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Abstract:

The techniques proposed in the previous deliverable D4.1 [8] for synchronization, channel estimation
and equalization in FBMC, are now completed and some additional results presented.

The MIMO techniques for multiantenna radiocommunication systems have been analyzed and
adapted to the FBMC context and new space diversity and multiplexing algorithms have been
developed to exploit the particularities of FBMC. The performance of OFDM systems is taken as the
reference to assess the performance of the FBMC schemes proposed.
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1 Introduction

The implementation of the MIMO concepts in transmission systems implies two different phases,
namely channel matrix estimation and signal processing algorithms for the extraction of the data.
The estimation of the channel matrix and the tracking was the subject of the previous document D4.1.
The theme of the present document is MIMO processing, with two main objectives

- see how the techniques developed for OFDM can be applied to the filter bank multicarrier

(FBMC) context and how they can be adapted,

- whenever appropriate, develop specific techniques for FBMC.
In all cases, the performance of the OFDM systems, in theory and simulation, is taken as the reference to
assess the performance of the FBMC schemes which are elaborated.
During the second year of the work, it appeared that some complements to the document D4.1 [8] on
channel matrix estimation were desirable and useful. They are reported in the next section.

2 Synchronization, channel estimation and equalization in MIMO-
FBMC

The techniques developed for the single antenna case have been used as a starting point for the
multiantenna case studied in document D4.1 [8]. Here, improvements to the previous schemes are
proposed, new approaches are investigated and more simulation results are provided.

2.1 Preamble-based CFO estimation

In this section is considered a closed-form carrier-frequency offset (CFO) estimation algorithm for
MIMO FBMC systems based on a training sequence made up of two identical parts. In [1] it is stated
that in a single-input single-output (SISO) FBMC context, a training symbol with two identical parts is
obtained by applying K identical preamble multi-carrier symbols, with pseudo-noise data only on even
subcarriers, at the input of the IFFT in the transmitter. Let us now consider a MIMO FBMC system with
N, transmit antennas and N receive antennas. In this case at each receive antenna the training

sequence is equal to the sum of the N, training transmitted signals. In particular, we can obtain at each

receive antenna a training sequence with two identical parts by exploiting the frequency-division
multiplexed (FDM) training sequences suggested in [2]. In this scheme the pilot symbols are placed over
equally spaced subcarriers, and in particular, to obtain a periodic preamble with period P=M /2, the n-

th entry ¢ (n), i=1..,N;, of each of the K identical M-dimensional preamble symbols at the i-th
transmit antenna is given by
d,(n) n=n'N+(i-1)2, 0<nN'<M/N-1
¢ (n)= . (2.1)
0 otherwise
where N =2Q with Q a power of two not smaller than N, and, moreover, |di(n')| =N /N, in order

to normalize the energy used for the training [3]. Thus, by using the considered FDM scheme, the
obtained training sequence at each receive antenna satisfies the condition

STR[k]:STR [k"'%} (2.2)
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after a transient of K —1 multicarrier symbols, and, then, the CFO recovery can be accomplished by
measuring the phase rotations between repetitive parts. Specifically, an estimate of the normalized CFO
&= AfT , assumed to be the same for all the transmit-receive antenna pairs, can be obtained by

~o 1
&=—2Ruwo (2.3)
T
where
N, (K—l)M+%—l M
Ruimo = Z z Ir|*[k]r| [k+—] (2.4)
T k(KM 2

with r[k] the signal at the i-th receive antenna. The acquisition range of the considered CFO estimator
is |g| <1. The performance of the considered CFO estimator has been assessed via computer simulations

and compared with that obtained with the estimation algorithm proposed in [3] for OFDM systems
exploiting a symbol with two identical parts. Specifically, a number of 10000 Monte Carlo trials has
been performed. The number of subcarriers for both systems is M = 1024, and, moreover, in the OFDM
case the length of the cyclic prefix has been assumed to be equal to CP=M/8. In the FBMC case the
prototype filter of length L=4M=4096 with a roll-off factor of one proposed by CNAM [4] has been
used. The performance in multipath fading ITU-Vehicular A and ITU-Vehicular B channels have been
obtained, taking into account, in the OFDM case, the energy loss due to the cyclic prefix insertion. The
normalized CFO has been randomly generated at each simulation with a uniform distribution in the
range [-0.5,0.5), the channels between the different transmit-receive antenna pairs are statistically

independent from one another. Moreover, all channels are fixed in each run but they are mutually
independent from one run to another.

Figures 2.1-2.2 report the RMSE of the considered CFO estimators as a function of the SNR at each
receive antenna in multipath channel A for a 2X2 MIMO system (Figure 2.1) and for a 4X4 system
(Figure 2.2). The results show that both estimators assure nearly the same performance almost in the
whole range of considered SNR values. The slight performance degradation of the CFO estimator for
FBMC systems with respect to that for OFDM systems in high SNR conditions is due to the fact that in
the first case and in multipath channel the exploited training symbol is not exactly periodic due to the
absence of the cyclic prefix. The last observation, due to the adopted CP length, is true also for the
OFDM system when the more dispersive multipath channel B in considered. Thus, in multipath channel
B (see Figures 2.3 and 2.4) the performance of both CFO estimators present a floor at an RMSE value
nearly equal to 10°°. In regard to the performance behavior as a function of the number of receive and
transmit antennas, as one would expect, a performance gain is observed as the number of receive
antenna increases.
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Figure 2.1 RMSE of the proposed CFO estimator as a function of the SNR in ITU-Veh. A channel,

M =1024, N, =N, =2.
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Figure 2.2 RMSE of the proposed CFO estimator as a function of the SNR in ITU-Veh. A channel,

M =1024, N, =N, =4.
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Figure 2.4 RMSE of the proposed CFO estimator as a function of the SNR in ITU-Veh. B channel,
M =1024, N; =N, =4.
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2.2 Auxiliary pilot based synchronization and channel estimation

When transmitting with multiple antennas in a realistic FBMC scenario that includes pilots, special care
has to be taken to separate the pilots of one antenna from the pilots sent by the other. This can be done
by silencing one antenna while the other is transmitting a pilot, i.e., at a certain frequency-time location
k,n one tx. antenna transmits the pilot while all the others transmit a 0. In the auxiliary pilot based
approach this includes not only sending the O at the given locations if the given antenna is to remain
silent, but also using the auxiliary pilot that accompanies the 0 to ensure that the silent antenna does not
generate interference at the receiver.

2.2.1 [Iterative interference cancellation for joint channel and FTD estimation

The approach presented in Section 2.2.2 of deliverable D3.2 [5] performs joint fractional time delay
(FTD) and channel estimation based on iterative interference cancellation (11C) using the 3-tap equalizer
in the single antenna case. This technique can further be generalized to the multiple antenna case with
the help of matrix notation. The following derivation is presented for the 2x2 MIMO case (2 transmit
(tx.) antennas and 2 receive (rx.) antennas), but can be generalized for any spatial multiplexing case, i.e.,
the number of rx. antennas Q is equal or larger than the number of tx. antennas P.

In the SISO case, the output of the 3-tap equalizer with correct center frequency equalization coefficient
Wy, at subcarrier k and time index n, can be written as

ak,n =W Vin TWW, Kg/k,n’ (2.9)
where | :sznyk,n, Y, . IS the received signal at that time-frequency bin, 6, (= " performs the
FBMC/OQAM mapping. y represents the equalizer phase difference correction between the subchannel
center frequency and the edge and depends on the fractional time delay 7., as

Y ="l - (2.6)
Additionally, we define

Z3/’k,n zeg,n(yk,n—l_ yk,n+l)/2' (2.7)
Equation (2.5) can be generalized to the 2x2 MIMO case as follows: We first assume that at a certain
time instant n;, transmit antenna 1 sends a pilot while transmit antenna 2 remains silent. In the following

we will remove as much as possible the subcarrier and time indices for clearer presentation. The
generalized equation (2.5) now reads

d =w"§'(n)+ypw” Ay'(n) + w2 (n,) +pw? Ay’ (n,)
0 =wa§(n) +ypwr Ay (n) +w?§%(n) +ww? Ay*(n,),
which can be written in matrix notation as

d) _(wh w?)[(§(n) Ay (n,)
= 21 22 2 +W ) !
0 ws o ws ) ye(n) AY?(n,) (2.9)
de, =W(y(n)+pay(n)).
Similarly, if a pilot in the same subcarrier at a not too distant point in time (assuming same channel

response, so that the equalization/demixing matrix W does not change) coming from the other antenna is
received, while the first antenna transmits a 0, we can write

de, = W(y(n,) +pAy(n,)). (2.10)

(2.8)
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This can be regrouped as

dL,,, = W(Y+pAY), (2.11)

wherel,,, is the 2x2 identity matrix, Y :(§(n1) §(n2)) and AY =(£§(n1) Kgr(nz)).

Stacking the columns of the matrices into a vector, the SISO optimization problem presented in [5] can
be rewritten for MIMO as the minimization of the error between the vector given by the pilots and 0's
sent by the transmit antennas in the same subchannel at different time instants:

7.5~ womin >

v,W k.neQye

- W 0) = (y = Ay
where d =d [elj, the block matrix O =[ j y= (z’(nl)] and Ay :{ Al(nl) ]
€ 0 W y(n;) Ay(n,)

Now a similar iterative approach as in SISO can be applied.
1) Assuming that the phase slope is known from the previous iteration (0 in the beginning), W'are

solved from the pilot matrix and the inverse of the observation matrix (?Hﬂ(i -1 H) Note that here

d- U(;+l//fy)

2}, (2.12)

i is the iteration index.
2) Assuming that W'are known, the observation is a linear function of y and the optimum y can be
calculated with the derivative of the expression in brackets in Equation (2.12) with respect to  and
setting the result to 0, yielding

- == =H ==
3 Re[d”my}—Re[y UHUAy}

K,neQ e

W= — — , (2.13)
Y. Ay U"OAy
k,neQ e

which, from Equation (2.6) yields 7., =—w/z. The number of iterations needed for convergence
depends on the FTD and Q. .

It is expected, that in MIMO communications with reduced pilot density per tx-rx antenna link, the 11C
method’s advantage in FTD estimation range presents a significant advantage for synchronization and
channel estimation.

Preliminary results with 500 channel realizations are presented in the next section, along with the results
of the classical, phase rotation based estimation methods. The obtained performance curves show that
the acceptable BER performance and FTD estimates regions are greatly extended compared to the
methods that rely on phase rotation. However, the estimated FTD suffers a gradual degradation with the
actual FTD, as compared to the SISO case with the same size of transmitted frame [5]. Also the BER
performance degrades gradually, as compared to the SISO case, in which it remains constant throughout
the studied FTD range.
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Additionally, the SISO approach of (2.5) was used on the signal of one of the receive antennas in the
MIMO simulation setup. If © denotes the signal of receive (y) or transmit (x) antenna i, then (2.5) can be
written

—~ ()
_ i)
Aen =W Vin W Ay )
1 12 L@ 1 1 1 2
=W, ,(h k,nx( )k,n +h k,nx( )k,n)+'//Wk,n(h k,nAX( )k,n +h k,nAX( )k,n) (2.14)

= Wk,nhllk,ndk,n -H//Wk,n (hllk,nAX(l)k,n + hlzk,nAX(Z)k,n)’
where the noise has been omitted and we have considered the moment in which transmit antenna 1 emits

a pilot and antenna 2 is silent (x® =0). We see that we obtain an equation that is formally the same as
in the SISO case, but the coefficient w, is not exactly an equalization coefficient anymore. Preliminary

results with 300 channel realizations are also presented in the next section, and named IIC FTD
estimation in the MIMO case. Only the signal of one of the receive antennas has been used, although the
other could be exploited in a similar way and the obtained estimates averaged. The FTD estimates are
of better quality than the ones obtained with the joint FTD and MIMO channel estimator presented
above, and behave similarly and almost as good as in the SISO case [5]. However, the BER performance
IS worse, since the channel estimates do not profit now from the interference cancellation.

2.2.2 Pilot based channel estimation and equalization

In multiantenna communications with N; transmit and N, receive antennas there are N; X N transmission
links. For each transmission link between a transmit and a receive antenna, the channel parameters have
to be estimated for compensating its distortions. If a similar approach as in SISO communications with
auxiliary pilots is to be used, then the pilots have to provide snapshots of the link under consideration.
The simplest way to do this at a given time-frequency bin is by transmitting a pilot from one transmit
antenna and keeping the others silent. It is clear, that if a similar density of pilots is desired as in the
SISO case, the pilot overhead grows accordingly to the number of links, i.e., N; X N, because the silent
antennas cannot transmit data in the bin, in which another antenna transmits a pilot. On the other hand,
if the pilot overhead has to remain constant, then the pilot density per antenna link diminishes and the
channel parameter estimation based on them suffers. Obviously, intermediate solutions are also possible,
tuning the performance of the channel parameter interpolation between the pilots and the pilot overhead.
In the OFDMA based 802.16e standard [6] the pilot allocations for a multiantenna transmitter in some
transmission modes are defined, such as the optional AMC and FUSC modes. For example, in the two
antenna transmission, the density of pilots per link is reduced to half, whereas in the 3 antenna case, the
overhead is doubled, as can be seen in Figure 2.5.

The 2-antenna configuration in Figure 2.5a) can be adapted to the auxiliary pilot based FBMC/OQAM
transmission scheme with little effort. If the pilots and 0’s are distributed as in Figure 2.6, the pilot
locations of the standard can be realized. Even more, the calculation of the auxiliary pilot can be
performed independently for each pilot or each 0 because they fall in a position in the interference area
around the pilots (0’s) in which they do not affect the following/preceding 0 (pilot). This helps to
maintain a complexity similar as in the SISO case.
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a)
Pilot for Ant 0
Shifted pilot for Ant 1
Original pilot for Ant 0
b)

Pilat for Ant O

]

Pilot for Ant 1

Pilot for Ant 2

Figure 2.5 Pilot allocation for a) 2-antenna and b) 3-antenna base station for the optional FUSC and AMC zones
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Figure 2.6. Convenient pilot and 0 allocation in the multiple transmit antenna FBMC/OQAM transmission.

SISO channel estimation performance with reduced pilot density

First simulations aimed at assessing the effect of reducing the pilot density. Figure 2.7 compares the
performance of UL-AMC23 transmission in the SISO case with the original AMC pilot allocation and
with the allocation corresponding to one antenna when having 2 transmit antennas. The modulation is
16-QAM and the ITU Vehicular-A channel model (Veh-A) is considered.

16-QAM, 3-tap equalizer, 0 km/h and 180 km/h
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Figure 2.7 BER performance for the standard UL-AMC23 pilot configuration and the configuration for 2 transmit antennas

with reduced density.
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It can be seen, that the interpolation of the less dense pilot allocations yields similarly good channel
estimates at other positions. In the quasi-stationary channel this is intuitive because the density of the
pilots is reduced only in time direction, as shown in Figure 2.5. If the channel varies in time according to
the mobile speed, it is necessary to ‘accelerate’ to high speeds in order to observe performance
differences between the denser and less dense pilot grids. The figure shows the BER performance for a
mobile at 180 km/h, and only at higher SNR the curves start to diverge.

MIMO channel estimation performance

Next, BER performance results for MIMO communications with channel estimation are presented. The
transmission channels are modeled according to the quasi-stationary Veh-A channel model and each
MIMO link is assumed to be independent from the other links. The subcarriers bear 16-QAM signals.
We consider 2 transmit antennas and 2 or 3 receive antennas, and the multiantenna pilot allocation
introduced above. Frequency and timing synchronization are assumed. Further, equalization is
performed in a frequency-sampled way, as thoroughly described in Section 2.3.

o Spatial multiplexing in Veh-A: 16-QAM

10 e e e e et el el e S I === ==
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—H&— 3-tap CFIR

------ Flat Rayleigh
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Figure 2.8 BER performance of the channel estimation in MIMO.

The results in Figure 2.8 show that the performance with channel estimation is approximately 2 dB
worse than the PCI performance. This contrasts with the approximately 1 dB in SISO communications
[7]. The reason for this is that now not only the channel gains are estimated with some error, which
affects the equalization performance. The inaccurate channel estimates also affect the demixing matrix
in the recovering of the spatially multiplexed signal. This, in turn, effects that the distortion on the
desired signal is increased by the incorrect cancelation of the signal of the other antenna.
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A superficial analysis for a certain subchannel shows that if w=1/his the correct equalizer coefficient,
being h the actual channel response, and instead of it the inaccurate w=w+ ¢, is used, then the

estimated signal is in the SISO case and neglecting noise
X =Wy = Whx
W (2.15)
= X+¢&,hX.
However, using the 2x2 MIMO with spatial multiplexing as an example, the estimated signal of the first
transmit antenna can be written as

)21 = Wllyl + le Y,
:W11(h11X1+h12X2)+W12(h21X1+h22X2) (2.16)

=X t+é,, hy, X, + 2 h,X, + 2 hy, X, + €, hy, X%,

yielding several more terms distorting the original signal due to the inaccurate equalizer coefficient.
This quick analysis does not study if the error of the equalizer coefficients in SISO and MIMO is
similar, but under that assumption, the relative degradation of the BER performance in the MIMO case
can be understood.

MIMO FTD and CFO estimation (with classical methods)

In this section we present the performance when the whole synchronization/equalization stage is in use
in a MIMO system with spatial multiplexing. The system parameters are set as follows: Bursts of 16
AMC23 slots in frequency direction and 8 slots in time direction are transmitted with 4-QAM data.
Recall that one AMC23 slot comprises 18 subcarriers and 3 OQAM symbols. The data is being
transmitted through a Veh-A channel at an Ep/Ny = 14 dB, and the simple timing and frequency
synchronization approaches thoroughly analyzed for the single antenna case in deliverable D2.2 [1] are
applied. In these simulations the further synchronization iteration is omitted due to simulation time
constraints, inducing slightly steeper performance degradation with increasing FTD. Figure 2.9 and
Figure 2.11 present the BER performance results with increasing FTD and CFO for 2x2 and 2x3 MIMO
respectively, while Figure 2.10 presents the 2x2 MIMO case with the iterative interference cancellation
technique for joint FTD and channel estimation. The antennas are assumed synchronized, i.e., each
MIMO link has the same CFO and FTD as the others.

The main difference with the SISO case is the reduction in CFO range. Because the two-antenna pilot
allocation described above in Figure 2.5 is used, the pilot density in time direction is reduced by 2. With
double the pilot spacing (one every 12 OQAM subsymbols), the estimation range is therefore also
halved, to approximately 8% of the subcarrier bandwidth.

Regarding the estimation quality of the synchronization parameters, compared to the single channel in
SISO, there are N, x N, MIMO links. Because the antennas are assumed synchronized among each
others, each MIMO link has the same FTD and CFO, and this can be exploited for enhancing the
synchronization parameter estimate. The performance gain is small, but best visible in CFO, as the CFO
estimation RMS error graph in Figure 2.12 shows. The more links, the more accurately the frequency
offset is estimated. Nevertheless, the estimation quality in the SISO case is already very good, so the
extra accuracy might be not so crucial at these En/Ng levels. The figure also reflects the shortening of the
CFO estimation range mentioned above.

Similar results for the FTD are depicted in Figure 2.13 . As above, there is a marginal increase in
estimation accuracy with higher number of links. We recall that in the FTD case, the error is limited by
the estimation of the inherent FTD of the channel realization, as explained in [1].
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With respect to the interaction between FTD and CFO, the same observations as in SISO results apply:
the estimation accuracy of one of these parameters is quite independent from the other.

Finally, the CFO estimation behaviour with changing signal to noise ratio was studied in the SISO and
2x2 MIMO cases with similar simulation setup as above. Perfect timing synchronization is assumed.
Simulation results are shown in the following figures. The BER performances behave as expected:
similar performance in SISO and MIMO, showing a great degradation when the non-ambiguity region
ends. As explained above, this occurs earlier in the MIMO case.

The CFO estimation performance in MIMO transmission is clearly better than in the SISO case because
more pilots are used overall to obtain the CFO estimate and a better average is obtained, as can be seen
in the following graph. Especially in the noisy case, the difference between SISO and MIMO increases.
Nevertheless, the obtained CFO estimation accuracies are that good (error < 0.1%), that the effect on the
BER performance is not very big. The small difference in performance between the MIMO and SISO
cases is due to the outliers, i.e., the cases in which a bad channel returns a bad estimate and the number
of errors increases. The MIMO diversity protects the transmission from these outliers.

BER 2x2 MIMO, 4-QAM E, /N, = 14 dB

-

10°

LR

1111101

11111

/

CFO [1/subcarrier BW] 0 o FTD [1/(T/2)]

Figure 2.9 BER with respect to CFO and FTD with pilot based synchronization and channel estimation. 2x2 MIMO, Veh-A
channels at Ey/Ng = 14 dB.
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Figure 2.10 BER with respect to CFO and FTD with pilot based synchronization and channel estimation. 2x2 MIMO, Veh-A
channels at Ey/Ng = 14 dB. Comparison of phase rotation based and iterative interference cancellation approaches.
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Figure 2.11 BER with respect to CFO and FTD with pilot based synchronization and channel estimation. 2x3 MIMO, Veh-A
channels at Ey/Ng = 14 dB.
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Figure 2.12 RMS CFO estimation error with respect to CFO and with fixed FTD = 0. Different antenna cases, Veh-A
channels at E,/N, = 14 dB.
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Figure 2.13 RMS FTD estimation error with respect to FTD and with fixed CFO = 0. Different antenna cases, classical FTD
estimation and 11C approaches.Veh-A channels at Ey/Ny = 14 dB.
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Figure 2.14 BER with respect to CFO and E,/Ny with pilot based synchronization and channel estimation. SISO and 2x2
MIMO, Veh-A channels.
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Figure 2.15 CFO estimation RMS error with respect to a) CFO and E,/N, and b) E,/N, with a fixed CFO = 5% of the
subchannel bandwidth. Pilot based synchronization and channel estimation. SISO and 2x2 MIMO, Veh-A channels.
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2.3 Frequency-sampling based equalization

The frequency-sampling (FS) based equalizer design methodology [9], considered earlier in the context
of single-input single-output (SISO) and single-input multiple-output (SIMO) transmission [8], can
further be extended to spatially multiplexed multiple-input multiple-output (MIMO) FBMC/OQAM
system with frequency selective subchannels. Next, a FS based equalizer solution will be presented for
efficient decoupling of different spatially multiplexed and MIMO channel -mixed data streams in an
FBMC/OQAM receiver. We will restrict ourselves to linear receiver techniques, which are known to
provide low-complexity suboptimal alternatives to the maximum likelihood (ML) detector. Specifically,
we will consider the ZF and MSE detection schemes.

The principal idea is to solve the ZF- or MSE-optimized weight (MIMO decoupling) matrix for each of
the frequency points considered in the FS design, and to use them as the corresponding target frequency
response values. The coefficients of the subcarrier-wise MIMO equalizers can then be derived from a set
of closed-form expressions similar to the ones in the SISO case.

Let us assume an N, x N, MIMO configuration with N, transmit and A, receive antennas. Further, let us
restrict our analysis to antenna configurations satisfying N, > N, and denote by ﬂgf;” the effective

complex-valued channel frequency response coefficient corresponding to the ith target frequency point
in the % subchannel for the wireless link between the transmit antenna p and the receive antenna q.
Moreover, let us assume that channel estimation can provide estimates of these coefficients for all radio
links between different transmit-receive antenna pairs. Then, the MIMO channel induced mixing among
different spatially multiplexed data streams v [n], for i =1,..., N,, can be modeled in the frequency
domain, for each frequency point i and each subchannel %, by an N, x N, matrix given by

r 11 1p 1INy T
Hﬂ‘.(f') T Hﬂ‘,[i) Hﬂ.',{i)
r.l ‘ r. ) . (:.\'
H; ) = Hﬂ'f‘(f-) cas H;f[-;) e H;_{:] (2.17)
\, 1 ‘ \; P . .\",. N
L IIA(!) e IIA(JJ U II‘L(JJ ‘ .

In case of the ZF scheme, the weight matrix is given by the Moore-Penrose pseudoinverse of the channel
matrix H, ;, in (2.17) and can be expressed as

G{ [ = (H{ He ) 'HY (2.18)

where superscripts (.)# and (.)~! represent the Hermitian transpose and an inverse of a square matrix,
respectively. While this ZF solution fully decouples the MIMO matrix channel cancelling the
interantenna interference (lAl), it ignores the AWGN and may therefore result in significant noise
enhancement and performance degradation.

An MMSE receiver makes a tradeoff between 1Al mitigation and noise enhancement. For the MSE
scheme, the weight matrix writes

G ™" = () Hy ) + pLv) " HE ) (2.19)
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where , — 52/52 and Iy, denote the noise-to-signal power ratio and the N, x N, identity matrix,
respectively.
The MMSE solution introduces a bias slightly scaling the signal. This scaling can be compensated for by

normalizing G,'\°with the matrix =D, , where Dg,is a diagonal matrix. The values of the

diagonal of this matrix are the values of the diagonal of the generally non-diagonal product G\*"H, ;.
The FIR MIMO transfer function for a 3-tap equalizer in subchannel % can be expressed as
Wi(z) = Wi[0]z + Wi[1] + Wi[2]2~ (2.20)

The frequency points corresponding to the frequency positions of G, ;, for i = 0,1,2, at the low rate
are: —x/2, 0, and 7 /2, respectively. By evaluating the transfer function W;(z) in (2.20) at these
frequency points of interest and setting the resulting expressions equal to G, (;, obtained from (2.18) or
(2.19) for i = 0,1, 2, the following set of matrix equations can be derived

WA-(f’__j%} = —JWi[0] + Wi[1] + W [2] = Gy o)
Wg-((“’.“) = Wi[0] + W[1] + Wi[2] = G )
Wi(e’2) = jWi[0] + Wi [1] — jWi[2] = Gy (o) (2.21)

This set of three matrix equations with three unknown matrices W.[0], W[1], and W[2], can be easily
solved and yields

(=14 J)Gp (o) +2Gr) — (1 + )G 2))

G0 + Gi)

(=1 =3)Gp 0) +2Gi,1) — (1 = §)Gr ) (2.22)

ks
-~
—
— =
N TP T ey
o —

Now, in order to recover the spatially multiplexed data streams, it is sufficient to apply the solved
subcarrier-wise MIMO equalizer W,.(z) in (2.22) to the received signals in the following way. By
writing

vie[n] = [yiln], yi[nl. ..., y;}_" []]" (2.23)

the output of the equalizer for the £th subchannel can be expressed as

Vi[n] = Z Wi lilyk[n —i] (2.24)
i=0
where v,[n] = [oL[n], 53[0, . . .. ot [n])T. Finally, the estimates of the transmitted symbols, denoted by

a,[l], are derived from v, [n] by carrying out OQAM demodulation on v,[n] and executing hard decisions
on a[l].

In this section, we will assess the performance of FBMC/OQAM using the frequency sampling approach
for equalization. Both SIMO and MIMO antenna configurations are analyzed in terms of uncoded bit
error rate (BER). In SIMO simulations, the obtained error rate performance is compared with the
theoretic flat Rayleigh fading reference. We consider the following simulation parameters: A sampling
rate of 11.2 MHz, a filter bank with M = 1024 subchannels, and a 10 MHz system bandwidth.
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The SIMO performance evaluations were carried out using 64-QAM (the alphabet for a.[l]), whereas
16-QAM was considered for the MIMO setup. As for the prototype filter p[mn], a frequency-sampling
designed NPR lowpass filter with an overlapping factor of & = 4 (PHYDYAS reference design) was
considered.

We have considered three different multipath channel profiles: the Vehicular A (Veh-A), Extended
Vehicular A (Veh-AE), and Vehicular B (Veh-B). In the simulations, random quasi-static channel
instances of the above models with AWGN were considered. Moreover, perfect channel information
was assumed in the receiver.

SIMO case: Receive diversity mode
The MRC receive diversity equalization was tested in 1 x2 (N.=2) and 1 x 4 (N, = 4) antenna

configurations. Also the performance curves for 1 « 1 SISO (m, = 1, no diversity) case are shown for
comparison. Simulations were carried out using ZF-optimized 1-tap and 3-tap complex FIR equalizers.
The BER metrics were estimated over 3000 frames.

Figures 2.16(a) and 2.16(b) show the uncoded BER as a function of £,/N, for the Veh-AE and Veh-B
channels, respectively. As a general observation we can say that the diversity reception provides
considerable SNR gain, when compared to the single-antenna receiver structure. This is true regardless
of the channel model considered. Moreover, while the 1-tap and 3-tap CFIR structures obtain
approximately equal performance in the Veh-A channel (not shown here), the 3-tap structure shows
increasing benefit over the 1-tap structure for the Veh-AE and Veh-B channels with increasing delay
spread. This is due to the fact that for these models the channel frequency responses show significant
selectivity over the subchannel bandwidth that the one-tap equalizer is unable to compensate. The 3-tap
structure, on the other hand, is able to perform frequency selective channel equalization.

MIMO case: Spatial multiplexing mode

Also the FS based MIMO equalizer was put under a test. The uncoded BER performance of the
spatially-multiplexed FBMC/OQAM was evaluated in 2 x 2 and 2 x 3 antenna configurations. Figures
2.17(a) and 2.17(b) show the error rate performance over the Veh-A and Veh-B channels, respectively,
for the 16-QAM modulation. The error rate statistics were obtained by simulating 3000 random quasi-
static instances of a specific multipath channel profile. While the MSE-designed 1-tap and 3-tap
equalizer structures provide approximately equal performance for both antenna configurations in the
Veh-A channel, the results in Figure 2.17(b) clearly speak for the 3-tap solution when transmission over
more time dispersive channel profiles is considered.

The theoretic flat Rayleigh fading error rate curves with diversity order of one and two are shown as a
reference for the 2 x 2 and 2 x 3 antenna configurations, respectively. In case of the Veh-B channel, the
FBMC/OQAM performance shows an error floor with respect to the flat fading reference in the high-
SNR region. This floor is due to residual ISI, ICI, and 1Al post-equalizer components. Equalizer filters
of increased order would be required to push down the error floor. Nevertheless, the performance of the
3-tap equalizer in the SNR region of interest, say from 0 to 15 dB where flat Rayleigh fading BER varies
within a range of [0.02, 0.2] and [0.001, 0.1] for the 2 x 2 and 2 x 3 cases, respectively, is very close to
the reference. Moreover, in practice, multicarrier data transmission is always combined with channel
coding and interleaving, which would effectively suppress the error floor in the high-SNR region. Figure
2.17(b) also shows that in severely time dispersive channels the multi-tap equalizer structure greatly
improves the ability to make use of the increased order of receive diversity present in 2« 3
configuration.
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Figure 2.17. Uncoded bit error rate performance for spatially-multiplexed 2x2 and 2x3 MIMO FBMC/OQAM. The cases of
(a) Veh-A and (b) Veh-B channels, respectively. Perfect channel information and timing synchronization is assumed in the
receiver. 16-QAM modulation.
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2.4 Blind equalization

In this section the problem of blind equalization for MIMO-FBMC is considered. In general, the channel
between the transmitter and the receiver is supposed to be known. It can be estimated by sending a
sequence from the transmitter, named training sequence, which is known at the receiver side. However,
the training sequences do not carry any useful information and hence decrease the useful rate. Blind
techniques allow eliminating training sequences and hence increasing the spectral efficiency of the
system. They do not require the knowledge of the channel and the transmitted signal can be recovered
using only the received signal. In what follows we will focus on the constant modulus (CM) criterion in
order to achieve blind equalization. The constant modulus algorithm is probably the best known and
most studied algorithm in blind equalization. It was initially designed for PSK signals. Besides its
simplicity and robustness in practice, it can be applied even for non-constant modulus communication
signals, e.g., QAM signals. The CMA was first implemented via stochastic gradient algorithm and later
on many variants have been devised. The main principle of the CM consists in preventing the deviation
of the squared modulus of the outputs from a constant named the dispersion constant. Here, we propose
to use the CM criterion in order to compute the equalizer for MIMO-FBMC blindly. The proposed
technique can be applied only in the case where the number of antennas at the receiver is greater or
equal to the number of antennas at the transmitter, which usually corresponds to the uplink case.

We first recall the system model. The notations used below are the same as in Deliverable D4.1 [8].
Under the assumptions of good time-frequency localization for the prototype filter and relatively low
frequency selectivity for the channel, the received signal at the output of the k-th analysis filter bank is
given by

¥ie[n] = Hy 5 [n1] + my,, [1] (2.25)

where Hy, = [H]®], # =1,...8, and g = L....N,, with HI® denotes the gain between the p-th
transmit and the g-th receive antennas for subchannel k, and it is given by

HP =3V -y 2.26
% m=ﬁh<pq [:m]E ( . )

where ¥, [0l = [¥: [n], e, 30 [1]]7, =y [0 = [k [, oo, 22 [m]]T, where
Boln] xt [n] =d} [n] +jul[n] is the complex symbol to be transmitted, and
W, [11] = [7% [0, -, 175" [w]]7 is the additive noise vector.

Here, we assume that the channel matrices H, are unknown at the receiver side and our aim is to
recover the transmitted signals using only the received signals ¥g[#]. In the following, for each
subchannel, we assume that: the channel matrix is full column rank (and hence N, =M,), the
transmitted signals are i.i.d. and mutually independent, and the noise is additive and independent from
the transmitted signal.

We assume a MIMO equalizer using 1-tap per subchannel and per antenna. Hence for subchannel k, in
order to recover the signal part of = [n], the received signal ¥, [] is filtered using some equalization
matrix W, . We have
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V. [n] = Wiy [] (2.27)

Ideally, matrix W, recovers the signal x; [1], except for a possible permutation and up to a phase

rotation (to remove these ambiguities a short training sequence is always required), i.e., in the noise free
case, we have

Wiy, [n] = P.Dy x, [n] (2.28)

where P, is a permutation matrix and D is a nonsingular diagonal matrix.

In order to compute the equalization matrix W, = [Wy ;... Wy ], We propose to minimize the

classical CM criterion [10,11]. By taking the property of OQAM modulation, which is sending the real
and imaginary part alternatively in both time and frequency axes, for even subchannels, the criterion is
written as

Je = Loty BIR@[2a]) + (7120 + 10} - BT (2.29)
for even subchannel and as

J = Z%, E(5Ll2n])" + R(# L2 + 11" - BT (2.30)
for odd subchannels, where E[.] denotes the expectation, R is the dispersion factor given by

- Ellal*
R EllalI*]’ (2:31)

where a represents the symbols to be transmitted, and H{.} and 3¥{.} denote the real and imaginary
parts, respectively.

Note that we can use the principle of the multimodulus algorithm (MMA) [12] where the real and
imaginary parts can be constrained separately. In our case the MMA criterion can be written as

j= Ef;lﬂ[{zﬁ[ﬁk[m]f - &E}?} +E [[ﬁ(iﬁ,i zn+ 1]} - &5}:} (2.32)
where

_ p _ EDHsDI®] _ E[e0L®
Ra = R = ppabir] — sl (233)

For odd subchannels we interchange the real and imaginary operations in (2.32). In the following, we
only use the CM criterion and only consider the criterion for even subchannels, since the development is
the same for odd subchannels. Note that the minimization of the CM criterion can be achieved in both
batch and adaptive ways. Here, we are interested in the batch solution. For this purpose, let us suppose
that K, samples are available at the receiver side.

For the batch solution, we can write the problem as a least square problem [11]
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W, = arg miny, © Ii¢, ZXAE [{iﬁ(ﬁ;} [2a])* + 3(Ft[2n + 1]} - Rﬂ (2.34)
where L = K_/Z, Let

Wi = [ﬁ Ewk,r}]

- H & - - o 2 + 171 -
303 o s o= e

Then, we have
R Eﬁ?{ [Eﬁ]} =R {waff-:}'k [Eﬂ]} = ﬁ{tfk [2n] (2.36)
Similarly

I {FEe+ 1} =3 Wiy 2o+ 1]} = & F.[2n+ 1] (2.37)

By considering (2.36) and (2.37), (2.34) can be written as

Wi, = arg miny, f ¢4 Znzg [Eﬁ?{r,-:fk [25])" + (R Fel2n + 1])" - ET (2.38)

Moreover, we have
(WL [2])" + (WL Fel2n +11)°
= %] F [2n]F, [20] "W, + W F [2n + 1]F [2n + 1], ,
= (¥, [2n] @ 7, [20] + F,[2n + 1] @ F [2n+ 1])7(F,, @ W) (2.39)
Where @& denotes the Kronecker product.

Let G = [(#, [0] @ 7, [0] + #:[1] @ F. [1D.o.. F K- 2] @ 7 [K - 2] + i [K - 1] @
¥io[E — 1]) IF be an L X 4N7 matrix and z,, = W, , @ W, , a 4N2 X 1 vector.

Therefore, the least square problem can be rewritten as [11]

Fe = L% |0z — 1||2 (2.40)

where 1 = [1,...1]". Our aim is to minimize J, under the constraint z,, = Ty, & Wy, 1 = 1L, N,
that is to say, find the vectors z,; of the particular form above that minimizes J,.. Our optimization
problem is very similar to the optimization problem of the analytical CMA (ACMA\) in [11], therefore in
the following we will proceed exactly in the same way as in [11]. Here, we will give a rough description
of the algorithm and for more details refer to [11]. Let Q be an £ L unitary matrix such that
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Q1=41 m which can be for example the Fourier matrix. By applying Q to [1 I;] and partition the
result as [11]
Q[Lr]=ﬁ[1 1‘5} (2.41)
" 0 G, '
Moreover
rz, =1 < [11'][_1:|—a- o |PE«=1 2.42
kz?i.-i_ Q k z?{.d = _sz?{,.i =0 ( : )
Using (2.42), (2.40) can be written as
Fe = Zitypime, — 1 + |Gl (2.43)

The first term in (2.43) prevents the trivial solution z;;, = @ and the second term requires that z,;
should be in the nullspace of G,. In order to obtain explicit expressions for p, and G,, we square
(2.41), which results in

=171 and €, =GIG, =7I7T, —TI7117T, (2.44)
Furthermore, we have
Pizy: = Wi R, W (2.49)
where B, = 2(% [2n]F;[2n]" + F[2n + 11§ [2n+ 1]7).
In order to simplify the following derivation, we first apply prewhitening to the received signal ¥ [#] .
This procedure is described in detail in [11]. It first produces a covariance estimation based on the K,

received samples, and then computes the prewhitening matrix. After prewhitening, we now have
R, =1, and hence

iy = W Ry, W, = W W, = Wy, |2 (2.46)
Moreover, we have ||z |* = [[%..]|*. Then
Pilyg: = ||"?’k4-:||2 = [l l (2.47)

The optimization is difficult to carry out directly. So a simplified optimization is first performed by
relaxing the constraint on z, ;. The problem is written as [11]

Ly, = arg mingly o Zity Eazt % B Ty (2.48)
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where C, is C, in (2.44) computed using the prewhitened received signal. In (2.48), z,; only needs to
satisfy the unitary constraint but does no longer need to have the particular structure described above.
Note that the prewhitening also reduces the size of the channel matrix from N, ¥ N.to N, ¥ N..

The solution of the optimization problem in (2.48) is known and corresponds to the X, eigenvectors of
C,. corresponding to the N least eigenvalues. Note that the solution Z,,, represents an orthonormal basis
for the nullspace of C,.. Once this first step is performed, W, can be found by looking for a set of &,
unit-norm vectors #;, ; & W, ; that best spans the same subspace as Z,.. As shown in [11], this final step
can be shown to be equivalent to the following joint diagonalization problem,

W, = arg Mg 4 E:E:."zk.a - WA, W

: (2.49)

where A; is a diagonal matrix constructed from the i-th column of A which is in turn an ¥, N, full
column matrix, and Z, , is a matrix obtained by unstacking z, ; into a 2N, X 2N, matrix. A simple joint
diagonalization algorithm is described in [11], where more details on a development similar to the above
one can also be found. Note that the optimization here is performed jointly on W, and A, but only the
former matrix is of interest in our problem.

From (2.38), the equalization matrix W;. can easily be deduced from W,. Now in order to recover the
transmitted signal, we simply apply the equalization matrix, for each subchannel, to the prewhitened
received signal, followed by the OQAM demodulation step.

We now assess the performance of the proposed blind algorithm and the classical MIMO frequency
domain equalizer presented in [8], by comparing them in terms of uncoded bit error rate (BER). Note
that in the frequency domain equalizer (also called one tap equalizer in [8]), the channel is assumed to
be perfectly estimated by the receiver. We consider the following simulation parameters: M = 64
carriers, overlapping factor K = 4, 4-QAM and 16-QAM modulation, ¥, = Z, N, = 3. The MIMO FIR
channels are chosen randomly. All simulation results are averaged over 100 independent realizations.
For brevity, in the figures we refer to the proposed technique by the term “blind”, and the classical
frequency domain equalizer by “one tap”. Note that the two techniques use one tap equalizer.

In Figure 2.18, we consider the 4-QAM constellation. We observe that the proposed algorithm (blind in
the figure) provides good performance. The classical frequency domain equalizer (one tap in the figure),
outperforms the proposed blind algorithm. For short channels, 2 taps, the gap is 2 dB for low SNRs and
1 dB for high SNRs. For longer channels, the gap is around 2 dB for almost all SNRs. It should be noted
that with the proposed blind algorithm no training sequence is required, and hence the useful rate using
this algorithm is higher than the one using the frequency domain equalizer [8].

Figure 2.19 shows the case of 16-QAM constellation. In this case, we observe that the two techniques
have almost the same performance.
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Figure 2.18 Comparison of the proposed blind technique with the classical frequency domain equalizer in terms of uncoded
BER as a function of Ep/N, for different channel lengths. The case of 4-QAM constellation.
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Figure 2.19 Comparison of the proposed blind technique with the classical frequency domain equalizer in terms of uncoded
BER as a function of E,/Ng for different channel lengths. The case of 16-QAM constellation.
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2.5 MIMO Channel Tracking

In a mobile environment, the channel may vary with time and hence its estimate acquired in the
preamble needs to be kept up to date in the rest of the frame. In a previous deliverable (D4.1 [8]), a
Kalman filter-based method for tracking the channel was presented for the case that a model for the
channel time evolution is available. In this section, the problem of MIMO channel tracking in time-
varying FBMC/OQAM systems is revisited, for the case that we don’t have a model for the channel
variation. Two scenarios are considered: (a) decision-directed (no pilots) and (b) pilot-aided tracking.

2.5.1 Decision-directed LMS Channel Tracking
Consider an N,xN, FBMC/OQAM system with well localized pulse shaping filters and recall that, in
this case, the output of the AFB at the subcarrier k and symbol n, after de-rotation with 6, can be
well approximated by

Yin = HnXin + My (2.50)
where H, , is the N, x N, frequency response of the channel at the (k,n) point and X, , =d, , + ju,,
the corresponding virtual (complex) input symbol, consisting of the real input symbol d, , and the
associated imaginary (intrinsic) interference ju, ,. We will develop a scheme for tracking the channel

using only a short preamble for obtaining an initial estimate. For the rest of the frame, the channel is
tracked in a decision-directed manner. Let kg, k,...,k,_, be the set of P subcarriers where the decisions

for the channel tracking are to be made. The AFB output at these subcarriers and for the qth receive
antenna will be given by
Ve o= HOK  + HIERE 4k HEIRE 4] (2.51)
for i=0,1,...,P-1 and q=12,...,N,. Collecting all the above samples in a Px1 vector y; and
expressing the frequency response in terms of the channel impulse response (of length L, ), we can write
Yo =D Fo i +DF, by -+ + DI, b g, (2.52)
where
D =diag(%P . % o %0 ), P=L12..N,, (2.53)
F;,, isthe PxL, submatrix of the M th-order DFT matrix consisting of its first L, columns and its
rows corresponding to the decision subcarriers, and h? is the impulse response of the channel from the
transmit antenna p to the receive antenna ¢ . The above can be written more compactly as
¥n =Thy+ng, (2.54)
where

T T T
w=| ) () ()] @59
is the collection of the channels from all transmit antennas to the qth receive antenna, and the PxN,L,
matrix T, is given by
T,=[D\F,,, DI, - D\F, | (2.56)
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The P >N,L, subcarriers should be chosen so as to be equispaced, as in this case Fy, is in its best

)

condition, with F,, Fg,, =L,I,,and E(TnTnH ) =o’N,L I, with o7 = E(‘ka,n

Stacking the above equations for all receive antennas, we obtain

¥, =(Iy, ®T,)h,+n, =Sh, +n,, (2.57)
i)
Sn
where
i

o) @) - @) (2.58)

n,=[(0) () ()] (2.59)
and

S, =1, ®T, (2.60)
Based on the above formulation, we can develop a decision-directed tracking scheme as follows. Let the
decisions at the selected subcarriers at time n be made on the basis of the channel estimate available at
the previous time, n—1. For example, using a zero-forcing (ZF) frequency-domain equalizer®, the
decision making step can be expressed as:
iki,n = Hli,n—lyki,n (261)
and

%y o =4y o+l ,=dec| Re (%, , ) [+ jIm(x, , ), (2.62)
where I:Ili,n—l is the pseudo-inverse of the estimated channel frequency response at subcarrier k; and
time n-1, and dec[-] is the quantization function associated with the input OQAM constellation. These

decisions are then used to build matrices ﬁﬁ and hence the matrix én as above. The channel estimate
can then be updated invoking the LMS recursion [13]:

e, =¥,-S,h, ,, (2.63)

h =h_,+uS"e, (2.64)

with 4 being the step size of the algorithm. Note that the initial estimate for the channel can come from

a preamble-based channel estimation step (see [8]).

Observe that in the above decision making process, the intrinsic interference is simply taken as the
imaginary part of the soft estimate of x. This tracking scheme will be called “Tracking A” in the
following. