑉 = ΔV(𝑠)𝑐,𝑋 is offered
equivalent Erlang traffic with the intensity 𝐴 = 𝐴∗(𝑠)𝑐,𝑋 . Traffic
that overflows from these resources has the average value𝑅 = 𝐴(𝑠)𝑐,𝑋 and variance (𝜎2Δ)(𝑠)𝑐,𝑋. Therefore, in the notation
adopted in the article, Formulas (33) and (34) can be written
in the following way:

𝐴(𝑠)𝑐,𝑋 = 𝐴∗(𝑠)𝑐,𝑋𝐸ΔV(𝑠)𝑐,𝑋 (𝐴∗(𝑠)𝑐,𝑋 ) , (35)

(𝜎2Δ)(𝑠)𝑐,𝑋
= 𝐴(𝑠)𝑐,𝑋( 𝐴∗(𝑠)𝑐,𝑋ΔV(𝑠)𝑐,𝑋 + 1 − 𝐴∗(𝑠)𝑐,𝑋 + 𝐴(𝑠)𝑐,𝑋 + 1 − 𝐴

(𝑠)
𝑐,𝑋) . (36)

Formulas (35) and (36) allow the pair of parameters (𝐴∗(𝑠)𝑐,𝑋 ,ΔV(𝑠)𝑐,𝑋) to be determined on the basis of known values
of the pair of parameters (𝐴(𝑠)𝑐,𝑋, (𝜎2Δ)(𝑠)𝑐,𝑋) that, depending
on considered type of traffic, are described by Formulas
(30)–(32). At this particular point it is worthwhile to note
the fact that the diagram of equivalent replacement of FPR𝑠𝑐 by EFPR 𝑠𝑐 for Engset traffic offers a solution exclusively
for negative values of the capacity ΔV(𝑠)𝑐,𝑋 in Formulas (35) and
(36).

Having determined the value of the parameters (𝐴∗(𝑠)𝑐,𝑋 ,ΔV(𝑠)𝑐,𝑋), it is possible to evaluate the capacity of EFPR 𝑠𝑐, i.e.,
the parameter V∗(𝑠)𝑐,𝑋 [3]:

V∗(𝑠)𝑐,𝑋 = V(𝑠)𝑐,𝑋 + ΔV(𝑠)𝑐,𝑋. (37)

Note that the pair of parameters (𝐴∗(𝑠)𝑐,𝑋 , V∗(𝑠)𝑐,𝑋 ) for each
EFPR 𝑠𝑐 determines the Erlang model for FAG [81].

3.4. Determination of Parameters of Traffic That Overflows
from EFPR 𝑠𝑐. Traffic of class 𝑐 that overflows from PR 𝑠
is equivalent to traffic that overflows from EFPR 𝑠𝑐 and
will be characterized by two parameters: the average value
of traffic intensity 𝑅(𝑠)𝑐,𝑋 and variance (𝜎2)(𝑠)𝑐,𝑋. Since EFPR 𝑠𝑐
are determined by a single-service Erlang model, then the
parameters𝑅(𝑠)𝑐,𝑋 and (𝜎2)(𝑠)𝑐,𝑋 can be determined on the basis of

Riordan formulas (33) and (34) that, in the adopted notation,
will be written in the following way:

𝑅(𝑠)𝑐,𝑋 = 𝐴∗(𝑠)𝑐,𝑋𝐸V∗(𝑠)𝑐,𝑋 (𝐴∗(𝑠)𝑐,𝑋 ) , (38)

(𝜎2)(𝑠)
𝑐,𝑋

= 𝑅(𝑠)𝑐,𝑋( 𝐴∗(𝑠)𝑐,𝑋
V∗(𝑠)𝑐,𝑋 + 1 − 𝐴∗(𝑠)𝑐,𝑋 + 𝑅(𝑠)𝑐,𝑋 + 1 − 𝑅

(𝑠)
𝑐,𝑋) . (39)

The peakedness factor 𝑍(𝑠)𝑐,𝑋 for traffic of class 𝑐 that overflows
from EFPR 𝑠𝑐 is defined as the ratio of variance to the average
value:

𝑍(𝑠)𝑐,𝑋 = (𝜎
2)(𝑠)
𝑐,𝑋𝑅(𝑠)𝑐,𝑋 . (40)

Further on in the article, traffic that overflows from EFPR 𝑠𝑐
will be characterized by the pair of parameters (𝑅(𝑠)𝑐,𝑋 i (𝜎2)(𝑠)𝑐,𝑋).
4. Modeling of Secondary
Resources with Adaptive Traffic and
Threshold Compression

The parameters 𝑅(𝑠)𝑐,𝑋 and (𝜎2)(𝑠)𝑐,𝑋 of traffic that overflows from
individual EFPR 𝑠𝑐 are simultaneously the parameters for
traffic offered to SR with the capacity 𝑉(0) AUs. In SR, traffic
can also undergo the threshold compressionmechanism.This
means that, in exactly the same way as in the case of PR,
for each call class 𝑐 (0 < 𝑐 ≤ 𝑚) the set 𝑞(0)𝑐 of thresholds{𝑄𝑐,1, 𝑄𝑐,2, . . . , 𝑄𝑐,𝑞𝑐} is introduced individually, where the
occupancy area that satisfies the condition 0 < 𝑛 ≤ 𝑄𝑐,1 is the
prethreshold area, whereas the occupancy area that satisfies
the condition𝑄𝑐,𝑘 ≤ 𝑄𝑐,𝑘+1 is called the postthreshold area 𝑘,
where 1 ≤ 𝑘 ≤ 𝑞(0)𝑐 . In each postthreshold area 𝑘, the number
ofAUs allocated to service calls of class 𝑐 is 𝑡(0)

𝑐,𝑘
, while the value

of this parameter in the prethreshold area is 𝑡(0)𝑐,0 .
4.1. Determination of the Occupancy Distribution in SR. To
model the system of secondary resources in this article,
Hayward approach [10] is used. The approach is based on
a division of SR parameters (traffic intensity and capacity)
by the peakedness factor of offered traffic. Such an approach
is used in [24] to model secondary resources composed of
a single FAR and servicing a mixture of different classes of
overflow traffic. In this section, Hayward approach is used to
describe the characteristics of SR that is composed of a single
MTS. As a result, the occupancy distribution and blocking
probability in SR can be written, using the adopted notation,
as follows:

𝑛 [𝑃𝑛]𝑉(0)/𝑍(0)
= 𝑟∑
𝑠=1

𝑚(𝑠)∑
𝑐=1

𝑞(0)𝑐∑
𝑘=0

𝑅(𝑠)𝑐,𝑋𝑍(𝑠)𝑐,𝑋 𝑡
(0)
𝑐,𝑘𝛿(0)𝑐,𝑘 (𝑛 − 𝑡(0)𝑐,𝑘) [𝑃𝑛−𝑡(0)

𝑐,𝑘
]
𝑉(0)/𝑍(0)

, (41)
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where 𝛿(0)
𝑐,𝑘
(𝑛) is the conditional transition probability for a

stream of class 𝑐 that in the case of the distribution (41) can
be determined in the following way:

𝛿(0)𝑐,𝑘 (𝑛) = {{{
1 for

𝑄𝑖,𝑘𝑍(0) < 𝑛 ≤
𝑄𝑖,𝑘+1𝑍(0) ,0 for the remaining 𝑛. (42)

In Formula (41), the peakedness factors𝑍(𝑠)𝑐,𝑋 of traffic that
overflows from PRs are defined by Formulas (38)–(40). The
parameter 𝑍(0) is the so-called aggregate peakedness factor.
The introduction of this approach results from a necessity, in
compliance with Hayward’s concept, to normalize the total
capacity of the system of secondary resources 𝑉(0)/𝑍(0) to
which an appropriatemixture of traffic, which overflows from
each of the 𝑟 of primary resources, is offered. The aggregate
peakedness factor can be determined approximately on the
basis of the weighted mean of the peakedness factor of an
individual traffic classes offered to SR [24]:

