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Executive Summary 

Extension of LTE towards LTE-M is a vital part of the overall EXALTED system architecture. 
The LTE was mainly developed and optimized for support of high data rates and transfer of 
large amount of data, while the requirements of the machine-to-machine applications are 
more towards low data rate, short bursts of data transfer and low complexity. This report 
presents the main components of a complete LTE-M system design. But this is clearly not 
the end of the process. The specification of LTE-M is subject to an iterative evolvement while 
integrating and optimizing the proposed algorithms and protocols. The on-going evaluation 
will lead to modifications and extensions. In the report at hand, a conceptual framework is 
disclosed, which will serve as the basis for the final LTE-M system. Moreover, the almost 
final status of the algorithms and procedures investigated for the use in the LTE-M system 
design are described. As justification, it is indicated, how they can fit in the overall LTE-M 
system, which objectives they address and which performance is expected. The final public 
deliverable will then consist of the conclusive specification of LTE-M as a complete system 
integrating all aspects still under investigation, as well as a detailed performance analysis 
with respect to the project objectives based on a common evaluation methodology. 

Improvements and enhancements of LTE aiming at designing an extension called LTE-M, 
which will be much more suitable and efficient when used by M2M applications, were the 
main drivers of the EXALTED activities. Having in mind that LTE is already being deployed, 
key LTE-M design requirements are the reuse of existing infrastructure as well as its smooth 
coexistence with LTE. 

Various M2M applications were analysed in another work package of EXALTED to extract 
their specific requirements and design objectives. These were then driving EXALTED system 
design activities. To assess performance of the newly developed system, a number of 
system KPIs are derived which serve as high level indicators for the achievements of the 
LTE-M system design. Technical requirements and KPIs are summarized in the annex of this 
report. As the LTE-M system design is only a part of the overall EXALTED system 
architecture, the relationship between both is described showing the placement of LTE-M 
within the big picture of EXALTED. 

As it is the intention to bring the work done to standardisation, related 3GPP study and work 
items are considered e.g. [49]. In [58], candidate solutions for different parts of the LTE-M 
system design aiming at overcoming the bottlenecks of the existing LTE system with respect 
to M2M were introduced.  

The frame structure is one of the most important conceptual basics for data transmission in 
LTE-M and is directly linked to the specification of new physical channels. As the key idea of 
LTE-M is to reuse resources from LTE, the frame structure is designed to be extremely 
scalable to limit the impact on LTE as much as possible and to adapt to the instantaneous 
traffic situation. The downlink transmission can be based on the reuse of Multicast/Broadcast 
Single Frequency Network (MBSFN) sub frames, to which an LTE-M specific super frame 
structure is overlaid. Two types of channels are introduced in the uplink to cater for two types 
of traffic: event-driven and scheduled. A random access channel is serving the event driven 
traffic, while a shared channel serves all users with prescheduled information transmission. 
The radio access schemes are also defined because the LTE-M uplink uses a more flexible 
modulation scheme. Consequently, new resource block definitions are described as well. For 
the random access, a novel hybrid transmission scheme is defined. To account for the full 
benefits of different M2M scenarios with different needs, specific LTE-M device classes are 
introduced specifying the capabilities of certain devices. This ensures optimal selection of 
functionality needed for a device. A coarse look is also given onto the protocol stack of LTE-
M and its functionalities including the functionality inherited from LTE. The addressing of 
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LTE-M devices is a vital point of the system design as most M2M scenarios cope with a 
multitude of additional devices per cell. Constraints of such an addressing scheme are also 
discussed. Also other aspects on parts of the LTE-M system design, such as 
synchronization, reference signals and power control were addressed. They are still under 
investigation and will be disclosed in the final public deliverable of this work package. subject 
to final specification. 

 

Having the big picture of an LTE-M system design in mind, the specific solutions for all the 
different layers are discussed and logically connected to the LTE-M system design. 

 

First, topics regarding the physical (PHY) layer of the LTE-M system design are presented. 
The proposals herein aim at serving the specific needs of a low complexity, high coverage 
system for data transmission. To account for the assumed low complexity hardware of the 
end devices that is exposed to frequency incorrectness and asynchronicity, the Generalized 
Frequency Division Multiplexing (GFDM) as a flexible multi-carrier modulation approach was 
introduced. To extend the coverage, Code-Division Multiple Access (CDMA) can be applied, 
and a detailed study on the benefits is given. The incorporation of directional antennas is 
also vital for extending the coverage, but additional feedback seems to be difficult, in 
particular if a big number of devices is connected. A solution to reduce the feedback is 
discussed. Additionally, MIMO technologies used in LTE are made available by introducing 
derivatives that aim at low complexity. 

 

The medium access control (MAC) layer of LTE-M is the second field of focus. Here, the 
mismatch between the payload size and the signalling messages is identified as a key 
problem. Solutions to overcome this issue are discussed. To ensure an efficient scheduling 
of devices according to the specific needs, e.g. regarding latency a cross-layer optimized 
scheduler is discussed. The scheduling solutions from [58] evolved also into a broader 
scheduling framework. To accomplish for the heterogeneity of the traffic in M2M, specific 
investigations for scheduling are made. For ensuring highly reliable transmission of data, 
advances for Hybrid Automatic Repeat Request (HARQ) in the M2M setting are discussed 
and analysed. A multiple access scheme with collision recovery is introduced to account for 
the high density of LTE-M nodes, which is a particular challenge of the random access 
procedure. 

 

Following PHY and MAC layers, solutions for the radio resource control (RRC) layer are 
discussed. To ensure a proper segmentation between LTE and LTE-M devices specific 
registering procedures were analysed which is important for efficiently serving the specific 
needs of the high-data rate LTE world as well as the low data rate LTE-M world. 
Optimizations of the mobility support and monitoring of the paging channel are also 
discussed and analysed.  

 

Solutions in the field of Broad- and Multicast transmissions are covered too. An efficient way 
of protecting multicast transmissions against channel errors while preserving the optimal 
transmission of redundancy to all receivers is introduced. Information theory studies show 
the immense potential of this solution. To better distribute the load of broadcast transmission 
on different communication links and to overcome the vital problem of shadowing especially 
in static settings, a collaborative broadcast architecture is further discussed. It incorporates 
the use of network coding together with direct links to LTE-M nodes as well as capillary 
networks.  
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Finally, an insight is given into the new promising technologies that are not only suitable for 
use in M2M scenarios, but also able to push the performance of the system even further. 
Spectrum sensing is one of these technologies and its applicability to LTE-M is studied. As 
LTE-M nodes are often deployed in rural areas battery life is crucial. With the use of 
harvested energy such a lifetime can be increased. Investigations that analyse harvesting of 
energy together with the communication system are shown. To further push the coverage of 
LTE-M, relaying can be applied. Here specific energy efficient solutions are discussed.  
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1. Introduction and Background 

The purpose of this report is to disclose the LTE-M system design as the conceptual 
framework and to describe related algorithms and protocols as candidate options for the 
LTE-M specification. In contrast to the previous report [58], where the individual investigated 
algorithms were presented sequentially as a toolbox available to address the project 
objectives, the report at hand focuses on the overall system with clear cross references how 
the proposed algorithms and protocols can be combined and how they depend on each 
other. Nevertheless, the presentation of the proposals sorted according to layers was kept in 
order to show the progress towards their final specification and the expected performance in 
a reasonable way. The final evaluation of the overall system consisting of a suitable 
combination of candidate algorithms and protocols is not part of this report. 
 
LTE-M is needed, because the existing LTE specification is optimized for broadband 
applications and is not appropriate for Machine-to-Machine (M2M) communications, as 
argued in [58] and briefly recapitulated in section 2.1. Hence, the basic design objectives for 
LTE-M claimed in section 2.2 can be summarized as the provision of spectrum- energy- and 
cost efficient, solutions achieving wide area coverage for a multitude of machine devices 
transmitting sporadically short messages, ideally with only minimal changes of the existing 
LTE system. 
 
The LTE-M system design is a subset of the EXALTED architecture [56], which itself relies 
on the architecture for Machine Type Communications (MTC) proposed by 3GPP [16] 
(section 2.3). Moreover, it aims to be an enabler for the ETSI functional architecture for M2M 
[57]. It describes the functionality of and the relationship between the components eNodeB, 
LTE-M Relay, LTE-M Device, M2M Gateway and partly the Evolved Packet Core (EPC). 
LTE-M embraces peer-to-peer protocols on layer 1 (PHY), on layer 2 (Medium Access 
Control – MAC, Radio Link Control – RLC, and Packet Data Convergence Protocol – PDCP) 
as well as on layer 3 (Radio Resource Control – RRC). The Internet Protocol (IP) and all 
higher layer end-to-end (E2E) protocols are not part of the specification of LTE-M. After a 
review of the ongoing standardization activities and their intermediate outcomes in section 
2.4, the basic elements of the LTE-M system are presented (section 2.5) 
 
The most important element of the LTE-M system is its frame structure and the clarification 
how LTE-M can coexist with LTE (section 2.5.1). The proposed solution is basedbases on 
exclusive usage of radio resources, i.e. assuming a fragmentation of radio resources in time 
and frequency direction, where each fragment can be used either for LTE or for LTE-M, but 
not for both systems simultaneously. Similarly to the LTE specification, LTE-M provides 
different Physical Channels for the exchange of control information and the actual payload. A 
suitable combination of scheduled access and random access is envisaged to minimize the 
signaling overhead. As many of the proposed algorithms rely on a classification of devices or 
the underlying applications according to certain characteristics, such as delay tolerance or 
regularity and size of transmissions, the definition of LTE-M device categories and the 
registration of information about the devices accessible at the eNodeB is another central part 
of the LTE-M system (section 2.5.2). On overview of LTE-M protocol stacks (section 2.5.3) 
and the envisaged identification and addressing schemes (section 2.5.4) conclude this first 
major part of the report. 
 
The algorithms and protocols presented in the subsequent sections 3-7 of this report match 
into the LTE-M system design. Cross references to the respective paragraphs in section 2 
are included. Each individual proposal is justified with respect to the design objective it 
addresses. Although the purpose of this report is neither the final selection of algorithms and 
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system parameters for LTE-M, nor the evaluation of the overall LTE-M system, a 
performance assessment of the proposals based on a subset of metrics summarized in the 
annex is given as a further indication of their suitability for LTE-M. A comparison with the 
baseline systems is added where applicable. 
 
Section 3 addresses PHY layer concepts. In the first part, Generalized Frequency Division 
Multiplexing (GFDM), the envisaged uplink radio access scheme, is presented (section 
3.1.1). If the link budget is not sufficient, and additional range extension is necessary, it can 
be combined with a generic Code Division Multiple Access (CDMA) overlay introduced in the 
subsequent paragraph 3.1.2. The second part of section 3 is dedicated to multiple antenna 
techniques. Although, it is assumed that the LTE-M devices themselves do not support any 
kind of sophisticated Multiple Input Multiple Output (MIMO) schemes, the antenna elements 
are available at the eNodeB anyway, and it is discussed how they can be exploited easily for 
LTE-M (sections 3.2.1 and 3.2.2). 
 
The following section 4 deals with MAC layer solutions. Scheduling in LTE-M is vendor 
specific. However, certain strategies for the allocation of radio resources require knowledge 
of the capabilities of the devices and of the characteristics of the underlying applications and 
their respective technical requirements, which needs standardization. The availability of this 
kind of information at the eNodeB must be enabled by the system design framework. 
Examples of the exploitation are the semi-static assignment of radio resources if the 
transmission of data occurs in a regular time grid (section 4.1.1), optimized scheduling based 
on the individual delay tolerance of devices (section 4.1.2), optimized scheduling based on 
clustering of devices (section 4.1.3), and, finally, a scheduling approach addressing the 
requirements of heterogeneous devices (section 4.1.4). The second MAC functionality 
considered in this report is the control of retransmission schemes. A Hybrid Automatic 
Repeat Request (HARQ) mechanism optimized for M2M is presented in section 4.2.1. 
Moreover, a retransmission scheme enabling the recovery of collisions allows for a more 
efficient usage of the random access channel in LTE-M. This helps offloading the scheduled 
uplink shared channel and thus reducing related signalling overhead (section 4.2.2). 
 
Proposals for improvements of RRC layer protocols are presented in section 5. The basic 
idea to register information about the terminals, which is accessible by the eNodeB, is 
presented in detail (section 5.1). This is not an isolated approach, but the basis of many 
other proposals in this report, in particular the scheduling techniques in section 4.1. The 
following section 5.2 deals with the optimization of the paging procedure in LTE-M and 
discusses different options for mobility support. Again, this idea relies on an appropriate 
categorization of LTE-M devices. 
 
As many M2M use cases assume a very big number of devices, broadcasting and 
multicasting gain a lot of attraction in LTE-M. Thus, section 6 is dedicated to concepts 
dealing with the optimization of this type of communication. The first proposal presents a Low 
Density Parity Check (LDPC) like rateless coding scheme, which can provide the same data 
to multiple devices very efficiently, i.e. without the necessity to adapt the link parameters to 
the weakest device by transmitting oversized redundancy (section 6.1). The second proposal 
addresses the LTE-M design objective coverage extension. A collaborative broadcast 
architecture is presented that utilizes network coding to close coverage gaps (section 6.2). 
 
EXALTED also investigates generic concepts, that can be advantageously utilized in a LTE-
M system, but also in any other radio system. These approaches are summarized in section 
7 as additional enablers for the achievement of the project objectives. Section 7.1 presents a 
method for short-term spectrum sensing, which can be applied for the uplink random access 
independently from other methods discussed in section 2.5.1.2. Section 7.2 deals with 
energy harvesting, which mitigates the problem of energy consumption at the devices and 
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thus enables a longer battery lifetime. Finally, in section 7.3 an energy efficient relaying 
concept is discussed. 
 
This report is concluded in section 8 by a summary of the most important achievements and 
results, and by an outlook to the next steps towards the final evaluation of the overall LTE-M 
system. 
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2. LTE-M System Design 

2.1 Necessity of LTE-M  
 
LTE/LTE-A is a broadband mobile system designed primarily as a low latency, highly 
scalable system supporting very high data rates. Shortcomings of LTE for efficient M2M 
communication are addressed in detail in [58]. M2M applications are typically delay tolerant 
and require only transmission of small messages. On the other hand, M2M communications 
require significant improvement to coverage (both uplink (UL) and downlink (DL)), for 
example M2M devices such as smart meters in basement of buildings or inside metal 
cabinets, parking sensors under asphalt etc. Typically M2M applications also require efficient 
power saving (deep sleep) with battery life of several years rather than days, efficient group 
addressing/wakeup mechanisms to address large population of devices, efficient end to end 
transmission of very small data, reduced overhead for signalling for setting up small data 
transmission and broadcast messages, and are typically very low cost to facilitate large scale 
deployment and are not supported efficiently by LTE. Since the current LTE/LTE-A system is 
not designed for the specific requirements of M2M, the LTE-M system described in this 
document aims to address the requirements of M2M and proposes algorithms optimised 
specifically for M2M communication.  
 
Table 2-1 shows a comparison of some basic features of LTE and LTE-M. The entries for 
LTE-M reflect the current proposal of the system design and may be subject to modifications 
evolving from the on-going evaluation. Single aspects will be further discussed throughout 
this report. 
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Table 2-1: Comparison of some basic features of LTE and LTE-M 

 LTE LTE-M Comment 

System bandwidth 1.4 MHz - 20 MHz 1.4 MHz - 20 MHz  

Transmission 
bandwidth 

1.4 MHz - 20 MHz 1.4 MHz  

MIMO modes   Up to 4 layer MIMO. 
Closed/open, Single 
User (SU) / Multi User 
(MU) / beamforming & 
diversity 

Single Rx, Tx diversity 
and single layer open 
loop MU-MIMO 
/beamforming  

  

Peak data rate 300 Mbps Downlink 
(DL)/ 75 Mbps Uplink 
(UL) 

1 Mbps UL & DL   

Number of parallel 
HARQ process  

8 1   

User plane Latency  5ms 82 ms Assuming 40ms 
Transmission Time 
Interval (TTI), 1ms 
processing in eNodeB 
and UE / device 

Control Plane 
latency 

50 ms  Dependent on random 
access procedure and 
TTI length 

Packet Data 
Convergence 
Protocol (PDCP) 
Compression 
Algorithms 

Robust Header 
Compression (ROHC) 

ROHC   

Channel Quality 
Indicator (CQI) 
reporting 

Sub-band & wideband Sub-band only   

 
 
2.2 Design objectives and system KPIs 
 
It has been shown that LTE does not provide means to support a multitude of short 
messages in a cost- energy- and spectrum efficient way [58]. The definition and specification 
of LTE-M are therefore based on design objectives aiming at solutions to overcome the 
known shortcomings. All aspects can be concentrated to the following key challenges: 
 
 LTE-M must be a system that coexists with LTE in the same spectrum. Nevertheless, it 

can use its own algorithms and protocols, i.e. it can be seen as an autonomous system 
that fits in the boundaries given by LTE. On the other hand, it must be said that the 
success of the specification of LTE-M will clearly depend on the severity of required 
modifications in existing hardware, particularly in the eNodeB. Hence, it is not a fault to 
consider the PHY layer signal processing chain of LTE as the baseline and to try reusing 
as much as possible functional units, e.g. the decoder, or the Fast Fourier Transform 
(FFT). Whilst re-use of existing functional modules is desirable, the achievable 
performance gain will decide whether or not a major modification is justified. 
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 LTE-M has to provide means to support a multitude of machine devices simultaneously 

without overloading the access and core networks. Aspects to be considered here are the 
available address space, in particular if we convert from IPv6 to a local address scheme, 
required signalling to control the data flow in LTE-M (e.g. assignment of radio resources), 
signalling to support the existence of these devices (e.g. device management, mobility 
support), and the efficiency of the actual payload delivery. 

 
 Provision of wide area coverage. This general design objective comprises two different 

aspects. Firstly, we aim at wide area coverage in LTE-M itself. The link budget of the 
transmission technologies implemented in LTE-M must be dimensioned such that isolated, 
battery limited devices with limited RF capabilities, e.g. equipped with just one single 
antenna or a simple power amplifier, can fulfil the minimum performance requirements in 
both uplink and downlink. Secondly, LTE-M has to provide means to enable E2E 
connectivity for devices within a capillary network. For this purpose, the EXALTED 
architecture provides one component, namely the M2M Gateway, which connects the 
capillary network via LTE-M with the core network. 

 
 As mentioned above, the minimization of signalling is one key prerequisite to support a 

large number of devices. But there is also another important reason to do so, namely the 
lifetime of the battery in the device, or more generally spoken the energy efficiency of the 
system. Whereas the signalling in LTE was designed for broadband applications with a 
large payload size, we aim at an optimization of signalling with respect to sporadic short 
messages in order to minimize the energy required in the device to process and transmit 
such a short message. One particularly efficient means to save energy is to turn off the 
device completely as long as the application allows. 

 
 Finally, cost efficiency must be considered as another key design objective. The 

solutions of all abovementioned criterions will turn out as pure theoretical studies, if the 
costs for developing, deploying and operating an LTE-M system, and also the price of 
devices that can use it, are non-competitive. Here EXALTED considers the Global System 
for Mobile Communications (GSM) and Enhanced General Packet Radio System (E-
GPRS) as the relevant baseline systems, taking into account that these widely used 
technologies are today up and running, but also aware that they consume spectrum, which 
could be used much more profitably in near future. 

 
Summarizing, LTE-M has to be spectrum- energy- and cost efficient, providing wide area 
coverage to a multitude of machine devices, ideally with only minimal changes of the existing 
LTE system. 
 
Having determined which the key design objectives of LTE-M are, the question now is, how 
we can measure the performance, LTE-M can achieve. In [58] a preliminary list of key 
performance indicators (KPI) has been defined and can be referred to within Annex A2. This 
list must be understood as the totality of metrics EXALTED utilizes to evaluate individual 
algorithms and protocols. For the evaluation of a complete system, this full list is not suitable. 
Therefore, we present in the following Table 2-2 a short list of system KPIs, which will be 
used in the follow-up deliverable for a clear and conclusive performance evaluation of LTE-M 
as a whole. 
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Table 2-2: LTE-M design objectives and system KPIs 

Design objective System KPIs 
Coexistence with LTE Coexistence achieved (yes or no) 
Simultaneous support  of a big number of 
machine devices 

Maximal number of supported devices 
Totality of traffic these devices cause 

Provision of wide area coverage Range and coverage, LTE-M can achieve 
Energy savings to enable a long battery 
lifetime 

Consumed energy per transmitted message 
Battery lifetime 

Cost efficiency Total costs relative to GSM 
 
2.3 Relationship between the LTE-M system design and the EXALTED architecture 
 
EXALTED has spent a lot of effort to define and specify a system architecture that provides a 
systematic framework facilitating the achievement of the project objectives. The architecture 
consists of components characterized by their functionality. A component can be physical 
entity, e.g. an eNodeB or a LTE-M device, or a logical unit whose functionality can be 
distributed among different locations, e.g. EPC. The functionality is realized by algorithms. As 
algorithms are exchangeable and are typically selected according to the specific 
requirements given by a certain use case, we do not consider them as part of the 
architecture, but as part of the EXALTED system concept.  
 
Information is exchanged over interfaces between components. An interface can embrace 
several layers, either in the sense of a point-to-point interface (lower layers) or in the sense 
of an end-to-end interface (higher layers). The realization of interfaces is done with protocols 
executed on the involved layers. For protocols applies the same as for algorithms. They 
belong to the system concept, but not to the architecture. This terminology is illustrated in 
Figure 2-1. For more details it is referred to [56].  
 

Component A

Functionality A1

Algorithm

Functionality A2

Algorithm
Algorithm

Algorithm
Algorithm

Functionality B

Component B

Algorithm
Algorithm
Algorithm

Interface AB

Protocol
Protocol

 

Figure 2-1: Definition of the terminology used in EXALTED 

 
As LTE-M consists of both algorithms and protocols, it must be understood as integral part of 
the EXALTED system concept. It utilizes the EXALTED system architecture as the 
systematic framework for its implementation.  
 
The EXALTED system architecture was not defined from scratch. The baseline architecture 
that has been investigated with respect to its suitability to serve as the systematic framework 
for algorithms and protocols is the 3GPP (MTC) [16], which is briefly sketched in the 
following paragraph. For further details about the EXALTED architecture it is referred to [56]. 
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The proposed architecture reference model is the main outcome of the 3GPP Rel-11 work 
item System Improvements to Machine-Type Communications (SIMTC). The contributions 
are consolidated in [16].  
 
The scope of the study is to consider architectural enhancements to support a large number 
of MTC devices and to fulfil MTC service requirements. Certain combinations of the 
proposed architectural enhancements shall be supported. The focus is on transport services 
for MTC and related optimizations as well as on the protection of the network against 
overload situations caused by too much MTC traffic in a short duration. Other aspects are out 
of scope. The study explicitly addresses the communication between a MTC device and a 
MTC server, and not the communication between two MTC devices, as it is shown in Figure 
2-2. 
 
 

  

 

Figure 2-2: High level 3GPP architecture for MTC (Source [16]) 

The proposed framework distinguishes two types of communication models between the 
MTC device and the MTC server, namely the indirect and the direct model. In the direct 
model, the MTC Application connects directly to the operator network without the use of any 
MTC Server, while in the indirect model a MTC server is required, which can be either 
outside of the operator domain (MTC Service Provider controlled communication), or inside 
the operator domain (3GPP operator controlled communication). Also a hybrid model, where 
both approaches are used simultaneously, is supported, i.e. the user plane is connected 
directly, and the control plane indirectly. 
 
The proposed LTE-M system, as a subsystem of the EXALTED system concept, is fully 
compatible with the architectural framework proposed in SIMTC. 
 
2.4 Summary of other recent standardisation activities 
 
3GPP is working on several study items and work items for efficient M2M operation. Cost 
reduction of LTE modem for provisioning of MTC on LTE was studied in [49], Radio Access 
Network (RAN) improvements for MTC in [50], GSM/GPRS improvements for efficient 
support of MTC was studied in [51], System improvements in [16] (see previous subsection), 
alternative addressing is being studied in [54] and service aspects for enhancements to MTC 
in [55]. In the following the outcome of [49] is briefly summarized,  
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One of the primary objectives of EXALTED is to develop efficient system for M2M and to 
support an eco-system of M2M on LTE. For migration of existing M2M services on GSM to 
LTE, cost efficiency of M2M over LTE should be comparable to that over GSM. In line with 
EXALTED objective of developing a cost efficient system based on LTE, 3GPP initiated a 
study with industry partners on techniques to reduce the cost of LTE UE’s for M2M 
communication. 
 
Following aspects were discussed within EXALTED and were further studied by 3GPP to 
conclude Bill of Material cost of an LTE modem can be reduced by up to 70% in comparison 
to an LTE category 1 modem when considered together with additional techniques such as 
Half Duplex operation [41]. 

- Simplified receiver architecture 
- Reduced peak data rate  
- Restricted modulation and coding scheme 
- Narrow band operation 

 
EXALTED has identified the need for access control for large number of devices and has 
identified the need for ability to differentiate between machine-type devices and normal LTE 
devices to allow for prioritization. 3GPP has adopted such concepts of EXALTED in their 
work on RAN overload control [50] with additional concepts for overload and congestion 
control in core network and radio access. 
 
2.5 Basic components of the LTE-M system 
 
In the following, some basic components of the LTE-M system are presented. Their function 
is to serve as a conceptual framework, where proposed algorithms and protocols (see 
Sections 3 – 7) can fit in. Main aspects discussed are the frame structures for downlink and 
uplink, definition of device classes and their capabilities, the protocol stack, as well as 
identifiers and the addressing scheme. 
 
2.5.1 LTE-M frame structure 
 
To efficiently support the integration of LTE-M and LTE the sharing of resources for actual 
data transmission must be specified. A first step (Section 2.5.1.2) is to define physical 
channels for the different purposes in up- and downlink transmission such as control 
channels and channels for data transmission. Additional channels for specific functionality 
such as random access and multicast are also specified. While LTE uses specific access 
schemes such as Time Division Multiplex (TDM) and Frequency Division multiplex (FDM), 
access schemes for LTE-M are discussed in Section 2.5.1.3. 
 
2.5.1.1 LTE-M downlink and uplink signals  
 
LTE-M will re-use the Primary Synchronisation Signal (PSS) and Secondary Synchronisation 
Signal (SSS) in sub frames 0 and 5 of the LTE system for slot timing detection, radio frame 
timing detection, physical layer cell ID detection, and cyclic prefix length detection. In the 
uplink LTE-M specific demodulation reference signals within the uplink data sub frame is 
introduced. 
 
LTE-M implicitly derives the number of antenna ports from the Cell Specific Reference 
signals (CRS). 
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2.5.1.2 LTE-M Physical Channels (PCH)  
 
LTE has below mapping between logical transport and physical channels (see Figure 2-3 
and Figure 2-4). Unless explicitly specified, existing LTE channels and respective mapping 
are assumed for LTE-M with additional information elements specific to LTE-M system. The 
additional physical channels introduced for LTE-M are subject to further specification and the 
below mapping diagrams will be extended. 
 

 

Figure 2-3: Mapping between downlink logical channels and downlink transport 
channels 

 

CCCH DCCH DTCH

UL-SCHRACH

Uplink
Logical channels

Uplink
Transport channels

 

Figure 2-4: Mapping between uplink logical channels and uplink transport channels 

 
The basic principle for enabling LTE-M communication is to co-exist with LTE in the same 
spectrum and to semi-statically allocate dedicated resources for LTE-M within the primary 
LTE system. In downlink, these resources can be coarsely divided into broadcast channels 
providing physical layer information (Master Information Block - MIB), broadcast channels 
providing System Information Blocks (SIB) such as resource configuration, cell reselection 
information, access restriction information, control channels for scheduling, power control 
etc., and shared channels for data transmission. In uplink, resources are preconfigured for 
data channel and control channel. The proposed physical channels are listed in Table 2-3. 
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Table 2-3: Physical channels for LTE-M 

Name UL/DL Comment 
PMDBCH DL Physical MTC Downlink Broadcast Channel 
PMDCCH DL Physical MTC Downlink Control Channel 
PMDSCH DL Physical MTC Downlink Shared Channel 
PMDMCH DL Physical MTC Downlink Multicast Channel 
PMPCH DL Physical MTC Paging Channel 

PMRACH UL Physical MTC Random Access Channel 
PMUCCH UL Physical MTC Uplink Control Channel 
PMUSCH UL Physical MTC Uplink Shared Channel 

 
Physical channels for the LTE-M downlink: 
 
In LTE, system bandwidth and supported transmission bandwidth are identical. LTE-M 
shares the same system bandwidth as LTE but occupies smaller transmission bandwidth 
than LTE in order to reduce LTE-M device complexity. LTE-M system bandwidth will use the 
LTE MIB in the Physical Broadcast Channel (PBCH) to acquire system frame number and 
system bandwidth information. 
 
As the subframes with LTE paging occasions cannot be configured as MBSFN subframes 
(the LTE-M downlink may use MBSFN subframes as specified later), dedicated paging 
channel are required for LTE-M. To facilitate deep sleep, subframes 1 and 6 are configured 
as MBSFN subframes for LTE-M and paging channel (PMPCH).  
 
The PMDBCH is the physical downlink broadcast channel for LTE-M. It carries information 
about the device timers, configurations to enable access to the cell such as configuration of 
the PMDCCH, PMRACH and PMDMCH. This channel is commonly encoded with a fixed 
Modulation and Coding Scheme (MCS), in a specific fixed subframe and has fixed periodicity 
that allows the decoding with prior knowledge of only frame timing even at cell edges. The 
information in the PMDBCH might also be encoded using incremental redundancy codes as 
described in Section 6.1. 
 
LTE Physical Downlink Control Channel (PDCCH) capacity is insufficient to schedule large 
number of machine devices and the PMDCCH is required to be introduced within the 
configured MBSFN subframe. The PMDCCH is the physical downlink control channel and 
carries information about the scheduling of the resources for PMDBCH, PMDSCH and 
PMPCH for a specific LTE-M device or a group of LTE-M devices in up- and downlink as well 
as the respective MCS schemes. Information in this channel might also be encoded with the 
MCS for worst channel conditions but optionally the appropriate MCS for the specific cell 
might also be specified in the PMDBCH. A new SIB identifier MTC System Information Radio 
Network Temporary Identity (M-SI-RNTI) is introduced for LTE-M SIB’s in the PMDBCH. 
 
The PMDSCH is the physical downlink shared channel. It is used by the eNodeB to transmit 
data dedicated to certain devices. The MCS used for transmission in this channel is defined 
in the PMDCCH and therefore can support all envisaged MCS of LTE-M for efficient use of 
the spectrum.  
 
The PMDMCH is the physical downlink multicast channel. It carries information that is 
transmitted to a multitude of nodes, specifically a multicast group. Configuration such as 
periodicity of occurrence and radio resources of this channel is indicated in the PMDBCH. 
The transmission in this channel is encoded with the incremental redundancy multicast code 
defined in Section 6.1. 
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Figure 2-5, shows the envisaged time multiplexing of LTE Multimedia Broadcast Multicast 
Services (MBMS) on the Multicast Channel (MCH) and LTE-M (PMDSCH) in MBSFN 
subframes (1, 2, 6, 7). 
 

 

Figure 2-5: Time multiplexing of LTE MBMS (MCH) and LTE-M (PMDSCH) in MBSFN 
subframes (1, 2, 6, 7) 

 
To share spectrum between LTE and LTE-M in the downlink, a subset of the downlink sub-
frames of a 10ms radio frame are configured as MBSFN subframes by higher layers with a 
subset of MBSFN subframes configured as LTE-M subframes. The subframe pattern for 
MBSFN is indicated in SIB2 of LTE system and maximum of six subframes (1,2,3,6,7,8) can 
be allocated as MBSFN subframe within a 10 ms frame. Multicast channels (MCH) carry 
broadcast information and are mapped to a single TTI of 1ms. Multiple MCH’s are time 
multiplexed within a common subframe allocation (CSA) pattern. All the MBSFN resources 
signaled are not required to be occupied by MCHs as MBSFN resources because part of the 
Rel-8 MBSFN signaling can be shared for more than one purpose (MBMS, Positioning, etc.). 
MBSFN resources not occupied by MCH can be used for LTE-M. This allows for 
simultaneous operation of MBMS services and LTE-M in the LTE system. SIB2 has a 
periodicity of 160ms and identifies MBSFN sub-frames and MBSFN area configurations. 
MBSFN sub-frames can be scheduled with variable periodicity. For the LTE-M design a 
minimal periodicity of 40ms is assumed. The transport blocks for physical channels in Figure 
2-6 are interleaved in time over multiple resources of the MBSFN sub frames and a super 
frame structure is realized with super frame duration expressed in multiples MBSFN pattern 
repeat period (n times 40ms, where n is number of MBSFN pattern repeat period) is 
introduced and depicted in Figure 2-6.  
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Figure 2-6: Mapping of LTE-M super frame structure to MBSFN frames in LTE downlink 
resource grid 

This super frame consists of three downlink channels (PMDBCH, PMDCCH, PMDSCH) 
which are in principle concatenated in time and multiplexed in frequency. When applying the 
mapping to consecutive MBSFN sub frames, the occurrence of the PMDBCH is more 
frequently interleaved with the other channels to ensure fine granular wakeup and frame 
number detection of nodes that where in sleep mode or are acquiring frame timing for the 
first time e.g. due to power up. The mapping of the consecutive channels to MBSFN sub 
frames can be configured to ensure an optimal usage of the shared resources and to not 
waste resources from the LTE primary system when even a low number of LTE-M devices is 
attached to the eNodeB. The parameters PMDBCH period and system period are encoded in 
the PMDBCH for each new device to completely derive the super frame structure from 
decoding messages in PMDBCH once. Additionally to the super frame structure, physical 
channels are also multiplexed in frequency as depicted in Figure 2-7. 
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Figure 2-7: LTE-M frame structure 
 
 
Physical channels for the LTE-M uplink: 
 
The PMRACH is the physical uplink random access channel. It is used  for the initial 
attachment to an eNodeB e.g. after switching on the LTE-M device for the first time and also 
for the transmission of sporadic short messages. Efficient proposals for using the PMRACH 
are described in Sections 2.5.1.3 and 4.1.1. The option of introducing several sub-PMRACH 
for different groups of devices dependent on LTE-M device geometry is also considered as 
potential option to refine the specification of LTE-M. 
 
The PMUCCH is the physical uplink control channel when there is no uplink data to be sent. 
If the LTE-M device has uplink data to send, the control information is multiplexed with data 
in the PMUSCH It is envisaged to carry primarily feedback information as well as handling for 
HARQ procedures.  
 
The PMUSCH is the physical uplink shared channel. This channel carries the payload 
information from the LTE-M devices to the eNodeB.  
 
The sharing of spectrum with the primary LTE system in the uplink is done in a twofold way 
and is figuratively depicted in Figure 2-8. 
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Figure 2-8: Sharing of LTE-M uplink channels with primary LTE resources 

 
As control information of the LTE UEs is transmitted on the edges of the frequency band the 
control information for LTE-M is situated at the center of the system bandwidth. The 
occurrence of the control channel and its properties are subject to further discussion and 
specification. A certain scalability of the PMUCCH is also envisaged to efficiently share the 
spectrum with the primary LTE system. The PMRACH might be time multiplexed with the 
PMUCCH at the center of the bandwidth. Finally the PMUSCH supports the completely 
scheduled transmission of data in the uplink and will therefore be multiplexed/overlaid with 
the PUSCH of LTE to yield a joint LTE/LTE-M uplink shared channel although transmission 
bandwidth of LTE-M is lower than LTE. Here the scheduler in the eNodeB can easily benefit 
from a joint scheduling algorithm to obtain optimal scheduling results for both systems. LTE 
system may configure sounding reference signals (SRS) which occupy the last symbol of a 
subframe and are wideband signals. LTE-M subframes are expected to be punctured to 
accommodate the Sounding Reference Signals (SRS). 
 
 
2.5.1.3 LTE-M access scheme and resource allocation 
 
As shown in Figure 2-6 and Figure 2-8, LTE-M radio resources are multiplexed into the given 
LTE frame structure in time and frequency direction. This section gives more insight to the 
LTE-M Physical Channels themselves.  
 
Random access and scheduled access in the uplink 
  
In principle, it is distinguished between random access and scheduled access. Random 
access means transmission on radio resources, which are not assigned to one particular 
LTE-M device. The main advantage of random access is that exchange of scheduling 
information between eNodeB and LTE-M devices over the PMDCCH is not needed, i.e. the 
amount of signaling information, one key objective in EXALTED, is reduced. However, 
collisions between simultaneous transmissions from two or more different LTE-M devices 
can occur. If the collision probability is too high, random access becomes inefficient. The only 
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random access channel in LTE-M is the uplink PMRACH. In contrast, scheduled access 
avoids collisions completely, but requires the exchange of signaling information. 
 
For the question, whether random access or scheduled access is the preferred solution in 
LTE-M, several parameters and constrains must be considered: 
 

  Number of LTE-M devices: Two facts are obvious. The amount of scheduling 
information to be distributed over the PMDCCH scales with the number of LTE-M 
devices. However, for the case, where LTE-M devices utilize the PMRACH also the 
collision probability increases with the number of devices. 

  Message size: The amount of scheduling information on the PMDCCH does not 
depend on the message size, but again the collision probability on the PMRACH 
increases with the message size. 

 
Random access is clearly the better solution if the traffic load is small, i.e. a scenario with a 
not too big number of LTE-M devices transmitting sporadically short messages.  
 
An intermediate conclusion is that random access would be the desirable solution due to the 
signaling overhead reduction, given that the problem caused by collisions on the PMRACH 
could be solved. For this, EXALTED investigates different mechanisms that can be applied 
independently or in combination: 
 

  The simplest method reducing the collision probability is to adapt the capacity of the 
PMRACH according to the traffic load. This means that the frequency and the size of 
the PMRACH in the uplink frame shown in Figure 2-8 is not fixed, but can be adjusted 
dynamically. 

  Reduction of the collision probability by enforcing the arrival distribution of PMRACH 
transmissions to be flat over the time. This algorithm, also referred to as slotted 
access is detailed in section 4.1.1. It addresses primarily event driven use cases such 
as fire alarm, where a big number of devices may initiate their transmissions at the 
same time leading to an interim overload of the PMRACH. 

  Multiple access with collision recovery, where the decoder partially recovers packets 
involved in collisions, combined with retransmission protocols allowing full recovery of 
the collided packets. This algorithm is described in section 4.2.2 

  Short-term spectrum sensing, which is presented in section 7.1. 
 
Having these means in mind, EXALTED proposes a combination of random access and 
scheduled access for the LTE-M uplink. This hybrid access scheme is illustrated in Figure 
2-9. The assumption is that the M2M message to be sent from the LTE-M device is 
composed of a control information field and the actual payload. This message is segmented 
in n data packets of fixed size. The first data packet consisting of the complete control 
information field and the first part of the payload is sent on the PMRACH. In the best case, 
the message is small enough so that this first data packet is the only one.  
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UL M2M message = control information field + payload

Segmentation of M2M message in n data packets

PMRACH: Overall number of data packets is part of the 
control information field

PMDCCH: Either ACK + scheduled resources for n-1 data packets
or NACK + scheduled resources for n data packets

PMUSCH:  

Figure 2-9: Hybrid access in LTE-M 

After the eNodeB has received the first data packet, it answers with an ACK or NACK 
message on the PMDSCH, eventually together with scheduling information for the remaining 
data packets and / or scheduling information for the transmission of the first data packet in 
the case that a collision on the PMRACH has occurred. Finally, the remaining data packets 
are sent over the PMUSCH exploiting the advantage of scheduled resources. 
 
The hybrid access scheme shows the following benefits: 

  A big portion of very short messages is sent on the PMRACH. No additional signalling 
exchange is required, and a significant offloading of the PMDCCH is achieved. 

  The segmentation of bigger messages into small data packets reduces the collision 
probability of the first data packet on the PMRACH and also limits the loss in the case 
of a collision. 

 
The optimization of the system parameters (size and frequency of the PMRACH and size of 
a data packet) is subject to further investigation, which will be done in combination with the 
algorithms proposed in Sections 4.1.1 and 4.2.2. This is part of the iterative evaluation and 
optimization of the LTE-M system and will be disclosed in the final public deliverable. 
 
LTE-M resource allocation 
 
The resource allocation for all Physical Channels in LTE-M in both uplink and downlink apart 
from the PMRACH is done by the scheduler of the LTE-M enabled eNodeB. In the following, 
we always assume that the eNodeB has access to registered information about the LTE-M 
devices and their capabilities (see Sections 2.5.2 and 5). 
 
Within the LTE-M radio resources, the data to be transmitted is mapped on frequency, time 
and code allocations. Figure 2-10 illustrates the multiplex of radio resources assigned to four 
LTE-M devices in the downlink (PMDSCH) or in the uplink (PMUSCH). The smallest possible 
allocation unit is an LTE-M resource block, which itself consists of LTE-M resource elements. 
In the downlink, one LTE-M resource element is equivalent to one subcarrier during one 
OFDMA symbol period. EXALTED adopts the size of a downlink resource block from LTE, 
i.e. it spans 12 subcarriers and one slot, which corresponds to 6 or 7 symbols. In uplink, one 
resource element corresponds to a GFDM subcarrier, and the resource block spans up to 
nPRB subcarriers and one GFDM symbol that lasts two slots (see Section 3.1.1). 
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Figure 2-10: Multiplex of LTE-M device resource allocations in time and frequency in 
the PMDSCH and PMUSCH 

 
The code dimension is an optional additional degree of freedom, which can be applied for the 
purpose of range extension if the link budget is not sufficient. It is described in detail in 
section 3.1.2 and omitted in Figure 2-10 for the sake of clarity. 
 
Moreover, pilot and synchronization symbols must be multiplexed in the LTE-M resource 
blocks, not shown in Figure 2-10. For the time being EXALTED assumes that pilot patterns 
and synchronization channels defined in LTE will be utilized for LTE-M as well.  
 
The scheduler assigns PMDSCH and PMUSCH resource blocks to LTE-M devices. In 
principle, the implementation of the scheduler is vendor specific, i.e. there is no given rule 
how this assignment shall be carried out. However, implementation options for the 
scheduling in LTE-M are being investigated in EXALTED in order to assess the overall LTE-
M system performance (see Sections 4.1.2 and 7.3), Important prerequisites required for the 
application of these techniques are considered in the system design, e.g. the availability of 
knowledge about the delay classes at the eNodeB.  
 
2.5.2 LTE-M device classes and their capabilities 
 
2.5.2.1 Summary of differentiators for LTE-M device classes 
 
The need for different treatment of devices by the network, depending on their type and 
features, implies the introduction of device classes in EXALTED. A device belongs to a 
particular device class depending on its capabilities. As the intention of EXALTED is to 
retain the compatibility with 3GPP LTE specification, some additional capabilities for devices 
will be introduced to the ones already existing in [26], and the mechanism for conveying them 
to the network is the same as described in [27]. More details are given in the following sub-
section. 
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Among the components of the EXALTED system, device classes and capabilities are 
applicable to those devices that use LTE-M interface, namely LTE-M Devices and M2M 
Gateways. Devices in capillary networks are “hidden” behind Gateways from the network’s 
perspective, and it is a Gateway’s role to report the capabilities in a way that reflects the 
features of a capillary network behind it. 
 
The main purpose of the usage of device capabilities is to notify the core network of the 
features and functionalities that a particular device (UE) has, so that a proper treatment for 
that device on the access network is granted. 
 
Taking into account types of traffic, applications, protocol stack running on the EXALTED 
components etc., some features of devices are recognized as the main candidate 
capabilities. These are summarized in the Table 2-4. 
 

Table 2-4: Device capabilities in EXALTED 

Capability Type Comment 
IP support Boolean (true/false) This capability should reflect the existence of simple 

non-IP LTE-M devices. The eNodeB to which they 
are attached performs IP (PDP) connection 
termination on their behalf. 

Mobility support Boolean (true/false) Mobility management is still under discussion in 
EXALTED, since it introduces several negative 
impacts on signalling and complexity of the system, 
but in case it is needed, a simple capability denoting 
whether the IP session continuity should be retained 
in case of a handover should reflect it. 

Ability to perform 
channel 
measurements and 
reporting 

Boolean (true/false) Devices having this capability can be polled for the 
purpose of monitoring etc. 

Power restricted Boolean (true/false) Power restricted devices should generate and 
receive less traffic, and often be in a sleep mode. 

Type of traffic e.g. Integer 
1 – time driven 
2 – event driven  

The event driven traffic is not expected on regular 
time basis by the network. 

 
 
2.5.2.2 Definition of LTE-M device classes  
 
According to [27], UE informs the Evolved Universal Terrestrial Radio Access Network (E-
UTRAN) of its capabilities through the UE capability transfer procedure. This procedure 
includes two basic messages: UECapabilityEnquiry, sent from the network to a UE in order 
to request the transfer of UE radio access capabilities, and UECapabilityInformation, 
containing the reply with capabilities, sent from UE to the network. The procedure is depicted 
on Figure 2-11 (source: [27]). 
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UECapabilityInformation 

UECapabilityEnquiry 

UE EUTRAN 

 

Figure 2-11: UE capability transfer. 

 
The messages are exchanged through the Dedicated Control Channel (DCCH). If the UE 
has changed its radio access capabilities, necessary Non-Access Stratum (NAS) procedures 
must be initiated by higher layers, and that would result in the update of UE radio access 
capabilities using a new RRC connection [27]. 
 
After the procedure is initiated by E-UTRAN, the UE must set the content of 
UECapabilityInformation message, and submit it to lower layers for transmission. The 
enquiry message specifies the radio access technology, for which the information is required 
(GPRS, LTE, CDMA2000, etc.), and the reply message contains specific fields (i.e. variable 
values) depending on the technology required. 
 
The relevant fields in case of E-UTRAN release 8 (LTE) are presented in Figure 2-12 in 
Abstract Syntax Notation (ASN.1). Further extensions to release 9 and 10 (LTE-A) are given 
in the same specification [27]. 
 
UE-EUTRA-Capability ::=   SEQUENCE { 
 accessStratumRelease    AccessStratumRelease, 
 ue-Category       INTEGER (1..5), 
 pdcp-Parameters      PDCP-Parameters, 
 phyLayerParameters     PhyLayerParameters, 
 rf-Parameters      RF-Parameters, 
 measParameters      MeasParameters, 
 featureGroupIndicators    BIT STRING (SIZE (32))    OPTIONAL, 
 interRAT-Parameters    SEQUENCE { 
  utraFDD        IRAT-ParametersUTRA-FDD    OPTIONAL, 
  utraTDD128       IRAT-ParametersUTRA-TDD128    OPTIONAL, 
  utraTDD384       IRAT-ParametersUTRA-TDD384    OPTIONAL, 
  utraTDD768       IRAT-ParametersUTRA-TDD768    OPTIONAL, 
  geran        IRAT-ParametersGERAN     OPTIONAL, 
  cdma2000-HRPD      IRAT-ParametersCDMA2000-HRPD   OPTIONAL, 
  cdma2000-1xRTT      IRAT-ParametersCDMA2000-1XRTT   OPTIONAL 
 }, 
 nonCriticalExtension    UE-EUTRA-Capability-v920-IEs  OPTIONAL 
} 

Figure 2-12: UE-EUTRA-Capability fields. 

Among the fields presented, there is a field which can be of particular interest for EXALTED, 
namely ue-Category, and also ue-Category-v1020 (for LTE-A categories), which specifies 
the category of UE in respect to its supporting physical uplink and downlink capability. 
Release 8 assumes 5 categories, while release 10 introduces 3 more. Depending on the 
device and a particular use case, this category should be properly set. The list of relevant 
parameters describing each of the categories is given in [26]. 
 
If needed, additional categories can be defined in LTE-M. Furthermore, in LTE-M it is 
envisaged to introduce additional fields in UE-EUTRA-Capability or UE-EUTRA-Capability-
v1020-IEs, or even a completely new set of fields (e.g. UE-EUTRA-M-Capability), which will 
address capabilities needed for the LTE-M system and EXALTED use cases. 
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One possibility to map capabilities listed in Table 2-4 to fields, following the ASN.1 notation 
and specification [27], is presented in Table 2-5. 
 

Table 2-5: A proposal for LTE-M capabilities. 

Capability Type ASN.1 name 
IP support Boolean ipSupport 
Mobility support Boolean mobilitySupport 
Ability to perform 
channel 
measurements and 
reporting 

Boolean channelMonitoring 

Power restricted Boolean powerRestricted 
Type of traffic Integer typeOfTraffic 

 
In case of the EXALTED architecture, besides the basic differentiation between an LTE-M 
Device and an M2M Gateway, one of the most relevant capabilities that can be used for 
further differentiation is the IP support, since it implies major impacts to device connectivity 
and the ways it is reachable. Therefore, the following device classes are suggested: 
 

  IP LTE-M device; 
  non-IP LTE-M device; 
  M2M Gateway. 

 
Table 2-6 summarizes the possible values of LTE-M capability fields for those device 
classes. 

Table 2-6: Proposed LTE-M device classes and capabilities 

Capability IP LTE-M Device  Non-IP LTE-M 
Device 

M2M Gateway 

IP support true false true 
Mobility support true true true 
Ability to perform 
channel measurements 
and reporting 

false false true 

Power restricted true true false 
Type of traffic application specific application specific application specific 

 
In this way the LTE/LTE-M core network is able to treat IP devices, non-IP devices and M2M 
Gateways differently, while maintaining the strong backward compatibility with LTE 
specification. 
 
2.5.3 LTE-M protocol stack  
 
In Figure 2-13 is a high level view of user plane and control plane protocol stacks of the LTE-
M system for the case that LTE-M Devices do not support IP. If LTE-M Devices or M2M 
Gateways support IP, then the interface to the eNodeB also includes the IP layer similarly as 
in LTE (not shown in Figure 2-13). Further information about interfaces and protocol stacks in 
LTE-M can be found in [56]. 
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Figure 2-13: User-plane protocol stack (left) and Control-plane protocol stack (right) 

 
  PDCP, MAC and PHY layers terminate at the LTE-M enabled eNodeB and perform 

operation of header compression, ciphering, scheduling, and HARQ respectively. 
  LTE-M re-uses integrity protection offered by LTE for Signaling Radio Bearer (SRB) and 

Data Radio Bearer’s (DRB).  
  LTE-M is a system optimized for efficient transmission of small user plane data over the 

air interface. As an additional option, optimization is done by removal of repeated 
common information in subsequent packets. The proposed Address Mapping Function 
(AMF) in the eNodeB performs deletion of source and destination address, port, 
checksum in of IP / User Datagram Protocol (UDP) / Transmission Control Protocol 
(TCP) / Real-Time Transport Protocol (RTP) and reinserts the same at the LTE-M device 
before sending to the application layer. 

  MAC schedules LTE-M devices on pre-identified resources (in DL). 
  RRC performs the function of LTE-M specific broadcast, paging of LTE-M devices, RRC 

connection management, radio bearer control, and device measurement reporting and 
control. Unlike LTE, mobility functions are not performed by LTE-M RRC. 

  NAS control protocol (terminated in Mobility Management entity (MME) on the network 
side) performs Evolved Packet System (EPS) bearer management; authentication; EPS 
Connection Management (ECM)-IDLE mobility handling; paging origination in ECM-IDLE; 
security control. 

 
 
LTE supports long Discontinuous Transmission (DRX) of 2560 subframes (2.56 seconds) for 
IDLE mode UEs. LTE-M will support longer DRX for further power saving. UEs whist in DRX 
mode are not expected to send Precoding Matrix Indicator (PMI), Channel Quality Indicator 
(CQI) and Rank Indicator (RI) and hence will also result in uplink  power saving. 
 
 
2.5.4 LTE-M identifiers and addressing scheme  
 
In the LTE-M networks potentially limiting resource is the identifier space. On the LTE radio 
interface, the 16-bit Cell Radio Network Temporary Identifier (C-RNTI) is the identifier for 
connected devices. The C-RNTI is the RNTI to be used by a given UE while it is in a 
particular cell. The C-RNTI identifies a UE having a RRC connection within a cell [27]. The 
relevant fields in case of E-UTRAN release 10 (LTE) are presented in Figure 2-14: C-RNTI 
information element in ASN.1 notation.   
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-- ASN1START 
 
C-RNTI ::=       BIT STRING (SIZE (16)) 
 
-- ASN1STOP 

Figure 2-14: C-RNTI information element 

 
When the UE is in the LTE_ACTIVE state, mobile terminal is active, connected to a known 
cell and capable of transmitting and receiving data. In this state, the mobile terminal is 
connected to a specific cell within the network and one or several IP addresses have been 
assigned to the mobile terminal, as well as an identity of the terminal i.e. the C-RNTI, used 
for signaling purposes between the mobile terminal and the network. Before user data can be 
transmitted to/from the terminal, a unique identity within the cell C-RNTI must be assigned to 
the terminal.  
 
The scheduler in the eNodeB distributes the available radio resources in one cell among the 
UEs, and among the radio bearers of each UE. The eNodeB allocates downlink or uplink 
radio resources to each UE based respectively on the downlink data buffered in the eNodeB 
and on Buffer Status Reports (BSRs) received from the UE. In this procedure, the eNodeB 
considers the Quality-of-Service (QoS) requirements of each configured radio bearer, and 
selects the size of the MAC Protocol Data Unit (PDU). The usual mode of scheduling is 
dynamic scheduling, by means of downlink assignment messages for the allocation of 
downlink transmission resources and uplink grant messages for the allocation of uplink 
transmission resources; these are valid for specific single subframes. They are transmitted 
on the PDCCH using a C-RNTI to identify the intended UE [28]. 
 

With an extremely large number of machine devices per cell, it may not be possible to keep 
devices in Connected state between their transmissions. On the other hand, if the C-RNTI is 
released during periods of inactivity, signaling is required to establish a new C-RNTI for each 
transaction. Both approaches, keeping M2M devices in the RRC_CONNECTED state or in 
the IDLE, have advantages and disadvantages: 

 If the M2M devices are kept in the Connected state, the eNodeB has to maintain a UE 
context, occupying memory and identifier space, but requiring relatively little processing 
for each packet.  

 If the devices are instead released to the Idle state between the transactions, no 
resources are occupied in the eNodeB, but more processing is required for each 
transaction. 

 

In LTE the PDCCH signaling can be used to carry the equivalent of a paging indicator, with 
the detailed paging information being carried on the Physical Downlink Shared Channel 
(PDSCH) () in a resource block indicated by the PDCCH. In a similar way, to broadcast data, 
paging indicators on the PDCCH use a single fixed identifier, in this case the Paging RNTI 
(P-RNTI). Different UEs monitor different subframes for their paging messages. 

Optimal solution will depend on the type of M2M devices, the traffic they generate and their 
amount in the observed cell. Radio interface resources will likely often be a limiting factor in 
the future, due to the expected increase of traffic, spectrum limitations, and the difficulties in 
making networks denser. With the types of traffic expected for the huge number of M2M 
devices (with infrequent small packets transmission), the radio resource limitations can often 
be more severe for control channels than for data channels. Today, each connected terminal 
consumes a significant amount of network resources (e.g. eNodeB memory and processing 
power) even if it creates very little traffic. With a large number of low-activity devices, this 
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could create a hardware dimensioning problem. However, in the timeframe of introducing the 
huge number of M2M devices in LTE-M network vision, hardware capabilities can be 
expected to increase significantly; so most likely it will not be a main issue. 

In order to estimate the radio resource usage of machine devices, it is necessary to make 
some assumption about the traffic scenario, which depends on the population densities and 
site densities for some cities. Based on that analysis it will be concluded if the eNodeB is 
able to handle both LTE and LTE-M traffic simultaneously, or in some cases it is better to 
have separate eNodeB dedicated to LTE-M traffic.  

 
2.5.5 Other aspects subject to further study 
 
Besides the central components of the LTE-M system presented in the previous paragraphs, 
there are more aspects to be considered in the final system design. These items will be 
seamlessly integrated in the already existing framework, but they still need further analysis, 
in particular with respect to a common evaluation of suitable combinations of proposed 
algorithms, which will be done after the current reporting period. In the following, these items 
are summarized without a final specification. 
 
Retransmission schemes: It is clear that a HARQ scheme will be implemented in the LTE-M 
MAC layer (see section 4.2). While the number of parallel HARQ processes in LTE is 8, this 
number will be reduced in LTE-M to one single HARQ process. Still open is the question if an 
additional ARQ protocol shall be specified in the RLC sublayer. Due to the fact that the 
predominant number of LTE-M messages is expected to be rather small, the ARQ protocol 
will be probably omitted. For the same reason it is discussed to delete the RLC sublayer 
completely from the LTE-M protocol stack in order to get rid of not required overhead  
 
Provision of mechanisms to avoid deep fades: The discussed reduction of complexity, 
reduced measurements and reporting procedures, reduced protocol overhead, and the 
possible limitation to one single RF chain at the device, jeopardises the envisaged coverage 
extension for LTE-M devices. In particular the options to react on disadvantageous radio 
propagation conditions on single frequency resources (deep fades) are limited. One 
possibility to mitigate this effect and to achieve satisfactory conditions for all devices in 
average is to implement a frequency hopping pattern, i.e. the available LTE-M resource 
allocations in frequency direction (see the coloured areas in Figure 2-10) would be 
permanently interchanged among the devices. On the other hand, the LTE-M scheduler is 
vendor specific. Thus it is questionable to restrict this degree of freedom by a fixed 
specification. 
 
Reuse of LTE synchronization channels: The final evaluation of the complete LTE-M system 
must clarify if the existing LTE synchronization channels are sufficient, or if additional LTE-M 
synchronization channels have to be specified to increase the link robustness and to extend 
the coverage. 
 
Pilot density: For the time being, it is assumed that the existing pilot patterns used in LTE will 
be adopted for LTE-M. To achieve the envisaged coverage extension it may be necessary to 
introduce additional pilot tones on LTE-M resources and also to enable power boosting on 
these pilot tones that can differ from the LTE specification. 
 
Power saving: The system design has to provide mechanisms to switch the device off for the 
maximum proportion of time and to minimise the effort needed to re-acquire the network 
when powered back up. A device attachment must be specified that persists for as long as 
possible even with device Tx and Rx units both switched off in power-save. The security 
parameters should also persist so that it is not necessary to go through a long handshake 
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protocol prior to each data transmission, even when there are long gaps between messages. 
Several proposals are being investigated, e.g. the pre-allocation of radio resources, which 
avoids the decoding effort of the PMDCCH (section 4.1.1), and means to optimize the RRC 
protocol (section 5). It is still under investigation whether the approaches must be 
complemented with additional mechanisms. This will be the outcome of the evaluation of the 
complete system. 
 
Security: LTE-M embraces the PHY layer, MAC, RLC and PDCP sublayers, as well as the 
RRC layer. The final EXALTED system architecture [56] must clarify, which security 
mechanisms have to be specified in the LTE-M framework. It is mandatory to provide 
authentication, integrity protection and privacy. Further it is desirable to include protection of 
the signalling information. 
 
In the following sections, several proposals for PHY, MAC and RRC layer algorithms and 
protocols are presented in detail. All of them are implementation options for the conceptual 
framework introduced in section 2. Cross references show exactly, where in the LTE-M 
system the respective algorithm will be applied. These algorithms and protocols can be 
utilized individually or in combination. The performance evaluation of combinations of them is 
not part of this report, but will be disclosed in the final deliverable entitled “LTE-M 
Performance Evaluation”. It is subject to an iterative evolvement and optimization of LTE-M 
features and the respective system parameters. 
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3. LTE-M Physical (PHY)-Layer 

3.1 Radio Access 
In the following section, specific solutions for the LTE-M PHY layer are detailed and 
discussed. These solutions serve important requirements of the EXALTED project, such as 
the development of low complexity PHY algorithms complying with the hardware restrictions 
of the M2M devices, low energy consumption and backward compatibility. To this end, the 
GFDM is introduced as a flexible multi-carrier modulation approach, to account for the low 
complexity hardware that is exposed to frequency incorrectness and asynchronicity. 
Additionally, the coverage extension is enhanced by applying CDMA waveforms, which also 
opens an additional degree of freedom for the allocation of radio resources. The 
incorporation of directional antennas is also vital for extending the coverage, but additional 
feedback seems to be a problem. A solution to reduce the feedback is discussed. Moreover, 
MIMO technologies used in LTE are made available by introducing derivatives that aim at 
low complexity. 
 
3.1.1 Generalized Frequency Division Multiplexing (GFDM) 
 
3.1.1.1 Problem statement and relationship to LTE-M system design 
 
The GFDM approach described in [58] is a novel PHY for a flexible multicarrier system with 
several advantageous properties. For instance, advantages over OFDM include significant 
suppression of out-of-band radiation, the reduced amount of necessary CP and the option to 
distribute time and frequency resources in a flexible manner. These properties however 
come at the cost of increased computational complexity: In order to apply a pulse shape to 
the GFDM system’s subcarrier requires more arithmetic operations. 
 
Computational complexity is a crucial performance indicator, because the nature of M2M 
applications calls for a large diversity of possible applications, among which battery driven 
devices will play a significant role. And since computational complexity of the air interface 
maps to the power consumption of a potential M2M node, it also relates to its battery life. 
 
The approach for the modulation of a GFDM transmit signal, which would correspond to the 
uplink of the LTE-M system, is based on a modulation matrix which is generated from a 
subcarrier pulse shaping filter and depends on the dimensions of the resource unit of choice 
[63]. The modulation matrix is well suited for the mathematical analysis of a GFDM 
transmitter; however the size of that matrix can easily increase when ‘LTE-like’ parameters 
are assumed. Thus it is difficult to assess a GFDM system that is comparable to LTE, even in 
simulations. 
 
To overcome this issue, in the following section a simplified way of modulating the data is 
introduced for GFDM and afterwards its computational complexity in terms of complex valued 
multiplications is studied. 
 
Relation to the LTE-M system design: 
The use of GFDM in the LTE-M uplink with its flexible allocation in PMUSCH lowers the 
requirements on synchronization especially regarding frequency accuracy. Additionally the 
definition of scalable subcarriers within one resource block gives the opportunity to account 
for different coherence bandwidths of the channel efficiently.  
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3.1.1.2 Algorithm description 
 
The method described in this section is based on [64]. Considering a GFDM system, the 
transmitted data symbols on every subcarrier undergo three processing steps: 

  upsampling 
  pulse shaping 
  upconversion. 

These operations are inherently accounted for in the modulation matrix A. As can be seen in 
Figure 3-1, A contains the pulse shape in all possible phase offsets and frequencies. This 
however is a very redundant approach and thus subject to further optimization. By carrying 
over the subcarrier processing from time domain to frequency domain, significant savings 
can be achieved. 
 
Upsampling a signal in time domain by factor N basically denotes the operation of inserting 
N-1 zeros for every original sample. The downside of doing this, is that the size of the original 
vector is increased, thus all subsequent operations need to be performed on a factor N times 
larger vector. But inserting zeros in time domain can be represented in frequency domain by 
a simple N times repetition of the Fourier transform of the original signal. Thus in the discrete 
case a small FFT is enough to contain all information. 
Further, filtering the individual subcarriers in a GFDM system corresponds to a convolution of 
a vector containing upsampled data symbols and a vector containing the time samples of the 
pulse’s shape. Convolution is a computationally heavy operation and carrying this over to 
frequency domain, it can be substituted by a simple elementwise multiplication of the FFT of 
the data symbols and the FFT of the filter pulse. Note that for this to hold, the pulse needs to 
be applied in a circular, tail biting manner [65]. 
The third operation, the upconversion, is performed in time domain by multiplying the 
samples of the pulse-shaped subcarrier signals with complex valued oscillations of different 
frequencies. In frequency domain, this multiplication is replaced by a convolution of the FFT 
of the pulse shaped subcarrier samples and a Dirac function. This convolution results in a 
simple, circular shift which can be easily implemented as a pointer operation on a register. 
Note that the operations described in this paragraph are illustrated in Figure 3-2. 
 
As a result, the GFDM transmitter shown in Figure 3-4 can be derived, wherein the red 
blocks denote upsampling, filtering and upconversion in frequency domain. Comparing this 
with OFDM, the relation between both becomes evident: setting the parameter M=1 and 
omitting the processing steps denoted by the red blocks leads turns GFDM into OFDM. 
Comparing GFDM to the scheme that is used in the LTE uplink standard from Figure 3-3, 
namely DFT spreading, the number of common processing blocks is even larger. As a 
conclusion, GFDM can be therefor seen as a generalization of the two other multicarrier 
transmission methods. 
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Figure 3-1: Absolute value of the entries of an example modulation matrix A (left) and 
real and imaginary part of the first three rows of A (right). 

 
 

 

Figure 3-2: Illustration of the operations involved in the modulation of GFDM signal for 
both time and frequency domain 
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Figure 3-3: DFT-spreading transmitter model 

 

Figure 3-4: GFDM transmitter model 

 
3.1.1.3 Expected Performance  
The performance assessment in this report is carried out with respect to 

 (K40): Complexity 
 
As described in the preceding section, carrying out certain processing steps in frequency 
domain enables savings computational complexity. Particularly, the upsampling and the 
upconversion can be carried out through pointer/memory operations as previously described. 
This leaves three steps that contribute to the total number of multiplications that are 
necessary to generate the transmit signal. Assuming that an FFT/IFFT operation of N points 
can be performed at the cost of N log2 N multiplications, the GFDM frequency domain 
approach requires: 

  K times M log2 M multiplications for the M point FFTs of K subcarriers, 
  K times LM multiplications for the filtering of K subcarriers, 
  NM log2 NM multiplications for the NM point IFFT. 

Thus the total complexity is CGFDM,FFT = KM log2 M + KLM + NM log2 NM. Therein, N gives 
the total number of subcarriers in the system, K gives the number of active subcarriers in the 
system and L gives how many neighbouring subcarriers are overlap (thus L=2 for the 
RC/RRC case). 
 
As a comparison, taking the approach of the modulation matrix described in D3.1 leads to 
CGFDM,A = NKM2 and since K is typically a number in the same order of magnitude as N, that 
means nearly quadratic growth. Lastly, OFDM complexity is COFDM = M N log2 N and CDFT-

spread = M I J log2 J + M N log2 N. Note that in relation to the LTE standard, J = 12 and I = 
100. 
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The resulting transmitter complexity can be observed in Figure 3-5. While the LTE UL and 
DL are denoted by the two blue curves respectively, the analysis shows that GFDM (red 
curves) can achieve a complexity in the same order of magnitude by shifting the transmitter 
processing to the frequency domain. However, there is a big margin and the computational 
effort is highly depending on the parameter L, which denotes how many neighboring 
subcarriers overlap. A small L is desirable because it keeps the interference between 
neighboring subcarriers limited to one neighbor. An L>1 is necessary, because in order to 
achieve narrowband subcarriers, the filtering pulse needs to be allowed to spread over a 
certain amount of time. Finally, the GFDM approach with the modulation matrix yields the 
highest computational effort (black curve). 
Note that a GFDM receiver requires additional processing elements for synchronization, 
equalization and optionally interference cancellation which are not accounted for here. 
 

 

Figure 3-5: Computational complexity of the transmitter of different modulation 
schemes and implementation approaches as a function of the block size denoted by M 

 
3.1.1.4 Implementation issues 
 
GFDM can be seen as a generalization of the techniques currently used in the LTE uplink 
and downlink. The scheme can be easily turned into either of the established transmission 
schemes by adjusting the system parameters M, N, K, L, as well as the coefficients of the 
pulse shaping filter or by simply bypassing certain processing blocks. This allows for a fully 
flexible LTE-M PHY, which can use OFDM and SC-FDMA appropriate but has also the 
capability to switch to a mode that takes advantage of the full flexibility that the GFDM 
concept can offer. For instance, that can be case when adapting to channel conditions like 
time- and/or frequency selectivity or imperfections like carrier frequency offset or timing 
offsets as they may arise within the specification of LTE-M. For that purpose above system 
parameters can be adjusted on a per-subframe basis if necessary. Note that the exact values 
for M, N, K, L and the filter strongly depend on LTE-M frame structure which is still in 
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development at this point in time. The full benefits of GFDM may only be used when 
designing the overlaid LTE-M system to be asynchronous to the primary LTE system. In that 
case, the GFDM system is very likely to face interference from the surrounding non-M2M 
LTE users. Since GFDM is designed such, that it constitutes minimal interference to the 
original LTE, an inter-system interference cancellation algorithm can be applied at the base 
station by first demodulating the LTE users, then re-modulating their transmit signal and 
subtracting it from GFDM signal. 
 
In a strict comparison between OFDM and GFDM, the latter approach might not look like an 
adequate choice for LTE-M, as both the complexity and the BER are slightly higher. 
However, based on the assumption of asynchronous transmission, we see GFDM as a 
revolutionary approach that has to be taken in order to meet the requirements of future M2M 
applications. The constraints of current 4G systems are not favourable for pursuing concepts 
such as non-orthogonal modulation, thus future 5G systems will have to be designed with 
M2M in mind, in order to exploit the full flexibility of a generalized scheme like GFDM.  
 
3.1.2 CDMA Overlay 
 
3.1.2.1 Problem statement and relationship to LTE-M system design 
 
The mechanisms proposed in [58] aiming at a reduction of complexity and cost of LTE-M 
devices, e.g. the restriction to one single antenna or a low transmit power, may lead to 
impairments in the link budget and in consequence to a downsizing of the coverage area. 
One simple possibility for the network operator to overcome this drawback is to deploy LTE-
M relays, whereas the service provider or the end user can utilize M2M gateways in order to 
achieve the required coverage with the help of a capillary network. But this is not applicable 
in all cases and causes additional costs. Hence, LTE-M itself also must provide means for 
coverage extension. Particularly in scenarios with isolated LTE-M devices or with severely 
changing radio propagation conditions, a more flexible solution is needed. One promising 
approach, in particular for LTE-M devices with limited transmit power, is a CDMA overlay, 
which is presented in the following. 
 
Section 2.5.1.2 provides a description of the foreseen LTE-M access schemes. The 
superposition of transmitted data symbols with orthogonal codes is fully compatible with this 
framework and is consequently one possible implementation option for LTE-M. The principle 
can be applied in both uplink and downlink, and the superimposed data symbols may belong 
to one single LTE-M device or to different LTE-M devices. However, the uplink is probably 
the bottleneck in the LTE-M system due to the assumed low transmit power and limited 
flexibility at the devices. Thus, the following investigation is carried out in uplink direction. 
 
Figure 3-6 illustrates the addressed problem. Without CDMA overlay, only the transmissions 
originating from LTE-M devices close to the eNodeB (yellow and red points in the solid circle) 
can be received. The link budget of the green device outside of this circle is too bad. With 
CDMA overlay, the coverage area is extended (dashed circle), and all three considered 
devices can be supported. 
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extended coverage area

eNodeB coverage area

LTE-M devices

 

Figure 3-6: Range extension in LTE-M 

3.1.2.2 Algorithm description 
 
The principle of the CDMA overlay is shown in Figure 3-7. We consider one single subcarrier 
and omit the frequency dimension in the following for the sake of simplification. The left figure 
depicts the consecutive transmission of three data symbols in the uplink. These symbols may 
originate from the three coloured points in Figure 3-6. Without loss of generality, perfect 
synchronization is assumed. 
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(a)                                                                        (b) 

Figure 3-7: Transmission of data symbols (a) without and (b) with CDMA overlay 

In order to achieve the required link budget improvement for the green LTE-M device, its 
transmission time is extended in the right figure from one to four time steps, e.g. SC-FDMA 
or GFDM symbols. The eNodeB accumulates the received energy until the message can be 
decoded. To minimize the impact on the other two devices (yellow and red), which may be 
subject to a certain delay constraint, they are allowed to transmit their data in parallel to the 
green one. Thus, the flexibility for the allocation of radio resources is increased. User 
separation is done by multiplying the data symbols at the respective transmitters with 
orthogonal codes and by the usage of a correlation receiver at the eNodeB. Neglecting noise 
and the impact of the radio channel and its equalisation at the eNodeB, we receive during the 
first two time symbols     121211 5.05.0 sssssr   for the transmission of the green symbol 

1s , and     221212 5.05.0 sssssr  for the yellow symbol 2s , where 0.5 is an arbitrary 
scaling factor.  
 
The codes  1,1  and  1,1   with code length 2 in Figure 3-7 are just an example for the 
explanation of the principle. In practice, it is most likely to use longer codes, which allow a 
bigger number of parallel transmissions, but also increase the minimal transmission time for 
one data symbol required for the user separation at the receiver. But for the required low 
data rates in LTE-M this is not critical. The choice of appropriate code lengths is subject to 
further investigation. Assuming ideal conditions, there is a linear relationship between 
transmission time and accumulated energy at the receiver, i.e. expanding the transmission 
time by a factor of 2 yields a link budget improvement of 3 dB, given that the transmit power 
in both cases is the same. The trade-off between transmit power, accumulated energy and 
mutual interference between neighbouring cells is subject to further study. Again, it is 
clarified that CDMA-overlay addresses primarily LTE-M devices with limited transmit power, 
which additionally may be affected from varying fading and shadowing conditions. The 
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proposed solution also exhibits more flexibility compared to a blunt repetition of the data 
symbols. There is no limitation of the transmission time of one data symbol. As shown for the 
green device in Figure 3-7 the code sequence (here  1,1  ) can be repeated arbitrarily. 
 
3.1.2.3 Expected Performance  
 
As the primary target of the CDMA overlay is to extend the coverage, the initial evaluation of 
the proposal is based on the metrics 
 (K25 and K26) – Range and coverage. This will be done by system simulations and 

link budget analysis 
 
Depending on the outcome of this study and the final EXALTED evaluation methodology, 
further analysis may be required with respect to the following performance indicators: 
 (K6) – Peak-to-Average-Power Ratio (PAPR) 
 (K23) – User per cell capacity 
 (K40) – Complexity 

 
Assuming ideal conditions, there is a linear relationship between transmission time and 
accumulated energy at the receiver, i.e. expanding the transmission time by a factor of 2 
yields a link budget improvement of 3 dB. There is no limitation of the transmission time of 
one data symbol. As shown for the green device in Figure 3-7 the code sequence (here 

 1,1  ) can be repeated arbitrarily. 
 
As a first performance assessment and justification, it was investigated how much range 
extension can be achieved. A simplified model commonly utilized for system design [60] 
defines the path loss as 
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where d  is the distance of the LTE-M device from the eNodeB, 0d is a reference distance 
depending on the scenario, f  is the carrier frequency, c is the speed of light, and  is a 
unitless path loss exponent depending from the environment. As an example, the model is 
applied for a macro-cellular deployment ( m1000 d , 4 ) at a carrier frequency of 

MHz800f . The result is shown in Figure 3-8. 
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Figure 3-8: Path loss PL depending on the distance d in an urban macro-cell scenario 
at 800 MHz. 
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The budget of the radio link between LTE-M device and eNodeB depends further on the 
transmit power, antenna gains at the transmitter and the receiver, diversity and combining 
gains due to multiple antenna elements at the eNodeB, receiver noise, and cable, filter as 
well as implementation losses. If the LTE-M device is located indoor, an additional wall 
penetration loss has to be considered. The impact of interference from the adjacent cells is 
neglected, i.e. a noise-limited scenario is considered. Table 3-1 shows that the relative range 
extension in percent is more or less independent from all these parameters. With a CDMA 
overlay gain of 3 dB, the radio range is extended by approximately 18-19%, and with 6 dB 
CDMA gain, this number even increases to 41 %. 
 

Table 3-1: Range extension with CDMA overlay 

Maximal path loss Range without 
CDMA overlay 

Range with 3 dB 
CDMA gain 

Range with 6 dB 
CDMA gain 

70 dB 97 m 115 m (19 %) 137 m (41 %) 
80 dB 173 m 205 m (18 %) 244 m (41 %) 
90 dB 307 m 365 m (19%) 434 m (41%) 

 
This study will be extended with system simulations taking into account impairments like 
synchronisation and channel estimation errors, shadow fading, and non-ideal interference 
coordination. Also recommendations how the LTE-M system parameters have to be selected 
in order to minimize the impact of these impairments on the range extension will be 
elaborated. 
 
The CDMA overlay comes along with two additional advantages, which may turn the balance 
for selecting it as the preferred solution for LTE-M. Firstly, the code dimension opens an 
additional degree of freedom for the allocation of radio resources. This means that the size of 
an allocation can be adjusted more accurately and individually to the instantaneous needs of 
each single device. As a consequence, it is expected that the number of devices that can be 
supported simultaneously increases compared to the conventional case without CDMA 
overlay, which is also one of the design objectives of LTE-M. This expectation is subject to 
further study during the evaluation of the complete LTE-M system. 
 
The second additional advantage is the possible impact on the PAPR. This is of particular 
interest for very cheap devices with reduced computational accuracy. A small PAPR relaxes 
the required accuracy of the power amplifier. Therefore we aim at a PAPR that is smaller 
than in LTE. In particular, if longer code sequences are used, e.g. code length 4, it is 
expected that the mean PAPR decreases by allocating particularly advantageous codes to 
the respective devices. Depending on the outcome of the study items mentioned above, this 
fact may be examined as well. 
 
3.1.2.4 Implementation issues 
 
One important side constraint in EXALTED is the reuse of existing network infrastructure. 
The enabling of LTE-M functionality in an eNodeB shall be achieved primarily per software 
update of the base band unit. It must be ensured that the eNodeB hardware supports the 
necessary signal processing. The CDMA overlay requires a correlation receiver. As the 
RACH of LTE exploits the same principle, it is assumed that the required function blocks are 
already available and that they can be re-used for LTE-M with only minor modifications. 
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3.2 Antenna techniques 
 
3.2.1 Directional antennas 
 
3.2.1.1 Problem statement 

 
In LTE, downlink beamforming is supported resulting in considerably improved radio 
coverage. More specifically, with beamforming multiple users can be served at the same time 
with reduced complexity, since each user stream is coded independently and multiplied by a 
beamforming weight vector for transmission through multiple antennas. This technique 
exploits the Space Division Multiple Access (SDMA) principle. 3GPP has standardized two 
approaches for MU-MIMO (i) Transmission mode 6, where channel estimation is based on 
CRS and uses closed-loop codebook based precoding (ii) channel estimation based on UE 
specific RS, open-loop non-codebook precoding. The eNodeB generates a beam using an 
array of antenna elements and then applies the same precoding to both the data payload 
and the UE specific reference signal and it is not necessary for the eNodeB to inform the UE 
of the precoding matrix used (open loop). In MU-MIMO transmit beamforming it is also 
necessary to include a feedback for the Channel State Information (CSI) that will be send 
back from the receiver (UE) to the transmitter (eNodeB) for CSI-based MU-MIMO. CRS 
based CQI is used for CQI-based MU-MIMO. CSI feedback can potentially incur excessive 
overhead on control channel if configured for periodic CSI reporting due to the multiplicity of 
channel coefficients as well as the large number of devices that is considered in EXALTED. It 
is noted that in current LTE systems the feedback protocols that are employed are periodic 
and aperiodic, where a fixed number of bits in each reverse-link data block are allocated for 
each CSI feedback. It becomes clear, that one important aspect of MU-MIMO precoding is 
the selection of UEs for transmission, since the throughput gain of naive linear precoding 
techniques very much depends on exploiting the multi-user diversity available in the system. 
 
In LTE-A, there are 2 orthogonal UE specific RS and each is further scrambled with 2 
scrambling sequence allowing 4 UE’s to be co-scheduled further power splitting at eNodeB 
does not provide any further gains. However a method for selecting UEs for co-scheduling is 
not standardised in LTE or other similar systems. Such a technique would be more than 
necessary in M2M applications, where the device density is expected to be considerably 
high. A quite general and very simple greedy strategy, which has been found to be 
appropriate as a MU-MIMO precoding technique, consists of adding one UE at a time, as 
long as the additional UE increases the overall throughput, estimated according to a criterion 
such as the achievable sum-rate. This method gives the optimum performance with, 
however, increased complexity since that is proportional to the number of users. Next this 
method, which from now on will be denoted as algorithm 1, will be compared with the newly 
proposed one (Figure 3-9).  

 
3.2.1.2 Algorithm description 
 
Considering a TDD-LTE system, the uplink and downlink take place on the same frequency, 
and hence based on channel reciprocity, the uplink sounding reference signals can be used 
directly to estimate the channel, which can then be used to derive the weighting for the 
downlink beamforming. On the contrary, for FDD-LTE, explicit feedback of CSI will be 
required. 3GPP has discussed zero-forcing beamforming (ZFBF) with concatenate each 
user’s PMI report and maximum signal-to-leakage ratio beamforming in [R1-094845, 
RAN1#59, Nov 2010]. A quite promising solution that has been also adopted in our analysis 
is to use multi-user diversity with ZFBF at the transmitter together with a selection algorithm 
that is based on an orthogonality criterion [62]. By using ZFBF, the weight vectors are 
appropriately selected in order to avoid interference among user streams. Additionally, a user 
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selection algorithm that is based on orthogonality, the semi-orthogonal user selection (SUS), 
achieves near optimal sum rate, with, however, considerable less complexity, is also 
investigated, please see Figure 3-9. In this context, the received signal at the kth device can 
be expressed as 
 

        (3-2) 
 
where x  CMx1 is the transmitted symbol, Hk  C1xM is the channel gain vector to the kth user, 
zk is the AWGN at the kth user, while yk is the received signal at the kth user. Here it should 
be noted that in the adopted ZFBF algorithm channel state information (CSI) is assumed to 
be available at the transmitter. However, this assumption is not always feasible in real-world 
systems, where the uplink SRS has very tight throughput constraints. It is noted that with the 
proposed algorithm a noticeable reduction on the SRS overhead that is send to the eNodeB 
is achieved, since only the users that satisfy a certain criterion, namely , where β is a 
threshold, are been requested by the eNodeB to proceed with individual SRS transmissions. 

 

Figure 3-9: The selection algorithm. 

In Figure 3-10, some useful performance results have been obtained for the sum rate as a 
function of the number of users for a) LTE with user selection that is based on algorithm 1, b) 
the ZFBF with SUS and β=0.6 and c) ZFBF with SUS and β=1, at a fixed SNR of 5 dB. In this 
figure, for all cases similar performances in terms of sum rates have been observed, with the 
algorithm 1 being always the optimum with the penalty of the highest complexity. It is noted 
that the feedback rates when ZFBF are employed are much lower, especially for the case of 
β=1. 
The following KPIs are used for the evaluation: 
 
 (K14) - Spectral efficiency (sum-rate): Number of successfully transmitted bits per time 

unit per frequency unit per cell in bit/s/Hz/cell. 
 (K23) - User per cell capacity: Maximal number of simultaneously active users per cell. 
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Table 3-2: Requirements addressed with directional antennas techniques. 

Requirement  Solution description LTE Solution 

FU.1 

The efficient support of a large 
number of devices in a MU-MIMO 
scheme cell requires a limited 
feedback link that takes also into 
consideration the fact that the served 
users are much less than the active.  

The existing LTE uplink feedback 
signalling uses two different 
mechanisms for reporting the 
required information, one for limited 
amount of info and one when large 
amount is required.  

SV.1 
QoS criteria as well as priority issues 
have been taken into consideration 
for the feedback signalling selection. 

See FU.1 

NT.2 and 
NT.3 

The proposed algorithm complies with 
the existing LTE signalling 
specifications and no modifications 
are required. 

N/A 

NF.2 
Reduced feedback will save the 
transmitting power of the nodes  

N/A   

 

 

Figure 3-10: Performance results for the sum rate and the normalized feedback  as a 
function of the number of users. 

 
3.2.1.3 Implementation issues 
 
Compatibility with LTE and standardization issues 
This algorithm utilizes the same signalling procedures as the LTE does. However, some 
additional standardization may be needed, e.g. the eNodeB has to broadcast the threshold 
value to the UEs. 
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3.2.2 MIMO for M2M  
 
3.2.2.1 Problem statement 

 
In LTE and LTE-A systems, MIMO configurations are supported for both downlink and uplink 
connections, with two different modes, i.e. spatial multiplexing and transmit diversity. MIMO 
configurations provides a more efficient usage of available spectrum and offer higher data 
rates (spatial multiplexing) or improved link robustness (transmit diversity). 
 
However, MIMO schemes increase the system’s complexity and cost, since they require 
more Radio Frequency (RF) chains, Low Noise Amplifiers (LNA) and converters at the 
transmitter or/and the receiver, while they also require full CSI estimations at each antenna 
element. Obviously, in scenarios, where complexity is an issue, e.g. in M2M applications 
where the devices rely on their battery life time, MIMO may be on first sight not an attractive 
technology. On the other hand, taking advantage of MIMO, while keeping the complexity 
within affordable limits, would be an appealing option. In this section, we identify two issues, 
regarding the applicability of LTE MIMO to M2M communications: the complexity due to the 
CSI estimations, which require the transmission of pilot bits by the M2M devices; the antenna 
switching operations, which lead to synchronization problems and larger delays, a problem 
that can significantly deteriorate the overall system performance when the number of devices 
is very large. 

 
3.2.2.2 Algorithm description 
The proposed scheme can be applied to both the uplink and the downlink, depending on the 
complexity constraints of network elements involved. One possible way to reduce the 
complexity introduced by the MIMO technology is to employ antenna selection techniques, 
which are supported by LTE. Moreover, the complexity can be further reduced by decreasing 
the number of required CSI estimations at the receiver. In this subsection, a MIMO 
configuration for transmit diversity is presented, with 2 transmit and M>=1 receive antennas. 
The targets of this algorithm are the following: 
 

 Reduce the number of CSI estimations at the receiver (e.g. LTE-M device), by 
replacing the CSI estimator with a simple energy detector at each antenna element. 
Using the signal-plus-noise (S+N) instead of the signal-to-noise ratio (SNR) is a 
well-known technique for avoiding channel estimations, which increase the 
receiver's complexity. This estimation is performed on a symbol by symbol basis, 
without using long sequences of pilot symbols [9], [10], [11]. Obviously, replacing 
SNR with S+N results in sub-optimum performance, since the estimation are not 
always accurate. 

 Reduce the number of required RF chains at the receiver, by selecting those 
antennas, which will utilize them. 

 Reduce the number of antenna switching operations, which lead to synchronization 
problems and larger delays. 

The basic feature of this transceiver is, in contrast to the conventional one, that it does not 
require to estimate the instantaneous channel gain for each of the receive antennas, but only 
for those that are eventually selected for the data decoding. In this way computational 
resources can be saved. Moreover, in addition to previous receiver, in order to mitigate the 
effect of excessive switching at the receiver, which may lead to synchronization problems 
and larger delays, an adaptive receive filter can be applied, according to the measured 
Doppler spread [9]. In general, this scheme can be used for both uplink and downlink, 
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provided that the transmitter is equipped with two antennas. However, in the EXALTED use 
cases the LTE-M devices keep their complexity as low as possible and therefore the 
proposed scheme would be suitable for the downlink only. The LTE-M device could 
implement both receivers (CSI-based and energy-based) for optimal trade-off between 
complexity and performance. However, for the same reason, the CSI-based part could be 
omitted for lowest complexity at the cost of some performance loss. 
 
This MIMO scheme will be evaluated using the following KPI’s: 
 

 (K1) - BER: Bit error rate at the output of the decoder.  
 

 (K42) - Number of CSI estimation: the number of CSI estimation per decoded data bit. 
 

 (K43) - Number of active antennas: number of activated antennas compared to the 
available ones. 

 
Moreover, the proposed scheme addresses the following requirements as described in [59]. 
 

Table 3-3: Requirements addressed with MIMO techniques. 

Requirement  Solution description LTE Solution 

NT.2 and NT.3 

The proposed algorithm 
complies with the existing LTE 
signalling specifications and 
requires no modifications. 

N/A 

NF.2 
Due to less channel 
estimations at the receiver side, 
energy savings are possible. 

MIMO in LTE requires full channel 
estimation. 

  
In more details [9], in the signal-plus-noise-based MIMO scheme, which is one possible 
implementation option, the antennas that participate at the detection stage are determined 
according to the energy of the received signal. In other words, only those L antennas with the 
highest sum-of-amplitudes of the received signal are selected, i.e. 
 

, , 1| | | |Cj j n j ns r r    
(3-1) 
 

where , , 1,j n j nr r   are the received signals enveloped at the receiver in two subsequent time 

instances, n and n+1. In this way unnecessary CSI estimations can be avoided. In Figure 
3-11, the transceiver’s structure is depicted. At the transmitter a conventional Alamouti 
space-time block code is utilized. At the receiver, the signal-plus-noise (S+N) at each 
antenna is measured, in order to determine those antennas that will be selected for the 
decoding stage. After the antenna selection, the CSI at each selected antenna is estimated, 
which will be used for the decoding and combining stage. In Figure 3-12, the performance of 
the conventional (i.e. based on the exact CSI) and the proposed method are compared, 
showing that the complexity can be reduced (e.g. smaller number of active antennas and 
less CSI estimations), while keeping similar BER performance.   
 
The receiver, however, can switch between the two selection methods, (CSI-based or signal-
plus-noise) according to the measured Doppler spread and some predetermined 
performance results for particular scenarios. The normalized switching rate (SWR) of the two 
antenna selection schemes versus the SNR, for various values of the normalized bandwidth 
of the band-pass filter at the receiver is depicted in [9]. The normalized SWR of the S+N-
based selection scheme decrease as the ratio of the bandwidth of the receiver filter to the 
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maximum Doppler frequency decreases. The SWR of the CSI-based scheme is independent 
from the filter’s bandwidth, since we assume that the estimation of the fading amplitudes for 
branch selection does not depend on the noise process. Again, it is observed that larger 
number of available antennas results in higher switching rates, for any value of the filter’s 
bandwidth. However, the most important result is that the SWR of the S+N-based scheme 
can be either greater or less compared to that of the CSI-based scheme, depending on the 
ratio bandwidth/Doppler spread. This result indicates that an adaptive receiver filter could be 
utilized to avoid excessive switching. 

 

 

Figure 3-11: CSI and S+N-based MIMO transceivers. 

 

Figure 3-12: BER and number of active antennas for the CSI and S+N-based MIMO 
transceivers. 
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Figure 3-13: Performance indicators for determining the MIMO mode. 

 
3.2.2.3 Implementation issues 
 
Compatibility with LTE and standardization issues 

The critical point that must be considered is the CSI estimation procedure in LTE and 
especially the possibility to avoid sending pilot bits. This is however impossible when utilizing 
non-binary modulation schemes, since the CSI is required for the demodulation.  
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4. LTE-M Medium Access Control (MAC)-Layer 

In this section we address the design of link layer of the LTE-M system. In the first section, 
we propose solutions for scheduling in LTE-M, according to the system requirements of 
reduced signal, and high spectral efficiency. In the second section, we address 
retransmission schemes that fulfill the goals of high throughput and energy efficiency. 
Preliminary simulation results are provided in order to assess the goodness of the proposed 
designs. These solutions combined constitute a link layer design that fulfills the main goals 
set out in the definition of LTE-M and associated requirements.  
 
4.1 Scheduling 
 
4.1.1 Reduction of signalling 
 
4.1.1.1 Problem statement and relationship to LTE-M system design 
 
The current LTE specification was designed primarily for broadband applications and a 
relatively small (10-15) number of served UEs in one cell [72]. The amount of control 
signalling is necessary to achieve the envisaged high peak data rates and high mobility 
support. The ratio between payload size and control information shown in the first case in 
Figure 4-1 is reasonable. 
 
In contrast, many M2M applications, such as e.g. smart metering and environment 
monitoring, transmit or receive only very small amounts of data with rates below 20 kbps 
[59], illustrated in the second case in Figure 4-1. The objective in EXALTED is to enable the 
transmission of a multitude of such messages simultaneously. With the existing LTE control 
information, this would not be possible, because the totality of control information required for 
all machine devices would become the bottleneck of the radio access network. The only way 
to support a big number of messages is to decrease the size of the control information 
significantly as depicted in the third case in Figure 4-1. 
 

LTE control information

LTE-M control information
M2M payload

Broadband payload

 

Figure 4-1: Ratio between payload and required control information in LTE and LTE-M 

 
The LTE-M frame structure, the Physical Channels in LTE-M as well as the flexible usage of 
scheduled and random access proposed in section 2.5.1 enable such a reduced signalling. 
Thus, the proposal presented in this section is one possible implementation option for LTE-
M.  

 
4.1.1.2 Algorithm description 
 
The focus is to minimize the resources needed for the exchange of scheduling information. It 
consists of two mechanisms that can be applied independently or in combination, namely 
 

a) The exploitation of traffic characteristics of M2M use cases for scheduled access. 
The basic idea is to assign radio resources semi-statically if it is known in advance 
that messages of a known size will be sent regularly, e.g. one measurement value 
per ten seconds.  
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b) Random access with minimized collision probability (slotted access). This can 
be achieved if the arrival distribution of PMRACH usages is forced to be flat over the 
time, i.e. peak situations, where a lot of devices send a message on the PMRACH at 
the same time, are avoided. One possible solution is to restrict the PMRACH usage 
to a certain round robin characteristic like the paging cycle or a subset of digits in the 
device ID 

Exploitation of traffic characteristics 

The basic idea to reduce the signalling overhead is the usage of a persistent scheduling 
configuration instead of the usual dynamic scheduling. In this operation mode requested 
radio resources are semi-statically assigned to LTE-M devices. In contrast to dynamic 
scheduling, respective information exchange on the PMDCCH on a per sub-frame basis is 
not needed. This configuration is applicable if the size and the frequency of messages are 
known a priori, or if the data is more or less equally distributed over time, thus assuming a 
constant data rate with relaxed latency constraints.  
 
The principle is illustrated in Figure 4-2. In the PMUSCH, the blue allocations are scheduled 
semi statically. They occur in a regular grid, i.e. on the same frequency resources, with the 
same number of GFDM symbols, and in constant time intervals. After the device has entered 
such a persistent operation mode and the link parameters are fixed, no additional scheduling 
information is required. In contrast, the green allocations depict dynamic scheduling, which 
requires signalling exchange between eNodeB and LTE-M device for each single request.  
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Figure 4-2: Semi-statically (blue) and dynamically (green) scheduled radio resources 
on the uplink shared channel 

 
However, it is important to maintain flexibility. Even if the message size is constant, the 
required radio resources on the PHY can vary, e.g. due to changing propagation conditions 
or retransmissions. Thus, the scheduler in the eNodeB must assess the size of the allocation 
required in average based on link parameters, mainly the coding and modulation scheme, in 
a regularity that complies with the validity period of the CQI Nevertheless, the exploitation of 
long-term traffic characteristics is one important means to reduce signalling overhead. 

Random access with minimized collision probability (Slotted access) 

The fact that e.g. smart metering applications simply require automated short data reporting 
either triggered by timer or event in a medium- or long-term period can be exploited to define 
an energy efficient radio access solution, in the following referred to as slotted access. In the 
example shown in Figure 4-3, the M2M application is allowed to trigger the LTE-M device 
performing access during its paging slot. The method forces the arrival distribution being flat 
over the paging cycle. As can be further seen in Figure 4-3, slotted access comes along with 
a certain access delay. But this is tolerable for the envisaged smart metering use cases. 
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Figure 4-3: PMRACH usage restriction based on round robin criterion (here: paging) 

Alternatively, the usage of the PMRACH can be linked to another round robin criterion, e.g. 
the last few bits of the ID of the device. As an example, during a first PMRACH slot all 
devices with 00 as last two bits in the ID are allowed to send a message, during the next 
PMRACH slot, all devices with 01, and so on. In doing so, also hierarchical structures can be 
established, i.e. for high priority devices or applications, only one single bit is deciding (blue 
PMRACH slots in Figure 4-4), whereas for low priority two or even more bits are taken into 
account (green and red PMRACH slots in Figure 4-4) .In the given example, high priority 
devices can use each second PMRACH slot exclusively, whereas low priority devices have 
to accept longer cycles.  
 

time

1 10 1 00 1 110 00

 

Figure 4-4: Hierarchical slotted access with two priorities 

 
4.1.1.3 Expected Performance  
 
In the final evaluation, the following metrics will be used: 

 (K17) - Access delay 
 (K23) - User per cell capacity 
 (K27) - PHY control channel and pilot overhead 

An initial performance assessment of random access with minimized collision probability 
(slotted access) is shown in Figure 4-5, which has been published in [61]. The diagram 
shows the number of transmissions on the PMRACH over time (labelled as RACH occasion 
#) for slotted access based on the paging slot and for the baseline solution called Access 
Class Barring (ACB). The important message is that the distribution of these transmissions 
over time is much more flat applying slotted access, which in turn minimizes the collision 
probability on the PMRACH. 
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Figure 4-5: Arrival distribution of PMRACH usages for slotted access and Access 
Class Barring (ACB) 

Further advantages 

A major problem caused by a big number of machine devices in one cell is the risk of 
network overload. In the worst case, all these devices perform access to the network at the 
same time, e.g. if an emergency event occurs. The sudden surge of M2M traffic and 
respective exchange of signalling information may cause traffic congestion in the LTE-M 
access network and even in the core network. Both proposed mechanisms provide effective 
means to prevent such a breakdown, namely by minimizing the signalling traffic and by 
controlling the PMRACH usage. 
 
In particular the semi-static allocation of radio resources can avoid the regular decoding of 
control information. In consequence, the consumed energy in the device is reduced and the 
sleep mode periods are extended. 
 
4.1.1.4 Implementation issues 

Exploitation of traffic characteristics 

If traffic characteristics shall be exploited in the scheduler, the eNodeB must have access to 
this information. One basic element of the LTE-M system design is the definition of LTE-M 
device classes and related capabilities. Thus, the proposed method can be implemented 
easily if the expected traffic characteristic, i.e. regular time driven messages or event driven 
messages, would be registered as one of the device class criterions. Although the traffic 
characteristic depends on the application and not necessarily on the capabilities of the 
device, we assume a clear relationship. Most of the devices, e.g. smart meters, are anyway 
deployed for only one application. There is no need for standardisation. 

A generalization of the principle to exploit registered information of the devices for an 
optimization of the connection is described in more detail in section 5.1.1. 
 

Random access with minimized collision probability (Slotted access) 

This method needs standardisation. It must be clearly specified, when a device is allowed to 
use the PMRACH. Additional functionality in the eNodeB can be included with a new 
software release. 
 
An open issue is the question, whether or not all devices shall rely on the same PMRACH 
cycle. A self-evident extension of the proposed method is to operate with different cycles that 
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are related to the device class or the requirements of the application. As an example, for a 
delay tolerant application with low priority a longer cycle is acceptable, whereas for low 
latency applications, e.g. E-health emergency calls, a short cycle is reasonable. 
 
4.1.2 Cross-layer optimization 
 
4.1.2.1 Problem statement 

 
When a user is connected to the Packet Data Network (PDN) an Evolved Packet System 
(EPS) default bearer is established and the bearer level Quality of Service (QoS) parameter1 
values of this default bearer are assigned by the network, according to the subscription data. 
The EPS bearer can be either a Guaranteed Bit Rate (GBR) or a non-GBR bearer and it is 
associated with specific bearer level QoS parameters signalled by the Access Gateway to 
the eNodeB:  

  Quality Class Identifier (QCI), with one-to-one standardized mapping to specific 
node characteristics (Table 4-1). 

 Allocation Retention Priority (ARP), which is used for deciding on bearers 
establishment rejection, e.g. in case of limited resources. 

Table 4-1: QCI to QoS characteristics in LTE. 

QCI  Resource 
Type  

Priority  Packet 
Delay 

Budget

Packet 
Error 
Loss  
Rate  

Example Services  

1  2  100 ms 10
-2

 Conversational Voice  
2   

GBR  
4  150 ms 10

-3
 Conversational Video (Live Streaming) 

3  3  50 ms 10
-3

 Real Time Gaming 

4  5  300 ms 10
-6

 Non-Conversational Video (Buffered 
Streaming) 

5  1  100 ms 10
-6

 IMS Signalling 

6   
6  

 
300 ms 

 

10
-6

  
Video (Buffered Streaming)
TCP-based (e.g., www, e-mail, chat, ftp, p2p 
file sharing, progressive video, etc.)  

7 Non-GBR   
7  

 
100 ms 

 

10
-3

  
Voice, 
Video (Live Streaming)
Interactive Gaming 

8   
8  

 
 

300 ms 

 
 

10
-6

  

 
Video (Buffered Streaming)
TCP-based (e.g., www, e-mail, chat, ftp, p2p 
file 

9  9    sharing, progressive video, etc.)  
 

In the uplink, there are two types of transport channels, i.e. the Uplink shared channel (UL-
SCH) and the Random Access channel (RACH) (Details are provided in Section 2.5.1). The 
mapping between the transport channels and the physical channels which correspond to a 

                                                 
1 QoS assigned to bearers and PDN connections will be referred to as ”bearer level QoS”. 
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set of resource elements carrying information originating from higher layers, takes place 
between Layer 2 and Layer 1. The responsibility for admitting or rejecting new bearers is 
carried by the Admission Control (AC) on Layer 3. AC admits new bearers to users, only if 
radio resources are available while guarantying at the same time the requested QoS, which 
means that the AC must be QoS aware.  
 
The UL-SCH resources (time and frequency) are shared among the users according to the 
Packet Scheduling (PS) entity located at the MAC sublayer. In the time domain, radio 
resources are distributed every Transmission Time Interval (TTI), which constitutes a 
subframe and has a duration of 1 ms. Each TTI consists of two slots, each with 0,5 ms and 
includes 14 symbols if short cyclic prefix is utilized. 20 slots or 10 TTIs form one LTE frame. 
In the frequency domain, the available bandwidth (1.4; 3; 5; 10; 15 or 20 MHz) is divided into 
a number of sub-channels each including 12 subcarriers with spacing of 15 KHz. Each sub-
channel has a bandwidth of 180 KHz and along with the 7 symbols of a time slot in the time 
domain constitutes a Resource Block (RB) (Subsection 2.5.1.3). Thus, depending on the 
available bandwidth, the number of RBs ranges from 6 to 110. Two consecutive RBs form a 
scheduling block, which is the smallest resource unit that a scheduler can allocate to a user 
(Figure 4-6).  
 
The more information the PS takes into account (e.g. CSI, HARQ retransmissions, buffer 
state, QoS) the better the resources utilization is, though more complex the system 
becomes. Usually, the LTE PS relies on the CSI of each user at each TTI, the QCI, the 
Buffer Status Report (BSR) and Power Headroom Reports (PHR).  



  

 
FP7 Contract Number: 258512 
Deliverable ID: WP3 / D3.3 

 

Security: (Public) Page 48 
 

 

Figure 4-6: Main assumptions of the proposed Uplink Scheduler 

 
As described previously, in LTE (Rel 8-10) there is a one-to-one standardized mapping of 
QCIs to specific node characteristics, with total 9 different classes and only four different 
delay requirements (i.e. 50, 100, 150, 300ms). This is due to the type of services LTE is 
designed for (e.g. voice, web, multimedia services). Obviously, these standardized QCIs are 
not suitable for M2M-type of services, which are characterized by totally different QoS 
requirements. For example, in M2M communications, the delay tolerance may vary between 
a few ms (E-healthcare applications) and many days or months (smart metering 
applications).  
 
In the following, using a LTE simulator, the performance of the LTE PS is examined when a 
number of M2M devices with specific requirements request to be served.  The simulation 
model is based on the 3GPP LTE system model [13] and it includes a single cell with uplink 
transmissions. The available bandwidth is 5MHz, which means that 25 RBs are available per 
TTI. The number of M2M devices ranges from 10 to 1500, with each one having an average 
SNR that uniformly ranges from 0 to 10 dBs. We assume no LTE users and that 5 MHz 
bandwidth is available for the M2M devices. In the simulation it is assumed that there is no 
interference between the subcarriers and detection errors occur due to the fading channel 
and the noise at the receiver. Moreover, it is assumed that the M2M devices can send their 
Buffer Status Reporting (BSR) signalling over the same bandwidth without interfering with 
each other, by using the Zado-Chu sequence generation. All M2M devices use binary phase 
shift keying (BPSK) modulation, since they are supposed to be low-rate low-complexity 
devices (e.g. sensors). The maximum delay tolerance of each device uniformly ranges from 
10 ms to 10 minutes [12].  
 
The KPIs, which will be used for evaluating the performance of LTE and the LTE-M 
scheduler are: 

        (K1) - BER: Bit error rate at the output of the decoder. Here the average BER for all 
devices is calculated. 
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        (K22) - Percentage of satisfied users: The percentage of users whose packets 
arrive at the destination within their maximum delay tolerance time interval. 
 

As shown in Figure 4-7: , the LTE PS fails to satisfy the delay tolerances of a large number of 
M2M devices, because it ignores the large range of different delay requirements. Therefore, 
it becomes obvious that the LTE PS should be refined in order to be harmonized with the 
diverse M2M QoS requirements. Note, that the scheduling algorithm is independent from the 
frame structure. 

Moreover, the proposed uplink scheduler addresses the following requirements as described 
in [59]. 
 
 

Table 4-2: Requirements addressed with cross-layer optimization 

Requirement  Solution description LTE Solution 

FU.1 
(Functional 

Req.) 

Supporting a large number of M2M 
devices in a cell requires that the 
Uplink scheduling takes advantage 
of the QoS requirements for each 
device. For example, skipping 
serving devices with high delay 
tolerance (e.g. minutes or hours), 
decreases the possibility for traffic 
congestion and outages.  

Because of the currently limited 
number of users/devices and 
diversity of services (e.g. Voice over 
IP (VoIP), internet browsing), the 
existing LTE uplink schedulers (note 
that the scheduling algorithms are 
not part of the LTE specifications ant 
it is up to the manufacturer to 
implement any signalling-compatible 
algorithm), are not designed for 
serving devices with tolerable delays 
varying from some ms to several 
hours. 

FU.3 
The proposed algorithm takes into 
account the diverse M2M classes. 

See FU.1. 

SV.1 (Service 
Req.) 

Enables Classification and 
prioritization of services is 
necessary in M2M networks. 

See FU.1 

NT.2 and NT.3 
(Network Req.) 

The proposed algorithm complies 
with the existing LTE signalling 
specifications and requires no 
modifications. 

N/A 

NF.4 (Non-
functional 

Req.) 

The proposed algorithm supports 
real-time constraints.  

LTE also supports real-time 
constraints but not M2M-type ones 
(e.g. simultaneous low-rate 
transmissions with diverse delay 
constraints).   
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Figure 4-7: Performance of LTE PS. 

4.1.2.2 Algorithm description 
 
In this section, two PS algorithms are introduced, which take into account both the channel 
conditions and the maximum delay tolerance of each device that requests to be served. The 
first algorithm puts more weight on the channel quality of each user, while the second one on 
the maximum delay tolerance. The modes of operation are detailed in Figure 4-8 while 
additional details can be found in [11]. It is assumed that L LTE users have requested access 
to the shared medium in the current TTI, each one requesting Ti RBs, i = 1,...,L. Similarly, M 
M2M devices request access to the shared medium in the current TTI, each one requesting 
Fk RBs, k = 1,...,M. Moreover, the maximum delay tolerance for the kth M2M device is dk. The 
SNR over the RB as seen by the kth M2M device is k,l.. Obviously, the proposed algorithms 
can be applied also in the case that SNR is replaced by the signal-to-interference plus noise 
ratio (SINR). 
 
In Figure 4-9 the performance of the LTE PS and that of the two proposed PS are compared 
under the same operation conditions. We should note that in this figure the optimum 
performance is shown, which means that the scheduler is assumed to know the exact delay 
tolerance of each device. Under this assumption, we observe that knowing the exact delay 
tolerance of each device leads to significant increase in the number of satisfied devices. 
However, such a scheme is not practical, since the required feedback is prohibitive. Hence, a 
finite number of classes has to be found, covering the wide range of the diverse M2M QoS 
requirements.  



  

 
FP7 Contract Number: 258512 
Deliverable ID: WP3 / D3.3 

 

Security: (Public) Page 51 
 

 
The number of the delay classes, which lead near the optimum performance, heavily 
depends on the traffic statistics and the number of devices in each class. Given the number 
of classes that can be supported (e.g. depending on the available feedback bandwidth, a 
near optimum strategy is not to create classes uniformly (e.g. 1, 100, 1000, 104msec, 
etc.),104 ,... msec), but according  to the number of devices around a specific delay tolerance 
value. Moreover, the impact of the number of QoS classes is depicted in Figure 4-10. 
 

 

Figure 4-8: PS algorithms. Mode of operation. 

 
 
4.1.2.3 Implementation issues 
 
Compatibility with LTE and standardization issues 
 
As mentioned already, in LTE the mapping between the QCIs and the QoS characteristics is 
standardized. Therefore, introducing new QCI classes, in order to support M2M would 
require the same. Two possible scenarios for incorporating these new classes are the 
following: 

 Create a common mapping between QCI’s and QoS characteristics for both LTE and 
M2M services. This deployment would require reconsideration of the existing LTE 
QCI mapping. 

 To leave the existing LTE QCI mapping untouched and create new QCI classes for 
M2M services only. Obviously, this scenario is easier to deploy, though it may be lead 
to suboptimum performance. 
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Figure 4-9: Performance of the proposed PS algorithms. 

 

 

Figure 4-10: Dependency between the delay classes’ range of values and the number 
of devices per class. 
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4.1.3 Access Grant Time Interval (AGTI) Scheduling Framework 
 
4.1.3.1 Problem Statement 
 
Scope 
Regarding MAC layer, packet scheduling (PS) comprises a key radio resource management 
mechanism for guaranteeing Quality-of-Service (QoS) requirements of connected terminals 
(phones, data-cards or devices) while minimizing the overall resources usage. Taking into 
account that a major objective for LTE-M system design is the coexistence with LTE, a 
natural solution for LTE-M PS is to apply the minimum set of modifications to the existing 
LTE-PS framework towards efficiently catering for the distinctive characteristics of M2M 
traffic load. 

The LTE-PS framework (see for example the works of [14], [15]) includes schemes designed 
and optimized towards supporting a limited number of access terminals requiring demanding 
data services in terms of bit-rate.  The M2M traffic load on the contrary is expected to be 
formed through a massive number (hundreds or even thousands) of devices per cell, 
generating small-data transmissions and being characterized by vastly diverse QoS profiles 
in terms of packet delay/dropped rate requirements. LTE-PS is very flexible while 
multiplexing data from different terminals into a shared time-frequency grid (where a 
resource block or simply RB is the minimum resource element), taking into account (a) the 
channel quality of each terminal on each RB (through channel quality indicators - CQIs), and 
(b) the amount of queued data which awaits for transmission (through buffer status reports - 
BSRs). Scheduling decisions are updated every transmission time interval (TTI), and are 
facilitated by feedback signalling carrying CQI and BSR messages, along with forward 
signalling carrying the decided time-frequency allocation pattern for each TTI. Although such 
a dynamic scheduling approach is very efficient in terms of the achieved performance, it is 
prohibitive for M2M applications due to the excessive number of devices which would lead to 
unacceptable signalling load. 

Hence, directly incorporating M2M communications to the existing LTE-PS framework is 
suboptimal. Proposing and analyzing a new scheduling framework, which extends a recent 
proposal from the bibliography, called “Access Grant Time Interval (AGTI)” [18])” along with 
potential algorithms is the objective of this activity. 
 
Objectives 
The proposed LTE-M scheduling framework is designed with the following set of objectives in 
mind: 

– Reuse of the existing LTE-PS framework as much as possible; 
– Support M2M communication through common LTE resource blocks (RBs), namely 

M2M traffic is multiplexed with mobile broadband traffic; 
– Minimize the associated control signalling since the large number of M2M devices is 

expected to give rise to excessive overall M2M signalling load; 
– Provide statistical QoS guarantees for M2M devices in terms of 3GPP quality 

indicators, that is the packet delay budget and the congestion-related packet dropped 
rate [7]; 

– Handle diverse QoS profiles with different priority levels; 
– Closely follow as much as possible 3GPP-MTC features [16], namely, “group-based 

optimization” and “time-controlled transmission/reception”. 
 
Features 
The proposed framework endorses the following features: 

– M2M devices are grouped into “clusters” which are handled in a homogeneous way; 
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– Multiple clusters of M2M devices are supported and each device generates event-
driven data traffic modelled according to a Poisson distribution (the same traffic 
modelling approach has been recently proposed in 3GPP-MTC [17]) 

– Each cluster is assigned a priority index, a maximum packet delay threshold, and a 
target probability of exceeding this threshold; 

– Static fixed periodic scheduling, similarly to VoIP persistent scheduling, where each 
device is assigned LTE RBs under a repetitive time-pattern, according to a cluster-
based scheduling period; 

– Minimum feedback signalling, since devices do not need to report to the base station 
(BS) their channel state information and buffer status as resource allocation is 
channel- and queue-agnostic contrary to LTE (an exception holds for a proposed 
variation of the AGTI algorithm, for which each device should report back to the BS if 
it has data awaiting for transmission at its queue);  

– Minimum forward signalling, since the base station just needs to send to each M2M 
device at the beginning of the connection its scheduling period, contrary to LTE 
where the complete RBs-to-UEs allocation patterns should be sent at each TTI (an 
exception holds for the variations of the original AGTI, although compared to LTE the 
signaling is still significantly reduced). 

 
 
State of the Art  

A massive access management framework employing the fixed periodic scheduling policy 
was proposed in [18], where the term “AGTI” appears for the first time. However there are 
two major limitations of this work. First, only constant-rate M2M traffic was considered, while 
in practice random event-driven traffic patterns are expected to be offered, and secondly, a 
deterministic bound on the average experienced packet delay was proposed, whereas 
statistical QoS metrics such as the probability of exceeding a specific delay threshold are 
more accurate and also included in the LTE QoS framework [7]. In [12] a dynamic, optimized 
on a per-TTI basis, QoS-, queue-, and channel-aware heuristic scheduling algorithm was 
proposed, for multiplexing M2M traffic over LTE frames, which was shown to exhibit very 
high performance in terms of average delay, however it suffered from heavy signalling 
requirements. In [19] several resource allocation schemes for M2M traffic over OFDMA 
frames were proposed, assuming a two-hop access to the LTE network through a Gateway. 
This work aimed at minimizing the energy consumption, without taking into account the delay 
requirements of the devices which reflect in a more direct way the user experience. 
 
EXALTED innovations 

The EXALTED approach covers both single-cluster and multiple-cluster usage scenarios. 
Regarding the former, complete isolation of the allocated RBs (or simply grants) on a cluster 
basis is assumed, thus the actual QoS performance for each cluster is identical to the 
predicted. With respect to the latter case, cluster allocation patterns may interfere with each 
other. This means that devices belonging to different clusters may be allocated the same RB. 
Since purely orthogonal multiple-access is imposed over the LTE frame, a prioritization 
approach is employed, based on the assigned QoS levels. Devices belonging to lower 
priority clusters will be allocated later grants, and their QoS performance is deteriorated 
compared to the target one. 

In summary, the main contributions of our framework are: 

– An exact analytical model (based on queueing theory concepts) which interconnects 
the offered M2M traffic load with statistical QoS performance indicators (in terms of 
delay threshold violation probability and packet dropped rate) and the scheduling 
period. This model allows for tuning the scheduling period or equivalently calculating 
the minimum required bandwidth for an M2M cluster in order to guarantee specific 
QoS targets; 
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– An (optional) enhancement of the AGTI scheme with queue-awareness. Although the 
new feature increases complexity and signalling requirements, an interesting new 
design option is revealed for the packet scheduler, which allows lower scheduling 
periods (and thus less resources for M2M devices) without violating the prescribed 
QoS guarantees; 

– An approximating analytical model (based on queueing theory concepts) for 
predicting the QoS performance loss of low-priority M2M devices which are forced to 
postpone their transmissions for later TTIs due to the presence of higher-priority M2M 
devices in the same grants. Under this scenario, the actual QoS performance levels 
are degraded compared to the target ones (the latter are set by the single-cluster 
analysis); 

– A simple (optional) modification to the fixed AGTI scheduling algorithm, which 
allocates (if needed) extra grants (if any) to low-priority M2M clusters, towards driving 
the achieved QoS performance levels to the required ones. 

 
4.1.3.2 Algorithm for single cluster 
 
System Model 

We assume a single-cell network and M2M devices with LTE/LTE-M connectivity. The 
devices are grouped into L  clusters based on their traffic and QoS profiles. Each cluster is 
associated with the following set of features: 

– The M2M traffic arrival intensity per device which is fully determined by its average 
value   (in packets/TTI units) since Poisson modelling is assumed; 

– The maximum delay threshold   (in TTI units) for a packet waiting in a queue; 
– The delay threshold violation probability   (in % units) which quantifies the 

percentage of packets exceeding their maximum delay threshold  ; 
– The scheduling period gT  (in TTI units), which expresses how often the devices 

access the LTE frame; 

– The average offered load per device, given by gT    ( is the “service time” 

in queueing terms, although here is the inverse of the scheduling period) 

The minimum resource element of the LTE frame is the RB which we assume that carries a 
single data packet. Each RB is loaded with a fixed amount of BS power and is tuned 
according to a single-bit modulation and coding transmission mode. In Figure 4-11 an 
illustrative description of the adopted system model is given. 

 

Queueing-theory Based Analytical Modeling 

Analysis: 

We assume a single M2M cluster. Two QoS approaches are examined:  

– no packet drops occur, hence QoS is defined as the probability for the packet delay 
exceeding a predefined threshold;  

– packet drops occur when the delay threshold is violated, hence QoS is determined by 
the packet dropped rate.  

The two cases are closely related as it will be demonstrated below, so the analysis is the 
same. 
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Figure 4-11: System Modeling for Single-Cluster Scheduling  

 
Following the Kendall notation from Queueing Theory [20], the particular problem may be 
modeled as an / / 1M D , where M  stands for Poisson traffic arrivals (or equivalently 
exponential inter-arrival times) and D  for deterministic service time, given by gT  here. 

Notice that the specific queueing modeling presumes that the service time for each M2M 
packet will last gT  TTIs, whereas in our case it means that each M2M device will be served 

every gT  TTIs and the service duration lasts exactly a single TTI; however the mathematical 

analysis is valid. First we will express the cumulative waiting time distribution  Prob W t  ( t  

an arbitrary TTI) for integer values of the scheduling period. According to [20] (Eq.10.4), this 

is given as a function of the probabilities of equilibrium states  p i  in (4-1), where the i -th 

arbitrary state corresponds to a volume of i  queued packets. 
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For example the first 4 equilibrium states, which are usually enough for typical percentiles 
( 10% ) are given in (4.-1) and below (4-2): 
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Generalizing the analysis for non-integer multiples of the grant period, we may express the 
arbitrary TTI t  as ,   integer, 0 1t T T    , and then we have: 
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  (4-3) 

where  p W T j  are the state probabilities for integral values given in (4-1). 

 
Equations (4-1)-(4-3) provide the probabilistic packet delay budget QoS criterion when no 
drops occur. When packets are lost due to the violation of the   threshold, QoS is 
associated with the packet dropped rate (PDR). However, we can relate the two cases by a 
simple formula, found in [21] (Eq.9.4.7), that is: 

 
   

 
1 Prob

PDR(%) 100
1 Prob

W
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 (4-4) 

Combining all the above equations, and given that · gT   we get an analytical expression 

that relates the traffic intensity with the grant period and the QoS requirements. 
 
We summarize two possible usage scenarios for the developed analytical model: 

– For a specific offered M2M traffic load and a fixed scheduling period, equations (4-1)-
(4-4) may be utilized for predicting QoS performance levels without the need for 
running time-consuming system level simulations (Figure 4-12, Figure 4-13); 

– For a specific offered M2M traffic load and a set of minimum QoS requirements 
(delay/dropped rate), the same set of equations could be solved for gT  in order to 

exactly tune the period of the AGTI scheduling algorithm (Figure 4-14). Note that an 
explicit closed-form solution is not possible; rather a numerical solver should be 
invoked as the solution is related to the Lambert-W function [22]. 

 
Results: 

Following the analysis of the previous subsection we will now demonstrate the validity of the 
analytical model by comparing the QoS performance results extracted from extensive 
MATLAB-based system level simulation experiments with that produced by the model. Two 
experimental setups are considered: 

– Setup #1: The average packet arrival period per device is 50 TTIs, that is 0.02   
packets/TTIs, while the service rate (or equivalently the grant period) varies from 

gT =25 to 45 TTIs, covering a wide offered load area extending from 0.50   to 

0.90. 
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Figure 4-14: Tuning the algorithm scheduling period for guaranteeing prescribed 

QoS targets based on queuing analysis 

Figure 4-13: Single-Cluster simulated and analytical packet dropped rate performance 

Figure 4-12: Single-Cluster simulated and analytical delay performance 
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– Setup #2: A lower average packet arrival period or equivalently a higher arrival rate is 
considered (25 TTIs or  0.04   packets/TTIs) corresponding to a more demanding, 
in terms of the QoS performance levels, M2M load, while the grant period varies from 
13 to 22 TTIs. 

For both setups 100 independent system instances were generated, each one simulating the 
network performance for 1000 sec (or 1,000,000 LTE TTIs). At each system instance a 
single M2M class is considered, comprising 100 M2M devices. Enough M2M bandwidth is 
considered, thus the target and the actual QoS performance are identical. Both setup results 
(Figure 4-12 for the delay and Figure 4-13 for the packet dropped rate) demonstrate the 
accuracy of the analytical models for different sets of operational parameters, regarding the 
offered traffic intensity, the scheduling rate capabilities and the packet delay/dropped rate 
QoS requirements. An alternative usage of the proposed analytical model is demonstrated in 
Figure 4-14, where the minimum scheduling period to guarantee various delay thresholds for 
5% target violation probability and different levels of offered load is calculated. 

 

Queue-aware enhancement of the AGTI algorithm 

Description: 

We introduce queue-awareness to the original periodic scheduling algorithm, albeit in a 
different way than in LTE scheduling. In the context of LTE-PS each terminal continuously 
reports to the base station its buffer status and at each TTI the PS may grant any RB to any 
terminal. However in our proposal, we keep the periodic grant access feature regarding the 
M2M cluster, but at each granted TTI, access is possible only for devices with non-zero 
queue backlog. As expected, the proposed modification significantly enhances the delay 
performance since random traffic dynamics are utilized by the scheduler when allocating the 
RBs to the devices. Nevertheless, this improvement induces a signalling and complexity 
penalty, since the buffer status (“zero”- or “one”-bit messages) should be fed back to the 
base station periodically (every gT  TTIs), but not at every TTI.  

To wrap up, the new queue-aware AGTI scheme (``AGTI-QA") lies between two extreme 
cases: 

– The original AGTI algorithm [18] with fixed time-frequency grants, which is optimal in 
terms of signalling and complexity, but heavily suboptimal in terms of the achieved 
delay performance due to its purely static resource allocation nature; 

– The LTE algorithms (e.g. [14]) with fully dynamic (per TTI) RB grants, which are 
optimal in terms of the delay performance, but suboptimal in terms of the induced 
signalling load and the associated complexity. 

 
Results: 

An example setup is considered, where 100,000 TTIs are simulated for 100 M2M devices 
generating Poisson traffic with an average packet arrival period of 50 TTIs, and various 
scheduling periods from 20 to 45 TTIs. The results for both the original algorithm (AGTI) and 
its queue-aware version (AGTI-QA) are illustrated in Figure 4-15. In particular we depict the 
achieved delay performance for 2, 5 and 20% CCDF-points (abscissas of the complementary 
cumulative distribution function).  

First we observe that the queue-awareness feature always improves the delay performance 
as expected by a factor of 2.5x up to 20x. Actually, for lower scheduling rates, where the 
achieved QoS by AGTI algorithm deteriorates significantly, the importance of exploiting the 
traffic diversity becomes more prominent. Secondly, one may observe that the delay 
performance of the AGTI algorithm for the 20 TTIs scheduling period is approximately the 
same with that of the AGTI-QA algorithm for the 45 TTIs period. Thus, a new option to PS 
design is revealed: one may increase the grant period, in other words reduce the bandwidth 
allocated to the M2M devices, without deteriorating QoS performance, if simultaneously the 
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intra-cluster queue backlog state for the scheduling decision is exploited. This enhancement 
should of course be closely examined with the additional required signalling load due to 
queue status reporting. 
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Figure 4-15: Delay performance results for the original (AGTI) and the queue-aware 
(AGTI-QA) enhanced periodic scheduling algorithms 

 
4.1.3.3 Algorithm for low priority M2M devices under multiple clusters scenarios 
 
System Model 

We now assume multiple clusters of M2M devices, each one with a different scheduling 
period tuned according to its QoS requirements. For ease of description but without loss of 
generality we provide an analysis for an example two-cluster problem depicted in Figure 
4-16. The extension for more clusters is straightforward. In the particular example setup, we 
easily observe that part of the 2nd lower-priority M2M cluster grants are postponed for later 
TTIs than the prescribed ones due to collisions with higher-priority grants. 

We first consider that the high-priority M2M cluster has been allocated the requested grants, 
based on the single (isolated) cluster analysis. Then the allocation to the low-priority cluster 
is performed, where it is shown that the constant service-time pattern may be violated. As 
illustrated in Figure 4-16 for example, the M2M device 101 is granted RBs according to a 

repeating inter-service time pattern of  18,18,24,18,18,24,  TTIs instead of the desired 

 18,18,18,  pattern. This leads to an inevitable deterioration of the QoS performance 

compared to the target. In Figure 4-17 the particular QoS performance gap (extracted by 
simulations) is depicted for this particular use-case with respect to the packet delay 
distribution. In what follows we will first show how we may predict this loss based on an 
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analytical model, and then propose a slight modification to the original fixed grant algorithm 
in order to improve the lower-priority cluster performance. 
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Figure 4-16: An example setup of a two-cluster M2M scheduling problem with grant 
conflicts 
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Figure 4-17: A typical example of QoS performance deterioration compared to the 
target for a low-priority M2M cluster 

 
 
Prediction of QoS performance loss for low-priority clusters 

Analysis: 

Due to possible conflicts between grants allocated to different clusters, the M/D/1 model for 
the lower-priority cluster is not valid anymore. The service-model could now be described not 
by a unique service-time period gT , rather by a discrete set of service times. Assuming N  
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possible service-times, i
gT  an arbitrary service-time and ip  the probability of occurrence of 

the particular service-time, the low-priority cluster problem may be now represented by an 
/ / 1NM D  (or / { } /1M iD  under a different notation) queuing model [23]. 

 
Although an exact expression for the steady-state waiting-time distribution 

   W 1 Probq t W t    along with a set of algorithms that produce it can be found in [23], 

an alternative simpler, yet accurate approach based on the Laplace-Stieltjes Transform 
(LST) can be followed. Based on [24] and given that the offered load is now expressed by 

1

·
N

i
i g
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p T 


  , the LST for the packet-delay distribution is given by the following equation: 
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 (4-5) 

This leads to the desired result after an inversion is applied. However, due to the 
discontinuity on the service-time cumulative distribution function the inversion is not 
straightforward. A 1st order numerical approximation method which was developed in [24] 
can be also employed in the examined scenario and will be explained in details below. 

Let h  a small (time) step-size (e.g. 0.0001h  ) and  1 2, , , , ,i Nm m m m  m  a vector for 

which its thi  arbitrary element is an expression of the thi  possible service-time, that is 
i

i gm T h    . Time is sampled as nh  where 1,2,n    and the corresponding 

approximating sampled distribution values  qW nh  are simply computed by (4-6). The nF  

terms in (4-6) are in turn given by the recursive expression (4-7).  
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  (4-7) 

 
To sum up, for an arbitrary delay threshold t  we may compute the probability of exceeding it, 

i.e.  Prob W t , by performing the recursive computations of (4-6)-(4-7) for 1n   up to 

n t h    . Note that for more than two classes, the extension is straightforward, since lower-
priority classes need to take into account the allocation patterns of all the higher-priority 
clusters.  

Example– In the case study exposed in Figure 4-16, there are 2 possible service-times, 
1 18 TTIsgT   and 2 24 TTIsgT  , occurring with probabilities 1

2  3p  and 2
1

3p  , 

respectively. Thus an M/D2/1 queuing model should be used for the analysis. 
 
Results: 

We simulated two indicative system setups: 
– Setup #1: We assume there are 2 clusters of devices (as in the case study of Figure 

4-16), a High-Priority (HP) comprising 100 M2M devices, and a Low-Priority one (LP) 
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comprising 20 M2M devices. HP devices generate Poisson traffic with 0.03HP  , 

while we vary the generated traffic of the LP cluster (from 0.03 to 0.045 packets/TTI) 
in order to control the offered load. The HP cluster is scheduled every 30 TTIs, while 
the LP every 18 TTIs; 

– Setup #2: The same general setup is employed, but 0.01HP  , 50HP
gT   TTIs, 

20LP
gT   TTIs (leading to an LP service pattern of {20,30,20,30,...} TTIs), and LP  

is tuned so as the LP load varies from 0.6-0.9.    

We generated 10 independent system realizations, each one capturing the network 
performance for 500 sec (or 500,000 LTE TTIs). We also assume that 10% of the typical 20 
MHz LTE bandwidth is reserved for M2M traffic, that is 10 RBs per TTI. The results are 
presented in Figure 4-18 and Figure 4-19 for the different setups respectively. 

First we demonstrate that regarding the original AGTI algorithm, our proposed / / 1NM D  

modelling of the low-priority cluster QoS loss compared to the target requirement, is 
accurate. The target performance is the QoS behaviour if no higher priority cluster was 
present in the system. Thus, it can be easily predicted based on the single-cluster analytical 

model, if we set the grant period equal to LP
gT  in (4-1)-(4-3). We also note here that we 

provide results only for the packet delay distribution; however packet dropped rate results are 
straightforwardly obtained through (4-4). So, Figure 4-18 and Figure 4-19 illustrate the results 
for both setups, including the actual (simulated), the predicted (analytical) and the target 
performance of the low priority cluster. One may clearly observe that for medium to moderate 
offered loads ( 0.85  ) the adopted / / 1NM D  model is a very accurate approximation of 

the QoS performance deterioration, which occurs due to the 1st cluster prioritization and the 
inevitable violation of the low-priority constant service rate scheduling. Thus the model could 
serve as a valuable prediction tool for the scheduler entity when multiple colliding M2M 
clusters are present in the system.  
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Figure 4-18: Multi-Cluster AGTI simulated and analytical performance loss (Setup #1) 
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Figure 4-19: Multi-Cluster AGTI simulated and analytical performance loss (Setup #2) 

 

An “online” scheduling enhancement for the AGTI algorithm 

Description:  

Since the original fixed grant scheduling algorithm suffers from a gap between the target and 
the actual QoS performance for low-priority M2M devices, we propose a slight modification 
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that deals with this problem. The performance improvement comes at a cost in forward 
signalling, due to the fact that the “extra” grants allocated to each cluster must be 
communicated from the BS to the corresponding devices, and not just the scheduling period 
as in the original AGTI algorithm. 

We assume that –according to the single-cluster approach– the initial periodic grants for the 
low-priority clusters have been determined. Several grants have been postponed for later 
TTIs as explained above. Then, the scheduler starts monitoring the running average of the 
grant period, and when it detects that the period is lower than the target one, it allocates the 
next available (if any) RB to the M2M cluster. Such an action distorts the original pattern, but 
the extra allocated RBs improve the QoS performance. We emphasize that this modification 
is not the optimal one, but it is very simple and effective as it will be demonstrated through 
the simulation experiments. If there is enough bandwidth available, the average service time 
approximates the target one predicted by the single-cluster analysis. 

Example– Revisiting the case study depicted in Figure 4-16, the {18, 18, 24, . . .} service-
time pattern is initially formed by employing the original algorithm. The scheduler begins to 
monitor the experienced grant period and detects that after the end of the 3rd round of grants 
(101st TTI), the average target period of 18 TTIs has been violated (has become (18 + 18 + 
24)/3 = 20 TTIs), and thus extra grants should be allocated to the low-priority devices, 
starting from the 1st available TTI which is the 102nd in our case, taking care that the new 
grants do not conflict with higher-priority ones. 

 
Results:  
The same system setups (as in the previous subsection) are simulated for demonstrating the 
performance enhancement of the modification we introduced to the original AGTI scheduling 
scheme. In Figure 4-20 and Figure 4-21 we illustrate the simulation results, which indicate 
that the modification we employed to the original algorithm has led to a significant 
performance improvement. Indeed the new performance levels are very close to the target 
ones (contrast the results with those in Figure 4-17, Figure 4-18, and Figure 4-19). The 
simulated performance approximates perfectly the target performance for the 1st setup. For 
the 2nd setup the improvement levels are still significant, however there is a deviation, which 
stems from the fact that the variation of the service time distribution is higher (almost 
doubled) than in the 1st setup, while the average service time is the same. We remark that 
the proposed modification considers only the average service time for simplicity reasons. 
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Figure 4-20: Multi-Cluster online AGTI and target performance (Setup #1) 
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Figure 4-21: Multi-Cluster online AGTI and target performance (Setup #2) 

 
 
4.1.3.4 Summary and relationship of the framework to the LTE-M system design 

A low-complexity and low-signalling scheduling framework for facilitating M2M 
communications over shared LTE resources has been proposed. Although LTE standards do 
not dictate the usage of a specific algorithm, the structure and the basic requirements of the 
scheduler are set and followed in the particular EXALTED approach. The relevance of the 
proposed solution to the EXALTED context, in terms of the KPIs used for evaluation, the 
selected objectives to be met and the requirements to be addressed is documented below. 
Also, note that the scheduling algorithm is independent form the frame structure.  
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List of EXALTED KPIs considered in this proposal: 

– (K3) Packet Loss Rate, namely lost packets due to excessive latency (explicitly 
covered) 

– (K15) Average packet delay per sector (this is implicitly covered due to the 
complete knowledge of the packet delay distribution) 

– (K22) Percentage of Satisfied Users (each user or device is associated with a 
specific delay threshold, and thus the probability of violating this threshold gives the 
percentage of unsatisfied devices) 

 
List of EXALTED Objectives targeted by this proposal: 

– Minimization of complexity and feedback signalling (periodic scheduling is 
employed) 

– Optimization of resource utilization (the minimum amount of LTE RBs or 
equivalently bandwidth is utilized for meeting the M2M QoS constraints) 

– Support of devices with diverse capabilities and requirements (multiple clusters 
with differentiated QoS constraints and priorities are considered) 

– LTE backward compatibility (existing LTE frame structure is utilized) 
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Table 4-3: Requirements addressed with the proposed AGTI scheduling framework 

Requirement  Solution description LTE Solution 

FU.2 – Efficient 
Spectrum 

Management 

Coexistence of M2M and non-M2M 
devices over shared LTE resources 
(resource blocks, RBs). The 
percentage of the total LTE 
bandwidth needed for M2M services 
with QoS constraints (delay, packet 
dropped rate) is analytically 
predicted. 

Existing LTE scheduling framework 
do not differentiate among M2M and 
non-M2M services 

 
FU.3 – Support 

for diverse 
M2M services 

 

A MAC Scheduler parametrization 
tuning method is available for any 
set of QoS requirements, covering 
vastly diverse M2M services. 

No tuning method exists, only online 
(signalling- and complexity-
ineffective) solutions are available. 

SV.1 – Overall 
QoS 

A prioritization model based on an 
absolute prioritization index, a delay 
threshold violation probability, and  
a packet dropped rate requirement 
is utilized  

Similar 

NT.2 – LTE-M 
backward 

compatibility 

The scheduling framework does not 
assume any new channel or frame 
structures, since M2M devices are 
multiplexed over the existing LTE 
resource blocks 

N/A 

NT.3 – 
Minimum 
number of 

modifications in 
the network 

infrastructure 

No additional network nodes are 
introduced, since existing LTE MAC 
entities are adequate. Regarding 
the implementation of the newly 
proposed scheduling algorithms 
only software updates are required 
to the base stations. 

N/A 

NT.17 – 
Reduced 
signaling 

Scheduling decisions are taken on a 
per-cluster basis and over a 
persistent or semi-persistent time-
scale. Only the scheduling period 
should be communicated to the 
M2M devices except for two 
variations of the original algorithm 
(“Queue-Aware” and “Online” 
versions) where additional signalling 
is needed. Still this signaling is 
significantly lower compared to LTE.

Dynamic scheduling per TTI and per 
UE is employed. 

NF.4 – Real 
Time 

performance 

The proposed framework supports 
real-time delay constraints.  

LTE also supports real-time 
constraints but not M2M-type ones 
(e.g. simultaneous low-rate 
transmissions with diverse delay 
constraints).   
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4.1.4 Scheduling algorithm for heterogeneous traffics 
 
4.1.4.1 Problem statement 
 
In this section we address channel access scheduling for heterogeneous devices (LTE 
device, LTE-M device, M2M gateway, and LTE-M relay) with heterogeneous service 
constraints. The proposed algorithm has to be implemented in the core network (called 
Evolved Packet Core – EPC with EXALTED terminology) and more especially embedded in 
the part of eNodeBs responsible for scheduling procedures. Within EXALTED it is 
investigated how LTE-M systems may support, in addition to LTE communications, the 
particular needs of M2M communications. Indeed M2M traffics do not at all fit LTE traffics, 
since QoS constraints of M2M devices strongly differ from those of LTE devices, especially in 
terms of throughput and latency. As previously introduced in Section 4.1.2, in LTE (Rel 8-10) 
nine Quality Class Identifiers (QCI) have been standardized with a one-to-one mapping of 
QCIs to specific device QoS characteristics (see Table 4-1). Nevertheless, these 9 QCIs do 
not suit particular requirements of M2M devices. Hence LTE specifications should be 
extended for LTE-M to deal with M2M entities requesting transmission opportunities (see 
section 2.5.2.). 
The problem addressed in this section consists in designing an efficient and robust packet 
scheduling algorithm for multiple heterogeneous devices that request transmission 
opportunities on a common frequency band. The proposed algorithm, which can be applied 
to uplink and downlink, is an alternative to the ones proposed in Section 4.1.2. In LTE there 
is no specification for implementation of packet schedulers; it is up to manufacturers to 
design the one that fits best the utility function they want to optimize. The scheduler 
proposed in this section consists in a classification of devices based on their QoS 
characteristics and more especially on their urgency to be served. The adopted classification 
does not exploit the QCIs classes presented in Table 4.1. 
 
Packet schedulers can deal with allocation of both time and frequency resources, in order to 
exploit multi-user diversity in both domains (see for instance section 2.5.1 for the frame 
structure in LTE-M). This is often referred as time/frequency domain packet scheduling 
(TFDPS). Four well-known TFDPS algorithms have been considered in this work; they all 
aim at satisfying delay, throughput, and fairness constraints of all active devices or as many 
as possible devices. 

 Earliest Deadline First (EDF) scheduler takes into account time constraints of traffic 
flows. 

 Maximum Carrier to Interference (MCI) is rather based on momentary channel quality. 
 Proportional Fair (PF) seeks to trade-of fairness and capacity maximization. 
 Modified Largest Weighted Delay First (MLWDF) tries to achieve fairness while 

serving best devices in terms of momentary channel conditions. 
Nevertheless, none of these algorithms suits properly to heterogeneous traffics. For instance 
MCI seeks to maximize system throughput regardless to any QoS constraints on traffic; EDF 
does not exploit at all momentary channel state. Optimal solution should integrate a trade-off 
between all these aspects (delay, fairness, throughput, etc.). 
 
In our work our main concern is to define a scheduling algorithm that can be applied to real-
time (RT), non-real-time (NRT), machine-type communication (MTC) and mixed traffic 
scenarios. Its goal is to maximize the achievable cell traffic load, while keeping the active 
devices satisfied. As RT traffics we consider Voice over IP (VoIP) traffic and near real-time 
video (NRTV) source which are respectively modelled according to [36] and [37]. NRT traffics 
are described by Hypertext Transfer Protocol (HTTP) traffic as specified in [37]. For MTC 
traffics we use the specifications given in [38][39]. In addition to these three classes of traffics 
we also consider mixed traffics flows constituted by coexistence of RT, NRT and MTC 
traffics. All these classes of traffics available in a LTE simulator permit us to investigate 
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heterogeneous networks with M2M communications overlapping a LTE network. To this end, 
different types of devices can be deployed in our simulator (see also sections 2.5.2.1 and 
2.5.4): 

 LTE devices 
 Standalone LTE-M devices that directly access the LTE-M network 
 LTE-M relays or M2M gateways 

 
LTE-M relays and M2M gateways are both modelled by buffers that gather all packets issued 
from (uplink) or intended to (downlink) LTE-M devices or non LTE-M devices deployed inside 
capillary networks. In our system simulator these buffers are represented as specific LTE-M 
devices, which differ nevertheless from standalone LTE-M devices. Indeed traffic 
characteristics from LTE-M standalone devices and these LTE-M buffers are not at all the 
same. Consequently two types of LTE-M devices are considered in our simulator in addition 
to LTE devices: LTE-M standalone devices and LTE-M buffer-devices. . How to fill the buffer 
depends on the MAC protocols adopted inside capillary networks and this is not the concern 
of this LTE-M scheduler; we just investigate how the proposed packet scheduler deals with 
these buffers, assuming packets are stored in buffers. For our simulations, buffers will be 
filled according to MTC traffic characteristics described in [38][39]. Once packets arrive in the 
buffer, the buffer is seen as a true device by the core network. All packets arriving in the 
buffer are characterized by three parameters: 

 Time stamp: Instant when the packet arrives in the buffer 
 Time to live (TTL): Delay requirement of the packet 
 Packet size: Size in bits of the packet 

In the remainder we refer with ‘gateway’ to this buffer that mimics the capillary network. 
 
With Figure 4-22 we illustrate how capillary networks are substituted by buffers that gather 
and record all buffers coming from or intended to devices within capillary networks. Capillary 
networks are eventually seen from the core network point of view as a “LTE like” device with 
a specific MTC traffic flow (this traffic flow is different from the one generated by a 
standalone LTE-M device that directly accesses the core network). 
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Figure 4-22: Capillary networks are mimicked by buffers. 

 
The proposed packet scheduling algorithm is based on HYGIENE scheduler [40] that we 
extend to support M2M communications. The algorithm is described in details in Section 
4.1.4.2. We can then assess how the proposed scheduler fits or not for the specifications of 
the LTE-M system and how it permits to support devices with different capabilities and 
requirements in one system, while ensuring backward compatibility with LTE. To this end, the 
following KPIs can be used for evaluating performance of the scheduler and then assess 
how it suits for LTE-M systems: 
 

 (K2) – PER: Packet error rate: A packet represents the information block protected 
by CRC at le MAC layer. 

 (K8) – Average number of retransmissions. In case of erroneous transmissions 
ARQ and HARQ mechanisms are used to retransmit packets until they are 
successfully received. 

 (K12) – Throughput: Number of successfully received bits or messages per time unit 
in bits/s or messages/s. 

 (K15) – Average packet delay: Ratio of accumulated delay for all packets for all 
devices received by the sector and the total number of packets. The delay for an 
individual packet is defined as the time between when the packet enters the queue at 
transmitter and when the packet is received successfully by the device. 

 (K22) – Percentage of satisfied users: The percentage of users whose packets 
arrive at the destination within their maximum delay tolerance time interval. 

 (K23) – User per cell capacity: Maximal number of simultaneously active users per 
cell. 

Buffer
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EXALTED requirements listed in Table 4-4 are addressed by the proposed packet 
scheduling algorithm with classification of heterogeneous traffics. 
 

Table 4-4: Requirements addressed with packet scheduling algorithm. 

Requirement Solution description LTE Solution 

FU.1 
(Functional 

Req.) – Support 
of large number 

of devices 

Sorting transmission opportunities 
according to their level of urgency 

permits to serve uppermost devices 
with high probability of missing their 
QoS requirements and then more 
flexible devices. Thus high device 

satisfaction is achieved. 

Because of the currently 
limited number of devices and 
diversity of services (e.g. VoIP, 

HTTP), the existing LTE 
schedulers are not designed 

for serving devices with 
tolerable delays varying from 
some ms to several hours. 

FU.3 – Support 
of diverse M2M 

services 

The proposed algorithm takes into 
account heterogeneity of traffics. 

SV.1 (Service 
Req.) – Overall 

QoS 

The proposed algorithm performs 
classification and prioritization of 

services. 
NT.2 (Network 
Req.) – LTE-M 

backward 
compatibility 

The algorithm can be implemented 
easily in an existing LTE eNodeB. 

N/A NT.3 – 
Minimum 
number of 

modifications in 
network 

infrastructure 

NF.4 (Non-
functional Req.) 

– Real-time 
performance 

The proposed algorithm supports real-
time constraints. 

LTE also supports real-time 
constraints but not M2M-type 
ones (e.g. simultaneous low-

rate transmissions with diverse 
delay constraints). 

 
The simulator includes standard LTE ARQ and HARQ protocols. 
 
4.1.4.2 Algorithm description 
 
The proposed packet scheduling algorithm for heterogeneous traffics is based on HYGIENE 
scheduler [40] that is extended for supporting additionally M2M communications. The key 
idea is the classification of all heterogeneous traffic flows according to their urgency, where 
urgency needs to be understood in a broad sense. 
EDF-like schedulers do not profit of time diversity as much as they should do. MCI- and PF-
like schedulers aiming at maximizing the cell throughput, regardless of the device QoS, are 
totally insensitive to any time constraints of the data traffic. Based on these observations, the 
resource allocation process is split into three steps.  

 First, a Rushing Entity Classifier (REC) identifies rushing entities that must be treated 
with higher priority. The rushing state is not necessarily a temporal notion but it is 
rather related to the degree of information carried by the packets. Depending of the 
nature of the traffic, entities are devices (NRT traffic) or packets (RT traffic). For MTC 
traffics, entities are either packets or devices. If MTC traffic flow corresponds to a 
standalone LTE-M device, then entity is the device itself. If MTC traffic flow 
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corresponds to a gateway, then entity is the packet since we have an abstraction 
model that mimics the overall capillary network and its devices by a buffer of packets. 
Therefore, rushing entity classification is traffic-dependent. 

 Second, the proposed scheduler deals with urgencies: transmission of rushing 
entities is scheduled regardless to their momentary link quality. So resources are 
uppermost allocated to entities that have high probability of becoming irrelevant and 
missing their QoS constraints. 

 If any resource blocks (RBs) are still unscheduled, in a third step the packet 
scheduling algorithm allocates resources to those devices with better momentary link 
quality, regardless to their time constraints. 

 
The principle of classification of traffic flows is illustrated with Figure 4-23. 

 
 

Figure 4-23: Rushing Entity Classifier 

 
To go further with the implementation, the proposed PS algorithm is described as follows: 
 
Step 1: The REC classifies entities (packets or devices) waiting to be scheduled as rushing 
or non-rushing.  

 With RT traffic, packets are classified as rushing if  

TTLrush RTTLTh    (4-8) 

where Thrush is a threshold on the QoS deadline which depends on the traffic type, η 
is a constant which takes into account both retransmission interval and maximum 
allowed number of retransmissions, and RTTL is the remaining TTLs. 
 

 With NRT traffic, devices and not packets are classified by the REC. Therefore, the ith 
device is classified as rushing if it has been under-served during an observation time 
window TWi. More precisely, every transmission time interval (TTI) the REC checks 
for each device ‘i' if  

   
min

,
, R

txQoS
tTW idatai

inowi




 (4-9) 

 

Rushing Non‐rushing 

Rushing Entity Classifier (REC) 
Based on urgency degree of carried information 

Traffic flows
(RT, NRT, MTC, mixed)

THRESHOLD
Based on system criticality and QoS constraints 

Priority entities Less‐constrained entities 
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where tnow,i is the elapsed time since the beginning of TWi, QoSi the QoS 
requirements of the device class of traffic, txdata,i the total data transmitted by device i 
during (TWi −tnow,i) and Rmin the minimum transmission rate of the system. 
 

 With MTC traffic, there is a heuristic threshold that permits to perform the 
classification between rushing and non-rushing entities. This threshold is related to 
the critical nature of the system, with respect to the nature of the information carried 
by the data flow. In case of monitoring traffic, packets are non-rushing, except if their 
content becomes obsolete (their TTL will expire); they become then rushing. Alarm 
traffic is per nature time critical, but not necessarily rushing; alarm packets are 
rushing or not depending on their TTL value. Furthermore, the gateway has a finite 
length buffer; the overflow of the buffer may cause stored data changing from non-
rushing to rushing states to be served before they are overwritten. 
 

Note that Thrush, η and TWi are scheduler design parameters. 
 
Step 2: Resource blocks are allocated to rushing entities with an EDF-like scheduler which 
allocates best RB(s) to entities with higher deadline priority. Deadline priority metrics differ 
between RT and NRT traffics:  

 with RT traffic, deadline priority depends on RTTL, 
 with NRT traffic, it depends on the lack of data transmitted in TWi, 
 with MTC traffic, deadline priority depends on RTTL. 

 
Again, RBs are selected in order to maximize the spectral efficiency. 
 
Step 3: All unscheduled RBs are allocated to devices, which maximize the cell throughput 
regardless to any QoS constraints of active devices. Thus, the allocation of remaining RBs is 
done according to MCI scheduler. For a given RB the device that maximizes the 
instantaneous supportable rate is scheduled on this RB. Thus allocation of remaining RBs 
exploits the channel quality indicator since the better the momentary channel, the higher 
achievable rate.  
 
 
The adoption of realistic traffic models provides different performance if compared to non-
realistic full buffer models. The RBs allocation process indeed is strongly influenced by the 
amount of data present in devices queues. Therefore the use of non-full buffer models 
allocates resources only to devices that effectively have data to send.  
This algorithm is then based on a classification of heterogeneous traffics according to their 
urgencies into rushing or non-rushing entities. Thresholds permit to differentiate these two 
classes of entities. Concerning non-rushing entities (step 3), there is no need to serve them 
immediately. Their transmissions are scheduled according to the optimization of a cost-
function (maximization of achievable rate above with MCI). But another cost-function could 
be adopted, such as a function negotiating a common interest between the gateway and the 
core network, such as for instance minimisation of signalling. In the algorithm described 
above, EDF and MCI are the chosen packet schedulers on which the second and third steps 
are based. But other packet schedulers may be preferred depending on the optimization 
function that has been chosen. 
 
All packets arriving in the buffer are stored and sorted according to their critical instant at 
which they must be served (time stamp + TTL). Urgent packets are then in the first positions 
of the buffer and are served uppermost. Once they have been successfully transmitted, the 
buffer is updated by shifting forward all packets that have not been yet transmitted. 
 



  

 
FP7 Contract Number: 258512 
Deliverable ID: WP3 / D3.3 

 

Security: (Public) Page 75 
 

To provide a first flavour of the gain offered by this proposal, Figure 4-24, Figure 4-25 and 
Figure 4-26 illustrate performance comparing our algorithm to some other schedulers in a 
LTE network, whose parameters adopted for modelling are given in Figure 4-27. Different 
scenarios are investigated: 

 Figure 4-24 considers a scenario where devices have a single traffic flow which is 
HTTP, NRTV or VoIP. 

 Figure 4-25 considers a scenario with mixed real-time traffics consisting of 
coexisting NRTV and VoIP traffic flows. 

 Figure 4-26 eventually depicts a scenario of mixed and heterogeneous traffics with 
coexisting HTTP and VoIP traffic flows.  

 

 
Figure 4-24: Maximum achievable cell capacity with different schedulers in case of a 

single traffic (either HTTP, NRTV or VoIP). 
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Figure 4-25: Maximum achievable cell capacity with different schedulers in case of 

mixed real-time traffics (coexisting NRTV and VoIP traffic flows). 
 
 

 
Figure 4-26: Maximum achievable cell capacity with different schedulers in case of 

mixed heterogeneous traffics (coexisting HTTP and VoIP traffic flows). 
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Figures show how our proposed algorithm permits to profit from benefits from other 
schedulers without suffering from their drawbacks. Scenarios of single traffics as well as 
scenarios of heterogeneous traffics are well handled in opposition to other schedulers. 
Further results will be provide in the final deliverable D3.4 to assess the described algorithm 
in a LTE-M network with presence of LTE-M standalone devices and capillary networks 
(simulated by the aforementioned buffers), in addition to the LTE devices. Furthermore, MTC 
traffic flows will be simulated in addition to HTTP, FTP, NRTV and VoIP traffics. 
 

 

 

 
Figure 4-27: System Level Modelling Settings 

 
4.1.4.3 Implementation issues 
 
As described above in Section 4.1.4.1, there is a need of abstraction to mimic by a buffer the 
whole capillary network. In other words, the capillary network with all its LTE-M and its non 
LTE-M devices is represented only by its respective M2M gateway or LTE-M relay. 
Furthermore, in case of standalone LTE-M devices, some models are standardized to 
generate MTC traffics [38][39]. However in case of M2M gateway and LTE-M relay with use 
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of our buffer, we need to fill this buffer according to some rules of packet aggregation that 
depend on the size and the topology of the capillary network. 
Eventually, because of the great range between periodicity of traffic generation between LTE 
and M2M devices, it is not so easy to simulate coexisting LTE and LTE-M networks. Indeed 
the simulation time must be sufficiently long to represent enough instances of M2M packets.  
The proposed scheduling method can be applied to both downlink and uplink transmissions. 
The main concept of the algorithm remains the same in both cases. Indeed the classification 
of transmission opportunity requests into ‘rushing’ or ‘non-rushing’ classes in independent 
from transmission mode. Nevertheless, the implementation of the algorithm slightly differs 
from one transmission mode to the other. 
For the final deliverable D3.4 we will try to investigate and evaluate how the proposed 
algorithm could be combined with retransmission schemes proposed in Section 4.2. 
Furthermore, it would be interesting to consider how different scheduling algorithms could be 
combined, how they overlap or how they may be complementary. 
 
4.2 Retransmission Schemes 
 
In this section we propose two techniques to improve the performance of systems using 
retransmissions. In Section 4.2.1 a Hybrid ARQ technique is proposed. In Section 4.2.2 a 
technique to recover packet collisions in random access transmission is defined. 
 
4.2.1 HARQ 
 
4.2.1.1 Problem statement 
Hybrid Automatic Repeat-reQuest (HARQ) mentioned in Section 2.5.1.2 has become an 
important error control technique in communication networks. It combines Forward Error 
Correction codes (FEC) and Automatic Repeat-reQuest (ARQ) to improve the reliability of 
data transmission and achieves a better performance, which neither of the two methods can 
achieve alone. The simplest version of HARQ scheme is Type-I HARQ, which 
straightforward combines FEC with ARQ and discards all erroneous replicas received in 
previous (re)transmissions. With the aid of soft combining, more sophisticated HARQ 
schemes may achieve higher throughput, since all corrupted replicas from different 
(re)transmissions are combined to recover the original frame. Namely, they are Type-II 
HARQ with Chase Combining (CC), Type-II HARQ with Incremental Redundancy (IR) and 
Type-III HARQ. More explicitly, CC adds the soft information of retransmitted identical bits, 
which is represented by the Log-Likelihood Ratios (LLRs) during decoding. However, IR 
indicates that new parity bits will be transmitted in each retransmission. The probability of 
successful decoding increases due to the lower-rate codeword after combining the additional 
parity information from each retransmission. Like Type-II HARQ, Type-III HARQ may also 
use CC or IR for its retransmission strategy, while each of (re)transmissions is self-
decodable. Both CC and IR may be adopted in a practical HARQ scheme, e.g. Souza 
integrated CC and IR in his proposed HARQ scheme in [43]. 
 
Traditional HARQ schemes employing a fixed rate for each (re)transmission have two 
disadvantages: long delay and throughput loss. Specifically, a number of retransmissions 
must be required for recovering the information bits for a specific channel condition. Since 
there is a gap between two transmissions, more retransmissions imply longer delay. 
Furthermore, the fixed-rate HARQ may not match a specific overall coding rate, namely the 
minimum one which can be achieved by currently used codes for that channel condition. For 
example, if the fixed-rate of each transmission is 1, the overall coding rate decreases to 1/2, 
1/3 … 1/6 after one, two … six transmissions. However, the minimum overall coding rate for 
that channel condition lies between two boundary coding rates, e.g. between (1/5, 1/6). In 
this case, the fixed-rate HARQ will suffer from a fraction of throughput loss. In order to 
improve the spectrum efficiency, link adaptation techniques have been proposed for HARQ, 
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such as adaptive modulation and coding schemes [44]. In [45], a rate adaptation scheme 
was proposed for maximizing the average transmission rate while satisfying a target outage 
probability in Rayleigh block fading channels, where the selection of modulation and coding 
schemes for the initial frame transmission is usually determined by the Channel Quality 
Information (CQI). The authors of [46] combined a truncated HARQ protocol with adaptive 
modulation and coding, in order to maximize spectral efficiency in a general Nakagami-m 
block-fading channel with delay and error constraints. Although a large number of research 
on HARQ schemes has been carried out, the impact of signalling overhead and throughput in 
M2M scenarios has not been investigated yet. HARQ can still be polished in order to provide 
reliable transmission and efficient spectral employment for M2M communications. 
 
4.2.1.2 Algorithm description 
As shown in Figure 4-28 a point-to-point communication system including a transmitter and a 
receiver is considered, in which the transmitter sends coded messages to the destination via 
a block fading channel. Since the transmission period of M2M communications is rather short 
compared to the idle time of M2M devices, we may assume that the channel gain keeps 
constant within (re)transmissions for one packet, while varying independently from packet to 
packet. At the transmitter, the incoming message a having k equiprobable and independent 
information bits a=[a0a1…ak-1] is transmitted through the fading channel with one-side noise 
power spectral power density N0. Prior to the transmission, each block of k-bit information 
sequence a is encoded by a rate-1/r turbo encoder, yielding a sequence of systematic and 
parity bits b, as seen in Figure 4-28. The output codeword bj for the jth transmission is formed 
by puncturing b according to the decision of rate adaption, which will be detailed later. Then, 
the modulated symbols will be transmitted through the channel using the energy Es for each 
symbol. Assuming that the frame sent in time slot i experiencing a channel gain hi, the 

received symbols at the receiver b
~

j may be expressed as: 

(4-10) 
where t=1…l and l is determined based on the coding rate k/l of the current transmission 
from the rate adaption in Figure 4-28. Furthermore, ni represents independent and identically 
distributed (i.i.d) N(0,1) random variable with variance:  

 2  N0

2
,        (4-11) 

encoder
Turbo

decoder
Turbo

Feedback Channel

adaption
Rate
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Softba

hi ni

bj b̃j ã

 
 
Figure 4-28: Systematic schematic for our adaptive Hybrid ARQ over the block-fading 

channel. 
 
At the receiver, the turbo decoder in Figure 4-28 performs iterative decoding following the 
first reception. Cyclic Redundancy Check (CRC) is employed to detect errors after decoding. 
If no error is detected, the receiver sends back an ACKnowledgement (ACK) message; 
otherwise, a Negative ACKnowledgement (NACK) message will be fed back to the 
transmitter. In our proposed HARQ scheme, only one retransmission is required due to the 
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rate adaptive mechanism. The received frame from the second transmission will be soft 
combined with the previous one. Turbo decoding is then recommenced and may succeed in 
a high probability, based on the combined soft information. However, if CRC fails again, the 
packet will be discarded and no message will be sent back to the transmitter. Regardless of if 
there is a successful decoding following the second transmission, the transmitter waits for a 
time out and then starts a new packet transmission. It is a reasonable assumption that the 
channel gain remains constant for all (re)transmissions of one packet. All the signalling 
messages including the Channel Quality Information (CQI) indicator and ACK/NACK, are 
assumed to be transmitted over a perfect feedback channel and hence error-free. 
 
 Transmitter mechanism 
The transmitter of our HARQ scheme employs a turbo encoder consisting of two parallel 
recursive convolutional encoders. Figure 4-29 illustrates the transmitter structure of our 
proposed HARQ scheme. Generally, the turbo encoder outputs a codeword with a specific 
coding rate. More specifically in our scheme, a 1/3-rate codeword b may be obtained each 
time by invoking the turbo encoder, including the systematic bit sequence a and two parity bit 
sequences b1, b2, as seen in Figure 4-29. The coding rate for the jth transmission is 
determined by the rate adaption strategy according to the CQI. Based on Rate Compatible 
Punctured Turbo (RCPT) codes, the final transmitted bj with a coding rate higher than 1/3 
may be punctured from the initial rate codeword b. Usually, all systematic bits are contained 
in the output, while parity bits are evenly extracted from b1 and b2. For example, if the current 
coding rate is decided to be 1/2, apart from the systematic bits a, a half of parity bits are from 
the odd bits of b1 and the other half are from the even bits of b2. 

RSC

puncturing

RSC1 1

2 2

rate selection

rate adaption

feedback channelCQI

a b

a

ba

π
b bj

 
 

Figure 4-29: The structure of the turbo encoder in our adaptive HARQ scheme. 
 

The rate adaption in Figure 4-29 plays an important role in our adaptive HARQ scheme. It 
returns a coding rate corresponding to the CQI by searching in a look-up table. In M2M 
communication systems, a sequence of training bits will be sent to the receiver for channel 
estimation before the transmission of a new packet. Relying on this necessary system cost, 
the receiver may conclude the channel quality based on the received training symbols. A 2-
bit CQI message is then fed back from the receiver to indicate the current channel status. 
Using the CQI, the transmitter looks into the look-up table, which pre-stores all coding rates 
corresponding to all 4 CQI messages for recovering the information bits at a probability of Pf. 
When the appropriate coding rate is found out, the transmitter performs the puncturing 
operation to obtain the codeword of b1 for the first transmission. 
 

Decoding of 1b
~

 at the receiver may succeed at a probability of Pf and may fail at 1 - Pf, 
where Pf is the aforementioned specific FER that the coding rate may achieve. Then, the 
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transmitter may receive an 1-bit ACK or NACK message respectively for successful or 
unsuccessful reception. If a NACK message is received, the transmitter will transmit the 
whole rate 1/3 turbo encoded packet b2 = b during the second transmission. If the decoding 
fails again, the packet will be discarded. Namely, only twice transmissions are allowed for 
one packet in our proposed adaptive HARQ. 
 
 Receiver mechanism 
The receiver is responsible for deriving the channel status based on the training symbols and 
returns the CQI message. When it receives the first codeword b1, it will perform the opposite 
de-puncturing and de-multiplexing operations to form the systematic LLRs of a  and two 

parity LLR sequences of b1  and b2 , as seen in Figure 4-30, which illustrates the turbo 

decoder structure of our proposed HARQ scheme. Since only a part of parity bits of b1 and 
b2  may be transmitted in the first transmission when the coding rate is higher than 1/3, the 

LLRs of those untransmitted bit positions will be padded with zeros during the de-puncturing. 
The iterative decoding is then executed by exchanging their extrinsic LLRs between two 
parallel components. After a number of iterations, the estimated information bits a  are 

decoded by the hard decisions on the output a posteriori LLRs ap . An ACK/NACK message 
will be sent back, according to whether or not the CRC is satisfied. 
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ã b̃j

ππ

ã
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Figure 4-30: The structure of the turbo decoder in our adaptive HARQ scheme. 
 
In the case of an unsuccessful decoding during the first transmission, the secondly received 
packet will be soft combined with the previous one. More explicitly, the repeated systematic 
LLRs and parity LLRs in b2  are added with those LLRs in b1. The new parity LLRs from b2  

which are excluded in b1  replace the zeros padded in the de-puncturing for the first 
transmission. Turbo decoding is activated again, until the CRC succeeds or a number of 
iterations is reached. If the CRC still fails, the packet will be discarded and nothing will be 
reported to the transmitter. 
 
 Look-up table generation 
As mentioned before, the look-up table pre-stores all coding rates for all possible CQI 
messages. Considering the short packet length in M2M communications, a 2-bit CQI 
message indicating 4 channel statuses may not inflict a large number of extra overhead. 
Therefore, the look-up table contains 4 entries storing 4 coding rates. The criterion of 
selecting these coding rates is to ensure a successful transmission at a high probability, 
when using these coding rates. In other words, a potentially low FER may be achieved 
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during the first transmission. In our implementation of the look-up table, we set this specific 
lower FER to be Pf = 10-3. 
 
In order to find the relationship between the coding rates and the channel statuses, we 
designed an off-line training based on a 1/3 turbo encoder and decoder. The same 
parameters are adopted as those used in the later simulations, such as 84-bit packet length, 
QPSK modulation and so on. However, the channel model for this training is an Additive 
White Gaussian Noise (AWGN) channel, instead of a quasi-static Rayleigh fading channel, 
since the channel gain keeps constant during the transmission of each block. Puncturing is 
also utilized to form the coding rate which is required to meet the target FER. Finally, Table 
4-5 shows the resulted look-up table for four channel statuses, where the 2-bit CQI 
messages vary among the integer values of 0-3 corresponding to four ranges of SNR values. 
The stored coding rates guarantee the FER of 10-3 in the corresponding SNR regions, as 
shown in Figure 4-31. The SNR thresholds of 2.1dB, 5.1dB and 6.2dB in Table 4-5 may be 
obtained by intersecting a horizontal line of 10-3 with three FER curves of coding rates 2/5, 
1/2 and 2/3 in Figure 4-31. 
 

Table 4-5: Look-up table for the coding rates and CQI messages. 
2-bit CQI indicator SNR regions Coding rate 

(00) [-∞, 2.1]dB 1/3 

(01) (2.1, 5.1]dB 2/5 

(10) (5.1, 6.2]dB 1/2 

(11) (6.2, +∞]dB 2/3 
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Figure 4-31: Frame error rate performance of Turbo codes over an AWGN channel with 

various coding rates. 
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 Simulation results 
Computer simulations are carried out to evaluate the performance of the proposed scheme. 
We choose non-adaptive HARQ schemes with a fixed coding rate, namely Type-II HARQ 
with CC and Type-III HARQ as benchmarkers. Furthermore, a simple FEC scheme without 
retransmissions referred to as non-HARQ is employed as the lower bound to illustrate the 
improvement of HARQ schemes. 
 
All benchmarkers in our simulations depend on the turbo encoder shown in Figure 4-28, 
which is able to produce a 1/3-rate codeword b. Based on it, a 1/2-rate encoded packet will 
be generated, which includes the whole systematic bits a and the parity bits punctured from 
the odd bits of b1 and the even bits of b2. In Type-II HARQ with CC, this 1/2-rate encoded 
packet will be (re)transmitted during each (re)transmission. At the receiver, only CC is 
performed before the iterative decoding. In order to maintain the same overall coding rate of 
1/6 as our adaptive HARQ, we set the retry limit to be 3. For the benchmarker of Type-III 
HARQ, the same 1/2-rate encoded packet is transmitted during the first transmission. 
However, a 1/2-rate encoded packet including the systematic bits and the parity bits from the 
rest of b1 and b2 excluded in the first transmission will be sent to the receiver, where the soft 
combining of CC and IR will be executed for the iterative decoding. The same 1/2-rate 
encoded packet in the first transmission is repeated for the third transmission. Likewise, only 
CC is performed by the receiver following the third reception. Finally, the non-HARQ scheme 
only transmits once the 1/2-rate encoded packet as that in the first transmission of other two 
HARQ schemes. 
 
A statistically large number of packets were sent to calculate the throughput and FER for all 
above schemes, where the length of each packet is set to be k = 84bit. Quadrature Phase 
Shift Keying (QPSK) modulated transmissions in all simulations are based on a quasi-static 
Rayleigh fading channel, as assumed before. Furthermore, the channel gain keeps constant 
for all (re)transmissions of a single packet, while varies independently packet by packet. The 
generator polynomials of the turbo encoder may be octally presented by (13,15)o. And the 
number of iterations during each turbo decoding is set to be 5. 
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Figure 4-32: Frame error rate of the proposed adaptive HARQ schemes with 
instantaneous channel information and other benchmarkers. 

 
Experiment 1: 
The objective of this experiment is to examine the system reliability of the proposed adaptive 
HARQ scheme based on instantaneous channel information. The FER performance of the 
proposed scheme is illustrated with those of non-adaptive retransmission schemes in Figure 
4-32, where the non-HARQ scheme without any retransmission serves as the lower bound. 
The proposed adaptive HARQ scheme can almost achieve the same performance as Type-II 
HARQ with CC and slightly outperform Type-III HARQ by 1dB. In the low SNR range, the 
adaptive-HARQ scheme always transmits with the full coding rate due to the hostile channel 
situation and retransmission is always required resulting in a reduced throughput. In the high 
SNR range, rate-adaptation mechanism of the proposed scheme gains the benefit of the 
channel information and the throughput is improved, which is shown in Figure 4-33. 
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Figure 4-33: Throughput for the proposed adaptive HARQ schemes with instantaneous 

channel information and other benchmarkers, when the packet length is 84-bit. 
 

Experiment 2: 
The objective of this experiment is to examine the throughput for all HARQ schemes, which 
is defined as the successfully transmitted information bits over the total transmitted bits 
including retransmissions and the signaling overhead such as ACK/NACK and CQI indicator 
messages. As shown in Figure 4-33, throughput is directly affected by the maximum number 
of transmissions for Type-II HARQ with CC and Type-III HARQ. Furthermore, the proposed 
HARQ scheme with instantaneous channel information outperforms the non-adaptive HARQ 
schemes, especially in high SNR regions. It may be observed in Figure 4-32 and Figure 4-33 
that the FER performance goes in-line with the throughput. The proposed adaptive HARQ 
scheme strives to increase the probability of successful decoding for the first transmission 
and reduce redundancy information with the aid of the channel information. In this way, a 
better throughput performance may be achieved and the goals mentioned in Section 4.2.1.1 
are thus achieved. 
 
4.2.1.4 Implementation issues 
The proposed HARQ scheme does not require any change on air-interfaces as well as 
controlling mechanism adopted in LTE. Therefore, it is fully compatible with the established 
LTE specification. The algorithm can improve both the forward-link spectral efficiency and the 
signalling/overhead efficiency at the price of some energy efficiency. At this stage, we do not 
have intention to demonstrate it in the WP7. 
 



  

 
FP7 Contract Number: 258512 
Deliverable ID: WP3 / D3.3 

 

Security: (Public) Page 86 
 

 
4.2.2 Multiple Access with Collision Recovery 
 
4.2.2.1 Problem statement 
 
In M2M communications, random access is necessary when devices need to transmit non-
scheduled events. In LTE, random access is used to acquire a reserved time slot for 
transmission, and is orchestrated by the eNodeB. This procedure requires a minimum of two 
channel accesses, and two acknowledgments, per transmission. Therefore, it may not be 
adequate for energy-constrained devices trying to minimize their ON periods. Our proposal is 
to use a random access channel to transmit very short data packets directly. This has the 
advantage of, potentially, minimizing the number of transmissions and listen periods for the 
devices. On the other hand, a well-known problem of random access schemes is that their 
throughput can be quite low if the offered traffic is very high. This is a likely scenario in M2M 
communications, since non-scheduled events may be, for example, widespread alarms that 
trigger responses in a large number of devices. Therefore, an improvement over 
conventional random access schemes must be made. In order to improve their effectiveness 
and minimize energy-consuming packet retransmissions, we propose a novel collision 
recovery mechanism in which the decoder is able to partially recover packets involved in 
collisions. Then, we propose different retransmission protocols that allow full recovery of the 
collided packets, and analyze them in terms of performance and energy efficiency.  

 
4.2.2.2 Algorithm description 
 
4.2.2.2.1 System Model 
 
We consider a system with N transmitters NiTi ,,1,   and one receiver located at the 

eNodeB. Each transmitter has an independent data message of size L bits to deliver to the 
receiver. We assume that all transmitters use the same channel code. The encoded data 
packet is encapsulated into a random access frame, shown in Figure 4-34, consisting of a 
header and a payload. The header contains, among other fields, an identifier for the 
transmitter, and is more heavily encoded than the payload. Random access frames are of 
fixed size. For data packets smaller than L bits it is assumed that zero padding is used. We 
assume that random access takes place through a slotted channel, and that timing is 
maintained by the eNodeB.  
 
 

data payloadheader
 

Figure 4-34: Random access frame. 

The system will be analyzed in saturation conditions, where each node has a packet to 
transmit, and with random Poisson arrivals. In the latter case, we assume that N is very large 
and that each node generates packets with rate N/ , close to zero.  
 
4.2.2.2.2 Collision Recovery 
 
In the event that more than one transmitter sends a packet on a given time slot, a collision 
occurs. Due to the slotted, synchronized nature of the random access channel, packets add 
up over the channel with symbol synchronism We denote the received signal by  
 

                    (4.1) 
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where ],,[ 1 khh h  is the vector of channel coefficients and S is a matrix obtained stacking 

up signal vectors kss ,,1  , which contain the symbols of the data payload. w is a vector of  

additive white Gaussian noise (AWGN) with covariance I2 . We assume that channel 
coefficients, phase and frequency can be perfectly estimated during the preamble.  
 
Let us look at the possible receiver actions in the event of a collision. In conventional random 
access schemes, a collision typically results in a loss of all transmitted packets. Occasionally, 
if one packet is received with much larger power than the rest, the single packet may be 
recovered. Assuming a given receiver sensitivity threshold γ, the condition for the capture 
effect for transmitter i is  
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A second option is for the receiver to try to detect several packets using successive 
interference cancellation. With this technique, the strongest packet is detected first and then 
subtracted from the received signal. This operation is carried out iteratively until all packets 
can be recovered. However, at each stage the SINR for packet i must be above the 
sensitivity threshold γi. Unfortunately, this condition is unlikely to be met if all packets are 
encoded at the same rate and received with similar power. A novel alternative to these two 
recovery schemes consists in detecting a linear combination of the transmitted packets. In 
particular, we consider detecting the sum, in the finite field GF(2), of the collided packets, 
which is equivalent to an XOR sum. In order to do so, we need to feed the decoder with the 
log-likelihood rations of such packets. For illustration purposes, we remind the example 
provided in Deliverable D3.1 [58] of the EXALTED project, consisting of Binary Phase Shift 
Keying (BPSK) transmission without channel coding. Consider the following bit mapping: 
 

Table 4-6: bit mapping for BPSK modulation 

bi si 
0 1 
1 -1 

  
The receiver tries to decode b1 XOR b2 from the received symbol, which is given by 

 
 y=h1s1+h2s2 + n (4.3)

where hi are the channel coefficient and n represents Gaussian noise. The corresponding 
mapping is given in Table 4-7: 
 

Table 4-7: Symbol mapping at the receiver 

b1 b2 b1 XOR b2 Y 
0 0 0 h1 + h2 
0 1 1 h1 - h2 
1 0 1 -h1 + h2 
1 1 0 -h1 - h2 
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Assume, for simplicity, that h1=h2=1. The maximum likelihood receiver will decode 1 for the 
shaded decision region and 0 for the white decision regions is shown in Figure 4-35.  
 

+-
-+

++--

 

Figure 4-35: Example of decoding regions for collision resolution scheme. 

 
More generally, assume that each transmitted data message, denoted by ui, is encoded by a 
common channel code generator matrix G. to obtain Gux T

i
T
i  . Since we are interested in 

ks xxxx  21  , which is also a codeword due to the code linearity, the decoder must 

be fed with the following log-likelihood ratios 
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which are given by all the possible combinations of transmitted symbols that can be mapped 
to an XORed one divided by those yielding an XORed zero. These are, in turn, given by [66]: 
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where  mi
o

,12 d  is a column vector containing one (the m-th) of the 










12i

k   possible 

permutations over k symbols (without repetitions) of an odd number (2i − 1) of symbols with 

value “+1”, and   mi
e

,2d   is a column vector containing one (the mth) of the 










i

k

2
 possible 

permutations over k symbols (without repetitions) of an even number (2i) of symbols with 
value “+1”. As shown in EXALTED Deliverable D3.1, the performance of XOR packet 
decoding on an AWGN channel is remarkable. Such decoding can be achieved for collisions 
as large as 20 packets with only an additional 2 dB with respect to a single packet 
transmission, i.e. 2 dB above the receiver sensitivity threshold γ. The intuitive explanation 
behind this result is that it is easier for the decoder to retrieve only the XOR of transmitted 
packets than all individual packets by means of successive interference cancellation. 
However, this does not allow the receiver to decode a packet, and future retransmissions are 
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needed. Let us denote by binary vector gn the activity in the network for a given time slot n. 
Consequently, gn[i]=1 if transmitter Ti transmitted a packet in that time slot and gn[i]=0 
otherwise. Stacking together the gn‘s over several time slots, we obtain matrix 

],,[ 21 lgggG  . Note that we may view matrix G as a generator matrix of a rateless binary 

random linear code which encodes the packets of all transmitters. As a result of decoding 
collisions as XOR of transmitted packets, the receiver obtains the equivalent of an encoded 
vector given by 
 

1Ugu c                                                            (4.6) 

where   NuuU ,,1  is the set of transmitted data messages. After several transmissions, 

we obtain 
UGU c                                                           (4.7) 

 
where  Nccc ,1, ,, uuU  . According to Eqn. (4.6) and Eqn. (4.7),  Nccc ,1, ,, uuU   is a 

vector whose i-th element is the XOR of messages transmitted during slot i. Note that if G is 
known and has rank equal to M, the receiver may retrieve the original data as  
 

1 pcGUU                                                       (4.8) 

 

where  
1

pG  is the pseudo-inverse of G defined as   TT
p GGGG

11   . G must contain at 

least M linearly independent (LI) vectors gn. Therefore, after a collision, transmissions in 
further slots are useful to recover it as long as a different set of transmitters is active, which 
generates a new linearly independent or, using network coding terminology, innovative, 
packet. In the following section we analyze different retransmission protocols aimed at 
recovering the collision while making efficient use of energy, maximizing throughput, and 
minimizing delay. 
 
4.2.2.2.3 Retransmission Protocols 
 
In the previous section we derived a decoding scheme to recover a linear combination of 
packets involved in a collision, arguing that it is useful to recover the original packets. 
However, in order to detect them we need to receive K=M LI combinations, so that the 
random linear code generator matrix has rank M. In this section we discuss several protocols 
that may be used to that end, each requiring different levels of coordination and feedback 
from the eNodeB. Some of the protocols make use of a so-called Collision Recovery Phase 
(CRP), where only transmitters involved in a previous collision are allowed to access the 
channel. 
 
Protocol 1 – Individual ACK with CRP 
 
In this protocol, when the eNodeB detects a collision, a CRP starts. The eNodeB sends a 
signal indicating that a collision has occurred so that nodes not involved in it refrain from 
transmitting. Then, during this phase, the eNodeB randomly acknowledges one of the 
devices involved in the collision, which stops transmitting. The other devices continue to 
transmit until they receive an ACK from the eNodeB. With the proper reordering, the 
generator matrix is of the form  
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and it has rank M after M transmissions. 
 
Protocol 2 – Collective ACK with CRP 
 
Upon a collision, the eNodeB signals the collision and the CRP starts. Then, transmitters 
attempt a retransmission with probability q until the end of the CRP. We distinguish two 
possible implementations of this protocol. In a first implementation, the receiver accumulates 
new vectors gn until matrix G is invertible. Then, it sends a collective acknowledgment to 
signal the successful reception of all packets. This results in a variable size of the CRP. 
 
A second implementation assumes a fixed size of the CRP, which is estimated by the 
receiver based on the size of the collision. In this option, collided transmitters attempt 
retransmissions for a predetermined number of slots. If, after the CRP, matrix G has rank M, 
then all packets can be decoded and are acknowledged in block. Otherwise, all packets are 
discarded. An improvement can be achieved if the collective acknowledgment has a format 
that allows acknowledging only some transmitters. In this case, even if G is not invertible 
some packets may be retrieved. 
 
In both schemes, matrix G is a random binary matrix, where G[i,j]=1 with probability q, except 
for the first column which contains all ones. While this protocol does not guarantee that M 
slots are sufficient to recover M packets, an upper bound on the probability of matrix G of 
size  EMM   having rank M or more can be calculated for q=0.5. It is shown in [67] that 

the probability  E  of not decoding the M original packets after M+E transmissions is 

bounded above by E2  regardless of M. Moreover, it is possible to upper- and lower-bound 
the normalized throughput    of the variable size protocol as [66]: 
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where 1p stands for the probability of correctly decoding a single packet and Mp stands for 
the probability of correctly decoding a size M collision. 
 
 
Protocol 3 – Collective ACK without CRP 
 
This protocol is different from the previous ones in that there is no CRP. After a collision, all 
transmitters are still allowed to access the channel. In this case, when an initial collision of 
size M occurs, it needs to be resolved in subsequent slots even if transmitters not 
participating in the initial collision transmit. This scheme is particularly applicable for a non-
saturated system, where a large number of transmitters generate traffic with a given arrival 
rate. When a collision occurs, the involved transmitters attempt retransmissions with 
probability q, while other transmitters continue to transmit packets upon arrival. The eventual 
collision can also be represented by a generator matrix, although this time the number of 
rows M, indicating the number of transmitters involved, varies from slot to slot. Eventually, 
the collision will be resolved when the resulting matrix has rank M, but the delay incurred will 
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increase as the collision size increases. In this protocol, matrix G takes the form of a random 
binary matrix where G[i,j]=1 with variable probability. For such a matrix it is not so 
straightforward to upper bound the probability of a size  EMM   not having rank M or 
more as in the q=0.5 case. 
 
4.2.2.3 Implementation issues 
 
In this section we discuss some implementation issues of the proposed protocol. 
 
4.2.2.3.1 Header format 
As noted above, the receiver must know the elements in matrix G in order to recover 
collisions. This is equivalent to knowing which transmitters were active in a given collision. 
Since the collision detection mechanism only recovers the XOR of transmitted packets, this 
is not possible unless a special format is given to packet headers. To that end, we define a 
packet header which uses random spreading sequences. Using these sequences, the 
header data can be decoded even in the event of several simultaneous transmissions, as in 
CDMA. However, there is a limit on the number of headers that can be distinguished, which 
is a function of the spreading gain of the code. In practice, this means that there is a limit on 
the size of the collisions that can be recovered. 
 
4.2.2.3.2 Amplitude, phase, and frequency estimation 
Amplitude estimation must be carried out individually for each participant in the collision. 
Therefore, it must be carried out using the CDMA-encoded packet headers. The same 
applies to phase and frequency estimation. This aspect may be performance-limiting, since it 
is desirable to have short packet headers in order to maximize throughput and energy 
efficiency. Due to the strong interference, the typically used channel estimators (e.g. Rife-
Boorstyn and Mengali-Morelli for the frequency [68]) may not be the optimal choice. Instead 
of estimating the channels one by one considering the other signals as interference, we opt 
for a joint channel estimation, in which channels are estimated jointly. In order to prove the 
feasibility of channel estimation in such conditions we show the results we obtained using the 
Estimate Maximize (EM) algorithm. Once initialized the parameters with randomly chosen 
values, at each iteration we have the following two steps, which are shown in the following: 
 

              (4.10) 

where  is the preamble of burst i after the matched filter, A’,  and  are tentative 

values for the parameters to be estimated, is the preamble length,  is the 
t-th symbol in the preamble of the i-th node and ST is the sampling period, taken equal to the 

symbol rate.  are free parameters that we arbitrarily set to = 0.8, for i = 1, . . . , k. We 
evaluated numerically the performance of the EM estimator assuming that phase offsets are 

uniformly distributed in [−π,+π], frequency offsets are uniformly distributed in  
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with  max equal to 1% of the symbol rate on the channel (1/ ST ), and amplitudes are log-

normally distributed. 
 

 

Figure 4-36. Mean square error of frequency estimation. 

  

Figure 4-37. Mean square error of phase estimation 

 

Figure 4-38. Mean square error of amplitude estimation 
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4.2.2.3.3 Decoding in presence of frequency and phase offsets 
When a collision of size k occurs, i.e., k bursts collide in the same slot, the receiver tries to 
decode the bit-wise XOR of the k transmitted messages. This can be done by feeding the 
decoder with the log-likelihood ratios (LLR) for the received signal. In the following we 
include the effect of frequency offset in the calculation of the LLRs. 

             (4.11) 
 being a column vector containing the channel coefficients of the k transmitters at time tl 

(which change at each sample due to frequency offsets), while  and  

are column vectors containing one (the m-th) of  or  possible permutations over k 
symbols (without repetitions) of an odd or even number of symbols with value “+1”, 
respectively. 
 
In the following figure we show the FER for the XOR of transmitted messages for different 
numbers of transmitters. Eb is the energy per information bit for each node. A duo-binary 
turbo code with rate 1/2 and codeword length 1504 symbols is used by all nodes. Phase 
offsets are uniformly distributed in [−π,+π], frequency offsets are uniformly distributed in [0, 

] with  equal to 1% of the symbol rate on the channel. Amplitudes are constant 
and equal to 1. 
 
 

 

Figure 4-39. Frame error rate of recovered collision for a frequency offset up to 1% of 
the symbol rate. 

 
4.2.2.3.4 Imperfect symbol synchronism 
in a real system there will always be a certain symbol misalignment, which grows larger as 
the resources dedicated to the synchronization phase diminish (see, e.g., [16] and 
references therein for examples of synchronization algorithms). Being able to cope with non-
perfect symbol synchronism can bring important advantages, such as less stringent 
constraints on signal alignment, with consequent savings in terms of network resources 
needed for the synchronization. In this section we study the effect of non-perfect symbol 
synchronization and propose possible countermeasures. Let us consider a slotted multiple 
access with k nodes accessing the channel at the same time. We assume that each 
transmitter has its own phase and frequency offsets. We further assume that each burst falls 
completely within the boundaries of a time slot, i.e., no burst can fall between two 
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consecutive time slots. Let us call T’ the time at which the peak of the first symbol of the 
bursts that first arrives at R. We define the relative delay (RD)  of node i as the temporal 
distance between the peak value of the first pulse of burst I and T ‘. In other words, the burst 
which arrives first at the receiver is used as reference, i.e., has RD equal to 0. We assume 
square root raised cosine (SRRC) pulses with roll off factor  are used. We further assume 

that all RD’s belong to the interval  with . We propose several 
techniques to mitigate the impairment due to imperfect symbol synchronization. We assume 
that R has knowledge of the relative delays of all the transmitters, which can be derived 
through the orthogonal preambles. We further assume that R has perfect CSI for each of the 
transmitters. In the following figure we show the frame error rate for decoding a collision of 
size 5 with independent frequency and phase offsets across the transmitters and delays 
uniformly distributed in [0, Ts/4]. The results for the 5 different methods are shown together 
with the FER for the case of ideal symbol synchronism. Oversampling significantly improves 
the FER with respect to the case of single sample. The two methods that exploit knowledge 
of relative delays, i.e. mean sample (MS) and equivalent channel (EC), perform slightly better 
than the others. The FER of all methods present a lower slope w.r.t. the ideal case, losing 
about 1 dB at  for the methods that use more than one sample. 

 

Figure 4-40. Frame error rate of several decoding techniques in the presence of a 
timing offset up to ¼-th of the symbol rate. 

 
4.2.2.3.5 Energy performance 
The energy cost of the proposed protocols needs careful evaluation. It is not straightforward 
to model the energy consumption of an M2M transceiver, which depends on the required 
baseband processing, RF power, and other platform-dependent parameters. We assume 
that listening to the channel is also energy-consuming. Therefore, we are interested in 
minimizing transmit time, receive time, and ON time in general. 
 
4.2.2.4 Performance Evaluation 
 
In this section we describe the performance evaluation carried out on the proposed 
protocols. We begin with a qualitative comparison of the performance of protocols 1-3 in 
terms of energy, delay, throughput, and reduction of signalling. 
 
Protocol 1 offers good performance in terms of delay and throughput, since collisions of size 
M can be resolved with exactly M time slots. However, an acknowledgment must be sent 
after every time slot, which may limit the performance of half-duplex terminals. In terms of 
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energy, this protocol is rather intensive, since each terminal transmits, on average, (M+1)/2 
times in order to successfully send the packet. Moreover, all terminals need to listen, on 
average, to (M+1)/2 slots until they receive a positive acknowledgment. Finally, in terms of 
signalling, this protocol is quite intensive, since an acknowledgment per packet is necessary. 
 
Protocol 2 for fixed CRP size offers good performance in terms of throughput and delay. 
However, since an acknowledgment signalling the end of the CRP may arrive at any time 
slot, the throughput of half-duplex terminals may decrease. This can however be easily 
improved by sending such acknowledgments after a certain number of slots instead of after 
every slot. In terms of delay, performance similar to Protocol 1 can be expected. In terms of 
energy efficiency, this protocol offers flexibility since the retransmission probability q can be 
adapted to the energy status of the nodes. Finally, in terms of signalling, the protocol is quite 
efficient, since only two acknowledgments are sufficient for an arbitrary size collision. The 
version of Protocol 2 with fixed CRP size represents an advantage in several fronts. First, 
transmitters only need to listen once for a possible acknowledgment, which represents a 
considerable improvement in terms of throughput for half-duplex terminals and in terms of 
energy efficiency, since terminals can be in sleep mode most of the time. On the other hand, 
throughput may be lower for full-duplex terminals, and, the possibility that a collision is not 
successfully recovered represents an additional penalty in terms of throughput and delay. 
 
Protocol 3 is advantageous in terms of throughput and signalling, since there is no need to 
signal a CRP. Moreover, this protocol provides certain flexibility in terms of adjusting the 
retransmission probability to minimize energy consumption. However, low retransmission 
probability may increase the delay in resolving a collision. 
 
A summary of the qualitative evaluation is presented in Table 4-8. 
 

Table 4-8: Qualitative Comparison of Collision Recovery Protocols. 

 Protocol 1 Protocol 2 – 
variable CRP size

Protocol 2 – 
fixed CRP size 

Protocol 3 

Throughput amber amber green green 

Delay green green amber amber 

Energy Efficiency red amber green amber 

Signalling red green green green 

 
 
The performance of the proposed schemes was also evaluated numerically in a generic, 
preliminary scenario. A refined evaluation for a realistic scenario constitutes the next step in 
the assessment of technologies. The evaluation of Protocol 3 is also left for future work. 
  
Protocols 1 and 2 were analyzed under two traffic scenarios: i) saturation condition, where all 
transmitters are assumed to have full buffers and access the channel on the first available 
time slot, and ii) random packet arrivals, were each transmitter accesses the channel with 
probability λ/M. The SNR (fixed at 5 dB) was sufficient for successful decoding of most 
collisions for the code rate employed (as reported in EXALTED Deliverable D3.1 [58]). 
 
Figure 4-41 shows the normalized throughput of protocols 1 and 2 for a saturated system. In 
the figure, a centralized scheduler (with acknowledgments after every slot) is also shown. As 
it can be seen, the performance of Protocol 1 closely follows the optimum, obtained by 
centralized scheduling. It decreases slightly for increasing number of users due to a 
somewhat higher probability of error when decoding large collisions. Protocol 2 with variable 
CRP size is inferior, but it greatly reduces the amount of signalling, making it an interesting 
option even in saturation conditions. The analytical upper and lower bounds are also shown 
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in this case. Interestingly, the performance of Protocol 2 improves with an increasing number 
of users, due to the lower overhead necessary to obtain rank M random matrices as M 
increases. 

 

 

Figure 4-41: Normalized throughput as a function of the number of transmitters, for 
protocols 1 and 2. Analytical bounds also shown for Protocol 2. 

 
Figure 4-42 shows the normalized throughput of Protocol 2 under Poisson arrivals, as a 
function of the normalized aggregate arrival rate. As it can be seen, a variable CRP shows 
better performance since collisions are always recovered with the lowest possible number of 
time slots. As in the saturated case, performance improves with a higher number of users. 
The performance of the fixed CRP option is also remarkable, and presents the additional 
advantage of improved energy performance. Finally, Figure 4-43 shows the performance of 

Protocol 2 with variable CRP size and a limit of the maximum collision size k . As it can be 

seen, the performance is substantially degraded for low k  (for 1k  the system is equivalent 

to Slotted Aloha), and moderately degraded for higher k  (15% loss for 15k ). 
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Figure 4-42: Normalized throughput of Protocol 2 with fixed and variable CRP size for 
Poisson arrivals. 

 

 

Figure 4-43: Normalized throughput of Protocol 2 with fixed and variable CRP size and 

maximum collision size k . 

 
 
 
 
In this section we described several new algorithms for collision recovery based on physical 
layer network coding. The main idea behind the proposed protocols is to decode the XOR of 
the collided messages and to have the terminals transmitting their messages more than 
once. In this way a system of equations in GF(2) (where the unknowns are the transmitted 
messages) is built at the receiver and solved to get the transmitted messages. The proposed 
algorithms achieve high spectral efficiency in networks with a large number terminals even at 
high traffic loads. As future work we plan to study the energy efficiency of the proposed 
protocols. 
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5. LTE-M Radio Resource Control (RRC)-Layer 

In this chapter different approaches for improvements of the RRC Layer are further 
discussed, focussing on a reduction of signalling overhead and power consumption at the 
LTE-M device. New procedures and algorithms are proposed related to RRC part on the 
following areas: registering information about terminals and Monitoring paging channel, 
adaptive paging and mobility support. In these areas, we consider that substantial 
improvements can be done. 
 
5.1 Registering information about the terminals 
 
5.1.1 Problem statement 
 
Mobile networks are being increasingly used for M2M applications. These applications 
primarily collect information from a number of sensors attached to a mobile network and 
transfer them through to a M2M operator which then stores the received data and makes it 
available to the M2M application users. Today, these M2M devices that collect information 
are treated in the same manner as other mobile subscribers (human), although the way of 
working and communication patterns these two groups rely on are different (human mobile 
subscribers can at any time make a connection to any remote party, while M2M devices 
communicate with predetermined remote parties and mainly at predefined times). Cellular air 
interface such as LTE and 3G are not optimized for low device power consumption, and low 
resource utilization for short transactions. 

 
5.1.2 Algorithm description 
In order to enable the networks to differentiate between different terminals and their 
requirements, a new procedure is required. Procedure should enable terminals to describe 
themselves and their specific capabilities, traffic generation patterns and service 
requirements.. Information that is already stored in the network about the terminals should be 
extended with new information. These additional descriptions should be included in the 
existing signalling messages by extending some of the fields and stored in networks’ Home 
Subscriber Servers (HSS), which have to be extended as well.  
 
The proposed algorithm introduces: 
 

‐  Extension of messages used by the terminals when registering to a network 
‐  Extension of information that is supposed to be saved in the HSS will be investigated 

and proposed. 
 
Using this information, the network will know the type of terminals attached to a radio cell and 
will be in a position to use that information to configure the terminals and the cell in an 
appropriate manner.  
 
To enable LTE network to differentiate between different terminals and their requirements, 
we proposed the following parameters which will enable terminals to describe themselves 
and their capabilities: 
 

‐ IDLE mode paging expectations 
 Full paging support like in LTE 
 Reduced paging cycles  

‐ Mobility management expectations 
 Full Mobility, like in LTE 
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 Reduced, low mobility 
 Very limited mobility (mobility for  fixed sensors) 

‐ Expected traffic generation patterns 
 IDLE mode, ACTIVE mode 
 Constant, Uniform distribution, Gaussian, Lognormal 
 Burst traffic  

‐ Service requirements 
 
These parameters related to the device and subscription will be stored in HSS as separate 
additional fields to the existing fields in LTE subscription. Section 2.5.1.3 provides a 
description of the access schemes and resource allocations for LTE-M which will use 
additional terminal information. Also in section 2.5.2 LTE-M device classes and their 
capabilities are described. 
It will for sure increase the amount of the signaling for data related to the user subscription, 
and we will investigate this impact, and how it will affect provisioning time and HSS memory 
consumption. This will also allow reduction in the number of signaling procedures like:   

 
‐ Mobility management 
‐ Monitoring of paging channel  

 
for which evaluation of the results will be done analytically. Evaluation will be based on the 
calculation of percentage reduction of specific control channel information, or reduced 
number of paging messages. By introducing this procedure we expect lower battery 
consumption, so also device cost will be decreased. 
 
Registering information about the terminals will be evaluated using the following KPIs: 

 
(K28) Paging efficiency: Percentage reduction of specific control channel information for 
paging procedures in bit’s/user (paging messages per user). Percentage of reduced number 
of paging messages sent towards the cells in Tracking Areas (TAIs) in order to page M2M 
device.   
(K29) Mobility management efficiency: Percentage reduction of specific control channel 
information for mobility procedures in bit’s/user (mobility measurement reports per user).  
(K33)  Mean power per signalling bit per user: bits/Joule.  
 
The same KPIs will be used for Monitoring paging channel and Mobility support, since 
registering information about the terminals and their usage by itself does not introduce any 
improvements but represent “enabler” which will allow other procedures to benefit. So, here 
we will compare improvements of other RRC procedures and battery consumption saving, 
with increasing complexity by introducing new registration information. Section 2.5.1.2 
provides a description of the foreseen LTE-M access schemes where the paging channel is 
also considered. 
 
Implicitly with new registration information, the following EXALTED requirements will be 
covered: 
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Table 5-1: Requirements addressed with registering information about terminals. 

Requirement  Solution description LTE Solution 

NT.8  

Newly registered information 
about terminals will allow 
optimization of the number 
of necessary radio 
measurements, and allow 
the possibility for  M2M 
terminals to control the 
DRX/DTX timing and to 
perform the required 
measurements only when 
needed. 

N/A 

NT.17  

Newly register information 
about terminals will allow 
optimization of paging and 
mobility procedures and will 
reduce control channel 
signaling in comparison with 
necessary LTE signaling 

There are mechanisms for reducing 
paging signalling but not so 
adaptive. 

NF.2  

Newly register information 
about terminals will allow 
less control channel 
signalling at the receiver 
side, energy savings are 
possible. 

There are mechanisms for reducing 
paging signalling but not so 
adaptive. 

 
5.1.3 Implementation issues 
Compatibility with LTE and standardization issues, i.e. to include additional information 
(terminal descriptions) in the existing signaling messages for the extended fields stored in 
HSS. 
 
5.2 Monitoring paging channel and mobility support 
 
5.2.1 Problem statement 
Mobile terminals receive information from the network specifying parameters and actions the 
terminals are supposed to use when interacting with the network (for example cell selection 
and reselection, measurement management, location and routing registration, handover, 
power controls etc.). Today, these parameters are the same for all terminals in a cell. This, 
one-size-fits-all approach is fine when the network is serving one type of mobile terminals, 
e.g. mobile phones. However, for M2M devices some of these parameters are not suitable, 
and a solution is required to enable differentiation of terminals and optimization of 
parameters distributed in the system information blocks based on the type of terminals. The 
main approach in designing such an optimization relies on utilizing knowledge of the M2M 
device characteristics and the way the devices plan to use the mobile network in order to 
avoid unnecessary signalling procedures and when possible to schedule such transfers to 
enable optimal utilization of available radio resources. With the simplification of the network 
procedures and protocols, the power consumption of M2M devices will be also reduced, thus 
gaining benefits on both fronts.  
 
Monitoring paging channel takes up substantial amount of time and consumes significant 
amount of energy in the IDLE mode. This is necessary for mobile phones to ensure quick 
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response in case of incoming calls, while for M2M devices it is an overhead as the majority of 
traffic is terminal initiated or at least it is possible to tolerate delay in answering the incoming 
calls. Today, various radio measurements are performed to ensure the best radio conditions 
and thus the best connection quality as the terminal is moving around. Such procedures are 
relatively complex, using up radio resources and have significant impact on energy 
consumption. While necessary in the case of standard mobile terminals (mobile phones), for 
many M2M terminals this is just an unnecessary overhead, since in many M2M solutions, the 
M2M devices are fixed at a location so mobility support is almost not required, and could be 
significantly reduced (support for initial self-organization should be provided).  

 
5.2.2 Algorithm description 
By extending the system information messages, and using the knowledge about the type of 
terminals attached to a cell (Section 5.1.1.), the network will be in a position to specify 
different parameters for different groups of terminals thus enabling different treatment of 
M2M devices and making it possible to use modified protocols and procedures like the 
frequency of radio measurements.  
 
The proposed algorithm will overcome the main issues regarding Monitoring of the paging 
channel, i.e. consumption of significant amount of energy in the IDLE mode. Paging (also 
referred to as network-initiated service request), is used for signaling between the M2M 
device and the MME when the M2M device is in ECM-IDLE state. To cope with this issue, for 
M2M devices it should be possible to avoid monitoring paging and/or to increase the paging 
cycle (Discontinuous Reception (DRX) cycle). The M2M device determines the paging 
Discontinuous Reception (DRX) cycle and other relevant paging parameters by processing 
the serving cell paging parameters broadcast by the serving cell. From this point of view, and 
unless a M2M device is being paged or cell reselection occurs, the M2M device will 
periodically wake up on every paging occasion to check for paging messages; at the same 
time, the M2M device can measure its serving cell quality. Section 2.5.3 provides a 
description of the LTE-M protocol stacks, where DRX in LTE-M is also considered. 
Paging messages are broadcasted towards all cells in the Tracking Area. Basically, there are 
two logical ways to reduce the power consumption during inactivity:  

 Increase the paging cycle (Discontinuous Reception - DRX cycle)  
 Introduce Paging flag (factor), and multiply DRX cycle by this factor 
 Paging factor should be defined in HSS per device 
 During attach procedure factor will be downloaded on MME and 

delivered to M2M device 
 Avoid monitoring paging altogether. (Paging is used for network initiation traffic 

towards UE, i.e. in order to find the appropriate UE in the Tracking Area. There is no 
other system information in the paging message, i.e. other system information is 
distributed through other channels). 

 
This can be applied to applications that do not require network initiated traffic, or that at least 
can tolerate long delays for such traffic.  
 
Other proposed algorithm for minimization of network signalling regarding the monitoring 
paging channel of the M2M devices is focused on the number of paging messages sent 
towards M2M device during the paging procedure. Reducing the number of paging 
messages, in turn may contribute to a reduction in the network load. By reducing the number 
of paging messages less resources are allocated in the MME but as a trade-off will increase 
the blocking probability. Increase in blocking probability should be acceptable for typical M2M 
applications due to their delay tolerance. The available resources can be used for handling 
more users. Less paging also reduces the signalling in the radio access network.  
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In order to optimize and customize paging procedure, two new tables should be introduced 
on the MME (paging profile selection table and paging profile table). The MME initiates the 
Paging procedure towards the M2M device, and the first step will be to go through the paging 
profile selection table which identifies paging profile that should be used for each specific 
M2M device. The paging profile selection table should be configured to fit the network 
configuration as well as the M2M device behavior. The paging profile that is selected is 
based on the configured parameter values. The current values of the parameters are 
compared with the table values, and the paging profile for which all fields in the row match is 
selected. If no paging profile selection table has been configured by the operator, the default 
paging profile selection is used. The following information can be used for selecting a paging 
profile: Access Point Name (APN), Number series of International Mobile Subscriber 
Identities (IMSIs), Number series of International Mobile Equipment Identities (IMEIs), etc. 
 
A second table, i.e. the paging profile table specifies the number of paging attempts to 
perform using the specified paging target area. Different paging profiles correspond to 
different demands related to latency, i.e. whether short latency is critical or not. The first row 
where all criteria match those of the M2M device and its bearers determines which paging 
profile to use. The paging profile selection table can be used to select a paging profile 
starting with a narrow paging width for a certain M2M device, i.e. last visited eNodeB up to 
the whole Tracking Area, so that the amount of paging messages and consequently the load 
on the radio network is minimized. In the Table below an example of Paging profile table is 
given: 

Table 5-2: Paging profile table. 

Paging profile Paging Area Number of page attempts 
1 TAI list 4 
2 TAI 4 
3 Last eNodeB + 6 surrounding 2 
4 Last eNodeB 2 
5 …. …. 

 
The evaluation of monitoring paging channel and the comparison with the benchmark LTE 
will be done presumably with the following KPIs:  
 
(K28) Paging efficiency: Percentage of specific control channel information for paging 
procedures in bit/user (paging messages per user). Percentage of reduced number of paging 
messages sent towards the cells in Tracking Areas (TAIs) in order to page M2M device.   
 (K33) Mean power per signalling bit per user: bits/Joule.  
 
A large number of M2M devices will be at fixed locations and will throughout its lifetime use 
one or two radio cells and consequently will not require nor use fast handovers. However, in 
some cases M2M devices will be mobile (e.g. deployed on vehicles) and mobility support will 
be required. Due to the characteristics of the M2M traffic (short transfers, mainly initiated 
from the devices towards remote servers), it is not required to have very smooth handovers 
and uninterrupted connections. The proposed algorithm will focus on optimization of the 
number of necessary radio measurements, and the possibility to allow the M2M terminals to 
control the timing of and to perform the required measurements only when needed. This way 
the network is relieved from continuously monitoring radio conditions for a large number of 
terminals that actually do not move, or if they move, they can afford short interruptions in 
connectivity. Frequency of radio measurements depends on DRX cycle, so it is proposed to 
Introduce Mobility flag (factor), and multiple DRX cycle by this factor. Mobility factor should 
be defined in HSS per device as the subscription parameter, and should be delivered to M2M 
device. 
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This factor could be different for  
 RRC_IDLE  
 RRC_CONNECTED 

 
Mobility support will be evaluated using the following KPIs: 

 
(K29) Mobility management efficiency: Percentage of specific control channel information 
for mobility procedures in bit/user (mobility measurement reports per user).  
(K 33) Mean power per signalling bit per user: bits/Joule.  

 
The evaluation will be done analytically for both proposed algorithms, i.e. Monitoring paging 
channel and mobility support. We will compare the amount of the reduced control channel 
signaling in comparison with necessary LTE signaling as well as battery consumption saving.  
 
Evaluation will be done as follows: for the single user case on the cell level, where we will 
analyze different mixture of traffic cases in the cell. For example in the cell there could be 
some percentage of ordinary LTE users and M2M users for who new procedures could be 
applied. Different traffic models will be adopted and analyzed, also some traffic models 
proposed in 3GPP TR 37.868 could be considered. This analysis will give us improvement 
on the signaling reduction on the cell level.  
 

Table 5-3: Requirements addressed with Monitoring paging channel and mobility 
support 

Requirement  Solution description LTE Solution 

NT.8 – Mobility 
management 

The proposed algorithm will 
perform the optimization of 
the number of  necessary 
radio measurements, and 
allow the possibility to  M2M 
terminals to control the 
timing of and to perform the 
required measurements only 
when needed 

N/A 

NT.17 – 
Reduced 
signaling 

Optimization of paging and 
mobility procedures will 
reduce control channel 
signaling in comparison with 
necessary LTE signaling 

There are mechanisms for reducing 
paging signalling but not so 
adaptive. 

NF.2 – Energy 
efficiency 

Due to less control channel 
signalling at the receiver 
side, energy savings are 
possible. 

There are mechanisms for reducing 
paging signalling but not so 
adaptive. 

 
5.2.3 Implementation issues 
 
Compatibility with LTE and standardization issues, i.e. to include additional information 
(terminal descriptions) in the existing signaling messages for the extended fields stored in 
HSS.  
 
We expect that with propose algorithms, optimization of the number of necessary radio 
measurements will be done, and that it will allow the possibility to M2M terminals to control 
the timing of and to perform the required measurements only when needed. Also, 
optimization of paging and mobility procedures will reduce necessary control channel 
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signaling (in comparison to LTE signaling), that will due to the less control channel signalling 
allow energy savings on the receiver side. Reducing the number of paging messages 
contribute to a reduction in the network load, and available resources can be used for 
handling more users. 
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6. LTE-M Broadcast and Multicast Services 

 
The support of a multicast transmission in the LTE-M is vital as M2M communication needs 
the option of serving a big amount of the LTE-M nodes in one multicast group with the same 
kind of information. Such information can be a software update or information for changed 
configuration. The two solutions proposed by the EXALTED project focus on two different 
aspects of multicast transmission. LDPC Codes for efficient multicast aim at the reduction of 
unnecessarily received redundancy at each receiver of a multicast group by introducing an 
incremental redundancy code family for efficient channel coding on the PHY layer. The 
collaborative broadcast architecture aims at coverage extension for multicast transmission 
especially when considering LTE-M devices that underlie very strong shadowing. The 
approach combines the use of direct LTE-M links together with capillary networks to achieve 
the proposed increase in coverage. 
 
6.1 LDPC-like rateless codes 
 
6.1.1 Problem Statement and relation to LTE-M system architecture 
Multicast solutions are very important especially for M2M communications. LTE-M terminals 
need to be reconfigured by an application, e.g. they need to be informed about a new 
periodicity of measurement transmission. Typically such kind of configuration messages are 
dedicated to a plurality of terminals and therefore an efficient way of serving a group of such 
terminals is a vital part of an efficient LTE-M system design.  
Another scenario would be the update of software running on LTE-M terminals. In today’s 
cellular systems such as LTE, a software update for a LTE UE is user driven and carried out 
via a normal unicast link. A dedicated connection for each user that needs the software 
update is established which leads to inefficient resource use. To overcome this issue, 
dedicated multicast transmissions are introduced already in LTE Rel. 8 where so called 
Multicast/Broadcast Single Frequency Network (MBSFN) sub frames span dedicated 
resources for multicast transmission to a group of receivers. As those sub frames can 
already be scheduled freely for unevenly occurring multicast transmissions, the spectral 
efficiency for multicast transmission is kept high. If no multicast transmission is scheduled, 
the time and frequency resources in the LTE downlink can be completely used for normal 
traffic. 
Additionally to spectral efficiency, in the context of M2M communications, an important metric 
is energy efficiency. Energy constraint LTE-M terminals that are deployed in rural areas are 
often hardly to service and therefore should have a battery lifetime of several years. Several 
solutions of the LTE-M system aim on ensuring extended lifetime and the proposed coding 
scheme for multicast aims at the same optimization in the following way. 
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Figure 6-1: Cellular multicast setting with varying channel conditions 

 
Assuming the multicast transmission to N receivers in the cell (Figure 6-1) a channel code 
design must be carried out to fit the worst channel condition that can appear within the cell. 
Usually, users at cell boarders have decreased signal-to-interference and noise ratio SINR 
conditions and therefore need transmissions that are strongly channel coded to overcome 
this issue. Also shadowing effects and multipath propagation as well as antenna tilt of the 
base station can cause very bad channel conditions all over the cell area. The variety of 
channel conditions is widely spread and a channel code must cope with the worst one. On 
the other hand LTE-M terminals with very good conditions will receive a great amount of 
unused redundancy which they still have to actively receive for proper decoding. The goal of 
the proposed coding scheme is to relax the burden of computational overhead for each 
receiver by applying a incremental redundancy coding scheme that subsequently transmits 
redundant information to serve every receiver in an optimal way.  
Relation to the LTE-M system design: 
The proposed coding scheme provides an efficient reception of multicast messages per 
receiver. It is envisaged that the proposed channel code is applied in the PMDMCH together 
with OFDM as modulation scheme. A receiver with e.g. good channel quality may then only 
need to decode the first 3 symbols out of the complete sub frame as the applied redundancy 
is sufficient for him. Additionally, the broadcast channel might also be encoded using the 
proposed scheme. 
 
6.1.2 Algorithm description 
 
In LTE downlink transmissions for multicast (MCH and PMCH) use turbo coding as a very 
powerful channel coding strategy. To adopt for varying channel conditions, normally 
puncturing is applied to obtain higher rate code words from the rate 1/3 mother code. The 
typical behaviour of such puncturing is that the more one punctures the initially encoded 
code word, the weaker the code gets. Performance of such codes can be measured in terms 
of the thresholds for a particular channel model. The threshold describes the worst channel 
value under which decoding is asymptotically successful. Such thresholds can be calculated 
via specific techniques such as extrinsic information transfer (EXIT) chart analysis and 
density evolution and the ultimate goal in asymptotically analysis is to achieve the Shannon 
limit. For the previously mentioned punctured turbo codes in LTE, is appears that while lower 
rate codes (near the rate of the mother code) behave very well and get close to Shannon 
limit, the higher rate daughter codes successively exhibit a bigger gap to capacity.  
In case of the multicast setting the proposed solution follows the opposite approach to 
puncturing. Here the corresponding parity check matrix 0H  of a daughter code of high rate is 
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successively extended with new rows and columns to obtain a new rate-compatible code 
with lower rate together with incremental redundancy information that can be send to the 
receivers. The so called extension matrix is denoted as  
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1
( ) ( ) 
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k kk

e e

H
H

H H
 

  
  .

 

 
The goal is to use an optimized daughter code of high rate and subsequently add optimized 
rows and columns to preserve the good properties of the daughter code. Recent results in 
[41] showed the good behaviour of such codes especially for short block lengths. A non-
negligible gap to capacity still remains and the focus of the proposed low-density parity-
check (LDPC) code family for multicast is to overcome this issue by introduction of spatial 
coupling. The following investigation follows basically those in [42]. 
As described above, the crucial step is to start with a good daughter code of high rate to 
apply spatial coupling to. Therefore the already well performing code family from [41] was 
taken as a basis and the graphical representation of the parity check matrix with extension 
steps k  is denoted in Figure 6-2. 
 

 

Figure 6-2: Graphical representation of precode with incremental redundancy steps k  

On the left side you see the precode which denotes for the initial transmission with the 
daughter code of high rate. On the right side, subsequent incremental redundancy steps are 
added to obtain new transmission in the multicast setting with lower code rate. An exemplary 

code family with incremental redundancy steps  1, ,11k   is used for further study. 

The application of spatial coupling for better performance is done in the following way.  
To obtain a spatially coupled code family with corresponding parity check matrix, the base 
matrix is firstly copied on to L  different time instants similar as in Figure 6-3 where 
rectangles depict sub matrices. Shaded rectangles have non-zero entries and white 
rectangles denote all-zero sub matrices. 
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Figure 6-3: Coupling procedure over L  time instants based on initial extension matrix 

 
Additionally to the copy operation, an interconnection between the different time instants has 
to be ensured. Therefore the sub matrices at each time instant 1,…,L will be spread vertically 
in this case over two time instants. The spreading of edges can be done with high degree of 
freedom and only minor constraints have to be taken into account [42].  
To assess the performance of the proposed code family for incremental redundancy 
multicast first asymptotically results in terms of thresholds for the additive white Gaussian 
noise (AWGN) channel are obtained using density evolution.  
 

 

Figure 6-4: Thresholds for coupled rate-compatible code family on the AWGN channel 
for different lengths of L 

In Figure 6-4, the thresholds for the proposed rate-compatible code family are shown with 
different termination lengths L . For comparison, the uncoupled case of the original code 
family from [41] is also plotted as the uncoupled case. The performance gain due to spatial 
coupling can be seen easily as the thresholds of the coupled code family are closer to the 
Shannon limit compared and the vicinity can be adjusted with the termination length L . Also 
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for the different incremental redundancy steps the gap to Shannon limit is not anymore 
increasing (for high L ) with lower rates as this was the case for the uncoupled code family. 
To assess the performance of the code family in the finite-block regime additional simulations 
over the AWGN channel are considered with arbitrarily chosen block length (the final code 
block length for LTE-M multicast message is subject to specification). The resulting bit error 
rate (BER) curves are shown in Figure 6-5.  

 

Figure 6-5: BER Simulation of proposed rate-compatible code family on AWGN 
channel 

Starting with the lowest code rate (rightmost curve) the performance is subsequently 
increasing by achieving the same target BER for decreasing 0/bE N . To the knowledge of 

the author no error floor was detected until the BER region of 610 . With the use of the 
proposed rate-compatible code family for incremental redundancy multicast in LTE-M 
improved energy efficiency is expected due to the very well performing individual codes of 
the family and the protocol change towards optimal redundancy served receivers. 
 
6.1.3 Implementation issues 
For the incorporation of such incremental redundancy multicast scheme the receiver needs 
to implement a suitable decoding algorithm. For the investigations, the belief propagation 
algorithm was used as a basis and is also recommended. An additional advantage of the 
belief propagation decoder can be used for the proposed rate-compatible code family as the 
codes have a convolutional code structure. In this case, a windowed version of the belief 
propagation decoder can be implemented to save complexity in the hardware 
implementation. Additionally as the parity check matrix is constructed in the above mentioned 
way, only one time instant of the parity check matrix must be stored arbitrary lengths L  can 
be supported. 
At the base station side the downlink resources for dedicated multicast messages must be 
scheduled. It is envisaged, that the LTE-M system design incorporates dedicated MBSFN 
frames for M2M downlink multicast transmission. Therefore, block lengths of the code family 
must be chosen accordingly to the specification. Additionally the protocol for multicast 
messages has to ensure that LTE-M devices that appointed to receive the multicast 
transmission will be informed via control channels which MBSFN frames are dedicated to 
them and which of the dedicated MBSFN sub frames belongs to which incremental 
redundancy step. 
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6.2 Collaborative broadcast architecture 
 
 
One of the most critical requirements in M2M communications is service availability. In the 
present section we focus on service availability in the downlink, or coverage, intended as the 
possibility for all nodes to correctly receive data transmitted by an eNodeB, which is a main 
issue for networks with a large number of terminals. 
 
There are several techniques to improve coverage. First, a higher margin in the link budget 
will compensate for stronger components of shadowing or channel fading. In case of 
broadcast transmissions for terminal software and/or firmware update, in which all the 
terminals need to correctly receive all the data, delay tolerance is typically higher than for 
voice communications and thus time diversity may be used to compensate for fast fading, 
either in the form of time interleaving or by retransmitting failed packets. Finally, the use of 
multiple antennas may also provide advantages by exploiting spatial diversity against fast 
fading. These techniques shall be taken into account when designing the physical layer of 
the LTE-M air interface. 
 
In addition to the options listed in the previous paragraph, which can all be described as 
point-to-point, or link-level, techniques service availability can also be enhanced using 
distributed spatial diversity. In this case, the signal is transmitted via multiple radio hops, 
which provide diversity in case one of them fails to provide sufficient signal quality. In order to 
avoid deploying additional infrastructure, so-called cooperative communications assume that 
users themselves provide spatial diversity by relaying each other’s signals. Many techniques 
have been proposed, such as relaying, multipath routing, or network coding [69][70][71]. 
Relaying is typically performed at the radio level, by amplifying the received RF signal 
(amplify-and-forward relaying), or at the physical layer, by re-encoding the received PHY 
layer signal (decode-and-forward relaying) and also by compressing the received PHY layer 
signal (compress-and-forward relaying). 
 
The techniques for distributed spatial diversity listed in the previous paragraph require 
complex physical layer techniques and have gained limited acceptance in wireless systems 
due to their complexity. Nevertheless, the gains from distributed spatial diversity are 
significant in terms of improving coverage and countering shadow fading. An alternative that 
can be implemented at upper layers consists in network coding, a distributed, binary 
encoding system. In a network coding system, data packets are represented in a 2q Galois 
field (GF), named GF(2q) and encoded at the source. Upon reception, intermediate nodes 
(equivalent to relays in the PHY layer techniques) re-encode packets, which are finally 
decoded at the destination. One of the main advantages of network coding with respect to 
PHY layer techniques is that it can be implemented in upper layers and therefore it may be 
used over different PHY standards. Within the EXALTED system concept, network coding 
can be used over both LTE-M and capillary air interfaces. In this section we focus on the 
application of network coding for the downlink of the LTE-M + capillary system, and in 
broadcast applications in particular. Part of the downlink traffic consists of sizeable amounts 
of device management traffic that needs to be transmitted to large multicast groups. 
Therefore, it is crucial to optimize the delivery of such traffic through dedicated mechanisms 
that ensure both reliability and energy efficiency. The problem at hand is depicted in Figure 
6-6. Areas under shadow fading do not have sufficient coverage from the eNodeB, and rely 
on nearby devices to supply redundancy in order to decode the transmitted signal. Both LTE-
M and capillary radio interfaces are combined at higher layers. 
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Figure 6-6. Descriptive diagram of coverage enhancement through network coding. 

 
6.2.1 Collaborative Network Coding Implementation 
 
6.2.1.1 System Model 
 
We consider a multicast transmission taking place from the eNodeB to a multicast group. We 
model the network as a graph , where  are the network nodes 
and  is a hyperarc denoting the wireless connection i to a set of nodes . In 
general, a subset of nodes  is the source of data packets. This corresponds to the case 
where a multicast message is sent simultaneously from several eNodeBs. If a single eNodeB 
is operating, then the size of the subset is |S|=1. We model the wireless channel at the 
packet level as an erasure channel. As an example, considering the following simplified 

model for channel losses from node i to , expressed as 
 

                                              (6.1) 
 
where  is the distance between nodes i and j,  is the path loss exponent, and  is the 
fast fading coefficient, which remains constant during the packet duration. Moreover, we 
assume that a packet is lost whenever the minimum signal strength dictated by the receiver 
sensitivity is not met. Even if such packets may be received in error, we assume that physical 
layer error detection mechanisms are able to detect and discard such packets, resulting in a 
packet erasure. Therefore, we characterize the packet erasure probability  of a link as 
 

                                             (6.2) 
 
where  denotes transmitted power and  the receiver sensitivity. Assuming that 
amplitude fading is Rayleigh-distributed,  follows an exponential distribution, and the 
erasure probability may be expressed as a function of distance d as 
 

                                                (6.3) 
 
While this model fails to capture all propagation effects in the wireless channel, it is an 
illustrative example of how the erasure probability may be obtained from the channel model. 
More accurate channel models used in simulations do not allow a closed form expression for 



  

 
FP7 Contract Number: 258512 
Deliverable ID: WP3 / D3.3 

 

Security: (Public) Page 112 
 

the erasure probability. Therefore the channel and the physical layer must be simulated in 
order to obtain packet erasures.  
 
6.2.1.2 Random Linear Network Coding 
 
In order to perform network coding, each source node breaks the data message into K 
packets, which are encoded to produce L coded packets. The source encoding function 
generates encoded packets as linear combinations of data packets, with coefficients drawn 
from a finite field, as 
 

                                                  (6.4) 
 

where  is a binary vector denoting the  encoded packet,  is a 
random coefficient, and   the  data packet. Each intermediate node 
buffers packets received through incoming hyperarcs. Then, when a transmission opportunity 
arises, the node sends out a new linear combination of the packets in its buffer: 
 

                                             (6.5) 
 
where Li is the number of packets til,b buffered in node i. Upon receiving a packet, each 
network node checks whether it may be obtained as a linear combination of the packets in its 
buffer. We will refer to new linearly independent packets as innovative packets, as they 
contribute to the decoding of data packets. Conversely, we refer to linearly dependent ones 
as non-innovative. Only innovative packets need to be stored in the node buffer, while non-
innovative ones may be safely dropped; therefore, the buffer size is limited to K packets. As 
packets advance through the network, they undergo linear combinations at each node they 
traverse. Since all nodes perform random linear combinations, a linear random network code 
results. In order to be able to decode data packets, the destination node must be able to 
invert the linear operations on the K data packets, i.e. it must be aware of what is known as 
the global encoding vector of each encoded packet. These constitute the generator matrix of 
the network code. Stacking the encoded packets at the destination into matrix 

 (where ND is the number of coded packets received by the destination), 
data packets into matrix , and global encoding vectors into matrix 

, data packets are obtained as  
 

                                                         (6.6) 
 
Two practical aspects must be addressed in order to make network-coded transmission 
implementable and efficient. First, the global encoding vector must be known by all receivers. 
Second, each node must determine how many encoded packets to send to ensure that all 
destinations receive enough innovative packets. The easiest method to make G known to the 
receiver is by placing the global encoding vector at the header of each encoded packet. If the 
packet size is large, as it may be expected for device management messages consisting of 
firmware upgrades or reconfigurations, then the fixed K-bit overhead incurred by this 
operation can be considered negligible. Determining the necessary number of packets 
generated by each network node is a more challenging problem. In fact, this determines the 
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rate of the code, which must be designed to maximize both throughput and detection 
probability of data packets. This aspect is addressed in the following section. 
 
6.2.1.3 Implementation  
 
The main components of the proposed collaborative broadcast architecture are i) one or 
more eNodeBs, which are the message sources, ii) collaborative nodes, which retransmit 
part of the packets received, and iii) end nodes, which do not have the ability to cooperate. 
 
The eNodeB splits information into messages consisting of K fixed size packets. For each 
message, a so-called packet generation is created, which consists of linear combinations of 
the K component data packets. A packet generation may be of fixed size N or variable size. 
For example, the eNodeB may generate packets until it has received a positive 
acknowledgement from all members of the multicast group. Then, a new generation of 
packets is transmitted. The eNodeB operation is depicted in Figure 6-7.  
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end
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Figure 6-7. Packet encoding at the eNodeB.  

Collaborative devices are expected to perform linear network coding as described in the 
previous section. Their operation is described in Figure 6-8. The primary air interface LTE-M 
is used to receive packets, which are then stored in the device buffer if they are innovative. 
Moreover, it triggers a packet transmission with a certain probability. When the device is able 
to decode the set of K packets, i,e, the generator matrix G is invertible, then it may send back 
an ACK message to the eNodeB. Simultaneously, the device sends out new linear 
combinations of packets in its buffer through a secondary air interface, i. e. the capillary air 
interface. In some instances, the device may use a single air interface receiving and 
transmitting packets in half-duplex mode. For example, if the capillary network uses an LTE-
M air interface, the device may use it both to receive from the eNodeB and to retransmit 
packets. A second possibility is that a device belonging to a capillary network receives 
packets through the capillary air interface and also uses it to transmit. 
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Figure 6-8. Packet retransmission at collaborative devices.  

 
End devices are similar to collaborative devices, but do not implement the retransmission 
scheme (dashed box in Figure 6-8). A device may choose to collaborate or not depending on 
several criteria, such as remaining energy, number of other devices within range, age of the 
packet generation, etc.  
 
An important aspect of the implementation of this scheme is the retransmission policy 
adopted by collaborative nodes. Clearly, more packet retransmissions may improve 
coverage of the system. On the other hand, retransmissions are costly in terms of energy 
and also contribute to the saturation of the capillary air interface, which may be 
counterproductive in terms of collisions due to, e.g., hidden nodes. A simple retransmission 
policy consists of retransmitting every innovative packet received through the primary air 
interface with a fixed probability. In our setup, we define a parameter, which we call ζ, that 
determines the average number of times an innovative packet is transmitted. In particular, if ζ 
belongs to the interval [0,1], at most one innovative packet is transmitted for each innovative 
packet received, and ζ represents the transmission probability of the innovative packet. In 
case ζ belongs to the interval (1 2], instead, one innovative packet for each received 
innovative packet is transmitted with probability 1 the first time, and then repeated with 
probability 1- ζ. Note that the transmitted packets are obtained by applying random linear 
network coding to the set of received packets. ζ may be fixed as a system parameter, or 
adaptive, depending on the device condition.   
 
6.2.1.4 Network Coding Implementation Aspects 
 
We consider a source symbol size of 1024 Bytes each. Each source symbol is divided into n 
subsymbols of equal size. Each of these subsymbols is multiplied by a randomly chosen 
coefficient in a field with 2n elements. The coefficient is the same for all subsymbols within a 
packet. In this way the complexity of the network encoder/decoder can be kept at a 
reasonable level. A field size of 28 or 216 (one or two bytes) may constitute a valid choice. 
The network coding is applied as in [47], adding the encoding vector at the end of each 
packet. Thus, for a K symbols generation, a header with Kn bits is appended to each symbol. 
The loss in spectral efficiency is then Kn/8192. Assuming coefficients of 1 byte are used, the 
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loss becomes K/1024. In order to keep the loss at a reasonable value we should limit the 
size of the generation. For instance, if generations of K=100 are used, the loss is below 10%. 
The adoption of small generation sizes has the drawback that the code efficiency is reduced. 
There are, however, advantages in using small blocks. Actually, if a short interleaver is used 
together with blocks of small size, the data is readily available to the upper layer sooner than 
in the case of large blocks, i.e. the delay decreases. Note that no coordination is needed for 
the proposed scheme and no optimization is done in the network coding, since coefficients 
are randomly drawn by each node. The main optimization parameter in this case is the GF 
size, which determines the probability of generating linear combinations of source symbols 
which are linearly independent with respect to the ones already transmitted in the network. 
 
6.2.2 Preliminary Performance Evaluation 
 
A preliminary performance evaluation of the described collaborative network coding 
implementation is described in this section. The newly defined IEEE 802.11p vehicular 
networking standard was adopted as capillary interface. Basic simulation parameters are 
reported in Table 6-1. 
 

Table 6-1: Simulation Parameters according to ITS scenario. 

Carrier frequency 2 GHz 
Device (vehicle) speed 50 kph 
Time interleaving Optional 
Modulation OFDM 
Channel coding Turbo Code rates ½ and ¼  
 
Two different interleaver sizes (short interleaver with delay 200 msec and long interleaver 
with delay 10 sec) were used. In the considered scenario a long interleaver reduces the 
probability of a device being in a deeply shadowed position. Figure 6-9 and Figure 6-10 show 
the performance of the proposed collaborative broadcast architecture based on network 
coding. In Figure 6-9, the normalized throughput is shown as a function of the parameter ζ. 
As it can be seen, a moderate number of retransmissions (around 0.8) increases the 
throughput by around 30% when a short interleaver and a rate ½ code are used. Similar 
improvements can be seen for long interleaver sizes and rate ¼ code. The performance of a 
simple relaying scheme, which consists in retransmitting received packets without the 
network coding layer, is shown in Figure 6-9 for comparison. As it can be seen, simple 
relaying barely improves the performance of the one-hop scheme. 
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Figure 6-9. Normalized throughput (average number of correctly received source 
packets) for different modulation and coding schemes and cooperation level. Simple 

relaying scheme shown for comparison. 

 
Figure 6-10 shows the level of coverage, or service availability, of the system. It represents 
the percentage of covered nodes as a function of the average number of retransmitted 
packets. As before, gains up to 30% in service availability can be obtained. 
 

 

Figure 6-10. Percentage of service coverage for different modulation and coding 
schemes and cooperation level. Simple relaying scheme shown for comparison. 
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6.2.3 Analytical Performance Evaluation 
 
In the following we carry out an analytical study of the performance of network coding for 
coverage enhancement, in which the physical layer is also taken into account. 
 
An M2M network is considered in which a source (S) eNodeB has a set of K source 
messages  of k bits each, to broadcast to a population of LTE-M devices, each 
of which has both long range a short range communication capabilities. In particular, we 
focus on vehicular terminals. S protects each message using a channel code, in order to 
decrease the probability of packet loss on the channel. No feedback is assumed from the 
terminals to the source and no channel state information (CSI) is assumed at S, which 
implies a non-zero probability of packet loss. Thus, a second level of protection is also 
applied by S at packet level in order to compensate for packet losses. Encoding at packet 
level takes place before the channel encoding. N ≥ K coded packets are created by S 
applying a random linear network code (NC) to the K source messages. We define R = K/N 
as the rate of the NC encoder at the base station. Network coding operates in a finite field of 

size q (GF(q)), so that each message is treated as a vector of  symbols. Source 
messages are linearly combined to produce encoded packets. An encoded packet x is 
generated as follows: 
 

                                                       (6.7) 
 

where , i = 1, . . .,K are random coefficients drawn according to a uniform distribution in 

GF(q). The coefficients , i = 1, . . .,K, are appended to each message x before its 
transmission. The set of appended coefficients represents the coordinates of the encoded 

message x in GF(q) with respect to the basis , i = 1, . . .,K, and is called global encoding 
vector. Physical layer encoding is applied to network-encoded packets, each consisting of of 
k bits. The transmitter encodes a packet using a Gaussian codebook of size , with 

 bits per channel use (bpcu), associating a codeword cm of n i.i.d. symbols drawn at 

random from a Gaussian distribution to each , m = 1. . .,N. The time needed for the base 
station to transmit a packet is called transmission slot (TS). Terminals cooperate in order to 
recover the packets that are lost in the link from the eNodeB. We assume terminals with high 
mobility, which is the case of, e.g., vehicular networks. Thus, nodes have little time to set up 
connections with each other. For this, and in order to exploit the broadcast nature of the 
wireless  medium, nodes act in promiscuous mode, broadcasting packets to all terminals 
within reach. Similarly as in the broadcast case of IEEE 802.11 standards, no request to 
send (RTS)/ clear to send (CTS) mechanism is assumed. No CSI is assumed at the 
transmitter in the terminal to terminal communication, so that there is always a non zero 
probability of packet loss. Like the source, also each terminal uses two levels of encoding, 
which are described in the following. Let L be the number of packets correctly decoded at the 
physical level by a terminal. The terminal selects the L’ ≤ L  packets which constitute the 
largest set of linearly independent packets with respect to the basis , i=1, . . .,K. Linear 
independence can be verified through the global encoding vectors of the packets. The L’ 
packets selected are re-encoded together using random linear NC, and then re-encoded at 
the physical layer. NC encoding at the terminals works as follows. Given the set of received 

packets , the message  is generated, 

being random coefficients in GF(q). Each time a new encoded 
message is created, it is appended its global encoding vector. The overhead this incurs is 
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negligible if messages are sufficiently long. The new global encoding vector η can be easily 
calculated by the transmitting node as follows:  
 

                                                         (6.8) 
 

where  is the local encoding vector, i.e., the vector of random coefficients 
chosen by the transmitting node, while  is an  matrix that has the global encoding 
vector of  as row i. We assume that the transmission of a message by a terminal is 
completed within one TS. The physical layer encoding at a mobile node takes place in the 
same way as at the base station, using the same average transmission rate r. 
 
 
The network is modeled as a directed hypergraph ,  being a set of nodes and 

 a set of hyperarcs. An hyperarc is a pair (i, J), where i is the head node of the hyperarc 
while J is the subset of N connected to the head through the hyperarc. J is also called tail. An 
hyperarc (i, J) can be used to model a broadcast transmission from node i to nodes in J. 
Packet losses can be also taken into account. 
 
In [48] (Theorem 2) it is shown that, if K is large, random linear network coding achieves the 
network capacity in multicast connections, even in case of lossy links, if the number of 
innovative packets transmitted by the source per unit of time is lower than or equal to the 
flow across the minimum flow cut between the source and each of the sink nodes, i.e.: 
 

                                                 (6.9) 
 
where  is the average injection rate of packets in the arcs departing from i to the tail 

subset  is the set of all cuts between S and t, and  denotes the set of 
forward arcs of the cut Q. Nodes share the wireless medium, i.e. they transmit in the same 
bandwidth. We assume that an ideal carrier sense multiple access (CSMA) / collision 
avoidance (CA) protocol is adopted by the nodes and thus no collision happens. In case of 
an ideal CSMA/CA the average rate on each of the node-to-node links is:  

,                                           (6.10) 
 
where M is the number of the nodes in the network and  is the probability that a node 
attempts to access the channel. 
 
For the considered setup the min-cut-max-flow condition translates in: 

(6.11) 

where  is the packet loss rate in the link from the base station to node j. Such expression 
can be lowerbounded as follows: 
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(6.12) 
 
where  is the cumulative distribution function (C.D.F.) of the packet loss rate assumed 
to be a random variable that changes at each generation due to lognormal shadowing and at 
each message transmission due to Rayleigh fading, and can be shown to be: 

.        (6.13) 
 
The final expression for the lower bound of the cooperative coverage is: 

                                     (6.14) 
 
In the following figure the coverage is plotted against message rate R for different network 
sizes. It is interesting to note how increasing the number of nodes increases the achievable 
message rate R 
for a given Ω. In other words, the higher number of nodes, the higher the probability that all 
the broadcast information from S reaches the network, i.e., has not been lost. Once the 
information has reached the network, it can be efficiently distributed among the terminals 
thanks to the properties of random linear network coding. 
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Figure 6-11: Coverage Ω plotted against message rate R in the cooperative case for 

different values of N. The lower bound and the non cooperative case are also shown. 
In the simulation we set r=-1.5 bpcu, , pa=0.2, ΓN=10 dB in the N-N channels, µ=3 and 

σ=1 in the S-N channel. 
 
Similarly, in the following figure the coverage is plotted against the physical rate r for a fixed 
R. Also in this case, an important gain in transmission rate can be observed, with an increase 
of about 0.4 bpcu when passing from no cooperation to cooperation in a network with 2 
nodes, and about 1 bpcu in case of a network with 4 nodes. In both figures the lower bound 
is pretty tight for M = 2 and M = 4. 
 

 
 

 

Figure 6-12. Coverage Ω plotted against rate at physical layer r in the cooperative case 
for different values of N. The lower bound and the non cooperative case are also 
shown. In the simulation we set R=2/3 messages/slot, pa=0.2, ΓN=10 dB in the N-N 

channels, µ=3 and σ=1 in the S-N channel. 

 
It is important to notice that this results is achieved without any feedback to the base station 
or any packet request among nodes, as the decision on whether to encode and transmit or 
not is taken autonomously by each terminal only based on the probability of media 

contention . In the following figure the coverage is plotted against the per-node probability 
of transmission attempt pa for two different N-N channel conditions. In one case the average 
channel power is set to 10 dB while in the other it is set to 0 dB. Two main observations can 
be done. The first is that the pa needed to achieve a given Ω increases significantly with the 
worsening of the N-N channel. This is because a bad inter terminal communication channel 
determines many losses, and thus more attempts of channel access are needed by the 
nodes to compensate such losses. We see that, in order to achieve full coverage, the 
required pa almost doubles when passing from  = 10 to  = 0. The second observation 
is 
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that, even in bad channel conditions, relatively small values of pa (0.2 for  = 0) are 
sufficient to achieve full coverage for values of r and R which are of practical interest (Fig. 4 
was obtained by setting R = 2/3 messages/slot and r = 1 bpcu). We further observe that the 
lower bound tightly approximates the simulated curves. The coverage for the non-
cooperative case in the setup considered in the figure is 0, coherently with the results shown 
in previous figures. 

 

 
 

 

Figure 6-13. Coverage Ω plotted against the probability of media contention pa in the 
cooperative case for a network with M=4 nodes and two different values of average 

SNR in the N-N link, i.e., , ΓN=10 dB and , ΓN=0 dB. The lower bound is also shown. In 
the simulation we set R=2/3 messages/slot, r=1 bpcu, µ=3 and σ=1 in the S-N channel.  

 
In this section we investigated the performance of a cooperative approach in providing 
missing coverage for broadcast M2M networks. We considered a mathematically tractable 
and yet practically interesting network model, in which fading and shadowing effects in 
communication channels as well as the medium access mechanism of cooperating node 
have been taken into account. By applying the max-flow min-cut theorem we derived an 
analytical lower bound on the coverage as a function of both the information rate at physical 
layer and the rate of innovative packets per unit-time. Our results give a trade-off between 
the coverage and the rate at which the information can be injected in the network, and at the 
same time quantify the gain derived from cooperation of the nodes through the short range 
interface, showing that diversity gain grows with the number of terminals, and thus important 
gains in terms of transmission rate at the base station can be achieved through cooperation. 
Currently we are investigating how to extend the results to networks with fixed repeaters and 
imperfect medium access control mechanism. 
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7. Enablers 

This section will provide several methods to save energy in LTE-M scenarios. The focus is 
put on the spectrum sensing in Section 7.1, where a local spectrum-sensing scheme is 
proposed in order to achieve an efficient communication system. In Section 7.2, we will 
address the problem of harvesting energy from the environment for the rechargeable 
batteries. In order to increase energy efficiency, the system operations are designed based 
on the nature of harvesting energy process. Additionally, an energy efficient scheme is 
devised for relaying in Section 7.3.  
 
7.1 Spectrum sensing 
Spectrum sensing is a traditional topic in the scope of signal processing for mobile 
communications. The main objective of spectrum sensing is to offer the ability of identifying 
and exploiting the under-utilized spectrum in an instantaneous manner in a wireless device, 
without any user intrusion. This allows the wireless devices to rapidly change their 
modulation scheme and communication protocol to offer a more efficient communication 
system. 

Spectrum sensing is quite mature yet for carrier sense multiple access (CSMA) based 
random access networks, i.e. “listen before talk” communication protocols. New challenges 
and problems arise for spectrum sensing in flexible networks. The spectrum sensing device 
is required to meet the following three requirements. 

  Fast spectrum sensing. Since it is not possible to transmit and sense 
simultaneously at a particular frequency band, sensing has to be interleaved with 
data transmission. Hence, the required observation time (or window) should be as 
short as possible in order to maximize the overall throughput. 

  High accuracy. The spectrum sensing device identifies vacant spectrum bands by 
detecting presence of primary signal, i.e. by performing a binary hypothesis test. 
With noise and fading available in any communication system, sensing errors are 
inevitable; for example, false alarm occurs when an idle channel is detected as 
busy, and miss detection occurs when an occupied channel is declared as idle. In 
the occasion of a false alarm a transmission opportunity is overlooked resulting in 
waste of the spectrum, while  miss detection leads to collision with primary users 
and hence interference. 

  Low complexity. The computational complexity of the seining device should be 
kept as low as possible in order to reduce the signal processing time, device 
energy consumption as well as the infrastructure cost. 

In addition, it is becoming increasingly demanding for delivering reliable spectrum sensing in 
very low signal-to- noise ratio (SNR) range, e.g. less than −10 dB, such that heavily 
shadowed signals can be identified. 

7.1.1 Problem statement 
 
The problem of interest is how to devise a local spectrum-sensing scheme with all of the 
above requirements to be satisfied suitable for M2M applications.  The general problem of 
spectrum sensing is modeled as the binary hypothesis testing with hypothesizes: H0, when 
the signal is absent; and H1, when the signal is present. Its mathematical form read as 
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where the random variable yn stands for the received information, xn denotes the signal, h is 
an unknown non-random variable denoting the channel, vn denotes the noise, and the 
symbol *represent the convolution operation. 

7.1.2 Algorithm description 
 
A novel spectrum-sensing scheme namely cluster-based differential energy detection has 
been proposed. It has several distinctive features including low latency, high accuracy 
reasonable computational complexity, as well as robustness to very low SNRs. For example, 
the proposed scheme can reach 90% in Probability of Detection (PD) and 10% in Probability 
of False Alarm (PFA) for the SNR of −21 dB, while the observation window is equivalent to 2 
multi-carrier symbol durations. 

The key idea of the proposed scheme is applying order statistics, onto the rank ordered 
clustered differential energy-spectral-density (ESD) in order to exploit the channel frequency 
diversity inherent in high data-rate communications. Specifically, after the ESD computation, 
the clustering operation is utilized to group uncorrelated subcarriers into clusters based on 
the coherence bandwidth in order to utilize the available frequency diversity. The knowledge 
of coherence bandwidth does not need to be very accurate. Furthermore, the ESD within 
each cluster is sorted in terms of magnitude, making use of order statistics to increase the 
reliability of the sensing algorithm by exploiting the smoothing effect of the sorting operation. 

In order to exploit the second order moment diversity of the observed signal, a differential 
operation is performed on the rank ordered ESD. When the channel is frequency selective 
and the noise is white, the differential process can effectively remove the noise floor and 
hence, eliminate the impact of noise uncertainty, which is main factor making energy 
detection reluctant [73][73]. At the final stage of the proposed scheme, the differential rank 
ordered ESD within different clusters are linearly combined in order to further reduce the 
effect of impulse and long tailed noise. Binary hypothesis testing is applied on either the 
maximum or the extremal quotient (maximum-to-minimum ratio) of the combined differential 
ESD depending on the wireless channel characteristics of the sensed environment. More 
importantly, the proposed spectrum sensing scheme is designed to allow robustness in terms 
of both time and frequency offset hence unlike matched filtering approach accurate 
time/frequency synchronizations are not required. Figure 7-1 illustrates the block diagram of 
the proposed technique.  
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Figure 7-1: Diagram of the proposed spectrum sensing technique. 

Computer simulations were performed to evaluate the proposed spectrum-sensing scheme. 
The system investigated in this section has M = 2, 048 sub-carriers with the sub-carrier 
spacing of 15 KHz (3GPP LTE-advanced system [37]), each frame consists of 7 OFDM 
blocks with the CP length of J − M = 160; the sampling frequency is the same as the signal 
bandwidth of 30.72 MHz. The carrier frequency is also set at 5 GHz. The communication 
channel is generated according to the WINNER channel model under B2 outdoor scenario 
and the sensing device is moving at the speed of 3 km/h. The SNR is defined by the average 
received symbol energy to noise ratio. The threshold for hypothesis test is carefully chosen 
so that the PFA is fixed to 10%. All simulation results were obtained by averaging over 2,000 
Monte Carlo realizations. 

Figure 7-2 illustrates the performance comparison of the proposed spectrum sensing 
approach and the state-of-the-art approaches. The simulation performed for energy detection 
[73] are based on noise uncertainty factor [73], U = 0,1,3 dB and the threshold is based on 
the assumed/estimated noise power, while the real noise power varies with each Monte 
Carlo realization by a certain degree. The performance comparison is also carried out for 
pilot based detection [74], and differential based energy detection [75] Since the pilot based 
detection proposed in [74] is proved to outperform existing pilot based detection it was 
chosen as a benchmark for this performance comparison. It is assumed that the pilot 
symbols are embedded in each block, which are equal-spaced for every 16 or 32 sub-carrier. 
Since the mentioned pilot based detection is based on the energy of the pilot symbols it is 
affected by the uncertainty factors. Since the detection technique introduced in [15], namely 
differential energy detection, also exploits the frequency diversity of the channel our main 
concern is to observe how much improvement can be delivered by the clustered-based 
energy detection. Figure 7-2 further shows that the proposed approach can outperform the 
differential energy detection by at least 5 dB in low SNR environment. This is improvement is 
mainly due to the clustering, the linear combination. 

The proposed approach is able to outperform the second order cyclostationarity [76] by at 
least 8 dB when the observation length is equivalent to 7 OFDM symbols. Cyclostationarity 
based detection relies on the cyclic frequencies of the received signal to determine existence 
of a source, hence deep fading at cyclic frequency can have a detrimental effect on its 
performance while the proposed technique takes advantage of this fading to exploit the 
moment diversity. 

Please note that in Figure 7-2 the proposed technique Test I is based on the maximum value 
decision while Test II is based on the extremal quotient. Furthermore, the observation length 
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is set to 7 symbols.  

 

Figure 7-2 : Performance comparison of the proposed approach and the state of the 
art spectrum sensing approaches. 

 
7.1.3 Implementation issues 
The proposed spectrum-sensing algorithm is fully compatible with LTE-A air-interfaces. It can 
offer accurate spectrum information to enable flexible frequency reuse so as to improve the 
spectral efficiency. 
 
7.2 Energy harvesting  
 
7.2.1 Problem statement 
 
Achieving high energy efficiency is obviously of paramount importance in any wireless 
communication system, and especially becomes a critical issue in M2M communications. In 
fact, a significant proportion of M2M device are expected to rely on batteries. It would indeed 
be unrealistic to assume that all devices have direct access to a power supply. Moreover, in 
some cases, the replacement or manual recharging of the batteries is too costly. In such 
cases, the limited battery size (due to physical constraints or cost limitations) translates into a 
finite lifetime of the device, and possibly of the system. Consequently, energy efficiency is a 
key challenge in the sustainable deployment of battery-powered communication systems. A 
complementary approach has recently been made possible by introducing rechargeable 
batteries that can harvest energy from the environment in order to extend the lifetime of the 
system. The problem considered in this section is that of designing the system operations 
taking into account the nature of the energy harvesting process to increase energy efficiency 
(in Joules per bit).   
 
The conventional metric used for assessing the performance of a communication standard 
like LTE is the spectral efficiency (in bit/s/Hz). In other words, the focus is set on maximizing 
the transmission rate that can be achieved per unit of bandwidth, assuming a fixed value for 
the transmitted power. Note that a dual (and thus identical) way of looking at the same 
performance measure is to analyze the minimum power needed to achieve a given 
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throughput on a given bandwidth. LTE relies on several techniques to boost the achieved 
spectral efficiency, like e.g. MIMO, advanced error correction codes, adaptive modulation 
and coding (AMC), etc. The latter feature is especially interesting: ACM consists in adapting 
the instantaneous transmission rate to the temporal variation in the channel state. For 
instance, favourable instantaneous channel conditions are taken advantage of by 
transmitting a high order modulation with high coding rate. In this section, we instead study a 
feature which is disregarded in LTE. We consider the possibility of taking advantage of the 
temporal variation in the battery state. By battery state, we mean the amount of energy 
stored in the battery at a given time instant. In particular, in a node which is able to harvest 
energy from the environment, the battery state is directly dependent on the flow of harvested 
energy in the system, to which the evolution of transmission rate over time can be adapted.    
 
Point-to-point link 
 
We focus first on the single point-to-point link depicted in the next figure. The transmitter is 
equipped with energy harvesting capabilities. In the EXALTED system architecture, this 
transmitter could for instance be a LTE-M device, cluster head, or M2M gateway. The goal is 
to maximize, through power management, the amount of data that is transmitted from the 
source to the destination within a time interval [0,T ] and under various assumptions 
regarding the energy harvesting model as well as the battery limitations.  
 

 

Figure 7-3: Point-to-point link with energy harvesting transmitter. 

 
We consider a continuous-time model for both the harvested and the transmitted energy. 
That is, the harvested energy is modeled as a continuous-time process, while the transmitter 
is assumed to be able to change its transmission power, and hence, the transmission rate, 
instantaneously. Moreover, we assume that the instantaneous transmission rate relates to 
the instantaneous transmitted power through a rate function r(p), which is a non-negative 
concave increasing function of the power. Note here that many common models, such as the 
capacity of an additive white Gaussian noise channel, satisfy these conditions. We use a flow 
model for both the harvested and the transmitted energy. Similar to [29], we will use a 
cumulative curve approach to define the flow of energy in the system: 

     The harvested energy curve H(t) denotes the amount of energy that has been 
harvested in the interval [0, t]. 

     The transmitted energy curve E(t) is the amount of energy that has been used for 
data transmission in the interval [0, t]  

     The minimum energy curve M(t) denotes the minimum amount of energy that needs 
to be used by the system until time t. 
 

Given the harvested energy curve and the minimum energy curve, a feasible transmitted 
energy curve should satisfy the conditions  

)()()( tHtEtM                (7.1) 

for all t in [0,T ]. Among all feasible transmitted energy curves, our goal is to characterize the 
one that transmits the highest amount of data over [0,T ]. We consider offline optimization, 
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that is, the harvested and the minimum energy curves are assumed to be known in advance. 
This is an accurate assumption for systems in which the energy harvesting process can be 
modelled as a deterministic process. For example, in solar based systems the amount of 
energy that can be harvested at various times of the day can be modelled quite accurately. In 
some other systems, this assumption only generates an upper bound on the achievable 
performance of online algorithms which rely on a causal knowledge of the energy flow.  
Note that E(t) ≤ H(t) naturally requires that the transmitter cannot use more energy than that 
has arrived. The constraint M(t) ≤ E(t) can be used for instance to force the system to use 
any energy that cannot be stored in the battery for transmission of additional data before it is 
discarded. Figure 7-4 provides an illustration of the harvested and minimum energy curves 
for a battery with continuously decreasing capacity denoted by b(t) (which is a common 
phenomenon in rechargeable batteries used for energy harvesting applications). 
 

 

Figure 7-4: Harvested and minimum energy curves for a system with energy packet 
arrivals and a time-varying battery constraint. 

 
The considered problem can be summarized in the following optimization problem 

   dttErtED
T

 0
 )(')(  max ,          (7.2) 

subject to the feasibility constraint (7.1). Note that )(' tE is the derivative of function )(tE  at 

time t, and it gives the power of transmission at that instant, such that  )(' tEr  is the 
corresponding transmission rate whose integral over [0,T ] gives the number of bits D 
transmitted within the considered deadline T.  
 
Two-hop communication 
 
Next we consider a two-hop network consisting of a source, a relay and a destination, as 
depicted in Figure 7-5. Both the source and relay nodes are equipped with batteries and 
energy harvesting capabilities. In the EXALTED system architecture, this setup can 
correspond to the communication from a energy harvesting LTE-M device to a eNodeB, with 
a M2M gateway (also equipped with energy harvesting capabilities) acting as relay. The 
optimization problem is then written exactly like in (7.2) where  )(tE  now refers to the 
transmitted energy curve at the relay. However, this time, a total of three constraints have to 
be considered: (i) causality of energy at the energy harvesting source (the source cannot use 
more energy than that has arrived), (ii) causality of energy at the relay, and (iii) causality in 
the bits transmitted at the relay (the relay cannot transmit bits which it has not received). 
Both the case of full-duplex and half duplex relay have been considered.  
 



  

 
FP7 Contract Number: 258512 
Deliverable ID: WP3 / D3.3 

 

Security: (Public) Page 128 
 

 

Figure 7-5: Harvested and minimum energy curves for a system with energy packet 
arrivals and a time-varying battery constraint. 

 
 
Related KPIs 
 
The KPIs which will be used for evaluating the performance of the proposed algorithms are 
the following: 

         K12 - Throughput – number of successfully received bits per unit of time (bit/s). 
With the notations introduced for the problem considered in this section, the 
throughput is given by D/T, where D is computed as in (7.2). 

 
         K34 - Energy efficiency - Ratio between transmitted power and achieved 

throughput (Joules/bit). With the notations introduced for the point-to-point problem 
considered in this section, the energy efficiency over the time interval [0,T ] is given 
by E(T)/D, where D is computed as in (7.2). In the two-hop case, one has to 
account for both the energy transmitted by the source and relay. 

 
7.2.2 Algorithm description 
 
Point-to-point link 
 
First note that the optimization problem described in the previous subsection was solved in 
[30] for the case of a packetized energy arrivals, that is, if the energy is harvested in packets 
at discrete time instant. Moreover [30] assumed an infinite capacity (i.e. disregarded the 
presence M(t) in (7.1) ). This work was then extended in [32] by considering a finite battery 
size, but still for a discrete harvested energy flow. The solution proposed here generalized 
these works in two aspects: 

(i). A continuous harvested energy flow is considered, which is obviously much closer to 
reality. Moreover, a time-varying battery capacity can be assumed, as illustrated in 
the model presented in previous subsection. 

(ii). A battery that suffers from energy leakage is considered. That is, energy is assumed 
to leak from the battery at constant rate, if the battery is non-empty. Note that such 
constraint can be used equivalently to model the minimum energy consumption 
needed to maintain a node awake (even when not transmitting). 

 
The optimal solution associated with either of these aspects is described in details in [33]. 
We provide here, successively for each of these two cases, a description of the properties of 
the optimal solution. Illustrating examples are also included. 
 
Let us first consider case (i) and a node that is harvesting energy (either continuously or 
discretely) and which is equipped with a battery with limited capacity. The optimal solution is 
based on the following optimality condition which is based on the concavity of the rate 
function r(p): the optimal transmit energy curve E(t) should be such that none of its two points 
can be connected with a straight light without violating the feasibility constraint (7.1). This 
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condition is a direct consequence of the Jensen’s inequality applied on the concave rate 
function r(p). An illustration of this optimality condition is provided in Figure 7-6, where the 
transmit energy curve Enew(t) transmits a higher amount of data than E(t). 
 

 

Figure 7-6: Illustration of the optimality condition of the transmit energy curve. 

 
Building on this optimality condition, the optimal energy curve E(t) is easily depicted by the 
so-called string visualization [29]. The principle is the following: if you tie a string at the origin 
(0,0) and at point (T,H(T)), and make the string as tight as possible while remaining in 
between M(t) and H(t), the obtained shape of the string identifies the optimal transmission 
strategy. In particular, in case of a packetized energy arrival, the optimal transmission is such 
that E(t) is made of a succession of line segments, that is, constant power transmission 
intervals. The changes in transmission power occur only whenever the battery is either 
empty or full, see Figure 7-7 . 
 

 

Figure 7-7: Illustration of the optimal transmission strategy (string visualization) for a 
discrete harvested energy flow. 

 

 
As an example of continuous energy arrival, we consider here a model of a solar panel 
harvesting energy during the day. The amount of energy harvested per unit of time changes 
during the day. While no energy is harvested when there is no sun, the harvested energy is 
maximized at noon (see [34]). We model the rate of harvested energy with the function 

)12(36/54)(  tth  for 186  t , and 0)( th  elsewhere, where  24,0t  denotes the 

time of the day (hours), such that the cumulative harvested energy curve  dhtH
t

 )()(
0 . 

The unit of energy depends on the solar panel characteristics. The corresponding harvested 
energy curve is depicted in Figure 7-8. Assume that we want to maximize the amount of data 
that can be transmitted up to time t = 18, i.e., until the panel stops harvesting energy. Based 
on the above arguments, the optimal transmitted energy curve is identified as follows. First 
we draw a tangent to the harvested energy curve from the point (18,H(18)), and denote the 



  

 
FP7 Contract Number: 258512 
Deliverable ID: WP3 / D3.3 

 

Security: (Public) Page 130 
 

point of tangency by A. The optimal transmission is then the following: the transmitted energy 
curve follows the harvested energy curve up to A. Then, it follows the straight tangent line, 
i.e., it uses constant power transmission after. Recall that the discrete energy arrival models 
studied in [30] and [32] do not apply to this scenario. 
 

 

Figure 7-8: Continuous energy harvesting curve for a solar panel. 

 
Let us now consider case (ii) of a battery that suffers from energy leakage. We restrict 
ourselves here to discrete energy packet arrivals and disregard any battery capacity 
constraint. The introduction of battery leakage changes considerably the problem. Without 
energy leakage it is generally true that it is more energy efficient to transmit at low power 
during a longer period of time (i.e. at low rate). However, with energy leakage, the longer the 
transmission time, the more energy leaks from the battery and is wasted as it cannot be used 
for transmission. The reader can already realize that there exists a trade-off dictating the 
optimal value of the transmission rate. Let us illustrate this trade-off in the case of a single 
energy packet and without deadline constraint (i.e. T= ∞). For simplicity, a constant rate 
leakage model is considered here. If the battery is non-empty at a given time instant, the 
energy is assumed to leak from the battery at a constant rate denoted by ε, with ε ≥ 0. 
Obviously no leakage occurs if the battery is empty. Note that the leakage rate of a battery 
depends on the type of the battery (Li-ion batteries have a lower leakage rate compared to 
the nickel-based ones), the age and usage of the battery as well as the medium temperature. 
The one packet problem is illustrated in Figure 7-9. Removing the leakage energy from the 
harvested energy curve H(t), a new upper-bound U(t) for the transmit energy curve is 
constructed. However, since the curve U(t) depends on E(t), the framework used for solving 
case (i) does not hold here anymore. Given the geometry and notations in Figure 7-9, the 
maximization in (7.2) becomes 

 



p

pr
EtED

)(
)(  max 0p             (7.3) 

The behaviour of the function f(p)=r(p)/(p+ε) is depicted in Figure 7-10. It achieves it 
maximum at a given finite transmit power denoted by p*. The value of p* increase as the 
leakage rate ε increases: for high values of ε, the energy is leaking from the battery so 
rapidly that it is advantageous to transmit at high power during a shorter period of time, in 
order to shorten as much as possible the time during which leakage occurs. Based on this 
observation, and the determination of the value of p* , it is possible to derive the optimal 
transmission strategy when considering multiple packet arrivals. It consists in transmitting at 
constant power p* whenever the battery is nonempty, and remains silent otherwise. The 
introduction of the deadline constraint can then carefully be taken into account to generate 
the optimal algorithm which proceeds iteratively based on the single packet scenario result 
[33]. 
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Figure 7-9: Single energy packet arrival with battery leakage. 

 

 

Figure 7-10: Behaviour of the function f(p)=r(p)/(p+ε). 

 
Two-hop communication 
 
A detailed analysis of the two-hop network with energy harvesting can be found in [35].  We 
provide here, successively for the case of a full-duplex and half-duplex relay, a description of 
the properties of the optimal solutions. Note that the case of energy packets harvested at 
discrete time instant is considered. Moreover, we disregard any battery or data buffer size 
limitations at the relay terminal. 
 
  Full-duplex relay. The maximum number of bits that can be transmitted to the 

destination can be determined as follows: the source transmits the maximum number 
of bits that is allowed by its energy arrival profile ignoring the energy profile of the relay, 
i.e., we use at the source the solution described above for the point-to-point link. Then 
the relay, using the bit arrival profile based on source transmission and its own energy 
arrival profile, forwards as many of these bits as possible to the destination. The 
optimal transmission scheme at the relay can be derived similarly to the algorithm 
described in [30] for a point-to-point system with energy and data arrivals.  

  Half-duplex relay. The problem is significantly harder in the case of a half-duplex 
relay. Indeed, besides from the transmission power at source and relay, we need to 
optimize the transmission schedule, as source and relay cannot simultaneously be 
transmitting. To simplify the problem, we consider the case in which the source 
terminal receives a single energy packet of at time t = 0. We show for this special case 
that, in the optimal transmission schedule, first the source transmits a certain amount of 
bits using all its energy over a time period of [0, t*], and then the relay forwards all the 



  

 
FP7 Contract Number: 258512 
Deliverable ID: WP3 / D3.3 

 

Security: (Public) Page 132 
 

received bits to the destination in the remaining time period of T –t*, using the optimal 
point-to-point transmission schedule. While one can use the bisection method to find 
the optimal t*, it is possible to simplify the complexity of the algorithm as described in 
[35].   

 
 
7.2.3 Implementation issues 
 
Compatibility with LTE and standardization issues 
 
As already mentioned, this section has considered the possibility of adapting the 
transmission rate to the temporal variation in the battery state, and thus to the flow of 
harvested energy in the system. This feature is compatible with LTE without the need for 
additional standardization: the transmitting entity can decide independently on which 
transmission rate to adopt (i.e. which modulation and coding mode included in LTE to use) 
depending on both the battery and channel states.  
 
Critical requirements 
 
In a very similar way that some channel knowledge is needed to implement ACM, the 
algorithms proposed here need some knowledge on the harvested energy flow in the system. 
In the work presented here, we assumed that the flow of energy in the system was known in 
advance non-casually at the transmitter. This is referred to as the offline algorithm. Based on 
the results obtained here, a more practical online algorithm has to be derived.  
 
 

7.3 Energy efficient relaying  

 
7.3.1 Problem statement 

 
Relaying has been introduced to LTE-Advanced as a tool to improve capacity and extend 
coverage in various locations such as places where fixed backhaul links are difficult to 
deploy. In relay transmissions, a relay node (RN) forwards information between the UE and a 
local eNodeB.  
We consider two basic relaying LTE scenarios, as depicted in Figure 7-11 and Figure 7-12. 
 

 

Figure 7-11: Type I relaying in LTE. 
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Figure 7-12: Type II relaying in LTE 

 
In Figure 7-11 the UE forwards information to eNodeB with the help of the RN and no direct 
path exists between the UE and the eNodeB, whereas in Figure 7-12, there also exists a 
direct path between the UE and eNodeB. In both situations, the RN receives the information 
transmitted by the UE, amplifies it and then transmits it to eNodeB. Specifications on 
repeater performance have been defined in LTE Release 8.  
 
According to the usage of spectrum, relay operation can be classified into inband and 
outband  as shown in Table 7-1.  
 

Table 7-1: Types of Relay operation 

Inband The UE – RN  and RN – eNodeB links share the 
same carrier frequency. 

Outband The UE – RN and RN – eNodeB links operate in 
different carrier frequencies. 

 
In the case of inband transmissions, unless the incoming and outgoing signals are sufficiently 
isolated, simultaneous UE – RN and RN – eNodeB transmissions may turn infeasible. In this 
case, one possible solution is to apply time division multiplexing, so that no relay 
transmissions occur when the relay is simultaneously receiving data from the UE. 
With respect to the knowledge of the UE, relays can be classified into transparent and non-
transparent. In the case of transparent relays, the UE is not aware of whether it 
communicates with the eNodeB via the relay, whereas in the case of non-transparent relays, 
the UE is aware of it. Relays can be further classified into Type 1 and Type 2 RNs. Type 1 
RNs control their cells with their own identity and utilize their own control channels and 
reference symbols. A Type-2 RN is an inband RN that does not have a separate physical cell 
ID and thus would not create any new cells.  
 
In the following, the performance of the LTE relaying is examined when no direct path exists 
between the UE and the eNodeB. The assumptions for the LTE RN are the following: the RN 
is randomly placed in the area between the UE and the eNodeB. Relay operation is assumed 
inband and time division multiplexing is applied, so that no relay transmissions occur when 
the RN is simultaneously receiving data from the UE. The LTE RN energy is normalized with 
respect to the maximum allowed energy and is fixed. The transmitted symbols are assumed 
to be BPSK modulated.  
The KPIs which will be used for evaluating the performance of the LTE relaying are: 

          (K1) - BER. Bit error rate at the output of the decoder.  
          (K35) - Consumed energy per message. The energy consumed by the RN 
per message it transmits. 
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As shown in [22], the BER is decreasing for increasing values of the average Source-to-RN 
SNR while the energy consumed at the RN remains fixed. Moreover, the proposed algorithm 
addresses the following requirements as described in [59]:  
 

Requirement  Solution description 

NF.2 The proposed algorithm takes into account the 
energy consumption of each relaying node  

SV.1 The proposed algorithm ensures the QoS of 
the LTE-M device by determining the set of 
transmitting relaying nodes and taking into 
account their energy consumption 

                          
7.3.2 Algorithm description 
 
We consider a scenario where a UE communicates with the corresponding eNodeB with the 
help of one or more RNs. The RNs are randomly placed in the area between the UE and the 
eNodeB. The individual energy limitation of each RN is taken into account by setting a 
maximum value for their instantaneous transmitting energy. This assumption may be 
applicable in scenarios, where each relay is equipped with a battery.  The objective of the 
proposed algorithm is to minimize the total consumed energy at the relays under specific 
performance constraints, while also considering the individual energy limitation of each RN. 
We assume that the RNs  amplify the signal transmitted by the UE, and transmit it  to 
eNodeB.  We seek to determine the optimal transmission power consumed at each RN while 
providing quality of service (QoS) assurance.  Since the end-to-end SNR determines both 
the maximum achievable rate and probability of error, the optimization problem studied is the 
minimization of the total energy consumed at the RNs, provided that the SNR at eNodeB 
does not fall under a predetermined threshold: 
 
 
 
 
 
 
 

  
 

where  L denotes the number of relays, xj denotes the fraction of the maximum transmitting 
power at each relay node denoted by Ej,max,  f(xj)  denotes the end-to end SNR between UE 
and eNodeB and  denotes the threshold we pose on the SNR. 
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Figure 7-13: Performance of LTE relaying in terms of BER and energy consumption. 

 
In order to solve the above optimization problem, we transform it into an equivalent convex 
optimization problem that can be efficiently solved either iteratively, or by using standard 
convex optimization solvers such as the MATLAB routine CVX.  Performance assessment of 
the proposed technique is carried out via simulations. We consider a network with 2,4,8 RNs. 
We assume the transmitted symbols are BPSK modulated. The source-relay and relay-
destination channel amplitudes are considered independent and Rayleigh distributed. 
Furthermore, we assume that the relay nodes can provide equal amount of maximum 
energy. RNs operation is assumed inband [25]. 
In Figure 7-13, we present the average bit error rate of the proposed method and the LTE 

scenario, assuming that the constraint on the target BER  is equal to 10−2
.  The Average Bit 

Error Probability (ABEP) of the LTE scenario decreases as the SNR increases, while the 
ABEP of the proposed scheme equals to the target one. This implies that no energy is 
wasted in the case that the requested ABEPs cannot be met. Note, that the average Source-
to-RN SNR is identical to the RN-to-Destination SNR for the specific results. 
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Figure 7-14: Performance of the proposed relaying scheme in terms of BER and 
energy consumption 

In Figure 7-14, we present the energy consumption of the proposed method and the LTE 
scenario. As shown in Figure 7-13, Figure 7-14, for values of the SNR less than 8 dB,  LTE 
relaying, fails to meet the target BER, while transmitting using its maximum allowable 
transmission power. On the other hand, the energy savings of the proposed method are 
becoming larger for increasing number values of the SNR and as the number of the available 
RNs increases. As shown in Figure 7-14, for values of the SNR beyond 8 dB, the proposed 
method when employing 4 and 8 relays consumes significantly less energy as compared to 
the LTE scenario.  
 
The simulation results demonstrate that the proposed scheme achieves a well balanced 
tradeoff between energy consumption and error performance.  
Substantial improvements are illustrated by comparing the performance of the proposed 
scheme and the LTE scenario in terms of energy consumption and error performance.  
 
7.3.3 Implementation issues 
 
Compatibility with LTE and standardization. 
LTE relaying modifications need to be added, so that the UE can send information to 
eNodeB with the help of multiple relays 
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Critical Requirements 
The proposed algorithm assumes that eNodeB has knowledge of the CSI between the UE-
RN  and RN- eNodeB links. 
Since the operation of the RNs is assumed inband and time division multiplexing is applied, 
depending on the application, delay might become a critical parameter.  
Furthermore, the utilization of multiple relays requires additional signaling.  
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8. Conclusion 
The report at hand described the progress towards a complete LTE-M system. Moreover a 
set of algorithms and protocols that can be utilized to realize the different aspects of LTE-M 
were introduced, and a performance assessment was given. In the following conclusion, it is 
recapitulated how the main project objectives were addressed. 
 
The approach of EXALTED is to define a communication system for M2M that coexists with 
LTE in the same frequency band and that can reuse existing hardware and network 
infrastructure as much as possible. To achieve this objective, an LTE-M downlink super 
frame structure based on the MBSFN repeat pattern was proposed, which occupies single 
subframes solely for LTE-M. Within these resources several Physical Channels were defined 
for different purposes like the transmission of data to one particular device, exchange of 
control information and distribution of broadcast messages. In the uplink a joint LTE/LTE-M 
shared channel was proposed, and it is up to the scheduler in the eNodeB how to allocate 
these resources advantageously. One particular solution that aims at the coexistence of both 
systems is the usage of GFDM in the uplink instead of SC-FDMA. GFDM benefits from the 
fact that it can flexibly occupy very small spectrum junks without affecting the surrounding 
LTE users. 
 
A lot of EXALTED solutions benefit from the basic idea to register information about the LTE-
M devices and M2M gateways and their respective capabilities at the HSS. Examples are the 
differentiation whether or not a device supports IP, whether a device is mobile or installed at 
a fixed location, which type of traffic it causes and to which delay class it belongs. Such 
information is primarily exploited to simplify the RRC protocols. Obvious examples are 
paging and mobility management. Moreover the MAC scheduling of the devices can be 
optimized based on their priority, and three different proposals were presented showing 
significant gains with respect to the overall QoS, in particular if the number of devices is big. 
 
Signaling reduction is a promising means to save energy, but also to increase the number of 
short messages that can be handled simultaneously. This report contains several solutions in 
different sections. The main approach for the uplink is the definition of a suitable combination 
of random access and scheduled access. The PMRACH allows the transmission of both 
control information and payload. It was proposed to apply mechanisms to force the arrival 
distribution of PMRACH usages being flat over time in order to minimize the probability of 
collisions. Moreover, a scheme for collision recovery was defined that enables the eNodeB to 
partially recover packets involved in collisions. Hence, the energy consumption for 
retransmissions in the device is reduced and the overall spectral efficiency is improved. All 
these ideas can be complemented by spectrum sensing before the transmission of a 
message on the PMRACH. However random access solely is not sufficient. Therefore it was 
proposed to optimize scheduled access on the PMUSCH by utilizing semi-static resource 
allocations for devices that transmit messages of the same size in a regular time grid. The 
amount of control information to be exchanged between device and eNodeB is considerably 
reduced. Signalling reduction and protocol simplification are means to achieve energy 
efficiency provided by the specification of LTE-M. This can be complemented by generic 
concepts like energy harvesting, which can be applied in power limited devices in order to 
extend their battery lifetime. 
 
Another key objective is the provision of sufficient LTE-M coverage. In particular for power 
limited isolated devices, maybe installed in the basement of buildings or at other shadowed 
locations, this is a critical issue. Several concepts throughout this report addressed this 
challenge. Firstly, a CDMA overlay was proposed, and it was shown that the SNR at the 
receiver can be increased. Also multiple antenna schemes aim at an improvement of the link 
robustness, either through beamforming techniques or through a MIMO scheme that is 
characterized by a considerable complexity reduction at the device. Further, an energy 
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efficient relaying concept and a collaborative broadcast architecture based on network 
coding were discussed and their special benefits for M2M communications were 
demonstrated. 
 
LDCP-like rateless coding for multicasting and optimized retransmission schemes are 
proposals in this report that primarily aim at spectrum efficiency, with the additional 
assumption that a big number of LTE-M devices are connected. In both schemes the basic 
idea is to transmit an optimal amount of redundancy, which is barely sufficient for a 
successful reception of the information. In LTE this flexibility is missing. 
 
Cost efficiency was also mentioned in section 2 as one key objective. Apart from the low 
complex MIMO scheme, there are no algorithms and protocols targeting this challenge 
specifically. However, cost efficiency is inherently included in almost all of the proposals. 
Furthermore, the conceptual framework considers mechanisms that support cost efficiency, 
e.g. the reduced transmission bandwidth compared to LTE. Another solution is the definition 
of a device class with reduced performance requirements. This supports the design of 
devices with only one RF chain, which is of course cheaper than a device that must be 
equipped with two or more RF chains to fulfill the requirements. Half-duplex operation is a 
further approach to reduce the cost, and this mode is foreseen in the specification of LTE-M. 
 
As a summary, it is claimed that all design objectives were sufficiently addressed, and the 
performance assessment clearly suggests that EXALTED made good progress towards the 
achievement of these objectives. As the next step, an evaluation methodology will be 
defined. It will be utilized for the validation of the complete system, i.e. the algorithms and 
protocols integrated in the conceptual LTE-M framework. Evaluation and optimization will be 
carried out iteratively. The final specification of LTE-M together with its performance will be 
disclosed in the final deliverable entitled “LTE-M performance evaluation”. 
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Annex 

A1. Technical Requirements 
 
After the key applications addressed in EXALTED were selected, the respective technical 
requirements were derived. These requirements are the background for design, specification 
and performance assessment of algorithms, protocols, and system concepts in WP3. The 
following Table A-1 lists all technical requirements. An identification number is allocated to 
each requirement. The meaning of the acronyms is as follows: 
 

FU  Functional requirements 
SV  Service requirements 
NT  Network requirements  
NF  Non-functional requirements 
DV  Device requirements 

 

Table A-1: Technical Requirements 

ID Title Priority Dependencies 
FU.1 Support of large number of devices Mandatory NT.10 
FU.2 Efficient spectrum management Mandatory  
FU.3 Support for diverse M2M services Mandatory  
FU.4 Network initiated packet-data communication Mandatory  
FU.5 Local and remote device management High  
FU.6 Unique identity for devices High NT.16 
FU.7 Security and provisioning Mandatory  
SV.1 Overall QoS Mandatory NT.14, NF.5 
SV.2 Allow multiple service providers on M2M devices Low SV.3, NF.3 
SV.3 Efficient provisioning of a set of M2M equipments Mandatory NF.1, NT.13, 

DV.1, DV.10 
SV.4 Change of subscription Mandatory SV.3 
SV.5 Delegation and distribution of functionality Mandatory NT.4 
SV.6 Security Mandatory  
NT.1 Heterogeneous  networks Mandatory  
NT.2 LTE-M  backward compatibility Mandatory  
NT.3 Minimum number of modifications in network 

infrastructure 
Mandatory NT.2 

NT.4 Support of multi-hop communication Medium  
NT.5 Half duplex operation of terminals Mandatory  
NT.6 End to end device to device communication Mandatory NT.4 
NT.7 Flexible addressing scheme Mandatory NT.3 
NT.8 Mobility management Mandatory  
NT.9 Reliable delivery of a message High  
NT.10 High node density Medium NF.6 
NT.11 Traffic aggregation Medium  
NT.12 Self-diagnostic and self-healing operation Medium DV.1 
NT.13 Multicast and broadcast communication Mandatory  
NT.14 End-to-end QoS system Mandatory NT.6, NT.8 
NT.15 End-to-end session continuity Mandatory NT.6, NT.8, 

NT.9 
NT.16 Support for dual stack IPv4/IPv6 Mandatory NT.7 
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NT.17 Reduced signalling Mandatory DV.3 
NF.1 Scalability Mandatory NF.6 
NF.2 Energy efficiency Mandatory DV.3, DV.9 
NF.3 Extensibility and adaptability Medium  
NF.4 Real time performance Medium  
NF.5 Congestion control mechanism Low  
NF.6 Address space scalability High  
NF.7 Control signalling integrity protection and 

encryption 
Mandatory  

NF.8 Service provisioning for MNO/SP customers Mandatory SV.3 
NF.9 Roaming support Mandatory NT.8 
DV.1 Self organized M2M equipments Mandatory  
DV.2 Reliable M2M equipments High  
DV.3 Energy efficient duty cycles Mandatory NF.2 
DV.4 Location information High  
DV.5 Location locked M2M equipments High  
DV.6 Gateway detection and registration Mandatory NT.13 
DV.7 Protocol translation at the gateway Mandatory NT.1 
DV.8 Information routing at the gateway Mandatory NT.1 
DV.9 M2M equipment wake-up Mandatory  
DV.10 Remote configuration Mandatory NT.12 
DV.11 Software update over the air Mandatory  
 
 
A2. Key Performance Indicators (KPIs) 
 
Stepping towards a common evaluation methodology in the EXALTED project, a first list of 
key performance indicators (KPIs) was identified (Table A-2)2, in order to capture the wide 
range of the project's objectives, to serve as the basis for the assessment of the candidate 
technologies, techniques and system concept, and to quantify their impact on the overall 
performance of the EXALTED system. For LTE-M a subset of these KPIs will be utilized. This 
shortlist is still under discussion. 
 

Table A-2: Definitions of EXALTED KPIs 

KPIs 

Generally valid 

(K1) BER: Bit error rate at the output of the decoder.  
(K2) Packet Error Rate (PER): A packet represents the 

information block protected by CRC at the MAC layer.  
(K3) Packet Loss Rate (PLR): As PER, but it only counts 

erroneous packets due to excessive latency.  
(K4) Frame Error Rate (FER): A frame represents the information 

block protected by CRC at the RLC layer.  
(K5) Outage probability: probability of being excluded from the 

network either for battery or route reconfiguration.  

                                                 
2 The KPIs are the result of an inter work package collaboration, within the framework of the EXALTED 
evaluation methodology. 
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Evaluation of TX 
signal processing 

(K6) Peak-to-Average Power Ratio (PAPR): Ratio of peak 
power and average power of the transmitted signal in the time 
domain.  

(K7) Out-of-band radiation (OOB):  

Evaluation of 
retransmissions 
schemes (ARQ, 
HARQ) 

(K8) Average number of retransmissions: In case of erroneous 
transmissions, ARQ and HARQ mechanisms are used to 
retransmit packets until they are successfully received.  

(K9) Reliability: Average Number of Retransmissions.  

Evaluation of 
transmission 
schemes with 
feedback 

(K10) Feedback bandwidth: Required feedback data rate in bit/s.  

Evaluation of 
broadcast/multicast 
services 

(K11) Redundancy overhead spent per user for reliable multicast 
message reception.  

Evaluation of 
achievable data 
rates and spectral 
efficiency 

(K12) Throughput: number of successfully received bits or 
messages per time unit in bit/s or messages/s.  

(K13) Average packet call throughput defined as 

 







k
karrivalkend

k
pktcall tt

iuserofkcallpacketinbitsgood
iR

__

where k = 
denotes the kth packet call from a group of K packet calls where 
the K packet calls can be for a given user i , tarrival_k = first 
packet of packet call k arrives in queue, and tend_k = last packet 
of packet call k is received by the UE.  

(K14) Spectral efficiency (sum-rate): Number of successfully 
transmitted bits per time unit per frequency unit per cell in 
bit/s/Hz/cell.  

Evaluation of 
achievable delays 

(K15) Average packet delay per sector: The averaged packet 
delay per sector is defined as the ratio of the accumulated 
delay for all packets for all devices received by the sector and 
the total number of packets. The delay for an individual packet 
is defined as the time between when the packet enters the 
queue at transmitter and the time when the packet is received 
successively by the device. ( 

(K16) E2E Delay/jitter: Round trip time.  
(K17) Access delay: Needed time in order to join the network.  
(K18) Bandwidth delay product: Total available bandwidth * 

round trip time. Used for estimating the minimum buffer length 
needed in order to assure non-lossy transmission (it defines the 
maximum amount of data to be transmitted before receiving 
ACK or NACK confirmations).  
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(K19) Addressing translation delay: Delay introduced by the 
needed processing time in order to map from IP to IEEE 
addresses.  

(K20) Number of addresses mapped: Maximum number of 
addresses supported when mapping IP addresses to non-IP 
ones on the M2M Gateway.  

(K21) Handover delay: Amount of time needed to leave a network 
and join another one.  

(K22) Percentage of satisfied users: The percentage of users 
whose packets arrive at the destination within their maximum 
delay tolerance time interval 

Evaluation of 
number of 
supported users 

(K23) User per cell capacity: Maximal number of simultaneously 
active users per cell.  

(K24) CDF of number of served multicast users.  

Evaluation of 
coverage and range

(K25) Range: Maximal possible distance between a M2M device 
and base station to enable communication with a given QoS, 
either directly or via a gateway or relay.  

(K26) Coverage: Percentage of area, where M2M devices can 
connect to a base station, either directly or via a gateway or 
relay.  

Particular 
evaluation of 
signalling overhead 

(K27) PHY Control channel and pilot overhead: Percentage of 
radio resources utilized for signalling, control channels and 
pilots on PHY layer.  

(K28) Paging efficiency: Percentage of specific control channel 
information for paging procedures in bit/user.  

(K29) Mobility management efficiency: Percentage of specific 
control channel information for mobility procedures in bit/user.  

(K30) Transmission Payload Size: Size of the message 
exchange between 2 peers (e.g. device, cluster head, gateway, 
device management server). The size depends on the data 
encoding scheme, compression.   

(K31) Payload Encoding: Specify how device attributes, data are 
encoded and presented in the payload.  

(K32) Actual Payload Size: Size of the received message after 
decoding or decompression.  

Particular 
evaluation of 
energy efficiency 

(K33) Mean power per signalling bit per user: watt/bit.  
(K34) Ratio between transmitted power and achieved 

throughput (energy efficiency): watt/(bit/s)=joules/bit 
(K35) Consumed energy per message: Sum of energy spent for 

signal processing and transmitted energy required for one 
message.  

(K36) Standard Deviation of node energy levels: This is an 
indicator of the variety of residual energy levels of nodes. We 
monitor this indicator to see how much energy equalization is 
achieved over time.  

(K37) Average node energy levels: This is an indicator that is 
used to monitor the network's overall energy consumption over 
time.  

(K38) Coefficient of variation: the ratio of (Standard Deviation of 
node energy levels/ Average node energy levels).  

(K39) Network lifetime: The time period until the first node 
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depletes its battery energy.  

Particular 
evaluation of 
complexity 

(K40) Complexity of encoding and decoding, i.e. number of 
required multiplications.  

(K41) Distortion: Distortion is the performance metric used to 
measure how close an estimate is to its actual value. Typically, 
the distortion is measured by the Mean Squared Error (MSE).  

(K42) Number of CSI estimation: the number of CSI estimation 
per decoded data bit. 

(K43) Number of active antennas: number of activated antennas 
compared to the available ones 

Evaluation of Radio 
resource 
management 

(K44) Radio resource consumption: autodiagnostic aims at 
reducing the amount of data exchanged between the remote 
device management server and the device moving one source 
of data transaction from the server side to the device side.  

(K45) System resource consumption: moving diagnostic to the 
device side introduces a new set of work in the device which 
means the system will run longer in order to perform the 
autodiagnostic task. Energy wise, this is a cost and it should be 
minimized.  

Evaluation of 
Security 

(K46) Computational energy consumption : This is the 
computational energy required to insure privacy,  confidentiality 
and integrity of the data transmitted.It is related to the 
computational complexity of the algorithms involved 

(K47) Radio energy consumption: the radio energy required to 
insure privacy,  confidentiality and integrity of the data 
transmitted. It is related to the data overhead required by the 
security process. 

(K48) Infrastructure energy consumption: This is the energy 
consumption required by the overall security layers adding up. 
It can be reduced by collapsing when possible different security 
layers into one. 

(K49) Flexibility of the  security enrolment process for 
capillary devices: this indicator takes several parameters into 
account to reflect the overall flexibility of the security enrolment 
process for capillary devices 

(K50) Total cost per user of the security solution: This 
indicator(s) take(s) in to account the overall cost of the 
deployment of a security solution and(per client+infrastructure 
costs) and reflects it per user. 

Network Monitoring 

(K51) Query size: Size of a query message exchange between 
two M2M elements (e.g. M2M device, cluster head, gateway, 
eNodeB, and network monitoring server). Objective: Shall be 
as small as possible. Benefits: Requires minimal memory, 
processing time and reduce transmission time (impacts: lower 
device cost, less energy consumption). 

(K52) Passive monitoring: Human manager submit the queries 
and perform analysis and management tasks). Objective: 
Monitoring should not be limited to passive monitoring and not 
depends on human intervention. Benefits: Passive monitoring 
introduces less overhead, minimal impact of memory and 
network traffic. 

(K53) Centralised / hierarchical monitoring: Centralised-
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processing approach requires continues polling of networ 
health data from managed each sensor node in the network to 
the sink. Objective: Hierarchical monitoring (tasks are 
distributed among network managers, each manager reports to 
a higher level manager). Benefits: Centralised monitoring 
increases high data overhead, and this limits its scalability. 
Since individual node information is important, aggregation 
solutions may not be applicable. In addition, in case of network 
partitioning, the nodes that are unable to reach the central sink 
are left without any management functionality. 
Local management tasks can be done at a lower level that 
reduces communication costs. Meanwhile global view of the 
network can still be available by reporting lower-level managers 
to higher level sink which can enable sink to make network-
wide management control decisions. 

(K54) Frequency of queries: How often the queries need to be 
disseminated. Objective: For better energy-efficiency should 
be less frequent as possible. For more accuracy should be 
more frequent. 
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List of Acronyms 

Acronym Meaning  
ACB Access Class Barring 
AGTI Access Grant Time Interval 
ARP Allocation Retention Priority 
ASN Abstract Syntax Notation 
AWGN Additive White Gaussian Noise 
BER Bit Error Rate 
BSR Buffer Status Report 
CDMA Code Division Multiple Access 
CQI Channel Quality Indicator 
CSA Common Subframe Allocation 
CSI Channel State Information 
DCCH Dedicated Control Channel 
DRX Discontinuous Reception 
E2E End-to-End 
EDF Earliest Deadline First 
E-GPRS Enhanced General Packet Radio System 
EPC Evolved Packet Core 
EPS Evolved Packet System 
E-UTRA(N) Evolved Universal Terrestrial Radio Access (Network) 
EXIT Extrinsic Information Transfer 
GBR Guaranteed Bit Rate 
GFDM Generalized Frequency Division Multiplexing 
GSM Global System for Mobile Communications 
HARQ Hybrid Automatic Repeat Request 
HTTP HyperText Transfer Protocol 
IP Internet Protocol 
LDPC Low-Density Parity-Check 
LTE Long Term Evolution 
M2M Machine-to-Machine 
MAC Medium Access Control 
MBMS Multimedia Broadcast Multicast Services 
MBSFN Multicast/Broadcast Single Frequency Network 
MCI Maximum Carrier Interference 
MCS Modulation and Coding Scheme 
MIB Master Block Information 
MIMO Multiple Input Multiple Output 
MLWDF Modified Largest Weighted Delay First 
MTC Machine-Type Communication 
NAS Non Access Stratum 
NRT Non Real-Time 
NRTV Near-Real-Time Video 
PD Probability of Detection 
PDCP Packet Data Convergence Protocol 
PDN Packet Data Network 
PDP Packet Data Protocol 
PF Proportional Fair 
PFA Probability of False Alarm 
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PHR Power Headroom Reports 
PHY Physical (layer) 
PS Packet Scheduling 
PSS Primary Synchronization Signal 
QCI Quality Class Identifier 
QoS Quality of Service 
QoS Quality of Service 
RAN Radio Access Network 
RB Resource Block 
REC Rushing Entity Classifier 
RLC Radio Link Control 
RRC Radio Resource Control 
RT Real-Time 
SDMA Space Division Multiple Access 
SIB System Information Block 
SIMTC System Improvements to Machine-type Communications 
SINR Signal to Interference and Noise Ratio 
SSS Secondary Synchronization Signal 
SWR Switching rate 
TFDPS Time/Frequency Domain Packet Scheduling 
TTI Transmission Time Interval 
TTL Time To Live 
UE User Equipment 
VoIP Voice over IP 
ZFBF Zero-Forcing Beamforming 
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