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Executive Summary

This deliverable collects part of the work performed in WP7 “Relay and coverage extension”
and in particular under T7.1 “Range extension by using cooperative MIMO” and T7.2
“Design of relaying strategies” of the EMPhALIC project. It is organized in two main sections,
section 2 and section 3 dealing with work of T7.1 and T7.2 respectively.

Relaying is an important building block of Private Mobile Radio (PMR) systems, since it
allows to increase coverage and/or to increase communication reliability. This document
deals with relaying applied to FilterBank Multi Carrier (FBMC), Orthogonal Frequency
Division Multiplexing (OFDM) and Single-Carrier Frequency Division Multiple Access (SC-
FDMA) waveforms and specifically on range extension using cooperative MIMO as well as
the design and evaluation of relay strategies. The work ranges from theoretical investigation
of the performance of the two relaying scheme via the characterization of the achievable
rate region of a two-way DF relaying strategy, to more applied work like practical channel
estimation schemes for two-way relaying.

Section 2 presents a technique which can be used in the context of coverage extension by
using multiple relaying. This is particularly interesting in Private Mobile Radio (PMR) systems
with limited coverage, where Direct Mode Operation (DMO) is necessary. A Multiple Input
Multiple Output (MIMO) FilterBank Multi Carrier (FBMC) multi-hop relaying scheme using
precoding is presented and compared to a Cyclic-Prefix Orthogonal Frequency Division
Multiplexing (CP-OFDM) one.

Section 3 contains several techniques related to relaying strategies, with a focus on two-way
Decode-and-Forward (DF) relaying. Concerning two-way relaying, this technique has been
studied over different angles, ranging from channel estimation for the multiple access phase
(see section 3.1), to an investigation of its fundamental limits in terms of achievable rates
(see section 3.2), to conclude with an implementation with advanced receiver based on
interference cancellation (see section 3.3). Other relaying strategies have been studied too.
Section 3.4 analyses the signal-to-noise-plus-distortion ratio (SNDR) of Amplify-and-Forward
(AF) relays, which are simple and economic devices that can be deployed in both cellular
and ad hoc scenarios of PMR systems. Finally, section 3.5 is devoted to the study of three
different multiple access relaying strategies with FBMC, where the relaying operates as a
facilitator of the reception at the Base Station (BS) when multiple signals arrive at the same
time. This scenario is of interest in the case of PMR networks since it allows not decreasing
too much the spectral efficiency of the system.

Section 4 draws the main conclusions of the deliverable.
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1 Introduction

This deliverable collects part of the work performed in WP7 “Relay and coverage extension”
and in particular under T7.1 “Range extension by using cooperative MIMO” and T7.2
“Design of relaying strategies” of the EMPhALiC project. It is organized in two main sections,
section 2 and section 3 dealing with work of T7.1 and T7.2 respectively.

Section 2 presents a technique which can be used in the context of coverage extension by
using multiple relaying. This is particularly interesting in Private Mobile Radio (PMR) systems
with limited coverage, where Direct Mode Operation (DMO) is necessary. A Multiple Input
Multiple Output (MIMO) FilterBank Multi Carrier (FBMC) multi-hop relaying scheme using
precoding is presented and compared to a Cyclic-Prefix Orthogonal Frequency Division
Multiplexing (OFDM) one. The particularity of the FBMC scheme with respect to the OFDM
one is the presence of residual interference which limits performance of FBMC in the high
Signal-to-Noise Ratio (SNR) regime, in particular in presence of frequency-selective
channels. The solution presented in this section proposes a joint design (hop-by-hop) of a
spatial precoding and decoding matrix which helps to deal with the interference in the case
of multi-tap channels and to alleviate the problem of matrix dimensionality which turns out
when multiple hops are required.

Section 3 contains several techniques related to relaying strategies. Its first three sub-
sections are dedicated to two-way relaying, whose studies range from investigation of its
fundamental limits in terms of achievable rates to channel estimation and performance with
advanced receivers. The remaining two sections are dedicated to Amplify-and-Forward (AF)
and Decode-and-Forward (DF) relaying in FBMC and to a more complex setting where
relaying is also combined to multiple access.

Two-way relaying is studied in section 3.1 in the context of a Single Carrier Frequency
Division Multiple Access (SC-FDMA) PHYsical (PHY) layer. The focus is on channel estimation
of the multiple access phase, which is one of the critical point of a two-way DF protocol. The
goal is to provide practical channel estimation algorithms which perform better than the
standard very-low complexity Least Squares (LS) algorithm. The candidate algorithms are
compared and a choice of their parameters is proposed in order to have a good
performance over the whole range of frequency-selectivity conditions that can be found in
PMR channels.

Section 3.2 studies the achievable rate region of an FBMC two-way DF relay strategy, in case
of nodes equipped with a single antenna. This work helps understanding the fundamental
limits of the two-way DF relaying techniques that can be useful in the PMR application for
both in cell-based and ad hoc scenarios. The achievable rate region is compared to the one
of CP-OFDM. In the case of FBMC, the dependence of the performance on the length of the
equalizers or pre-equalizers is stressed, since it gives a measure of the additional complexity
required with respect to and OFDM scheme.

Finally, a FBMC two-way relaying AF protocol is also studied in section 3.3, where its
performance is studied in presence of a Successive Interference Cancellation (SIC) receiver.

The remaining two sections analyse and compare relaying strategies when using FBMC,
including multiple access relaying schemes. Specifically, section 3.4 studies AF relays which
are simple and economic devices that can be deployed in both cellular and ad hoc scenarios
of PMR systems. This work analyses the signal-to-noise-plus-distortion ratio (SNDR) of an AF
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relay strategy when a FBMC/OQAM modulation with a parallel multistage
demodulator/equalizer is used over a highly frequency selective channel. The analysis shows
the cumulated effects of (a) an imperfect equalization, (b) the noise of the source—relay
channel and (c) the noise of the relay—destination channel. The SNDR is then used to
compute the spectral efficiency of the relay link, which is compared to the spectral
efficiency of the direct link and of two DF strategies.

Finally, section 3.5 presents a Compute-and-Forward (CoF) protocol for FBMC in the
framework of Multiple Access Relay Channel (MARC). This strategy can be applied in a PMR
cell-based scenario, in which say, two PMR users are helped in the UL transmission by a
relay. This scheme is interesting in systems in which the Base Station (BS) may be limited in
terms of number of receive antennas, as it can be the case for PMR systems, especially at
low frequency carriers. As it is shown in this section, the relay can help the BS in receiving at
the same time the transmissions of two users even in case of one receive antenna at the BS.
The proposed scheme is compared to other multiple-access relaying schemes based on AF
and DF strategies in terms of complexity, performance and suitability to the PMR case.

Section 4 draws the main conclusions of the deliverable.
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2 Range extension using cooperative MIMO

In recent years, there has been increasing interest in exploring different architectures based
on multi-hop relaying model for further wireless networks such as PMR and cellular
networks. In this section, we investigate the range extension potentials of multi-hop
relaying using cooperative Multiple Input Multiple Output (MIMO) Filter-Bank Multi Carrier
(FBMC) and Cyclic Prefix-Orthogonal Frequency Division Multiplexing (CP-OFDM)
techniques.

2.1 Investigation of FBMC in multi-hop relaying networks

2.1.1 Description and motivation

In this section we consider the range extension in Filter-Bank Multi Carrier/Offset
Quadrature Amplitude Modulation (FBMC/OQAM) based multi-hop relaying networks. We
first investigate different transmission schemes for point-to-point multiple stream MIMO
FBMC/OQAM systems, which can be employed in each link of the multi-hop relaying
network. Then, we explore possible relaying strategies at the relay nodes by taking into
account the existence of the intrinsic interference inherited from the FBMC/OQAM
modulation. Numerical results with respect to the range extension by using multi-hop relays
in Private Mobile Radio (PMR) TErrestrial Trunked RAdio (TETRA) networks are presented.
By introducing multiple relay nodes between source and destination node, in a PMR TETRA
network, significant Bit Error Rate (BER) performance gains are observed.

In standard TETRA systems, the mobile terminals may support two transmission modes,
namely Direct Mode Operation (DMO) and Trunked Mode Operation (TMO). In the DMO
mode, the TETRA mobiles may communicate with each other directly instead of using
up/down links between mobiles and TETRA base stations in the region where infrastructure
network coverage is not available. Furthermore, the DMO mode is able to provide the
support of using one or more TETRA mobile terminals as signal relays (repeaters) in
emergency situations. A mobile terminal with connection to the network may relay the
signal transmitted from other nearby mobiles that are out of range of the network coverage
which provide rapid development for disaster relief and temporary increment in capacity.

2.1.2 Relaying schemes for multi-hop relaying network

In some publications (e.g., [51], [52]) on multi-hop relaying networks, Amplify-and-Forward
(AF) is considered as the relaying strategy. The AF scheme is relatively simple and does not
lead to heavy computational load at the relaying nodes. Nevertheless, in case of
FBMC/OQAM-based multi-hop relaying networks, the overall interference term observed at
the destination that results from the intrinsic interference induced in all hops of the
transmissions is a challenge. Therefore, the employment of the intrinsic interference
mitigation at each relay node is a straightforward solution. In the following text, we consider
multi-hop relaying scheme which is combined with the aforementioned multicarrier MIMO
precoding techniques in the simulations and compare its performance with the existing Zero
Forcing (ZF) based precoder in both OFDM and FBMC scenarios.

This section deals with TETRA systems in the DMO mode with a one-dimensional linear
multi-hop relay network, we consider a linear relay model where the TETRA relays are
placed on a straight line between the base station and the mobile terminal. The effect of
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frequency selective fading is considered among the base station, relay nodes and the mobile
terminal. In the linear relay model given in [53], we first assume that a link between the
base station and the mobile terminal is connected by Ry ¢ays relays and creating Ryejays + 1
links between the base station and the destination mobile terminal. The model further
assumes that the Ryejays relays are uniformly placed between the base station and the
mobile terminal.

-4
e |
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< D relay plle - - - - - - _ > relay

®
BS LR

relayes

R relay

Figure 2-1: Linear Relay Model

This model can be easily extended to 2-D with more complicated relaying case. However, we
believe that a simple linear relay model based on path-loss analysis is sufficient to provide
considerable insight into the potential of multi-hop relays in a wireless relaying network.

Assuming that all relays have the same transmit power as the base station, the receiver
Signal to Noise Ratio (SNR) in a relay model can be written as [53]:

¢
Dgirect Z
SNRrelay = SNRdirect (Dli> = SNRdirect(Rrelay + 1) (2.1.1)

relay

where the value T is the path-loss exponent and T = 2 for free space and 3.5 for typical
cellular configurations. It can be seen that the SNR,¢j,y increases as exponent g with
increasing number of relays Ry..j,y between base station and mobile terminal. From above
SNR equation we can see that at mobile terminals, the SNR |,y rises with an increasing
number of Ryj,y. Moreover, the increase in SNR;.cj,, is more pronounced when a larger ¢
is considered which usually represents a more realistic propagation path-loss scenario.

It is also worth to mention that for high SNR values, the wireless link capacity increases
logarithmically with a growing SNR, this can be verified by considering the Shannon capacity
expression of a wireless channels [51]. This analysis represents the potential in terms of
improved receiver SNR with the use of multi-hop relays, the receiver SNR at the destination
terminal can be increased dramatically, and therefore huge potential in terms of capacity is
also expected. It is also worth to mention that if AF scheme is introduced for relaying, the
noise terms are also amplified which limits the performance of a multi-hop relaying system.
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2.1.3 MIMO techniques at the nodes of the FBMC/OQAM-based multi-hop relaying
network

We assume that all nodes in the multicarrier multi-hop relaying network are equipped with
multiple antennas. For each hop of the transmission, from the source to the destination,
multicarrier MIMO techniques that have been designed for a point-to-point system are
employed.

In FBMC/OQAM systems, the real and imaginary parts of each complex-valued data symbol
are staggered by half of the symbol period [38], [39] such that the desired signal and the
intrinsic interference are separated in the real domain and in the pure imaginary domain,
respectively. In [40] and [41] where receive processing techniques have been developed for
MIMO FBMC/OQAM systems, it is assumed that the channel frequency responses of
adjacent subcarriers do not vary. Consequently, the intrinsic interference is cancelled by
taking the real part of the resulting signal after the equalization. To alleviate the constraint
on the frequency selectivity of the channel, a zero forcing (ZF) based approach has been
proposed in [42] for multi-stream transmissions in a MIMO FBMC/OQAM system where the
channel is not restricted to flat fading. More details of the performance analysis of this
algorithm have been presented in [43]. However, the work in [42] and [43] is limited to the
case where the number of receive antennas does not exceed the number of transmit
antennas. In addition, the authors have shown numerically and have also pointed out that
their proposed approach only provides a satisfactory performance in an asymmetric
configuration, i.e., when the number of transmit antennas is larger than the number of
receive antennas. In the context of the multi-user MIMO downlink with space division
multiple access (SDMA), coordinated beamforming techniques [45], [44] have been
proposed to cope with the dimension constraint imposed on block diagonalization based
precoding algorithms [46]. Inspired by these works, we have designed a coordinated
beamforming algorithm for MIMO FBMC/OQAM systems without restricting the number of
transmit antennas and the number of receive antennas. Assuming perfect channel state
information at the transmitter, the precoding matrix and the decoding matrix are calculated
jointly in an iterative procedure for each subcarrier. Different choices of the decoding matrix
in the initialization step are recommended for different scenarios. For a point-to-point
MIMO FBMC/OQAM system, the performance superiority of the proposed approach over
the state of the art has been demonstrated via numerical results. It should be noted that in
case of highly frequency selective channels, equalization techniques have been proposed as
in [48], [49] for FBMC/OQAM-based systems with single-antenna nodes and in [50] for
MIMO FBMC/OQAM systems. In this work, we assume that the channel is mildly frequency
selective, i.e., the channel on each subcarrier can be treated as flat fading [40], [41]. The
cases where the coherence bandwidth of the channel is very small and more sophisticated
equalization techniques are required are beyond our scope.

In the following, we first review the data model of a point-to-point MIMO FBMC/OQAM
system and then briefly describe the aforementioned transmission strategies.
2.1.3.1 Data model of a point-to-point MIMO FBMC/OQAM system

Let us consider a point-to-point MIMO FBMC/OQAM system where the channel on each
subcarrier can be treated as flat fading [40], [41]. The number of transmit antennas and the
number of receive antennas are denoted by Mt and Mg, respectively. The received signal on
the kth subcarrier and at the nth time instant is written as follows
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n+3 k+1

ylnl = HnIFilnldlnl + D" > Hy[iFlileid,li] + nylnl,

i=n-3¥=k-1

(¢,1) # (k,n),

(2.1.2)

where d, [n] € R% is the desired signal on the kth subcarrier and at the nth time instant
when (k + n) is even?, and d denotes the number of spatial streams. The terms c;,d,[i]
contribute to the intrinsic interference and are pure imaginary, where ¥ =k —1,k, k + 1,
i=n-—3,..,n+3, and (4,i) # (k,n). The coefficients c;, represent the system impulse
response determined by the synthesis and analysis filters. The PHYDYAS prototype filter [47]
is used, and the overlapping factor is chosen to be K = 4. For more details about
FBMC/OQAM systems, the reader is referred to [39]. Here H,[n] € CMR*MT contains the
frequency responses of the channels between each transmit antenna and each receive
antenna, and n, [n] denotes the additive white Gaussian noise vector with variance 2. In
addition, F,,[n] € CMT*4 represents the precoding matrix that maps the spatial streams to
the transmit antennas.

2.1.3.2 Straightforward extension of the transmission strategy as in case of CP-OFDM

In several publications on MIMO FBMC/OQAM systems, such as [40] and [41], it is assumed
that the channels on adjacent subcarriers are almost the same. The received signal on the
kth subcarrier and at the nth time instant can be accordingly written as

yi[n] = Hy[n]Fy[n]di[n] + ng[n], (2.1.3)

where ak [n] contains the real-valued desired signal and the pure imaginary interference

n+3 k+1
d[n] = dy[n] + Z Z cipdpli]l, (£,0) # (k,n). (2.1.4)
i=n-3 f=k-1

Considering ’&k [n] as an equivalent transmitted signal, (2.1.3) resembles the data model of a
MIMO CP-OFDM system. Consequently, transmission strategies that have been developed
for MIMO CP-OFDM systems can be straightforwardly extended to MIMO FBMC/OQAM
systems where only one additional step is required, i.e., taking the real part of the resulting
signal after the multiplication by the decoding matrix

d[n] = Re{DH[n]y,[n]}, (2.1.5)
where Dy [n] € CMrR*4 js the decoding matrix on the kth subcarrier and at the nth time

instant. Here Re{-} symbolizes the real part of the input argument, while Im{-} is used in the
following text to represent the imaginary part.

IFor the case where (k + n) is odd, the desired signal on the kth subcarrier and at the nth time instant is pure imaginary,
while intrinsic interference is real. As the two cases are essentially equivalent to each other, we only take the case where
(k + n) is even to describe the proposed algorithm in this paper.
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2.1.3.3 Zero forcing based approach

In [42] and [43], the precoding matrix is designed such that the intrinsic interference
(corresponding to the second term on the right hand side of (2.1.2)) can be cancelled by
taking the real part of the received signal. Let us expand the real part of the received signal
on the kth subcarrier and at the nth time instant

Re{yi[n]} = Re{H\[n]F[n]}d[n] +

n+3  k+1
(_1) . i=n2_3 Ly:zk_l Im {Hi’ [l]F{’[l]}Re{Cl{;d{;[l]} (216)

+Re{ny[n]}, (&, i) # (k,n).
The precoding matrix F for each subcarrier and each time instant is calculated such that
Im{HF} = 0,

where H represents the channel matrix on the same subcarrier and at the same certain time
instant, and the time as well as the subcarrier indices are ignored, as the precoding concept
is on a per-subcarrier basis. Define a matrix H as

H = [Im{H} Re{H}] € RMrX2Mr, (2.1.7)

The stacked version of the real part and the imaginary part of the precoding matrix F, i.e.,
[Re{F}T Im{F}"]", should lie in the null space of H. However, this approach is designed
only for scenarios where Mt > Mg. In addition, it is observed in the numerical results
presented in [43] and is also pointed out in [42] that in a symmetric case where M = Mg,
this scheme does not lead to a good performance.

2.1.3.4 Coordinated beamforming

We propose to jointly and iteratively update the precoding matrix and the decoding matrix
to alleviate the dimension constraint on the precoding algorithm in [42], i.e., scenarios
where My < My will be dealt with. First, an equivalent channel matrix Hq is defined as [55]

H., = D"H € C¥Mr, (2.1.8)

where D € RMrRX? is the real-valued decoding matrix. In addition, we decouple the
precoding matrix into two parts, i.e.,

F = F,F, € CM1*¢, (2.1.9)
where F; € CM™Mx gnd F, € RMx*4, The proposed coordinated beamforming algorithm is

summarized as follows [55]:

e Step 1: Initialize the decoding matrix D(®) € RMr*4 set the iteration index p to zero,
and set a threshold € for the stopping criterion. The decoding matrix is generated
randomly if the current subcarrier is the first one; otherwise set the decoding matrix
as the one calculated for the previous subcarrier [44].
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Step 2: Setp = p + 1 and calculate the equivalent channel matrix H((f(’l) in the pth
iteration as

ng) = p®-DTH e caxMT (2.1.10)

Define a matrix ng) = [Im{ng)} Re{ng)}] € R**ZMt,

Step 3: Calculate the precoding matrix F®) = F&p)F;p) for the pth iteration. First, we
perform the singular value decomposition (SVD) of 17821) as

7@ _ @ e®y®T

BE) =vPsPvP (2.1.11)
Denoting the rank of ITI((f(? as7®, we define V%) € R2MT*Mx a5 containing the last
M, = 2My — r®) right singular vectors that form an orthonormal basis for the null

space of HS;). Hence, the first part of the precoding matrix for the pth iteration ng)
can be obtained via

®)
v = :gg% € RZMTXMsx (2.1.12)

To further calculate the second part of the precoding matrix in the pth iteration F(p),
the following equivalent channel matrix after the cancellation of the intrinsic
interference for the pth iteration is defined as

HY = Re{HEFP} € R¥Mx, (2.1.13)

Further calculate the SVD of FI&?,

right singular vectors. Thereby, ng) is obtained as ng) = Vg’l).

and define ng‘)l) € RMx*4 35 containing the first d

Step 4: Update the decoding matrix based on the equivalent channel matrix after the
cancellation of the intrinsic interference where only the processing at the
transmitter is considered

771(0)
H eq,tx

= Re{HFP} € RMr*4, (2.1.14)

When the MMSE receiver? is used, the decoding matrix has the following form

-1

+oily) . (2.1.15)

_g® (g®T g®
D(p) - Heq,tx (Heq,txHeq,tx

Step 5: Calculate the term A(F) defined as

20ther receivers, such as zero forcing or maximum ratio combining, can also be employed in this coordinated beamforming
algorithm.
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A(F) = |F®*D) — F®)| (2.1.16)

2
FI

which measures the change of the precoding matrix F. If A(F) < €, the convergence is
achieved, and the iterative procedure terminates. Otherwise go back to Step 2.

It is important to note that in the special case where Mt = Mg = d + 1, we propose to
compute the decoding matrix in the initialization step as follows such that the coordinated
beamforming technique only needs two iterations to converge. First, calculate the SVD of

H € RMrRXZMT 35 defined in (2.1.7), and let Vg?g contain the last (2My — Mg) right singular

vectors. Defining Fgo) via

Re{F{"}

0) _
V1,0 - Im{FgO)} )

(2.1.17)

we compute Ug?l) € RMr*4 from the SVD of Re{HF&O)} such that it contains the first d left
singular vectors. Then the decoding matrix for the initialization step is chosen as

D© =y (2.1.18)

2.1.4 Relaying schemes for the FBMC-based multi-hop network

We consider FBMC/OQAM and CP-OFDM range extension systems with Ry¢j,ys + 1 hops
and Rycjays relay nodes where the channel on each subcarrier is treated as flat fading [42],
[43]. For each relay nodes, the number of transmit antennas and the number of receive
antennas are denoted by Mt and My, respectively. The received signal on the kth subcarrier
and at the nth time instant for the tth hop is written as follows

yPn] = HP[n]FP [n]d" V0]

n+3 k+1
+ Z Z HE,T) [i]F?)[i]Cwa{(f_D[i] (2.1.19)
i=n-3 £=k-1

+nPMml, @0 = kn),

where vector a,(:_l)[n] denotes the signal estimate obtained from the previous hop. The

terms H,(f) [n] and Fgf) [n] denote the channel state information and its corresponding
precoding matrix for the 7 th transmission hop, respectively.

2.1.4.1 Zero Forcing based relay nodes

For each relay, the received signal is retransmitted without decoding by using the AF
scheme. Recall that AF requires much less delay and much less computing power as no
decoding or quantizing operation is performed at each relay.

Thanks to the ZF precoding operations, for each relay node, the intrinsic interference terms
are removed by taking the real part of the received signal as mentioned in previous sections,
the signal is obtained as
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dP[n] = Re{y"[n]} (2.1.20)

The estimated signal a,ﬁ” [n] obtained in each relay node is then ready to be forward to the
next relay (e.g. the (7 + 1)th hop). The signal from source node is forwarded R|,ys times
until it reaches the destination terminal. Here Re{:} symbolizes the real part of the input
argument, while Im{-} is used in the following text to represent the imaginary part. Although
precoding is performed before forwarding the signal to the next relay node, this scheme has

an important similarity with the AF scheme that can be observed in a,(:) [n]. In the noiseless
case, it has the following form

dP[n] = Re{H,(f) [n]FY [n]} :

_ _ (2.1.21)
Re{HY V[nIF{ P [n]} - Re{HP [IFP [n]}dy[n).

The channel effect of each hop is accumulated throughout the whole multi-hop
transmission. This observation justifies that this relaying scheme is classified into the
category of AF.

As already pointed out in Section 2.1.3.4, if the number of transmit antennas of each hop is
not greater than the number of receive antennas, this scheme fails to provide a satisfactory
performance.

2.1.4.2 Coordinated beamforming

By employing the coordinated transmit beamforming algorithm at each hop as introduced in
section 2.1.3.4, the dimension constraint and the strict requirement for flat fading channels
can be alleviated. Let us name this relaying scheme as Filter and Forward (FF). At the
transmitter side of each hop, the calculation of the precoding matrix and the decoding
matrix is carried out jointly in an iterative manner. At the receiver side, we take the real part
of the resulting signal after the multiplication by the decoding matrix and obtain the signal
estimates at relay T as

d?[n] = Re{ D[]y [n]}, (2.1.22)

where D, [n] € CMrR*X? js the decoding matrix on the kth subcarrier and at the nth time
instant. The estimation dy[n] is then forwarded Ryelays times until it reaches the
destination. Unlike the AF scheme where the ZF-based precoding is employed, multiplying
the decoding matrix leads to the elimination of the channel effect at each hop.
Nevertheless, if the channel exhibits frequency selectivity such that the channel frequency
responses across adjacent subcarrier vary severely, there is still residual intrinsic
interference at each hop.

By introducing multiple relying stations for range extension, significant increase in receiver
SNR can be observed, which results in an enhanced BER performance.

2.1.5 Simulation settings

The bit error rate performance for the direct link and the relay link transmission is
demonstrated in this section, where the free space path-loss exponent { = 3.5 is given for
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typical cellular configurations. For all simulation examples, there are 1024 subcarriers used,
and the total available bandwidth is 10 MHz for all nodes. In case of CP-OFDM, the length of
the CP is set to % of the symbol period. The ITU Ped-A and Veh-A channel model is adopted
[54] and antenna correlation is not considered. In terms of FBMC prototype filters, we
employ a PHYDYAS defined pulse shaping filter [47] with an overlapping factor of K = 4. The
data symbols are drawn from a 16-QAM constellation. By using the linear relay model given
in [51], we assume that a link between the base station and the mobile is connected by
Rrelay amplifier forward relays creating (Rpejay + 1) links between the base station and the
destination mobile terminal. In the model, Rpejay relay stations are uniformly placed
between the base station and the mobile terminal.

Frame structure

Bandwidth 10 MHz

1024 subcarriers
OFDM CP length: % Symbol period

Subcarriers number

Subcarrier spacing 10 kHz

Reference signals

LTE-like

FBMC filter

OFDM/OQAM PHYDYAS

Overlapping factor

4

Modulation and coding schemes

16-QAM, uncoded

Transmitter/Receiver

Noise power spectral density

Various

MS/RS number of antenna

Symmetric 3x3

Transmission scheme

MIMO with 2 spatial data streams

HH antenna model

Isotropic

Propagation

Path-loss model

Free-space with path-loss exponent {=3.5

Fast fading channel models

ITU Ped-A, ITU Veh-A

Channel estimation

Ideal

Table 2-1: Simulation settings and scenarios

2.1.6 Simulation results

In this section, a symmetric MIMO downlink relaying setting is considered, where the base
station, relays and destination mobile terminals are equipped with 3 transmit and receive
antennas, respectively, and the number of spatial streams from node to node is set to 2. For
the relaying case, we vary the number of relay nodes but fix the distance between the
source node and the destination terminal.
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Figure 2-2: BER vs. SNR with one AF relay node (2 hops) between the base station and
the destination terminal, ITU Ped-A channel is used for simulation
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Figure 2-3: BER vs. SNR with 2 AF relay nodes (3 hops) between the base station and
the destination, ITU Ped-A channel is used for simulation

The BER performances of different precoding schemes for FBMC/OQAM based systems are
presented and also compared to that of a CP-OFDM based system in Figure 2-2, Figure 2-3
for ITU Ped-A channel and Figure 2-4, Figure 2-5 for ITU Veh-A channel. The transmission
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scheme that is a straightforward extension of ZF [46] for CP-OFDM is described in [55]. The
plots show that in the symmetric scenario, the proposed coordinated beamforming
technique (CBF) significantly outperforms the ZF based FBMC/OQAM precoding schemes as
well as its CP-OFDM counterpart in lower SNR regions. It is worth to mention that the CBF
algorithm in each relay node takes only two iterations to converge. The transmission
scheme that is a straightforward extension of ZF for the CP-OFDM case relies on the
assumption that the channel frequency responses remain the same across adjacent
subcarriers. As the ITU channel exhibits frequency selectivity and such an assumption is
therefore violated, the performance of this scheme degrades especially in the high SNR
regime. This Inter-Symbol Interference (ISI) can be partially removed by using multi-tap
equalizers for each subcarrier with extra computational effort.

0

10 — — :
| —f— ZF FBMC/O0AM
| —8— OFDM

108 | =9 Coordinated BF FBMC/O0AM

10'2 O PN ! SRR
[
T . M YT T
o

I3

10

10°

-4 2 0 2 4 5 g8 10 12
E_/M, [dB]

Figure 2-4: BER vs. SNR with one AF relay node (2 hops) between the base station and
the destination, ITU Veh-A channel is used for simulation
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Figure 2-5: BER vs. SNR with 2 AF relay nodes (3 hops) between the base station and
the destination, ITU Veh-A channel is used for simulation
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Figure 2-6: Comparison of the BER performance of different schemes in a MIMO relaying
system, there are 3 antennas for each node with 2 data streams. The ITU Veh-A channel
is considered here. By increasing the number of relays between the source and
destination, a lower BER performance is observed.
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In Figure 2-6 and Figure 2-7 we compare the BER performances against the increasing
number of relay nodes between the base station and the destination terminal. By increasing
the number of relays, the receiver SNR of each hop is increased dramatically, and therefore,
a much lower BER performance is obtained. However, when multiple relay nodes are
cooperated, the FBMC system performance is limited by residual intrinsic interference
instead of the noise, which is evident by the observation of the decreasing slopes of the BER
curves where more relays are introduced.

i

1|:| :::::::::::::::::::::::.J-::::::::::::::::::::::::!:::::::::::::::::::::::::
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| —8— OFDM ;
10 s s ciisins| — 9 Coordinated BF FEMC/OQAM |
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LIJ ........................................................................
-
1|:|'3 L.....
10° NG
10°

nurber of relays

Figure 2-7: Comparison of the BER performance against number of AF relaying nodes for
different transmission schemes, there are 3 antennas for each node with 2 data streams.
The SNR for each link is 4 dB. The ITU Veh-A channel is considered here

2.1.7 Final remarks

This section deals with TETRA systems in the DMO mode with a multi-hop relay network, we
first investigate different transmission schemes for point-to-point multiple stream MIMO
FBMC/OQAM systems. We then review a simple one-dimensional linear relay model in
section 2.1.4 where the TETRA relays are placed on a straight line between the base station
and the mobile terminal. The effect of frequency selective fading is also considered among
the transmission links of each node pairs. With this model, we conclude that by using
multiple relay nodes, the receiver SNRye|y rises with an increasing number of relays.
Section 2.1.4.1 and section 2.1.4.2 explore possible relaying strategies at the relay nodes by
taking into account the existence of the intrinsic interference inherited from the
FBMC/OQAM modulation. Numerical results with respect to the range extension by using
multi-hop relays in PMR TETRA networks are presented in the section 2.1.6.
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3 Design of relay strategies

3.1 Channel estimation for two-way relaying

3.1.1 Description and motivation

Two-way relaying recently emerged as an interesting candidate for relaying communications
in order to lower latency and improve spectral efficiency of bi-directional communications
via a relay. The technique assumes that there is a bi-directional information flow from a
node A to a node B and vice versa, going through a relay node. Typically such a
communication requires 4 resource slots (in time, frequency, code or other) but many
recent works proposed strategies that reduced the resource occupation to 3 or 2 slots.
Before going through a brief review of the technique, let us introduce the interest of the
technique for EMPhALtIC. This section will be mainly devoted to standard CP-OFDM
techniques, so 3GPP Long Term Evolution (LTE) technology will be taken as the baseline.

As it will be clearer in the following section, here we present a standard two-way relaying
strategy by using a Multi-User (MU) MIMO technique applied to the multiple access phase,
combined with a DF strategy and XOR of the received messages. However, the focus here
will be just on channel estimation, in particular in the multiple access phase (corresponding
to an UpLink (UL) in a cellular scenario), since it is a critical point for understanding the
feasibility of the technique and for estimating the loss with respect to ideal performance.

3.1.1.1 Connection with PMR scenarios

In the context of the EMPhALIC project, two-way relaying protocols may apply to the
following scenarios:

e Cell-based communications: in a crisis situation or simply when an important event
happens in a given location, many operators will converge in a cell. It is reasonable
that a non-negligible part of the voice traffic will happen between users inside that
cell. In this case, by exploiting features in part already present in 3GPP LTE, the Base
Station (BS), called eNodeB in 3GPP LTE, can use a two-way relaying protocol in
order to spare Resource Blocks (RB), independently of the PHY layer used. This
situation is schematically represented in Figure 3-1.

e DMO operation in ad hoc mode: a group of PMR users are outside the coverage of
the cellular network, for instance in case of bad coverage (parkings, tunnels,
shadowing of big buildings) or network/BS fault. A node (either vehicular —preferred
choice—- or handheld) is elected cluster-head for managing the resources among the
nodes in coverage. In some sense, a small cell is created around the Cluster-Head
(CH). If bi-directional traffic (e.g. voice) must be exchanged between two nodes in
the cluster which are not under mutual coverage, then the CH may use a two-way
relaying protocol to improve the efficiency and latency of the communications. This
situation is schematically represented in Figure 3-1.
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Figure 3-1: Network cell scenario and out-of-coverage DMO scenario with two-way
relaying

e Clusterized ad hoc network: in a crisis situation, when the standard cellular network
is not available or is down due to some human of natural event (damaged, destroyed
network), a wireless ad hoc network can be quickly deployed. The network creates
different clusters (cells) which are interconnected by a wireless back-bone. Some
bridging nodes are in charge of exchanging traffic among two clusters. In this
situation it is seems reasonable to have also some bi-directional traffic. Two-way
relaying may be used by the bridging nodes in this context to lower latency and
improve efficiency. This situation is schematically represented in Figure 3-2.

Figure 3-2: Clustered wireless ad hoc network with bridging relay

3.1.1.2 State of the art
Two-way relaying

A good tutorial on two-way relaying is presented in [30]. A large variety of techniques exist
for both multiple access and broadcast phase. In order to have the maximum spectral
efficiency and minimum latency, the multiple access phase from the sources to the relay
should be made ideally at the same time, so that the signals are superimposed over the
same resources. In the broadcast phase, a technique must be found so that users may
recover from the same signal the information which is of interest to them.

In [19] the achievable rate region for a MIMO two-way relaying protocol with Channel State
Information (CSI) at the transmitter was established. The channel here is frequency flat for
all links, and there is no CSI at the transmitter in the multiple access phase (OFDM case). In
the broadcast phase two strategies are proposed, but the relays always decode the two
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signals, hence a DF strategy is used. The first one is a superposition coding in which the relay
creates two sent signals which are precoded by assuming perfect CSI at the transmitter and
then summed up before modulation. The second strategy consists in XOR precoding of the
messages received in the multiple access phase. When a MIMO precoder is used, the
authors show that the XOR strategy performs better than the superposition coding one even
when there is no CSI at the relay. For 2 transmit antennas at the nodes and 2 or 3 antennas
at the relay, all strategies with or without CSI gives substantially equal performance in terms
of average sum rate. Differences in the sum rate with or without CSI are more important
only with a higher number of antennas at the relay. Comparisons with the one-way relaying
strategy (4 slots for communication) confirm that two-way relaying even without CSI almost
doubles the sum rate.

The optimal relaying strategy depends of course on the constraints and knowledge of the
channels. For example [37] presents recent results on the achievable rate region of a two-
way relaying channel when the two users have different channel qualities and do not need
to receive the same amount of information.

When applying DF, the decoding can include the channel code (higher complexity) or not
(more limited complexity). In this case [25] makes an overview of proposals based on the so-
called DeNoise-and-Forward (DNF) strategy. Different strategies for the detection of the
received symbols at the relay and remapping are proposed. This work is focussed on flat
channels.

[12] investigates two-way relaying in the framework of a direct-sequence Code Division
Multiple Access (CDMA) system in which a common spreading code is applied to each
couple of communicating nodes and the signal are synchronized at reception and are
received with the same power (power control is active). An AF technique is investigated as
well as a joint demodulate-and-XOR forward technique based on linear MMSE filtering. Flat
fading channel is investigated and a comparison between the techniques is done.

The flat MIMO channel case is investigated, for instance, in [16], [17]. Here node pairs in the
multiple access phase are separated thanks to multiple antennas. In the broadcast phase,
they are separated spatially by a ZF precoder (under hypothesis of channel reciprocity),
while the interference inside each pair is cancelled by the standard XOR precoding of the
decoded signal. An algorithm is provided in order to maximize the sum-rate of all the pairs.

Issues related to resource allocation are investigated for instance in [32], which proposes to
guarantee data rate fairness in a two-way relay channel with optimal power control at all
nodes, for both AF and DF protocols. Data rate fairness means that two transmitting nodes
are constrained to use the same data rate, and power allocation is adapted with respect to
fading (supposed Single Input Single Output (SISO) flat and constant during the protocol).
Gaussian codebook is assumed as well as perfect CSI at the relay and at the nodes in order
to calculate the optimal powers.

Resource allocation plus buffering at the relay side can be used in order to increase the
spectral efficiency of the relaying protocol, when channel state information is available and
the traffic is not strictly latency constrained. [26] proposed a two-way relay protocol in
three Time Division Multiple Access (TDMA) steps (transmission of A, then B, then network
coding and common broadcast phase), plus a resource allocation algorithm for this case.
The relay inserts the received packets in a buffer and waits for a good channel realization for
transmission.
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Concerning the evaluation of practical two-way relaying in realistic systems [22] provides
some results on two-way relaying applied to LTE for a link eNodeB — Relay Node — User
Equipment (UE). The investigation is over a simple two-way relay protocol in three steps
with network combining of the packets at MAC level; in fact Transport Blocks (TB) are
combined. Different versions of the protocol, also using Subcarrier Division Duplexing, in
which part of the subcarriers of a, say, DownlLink (DL) channel can be assigned to the UL.
Results demonstrate an interest of two-way relaying even in a realistic scenario, and a
robustness of the algorithm with respect to many changing parameters.

Finally, two-way relaying in for multi-user MIMO Single-Carrier Frequency Domain
Equalization (SC-FDE) systems is investigated in [14]. In this reference however, transmit
beamforming is used by the sources and relays. Moreover, a sort of AF protocol is used by
the relay which linearly processes the received signals before re-transmission. This scheme
however requires the knowledge of the beamforming matrices of all users.

Channel estimation

As it will be explained in the following subsection, the study will focus on two-way relaying
in the context of future broadband PMR which will be based on 3GPP LTE. The proposed
two-way relaying strategy uses two slots, one for multiple access and the other for
broadcast. In the multiple access phase virtual MU-MIMO is used to multiplex the users. It is
clear, as also reported in the literature, that multiple access is the most delicate phase, since
there will be Multi User Interference (MUI) or multi-antenna interference, if the users are
seen as virtual antennas. Hence it is important to understand if the channel estimation
functionality introduces some limitations in terms of quality estimate and number of users
supported by the technique. The rest of this section is devoted to the state of the art on
channel estimation related to LTE and to MU-MIMO.

3GPP LTE UL uses Single-Carrier Frequency Division Multiple Access (SC-FDMA), for an
introduction of this modulation and multiplexing technique please refer for instance to [34],
[28], [27] and references therein. Reference signals for channel estimation in LTE are
described in the document [35], also for virtual MU-MIMO in the UL. A more
straightforward and clear explanation can be found in textbooks on LTE/LTE-A, like [34].
Concerning LTE UL, channel estimation is based on reference signal which are Constant
Amplitude Zero Auto-Correlation (CAZAC) sequences, in particular on Zhadoff-Chu
sequences [33], [18], [11]. The case of MU-MIMO implies the capability of discriminating
multiple channels for each receive antenna. That is achieved by assigning to the UEs the
same base sequence but cyclically shifted of a certain value called cyclic shift. By reposing on
the zero-autocorrelation property of the CAZAC sequences, when the signals are
synchronized at the receiver, the impulse responses of the channels will appear with a delay
corresponding to the cyclic shift of the respective reference signal. Hence, as long as their
delay spread is shorter than the minimum cyclic shift, separation of the channel impulse
responses is possible.

LTE design for MIMO responds in some sense to the study in [29], where optimal training
sequences for MIMO frequency selective fading channels are found to be orthogonal.
Training sequences in the paper are not the LTE CAZAC sequences; however, CAZAC
sequences achieve an approximate orthogonality thanks to the zero-autocorrelation
properties, under the hypotheses of synchronization of the received signals and channel
delay spread less than the minimum cyclic shift.
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[20] deals with practical channel estimation exactly in the UL MU-MIMO case, inserting also
considerations on Orthogonal Cover Codes (OCC) for giving additional possibilities of
channel estimation in the Single User (SU) MIMO case in UL, a transmission mode
introduced in LTE-Advanced (LTE-A). The authors exploit the properties of shifted CAZAC
sequences explained before for channel estimation. However, they notice that, due to
subcarrier mapping in SC-FDMA, the channel impulse responses are convolved in time with
a periodic sinc function (depending on the number of allocated RBs), which produces an
energy leakage of the channel impulse responses. As observed by the authors, the smaller
the number of RB, the higher the leakage. This effect destroys perfect time separation of the
channel impulse responses, even if the channel delay spread is less than the cyclic shift.
Notice that this effect does not occur in standard SC-FDE transmissions, in which all the
subcarriers are used for estimation, while it always occurs in LTE, since there are always
some guard subcarriers even when all the RBs are allocated to one user. Nevertheless, the
authors propose some optimization of the algorithm in order to improve the performance.

A standard reference in OFDM channel estimation, which can be applied also with some
modification for SC-FDMA, is [9]. The authors here propose Least Squares (LS) channel
estimation, which is in fact more complex than the algorithm in [20], but has still acceptable
complexity. As it happens in SC-FDMA, the LS estimator [9] is based on an ill-conditioned
matrix, hence the authors propose a regularized LS channel estimator and a down-sampled
impulse response channel estimator, two ways of resolving the ill-conditioning of the
original LS estimator. Comparisons with MMSE channel estimation and a variety of
simplified MMSE estimators are presented in [31]. Interestingly, the regularized LS channel
estimator has almost identical performance of a mismatched MMSE channel estimator in
which the channel correlation matrix is the identity and only the noise variance is used in
the MMSE estimator. The work is derived in the context of channel interpolation for OFDM
in LTE.

Other linear MMSE estimators with reduced complexity for OFDM systems are presented (in
the context of OFDM) in [15]; the authors present different versions of the algorithm based
on the SVD of the channel correlation matrix in the frequency domain. What it is not stated
in the article is that, for the most simple estimator based on the assumption of a uniform
power delay profile, the number of significant singular values, which leads the complexity
figure, depends also on the ratio between the FFT size of the system and the Cyclic Prefix (CP)
length. In the article a ratio of FFT size over CP equal to 16 is taken, which gives 8 significant
singular values. However in PMR based on extended CP, the previous ratio is 4, which gives
about 20 significant singular values, thus reducing the interest of the technique.

Another approach is taken by [13], where the authors introduce a model for the estimation
problem and derive an Maximum Likelihood (ML) estimator with respect to the model. Of
course, the estimator is sensitive to the model, but, for channels inside the model it works
slightly better than the SVD linear MMSE estimator of [15] and with smaller complexity,
especially when ratio of FFT size over CP is low as in the PMR case.

In [21] a standard LS algorithm is combined with a sliding window in the frequency domain.
This approach, when correctly tuned, allows to approach MMSE estimator performance.
The authors propose a dynamic tuning of the parameters of the algorithm. Its complexity in
comparison to the others algorithms is not clear but it depends on the width of the window.
This technique is specifically presented for SC-FDMA.
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A simple LS channel estimator and a two-steps estimation procedure is presented in [23].
The first step is a regularized LS algorithm and the second one is a refinement obtained by
adding some decided data (hard decision after equalization) to the pilots.

[36] is a recent reference on optimization of some parameters of the reference signals and
performance evaluation of channel estimation for MU-MIMO in the DL of LTE-A.

MU-MIMO is an environment rich of interference, as far as channel estimation in
concerned. Even if this work if focused on the DL, section 3.2 in [10] in interesting since it is
developed in the context of co-channel interference in heterogeneous networks. The
authors propose that UE performs interference cancellation in synchronized co-channel
heterogeneous networks, by taking into account the strongest interfering signal. In
particular the soft interference cancellation is done over the LTE DL Common Reference
Signals (CRS), i.e. pilots, in order to improve the channel and noise estimates of the desired
signal. This kind of processing is used to improve detection of Physical DL Control Channels
in LTE, which is affected by the CRS interference of the interfering eNodeB even in case of
application of the almost-blank subframe technique. In this technique data is not
transmitted but CRS are sent anyway. However, this kind of cancellation techniques will not
be taken into account in this study.

3.1.1.3 Description of the technique

A practical two-way relaying strategy is proposed here based on MU-MIMO techniques in
the access phase, and on network coding at TB level (in the Medium Access Control (MAC)
layer) for packet combining, and then on simple broadcast in the broadcast phase. For
simplicity and robustness with respect to variable channel condition, on open loop MU-
MIMO is implemented in the access phase.

Our aim here is to understand if there are blocking points to the feasibility of such a simple
two-way relaying protocol. The most delicate phase is surely the multiple access one. In
particular, putting the study in the framework of the future PMR based on LTE in a cellular
network or in a clusterized ad hoc network, standard assumptions of LTE system will be
done, i.e. the system is supposed to be synchronized in frequency and in time: all the signals
arrive at the same moment to the receiver, thanks to a timing-advance procedure. In this
framework, the other critical point is channel estimation in the access phase, in which
multiple signals are multiplexed together on the same RBs. In this section, channel
estimation performance in the multiple access case will be studied. A simple linear receiver
for MU-MIMO in SC-FDMA is depicted in Figure 3-3.
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estimator )i 4 equaliz.
|
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Figure 3-3: Simple linear receiver for SC-FDMA UL MIMO

Under the previously discussed assumptions (synchronization of the received signals), by
supposing that all the transmitters have 1 transmit antennas and the receiver has N, receive
antennas, the received signal after the N-point FFT can be written as

r=H(l, ®F,)s +w =Hs,; +w (3.1.1)

where ® is the Kronecker product Fu is the normalized FFT matrix, M is the number of
subcarriers allocated to the users (multiple of 12 in LTE), s" = [so" ... sk1'] is the vector
stacking the signal sent by the K users, in our case the CAZAC sequences. Notice that st is the
column vector collecting the FFTs of the corresponding signals in time (user by user). The
noise vector w has independent identically distributed (iid) entries which are complex
symmetric Gaussian variables C/N(0, ¢?). H is a MN, x MK the block-diagonal matrix (blocks
of size M) containing the channel frequencies responses extracted at the allocated
subcarriers (the same for all users):

H=(l,, ®A" I, ®F, K, ®F] [, ®A)
With:

- A the subcarrier allocation matrix of size N x M, N is the Inverse Fast Fourier
Transform (IFFT) size at the transmitter and the matrix has just one 1 per column at
the position of the allocated subcarrier. The matrix is in common to all users,
because they are superimposed.

- Fn the Fourier transform matrix of size N x N
- 3 is a block circulant channel matrix of size NNz x NK.

After CP extraction and under the hypothesis that the channel is static and its length is
shorter than the CP, the channel matrix is:

circ(hygy) -+ circ(hyx_4)
H= : - :
circ(hy,_10) -+ circ(hy,_1x_1)
where circ(hnk) is the circulant matrix with the first column equal to h.k the vector
containing the impulse response of the channel from transmitter k to receiver antenna n, in

the time domain at the sampling time of the FFT of size N. Vector h,« has length N.
Notice that by setting

diag(ho,o,f) diag(hO,K—l,f)
H, = (I, ®F, JH(, ®F)= : : . h,,,=JNFh,,.
diag(hNR—l,O,f) diag(hNR—l,K—l,f)
then
diag(hlgy) - diag(h{y /)
H={l,, ®A" H,(l, ®A)= : :
diag(hiy! ;) - diag(hly’ . /)

With

ICT-EMPhALtIC Deliverable D7.1 27/106



ICT 318362 EMPhALIC Date: 13/02/2015

(3.1.2)

won | ME )
" ATh,, = NAPFR
The previous formula shows that we can work either at the symbol period, top formula

(input of the Discrete Fourier Transform (DFT) precoding at the transmitter), or at the
sample period, bottom formula (after the IFFT at the transmitter).

In the definition of the Reference Signals (RS), the LTE philosophy was followed but not
exactly the letter of the specification. Without loss of generality, the RS of user 0 in the
frequency domain was set to

. m?
so,f(m)zexp(mﬁ , m=0,....M -1 (3.1.3)
If there are K users superimposed on the same RBs, then the sequence of user k is
! 2
s./(m)=exp(- jom)se (M), ay = ol m=0. M-t k=0..K-1

which can be written also in matrix form
s, =diag(a,)s;.

In the time domain this operation corresponds to a cyclic time shift of kM/K symbols, while
in the time domain at symbol period, it roughly corresponds to a shift of kN/K samples.

Without loss of generality, let us now focus on the channel estimation on the first antenna.
It comes to consider a system with multiple users and just one antenna at the receiver. By
letting the antenna index fall

eq,

K-1
r=Hsf+w={2diag(akoh§("’}))}sof+w=diag(h("”)f)sof+w:diag(sof)hg";”f+w 514
k=0 ' ’ ' ' ' 3.1.4

where the symbol e stands for entry by entry product. In (3.1.4) it is put in evidence the fact
that the channel is not known. The previous problem is a linear estimation problem
corrupted by Gaussian noise.

Standard LS channel estimation

The selected baseline channel estimation is the one in [20], in which however, the
windowing step was skipped in order to keep the complexity very low. This LS algorithm will
be called “standard algorithm” in the following, and it has been optimized with respect to
the typical channels model and LTE configuration of broadband PMR. We quickly derive the
estimator here based on the LS theory (see Chapter 8 in [24]). The least square estimator
applied to (3.1.4) is

G,, = |diag(s;, )diag(s,,)| 'diag(s;,) = [diag(s;, = s,,)| diag(s;,) = diag(s;,)

where we used the property of constant modulus of the CAZAC sequence. Hence, the LS
estimate of the equivalent channel is

hir = Gyst =hy) +diag(sg ;)W =hig) +w, (3.1.5)
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where the noise ws has still iid entries belonging to C/V(0, ¢?) thanks to the properties of
the CAZAC sequence. Notice that in the time domain at symbol period, the equivalent
channel is
K-1
hg"é’) = Zhﬁ(M)(—kM/K)
k=0
where the minus is intended as a cyclic shift inside the vector of the channel of each user. If
the maximum channel spread is less than M/K symbol periods, then it is possible to separate
the users’ channels by extracting chunks of M/K symbols. The previous equation is true if
and only if K divides M, otherwise things get more complicated. Unfortunately, the
windowing operation in the time domain which consists in the subcarrier mapping,
produces a convolution by a periodic sinc function in time, spreading the contribution of the
channels. The choice of [20] is still to separate temporally the estimates of the channel
impulse responses, but adding a temporal shift s in order to reduce the effect of the energy
leakage. The estimation algorithm proceeds as follows: first, by using (3.1.2), the equivalent
channel impulse response estimate is calculated via an Inverse Discrete Fourier Transform
(IDFT) of size M:
R _ 1RO _ S 0 i /K

' = Fueas = kZ;,J k(= )+ W, (3.1.6)
The entries of wy are iid random variables belonging to C/N(0, 6?/M). The estimates of the
channel impulse response of user k is

, m=0,....M-1 (3.1.7)

The operations inside the entries are sums and subtractions modulo M, s is a shift
parameter to be optimized. Of course, the estimate of the channel frequency response,
which is used by the equalizer in the frequency domain, is just

RO = A, R,

Noise variance estimate before equalization

~ RM) _ 3
h<kM>(m):{heq (m-s+kM/K), m=0,.. (M/IK)-1

Noise variance estimate before equalization is obtained in a simple way under the
hypothesis that the channel does not change over the RS affected to the same subcarriers.
Notice also that the channel variance at one antenna is independent of the number of users
(and channels) ad their attenuations. Hence, the equivalent channel at each antenna (3.1.5)
will be used, since less distortion is introduced in its estimate. First the average channel
estimate is calculated by averaging over the Ngs RS in the slot:

1 Nrs—1_

n(M M
A = — 2 A,
RS p=0

This algorithm is suboptimum for calculating the channel estimate in time-varying channel,
but it is still acceptable when the channel estimate is used for estimating the noise variance.

The noise variance estimate is then calculated as

p=0 m=0

"2 1
O' —
(Ngs =M

eq.f.p

~ 2
AU} o(m)| — Nis

~ 2
ey 518
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The absolute value outside the summations is used in case of negative value, which can
occur at low SNR and with a small number of RSs.

The previous expression gives an estimate of the noise variance per receive antenna. If all
the antennas and receiver chains have substantially the same noise factor and amplifier,
then a finer estimate can be obtained by averaging also over the number of receive
antennas.

ML channel estimation

Here we extend the ML channel estimator proposed in [13] to the case of multi-user
channel estimation. The main idea is to state the problem in the time domain at the
sampling time in order to try to lower the number of variables of the problem and at the
same time to try to recover a better orthogonality of the shifted channels. However, before
stating the model, it is better to understand how the channel impulse responses look like
after CP removal at the receiver. Let us focus on one receive antenna and one user k. At the
transmitter side, after subcarrier mapping and IFFT, the RS sequence of user 0 (not-shifted)
corresponds to the RS sequence in the time domain (at the symbol period) oversampled by
an interpolator filter. The interpolator filter is the IFFT of the window corresponding to the
subcarrier mapping. Let us call this base CAZAC sequence s{") = F,\*,’Aso_f . The sequence can
be written also in signal format s{"(nT)=s{"(n), n =0, .., N-1, T is the sampling time. Its
Fourier transform is sy (nF)=(As,,)(n), F = 1/(NT) is the sampling frequency and TF =

1/N. Now, consider the basic rule of the Fourier transform of delayed signals
S(()N)(n'r _ noT) Fourier Sé{\;)(nF)e—jZHnFnoT — S((){\;)(nF)e—/Zﬂnno/N

The previous formula is valid only if ng is an integer number, otherwise it cannot be seen as
a time shift in the sampling time domain. Consider the RS signal of user k in the interpolated
frequency domain after subcarrier mapping. It can be written

si(nF) = { o™
’ 0 , h#ng+m, m=0,....M-1

g I2mkmIK ng+m, m=0,.,M-1

(3.1.9)

where ng is the index of the first non-zero subcarrier. Let suppose that ni = Nk/K is an
integer. In this case it can be shown? that the RS sequence of user k (k = 0, ..., K-1) in the
sampling time domain can be written as

j2nkng | K

sM(nT)=sM(nT —n,T)e’>" ™' = si"(nT — KNT I K)e =s§"(nT —n,T)e/*

i.e. the RS sequence can be seen as a time-shifted version of the RS sequence of user 0,
multiplied just by a scalar (phase). Here “time-shift” means the circular time shift modulo N.
The received signal at the antenna, after CP removal, is

K-1 K-1 K-1
y(nT)=> h *s(nT)=> e"*h, +s§"(nT —n,T) = [Ze’“’khk(nT - nkT)} #s§'(nT)
k=0 k=0 k=0

heq(nT)

where n = 0, ..., N-1, * is the circular convolution and we applied the properties of the
convolution. Notice that the equivalent channel impulse response can be seen as the sum of

3The proof consists in the direct computation of the RS in the frequency domain and checking that it
corresponds to the expression above, when calculated for n = ng+ m.
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the time-shifted impulse responses of the single channels multiplied by a phase constant. If
the maximum channel spread L (in the sampling time domain) is less than N/K, then the
supports of the impulses responses do not intersect and they can be separated. Since in LTE
specifications there is no shaping filter we suppose that the channel impulses responses hi
are not spread by any other additional filter (otherwise hx must include the convolution with
the shaping filter or others). As proposed in [13], we set the following model: the impulse
response taps with delay greater than L are set to zero. If L < N/K, the equivalent channel, in
vector form, can hence be restated as follows

heg =l vhlds hE) =[mo(0) - ho(L=1) h(0) - he((L=1] (3.1.10)
hfeg) gathers the non-zero taps of the impulses responses of all users and is long LK samples.

I,n is @ N x KL matrix whose /+Lk column is zero except for the entry corresponding to the
index of hi(/) inside heq, which is set to 1. This set of indexes is [0, ..., L — 1, N/K, ..., N/K + L —
1, ..., (K—1) N/K+L-1].

Hence at the receiver side, in the frequency domain after subcarrier de-allocation, by using
the previous derivations, the estimation model in (3.1.4) can be restated as

r = JNdiag (s, )A"Fyh,, + w = VNdiag (s, )A"Fy I, yh) + w =Bh{) + w (3.1.11)
which has the advantage of using less variables, LK instead of NK.

Things get more involved when nx = Nk/K is not an integer. Since the IFFT size N is usually a
power of 2, for instance when the users are K = 3, n; and n; are not integers. In this case the
property of the Fourier transform of a translated signal cannot be applied because the delay
does not fall into the time domain. Let us set a description of nk in terms of its integer part
and the remaining real part:

nkzk%zﬁk+€k; ﬁk:LkﬂJ; & =Ny —Ny; k=0,...,K-1

Let us define the following filter

aM(nT) = - gln-aN-DIN sin(z(n-¢,)) .

! - ;. n=0,...,.N-1
N sin(z(n — &, )/ N)

which has the frequency response in the interpolated frequency domain equal to
alP(nT)=e/?"%""N It can be shown (just by calculating the signal in the frequency and
checking it against (3.1.9)), that

si(nT)=a™ »s{(nT -A,T)e'™; ¢, =2xkn, 1K =2xnn,IN

i.e. the RS sequence can be seen as a time-shifted version of the RS sequence of user 0,
multiplied just by a scalar (phase) and filtered through a filter a,((f\;)(nT) which looks like a

spread impulse (it is a perfect Dirac function when & = 0). The received signal at the
antenna, after CP removal, is

K-1 K1
y(nT)=> e*n xal «s{(nT -n,T)= {Ze"”ka}("’) *h, (nT — ﬁkT)} #si"(nT)
k=0 k=0

heq(nT)
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The equivalent channel is composed by the time-shifted original impulses responses
multiplied by a phase factor and convolved with a filter which depends on the user.
Unfortunately this filter spreads the channel impulse responses; such that even if the
original delay spread was less than N/K, the convolved channel has a longer time-support
and cross interference shows up, like for the LS algorithm in the symbol period time domain.

In order to keep the complexity low, model (3.1.11) is selected. For Nk/K not integer, the
model will be mismatched since it considers that a,(('})(nT) is not present. This simplification

will introduce degradations in the estimate. A suboptimum estimator will then be
introduced later on, in order to mitigate this effect.

The ML estimator, applied to model (3.1.11) is (see Chapter 15 in [24])
-G, r, G, =(B"C,B)'B"C, =(B"B)"'B"

where the simplification comes from the fact that the Gaussian noise vector w has iid
circularly symmetric entries. Matrix B is M x LK. In practical cases related to PMR the
number of variables LK > M, because M is equal to the number of used RB x 12. In fact, in
PMR the available bands are small, and PMR voice services will probably require few (even
1) RBs. When LK > M, matrix BB is not invertible. The proposal is to regularize the bad-
conditioned matrix, as done in [9]

G, = (B"B + o7l ) 'B"
where matrix B”B can be simplified thanks to the property of CAZAC sequences:
BB = NI \Fy/ Adiag(s;  )diag (s, ; )A"Fyl, y = NI \Fx/ AA"F1,
and o/ is a regularization factor to be optimized.

Notice also that when all subcarriers are used, i.e. in a pure SC-FDE system (in LTE it never
happens since there are always guard sub-carriers), matrix A is the identity, B is N x LK, B"B
is the identity and the ML estimator boils down to Gy, = B".

The estimator matrix takes the form
Gy, = (NI F{AA"F, \ + o7l ) 'NI Fl{ Adiag(s; )

The receiver is interested to the estimate of the channel of each user in the frequency
domain and only on the subcarriers of interest. This estimate can be obtained as follows.
First the samples related to the channel of user k are extracted, translated back in time by
n, and the estimate in the sampling time domain is rebuilt; in vector form:

R A o- I O =

_ (L). | Yixn L LKx(LK -7, -L)
hk - Rkheq’ Rk - ‘ 0 ‘
(N=-L)xLK
Then the estimate is transformed in the frequency domain (corresponding to the sampling
frequency) and the phase and the residual phase offset are corrected, if present. Finally the
estimated frequency response is selected over the subcarrier of interest via the allocation
matrix. In vector form
h{") = e~ioc N A diag((a{V)" Fyh, = e NA"diag((a?)’ JFyRhL);

eq
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Notice that when Nk/K is integer, than N, coincides with ni, & = 0, diag((a{y)’) becomes
the identity and the previous estimator becomes exact, as far as the channel matches the
model. Otherwise, when n, is different ny, & is not 0, then the estimator is suboptimal
because the correction diag((aly)") is done after the windowing function implemented by
matrix Rk, which has inevitably cut part of the spread channel response.

Finally, the total estimator to be applied to the received signal r is

CIE e/ \/NAHdiag((aE('?'f) ) FuR, (NIIL-I,NFIUAAHFNIL,N + O-rZILK )_I\WWNF,C’Adiag(Saf );
In case of non-integer Nk/K the set of indexes characterizing I,nis [0, ..., L= 1, n;, ..., n; + L —
1, .., N, +L-1].

Efficient implementations can be found via FFT. The inverse matrix is constant for a given
number of users and IFFT size N, so it can be pre-calculated and stored. The diag((a%))*)

can also be made after the subcarrier extraction in order to lower the number
multiplications from N to M.

The calculation of the variance of the noise estimate is a little bit involved and will not be
presented here. It follows the general rules of a linear Gaussian model.

ML channel and noise estimation

A final algorithm is proposed, inspired by the ML algorithm described before, in which the
noise variance before equalization is estimated jointly with the channel.

The rationale of this algorithm is the following one. Consider the equivalent channel
estimate in the sampling time domain (after the IFFT at the transmitter side). If the users’
channels have limited delay, then the remaining channel taps will contain only noise. The
algorithm consists in estimating the channel on a larger number of taps, the ones exceeding
the channel delay will be used to estimate the channel variance just by calculating the
average of the mean amplitude of the channel taps. At this aim the matrix Iy in (3.1.10)
must be redefined according to an enlarged set of taps [0, ..., L =1, nps, ..., Nne, Ny, ..., N+ L —

1, ny+ Nps, oy Ny+ Npe, ooy N 4+ L=1, Ny 1+ Nps, .., N 4+ Npe], With

L-1<n.,n,, <n,

ns?’’ "'ne

Let’s call this matrix Iy, isa N x KL, with L, =L + ne—ns + 1.

Gyt = e % \/NAHdiag((aS('ny) )" FAR, (NIZNFII\;’AAHFNIL,N + Ur2|u< )" \/NITH,NF/\’;IAd"aQ(SS,f );
and matrix Rg is now defined in order to extract only the channel taps and not the ones of
noise which are used for noise variance estimate. Notice that when Nk/K is not integer, the
noise estimation will be in any case degraded, since the suboptimal estimator is not able to
suppress all the convolution effects from the channel estimate and this will influence the
noise variance estimate too. Moreover, the regularization will be harder since the number
of variables to be estimated is larger than the ones in the ML algorithm. This will be detailed
further in the simulation section.

3.1.2 Simulation settings

The investigation of channel estimation for two-way relaying is carried out under SC-FDMA.
3GPP LTE specifications have been followed as far as possible in the simulator, but we do
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not strictly follow them, even if the results are representative of what can be obtained in
3GPP LTE.

Main simulation parameters are reported in Table 3-1. The study consists in a comparison of
the performance of different channel estimation techniques and on the optimization of
their parameters. Details on the variation of these parameters will be given or recalled in
the subsection with simulation results.

Frame structure

Bandwidth 1.4 MHz
Subcarriers number 128 subcarriers, 72 useful
Frame length in time 10 ms

Subframe length (granularity in [ 1 ms (2 slots)
time)

Subcarrier spacing 15 kHz

Number of symbols per subframe 12, corresponding to extended CP

Allocation unity 1 Resource Block (RB)
RB spacing 180 kHz, 1 ms
Number of subcarriers per RB 12

Total number of resource elements | 12x12 = 144
per RB

Control channel overhead NA

Total number of pilots per RB, Pilot | 2 Reference Signals (RS) consisting of 1 OFDM symbol each
channel overhead (over the allocated subcarrier) per subframe

Total symbols for time | NA (UL only is studied here)
synchronization per frame

Reference signals LTE-like: CAZAC sequences of the length of allocated RBs
FBMC filter NA (SC-FDMA with CP)

Overlapping factor NA

Modulation and coding schemes Uncoded QPSK (only channel estimation is studied here)

Transmitter/Receiver

BS number of antenna From 1to 4

HH number of antenna 1

Transmission scheme Virtual-MIMO (up to 4x4)
BS antenna pattern isotropic

HH antenna model Isotropic
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Propagation

Fast fading channel models Extended Typical Urban (ETU), Extended Pedestrian-A (EPA),
Hilly Terrain 1 (HT1)

Channel estimation Standard (LS), ML and ML + no

Table 3-1: Simulation parameters for channel estimation for two-way relaying

For every point in the simulation at least 10000 subframes have been simulated. For
definition of fast fading channel models, please refer to [6]. It is supposed that all users are
synchronized and timing advance is working so that signals arrive all at the same time at the
receiver. Simulations were done by sampling the signal (and the channel realization) at the
sampling frequency Fs = 15 * 128 = 1.92 MHz. An extended CP of 16.67 us has been used in
order to have maximum robustness in very spread channels like the HT1. The extended CP is
equal to 32, which is 1/4 of 128 and corresponds to the CP overhead. Since the channel user
are multiplexed by time shifts of the CAZAC sequences, a maximum of 4 users can be
multiplexed without renouncing to cover the maximum delay spread of 16.67 ps.

Since channel estimation is more challenging when the number of pilot symbols is small, a
configuration with 2 and 4 RB has been studied, i.e. respectively 24 and 48 subcarriers,
meaning that the CAZAC sequences have length equal to 24 and 28 respectively. Notice that
a small number of RB matches well with the voice application in PMR, which does not
require a lot of band.

The CAZAC sequences used here are not exactly the ones specified in 3GPP LTE. As a matter
of fact, RSs in LTE are specified starting from CAZAC sequences of length equal to the largest
prime number smaller than the target RS length, which are cyclically extended to match the
RS length. This generation procedure has been inserted in the standard in order to have a
large number of available RSs of the same length. However, the RS sequences generated
with the previous procedure lose their perfect zero-correlation property. This fact
introduces a degradation of the channel estimation performance. In order to avoid these
effects, which are not the focus of this study, CAZAC sequences matched exactly to the RS
length have been used (even if from their family has smaller cardinality). The expression of
these CAZAC sequences, in the frequency domain, is given in (3.1.3).

The metric used to characterize the performance of the estimation algorithms are:

e The BER before decoding called also uncoded BER. Quadrature Phase Shift Keying
(QPSK) is used in all simulations.

e The Normalized Truncated Mean Squared Error (NTMSE) of the channel estimate,
which measures the error of estimate just over the sub-band of interest, normalized
over the channel power

e i i |
el

e The Mean Squared Error (MSE) of the noise variance estimate calculated as

TNMSE =
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MSE ,, = E[

2
5o

Notice that the NTMSE of the channel estimate depends on the user and the antenna
identity, ﬁﬁ(’f’}) is the estimate of the channel frequency response over the M subcarrier of

interests from user k and antenna 1 (without loss of generality), while hf(’f’f’) is the ideal

channel. NTMSE is currently stated in the frequency domain but it can be equivalently
calculated in the time domain. In this case, the impulse response must be calculated at the
symbol time. The definition coincides with the one in [31].

3.1.3 Simulation results

In the figures of this subsection, “standard” or “stand.” refers to the LS equalizer (3.1.5).
Extensive simulations were done in Extended Typical Urban (ETU), Extended Pedestrian-A
(EPA), and Hilly Terrain 1 (HT1) channels as said in section 3.1.2. However, in order to not
have tens of figures in the deliverable, only a selection of results and the main conclusions
are presented here. EPA, ETU and HT1 have been chosen because their different degrees of
frequency selectivity, low for EPA, medium for ETU and high for HT1 which has also taps
with delays higher than the CP length.

3.1.3.1 Single user case

The proposed channel estimation algorithms are first validated in the single user scenario.
Results on the ETU channel are presented since it is a representative channel in urban
environment which is important to PMR application. The results are provided for an
allocation of 2 RBs, i.e. 24 subcarriers.

Nu=1,Nr=1, M=24, ETU, standard CE
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Figure 3-4: NTMSE of channel estimate for ETU channel, 1 user and 1 rx antenna, 2 RB,
LS estimation
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Figure 3-5: NTMSE of channel estimate for ETU channel, 1 user and 1 rx antenna, 2 RB,
ML estimation
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Figure 3-6: NTMSE of channel estimate for ETU channel, 1 user and 1 rx antenna, 2 RB,
ML + noise variance estimation

Figure 3-4, Figure 3-5, Figure 3-6 present the NTMSE of the studied channel estimation
algorithms with one user and 1 receiver antenna. In this simple case, the shift parameter s
of the LS algorithms given in (3.1.7) has no impact since there is no channel impulse
response truncation for separating users (see Figure 3-4). For the ML algorithm the effect of
the shift is counterproductive, while the regularization factor ;2 has negligible impact (see
Figure 3-5). It has to be selected according implementation issues (e.g. good conditioning of
matrixes). For the ML estimation algorithm plus noise variance, the shift was directly set to
0, and the performance of the estimation was studied with respect to the regularization
factor and the number of samples per user dedicated to the noise variance estimate (n in
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Figure 3-6). The optimum value of 6% is 1073, while 5 samples for estimating the noise. This
number is directly linked to the fact that increasing the number of samples for the noise
variance estimate worsens the matrix conditioning of the algorithm.

Nu=1, Nr=1, M =24, ETU, standard CE
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! —S—shift=1
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noise variance MSE
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Figure 3-7: MSE of noise variance estimate for ETU channel, 1 user and 1 rx antenna, 2
RB, LS and ML estimation

Nu=1,Nr=1, M=24, ETU, CE ML + noise, shift=0
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Figure 3-8: MSE of noise variance estimate for ETU channel, 1 user and 1 rx antenna, 2
RB, LS and ML estimation

Noise variance estimate (3.1.8) has been used for both LS and ML algorithms, results are in
Figure 3-7. Figure 3-8 shows the noise variance MSE for the ML + noise algorithm but the
performance is deceiving with respect the simple algorithm in (3.1.8). Better performance is
obtained by increasing the number of samples dedicated to noise estimate, but this way
cannot be followed because of problems of bad matrix conditioning in the channel estimate
as explained before.
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Figure 3-9: BER for ETU channel, 1 user and 1 rx antenna, 2 RB, LS estimation
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Figure 3-10: BER for ETU channel, 1 user and 1 rx antenna, 2 RB, ML algorithm

39/106

ICT-EMPhALtiC Deliverable D7.1



ICT 318362 EMPhALIC Date: 13/02/2015

Nu=1,Nr=1, M=24, ETU, CE ML + noise, shift=0
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Figure 3-11: BER for ETU channel, 1 user and 1 rx antenna, 2 RB, ML + noise algorithm

Figure 3-9, Figure 3-10, Figure 3-11 present BER curves (over coded bits, without decoding)
for the three algorithms. These curves give a measure of the degradation of performance
when both channel and noise variance estimates are used. The LS standard algorithm loses
roughly 2 dB, the ML one about 1 dB and the ML + noise one about 1.5 dB. For the ML +
noise algorithm the best combination of parameters is 6> = 1073 and 5 samples for noise
estimate.

It has been verified by simulation that the standard LS algorithm loses around 2 dB also for
EPA and HT1 channel (for HT the measure point is at BER = 1072). The ML algorithm loses
about 1 dB for EPA and HT1. The ML + noise algorithm loses about 1.3 dB in EPA channel
and about 4 dB in HT1 channel.

Table 3-2 gives the optimal parameters for the different algorithms and channels selected
by observing minimum degradation in BER. For the ML algorithm the choice of > = 1073
and s = 0 is done. Sensitivity to the regularization factor was observed, except in channel
with extreme frequency selectivity.

Algorithm EPA ETU HT1

LS (standard) Independent of s Independent of s Independent of s

ML s=0,02=1073 s=0,02 =102 s=0,0%=10"*

ML + noise $=0,02=10"3,n=5 |5=0,062=10"3,n=5 |s=0,02=10"3,n=5

Table 3-2: Optimum parameters of the channel estimation algorithm in the single user
case
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Figure 3-12: BER for QPSK in SU setting, 2 RB; black solid curves ETU, red dashed
curves EPA, blue dotted curves HT1
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Figure 3-13: BER for QPSK in SU setting, 4 RB (right plot); black solid curves ETU, red
dashed curves EPA, blue dotted curves HT1

A summary of the BER performance with the channel and noise variance estimation
algorithms is given in Figure 3-12 and Figure 3-13, respectively for 2 and 4 RB.

Degradation is observed for 6> = 10™3 with increasing number of RB for the ML algorithm,
this is due to the fact that the channel becomes more frequency selective and hence a

better approximation of the matrices is required.
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The ML + noise algorithm is the worst performing one and hence will not be investigated in
the multi-user case.

3.1.3.2 Multi user case

The MU case is of interest to the two-way relaying technique and more in general to any
technique with superposed users, like virtual MIMO in UL.

In the MU case the standard LS algorithms shows its limitations, linked to the fact that for
separating the channels, the impulse responses must be truncated. The truncation
generates a loss of energy and a degradation of performance which is higher with increasing
frequency selectivity of the channel. In EPA channel and 2 users, the LS algorithm behaves
acceptably. However, in ETU and HT1 channel a strong degradation is present. Results on
ETU are reported here in detail.
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Figure 3-14: NTMSE of channel estimate for ETU channel, 2 users and 2 rx antennas, 2
RB, LS estimation

Figure 3-14 show the NTMSE of the LS algorithm for ETU channel with 2 users superposed
over the same 2 RB. An error floor appears in the NTMSE due to truncation of channel
power when separating the two channel estimates. This floor is minimized by selecting a
shift s equal to 3 or 4. Figure 3-15, in the same case, the MSE of the noise variance estimate.
The estimate is independent of the shift value and does not show any floor because it is
derived by using the equivalent channel estimates (sum of all the delayed channels), which
has not problems of truncation. No other figures of the MSE of the noise variance estimate
will be shown below because its behaviour is always acceptable and it does not raise any
issue. Figure 3-16 shows the BER performance. As for the NTMSE, the optimal shift s is equal
to 3 or 4. An error floor appears due to the low quality of channel estimate.
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Figure 3-15: MSE of noise variance estimate for ETU channel, 2 users and 2 rx antennas,
2 RB, LS and ML estimation
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Figure 3-16: BER for ETU channel, 2 users and 2 rx antennas, 2 RB, LS estimation

Figure 3-17 presents the comparison of BER curves with 2 users and 2 receive antennas for
the LS and ML algorithm. The ML algorithm uses the following indexes {0, 1, ..., 31} for the
first channel and {64, 65, ..., 95} for the second channel. While in EPA channel the two
algorithms have substantially the same performance (about 2 dB from the case with ideal
channel information), performance of ML is radically better in ETU channel. In ETU at target
BER = 1072, the ML estimation algorithms loses about 3 dB while the LS algorithms 5 dB and
exhibits an error floor later on. In HT1 the two algorithms show a high error floor, which is
smaller for the ML algorithm.
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Figure 3-17: BER for QPSK, 2 users and 2 rx antennas, 2 RB; black solid curves ETU, red
dashed curves EPA, blue dotted curves HT1

The estimation algorithm should work also in the case in which path-losses of the users are
different. This fact is particularly important in ad hoc applications without a central receiver
which manages the times of arrival and controls the power levels as in LTE. Different power
loading factors were then allocated to the two users in order to simulate the impact of
unequal path losses. The ratios between the powers range in between 0 dB and -30 dB.

Figure 3-18 and Figure 3-19 show the NTMSE in ETU channel for 2 users and different power
ratios respectively for the LS (standard) and ML algorithms. Solid curves refer to the user
with fixed power (0 dB) while dashed curves refer to the user with variable power. The Es/No
is calculated for the user with fixed power. For the second user, its SNR at the receiver will
be PL(2)Es/No where PL(2) is its power loading factor. It can be seen in the figures that the LS
algorithm continues to have a NTMSE floor for all the power loading factors simulated here.
The ML algorithm does not introduce such a floor, even for very unbalanced power loading
factors. Similar results hold also for the other channels. The noise variance estimate (not
shown here) has an MSE independent of the power loading factors applied to the users,
since it is calculated over the total received channel which is agnostic of the power loading
factors, only the total receive power matters.
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Figure 3-18: NTMSE of channel estimate for ETU channel for different power loadings, 2
users and 2 rx antennas, 2 RB, LS estimation; solid curves user with 0 dB power loading,
dashed curves user with moving power loading
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Figure 3-19: NTMSE of channel estimate for ETU channel for different power loadings, 2
users and 2 rx antennas, 2 RB, ML estimation; solid curves user with 0 dB power
loading, dashed curves user with moving power loading

Figure 3-20 shows the BER curves for the case with users with equal powers (solid curves)
and users with a difference of 10 dB in the received power (dashed curves) for the three
channel models investigated here. As for the case with equal powers, the ML algorithm
performs better than the LS algorithm for ETU and HT1 channel, while it is comparable for
EPA channel.
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Figure 3-20: BER for ETU channel for 2 users having equal power loading (solid curves)
or a difference of 10 dB (dashed curves), 2 rx antennas, 2 RB; black curves ETU, red
curves EPA, blue curves HT1

Figure 3-21 show BER results for the case with 3 users, 3 receive antennas and equal power
loadings. In this case, the model corresponding to the ML algorithm, which has been chosen
for its low complexity, does not matches exactly the reality of the signal and thus it
introduces degradation in the channel estimate. This degradation increases with the
number of RB; hence, only the case with 4 RB is reported, where the effect is more evident.
In these cases, the ML algorithm works worse than the standard LS one for EPA, it works
comparably for HT1 and it works better for ETU but only starting from a certain SNR value.
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Figure 3-21: BER for QPSK, 3 users and 3 rx antennas, 4 RB; black solid curves ETU, red
dashed curves EPA, blue dotted curves HT1

In case of 4 users with an extended CP, the LS and ML technique arrive at their maximum
theoretical capability. In fact, for 4 users, the delay of the RS between two users is equal to
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the CP length. Hence, increasing the number of users above 4 implies sacrificing the
robustness to delay spread, or introducing additional interference in case of high delay
spread. Moreover, inside the ML algorithm, matrix becomes more and more badly
conditioned, which degrades the performance. Let L. be the number of channel tap
estimates per user, then the maximum Lc is equal to 32. The performance of the algorithm
has been studied for different channels and number of RB. As an example, results in ETU are
reported hereafter for the case of 4 RBs.
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Figure 3-22: NTMSE of channel estimate for ETU channel, 4 users and 4 rx antennas, 4
RB, LS and ML estimation
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Figure 3-23: BER for QPSK for ETU channel, 4 users and 4 rx antennas, 4 RB, LS and ML
estimation

The NTMSE of the channel estimate with 4 users 4 receive antennas for ETU channel is
shown in Figure 3-22. The NTMSE presents a floor for high L. and for low Le, the optimal
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value being L. = 11. High L introduces degradation due to the bad conditioning of the
matrices of the ML algorithm, even in presence of a regularization factor, fixed to 1073. Low
Lce introduces degradation due to model mismatch (too few taps considered in the channel).
The BER view is given in Figure 3-23. The optimal L. yields a BER degradation of only 2 dB
with respect to the ideal curve. The same result is found for the case with 2 RB, where the
degradation is 3 dB.

For EPA channel, the optimal L. is 6 for both 2 and 4 RBs, with a degradation of 2 and 3 dB
respectively. The standard LS algorithm loses 2 dB with respect to the case with ideal
channel information for both 2 and 4 RBs.

For HT1 channel, performance is in any case degraded, even trying to tuning further the
regularization factor. The best L is 32 in this case.

Since the receiver is in general agnostic to the fast fading channel model, a unique L. for all
channels must be fixed for the ML algorithm, which will introduce degradation in the
performance. We choose to set L to 21, since it will allow to deals channels with a delay
spread up to 11 ps.

An overview of the BER results for variable number of users and receiver antennas for ETU
channel is given in Figure 3-24 and Figure 3-25 respectively for 2 and 4 RBs. Black curves
represent performance with ideal channel state information, blue curves are for ML
algorithms and red curves for the LS algorithm. For the case of 4 users L. is equal to 21
while in the other cases it is equal to 32. In general the ML algorithm works better than the
LS one for ETU even with the suboptimal choices of the algorithm for 4 users. Degradation
for 3 users is due to the mismatch of the theoretical model of the ML algorithm, while for 4
users it is due to a mismatch in the choice of L. It has to be noticed that for 2 RBs, even if
error floors appears, at the target BLER of 107, the ML algorithm compares favorably to the
LS one. Nevertheless the degradation with respect to the ideal CSI performance improves
with the number of users, due to the higher number of variables in the estimation problem.
In the case of 4 RB, at the target BLER of 1072, the ML algorithm suffers from higher
degradation for 3 and 4 users, but nevertheless it compares favorably to the LS one in all
cases.

In the EPA case, not shown here for reducing the deliverable length, the ML algorithm
performs substantially equivalently to the LS algorithm for 2 RBs. In the case of 4 RBs, it
suffers from BER degradation with respect to the LS algorithm for the case of 3 and 4 users,
for the same reasons of the ETU channel.

In the HT1 channel and 2 RB, not shown here for reducing the deliverable length, the LS
works better for 1 user, but the ML wins for 2 and 3 users, while they have the same
performance for 4 users. In the 4 RB case, the LS works better for 1 user and the two
algorithms have substantially the same performance for 2, 3 and 4 users.
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Figure 3-24: BER for QPSK and ETU channel 2 RB; black: ideal CSI, red: LS, blue: ML
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Figure 3-25: BER for QPSK and ETU channel 4 RB; black: ideal CSI, red: LS, blue: ML

3.1.4 Final remarks

In this subsection different channel estimation algorithms for two-way relaying with SC-
FDMA were presented and compared. The standard LS algorithm suffers from performance
degradation as long as more than 1 channel per antenna is estimated. The proposed ML
algorithm is able to improve the estimate quality, especially for frequency selective
channels, whose delay spread is lower than the CP length. A third algorithm estimating at
the same time the channel and the noise was tested but it is not retained due to its inferior
performance. The ML algorithm can be optimized according the number of users and fast
fading channel model. A setting of parameters agnostic to the channel model was proposed,
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which introduces performance degradation in certain cases. Even if the LS estimation
algorithm has similar or slightly better performance than the ML one in channel with low
frequency selectivity, the ML algorithm seems to be the best choice when the estimation
algorithm must face channels with changing frequency selectivity. The conclusion is that
there is no blocking point to the implementation of the two-way relaying technique as far as
channel estimation is concerned and the number of users is less or equal to 4. Increasing the
number of users above 4 is not recommended, especially in the PMR context, since
important degradation of the channel estimates are expected. Increasing the number of
users above 4 could be supported by using another base CAZAC sequence having low inter-
correlation with respect to the first one. This option is not supported by LTE but could be a
possibility if the channels of more than 4 users are to be estimated.

3.2 Achievable rate region for FBMC based two-way relaying systems

In this section we characterize the achievable rate region of FBMC based two-way Decode-
and-Forward (DF) relaying channel.

3.2.1 Description and motivation

Orthogonal Frequency Division Multiplexing (OFDM) has been widely applied in modern
broadband systems to provide high data rate service. However, the large frequency
sidelobes of OFDM signal result in inter-band interference to the adjacent systems when
synchronization is not guaranteed [57]. Moreover, the insertion of the Cyclic Prefix (CP) in
each OFDM symbol decreases the system spectral efficiency. To overcome the limitations,
the attention is drawn toward FBMC techniques. FBMC does not require any CP and has
reduced sidelobes and thus less inter-band interference. Therefore, the FBMC system is
more spectrally efficient and thus might be more suitable for critical communications such
as public safety applications as shown in Section 3.1.1.1.

Relaying techniques have been invented to improve the coverage and throughput of
wireless networks. Compared to one-way relaying schemes, two-way relaying schemes
provide better spectral efficiency since two nodes exchange information simultaneously
through an intermediate relay node in two time slots. In [56], OFDM based two-way DF
relaying network has been investigated. A power allocation problem has been formulated to
maximize exchange rate, which is defined as the maximal data rate can be simultaneously
achieved in both directions.

In the following, we study the power allocation problem for a FBMC based two-way DF
system in order to maximize the exchange rate. For our considered scenario, if the channel
is frequency flat fading, the power allocation problem is convex and thus is solved in the
same way as in [56]. However, the existence of frequency selective channels results in Inter-
Symbol Interference (ISl) and Inter-Carrier Interference (ICl) and the resulting problem is a
Difference of Convex functions (DC) problem, which is in general non-convex and NP-hard.
Therefore, convex relaxation methods are required.

3.2.1.1 FBMC based two-way DF relaying channel

We consider a 3-node two-way DF relaying system in Figure 3-26, where two Hand-Held
Terminals (HHTs) HHT; and HHT, exchange information via an intermediate relay node.
Each node is equipped with a single antenna and operates in half-duplex mode.
FBMC/OQAM is chosen as the multi-carrier technique and the available bandwidth is
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divided into N subcarriers. Moreover, the channels are block fading and perfect
synchronization is assumed. The transmission takes two phases. In the, Multiple Access
(MA) phase all the HHTs transmit to the relay simultaneously. The HHTs use multi-tap pre-
equalizers per subcarrier as in [57]. That is, the Signal to Leakage plus Noise Ratio (SLNR) is
minimized. The relay decodes the received symbols using a real valued single-tap equalizer,
i.e., only power allocation is considered at the relay. Afterwards, in the BroadCast (BC)
phase, it re-encodes the data using network coding and via single-tap power adjustment.
Then it re-transmits the encoded data to the HHTs [56]. Again, multi-tap equalizers are
implemented at the HHTs. Moreover, the equalizer is designed such that the SLNRs at the
receivers are maximized [57]. Finally, a complete received data model is given by

YRn Z‘VP1nh1(§)X1n + P2nh£?7)x2n +ZRn1 (321)
Yoo = NP P X + 2 (3:22)
Y2n = PRn Ez(i)XRn +22n’ (323)

where Xi, and Xz, are transmitted Pulse Amplitude Modulation (PAM) symbols on the n-th
subcarrier in the MA by the terminals HHT:1 and HHT,, respectively. Xg, denotes the
transmitted data by the relay Tz in the BC phase and Pi,, i = 1, 2, R represent the powers
allocated to terminal T; on the n-th subcarrier. The interference terms and the noise terms

are presented by Z,, =1, +1,, +Wg,, Z,, = 7:,, +W,,, and Z,, = 72,, +W,,, where Ip

represents the ICl in the MA phase and l~,-n denotes the ICl in the BC phase. Furthermore, we
have

E{W,n|2}= o2, i=12R
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The equivalent channel from HHT; to relay is denoted by h{® and h{®) represents the

Pin + Pin+1’ i= 1’2 (324)
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} B Qin’n71PRn +Q; PRnf1 + Qin,n+1PRn+1! =12

channel from the relay to HHT;. The coefficients Q,, , and ﬁ,,m are calculated as discussed
before and their detailed description is the same as in [57]. It is worth mentioning that these
parameters depend on the channel state information h, between HHT; and the relay and E,

between the relay and HHT,..
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HH, R HH;
] ——

X11 f Yp1 | X21
h(e) h(e)

Xiy |————— Yay |—— Xon

(a) Multiple Access (MA) phase

HH, R HH,
R(©) _ » 10

T = i = Yy1
E(e) I | ;l(e)

Yin = Xan = Yo

(b) Broadcast (BC) phase

Figure 3-26: Multiple access and broadcast phase in the proposed two-way DF protocol

3.2.1.2 Achievable rate region via optimal power allocation

Let R12 and Rz represent the rates from HHT: to HHT, and from HHT, and HHT;,
respectively. According to [56], they should satisfy

Rip <minful(X;;Ye|X,),(1- 1)I(X g3 Y5))

Ry < min{ul (X, Ye|Xy),(1= )I(X g3 Yy)) (3.2.5)
where u € (0,1) denotes the fixed proportion of time slot allocated to the MA phase,
X, =X Xn],i=1,2,Rand Y, =[Y,;,---, Y |, i =1, 2, R. Following the proof in [56],
each mutual information term corresponds to a parallel point-to-point channel. For

example, /(XR;YZ):ZZ:1I(XR,,;Y2,7). In our FBMC model, if the PAM input symbols are

independently Gaussian distributed with unit variance, the interference is also Gaussian
distributed because it is the sum of Gaussian random independent variables. Therefore, we
get the following inequalities
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N (e))2
R <,uZlog 1+ P P
2= n=1 ? E{lllnlz} + O—Rn ,
N (e)
I | PRn
R S(l—,u)Zlog 1+ ,
12 n=1 2 E{|12n|2} + JZn
N QI
I I PZn
Ry, < /xz log| 1+ )
2 nei 2 ( E{|12n| }+0Rn
N | (E)IZPRn (326)
R S(l—,u)Zlog 1+ ,
2 - 2 E{Illnl }+01n

N
h(e)ZP +h(e)2P
R+ R < 2 <1+ han |*Prn + 1h Pon )

E{lllnlz} + E{”anz} + JRn

N

Z < Pimax ! = 1,2, R,
n=1
P

=>0,i=12,R, VEN,

where V' = 1, -+, N. The terms inside the logarithmic function can be expanded as

Lo PPy
E{Ilinlz} + aRn
=1
s |1 12Py,
-Qin,n—lpin—l + -Qin,npin + -Qin,n+1pin+1 + O-Ign
(3.2.7)
Qinn-s + 11?2 Dignsa
B 1+ l;}’é; Pin—l +mnTPin +%Pin+1
- £; £; £;
1+ mn 1Pm 1 + O_mnpm_i_ 2_1'271+1Pin+1
Rn Rn Rn
1+ a{npi .
—rl - 112r
1+ bmpl

where p;, a;, and b, are column vectors € RN. The elements of a;,, and b;,, are zeros
except at the indexes {n — 1,n,n + 1}. These vectors can be expressed as

pi = [P, -, Pin]", (3.2.8)
1 T
a,(n—1L,nn+1])= 0'_2 [-Qin,n—lf inn T |h(e)|2: Qin,n+1] ) (3.2.9)
Rn
1 T
bin([n - 1, n,n+ 1]) = 0_—2 [-Qin,n—li -Qin,n' 'Qin,n+1] . (3210)
Rn
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The indexes 0 and N + 1 are discarded. Following the same calculation we get

h)2p 1+a’
! mzl R 2T AwPr gy (3.2.11)
E{|lin|?}+ 05 1+ b] pg
where
pR = [PRli""PRN]T; (3212)
a lis 5 @z
dp(In-Lnn+1]) = 0__2 [Qin,n—l'ﬂin,n + Ihin |, -Qin,n+1] ) (3.2.13)
in
- 1 ~ ~ ~ T
bm([n - 1; nln + 1]) = 0__2 [Qin,n—:[; Qin,n; Qin‘n+1] . (3.2.14)

in

Our objective is to maximize the exchange rate Ry = min ( R;,, R,1) . This optimization
problem can be decomposed into finding the multiple access rate Ry, Which corresponds
to finding Py, and P,,, in the MA phase, and the broadcast rate Rz, which aims at finding
optimal Pg,, [56] in the BC phase.

In the MA phase, the terminals HHT; and HHT, can transmit total powers less or equal to
Pimax and P, .4 respectively. The optimization problem can be formulated as follows

max Rma
P1n, P2n, RmaA, NEN

s.t.

(3.2.15)

N T T
po <K Z log (1 +ai,p, + aznpz>
MA = )
2 2 1+ bInpl + bgnpz

n=1

Pp =0, Py, =0, VR EN.

The first three constrains are differences of concave functions, i.e. log,(1+ a’x) —
log,(1 + bTx). The problem is known as DC programming problem which is in general non-
convex. In order to solve this problem, we propose to extend the POTDC method introduced
in [58].

Taking the first constraint as an example, we introduce an auxiliary variable t;
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RMA =10 (2) Z lOg (1 + alnpl) (3216)

< t. 3.2.17
lOg(Z)Zlog (1+b1np1) —tl ( )

The non-convex function is then replaced by its linear approximation around a starting value
p? such that P2, are positive and satisfy the maximum power constraint. The linear
approximation of logarithmic function is given by

T
~ ()}
lOg (1 + aTx) =~ lOg (1 + aTx ) + m (x - xo). (3218)
Then the non-convex constraints can be rewritten as
RMA =10 (2) Z lOg (1 + alnpl) (3219)
N bT
log( ) Z {log (1+ b1, p)) + m (P — P?)} <t. (3.2.20)

In the same way the second and third constraints are formulated. In the third constraint we
have bT, p, + b%,p, = [b],, bL, 1[p}, pL.]". Finally, we obtain the following convex
problem

max Ruma
P1in, Pan, Rma, NEN

s.t.

N
U
Rya < mZ log(1+af,p)—t;
n=

T

Mz

log (1 — 1" _(p, —pN)! <
log( {og( +b1"p1)+1+b{np2(p1 pl)}_tl,

n=1

U
Rya < log (2) Z:ll()g (1+al,p,)—t,

(3.2.21)

bT
log(1+b —_— Nt <ty
log(z)Z{og( + an2)+1+b’£np0 (pz pZ)}— 2

u
Rya < log (2) Z log (1 + al,p; + a3,p,) — t3
n=
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N
log 2 Z {10g (1 + bl,p? + b3, p9)

bl,(p, —p)) + bl (p, — p‘z’)} <y
1+ blnp1 + banz 3

N
Zpln Slea)(' ZPZn SPZmaX:
n=1

n=1

+

P, >0, P,, >0, VYneN.

After solving the problem in the first iteration, the optimum value is denoted as R, ,(1), the

optimal solution are obtained as pgl) and pgl). In the second iteration, pgl) and pgl) are
used in the linear approximation of the second iteration. This process continues so that in
the k-th iteration, pgk_l) and pgk_l) are used. The iterations stops when the difference
between the optimum values of two successive iterations is less or equal to a desired

threshold, that is
IR —RUD) <. (3.2.22)

The similar approach can be applied obtain the achievable rate in the BC phase. Finally, the
exchange rate is calculated as the minimum achievable rates in the MA phase and the BC
phase.

3.2.2 Simulation settings

In all the Monte-Carlo simulations, the ITU-Vehicular A channel model is considered. Using
sampling frequency F; = 15.36 MHz leads to a channel with 40 taps, all are zeros except at
the indexes 0,5,11,17,27,39 and the complex coefficients at these taps are i.i.d Rayleigh
distributed random variables with power equal to the values given in the power delay
profile. The frequency domain channel gains for OFDM are generated using M-point Fast
Fourier Transform (FFT).

The maximum allowed power Py is equal to 1 W for all nodes, and the noise variance is
identical and equal to o2 at all nodes. The average sum rate for both nodes is calculated as

2R
R = N TW (bit/Hz/s), (3.2.23)

where Ng, denotes the number of samples per symbol, T; the sampling frequency and W
the bandwidth. In OFDM, a cyclic prefix (CP) of length C samples is added so that, the
symbol length is N + C samples, whereas in FBMC twice number of samples are generated
but each sample represents a PAM symbol. To have a fair comparison between the
OFDM/QAM system and the FBMC/OQAM system, the rate achieved in the FBMC system is
divided by 2. And in both systems T,;W = 1, therefore
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2R

Rorpm = N—-I—XC (bit/Hz/s), (3.2.24)
2R

Rppmc = TX (bit/Hz/s). (3.2.25)

The cyclic prefix in OFDM system is assumed to be 6.67% and the average SNR is taken as

PZ#. The equalizer (pre-equalizer) has L, = L, (Lp, = Lp,) so its length is represented by

La (Lb)-

Frame structure

Sampling frequency

15.36 MHz

Subcarriers number

64, 128,512

OFDM CP 6.67% Symbol period
FBMC filter OFDM/OQAM PHYDYAS
Overlapping factor 4
Transmitter/Receiver

Noise power spectral density Various

Equalizer length 1,3,5,7

Pre-equalizer length 1,3,5,7

Transmission scheme SISO

Propagation

Fast fading channel models

ITU-Vehicular A

Channel estimation

Ideal

Table 3-3: Simulation settings for FBMC based two-way relaying strategies
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3.2.3 Simulation results

M= 128

—v— FBMC La=1
| —&— FBMC La=3
—— FBMC La=5|
—<&—FBMC La=7 |

<D

()]

I

Average sum rate (bit/s/Hz)

5 0 5 10 15 20 25 30 35
SNR (dB)

Figure 3-27: Sum rate vs SNR achieved by FBMC with different L, and OFDM for M = 128

Figure 3-27 illustrates the achieved rate in a FBMC system using M = 128 subcarriers and
the same number of taps L,for both the pre-equalizer and equalizer in MA and BC phases,
respectively. It is shown that FBMC outperforms OFDM until specific SNR, namely 15, 25, 35
dB for L, = 1, 3,5 respectively. The effect of the equalizer length is important in the high
SNR regime. For example, L, = 3,5,7 have the same performance at 15 dB. But if we
increase the number of taps by 2 every 10 dB starting from L, = 2, the achievable rate will
keep increasing.
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M=128

Average sum rate (bit/s/Hz)

’5 0 5 10 15 20 25 30 35
SNR (dB)

Figure 3-28: Data transfer rate for each hop achieved by FBMC two way relaying for M =
128 with different L, and L,

The comparison between implementing equalizer or pre-equalizer is drawn in Figure 3-28. It
is seen that for the same lengthi.e., L, = L, the same performance is achieved.

La=5

—p— FBMC M=64 : : : :
7H =—+=FBMC M=128 .- .- -0 .. ... ...
—— FBMC M=512 ‘ ‘ ‘ '

Average sum rate (bit/s/Hz)

A | | | | | | |
’5 0 5 10 15 20 25 30 35
SNR (dB)

Figure 3-29: Sum rate vs SNR achieved by FBMC for different M and L, =L, =5
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In Figure 3-29 the effect of M is evaluated. As expected, higher number of subcarriers
requires less number of taps for the equalizer to maintain the same performance.

3.2.4 Final remarks

We have evaluated the achievable exchange rates of OFDM and FBMC based two-way DF
relaying systems. Simulation results show that the FBMC-based systems can provide a
higher data rate than OFDM-based ones especially when multi-tap equalizer or pre-
equalizer is applied at the terminals. The drawback of applying pre-equalizers and equalizers
is the increased computational complexity compared to pure power allocation schemes.
Nevertheless, the achieved gain is worth the complexity and the FBMC based systems can
become a candidate for future broadband PMR systems.

3.3 Two-way AF relaying for FBMC with SIC

3.3.1 Description and motivation

Since the successive interference cancellation is currently available only for the SISO
configuration, as elaborated in EMPhALtIC D3.2 [2], for the two-relaying application, only
direct application of the SISO configuration is available at the moment. The real-domain
processing, pertinent to the FBMC format is used, allowing for utilization of mutual
independence of noise components on in-phase and quadrature components at the Analysis
FilterBank (AFB) outputs to provide a form of (additional) diversity. At this stage the
potentials of the embedded noise prediction and cancellation to be developed and
presented in EMPhALiIC D3.2 [2] will not be evaluated.

The targeted application is ad hoc networking with insufficient coordination among
transmit, and receive user terminals, in terms of time and frequency synchronization and
channel estimation, and in cellular one, where is of interest to reduce the relaying overhead.
Examples of these two scenarios are summarized in Figure 3-1, please refer to its
description for the out-of coverage DMO cluster part for more details on the PMR scenario.

In SISO case, AF is considered here. Further elaboration and simulation results are provided
in the sections below. Notice that DF can also be considered for the SISO case, but it is left
for future work. Block diagrams of the considered SISO two-way relaying configuration is
shown in Figure 3-30 for the two phases of transmission indicated by the respective a) and
b) parts.
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UEA RE UEB
1 1 o
UEA RE UEB

Figure 3-30: SISO two-way relaying: phase 1, a) and phase 2, b)

In line with the real-valued framework SISO model (EMPhALtIC D2.2 [4]) and its extension to
the MISO, as introduced in EMPhALtIC D4.1 [1], the (n,k)-th received signal time-frequency
bin in the second phase by each of the two user terminals is the sum of two signals and
receiver noise, that is, in case of the terminal A

1 2Ly, 1 2Lgys,
ri A=Y DA AEN (A + Y, DA (BYERT (B) + BL(A) (3.3.1)
k'==1n"==2L,. . k'=—1n"==2Lg.,

where £ are the real-domain three impulse responses of the global filters. £5’is the

impulse response for the subchannel &, 5;‘,:‘ represents the interferences from the upper
k,—1
As described in EMPhALIC D3.2 [2], for SISO case, in absence of the second term in (3.3.1),
and with availability of the equivalent subchannel impulse responses decoding of the
(presumably unknown) data proceeds in an iterative — Successive Interference Cancellation
(SIC) manner, illustrated in Figure 3-31.

sub carrier of index k+1 and & .7 interferences from the lower subchannel of index « -1.

__________________________ .
|r SISO detector/coder |
| | a
n sIC = _ SISO L
‘detector’ - - decoder i =
|
| A |
| m -t |
| |

Figure 3-31: Block-scheme of the turbo-like iterative interference cancellation based
data detection

3.3.1.1 SISO AF case

In this configuration, the single-antenna relaying terminal merely amplifies the signals
received from the two communicating terminals, and retransmits the composite signal to
them in the next time frame. This implies different channel transfer functions for the
terminal’s own signal and the signal that had been sent to the relay from the other terminal.
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More detailed block-diagram, with simplified notations regarding the signals and transfer
functions involved, is shown in Figure 3-32.

. » ri+r2+nl ,
'7 — R ¢_h§_ B —
sa
| = 7 = Y
Pl Y
(r1+r24n1)*ha" +n2 (r1+r24+n1)*hb" +n3

Figure 3-32: The relay system in the case of AF

Although in the transmission phase 1, there is no need for use of preamble signals regarding
the channel estimation from the point of view of the reception by the repeater, its presence
is needed for the second phase of transmission, when each of the two communicating
terminals needs suitable organized training blocks to estimate the subchannel impulse
responses pertaining to its (known) signal and the signal from the other terminal, in order to
be able to subtract (the contribution to the composite signal) of its own signal and to
subsequently detect/decode the signal that had been sent from the other one — UEA from
UEB and vice-versa, UEB from UEA.

Since the channel pertaining to the UEA as seen from UEB is different form the channel
between the repeating terminal, either a training signal with interlaced pilot, i.e. training
symbols could be devised for the reduction of the training overhead, at least for the initial
analysis it is assumed that the training interval is separated into two parts, for example the
first half devoted to the signal transmitted from the UEA, and the first half for the signal
transmitted from the UEB. (The preamble organization and channel estimation is to be
performed in an efficient way regarding the introduced overhead, in particular pilot-based
as in EMPhAtIC D3.1 [2]. For the presented simulation results, we did use relatively long
preambles and estimated the subchannels impulse responses consecutively.) Considering
only the User terminal A side, in the first step, the UEA firstly estimates the relevant
(subchannel, direct and inter-bin cross-talk) impulse responses. In the second step, it
reconstructs its signal sent in the phase 1. In the third step it estimates the relevant impulse
responses pertaining to the signal sent from the UEB, and subsequently performs its
transmit signal detection/decoding as in the standards SISO mode.

More specifically, taking the received signal into relay having the form:

r=ri+rxtng, (3.3.2)

where r; represents the signal sent from antenna A after passing through channel h’, rz is
signal send from antenna B after passing through channel hy” and n;is white Gaussian noise,
it is sent to antennas A and B through channels hy” and hp”, respectively.

The signal which is arrived into antenna A has form

Ui = (sa*hs” + sp*hp” )*ha” + n2 (3.3.3)

where s; and s, represents the symbols sent from antennas A and B to the relay, and n; is
the repeater’s retransmitted (receive) noise. If we denote hs'*hs”” as hg and hy’*h,” as hp,
(3.3.3) becomes:

Ui = Sa*hg + sp*hy. (3.3.4)
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The user terminal A knows its own symbols s,, in order to decide on the symbols s, sent
from antenna B, what is needed is to estimate the impulse responses hs and hp.

First, training sequence is sent to relay by antenna A through channel h,’. Then the relay
sends the received training sequence to antenna A through channel h,”. The received
training sequence into antenna A is:

t1 =sq.*ha"*ha”, (3.3.5)

or if ha’*hs”" is denoted as h, (3.3.5) can be rewritten as:

t_‘l :Sa*ha. (3.3.6)
By using training signal from (3.3.6), based on known data, the impulse response hq is

determined. In the same way is determined the impulse response hp, based on the training
sequence having been sent in the phase 1 from the antenna B.

The symbols sent from antenna B can now be inferred from the signal that remains after
subtracting the contribution of the known signal, as per the following equation:

1 2Lg.n,

Foe+ B == > > stk (3.3.7)

K'==1n"=-2Lg,p_

where the left over user terminal B signal model for the SIC-based detection of its data can
be written as

k L e Kk Tk ’
R Rk
an - Z Z Sbn—n"hbnv +ﬂ1n (338)
K=—In"="2L,.,

In the (3.3.8), the term ﬁlﬁ represents the sum of two noise samples, one on relay

reception side and another one on antenna A reception side, denoted with n; and n; in
Figure 3-32.

3.3.2 Simulation settings

For the simulation we use Rayleigh flat fading channel and multi-tap channel model and the
1000 independent fading realization are used to get reasonably good statistic.

Frame structure

Subcarriers number

8 subcarriers / 6 useful

Subcarrier spacing

175 kHz

FBMC filter

Raised cosine

Overlapping factor

4

Modulation and coding schemes

4 QAM, convolutional code with rate 1/2

Propagation

Static fading channel models

Rayleigh, flat

Rayleigh, multi-tap channel (delay profile given in Table 3-9.

Channel estimation

Preamble-based Least-Squares method
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Table 3-4: Summary of simulation parameters

Delay [ns] Power [dB]
0 0

100 -5.4287
200 -2.5162
300 -5.8905
400 -9.1603
500 -12.5105
600 -15,6126
700 -18,7147
800 -21.8168

Table 3-5: Multi-tap channel delay profile

3.3.3 Simulation results

3.3.3.1 SISO AF case

Simulation results are shown in Figure 3-33 and Figure 3-34. In these pictures is shown the
comparison between standard SISO scenario (blue curves) and the described AF scenario
(green curves). The “BER raw” and “BER coding” represent un-coded and coded
(convolutional code of constraint length 7 and coding rate 0.5) curves respectively. The
green curves represent the BER for the unknown data on the e.g. side A, see Figure 3-30,
when the known data is subtracted from the arrived, as shown in (3.3.7). It can be seen that
there is a mismatch of several dB which is expected because when we use AF relaying
strategy, we have two noise components, one on the relay side and another on receive-
terminal antenna side, which is denoted with n; and n; in Figure 3-30 respectively. The noise
prediction and cancellation methodology, to be presented in EMPhALtIC D3.2 [3] can be used
to partly compensate for the reduced SNR due to the AF relaying mechanism.
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4-QAM, Flat fading 60T, N=8

——BER raw SIC SISO
BER raw SIC Relay AF

0 5 10 15 20 25 30
SNR (dB)

Figure 3-33: BER in function of SNR for the AF relay case for Rayleigh flat fading channel

4-QAM, Block Length = 100B, R=1/2, RmsDelay = B, 60T, N=8

—-BER raw SIC Relay AF
BER Coding SIC Relay AF

SN -¢-BER Coding SIC SISO

107 —-—BER raw SIC SISO

. A
L 23 \A\
10°

15 20 25 30
SNR (dB)

Figure 3-34: BER in function of SNR for the AF relay case for multi-tap channel

While in the flat fading conditions the convolutional code cannot improve performance
beyond the un-coded ones, for multi-tap channels the effect of coding is apparent, but still
the BER performance is for around 5 dB worse than in the SISO case.

3.3.4 Final remarks

In this section we proposed an AF relay strategies which leverage the real-domain SIC
framework for the two-way relaying scheme. A mismatch of several dB with respect to the
SISO case can be seen in the performance, but it is expected and it is due to the presence of
two noise components, one on the relay side and another on receive-terminal antenna side.
For frequency selective channels the effect of coding is apparent and brings a performance
improvement in the case of two-way AF relaying too.
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The potentials of the real-domain SIC framework in terms of in-phase and quadrature
branch diversity and the noise prediction and cancellation, being developed within WP3 and
the related deliverable D3.2 [3], will further contribute to the attractiveness of using SIC as a
basic element of the basic two-way relaying based networking, even for other relaying
strategies like DF.

3.4 AF relaying in highly frequency selective channels

3.4.1 Description and motivation

In this section we investigate the benefits that an AF relay can bring to a point-to-point
communications link that employs an FBMC modulation scheme. More specifically, we
compare a single-hop system (source to destination) with a two-hop system (source to relay
and relay to destination) in terms of spectral efficiency. It is important to remark that we
will focus on wireless channels characterized by high frequency selectivity. For this reason,
the simple equalizer with one tap per subcarrier is far from being optimal, since it
introduces a considerable distortion. In the proposed scheme, the issue is overcome by
implementing, at the destination terminal, a parallel, multi-stage equalizer similar to the
one introduced by the EMPhALtIC consortium in Section 3 of [1].

At this point, it is worth recalling that an AF relay is a simple device that retransmits an
amplified version of the received signal. Its simplicity has two main advantages. First, since
almost no signal processing is carried out, an AF relay is a very cheap terminal (or a cheap
function in multi-purpose devices) that requires little maintenance and almost no extra
power, besides the transmitted one. The second advantage is that an AF relay is transparent
to most of the characteristics of the main communications system. Indeed, the AF relay is
not required to decode (or not even to demodulate) the received signal. For these reasons,
AF relays may be of valuable help in Public Protection and Disaster Relief (PPDR) scenarios,
where terminals may be easily lost or difficult to recuperate due to the critical environment
conditions and where we may need to extend the coverage of different PMR cellular-based
or ad hoc-based systems (see also Figure 3-35).

W

o) b b © b

relay, MS MS relay MS

BS

Cellular Mode Ad Hoc Mode

Figure 3-35: Examples of relay application in PMR scenarios.

However, in order to decide whether (or when) AF relaying can be employed to improve
coverage extension in PMR/PPDR scenarios, we need to characterize the total noise at the
output of the FBMC demodulator at the destination. It is well known, indeed, that the main
drawback of AF relaying is the fact that the noise collected by the relay when listening to the
channel is amplified and forwarded together with the data signal. At the destination, the
relayed noise sums up with the classic additive noise of the relay—destination link, thus
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deteriorating the signal quality. Moreover, since we are considering scenarios with
frequency selective channels, the noise process at the relay is filtered by the relay—
destination channel impulse response. This implies that the receiver must deal with a
coloured noise, even when the noise at both the relay and the destination can be modelled
as additive white Gaussian processes. In what follows, the quality of the FBMC link with an
AF relay is characterized in terms of Signal-to-Noise-plus-Distortion Ratio (SNDR) and, then,
this metric is used to compare the relaying scheme with the direct source—destination link.

3.4.1.1 Signal model

Consider a single-antenna, M-subcarrier FBMC system (with M a power of 2). It is well
known (see, e.g., [5] and [38]) that the output of the FBMC modulator can be written as

x = vec([X; 0]+[0 X,),
where vec(+) piles the columns of a matrix and
x=[y'] = V2(ru@ B ® 1101+ jC® [0.1)) © (P ® [10D)

is the matrix collecting the modulated symbols. In the last equation we have also introduced
the M x M Fourier matrix [Fyli<mnsy = M~ exp [j%(m - D(n- 1)] , the diagonal

. M+2
weight matrix ® = diag,,=1 . u {e"’”W(m_l)} and the M X k matrix

pn[1] - pn[MGc—1)+1]
P = (3.4.1)

pn[M] - pn[Mk]
where py[n],n =1, ..., N, is the real-valued prototype pulse of length N = Mk and k € N
is the overlapping factor. Moreover, the operators @ and ® stand for the Kronecker
product and row-wise convolution, respectively, while the M X Ng matrix A =B + jC
gathers the N; complex multiband symbols to transmit. The elements of B and C are
modelled as i.i.d. real random variables with zero mean and variance Py, /2.

The signal vector x is received by the relay through the uplink channel h,[l],l =1, ..., L,,
together with a circularly symmetric additive white Gaussian noise n,, of variance ¢;2. Then,
the relay amplifies the signal by a factor VA, A € R*, and forwards it to the receiver through
the downlink channel hy[l],l = 1, ..., L. At the receiver, new noise samples are added. We
assume that the noise n; at the receiver is also circularly symmetric, additive, white,
Gaussian with variance o7 and independent of n,,. It is straightforward to prove that, in
order for the relay transmitted power to be P, one has to fix the amplification factor such
that

A= s
= - .
2%2?{:1 pl%l[n] 21=1|hu [l]lz + 0-1%
The receiver implements a parallel K-stage FBMC demodulator/equalizer like the one
proposed in [5], which is basically a particular case of the one in Section 3 of [1], with a real-

valued prototype pulse gy[n] of length N = Mk as py[n]. Hereafter, we will assume that
the prototype pulses fulfil the reconstruction conditions

(Iz K (IM/Z + ]M/Z)) R(pn, qn) = [OMX(K—I) 1y OMX(K—l)]

(3.4.2)

and
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(Iz X (IM/Z - ]M/Z)) Sy, an) = OMX(ZK—l)'
where

P; ® Ju/2Q2 P, ® Ju/2Q2
Row ) = o1 & purse] @8 = oy @ jurnc )
with Q a matrix built from gy[n] as P is built from py[n] in (3.4.1), and where Jy is the X X
X anti-diagonal matrix. Also, 1,,is the column vector of M ones and Oy x is the M X X
matrix filled with zeros.

(3.4.3)

After a careful inspection of the model above, we can think about the signal at the receiver
output as consisting of three different components, one due to the data signal X, one due to
the AWGN ny collected by the receiver and one due to the AWGN n,, collected by the relay
and filtered by the downlink channel h;[l]. Note that, since the system is linear, the first
two components correspond to the signal at the output of the receiver if we had
transmitted over a direct point-to-point link with channel h,,[l] = VA(h, * hy)[l] of length
Ly, =L, + Ls; — 1. This means that, when the transmitter—relay channel is noiseless (i.e.,
a2 = 0), the transmitted symbols at subcarrier m are retrieved with a SNDR given by

Py
P(K) (m) + Pvg;) (m)'

where, according to [5], Pe(K)(m) is the residual interference power due to a non-perfect

SNDR ()220 = (3.4.4)

equalizer and PM(,{;)(m) is the noise power due to the downlink channel. The expressions for

the two terms at the denominator, both depending on the number of demodulation /
equalization stages K, are as follows [5]:

2P
PYO(m) = =22 (ReAH(K chmmtr [ XER U + XEU

MR+ (3.4.5)
+ ImZ{KK}m,mtr [X}{QU— + X(K)U+])
2072 Re{K;K;}
PI(m) = =2 T .}, (3.4.6)
Zo rzo Ml+r|{AH(0)}mm| Z 5

where we have introduced the following quantities:
e letxandy be any two vectors of proper Iength and build R(x,y) and S(x,y) as it is
done in (3.4.3) for py and qy. Then R(pN, (K)) (pN, qI(VK)) and ng) =
S(pN, dy )ST(pN, (K)) with q(l) the [-th derivative of the pulse qy;

e the diagonal matrices A, ) are built from the equivalent channel h,,[l] according to
L , — 2T m— —
A0}, = T (=i = 1) hgg[llewm=DE=D;
e the diagonal matrices K; are built recursively, starting from Ky, =1,,, as K; =

- (=pt-m
—A %o) PIEN g AL a-mKopy,;

e thematricesUt =1, ® (IM/z + ]M/Z);

e and the vectorr;, = {R(q,(vl), ql(vr))} , that is the k-th column of R(q,(vl), ql(vr)) with
LK
gnIn] = qy[N —n +1].
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To complete the analysis of the relay channel, we still need to characterize the effect of the
uplink noise on the received signal quality. Since such a noise is independent from the data
signal and from the downlink noise, it is straightforward to see that the SNDR at the m-th
subcarrier presents a third term at the denominator, namely

Py,
P (m) + pvg{;) (m) + P (m)

The power PM(,{;)(m) of the uplink noise at the output of the equalizer has an expression that

SNDR (m) = (3.4.7)

is slightly more complex than the one of PV%) (m), since it has to take into account the effect

of the downlink channel, which filters and colours the i.i.d. noise samples collected by the
2T

relay. More specifically, let ®) = diag;=1. . um {e’fﬁ(m_l)} and rls"rt be the (k + 1)-th

column of R(q,(\,”(s),q,(\,”(t)), with gy(s)[n] = gy[n — s + 1] a delayed version of gqy[n]

and, as before, q,(vl) (s) its [-th derivative, whereas 61,(\,1) (s) indicates that time has been
reversed. Then, the uplink noise power can be written as

K-1 La M
P(K) (m) _ ZAO"& z z Re{hd [S]hz [t]KlGiI_l(Kr@fw_l)*}m,m Z{rs’t
wu - 2 Lr '
M Lr=0s,t=1 Ml+r|{AH(°)}m.m| n=1 "
The proof follows similar steps to those of (3.4.5) and (3.4.6) in [5], thus we report here only
the most significant ones. To start with, the contribution of the uplink noise at the output of

the equalizer can be written as Wy, = W, ¢yen @ [1,0] + W, o4 ® [0,1], where

K-1 La
W, =VEEY Y P8l At K 05 o) (N, © (14Q0()).

=0 s=1

The M X (Ns + k) matrices N, ,,*€ {even,odd}, are filled with the elements of n, =

T
T T T .

[nu,O Ny q nU—,Z(NS+K)] according to
N _ [Muo Dyz ot Dya(ng+e-1)
theven Ny Mgz o Myang+r)-1

and
N _ [nu.l n,s - nu,z(Ns+;c)—1]
u,0dd n,, N, - Ny oni0) |

respectively. Now, naming w,,,(r) the r-th column of W,,,, the uplink noise vector
component corresponding to the r-th multicarrier symbol after destaggering can be written
as w, = Re{wu,odd(r)} +jIm{wu,even(r + 1)}. After some algebra, the covariance matrix of
w,- can be shown to be

K-1 La
1 _ _ _ _
C, = Ad? Z Z G [Re{halsIA (K05 '} Im{hy[s]AL (o K,OF}]
Lr=0s,t=1

Lnjf —jﬁfjl lRe{hd[t]A;I%o)Kreggl}

Djf Dy |[Im{hr,[t]A (K, O }]
where
D}t = ®Fff[diag{U*r;’} + diag{U~ s }(J, ® Iy/2) |Fu @,

D;y = ®Fj[diag{Ur;} + diag{U*s;7}(J2 ® L) [Fu®”,

Lr
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with
L | baYea’ o)
36, aP®))

The power of the uplink noise component at the m-th subcarrier, that is PM(,I;) (m), is hence
the m-th diagonal element of C,,.

1:M/2,k

M/2+1:MKk+1

3.4.2 Simulation settings

To assess the results presented above, we consider a system that is compliant with the
directives of [6] (see Table 3-6 for a summary of the parameters). More specifically, we take
M = 128 subcarriers (for simplicity we assume that they are all active) separated by 15 kHz,
so that the sampling frequency is 1.920 MHz. The chosen prototype pulse (at both the
transmitter and the receiver side) is the one proposed by the PHYDYAS project [7], with
overlapping factor k = 4, depicted in Figure 3-36.

Frame structure

Subcarriers number 128 subcarriers
Subcarrier spacing 15 kHz

FBMC filter OFDM/OQAM PHYDYAS
Overlapping factor 4

Modulation and coding schemes QPSK (4-QAM)

Propagation

Path-loss model d~%, where d stands for the distance and a € [2,4]is the
path-loss exponent

Fast fading channel models ITU Extended Vehicular A (EVA)

Channel estimation Ideal

Table 3-6: Summary of simulation parameters
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Amplitude

0 0.5 1 15 2 25 3 35 4
Symbol Time

Figure 3-36: Prototype pulse used in all simulations.

The uplink (source to relay) and downlink (relay to destination) channels are generated
according to the Extended Vehicular A (EVA) model [8]. In order to have a fair comparison
between the AF relay channel and the direct link, we proceed as follows: the direct channel
is obtained by taking the convolution of the uplink and downlink channels of the relay and
then normalizing the path loss to 1. Moreover, the path losses of the uplink channel and of
the downlink channel are given by d~* and (1 — d)~%, respectively, where d € (0,1) is the
distance from the source to the relay and a € [2,4] is the path-loss exponent. An example is
depicted in Figure 3-37. Also, we assume that the additive white Gaussian noise on both
channels has the same variance, namely 62 = 63 = 02,
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Figure 3-37: Normalized amplitude (unitary path loss) and phase (only for the equivalent
channel) of the channels used to compare theoretical and simulated values of SNDR.
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Finally, note that we focus on full-duplex relays that can transmit and receive at the same
time. For simplicity, we assume an ideal/perfect electromagnetic separation between the
receiving and the transmitting radio frequency chains at the relay, thus neglecting all self-
interference issues. Naming P the total available power in the system, we fix P;, = P. =
P./2. Conversely, we have P, = P, when the direct link with no relay is considered. Note
that the same results apply to a half-duplex relay. In that case, however, both the source
and the relay transmit during half of the time and, thus, P, = P. = P; while the spectral
efficiency of the link for the m-th subcarrier will be given by I, = log(1 + SNDRy (m)), as
opposed to Irp = log(1 + SNDRg(m)), to account for time duplexing.

3.4.3 Simulation results

To start with, in Figure 3-38 and Figure 3-39, we compare the theoretical results of the
previous section with empirical ones, obtained by averaging the measured SNDR of Ng =
1000 multicarrier 4-QAM symbols transmitted over the channel represented in Figure 3-37.
The SNR, defined as the ratio between the total power P; and the noise variance a?,is set to
20 dB and 40 dB, respectively. First of all, in Figure 3-39, we note that the difference
between the empirical results and the theoretical ones increases as we increase the number
of equalization stages K. This is due to the fact that the chosen pulse does not fulfil the
perfect reconstruction constraints (and the assumptions on its derivatives required by [5])
perfectly and, thus, the expression (3.4.5) of the residual interference power is not exact
anymore. This fact can only be noticed at high SNR (e.g., Figure 3-39, 40 dB), where the
residual interference after equalization is the most significant source of error. On the other
hand, at lower and more practical SNR values (e.g., Figure 3-38, 20 dB), the approximation is
tighter, since the noise is the dominating impairment. As a final remark, note that at SNR =
20 dB, there is a noticeable gain of almost 5 dB when going fromK =1to K = 2
equalization stages, while adding a third stage brings almost no benefits.
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Figure 3-38: Comparison of simulated (dots) and theoretical (lines) values of SNDR at
SNR = 2 = 20 dB and for different numbers of equalization stages.
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Figure 3-39: Comparison of simulated (dots) and theoretical (lines) values of SNDR at
SNR = % = 40 dB and for different humbers of equalization stages.

Having verified that the empirical results fit to the theoretical ones, we now use the latters
to compare the AF relay channel to the direct point-to-point channel. More specifically, for a
relay placed half way from the source to destination (that isd = 0.5), we investigate the
mean spectral efficiency over the M subcarriers, namely

M
1
I'== log(1+ SNDR,(m)), (3.4.8)
m=1

where SNDR (m) is given by (3.4.7). The curves in Figure 3-40 and Figure 3-41 are obtained
averaging 500 different channel realizations. Apart from the spectral efficiency of the AF
relay channel, the figures also report the results of the direct link and of two different
flavours of DF relay. More specifically, the spectral efficiency of the direct link is computed
as in (3.4.8) but using the SNDR expression for a point-to-point channel that can be found in
[5] (basically, the SNDR is given by (3.4.4) with the path loss of the equivalent channel
normalized to 1). On the other hand, a DF relay splits the channel into two separate hops
and each one of them can be seen as a point-to-point link. The end-to-end spectral
efficiency is hence the minimum between the spectral efficiency of the two hops. We can
consider two different encoding schemes: the first (the DF-1 curve) scheme encodes each
subcarrier stream independently of the others and, then, the spectral efficiency is computed
as

M
1
— . (up) (down)
I = M z log(l + min {SNDRK (m),SNDR;, (m)}).
m=1
The second scheme (the DF-2 curve), instead, corresponds to the case where all the
subcarriers streams are encoded jointly to exploit the diversity offered by the FBMC
modulation. The resulting spectral efficiency is
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M M
1
I = Mmin{z log (1 + SNDRYP (m)), Z log (1 + SNDRS?“”“(m)) .

m=1 m=1
Note that, according to the idea that the relay should be a simple device, the number of
equalization stages at the DF relay has been fixed to one, as opposed to K = 2 for the
equalizer at the destination.

Spectral Efficiency [nat/s/Hz]

20  -10 0 10 20 30 40 50
SNR [dB]

Figure 3-40: Mean per-subcarrier spectral efficiency as function of the SNR for a = 2.5
and averaged over 500 channel realizations.

—+— AF

Spectral Efficiency [nat/s/Hz]

20  -10 0 10 20 30 40 50
SNR [dB]

Figure 3-41: Mean per-subcarrier spectral efficiency as function of the SNR for a = 3.5
and averaged over 500 channel realizations.
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Both Figure 3-40 and Figure 3-41 show that the AF relay improves the spectral efficiency of
the link for a wide range of SNR values. Moreover, the gain over the direct link increases
with the path-loss exponent. For example, for a spectral efficiency of 4 nat/s/Hz, the gain is
around 2 dB for a = 2.5 (Figure 3-40) and around 5 dB for @ = 3.5 (Figure 3-41). A higher
gain for larger path-loss exponents was expected, since the channel quality of short links—
as compared to a long one—is higher when the path-loss exponent takes large values.

From the two figures one can also realize that the spectral efficiency of both the AF relay
channel and the direct link saturate at a common value around 8 nat/s/Hz as the SNR grows

large. The reason for this is that the residual interference power Pe(K) (m) in (3.4.5) does not

depend on the SNR. Actually, the ratio Ptx/Pe(K)(m) only depends on the shape (and not on
the amplitude) of the channel. Then, as the noise power tends to zero, the SNDR tends to

Ptx/Pe(K) (m). In our simulations, this ratio takes the same value for both protocols, since we
have built the direct link as a normalized version of the AF relay channel.

As for the DF relay, we see that its spectral efficiency saturates to a much lower value (just
above 5 nat/s/Hz) at high SNR. One should recall that the number of equalization stages at
the relay has been fixed to one, in order to contain complexity. This is indeed the bottleneck
of the DF relay channel, as it can be readily guessed from Figure 3-38 and Figure 3-39.
Conversely, for medium values of SNR, the per-subcarrier DF relay (DF-1) gains 1 dB over the
AF relay as a result for not forwarding noise, while an extra decibel can be gained if all the
subcarriers are jointly coded (DF-2).

0.4
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—&— Direct
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Figure 3-42: Mean per-subcarrier spectral efficiency as function of the SNR for a = 3.5
and averaged over 500 channel realizations—zoomed in.

As a final remark, note that the spectral-efficiency curves of the AF relay channel and of the
direct link cross at some low SNR value (see, for example, the zoomed in detail of Figure
3-41 in Figure 3-42). This does not happen by chance: it is not difficult to prove that, as the
SNR goes to zero, the spectral efficiency of the AF relay channel is given by
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Iyr = SNR? + 0(SNR?),

Hyg ()
where nfﬁ(m) = APV%) (m)/o?, cf. (3.4.6). Conversely, for the direct link, it is

Ip, = ——=——SNR + 0(SNR),
255 (m)

that is, the spectral efficiency of the AF relay channel decays faster than the direct link one
as the SNR tends to zero. Note, indeed, that the channel gain* appears at the denominator
of (3.4.6). When the direct link is considered, the channel gain is one (at least its mean
value) and, especially, does not depend on the SNR. Conversely, the equivalent channel of
the AF relay scheme is hq[l] = VA(h, * hy)[l] and, then, the channel gain decreases with
the SNR, as suggested by (3.4.2), causing the noise power of the downlink channel to
increase without bound.

3.4.4 Final remarks

This section has analysed the effect of an AF relay in a point-to-point FBMC link with a
parallel multi-stage equalizer at the receiver. More specifically, a theoretical expression for
the SNDR has been derived that takes into account the noise forwarded by the relay from
the uplink channel to the destination. Simulation results show that reasonable gains can be
obtained over a direct point-to-point connection, especially for SNR values in the range 0—
30 dB and in lossy environments with a high path-loss exponent. As compared to a simple
DF relay (with a classical one-tap equalizer per subcarrier), there are some marginal losses in
the range 0-20 dB, while the AF relay becomes a better choice for higher values of SNR.

On the other hand, simulations and a low SNR approximation also revealed that an AF relay
is not a good choice when the signal power is feeble. Indeed, the equalizer at the
destination is based on channel inversion and the gain of the equivalent AF relay channel is
close to zero, since it is proportional to the power transmitted by the relay. For this reason,
it is our intention to further investigate into this problem and evaluate the performances of
similar schemes employing different equalizers that do not need to invert the channel like,
e.g., the MMSE-based equalizer.

3.5 CoF for FBMC: a scheme adaptation and comparison to AF and DF

Cooperative and relay aided communications have attracted a lot of attention due to their
ability to provide high data rate, coverage and combat fading in wireless channels. The key
idea is to enable users to cooperate, or use relays as intermediate nodes in transmitting
their messages to the destination. This offers spatial diversity for applications in which
temporal, spectral, and antenna diversity are limited by delay, bandwidth, and terminal size
constraints. However, practical implementation of various relaying protocols remains a hard
task due to the complexity and the substantial cost of the required coordination between
users. Multiple Access Relay Channel (MARC) has emerged as a promising approach offering
a compromise between the complexity and the advantages of cooperative systems. In this
architecture, the users operate as in the context similar to a multi-access channel (non-
cooperative). Thus, for some relaying protocols, users do not need to be aware of the

4 The elements of the diagonal matrix A, are the coefficients of a M-point FFT of the equivalent channel
impulse response heq[1].
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existence of the relay. Consequently, all the cost and complexity introduced by exploiting
cooperative diversity is placed at the relay and the destination.

In this section, we focus on Compute-and-Forward (CoF) protocol proposed by Nazer and
Gastpar [66]. In this scheme, relay nodes decode finite-field linear combinations of
transmitters’ messages, instead of these latters. However due to the existence of intrinsic
interference related to FBMC transmission, relay nodes become unable to compute
interference-free linear combinations. Our aim in this work is to overcome this problem by
adapting the CoF scheme to FBMC modulation. Moreover, a performance comparison is
carried out between CoF and the most commonly used relay schemes: AF and DF, used in a
similar MARC setup.

3.5.1 System Model

Figure 3-43: Uplink of PMR multi-access relay network

In PMR networks operating in 410-430 MHz or 450-470 MHz bands, implementing MIMO
systems is very complicated due to various issues: additional space, weight and wind
loading. In order to overcome this problem, multi-access relaying schemes provide a good
alternative to conventional MIMO systems. In this section, we consider the uplink of a FBMC
based PMR multi-access relay network that consists of two source transmitters S;1 and S, a
half-duplex relay node R and a destination receiver D. All nodes are equipped with a single
transmit/receive antenna. The key idea of the considered multi-access relaying schemes is
that the base station D becomes, with the help of the relay, able to decode the signals
coming from both source transmitters. However, it is worth mentioning that the following
work is not limited to the scenario depicted in Figure 3-43 and can be applied to various
scenarios.

The communication between the source transmitters and the destination is achieved with
the help of the relay in two time slots. In the first one, both sources transmit their
respective signals. Then, R implements its relaying protocol on the superposition of received
signals and transmits the resulting signal to the destination D during the second time slot>.
Three relaying protocols are considered: CoF which is extended to FBMC in this
contribution, and then compared to the other two protocols AF, DF. Each protocol is
described further in the following paragraphs.

5 During the second period, both sources remain silent.
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It is wise to mention that, in our model, the relay assigns equal power to help each user.
Optimizing the relay’s power allocation might further improve performance, but is not
considered in this work.

All signals propagate through different multipath channels using a similar propagation
model. Let hg,., hs 4 and h,.; be the impulse responses of the channels of the links: S.j{.-1,2)
2R, S.|{=1,2 2D, and R = D, respectively. The equivalent sample-spaced impulse response
of each channel can be expressed by,

L-1
h(t) = Zhi(S (¢ —%T) (3.5.1)
i=0

where, ng <ny; <--<n;_y <Cand C is the maximum delay spread of the channel
normalized by the sampling period T/N. T and N denote respectively the FBMC symbol
duration and the total number of subcarriers in the system. The complex channel path gains
h_i are assumed mutually independent where E[h;h;] = y; and IE[hih;f] = 0 wheni #j.
We further assume the power is normalized for each channel such that Y-} y; = 1. We also
assume that the propagation channels are stationary over one FBMC symbol.

3.5.2 Analysis of different Multi-access Relay strategies

In this section, we describe the different protocols used in our multi-access relay network.
As mentioned previously, we consider: AF, DF and CoF protocols. Also, each node is
equipped with a single antenna except the relay in the DF case which needs two receive
antennas to decode the signals of both sources. Furthermore depending on the number of
receive antennas at the destination, two cases are analyzed:

a. Destination with a single receive antenna: In this case, the existence of the relay is
necessary. Otherwise, the destination becomes unable to decode both transmitter
messages.

b. Destination with two receive antennas: The relay in this case is used to improve the
system BER performance since it can be seen as an additional receive antenna.

For the sake of comparison between CoF and other protocols, we analyze in this section
respectively, AF, DF and CoF schemes.

3.5.2.1 Multi-access amplify and forward (MAF)

In this protocol, the relay listens to both source transmitters during the first period. Then, it
amplifies and forwards the composite signal resulting from the superposition of both
received signals to the destination during the second period. It is obvious that in this
protocol, the relay needs only a single transmit and receive antenna. Let s;(t) and s,(t) be
the base-band continuous time model of FBMC transmit signals of S1 and Sz respectively.

We write then [38],
+o00 N-1

2TC i
s1(t) =VP Z Z alt), f(t —nT/2)e/ T™ eiomn

n=—o 11‘(]1?(1) (3.5.2)

2T i
s2(t) = VP Z Z al f(t —nT/2)e! T™ eJomn

n=-—oo m=0
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Where, a()

mn are the transmitted real-valued PAM symbols with variance gy =§

representing both in-phase and quadrature phase components of QAM symbols. Moreover,
f(t)is the real-valued pulse response of the prototype filter, P is the source transmit

power and @, , = %(m + n) — wmn is introduced to ensure a phase shift of ig between

the adjacent transmitted PAM symbols along time and frequency [38], [59]. We can express
the composite signal at the relay receiver with the following sum,

Yr(£) = 51(8) * Ry (t) + 52(8) * sz () + 1 () (3.5.3)

The operator * stands for the convolution product and n,.(t) is the Additive White Gaussian
Noise (AWGN) at the relay receiver with zero mean and variance ¢2. In order to calculate
the amplification factor, we need to compute the power of y,(t). Since s;(t), s,(t) and
n,.(t) are uncorrelated,

E[ly,1?] = E[y.y/]
= E[(51(t) * hs1r () (51 () * hg1, () ] (3.5.4)

+ E[(55(6) * hozr () (52(8) * b2y () | + Elm, () (8)]
Furthermore, we can write,

E[(5.(0) * her(0) (5.0 * her ()]

—E[Zhsr(l)s t——T Zh;T(L)s )

It is also worth noticing that,

b B ()= L 50

Consequently, the power of y,.(t) can be written as,

(3.5.5)

L-1
Ellyp 2] = 07 + P ) Thaar DI + lhear DI 357)
i=0
Assuming the knowledge of ¥+=3|hs1,- ()| + |hsyr(i)]? and 62 to the relay node, this latter
can compute a scalar S, allowing the normalization of its transmit power:

P P
Bar = (3.5.8)
AT JEDY ]~ JoZ + PEicdlhey DI + gy DI
Therefore, we express the signal at the output of the relay transmitter as,
Sy (t) = ﬁAFyr(t) = BAF(sl (t) * hslr(t) + Sy (t) * thr (t) + nr(t)) (3-5-9)

As mentioned previously, we distinguish two cases at the destination:

c. Destination with a single receive antenna
Let ysq and y,4 be, respectively, the received signals from the sources S.|.-1,2 and the relay
R. Then we write,

ysd(t) = Sl(t) * hsld(t) + AY) (t) * thd(t) + ndl(t) (3-5-10)
Substituting (3.5.1) and (3.5.2) in (3.5.10), we obtain
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2 L-1 N—1 +oo I
21 i
Vsa(t) = \/_ZZ hsd(l)5 t _Disan Z ( . )eJTmteﬂpm,n
=1 i= m=0n=—oo
+nd1(t)
2 N-1 +o0 L—-1 T o o nls
=VPY N a e hog@f (£ =T~ et ) ST 4oy, )
=1 m=0n=—co i=0

(3.5.11)

Without loss of generality, let KT be the duration of the prototype filter f(t), where K is an
integer greater than or equal to 1 (i.e. K = 1) Thus, we can say that the bandwidth
occupied by the filter is smaller than the coherence bandwidth of the channel B, =
1/(2t4) [60], [61]. Here, T 5 denotes the maximum channel delay spread. We can also
notice that f(t —nT/2 — 1) may have relatively slow variations when t € [0, tds] [59],
[62]. Indeed, compared to the coherence bandwidth B,, the filter bandwidth is very small,
which also means that the time variations of the prototype filter f(t) are necessarily

limited. Consequently, (3.5.11) becomes,
2 N-1 4o

L-1
nT 2T 2T
ysa@® =VP Y > " afelomnf (=) /T Y hoa(e/ V™5 4 gy (1)
i=0

=1 m=0n=—oo0
. nT\ :2¢m
=P Z Qo €1Omnf (t B 7) e/ T Hy g (m) + ngy (£) (3.5.12)

where,

— 2T
Hyam) = ) hoa(De W s

is the complex gain at subcarrier m of the channel between sources S..-12 and the
destination. After FBMC demodulation of y.;(t), the my-th output of the destination
receiver filter on the n,-th signalling interval (i.e. t = nyT/2) reads,

+00
noT 2T .
Ysa(mo,ng) = f Vsa(Of (t - %) eI T Mot =i Pmono dt (3.5.13)
2 N-1 +4oo

= \/ﬁ Z ag,n ej(wm,n_wmo,no)Hsld (m)

+00
nT naT 2T
) e Formicnainand

2T
where, ng; (mg, ny) =f_+ ng1(®)f (t—noT) “IT™tdt. In FBMC, the prototype filter

f(t)is designed to be well-localized in time-frequency domain. Hence, one can see that
there is a finite set £, 4, Of positions (m, n) in the neighborhood of (my, ny) where the

6 Kis usually called the overlapping factor of the prototype filter.
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) 2T
integral f_+oo f (t — nz—T)f (t — ng—T) eI TM Mt g 2 0. Accordingly, yeq(mg,ne) can be

rewritten in the following form,

2 +
neT
Vsamo, ) = VP ) | a9y Hoalmo) [ £7 (£ ="2) e (3.5.14)
=1 — 00
+ z ag,nej((pm'n_(pmo’no ) Hg4(m)
(Mmn)€Qam an
i T T
n n 2T
< [ r(e=T)r(e-T)erFoman ) namans

It is worth to recall that the design of the prototype filter f(t) must satisfy the following
orthogonality condition,

+ oo

nT neT\ ;2n .
R (t — —) (t — _) Jm=mo)t 5 j(Pm,n=Pmomo) dt
f e g)rE-7)e ¢ " (3.5.15)
= 6n,n05m,m0
1, n=ng. , ,
Where 6, = 0, n#ng is the Kronecker delta. In other words, since f(t) is real, (3.5.15)

can be split into:
+00

f f? (t - g) dt =1 (3.5.16)

—00

and
+oo T T
' .2
af‘r-l)'ne]((Pm,n_‘Pmo,no) f f (t — n_) f (t — nL) e]Tn(m—mO)tdt = ju‘glq?o,no

(3.5.17)

(Mmn)EQam an

with ju,(;go‘nois a purely imaginary term related to the FBMC intrinsic interference. Assuming

that H; ;(m) = Hg 4(my) in the neighborhood 2,,, 4n, We can substitute (3.5.16) and
(3.5.17) in (3.5.14) to obtain,

2
Ysa(mg,ng) = VP Z Hs.d(mo)(aﬁ;go,no + juf;?o,no) + ngq (Mg, ng) (3.5.18)
=1

The received signal from the relay R, y,;(t) is given by,
Vra(t) = sp(t) * hpq(t) + ng2 (1) (3.5.19)
Replacing s, (t) by its expression (3.5.9), y,.q4 becomes,

2
Yra(®) = Bar | D 5(0) % hor(©) % hyg(6) + 1 (6) % hyg(8) | + mga(®)  (35.20)

=1
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Similarly to the changes performed on y;(t), we can derive the (mg, ny)-th output of the
destination receiver filter resulting from the FBMC demodulation of y,.;. We obtain,

2
J’rd(mo:no) = ﬁAF\/ﬁZ Hrd (mO)Hs.r(mO)(agr.?o,no +ju££o,no)
=1

+B4rHyrq(Mmo)n,. (Mg, ng) + ng,(mg, ng) (3.5.21)

2T 2T
where, H,;(m) = Y3 h ,(D)e/N™ e and Hg,(m) = Yig he g(D)e/n™isd are  the
complex gains at subcarrier m of the channels between (R, D) and (S.|.-1,2, D) , respectively.

_ _m
Here, the noise terms are given by n,(mgy, ng) =f_;°nr(t)f (t—%T)e JTMot gt and

— noT\ —j2%mt
naz(mo,ng) = [ nap(Of (t - _) e T 0dt.

- 2
In order to recover both streams a%)n and aﬁ,zl?n, the destination D can apply linear

equalization on each subcarrier like in FBMC based Spatial Multiplexing (SM) (2 X 2) MIMO
systems [63]. To this end, we can write,

Ydmgn, = Hafmo (amo,no + umo,no) + ndmom0 (3.5.22)
where,
®  Ydmgn, IS the (2 X 1) demodulated signal vector:

Yamgn, = [Vsa(Mo, o) Yrg (mo:no)]T ’
®  Hyf o, is the (2 X 2) channel matrix:

H — [ Hg14(mo) Hgyq(mg) ]
afmo BarHra(Mmo)Hs1,(mg)  BapHyq(mo) Hgzyr (M)

T
® A, g, isthe (2 X 1) data vector: a,, = \/ﬁ[a(l) a'? ] ,

(3.5.23)

mo,Ng mo,Ng
: : , _ (1) @ 1"
® Uy, isthe (2 X 1) interference vector: Wy, n = \/F[umo,no umo,no]

® Ng, , is the (2 X 1) noise vector:

Ny, one = [ng1(Mo,no) N2 (Mo, o) + BapHrq (Mo)n- (Mo, ng)]"
Accordingly, we can compute the equalization matrix WH following both Zero Forcing (ZF)
and Minimum Mean Square Error (MMSE) criteria as

H _ (yH “1.0H
me,zf - (HameHame) Hafmo

) (3.5.24)

Wino,mmse = (Haf mg H;lf mg + Dys mo) Has mo

where, D,¢ m, is @ diagonal matrix given by:
o _—
D f = P
arm
° [ 0 Gr%d + ﬁjFIHT'd(mO)IZGT%TJ
P

The recovered data vector a mome 1S COMputed by taking the real part of the equalized signal
ﬁ mo,Ng = 9%[w”fl;'ll.o,)’d mo,Ng ]' (3.5.25)

d. Destination with two receive antennas

In this case, the destination obtains two versions of both signals y,; and y,,;. Let
(Ysa1) Yra1) and (Vsaz, Yraz) be the signals received on antenna 1 and 2, respectively.
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2

Year () = D 5() % hy gy (8) + gy (O

=1
2

Year () = ) 5(0) % hea(6) + 1)
2 = (3.5.26)

Yrar (0) = Bap | D () by () * rgr (6) + 1y () oy () | + g ®)
.=21
Yraz2(t) = Bar Z $.(6) * hs () * hyga(t) + 1y () * hyaa(t) | + nga(t)

=1

Doing the same derivation as in the single antenna case, we obtain a system equivalent to a
FBMC based spatial multiplexing (4 X 2)MIMO system. Equation (3.5.22) remains the same
but with the following modifications,

e The demodulated signal becomes a (4 X 1) vector:

Ydmgn, = [Vsa1 (Mo, 1) Ysaz(Mo, M) Yrar (Mo, o) Yraz (Mo, no)]",

® Hyfp,is the (4 X 2) channel matrix:

H, _ Hs1q91(mg)  Hg1a2(mg)  BapHya1(mg)Hgy,(mg) BAFHrdZ(mO)Hslr(mO)T
almo Hopq1(mg)  Hgzq2(Mg)  PapHra1(Mo)Hgzr (Mg)  BapHraz (Mo)Hspyr (Mg)

(3.5.27)
* ng, . is the (4 X 1) noise vector:
Ng, ne = [na1(mg, o)  naz(me,no)  ng3(mo,ng)  nga(me, no)]
with
ng3 (Mo, ng) = ng3(mo, no) + BarHra1 (Mo)n,-(mo, n)

’ _
Ngqa(Mo, o) = nga(Mo, ng) + BarHraz (Mo)n,- (Mg, no)
e The data vector a,, , and the interference one u,, , remain the same.

In the same way, ZF and MMSE equalizers can be computed as in (3.5.24). However in this
case, it is worth noticing that the autocorrelation matrix of the noise vector becomes,

2
uH]_[oalz 0242
E [ndmondmo] = [02x2 R (3.5.28)

where

R = 0§ + Bip|Hyq1(mo)|?c? ﬁAFHrm(mo)H:dz(mo)UrZ]

| BarHrar (M) Hiqz(mg)a? 03 + Bip|Hyga(mg) |20

3.5.2.2 Multi-access decode and forward (MDF)

We consider in this case, an FBMC based static Multi-access Decode and Forward (MDF). In
this relaying scheme, the relay listens during the first time slot, and jointly decodes the
signals from both source transmitters. This protocol is called “static” because the relay
always tries to decode the received signal even for low SNR, which may propagate the
errors and lead to bad performance in that case. During the second time slot, the relay
transmits the superposition of the FBMC modulation of the decoded signals. The
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transmission of the new modulated signals can be performed using a common transmit
antenna or each source signal is transmitted using an individual antenna. It is worth noting
that decoding at the relay requires two receive antennas.

In this section, Hy;j and Hy;qj stand for the FFT transforms of the channels between:
(Siji=1,2,j-th R Rx antenna) and (Sijiz1,2,j-th D Rx antenna’), respectively. Also, ys,j(mq, no) ,
Vsaj(mg,mg) and y,;q;(mg,ng) denote, respectively, the demodulated signals of the
following links: (both sources, j-th R Rx antenna), (both sources, j-th D Rx antenna’) and (i-th
R Tx Antenna?, j-th D Rx antenna’). Now, the processing at the relay receiver is the same as
an FBMC SM (2 x 2) MIMO one. Hence, after FBMC demodulation, we have

Yrmone = Hg, mg (amo,no + umo,no) + Dy nomo (3.5.29)

Where,
®  Vimgn, IS the (2 X 1) demodulated signal vector at the relay:
Yemgn, = [Vsr1 (Mg, no) YSrZ(mO’nO)]T;
® Hg, , is the (2 X 2) channel matrix:

_ [Hs1r1 (my)  Hsppr(my)

H = (3.5.30)
stmo Hgy,2(mg)  Hgppp(Mg)

® N, , isthe (2 X 1) noise vector:
Dy rnomo — [n1(Mo,g)  Myp (Mg, mp)]"
e The data vector a,, , and the interference one u,, , remain the same.
After ZF or MMSE equalization, the recovered data vector a ., ,,, is computed by taking the
real part of the equalized signal
A myn, = R[Who, Ve mon, |- (3.5.31)

In order to normalize the transmit power at the relay (i.e. it is equal to P), the recovered
data vector a ,,, n, is divided by V2.

As aforementioned, in the second time slot, the relay transmits the FBMC modulation of the
normalized vector & , ,, by:

e Sending the sum of both streams./P/2 (d%) +C~l£,i)),n0) on a single common

0/Mo
antenna
e Orsending each stream /P /2 ‘Nlr(fl)o.no on an individual antenna.
Similarly to MAF case, we distinguish two cases depending on the number of receive
antennas at the destination.

a. Destination with a single receive antenna

Assuming a perfect data recovery at the relay (a ;) », = @ 1, n,), the destination D obtains
after demodulation of the received signals from the direct link and the relayed one,

Yd mop,Ny = demo (amo,no + umo,no) + ndmo,no (3.5.32)

where, the channel matrix Hg¢ ,, is given by (3.5.33) in case of a single Tx relay antenna and
by (3.5.34) in case of two Tx relay antennas,

7 The index j is omitted when D has a single Rx antenna.
8 Here, the index i is omitted when R is equipped with a single Tx antenna.
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u _[ Hgy4(mo) Hypq(mg) (3.5.33)
dime Hral(mo)/\/E Hrd(mo)/\/i

H :[ Hgy4(my) Hg,,(mg)

Wm0 = |\ Hoyg(me) /N2 Hypq(mo) /N2 (3.5.34)

The autocorrelation matrix of the noise vector in this case is given by, E [ndmondfno] = o1,

b. Destination with two receive antennas
As in MAF protocol, the destination receiver performs a processing similar to FBMC based
spatial multiplexing (4 X 2) MIMO one. It is worth to highlight that this is valid under the
assumption that we have a perfect data recovery at the relay Rx. Thus, after FBMC
demodulation, we obtain a (4 X 1) vector,

Yd mop,ny = de my (amo,no + umo,no) + ndmo,no
with,

T
_ [Hs1a1(mg)  Hs1a2(mo)  Hya1(mg)  Hypgz(mg) (3.5.35)

H =
470 = |Hopa1(my)  Hsza2(mo)  Hyar(mo)  Hygz(my)
in the case of a single R Tx antenna, and

_[Hs1a1(mo)  Hs1a2(mo)  Hyya1(mo)  Hrpaa ()] (3.5.36)

Hym =
M0 |Hgpa1(mg)  Hspqo(Mg)  Hypg1(mg)  Hyppgp(mg)
when we have 2 Tx antennas at R. The autocorrelation matrix of the noise vector in this case

is given by, E [ndmondglo] =051,

3.5.2.3 Multi-access compute and forward (MCoF)

The idea of this protocol comes from linear network coding, where each intermediate node
sends out a function of the packets that it receives [64], [65]. Nazer and Gastpar were the
first who proposed a scheme called “Compute-and-forward” (CoF) in which intermediate
nodes decode finite-field linear combinations of transmitters’ messages, instead of these
latters [66]. In this configuration, a receiver is able to recover the original messages using a
sufficient amount of linear combinations of these messages. It should be mentioned that
the coefficients of these combinations must be integer-valued. The authors in [67], have
proposed CoF as a relaying protocol for multi-access relay networks with the optimization of
the integer coefficients in order to maximize the achievable symmetric rate. It is worth
noticing that in these references, the channel gains are assumed to be real-valued.

To the best of our knowledge, the usability of CoF protocol with multicarrier techniques has
not yet been addressed in the literature. Our aim in this work is to investigate the possibility
of using CoF protocol in a FBMC based multi-access relay network.

In a such protocol, the relay should compute a linear combination relating both components
of the input data vector a,, . As given by (3.5.3), the composite signal received at the
relay is:

yr(t) = Sl(t) * hslr(t) + 5, () * hgor () + n-(t)

In order to compute this linear combination, an FBMC demodulation should be performed
on y,.(t). Accordingly, we obtain,
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Ysr (Mg, 1) = VP Z Hsr(mo) mo ne T uf,?o no) + n,(my, ny) (3.5.37)

Since the sources are not situated at the same position, the complex channel gains
Hg,,-(my) and Hg,,-(mg) are necessarily uncorrelated. Therefore, the relay is unable to
eliminate the intrinsic interference termstslr(mO)u,(ﬁg,noand szzr(mO)u,(ﬁg'no, since they
are not aligned (i.e. both terms have different phase angles). Such a problem will make
impossible the computation of a linear combination relating both data streams. In order to
overcome this problem, we propose a precoding of both input data signals allowing the

alignment of the intrinsic interference terms at the relay receiver. Such a precoding consists

in multiplying the input data a,(n)n and a,(ﬁ()),no by Hi;,-(mg) /|Hsr (Mg)] (ie. @™/ PHs1r(ma))

and HZ,,(mg) /|Hsyr (Mg)| (i.€. e /PHs2r(mo)), respectively. Consequently, the new input
data becomes,

T
T (my) H,.(m
mo,n = \/ﬁ[br(r%)n br(rf)n \/_ Slr - r(r?n Szr( O) ‘ET%)TI
0-o 00 0 ° |Hs1r(mo)| 00 |Hgppr(mg)| ™00
The FBMC transmit signals of S1 and Sz become,
+00 N-1
5O =VF ) Z bD f(t — nT/2)e Tt eiomn
nTem=0 (3.5.38)
2T .
s,(t) =P Z Z b2, f(t —nT/2)el T™ eiomn
n=—ocom=

It is worth noticing that new input data are no longer real-valued. Therefore, in order to
preserve the real orthogonality condition of FBMC systems given in (3.5.15), the proposed
precoding or the new complex input data must lead to intrinsic interference terms®

]u’,(n()) noand ]u’( ) ,orthogonal to b(l) and b,(,f)n, respectively. In other words,
PpD, = Py L= 1,2 (3.5.39)

Similarly to (3.5.17), we can write,

+00
. nT naT 2T
ju ,;20 = 2 br(r-l)'nel(‘Pm,n_‘Pmo,no) f f (t - 7) f (t - %) oS T m=mo)t 5,
(Mmn)EQam an -
Hg,(m) a® i (@ma—Pmene) f nT) ( nOT) A m=mo)t
_ mn mon t _—— t——— T 0 dt
[H,, ()] o e
(mn)eEQaman
(3.5.40)
H;,(m)  Hg.(m,) (3.5.41)

= ,m € ()
|Hy, (m)|  |Hs,(mo)l Am.dn

In fact, the good frequency localization of the prototype filter implies that a small number of
adjacent subcarriers are contributing in the total intrinsic interference term?. In such a

% Obviously, the interference terms disappear after respective FBMC demodulation of S1(t) and S5 (t).
10 This assumption is reasonable. In fact in PHYDYAS prototype filter, only the immediate adjacent subcarrier
one both sides is interacting with the one of interest. In IOTA filter, we have two subcarriers on each sides.
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case, the condition given in (3.5.41) can be satisfied in weakly and mildly frequency selective
channels. From (3.5.17), (3.5.40) and (3.5.41) , we get,

- H. .(my)
(i) sir 0 (i) .
=—FUu , i=1.2 (3.5.42)
motto | Hy (mg) |0

Thus, the demodulated signal at the relay receiver becomes,
2

Yor (Mg, ng) = \/ﬁz Hg,.(my) (br(r.l),n + ju,grzo,no) + n, (Mg, np)
=1

VP Hyr(mo) (M 0 4 Hir(mo) o ) o (mo, 1)

a
|Hs.r(m0)| i |Hs.r (m0)| oMo

2
= \/ﬁZIHS_r(mO)I(aS;zn +ju,(;20‘n0) + n,.(my, ny) (3.5.43)
=1

Consequently, the intrinsic interference terms can be completely eliminated by taking the
real part of the resulting demodulated signal,

2
y’sr (mOJ nO) = ER[)/sr (m0: no)] = \/ﬁZ|Hs.r(m)|ar(r'3,n + n,r(mo’no) (3.5.44)
=1

where, n',.(my,ny) = R[n,(my,ny)] with a variance 0,2 = g?/2. Finally, the linear
combination y,,(my, ny) can be computed as follows,
2

2 2
For (Mo, mo) = VP ) [Hs (m)]a,, = argmin |1y (mo,mg) = VP ) [Hs (m)lagy,
=1 =1

(3.5.45)

In order to normalize the transmit power at the relay, the linear combination V., (mg, ny)
needs to be multiplied by some factor S.,r(my), given by

o) = p ~ 1 (3.5.46)
cor (o) = | E 5 o ma) ]~ | STy (o) P B

The relay sends the FBMC modulation of the normalized version of linear combinations
Bcor (Mg, 1) Psr (Mo, Mp).
As in MAF and MDF, we consider two cases at the destination.

a. Destination with a single receive antenna

Similarly to MAF, the destination in this case performs a processing analogous to FBMC SM
(2 x 2) MIMO receiver. Hence, we can write,

Ydmon, = Hcor mo (amo,no + umo,no) + ndmom0 (3.5.47)

where, the channel matrix Heop m,, is given by
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HCoF my

H;1r(mo) H.:Zr(mo)
Hs1r(Mo) W Msar(Mo) (3.5.48)
—| THowrGmoyy oralmo) Hegr ()] 52 (Mo0)

IBCOF(mO)|Hslr(m0)|Hrd(m0) BCOF(mO)|H52T(m0)|HT‘d(mO)
and the autocorrelation matrix of the noise vector in this case is given by,

H|_ =2
E [ndmondmo] = O'd 12.
b. Destination with two receive antennas

In this case, the demodulated signal Yqm,n, is @ (4 X 1) vector. The channel matrix
becomes,*!

* * T
sir sir
H Hsldl H Hsldz .BCOFlelrlHrdl .BCOFlelrlHrdZ
HC . _ | slrl | slrl
oFmy — * *
2 2
HS - Hdel HS . HdeZ .BCOFlHSZrlHrdl .BCOFlHSZrlHrdZ
| sZrl | sZrl
(3.5.49)

Moreover, the autocorrelation matrix of the noise vector in this case is given by,
H|_ 2
E [ndmondmo] = O'dl4_.

3.5.3 Diversity gain analysis

In this section, we investigate the diversity gains of the different protocols previously
described. Due to the similarity between MAF and MCoF, the diversity gain provided by
both schemes will be the same. Therefore, the diversity analysis will be split into two parts:
the analysis of the MAF/MCoF case, and the analysis of the MDF case.

3.5.3.1 MAF/MCoF diversity gain

The relay in both schemes is equivalent to an additional receive antenna at the destination.
Accordingly, the whole system is equivalent to an SM (2 X 2) MIMO in the case of a
destination with a single receive antenna and an SM (3 X 2) MIMO, when the destination is
equipped with two receive antennas. It is well known that, linear receivers in SM MIMO
system with N; Tx antennas and N, Rx ones achieve a diversity gain of N, — N; + 1 [68].
This implies that MAF/MCoF schemes provide diversity gains of 1 and 2 in the cases of a
destination with a single and two Rx antennas, respectively. It should be noted that these
gains are valid only when the magnitudes of the channel matrix components are
independent Rayleigh random variables. However, in our case, we can see that the
magnitudes of the channel gains related to the indirect link via the relay are the product of
two Rayleigh random variables [see equations (3.5.23), (3.5.27), (3.5.48) and (3.5.49)].
Consequently, the expected diversity gains given in the previous paragraph may be different
from the actual gains due to the fact that the indirect link channel gains are not Rayleigh
random variables.

11 Due to the lack of space, we have omitted the subcarrier index.
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3.5.3.2 MDF diversity gain

In contrast to the previous schemes, the diversity of the MDF protocol described in section
3.5.2.2 is limited to 1 even in the case of two receive antennas at the destination. In the
case of a single Rx destination antenna, the system is equivalent to an SM (2 X 2) MIMO
[see equation (3.5.33), (3.5.34)] which provides a diversity gain of 1. In the case of 2 Rx
antennas at D, the channel matrix of the corresponding system given in (3.5.35) and (3.5.36)
is similar to an SM (4 X 2) MIMO which should provide a diversity gain of 3. However, it
should be noted that this scheme is static, meaning that, the relay always decodes the data
of both sources, and the destination considers both signals from the direct link and the
indirect one to recover the source streams. In such a case, the BER of the whole system will
be limited by the BER of the bad link (source-relay link or relay-destination one) which can
be seen as a SM (2 X 2) MIMO. Therefore, we obtain a diversity gain of 1.

A potential improvement can be achieved using a hybrid AF/DF protocol [69]. In this latter,
the relay re-encodes and transmits the source data only if it successfully decodes the
received signal. Otherwise, it amplifies and forwards the received signal as in the MAF
protocol. A dynamic DF can be also considered as a potential protocol to improve our
system performance. In this protocol, the relay compares the received SNR to a threshold
one in order to forward or not the received signal [70]. Similarly, a selective processing at
the destination may enhance the performance. It is called selective because the destination
can choose, based on a given criterion (e.g. SNR) a subset of signals among all received ones.

3.5.4 Complexity analysis
The following table presents the different requirements of each protocol in term of:

e Knowledge of the Channel State Information at the Receiver (CSIR), at the
transmitter (CSIT) or both.

e The minimum number of receive antenna required at the relay and/or the
destination to make possible the transmission. Obviously, each receive antenna is
related to an FBMC receiver except the relay in the MAF case.

e The diversity gain achieved by each protocol.

Protocol MAF MDF MCoF

CSIT (S) X X (S,R)

CSIR (R) (S,R) (S,R) (S,R)

CSIT (R) X X X

CSIR (D) (S,R) (S,D) (R,D) (S,R) (S,D) (S,R) (S,D) (R,D)

Rx at R 1 2 1
Diversity (1Rx at D) ~1 1 ~1
Diversity (2Rx at D) 2 1 2

Table 3-7: Complexity analysis of MAF, MDF and MCoF protocols

The cross mark (x) means no requirement. It should be mentioned that each source in MCoF
needs only the knowledge of its corresponding Channel State Information (CSI) with the
relay.

3.5.5 Interest of proposed schemes in PMR scenario

The implication of two antennas at PMR base station operating in frequency bands 410-430
MHz and 450-470 MHz, will give rise to various issues such as: additional cost and also
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additional space, weight and wind loading on radio masts [71]. This report concludes that
the need of two independent antenna systems (2 Tx x 2 Rx) at base station sites is
unacceptable for a TEDS (Tetra Enhanced Data Service) network using 410-430 MHz or 450-
470 MHz bands.

We can see that the proposed multi-access relay schemes present an alternative solution to
the problem of implementing a MIMO system in PMR base stations. In fact, with the help of
the relay node, MAF and MCoF protocols with a single transmit/receive antenna at each
node, are equivalent to an SM (2x2) MIMO system. Moreover, it should be mentioned that
these protocols are also interesting in the ad-hoc mode where the implementation of MIMO
in nodes becomes much more complicated due the reduced space and the mobility of these
nodes.

Unfortunately, the MDF scheme is not suitable since the relay needs at least 2 Rx antennas
in order to decode the source’s messages.

It is worth pointing out that despite MAF and MCoF benefits, the main challenge in both
schemes is the knowledge of CSI of the different links.

3.5.6 Simulation settings

In order to analyze the performances of the proposed multi-access relay schemes: MAF,
MDF and MCoF, simulations of FBMC based PMR signals (emission and reception) have been
performed using parameters given in [72] and presented in

Parameter description | Parameter value

Frame structure

Bandwidth 1.4 MHz,

Sample frequency 1.92 MHz

Subcarriers number 128 subcarriers, 72 useful
Frame length in time 10 ms

Subcarrier spacing 15 kHz

FBMC filter OFDM/OQAM PHYDYAS [73]
FBMC symbol duration 66.67 us

Overlapping factor 4

Modulation and coding schemes QPSK

Transmitter/Receiver

BS number of antenna From 1to 4

HH number of antenna 1

MS/RS number of antenna lor2

Transmission scheme SISO, MIMO (2x1, 2x2, up to 4x2).
HH antenna model Isotropic
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Propagation

Carrier frequency 422.5 MHz (Downlink), 412.5 MHz (Uplink)
Fast fading channel models ITU PedA
Channel estimation Ideal

Table 3-8 Simulation parameters

Moreover, the channel state information (CSI) is assumed to be perfectly known as
described in Table 3-7. We note that the following results are compared to the optimal
cases considering a noiseless relay receiver. For simplicity sake, the noise variance at the
relay receiver and the destination one are supposed to be the same (2 = ¢?2).

3.5.7 Simulation results

In Figure 3-44 we investigate performance of the three proposed protocols: MAF, MDF and
MCoF with a single receive antenna at the destination. The respective BERs of the different
protocols are plotted against the SNR. Similarly to the theoretical analysis, two linear
detections are considered: ZF and MMSE. Comparing the different curves related to ZF
equalization, one can see that the three strategies provide almost the same performance.
As previously expected, the diversity gain in MAF and MCoF is slightly less than one. Such a
result can be explained by the fact that the channel gains related to the indirect link follow
the product of two Rayleigh random variables. Besides, we can observe a slight gain of
MCoF compared to the rest of schemes. Furthermore, an improvement of almost 2 dB is
achieved by MMSE compared to ZF equalizer.
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Figure 3-44: MAF, MDF and MCoF performances, 1Rx at D

In order to evaluate the impact of the noise at the relay, we have compared the different
schemes to the optimal case (o7 = 0). We can see that this latter outperforms the others
particularly in low SNR regime. In high SNR, the MCoF performance reaches the optimal
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one. This is due to the fact that the estimation of the linear combination of both source’s
messages is detrimentally affected by the noise at the relay receiver.
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Figure 3-45: MDF performance in 1 D Rx ant.: 1 relay Tx ant. vs. 2 relay Tx ant

Since the relay in MDF case decodes both source data streams, it can send after re-encoding
each stream on an individual transmit antenna. Figure 3-45 investigates the performance
improvement provided by the utilization of a relay equipped with two transmit antennas
compared to the previous one with a single one. This improvement can be explained by the
fact that the channel gains of the indirect link in the two transmit antennas case [equation
(3.5.34)] are uncorrelated, offering additional degree of freedom compared to the single
transmit antenna one [equation (3.5.33)] in which both streams experience the same
channel gain.

Moreover, we have also compared the MDF performance to its corresponding optimal case
which is similar to an SM (2 X 2) MIMO system.

The BERs of the three protocols have been plotted against the SNR in the case of a
destination with two receive antennas in Figure 3-46. In addition to the ZF/MMSE
comparison, the obtained results are compared to the optimal case where we consider a
noiseless relay receiver.

As expected in the theoretical analysis, both MAF and MCoF schemes achieve a diversity
gain of 2. It is worth pointing out the difference between both schemes with respect to the
gains provided by MMSE. In MCoF, the MMSE equalization does not improve the
performance with respect to ZF one. In fact, the destination in MCoF underestimates the
effective noise variance since it assumes that the linear combination has been perfectly
computed at the relay. On the other hand, the MAF destination takes into consideration
both noises n, and n;. The good estimation of the autocorrelation of the noise vector makes
the MMSE equalization more efficient in MAF case (In this case, we assume the knowledge
of the relay noise variance to the destination receiver). In addition, a constant gap between
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the optimal performance and MAF/MCoF ones can be mentioned, which is due to the
absence of the noise at the relay receiver.
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Figure 3-46: MAF, MDF and MCoF performances, 2Rx at D

Furthermore, we can see that MDF performance is limited to a diversity gain of 1. Such a
behavior is due to the fact that the whole system performance is already limited by the
performance of decoding at the relay. We recall that the proposed scheme is static, in other
words, the relay decodes the sources’ messages without any control on the quality of the
link between the source transmitters and the relay receiver.
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Figure 3-47: MDF performance in 2 D Rx ant.: 1 relay Tx ant. vs. 2 relay Tx ant
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Figure 3-47 depicts the BERs of the MDF protocol when the relay is equipped with a single
and two transmit antennas. Thanks to the additional degree of freedom provided by the
second transmit antenna, we have a constant gain of the two transmit antennas case versus
the single transmit antenna one. Besides, we have also evaluated the optimal performance
that can be achieved by MDF when the noise at the relay is zero. A diversity gain of 3 is
observed in the case of two transmit antennas at the relay. Such a gain is due to the fact
that the whole system is an SM (4 X 2) MIMO one as shown in (3.5.36) (i.e.d =4 — 2 + 1).
However, the diversity gain decreases to 2 in the case of a single transmit antenna at the
relay due to the correlation between the gains related to the indirect link as shown in
(3.5.35). Finally, the obtained results confirm the limitation of the MDF performance caused
by the performance of the source-relay link impacted by the noise.

3.5.8 Final remarks

In this section, we have investigated the usability of the CoF protocol in FBMC based MARC
network. In order to generate an interference-free linear combination at the relay, we have
proposed a complex precoding strategy of the data at the input of the FBMC transmitters.
This precoding allows aligning the intrinsic interferences caused by source transmitters.
Moreover, a comparison study has been carried out between MAF, MDF and MCoF
protocols in term of complexity, performance and suitability to the PMR case. In contrast to
MDF protocol, the obtained results have shown that MAF and MCoF are more appropriate
to PMR communications. However, the main challenge of both protocols remains the need
of a complete CSI knowledge of all links to the destination.
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4 Conclusion

This deliverable presented the first part of the work performed in WP7 and in particular
under T7.1 and T7.2 of the EMPhALIC project. It deals with relaying applied to FBMC, OFDM
and SC-FDMA waveforms and specifically on range extension using cooperative MIMO as
well as the design and evaluation of relay strategies. The work ranges from theoretical
investigation of the performance of the two relaying scheme via the characterization of the
achievable rate region of a two-way DF relaying strategy, to more applied work like practical
channel estimation schemes for two-way relaying.

Section 2.1 reports work performed under the umbrella of T7.1 “Range extension by using
cooperative MIMO”. A coordinated beamforming scheme for multi-hop relaying is
presented for FBMC/OQAM systems with application to relaying in DMO for next generation
PMR systems. The proposal focuses on MIMO schemes with joint design of the precoding
and decoding matrix at each hop. Compared to multi-hop relaying in CP-OFDM with ZF
precoding, for 1 or 2 relays the proposed technique has better performance for low SNRs
levels, in which the intrinsic interference of the FBMC scheme can be neglected. By
increasing the number of relays for fixed source-to-receiver distance, the receiver SNR of
each hop is increased dramatically, and therefore, a much lower BER performance is
obtained. However, when multiple relay nodes are used, the FBMC system performance is
limited by residual intrinsic interference. When more than 2 relays are used CP-OFDM starts
again to be an interesting solution in this scenario.

Section 3 reports work performed under the umbrella of T7.2 “Design of relaying
strategies”. The first three sections under section 3 are dedicated to two-way relaying. The
remaing two sections are dedicated to AF/DF relaying in FBMC and to a more complex
setting where relaying is also combined to multiple access.

In section 3.1 a two-way relaying protocol for SC-FDMA based in DF strategy is introduced.
DF can be applied in a variety of PMR scenarios both cell-based and ad hoc. However, for
the work presented, a hypothesis of time synchronization of the received signals was
assumed, which is simpler to achieve in a cell-based scenario. Then the focus is on channel
estimation in the multiple access phase, since it is one of the fundamental functionalities
which can set limitations to the technique. The standard LS channel estimation algorithm
was compared to another ML algorithm. The latter is able to improve the estimate quality,
especially for frequency selective channels, whose delay spread is lower than the CP length.
A third algorithm estimating at the same time the channel and the noise was tested but it is
not retained due to its inferior performance. Extensive simulations were done (not all
shown in this deliverable) in order to have a characterization of the behaviour of the LS and
ML algorithms over multi-tap channels with a degree of frequency selectivity going from
mild to severe. Simulation results helped to tune the algorithm parameters according to the
number of channels to be estimated but without the knowledge of the channel fading
statistics. The parameters are optimized in the case of medium frequency selectivity with a
CP of 16.67 us (covering the delay spread of most of PMR channel models), which
introduces performance degradation in certain cases. Even if the LS estimation algorithm
has similar or slightly better performance than the ML one in channel with low frequency
selectivity, the ML algorithm seems to be the best choice when the estimation algorithm
must face channels with changing frequency selectivity. The conclusion is that there is no
blocking point to the implementation of the two-way relaying technique as far as channel
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estimation is concerned and the number of users is less or equal to 4. Increasing the number
of users above 4 without substantial performance degradation is not possible by using the
current reference signal structure which is inherited by LTE, and based on cyclically shifted
CAZAC sequences.

In section 3.2, we study the achievable rate region of FBMC based 3-node two-way DF
relaying system, where each node has a single antenna. This work helps understanding the
fundamental limits of the two-way DF relaying techniques that can find useful applications
in the PMR context both in cell-based and ad hoc scenarios. The rate region problem, which
yields a power allocation problem in our case, is a fundamental problem (or a basis) for DF
based relaying systems. What distinguishes FBMC from OFDM is the presence of inter-
carrier and inter-symbol interference in frequency selective channels. This fact makes the
rate region problem non-convex and in general NP-hard. Nevertheless an efficient
polynomial-time solution is developed. Moreover, the work done enables further extensions
to the multi-antenna case or to PMR systems with specific constraints, e.g., out of band
interference constraints. The FBMC achievable rate region was compared to the one of
OFDM and compares favourably to it. However, the FBMC two-way DF relaying strategies
wins over the OFDM one over the whole range of SNR of interest (i.e. below 30 dB) only if
multi-tap equalizers or pre-equalizers are used at the terminals. Hence, the gain of FBMC
solution is paid by an increase of computational complexity with respect to its OFDM
counterpart and by the need of channel state information at the terminals for doing a
proper pre-equalization.

Section 3.3 presents an AF two-way relaying protocol for FBMC, in which the receiver
terminals apply a successive interference cancellation algorithm. Initial performance is
presented. The AF method suffers from degradation with respect to the SISO reference,
which constitutes a lower bound, but it is nevertheless able to exploit the frequency
diversity of the channel to improve its performance with respect to the flat fading channel.

AF relays are simple and economic devices that can be deployed in both cellular and ad hoc
scenarios of PMR systems. Section 3.4 analyses the effect of an AF relay on a point-to-point
link where FBMC/OQAM modulation is employed together with a parallel multistage
demodulator/equalizer to transmit over a highly frequency selective channel. More
specifically, for a receiver with K demodulation/equalization stages, it is shown that the
signal quality at the m-th subcarrier can be expressed in terms of signal-to-noise-plus-
distortion ratio (SNDR), which takes into account the effects of (a) an imperfect equalization,
(b) the noise of the source-relay channel and (c) the noise of the relay—destination channel.
The SNDR is then used to compute the spectral efficiency of the relay link, which is
compared to the spectral efficiency of the direct link. The AF relay shows some gain over the
direct link, especially at medium SNR and for environments with high path loss. Conversely,
at low SNR, the spectral efficiency of the relay scheme tends to zero faster than the direct
link one. This is due to the fact that the magnitude of the AF relay channel tends to zero as
we reduce the relay transmit power, making channel inversion an indeterminate operation.
For this reason, equalizers based on operations other than channel inversion are under
investigation.

Finally, in section 3.5, an adaptation of the CoF protocol to FBMC based MARC network is
established. This strategy can be applied in a PMR cell-based scenario, in which the PMR
users are helped in the UL transmission by a relay. Hence relaying is combined with a
multiple access phase. A complex precoding strategy of the data at the input of the FBMC
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transmitters is proposed to generate an interference-free linear combination at the relay.
The key idea of this precoding is to align the intrinsic interferences caused by source
transmitters. Of course, precoding needs channel state information to work. The
requirements in terms of channel state information have clearly been identified in our work.
Furthermore, MAF, MDF and MCoF protocols have been compared in terms of complexity,
performance and suitability to the PMR case. In contrast to MDF protocol, MAF and MCoF
are demonstrated to be more appropriate to PMR communications. However, the main
challenge of both protocols remains the need of a complete CSI knowledge of all links to the
destination.
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Acronym Meaning

AF Amplify-and-Forward

AFB Analysis FilterBank

AWGN Additive White Gaussian Noise

BC BroadCast

BER Bit Error Rate

BS Base Station

CAZAC Constant Amplitude Zero Auto-Correlation
CBF Coordinated BeamFoming

CDMA Code Division Multiple Access

CH Cluster Head

CoF Compute-and-Forward

cp Cyclic Prefix

CP-OFDM Cyclic Prefix-Orthogonal Frequency Division Multiplexing
CRS Common Reference Signals

Csl Channel State Information

CSIR Channel State Information at the Receiver
CSIT Channel State Information at the Transmitter
DC Difference of Convex functions

DF Decode-and-Forward

DFT Discrete Fourier Transform

DL DownlLink

DMO Direct Mode Operation

DNF DeNoise-and-Forward

EPA Extended Pedestrian-A [channel]

ETU Extended Typical Urban [channel]

FBMC Filter-Bank Multi Carrier

FF Filter-and-Forward

FFT Fast Fourier Transform

HHT Hand Held Terminals

HT1 Hilly Terrain 1 [channel]

ICI Inter-Carrier Interference

IDFT Inverse Discrete Fourier Transform

IFFT Inverse Fast Fourier Transform

ISI Inter-Symbol Interference
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ITU International Telecommunication Union

LS Least Squares

LTE Long Term Evolution

LTE-A Long Term Evolution-Advanced

MA Multiple Access Relay Channel

MAC Medium Access Control

MAF Multi-access Amplify-and-Forward

MARC Multiple Access Relay Channel

MCoF Multi-access Compute-and-Forward

MDF Multi-access Decode-and-Forward

MIMO Multiple Input Multiple Output

ML Maximum Likelihood

MMSE Minimum Mean Square Error

MS Mobile Station

MSE Mean Square Error

MU Multi User

MUI Multi User Interference

NP Non-Polynomial [time]

NTMSE Normalized Truncated Mean Squared Error
OCC Orthogonal Cover Code

OFDM Orthogonal Frequency Division Multiplexing
OQAM Offset Quadrature Amplitude Modulation
PAM Pulse Amplitude Modulation

Ped-A Pedestrian-A [channel model]

PHY PHYsical [Layer]

PMR Private Mobile Radio

POTDC POlynomial-Time DC

PPDR Public Protection and Disaster Relief

QAM Quadrature Amplitude Modulation

QPSK Quadrature Phase Shift Keying

RB Resource Block

RS Reference Signals

SC-FDE Single-Carrier Frequency Domain Equalization
SC-FDMA Single-Carrier Frequency Division Multiple Access
SDMA Space Division Multiple Access

SIC Successive Interference Cancellation

SISO Single Input Single Output
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SLNR Signal to Leakage plus Noise Ratio
SM Spatial Multiplexing

SNDR Signal-to-Noise-plus-Distortion Ratio
SNR Signal to Noise Ratio

SVD Singular Value Decomposition

TB Transport Block

TDMA Time Division Multiple Access
TETRA TErrestrial Trunked RAdio

TMO Trunked Mode Operation

UE User Equipment

UL UpLink

Veh-A Vehicular-A [channel model]
WLAN Wireless Local Area Network

ZF Zero Forcing
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