𝑍(0) = ∑
𝑟
𝑠=1∑𝑚(𝑠)𝑐=1 (𝜎2)(𝑠)𝑐,𝑋
∑𝑟𝑠=1∑𝑚(𝑠)𝑐=1 𝑅(𝑠)𝑐,𝑋 . (43)

After a determination of the occupancy distribution in SR,
the blocking probability for each class of calls in secondary
resources can be determined:

(𝐸(𝑠)𝑐,𝑋)(0) =
𝑉(0)∑

𝑛=𝑉(0)/𝑍(0)−𝑡(0)𝑐,𝑞𝑐+1

[𝑃𝑛]𝑉(0)/𝑍(0) . (44)

4.2. Method of Modelling SR. The models presented in Sec-
tions 3 and 4 allow a method for a calculation of the blocking
probability and other characteristics in a multiservice over-
flow system with adaptive traffic in primary and secondary
resources to be defined. The method can be presented in the
following steps:

(1) Determination of occupancy distributions [𝑃𝑛]𝑉(𝑠)
(Formula (18)) and the blocking probability 𝐸(𝑠)𝑐,𝑋
(Formula (24)) for traffic streams of all classes in each
PR 𝑠, 1 ≤ 𝑠 ≤ 𝑟.

(2) Determination of the capacity V(𝑠)𝑐,𝑋 for each FPR 𝑠𝑐
(Formulas (27)–(29)).

(3) Determination of the variance (𝜎2Δ)(𝑠)𝑐,𝑋 of each Erlang,
Engset, and Pascal traffic offered to PR 𝑠, 1 ≤ 𝑠 ≤ 𝑟
(Formulas (30)–(32)).

(4) Determination of the parameters of each of EFPR 𝑠𝑐,
i.e., the equivalent intensity of Erlang traffic𝐴∗(𝑠)𝑐,𝑋 and
the equivalent capacity V∗(𝑠)𝑐,𝑋 (Formulas (35)–(37)).

(5) Determination of the parameters of overflow traffic:
mean value of traffic intensity 𝑅(𝑠)𝑐,𝑋 and variance
(𝜎2)(𝑠)𝑐,𝑋 (Formulas (38)–(39)) for traffic of all classes
that overflows from the system of primary resources.

(6) Determination of the occupancy distribution[𝑃𝑛]𝑉(0)/𝑍(0) (Formula (41)) and the aggregate
peakedness factor 𝑍(0) in SR (Formula (43)).

(7) Determination of the blocking probability for traffic
streams of all classes offered to SR (Formula (44)).

4.3. Comment. It is possible to determine on the basis of
the blocking probability other important QoS characteris-
tics, such as the call loss probability. The loss probability
in an overflow system for Erlang traffic is equal to the
blocking probability. It has been proved in traffic theory,
e.g., [13], that in a single-service Engset (Pascal) model
the call loss probability is equal to the blocking probability
in a system with identical capacity in which the number
of traffic sources has been decreased (increased) by one
source. This approach can be then used to approximately
determine the call loss probability for Engset and Pascal
traffic classes in multiservice systems. Therefore, the loss
probability for Engset (Pascal) traffic classes can be deter-
mined on the basis of the blocking probability, assuming
that the number of traffic sources of each Engset (Pas-
cal) traffic class has been decreased (increased) by one
source.

5. Numerical Examples

The proposed model of multiservice overflow system with
adaptive traffic is an approximate one. In order to determine
its accuracy, the results of analytical modelling have been
compared with the simulation data obtained for the system
described in Table 1.

The systemunder consideration is characterised inTable 1
by specifying the number of primary resources and their
capacity, the capacity of the secondary resources, and the
number of AUs required by particular traffic classes in
prethreshold and postthreshold areas. It was assumed that
each of primary resourcewas offered traffic of various classess
in the following proportions: 𝐴1,0,𝑠𝑡1,0,𝑠 : 𝐴2,0,𝑠𝑡2,0,𝑠 : ⋅ ⋅ ⋅ =1 : 1 : . . .. We can notice that the PR no. 1 was offered
three traffic classes (flows, services), with the demands equal
to 1, 6, and 12 AUs, respectively. In the case of the PR
no. 2, only two traffic classes were offered, demanding 3
and 11 AUs. The PR no. 3 and PR no. 4 were dedicated
for servicing only a single traffic class. Such distribution of
demands for particular resources can be treated as an example
of allocating of separated resources (virtual resources, slices)
to particular demands. The flows that cannot be serviced
by dedicated primary resources are offered to the common
secondary resources. In both types of resources the flows
undergo threshold compression, according to the parameters
specified in Table 1. The volume of resources admitted for
flows in particular load areas were different in primary and
secondary resources.

The results of blocking probabilities for all traffic classes
in both primary and secondary resources are presented in
Figures 6–9 and 10, respectively. In the case of the secondary
resources, the results of blocking probability for traffic classes
nos. 3, 5, and 6 were the same since all these classes were
admitted the same amount of AUs in the last threshold
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Table 1: Description of the system with threshold compression in primary and secondary resources.The secondary resources are denoted by𝑠 = 0.
𝑠 𝑉(𝑠) 𝑘 𝑐 𝑄(𝑠)

𝑐,𝑘
𝑡(𝑠)
𝑐,𝑘

typ 𝑆(𝑠)
𝑐,𝑘

0 1 0 1 Er –
0 2 0 6 En 10
0 3 0 12 Pa 10
1 2 36 3 En 10
1 3 32 8 Pa 10

1 48 2 3 42 6 Pa 10
0 4 0 3 Er –
0 5 0 11 En 12
1 4 30 2 Er –

2 50 1 5 24 6 En 12
0 6 0 15 En 20
1 6 30 12 En 20

3 100 2 6 50 10 En 20
0 7 0 17 Pa 10

4 120 1 7 50 12 Pa 10
0 1 0 1 Er –
0 2 0 6 En 10
0 3 0 12 Pa 10
0 4 0 3 Er –
0 5 0 11 En 12
0 6 0 15 En 20
0 7 0 17 Pa 10
1 2 20 3 En 10
1 3 20 10 Pa 10
1 4 30 2 Er –
1 5 30 5 En 12
1 6 20 10 En 20
1 7 20 12 Pa 10
2 3 30 5 Pa 10
2 6 30 5 En 20

0 100 2 7 30 10 Pa 10
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calculation − class 2
simulation − class 2
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Figure 6: Blocking probability in primary resources (slice) no. 1 for traffic classes nos. 1, 2, and 3 from Table 1. Traffic offered per single AU
calculated for initial value of demanded AUs (before compression).
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calculation − class 5
simulation − class 5
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Figure 7: Blocking probability in primary resources (slice) no. 2 for traffic classes nos. 4 and 5 from Table 1. Traffic offered per single AU
calculated for initial value of demanded AUs (before compression).

calculation − class 6
simulation − class 6
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Figure 8: Blocking probability in primary resources (slice) no. 3 for traffic class no. 6 from Table 1. Traffic offered per single AU calculated
for initial value of demanded AUs (before compression).

(in the area of the highest load). In order to increase the
readability of the Figure 10, the results for class 4 were
omitted.

The results presented in Figures 6–10 indicate good accu-
racy of the proposedmethod, for both primary and secondary
resources. In the proposed method, the errors within the
area of lower loads mainly result from the fact that in
Formula (41) the coefficient 𝑉(0)/𝑍(0) can take on noninteger
values. In such a case, linear interpolation between the values⌊𝑉(0)/𝑍(0)⌋ and ⌈𝑉(0)/𝑍(0)⌉ is applied in the model and
this approximation is largely responsible for the decrease in

accuracy of the proposed method in the area of low losses.
The problem of noninteger values of the coefficients𝑉(0)/𝑍(0)
in generalized Hayward’s formula is discussed in [62].

6. Conclusions

This article proposes a model of multiservice traffic overflow
system with adaptive traffic that undergoes the threshold
compression mechanism in both primary and secondary
resources. Both primary and secondary resources can be
physical resources as well as virtual resources (e.g., slices).
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Figure 9: Blocking probability in primary resources (slice) no. 4 for traffic class no. 7 from Table 1. Traffic offered per single AU calculated
for initial value of demanded AUs (before compression).
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Figure 10: Blocking probability in secondary resources (slice) no. 0 for traffic classes nos. 1, 2, 3, 5, 6, and 7 from Table 1. Traffic offered per
single AU calculated for initial value of demanded AUs (before compression).

The model takes into consideration three possible types of
traffic: Erlang, Engset, and Pascal traffic. The model is based
on a generalization of Hayward’s concept and its application
to model systems with adaptive traffic with threshold com-
pression. The proposed model is an approximate model and
therefore the results of the analytical modeling are compared
with the results of the simulation experiments. The results
obtained from the comparison prove good accuracy of the

proposed model that is independent of both the number and
values of introduced thresholds and of the number of classes
and the type of offered traffic.
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Virtualisation, as a key role player of futuremobile communications, promotes the idea of service-oriented architectures.This paper
proposes a model of Radio Resource Management (RRM) for emerging Virtual Radio Access Networks, based on the interaction
between two separated management entities: Common-RRM (CRRM) to coordinate the radio resources among the Radio Access
Technologies (RATs) and a centralised virtualisation platform on top of it, called Virtual-RRM (VRRM), which is responsible for
service orchestration among Virtual Network Operators, enabling the definition of various services and policies, separately from
vendors and underlying RATs. The main objective of VRRM is to satisfy the Service Level Agreements associated with different
service classes to the highest possible level, within the framework of proportional fairness. On the other hand, CRRM is in charge
of mapping the demanded capacity of each service onto themost suitable RATs.Themodel is further extended to deal with extreme
situations of resource shortage, resulting from high traffic loads, by introducing delay to lower priority services.The performance of
the proposed model is evaluated in a practical multi-RAT scenario. Results confirm that the isolation of service classes is consistent
with the introduced serving weights, while all the demanded capacities from different services are responded by the most suitable
RATs. Finally, independent of the variation of traffic load, 100% of the aggregated capacity is used.

1. Introduction and Motivation

The rapid increase of demand for new services in recent
years has imposed crucial requirements to network operators.
However, service provision in most of the existing telecom
networks is tightly coupled with costly inflexible infrastruc-
ture, which has been specifically designed to deliver a limited
range of services [1]. In order to overcome this barrier,
management and operation functions have to be customised,
to enable support for particular service types. Virtualisation,
as a key enabler of the Network-as-a-Service paradigm for
futuremobile communications, can significantly facilitate the
provision of customised services, by decoupling network-
ing functionalities from the underlying infrastructure. In
this framework, a common physical infrastructure can be
effectively shared, in an isolated manner, among coexisting
tenants, called Virtual Network Operators (VNOs); each

VNOwill be able to implement its own specific rules and reg-
ulations over the shared set of resources, without necessarily
being aware of the underlying virtualisation process [2]. This
is of great importance for the design of convergent mecha-
nisms and coordination of the available resources across the
emerging wireless Heterogeneous Networks (Het-Nets). In
this regard, the main difference between the services that can
be provided by future mobile implementations, compared to
the majority of current technologies, such as LTE, lies in the
granularity of the level of service customisation [3]. While in
LTE all packets in a bearer are treated the same way, service
flows in Virtual Radio Access Network (RAN) can be flexibly
customised in amore granularway to sufficiently differentiate
in between their requirements.

Radio Resource Management (RRM) is one of the key
functionalities of cellular networks, which has a direct influ-
ence on the Quality of Service (QoS) of users, as well as on
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the performance of higher layers [4]. With the introduction
of new applications, which has led to the increased number
of connected users, the problem of RRMhas become particu-
larly challenging, since the various applications have different
and often conflicting needs [5].Therefore, each service has to
be managed independently, and the available radio resources
must be allocated on a priority basis. This is the point
when the context of resource slicing becomes interesting: each
resource slice is defined to address the specific requirements
of a service with a certain degree of performance isolation,
to ensure that, regardless of the variation of network status,
the desired performance level of independent slices is always
met [6]. Such a flexible mechanism of radio resource slicing
and management can be achieved through the virtualisation
of radio resources. This way, an RRM algorithm should not
only maximise the performance of different slices, but also
the usage of the overall pool of shared resources [7].

Although there are quite extensive studies to address
different challenges in traditional wireless networks, when
it comes to the evolutionary technologies for future wireless
communications, the existing techniques have to bemodified
in order to accommodate the specifications of new services
and architectures. Specifically concerning the problem of
RRM in Virtual RAN, there is a lack of effort to thor-
oughly cover the key parameters, such as customised service
provisions, isolation between virtual slices, fairness, and the
mechanisms of interaction between different entities. In [8],
a model for RAN virtualisation is proposed, which provides
a solution for the mapping of virtual network elements onto
radio resources, as well as providing an algorithm of radio
resource negotiation and allocation in a general term, which
does not include specifications of different services into
account. The problem of slice scheduling and performance
isolation in Virtual RAN is addressed in [9], but, like the
previous work, different needs of applications in network
slicing, as well as fairness, are neglected. Although a fairness
concept based on roaming price is defined in [10], and some
QoS parameters are addressed in the proposed generalised
virtualisation framework, the matter of isolation between
services and operators is not covered.

Economic models for pricing based on optimising an
objective function have been proposed with the purpose of
balancing network throughput and users’ fairness as two
competing interests [11]. Among the available mechanisms,
proportional fairness has proved to be an effective approach
when the objective is to maximise the average long-term
users’ data rate [12, 13]. In this regard, it is suggested that, by
employing a logarithmic utility function in the slice scheduler
of Virtual RAN, an effective mechanism of fairness based
on the concept of proportional fairness can be achieved
among virtual slices [14]. A model of RRM is proposed
in [15] for 5G wireless infrastructures, which aggregates
users’ traffic across a Wi-Fi/LTE network, by considering
an 𝛼-fair mechanism in the objective function, including
proportional fairness as its special case; however, there is
no effort to address the specifications of different services.
Another approach for cooperative RRM in 5G heterogeneous
cloud RANs is proposed in [16], which considers a modified
max-min technique as an alternative to proportional fairness,

although still the evaluation of the effect of different service
parameters on model performance is neglected.

This paper proposes amodel forRAN-as-a-Service, which
deals with the high-level management of Virtual RAN, con-
sidering the concept of network slicing according to the
specific customised service requirements. The contribution
of this work is twofold. First, the proposedmodels of Virtual-
RRM (VRRM) in previous works [17, 18] are extended and
modified in order to realise the separation in the role of Infras-
tructure Providers (InP) and VNOs. This way, the task of
mapping the demanded capacity from different virtual slices
onto the underlying physical RATs is defined in Common-
RRM (CRRM), in order to promote the notion of end-to-end
slicing, since it was not covered previously. To accommodate
this function, a new mechanism of cooperation between the
two entities (i.e., VRRM and CRRM) is also proposed to
define which information has to be exchanged in order to
achieve an efficient interaction, while keeping a desired level
of isolation.

Second, regarding the fairness problem, while in the
previous paper [17], the definition of fairness is to minimise
the deviation of services data rates from a nominal fixed
value, the framework has been changed to a more flexible
and accurate one, to cope with the concept of proportional
fairness.This change comes with the price of a more complex
objective function compared to the previous linear one.
However, since VRRM deals with the high-level network
management, including VNOs’ policies, which does not
require to be changed so often, this level of complexity
is tolerable, while the mechanism of CRRM is still a low
complexity linear mapping from the capacity demands onto
the underlying suitable RATs.

It is worth mentioning that although some user-based
metrics, such as users’ average data rate or average per-
centage of delayed users, are defined to evaluate the model,
the current work is generally not intended to address the
traditional problem of RRM at the end-user scale or the
associated metrics, such as service delay time. The reason
is that the slice scheduling of service flows is performed in
upper layers, and also that this scheduling does not need to
further modify the existing mechanisms of RRU schedulers
in lower layers [19]. Furthermore, since this work deals with
a higher layer management of the network, the objectives can
be addressed by an abstract vision of the underlying infras-
tructure. Accordingly, more detailed assumptions for the
lower layers, such as power control, antenna configuration,
scheduling, mobility management, channel information, and
protocols, are out of the scope of this paper. Regarding the
scalability of VRRM with a proportional fairness mechanism
of scheduling, as well as service orchestration in multitenant
environment, another work has been already developed [20],
which specifically addresses these issues and proves the
efficiency of the proposed VRRM model; therefore, neither
of these topics are covered in this work.

The rest of the paper is organised as follows. Section 2
represents the conceptual network architecture along with
the functionalities of the involved components. Section 3
describes the analytical model of VRRM, CRRM, and the
mechanism of interaction in between each other. In order to
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Figure 1: Differences between traditionalHet-Net andVirtual RAN.

evaluate the proposed model, a reference scenario with some
assumptions is defined in Section 4, followed by the analysis
of results obtained from simulations in Section 5. Finally, the
paper is concluded in Section 6, by highlighting the main
achievements.

2. Network Architecture and
Main Assumptions

In order to point out themain differences between traditional
Het-Nets and the proposed model for Virtual RANs and to
explain the functionalities of the involved parties in the RRM
model, a software-based hierarchical network architecture is
shown in Figure 1, which is a conceptual architecture consis-
tent with the suggested 3GPP business model for wholesale-
only network sharing, in which Infrastructure Providers
(InPs) do not offer service to end users, rather selling capacity
to businesses that do not own the infrastructure [14] (details
on physical implementations as well as on different interface
protocol features can be found in [21]).

The service connectivity request in typical Het-Nets is
directed to CRRM, as the usual entity for network manage-
ment, and processed centrally to be assigned to a suitable RAT
according to a decision criterion. However, in the proposed
architecture for Virtual RAN, demand for a specific service
and capacity goes directly to the linked VNO as the service
provider. This capacity needs to be delivered respecting the
Service Level Agreements (SLAs) between InP and VNO.

In contrast to the existing Het-Nets, the role of network
operators is separated from InPs; accordingly, VNOs on top
of the hierarchy do not own the infrastructure, rather sharing

the radio resources from different RATs owned by InPs. As
a result, from their perspective, it is not important by which
technology they are being served, as long as the SLAs are sat-
isfied. VNOs ask for Capacity-as-a-Service from a centralised
virtualisation platform called VRRM [17], which does not
exist in the current architecture of Het-Nets and is placed on
the top of CRRM. VRRM is in charge of managing the total
available capacity provided by CRRM, through aggregating
all the Radio Resource Units (RRUs) from different RATs,
which can be OFDM (related to Wi-Fi), OFDMA (related
to LTE), CDMA (related to UMTS), and TDMA (related
to GSM), and sharing the capacity from separated slices
associated with different services of VNOs. By providing
isolation and element abstraction, VRRM enables each VNO
to deploy its own protocol stack over the same set of RRUs per
RAT (e.g., resource-blocks in LTE, codes inUMTS, time-slots
in GSM, and carriers in Wi-Fi) [22], therefore, promoting
the notion of multitenancy in a virtualised environment with
several existing access techniques.

VRRM has to closely interact with CRRM, by translat-
ing VNOs’ requirements and different SLAs into a set of
management policies for the lower levels [17]. These policies
contain information about the capacity demanded from each
service, as well as their priorities. In return, CRRM provides
VRRMwith themonitoring reports and information (e.g., the
available aggregated capacity) to enhance its performance.
CRRM is in charge ofmapping the resources of different RATs
to satisfy the requests of VRRM, by demanding each RAT
to provide a portion of the available capacity to be assigned
to end users. The service-to-RAT association mechanism
takes the load and suitability of each RAT for performing
specific services into account. The performance of CRRM
is being optimised, based on the information coming from
Local-RRMs (LRRMs), which are in charge of managing the
allocation of local RRUs from each RAT to the connected end
users.

It is assumed that VNOs can provide the four service
classes [23], i.e., conversational, streaming, interactive, and
background, considering that the design and implementa-
tion of future mobile communications, including 5G RAN
architecture, should support the 3GPP service classes [4]. As
mentioned, since service customisation is one of the main
aspects of RAN slicing, on top of these service classes three
types of SLAs are also proposed in this work to define the
level of service guarantees in terms of priority and contracted
capacity, which can be modified according to the VNOs’
policies. The three general categories of SLAs are considered
as follows:

(i) Guaranteed bitrate (GB): the highest priority cate-
gory, for which minimum and maximum thresholds
for data rate assignment have to be always guaranteed,
regardless of the variation of traffic load and network
status; therefore, users are always expecting a good
quality in return of a relatively higher service price.

(ii) Best effort with minimum guaranteed (BG): the sec-
ond highest priority, for which just a minimum level
of data rate is guaranteed, and higher data rates are
served in a best effort manner in case of availability;
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from the users’ viewpoint, a service with acceptable
quality and affordable price is expected.

(iii) Best effort (BE): the lowest priority type, for which
there is no level of service guarantees and users are
served in a pure best effort manner; consequently, in
extreme case of high traffic loads, BE users are the first
ones who suffer.

These definitions of SLAs are in line with 5G network design
assumptions, since the QoS profile of service flows should
carry the information about whether a service traffic is
categorised as GB or non-GB [3].

In addition, one should note that, although only data rates
are being considered in here for the definition of the SLAs, in
a more global perspective (which is out of the scope of this
paper but is being considered for future work), one should
take other parameters, like link latency, connection reliability,
and connectivity capacity.

3. Radio Resource Allocation Model

3.1. VRRM Approach. The primary goal of VRRM is to
maximise the usage of the aggregated capacity, which is
calculated and provided by CRRM, in order to satisfy the
contracted SLAs to the highest possible level, considering
services’ priority, while distributing capacity according to the
concept of proportional fairness [24], subject to some con-
straints, including maximum achievable capacity, predefined
SLA thresholds, and access of users to different RATs.

To realise these goals, VRRM’s analytical model is for-
mulated as a constrained concave optimisation problem.
The objective function in (1) is defined with the aim of
balancing between efficiency and fairness when allocating the
resources in a network with heterogeneous services.The util-
ity function, 𝑓𝑉𝑅𝑅𝑀, is a measure of efficiency, mapping the
portion of network bandwidth assigned to users onto a real
number, quantifying the expected users’ satisfaction, given
the allocated resources; the logarithmic behaviour implies
that users’ satisfaction increases with the increasing rate
as the allocated bandwidth increases. 𝑓𝑉𝑅𝑅𝑀 is executed in
independent time intervals, representing the VRRMdecision
windows according to the framework of [25]. In this regard,
all network parameters, such as number of users or allocated
data rates, are assumed to be fixed during each time interval,
representing the parameter’s average value in this period.

max
𝑤𝑢𝑠𝑟

𝑓𝑉𝑅𝑅𝑀 (wusr)
= max

wusr

𝑁𝑠𝑟V∑
𝑘=1

𝜆𝑘 log(𝑁
𝑢𝑠𝑟
𝑘∑
𝑖=1

𝑤𝑢𝑠𝑟𝑘,𝑖 𝑅𝑠𝑟V𝑚𝑎𝑥𝑘[Mbps]𝑅𝐶𝑅𝑅𝑀[Mbps]
) (1)

where

(i) 𝑁𝑢𝑠𝑟𝑘 : number of users performing service 𝑘,
(ii) 𝑁𝑠𝑟V: number of provided services,
(iii) 𝑅𝑠𝑟V𝑚𝑎𝑥𝑘 : maximum assignable data rate for service 𝑘,
(iv) 𝑅𝐶𝑅𝑅𝑀: total available capacity provided by CRRM to

VRRM,

(v) 𝑤𝑢𝑠𝑟𝑘,𝑖 : assigned weight to user 𝑖, performing service 𝑘,
ranging in [0, 1],

(vi) 𝜆𝑘: weight of service 𝑘, prioritising data rate assign-
ment,

(vii) wusr: vector of users’ weights, to obtain the long-term
average users’ data rate, according to the contracted
SLAs provided by VNOs to VRRM, as well as other
constraints:

wusr= [𝑤𝑢𝑠𝑟1,1 , 𝑤𝑢𝑠𝑟1,2 , . . . , 𝑤𝑢𝑠𝑟1,𝑁𝑢𝑠𝑟1 , . . . , 𝑤𝑢𝑠𝑟𝑁𝑠𝑟V ,1, 𝑤𝑢𝑠𝑟𝑁𝑠𝑟V ,2, . . . ,
𝑤𝑢𝑠𝑟𝑁𝑠𝑟V ,𝑁𝑢𝑠𝑟

𝑘
]𝑇 (2)

This way, VRRM builds a bridge between the functionalities
of MAC and higher layers, by optimising the allocation
of radio resources for different applications [26]. Serving
weights 𝜆𝑘 define services’ priorities and enable the tuning
of the portion of the data rate that will be assigned to each
service, being assumed that they are positive integer numbers:
a service with higher priority has a higher serving weight,
and the lowest value is always assumed to be 1. On the other
hand, user’s weights, 𝑤𝑢𝑠𝑟𝑘,𝑖 , are the desired parameters to be
obtained by solving the optimisation problem, indicating the
share of each user from the maximum achievable data rate.
Therefore, the average long-term data rate of each user has to
fall in the acceptable range of data rate variation defined in
the SLA contracts as follows:

𝑅𝑠𝑟V𝑚𝑖𝑛𝑘[Mbps] ≤ 𝑤𝑢𝑠𝑟𝑘,𝑖 𝑅𝑠𝑟V𝑚𝑎𝑥𝑘[Mbps] ≤ 𝑅𝑠𝑟V𝑚𝑎𝑥𝑘[Mbps] (3)

where

(i) 𝑅𝑠𝑟V𝑚𝑖𝑛𝑘 : minimum assignable data rate for service 𝑘.
In addition, there is a logical constraint, which specifies
that the total bandwidth allocated to all users performing
different services cannot surpass the total aggregated capacity
provided by CRRM. Therefore, the whole network capacity
is subject to an upper bound for the total used bandwidth
assigned to users:

𝑁𝑠𝑟V∑
𝑘=1

𝑁𝑢𝑠𝑟𝑘∑
𝑖=1

𝑤𝑢𝑠𝑟𝑘,𝑖 𝑅𝑠𝑟V𝑚𝑎𝑥𝑘[Mbps] ≤ 𝑅𝐶𝑅𝑅𝑀[Mbps] (4)

The last constraint indicates the fact that the access of users
to different RATs depends on their location. Assuming that
a certain number of users are enjoying full coverage of all
available RATs, while the rest has access just to the cellular
ones, the following condition can be used to define the limit
of access of the latter group to cellular RATs:

𝑁𝑠𝑟V∑
𝑘=1

𝑁
𝑢𝑠𝑟𝑐𝑒𝑙𝑙
𝑘∑
𝑖=1

𝑤𝑢𝑠𝑟𝑘,𝑖 𝑅𝑠𝑟V𝑚𝑎𝑥𝑘[Mbps] ≤ 𝑅𝐶𝑅𝑅𝑀𝑐𝑒𝑙𝑙[Mbps]
(5)

where

(i) 𝑁𝑢𝑠𝑟𝑐𝑒𝑙𝑙𝑘 : number of users with access only to cellular
RATs, performing service 𝑘,
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Figure 2:General policy of data rate allocation for different services.

(ii) 𝑅𝐶𝑅𝑅𝑀𝑐𝑒𝑙𝑙 : aggregated capacity obtained from the
RRUs of cellular RATs, provided by CRRM.

The proposed problem is solved by CVX [27], which is a
modelling system based onMATLAB, developed by Stanford
University for disciplined convex programming.Themethod
used to solve the problem is primal-dual interior point [28],
the termination tolerance of the function being set to 10-5.

The algorithms of slicing and data rate allocation are
based on prioritisation of services and network pricing, which
also include an admission control policy to guarantee the
required SLAs, being a common approach for service-based
RAN slicing [29, 30]. Moreover, in the extreme situation
when network capacity is not enough to satisfy all users with
at least the minimum guaranteed service level, delay is intro-
duced to some of the low priority users, releasing the required
capacity to serve the remaining ones with the minimum
acceptable data rate. In this respect, the number of delayed
users during each VRRM decision window corresponds to
the average number of users whose service requests are not
granted during this period. The general trend for data rate
allocation is illustrated in Figure 2, representing the expected
behaviour of VRRM under the specific model assumptions.
For an increasing number of users, up to threshold 𝑇ℎ𝐵𝐸 all
users are served, but after that, BE users are discarded, since
they have the lowest priority, in order to provide VRRM the
possibility of serving all BG and GB ones with the minimum
contracted data rates; after this point, capacity is not sufficient
to address all contracted data rates; therefore, a reasonable
decision is to start delaying just enough number of BG users
to free capacity for GB ones. Threshold 𝑇ℎ𝐵𝐺 represents the
point when no BG user is left to be delayed, and the VRRM
mechanism has to start delaying some of the GB ones as the
last alternative.

3.2. Interaction between CRRM and VRRM. Since VRRM is
a centralised entity, responsible for allocating the required
capacity of each service defined by the associated VNO,
based on the specific policies of that VNO regarding the

CRRM

VRRM

1

2

R
sr
k [－＜ＪＭ ]

RCRRM
[－＜ＪＭ ]

RVRRM
[－＜ＪＭ ]

Figure 3: Interaction between CRRM and VRRM.

contracted SLAs and serving priorities, CRRMhas to provide
VRRMwith the information about the maximum aggregated
capacity, which is accessible from all available RATs. Then,
based on this information, VRRM calculates the optimum
way of distributing capacity among the different services,
to satisfy their requirements. One should note that CRRM
does not pass the information about the available capacity
of individual RATs to VRRM, since VNOs do not own the
physical infrastructure, and VRRM is not concerned about
dealing with the management of the resources of the various
RATs.

On the other hand, the total demanded data rate of each
service, which is calculated by VRRM, should be assigned
to suitable RATs, according to the specification of each
access technology and requirements of different services.This
way, VRRM has also influence on the decision procedure
of CRRM. It is also notable that VRRM does not pass
the information about the policies of individual VNOs for
serving their users, such as contracted SLAs, to CRRM.
Figure 3 represents the level of interaction between CRRM
and VRRM.

Information about the available aggregated capacity,𝑅𝐶𝑅𝑅𝑀, takes place in the first step, provided by CRRM
as a VRRM decision-making parameter. Then in the next
step, VRRM calculates the total demanded capacity of each
service,𝑅𝑠𝑟V𝑡𝑜𝑡𝑘 , to be returned toCRRMforRAT selection pro-
cess; 𝑅𝑉𝑅𝑅𝑀 represents the aggregation of all the calculated
demands performed by VRRM.

3.3. Service-to-RAT Assignment Mechanism of CRRM. In
order to take advantage of the specifications of different
technologies in a multi RAT network and to achieve multi-
plexing gain, it is necessary to define a precise cooperation
mechanism among RATs. The proposed technique used
for mapping demand onto the available capacity of each
RAT is fundamentally a network-centric approach, since
the main objective is to maximise the global utilisation of
radio resources. However, since the contracted SLAs are
considered as a decision-making parameter in the calculation
of demands by VRRM, a preestablished user’s satisfaction
level is also projected as a constraint to be satisfied by the
CRRMmodel. A service-based policy is applied to the process,
in order to ensure that mapping the various services onto the
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Figure 4: CRRM mechanism of mapping demands to the most
suitable RATs.

different access technologies is based on the feasibility and
suitability of both characteristics [31]; e.g., it is not feasible to
serve a video streaming user with GSM, or it is preferable to
use Wi-Fi for file sharing. Accordingly, for a specific service
type, a prioritised list of suitable RATs is defined in the model
to arrange the available common radio resources [32].

To address the assumptions regarding the maximisation
of the total utilisation of radio resources, as well as the
distribution of the traffic load among existing RATs by
considering a service-based policy, the objective of CRRM
can be expressed as a weighted linear function, 𝑓𝐶𝑅𝑅𝑀, which
maps a portion of the available capacity from each RAT onto
the most suitable service:

max
RRAT

𝑓𝐶𝑅𝑅𝑀 (RRAT) = max
RRAT

𝑁𝑅𝐴𝑇∑
𝑗=1

𝑁𝑠𝑟V∑
𝑘=1

𝛾𝑅𝐴𝑇𝑗,𝑘 𝑅𝑅𝐴𝑇𝑗,𝑘[Mbps]𝑅𝐶𝑅𝑅𝑀[Mbps]
(6)

where

(i) 𝑁𝑅𝐴𝑇: number of RATs,
(ii) 𝛾𝑅𝐴𝑇𝑗,𝑘 : assigned weight to RAT 𝑗, for performing ser-

vice 𝑘, to define service-to-RAT allocation priorities,

(iii) 𝑅𝑅𝐴𝑇𝑗,𝑘 : assigned data rate from RAT 𝑗 to service 𝑘,
(iv) RRAT: vector of assigned data rates:

RRAT= [𝑅𝑅𝐴𝑇1,1 , 𝑅𝑅𝐴𝑇1,2 , . . . , 𝑅𝑅𝐴𝑇1,𝑁𝑠𝑟V , . . . , 𝑅𝑅𝐴𝑇𝑁𝑅𝐴𝑇,1, 𝑅𝑅𝐴𝑇𝑁𝑅𝐴𝑇,2, . . . ,
𝑅𝑅𝐴𝑇𝑁𝑅𝐴𝑇,𝑁𝑠𝑟V]𝑇

(7)

Figure 4 represents the mechanism of 𝑓𝐶𝑅𝑅𝑀 in distributing
the traffic load associated with the different services, among
the existing RATs.When a service demand ismade to CRRM,
the traffic load is distributed among the available RATs, with a
higher portion of the load directed to the most suitable ones,
in case there is enough capacity from those RATs to serve
the demand. Accordingly, the services with higher priority
have the possibility of using themost suitable RATs, while the
remaining demand from lowpriority services ismore likely to
be directed to less suitable ones, especially under an extreme
case of high traffic load.

Furthermore, there are some constraints that should
be taken into consideration while optimising the objective
function. An important constraint is the one that projects
the demanded data rate of each service from VRRM and
plays an important role in the interaction betweenCRRMand
VRRM. From Figure 4, it is noticeable that the distribution of
traffic load for each service among the different RATs should
sum to the demanded data rate of that specific traffic slice,
provided by VRRM; it should not be either higher, since the
extra capacity will be wasted, or lower, because contracted
SLAs cannot be addressed. This constraint can be expressed
as follows:

𝑁𝑅𝐴𝑇∑
𝑗=1

𝑅𝑅𝐴𝑇𝑗,𝑘[Mbps] = 𝑅𝑠𝑟V𝑡𝑜𝑡𝑘[Mbps] (8)

The next constraint is related to the capacity of each RAT.The
aggregation of demands that are directed to each RAT cannot
exceed the total available capacity of that RAT, which can be
written as

𝑁𝑠𝑟V∑
𝑘=1

𝑅𝑅𝐴𝑇𝑗,𝑘[Mbps] ≤ 𝑅𝑅𝐴𝑇𝑡𝑜𝑡𝑗[Mbps] (9)

where

(i) 𝑅𝑅𝐴𝑇𝑡𝑜𝑡𝑗 : total available capacity of RAT 𝑗.
The last constraint ensures that all directed loads from
services to RATs are positive values:

𝑅𝑅𝐴𝑇𝑗,𝑘[Mbps] ≥ 0 (10)

The simplex method is adopted to find the optimal problem
solution. Instead of evaluating all the possible candidates
in the feasible solution space that satisfy constraints, this
method examines just the better candidates, which are known
in advance, yielding larger values of the objective function
[33].

3.4. Calculating the Aggregated Capacity. The achievable data
rate of each RRU depends on the SINR level of its associated
user. Based on the model suggested in [34], considering
an interference limited Het-Net, with the assumption that
users experience channel fading with a Rayleigh Distribution
(hence, the received power being described by the Exponen-
tially Distribution), the probability of having SINR higher
than an arbitrary value is derived. The authors in [17] further
modified the model to find the Probability Distribution
Function (PDF) of a single RRU’s data rate, assuming that it
varies between minimum and maximum positive values:

𝑃R[Mbps] (𝑅𝑅𝑅𝑈𝑗 | 0 ≤ 𝑅𝑅𝑅𝑈𝐿𝑗 ≤ 𝑅𝑅𝑅𝑈𝑗 ≤ 𝑅𝑅𝑅𝑈𝐻𝑗 )
= 𝑒−(0.2/𝛼𝑝) ln(10)∑5𝑚=0 𝑎𝑚(𝑅𝑅𝑅𝑈𝐿𝑗[Mbps])

𝑚 − 𝑒−(0.2/𝛼𝑝) ln(10)∑5𝑚=0 𝑎𝑚(𝑅𝑅𝑅𝑈𝑗[Mbps])
𝑚

𝑒−(0.2/𝛼𝑝) ln(10)∑5𝑚=0 𝑎𝑚(𝑅𝑅𝑅𝑈𝐿𝑗[Mbps])
𝑚 − 𝑒−(0.2/𝛼𝑝) ln(10)∑5𝑚=0 𝑎𝑚(𝑅𝑅𝑅𝑈𝐻𝑗[Mbps])

𝑚

(11)

where

(i) 𝑅𝑅𝑅𝑈𝐿𝑗 : lower bound for the RRU’s data rate,
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Table 1: Factor of polynomial approximation (updated from [35]).

Coefficients TDMA
(GSM)

CDMA
(UMTS)

OFDMA
(LTE)

OFDM
(Wi-Fi)

𝑎0 7.95 -12.15 0.24 1.38
𝑎1 964.6 1.89 264.1 189.3
𝑎2 -293.8 -0.041 34.96 29.76
𝑎3 0 0 -274.4 -351.8
𝑎4 -871.2 0 -52.77 -38.91
𝑎5 109.9 0 309.8 411.5

(ii) 𝑅𝑅𝑅𝑈𝐻𝑗 : higher bound for the RRU’s data rate,
(iii) 𝛼𝑝: path loss exponent, where 𝛼𝑝 ≥ 2,
(iv) 𝑎𝑚: coefficients of a 5-degree polynomial, based on

real network logs, Table 1.

The goal of deriving the PDF of data rate for each RRU is to
find the total capacity of each RAT, as well as the aggregated
network capacity, being provided from CRRM to VRRM.
Therefore, the next step is to obtain the distribution functions
associated with the total capacity of each existing RAT.
Assuming that RAT j can assign a 𝑁𝑅𝑅𝑈𝑗 number of RRUs to
the connected users and that all channels are independent,
the data rates of all RRUs, which are random variables, are
independent as well. Therefore, the PDF of the accumulated
data rate of each access technology can be expressed as the
convolution of all its RRU’s PDFs [36]:

𝑝R[Mbps] (𝑅𝑅𝐴𝑇𝑡𝑜𝑡𝑗 ) = 𝑝R[Mbps] (𝑅𝑅𝑅𝑈1𝑗 )
∗ 𝑝R[Mbps] (𝑅𝑅𝑅𝑈2𝑗 ) ∗ ⋅ ⋅ ⋅
∗ 𝑝R[Mbps] (𝑅𝑅𝑅𝑈𝑁𝑅𝑅𝑈𝑗𝑗 )

(12)

According to the Central Limit Theorem, the convolution
PDF of statistically independent random variables tends to
a Normal Distribution, as the number of random variables
tends to infinity, regardless of the initial PDFs [36]. Since
the random variables in this work are RRUs, which are
proposed to vary between a minimum and a maximum
value for all the RATs, (12) is approximated by fitting a
TruncatedNormal Distribution for each RAT [37]. Assuming
that 𝑅𝑅𝐴𝑇𝑡𝑜𝑡𝑗 has a Normal Distribution, 𝑅𝑅𝐴𝑇𝑡𝑜𝑡𝑗 ∼ 𝑁(𝑅𝑏𝑗 , 𝜎𝑗),
and that the interval for 𝑅𝑅𝑅𝑈𝑗 is 𝑅𝑅𝑅𝑈𝑗 𝜖[𝑅𝑅𝑅𝑈𝐻𝑗 /2, 𝑅𝑅𝑅𝑈𝐻𝑗 ],
then, the distribution parameters associated with each RAT
within 95% confidence bounds are given in Table 2, where𝑅𝑅𝐴𝑇𝑡𝑜𝑡𝑗 𝜖[𝑅𝑚𝑖𝑛𝑏𝑗 , 𝑅𝑚𝑎𝑥𝑏𝑗 ].

The general steps taken to obtain the convolution PDF are
summarised in what follows. First, the relationship between
SINR and the data rate of a single RRU is obtained. The
information for UMTS and LTE is based on real measure-
ments provided by Portuguese mobile operators [38], the
rest being obtained according to the theoretical behaviour of
SINR as a function of data rate. Considering that data rate is
constant in given SINR intervals, SINR can be represented as

Table 2: Parameters of the truncated normal distributions.

RATs 𝑅min
𝑏𝑗[Mbps] 𝑅max

𝑏𝑗[Mbps] 𝑅𝑏𝑗[Mbps] 𝜎𝑗[Mbps]

OFDM (Wi-Fi) 3352 6704 5116 67.1
OFDMA (LTE) 2400 4800 3655 61.2
CDMA (UMTS) 44.1 88.2 66.2 1.63
TDMA (GSM) 0.62 1.24 0.94 0.053

a piecewise step function of data rate and further estimated by
fitting a continuous fifth-degree polynomial, using the least-
square technique. Then, following (11), the PDF of a single
RRU is calculated, and finally the aggregation of PDFs in the
convolution function of each RAT (12) yields the result.

4. Case Study Scenario

Model performance is evaluated by defining a case study
scenario. It is assumed that the area under analysis is 1 km2,
which is uniformly covered by all cellular RATs as shown in
Figure 5(a). Furthermore, a Wi-Fi Access Point (AP) based
on IEEE802.11ac is placed at the centre of each LTE cell site
to boost capacity. These assumptions of cell layout are just
practical examples that are common among the studies that
discuss the problem of resource management in 5G or future
implementations from a flow level perspective [39, 40]. In
this regard, the aim of considering a scenario with coexisting
different RATs is to evaluate the performance of CRRM in
terms of mapping service demands onto RATs according to
the suitability and loading factor of these RATs. Concerning
the distribution of users as presented in Figure 5(b), 25% are
gathered around the centre (ce) of LTE Base Stations (BSs),
while the remaining 75% are located in off-centre (oc) areas,
without access to Wi-Fi, but with full access to cellular RATs.
Each user performs one specific service at a time.

Specifications are summarised in Tables 3 and 4, where𝑟𝐶𝑒𝑙𝑙𝑗 is the coverage radius of a single BS or AP, 𝑅𝑅𝑅𝑈max
𝑗

being the maximum data rate of each RRU from different
RATs. However, these values are not achievable in practice,
as the quality of the physical channel is greatly influenced
by SINR. Using the proposed convolution PDFs to calculate
the aggregated capacity of each RAT, by choosing 𝛼𝑝 = 3.8
as a common value for urban outdoor environments [17],
and then randomly selecting from the associated convolution
PDFof RATs,𝑅𝑅𝐴𝑇𝑡𝑜𝑡𝑗 as the average value for the total available
capacity of each access technology per km2 can be obtained.
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Table 3: RAT specifications.

RAT # BS, AP 𝑟
𝐶𝑒𝑙𝑙
𝑗 𝑟

𝐶𝑒𝑙𝑙
𝑗[km] RRU 𝑅

𝑅𝑅𝑈𝑚𝑎𝑥
𝑗[Mbps] 𝑅

𝑅𝐴𝑇𝑡𝑜𝑡
𝑗[Mbps]

OFDM (Wi-Fi) 16 𝑟𝑊 0.05 Carrier 0.97 504
OFDMA (LTE) 16 𝑟𝐿 0.4 Res. block 0.75 350.2
CDMA (UMTS) ∼ 1.7 𝑟𝑈 1.2 Code 1.4 6.54
TDMA (GSM) 1 𝑟𝐺 1.6 Time-slot 0.059 0.10

Table 4: Service parameters.

Service Range of data rate [Mbps] User mix [%] 𝜆𝑘 SLA
Centre Off-centre

Voice (Vo) Conversational [0.032, 0.064] 20 50 GB
Video streaming (Vi) Streaming [2, 13] 50 30 GB
Web browsing (We) Interactive [1, 862.4] [1, 358.4] 20 6 BG
Email (Em) Background [0, 862.4] [0, 358.4] 10 1 BE

r U

rL

rG

(a) Coverage of existing RATs

Distribution of users

25% (centre)

75%(off-centre)

rW

(b) Distribution of users

Figure 5: Network layout for the reference scenario (𝑟𝐺=1.6 km, 𝑟𝑈=1.2 km, 𝑟𝐿=0.4 km, and 𝑟𝑊=0.05 km).

Summing up over all these values, one gets 𝑅𝐶𝑅𝑅𝑀, as 860.8
Mbps. In order to find the maximum achievable capacity that
can be provided to oc users, Wi-Fi should be excluded from
the process, leading to 358.4 Mbps for 𝑅𝐶𝑅𝑅𝑀𝐶𝑒𝑙𝑙 .

Concerning the assumptions for service parameters and
SLAs, one service from each class is defined to be served
by a single VNO. One can see in Table 4 that Voice (Vo)
and Video streaming (Vi) are categorised as GB services,
since they are delay sensitive and demanding almost constant
data rates. Therefore, allocating capacities higher than the
contracted ones will not improve their QoS [41]. On the
other hand, an increase in the assigned data rate of Web
browsing (We) and Email (Em) can indeed improve the users’
quality of experience. The choice of these four services is
according to the fact that up to 2023 more than 80% of
the mobile traffic will be comprised of these services [42].
Also, concerning the assumptions for allocating the most
suitable RATs to different services, the prioritised table of
RAT selection for the proposed services is presented in
Table 5. For each service, the RAT that is numbered as 1 is
the most preferred access technology to be associated with

that service, NA representing the case that is not feasible to
associate a particular service to a specific RAT.

5. Analysis of Results

The numerical trend of data rate assignment, for ce and oc
users, is shown in Figure 6. It is clear that, for the same
service, the data rate allocated to ce users is always higher
than or equal to the one of oc users, since Wi-Fi coverage
is only available in ce areas. When the number of users is
comparatively low, all GB users are well served; as the traffic
load increases, the data rates of oc users drop to the lowest
contracted level (defined in Table 4).𝑇ℎ𝐵𝐸 is the point where the algorithm stops serving the
BE users in order to be able to continue serving the higher
priority ones with the minimum guaranteed data rates. It is
also noticeable thatVo is the last service to drop from 64 kbps
to 32 kbps just before ThBE, since it has the highest priority
and the lowest demanded data rate compared to the other
services.
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Table 5: Prioritised table of service to RAT assignment.

Services Priority of RATs
TDMA (GSM) CDMA (UMTS) OFDMA (LTE) OFDM (Wi-Fi)

Voice 1 2 3 4
Video streaming NA 3 1 2
Web Browsing 4 3 2 1
Email 4 3 2 1

Figure 6: Average long-term data rate of users.

Figure 7 shows the total data rate assigned to each service,
as another evaluation metric. The results from this figure,
including the different thresholds, are compatible with those
of Figure 6. When there is no limitation for data rate assign-
ment in both ce and oc areas, the ratio of the total data rate
allocated to Vi, We, and Em is proportional to their service
weights, 30, 6, and 1, respectively. The total used network
capacity, one of the most important parameters, is the aggre-
gation of data rate values at each point for both ce and ocusers,
being almost equal to the average total available capacity
of VRRM obtained per km2. Hence, it is shown that, inde-
pendent of the variation of traffic load and configuration of
several parameters in the proposed scenario, the VRRMalgo-
rithm is capable of distributing all the available capacity to
address the demanded data rates based on the proposed SLAs.

The percentage of served users is shown in Figure 8. As
all users are served beforeThBE, the values for both ce and oc
in this part remain constant, being associated with the ones
defined for the user mix in Table 4. The percentage of served
ce users in each service does not change by increasing the
number of offered users up to 400, as capacity is enough to
serve them all. However, at ThBE, the values for Em-oc go to
zero, meaning that all BE users located in oc are delayed in
order to provide enough capacity to serve the rest of oc users,
leading to a slight increase in the values of other services.

Figure 7: Total allocated capacity to the services.

After ThBE, the algorithm starts discarding We-oc, as BG
users. At this point, since a minimum data rate is guaranteed
for BGusers, the algorithmdelays just enough number ofWe-
oc ones to release capacity for the rest of oc users to continue
their service with the minimum contracted data rates, in
order to maximise serving the higher priority users up to
ThBG, where no BE users left to be delayed. The same process
takes place afterThBG for GB services, starting from Vi-oc. It
is also noticeable that at ThBG, all available capacity at oc is
divided between Vi and Vo, the number of Vi users being 2.5
times higher thanVo ones, which is proportional to their ratio
of traffic share (50% and 20% for Vi and Vo, respectively).

In order to evaluate the performance of the CRRM
mechanism of service-to-RAT assignment, as well as the
interaction between the CRRM and VRRM, the procedure
of allocating capacity from the available RATs, to satisfy the
demanded data rate of each service, is shown in Figure 9.

Starting from Vo in Figure 9(a), one can see that the
demanded data rate is provided by GSM and UMTS in both
ce and oc areas. As GSM is more suitable to serve voice users,
the CRRM algorithm gives the higher priority to this RAT.
However, the demanded data rate of voice is higher than the
total available capacity of GSM; therefore, the rest ofVo traffic
load is served by UMTS, which is the second highest priority
RAT. One can also notice that before 𝑇ℎ𝐵𝐸, since there is no
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Table 6: RATs and services matching, before 𝑇ℎ𝐵𝐺.
RAT Voice Video Web Email

Ce Oc Ce Oc Ce Oc Ce Oc
TDMA (GSM) ✓ ✓ NA NA × × × ×
CDMA (UMTS) ✓ ✓ × × × ✓ ✓ ✓
OFDMA (LTE) × × ✓ ✓ × ✓ × ✓
OFDM (Wi-Fi) × NA ✓ NA ✓ NA ✓ NA

Figure 8: Percentage of served users.

limitation in data rate assignment, capacity share of oc users
for both RATs is three times higher than the ce ones, which
is in accordance with the ratio of traffic (i.e., 75% and 25%
accordingly) in these two areas.

Regarding the Vi demand in Figure 9(b), although the
number of oc users is three times higher than ce ones, the
demanded data rate in centre is mostly higher, except for
lower traffic rates, since this group of users have access to
Wi-Fi. Accordingly, for oc users, the available LTE capacity
as the most preferred RAT is enough to serve the demanded
data rates until 𝑇ℎ𝐵𝐸. After that, oc users have to start using
capacity from the second available preferred RAT, i.e., UMTS,
while at each point for ce users the capacity of LTE andWi-Fi
is sufficient for the total demand.

For We users, the allocated capacity from different RATs
is presented in Figure 9(c). It is noticeable that the whole
traffic of ce users can be served just by Wi-Fi as the most
preferred RAT. Regarding the oc users, before 𝑇ℎ𝐵𝐸, LTE as
the most suitable RAT can cover the demand. However, by
increasing the required data rate ofVi-oc users between 𝑇ℎ𝐵𝐸
and 𝑇ℎ𝐵𝐺, there will not be enough capacity from LTE to
serve the rest of oc traffic; therefore, CRRM will choose the
second suitable RAT, UMTS, besides LTE to address all the
demanded capacity ofWe-oc users.

The last service is Em, which is shown in Figure 9(d).
One can see that the demand of ce users is mostly responded

by Wi-Fi, except for a tiny portion which is covered by
UMTS. However, for oc users the whole requested data rate is
allocated fromLTE andUMTS, which are the first and second
preferred available RATs, respectively. The absence of LTE as
the second priority RAT in ce areas is due to the fact that
Em is categorised as a BE service; therefore, it has the lowest
priority, and the unallocated capacity of LTE is not sufficient
to cover both demands from ce and oc users. Alternatively,
a small part of ce users’ demand is directed to UMTS as the
third preferred choice for RAT selection, besides Wi-Fi.

A summary of matching RATs and services is presented
in Table 6 as a comparison with the assumptions of Table 5.
One can see from Table 6 that at most two RATs are assigned
to a specific service, for both ce and oc areas, which are the
highest priority ones, except for a small share of Em-ce that
uses UMTS as the third priority. It is also notable that for
We-oc and Em-oc users, since the first priority RAT is Wi-
Fi, which is not accessible for oc users, they are alternatively
connected to LTE and UMTS, as the second and third most
suitable RATs, respectively.

6. Conclusions

This paper proposes a centralised cooperative mechanism of
RRM for Virtual RANs, based on aggregation and virtualisa-
tion of all the available radio resources fromdifferent RATs. In
this context, the roles of VNOs and InPs are separated, while
they are interacting to maximise the overall performance
efficiency. VNOs do not own the underlying infrastructure
and accordingly are not dealing with the management of
radio resources. Alternatively, they demand a centralised
virtualisation platform, called VRRM, for Capacity-as-a-
Service in order to satisfy their users in respect to the con-
tracted SLAs. VRRM is in charge of managing the aggregated
capacity, which is provided by InPs through the CRRMentity.
On the other hand, CRRM is responsible for distributing the
heterogeneous traffic among the available RATs, based on
some decision criteria for defining the most suitable service-
to-RAT assignment.Themodel is further extended to handle
the extreme situations resulting from high traffic loads, when
the capacity is not sufficient to provide all users with at least
theminimum contracted data rate. In this case, the algorithm
introduces delay to the lowest priority users, releasing enough
capacity so that the rest of higher priority ones continue their
service.

Themain goal from theVRRMperspective is tomaximise
the utilisation of total capacity, which is provided by aggre-
gating the RRUs from different RATs in order to satisfy the
SLAs to the highest achievable level, whilemaintaining a level
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(a) Voice (b) Video streaming

(c) Web browsing (d) Email

Figure 9: Allocation of capacity from the available RATs to each service.

of fairness among users considering the priority of services
and to realise an acceptable level of isolation. To achieve this
goal, VRRM has to closely interact with CRRM in order to
calculate the demandeddata rates of each service based on the
information about the available capacity provided by CRRM,
and then returning the demanded capacity to CRRM, to be
provided by the available RATs. The key objective of CRRM
is to associate these demands to the most suitable RATs, in
order to meet the QoS requirements of each service.

The performance of the proposed model is analysed by
realising a practical scenario. While all users have access to
the cellular RATs, only 25%of them can useWi-Fi.The results
from the VRRM evaluation confirm that when there is no
shortage of resources, the model can capture the demanded
capacity of Vo, Vi, We, and Em users, according to the
concept of proportional fairness, which is consistent with the
predefined serving weights of 50, 30, 6, and 1, respectively.
Moreover, all SLAs are satisfied independent of the variation
of traffic load, which yields a desired level of isolation. Under
extreme traffic loads in oc areas, the algorithmdelays the users
based on their service priorities, trying to serve themaximum
number of high priority ones. In any case, 100% of the
aggregated capacity is used. From a CRRM viewpoint, all the

demanded capacities from different services are addressed
by maximum two available RATs, which are the highest
priority ones according to the predefined table of service-
RAT matching, the only exception being a small portion of
BE users’ demand, since they have the lowest priority.
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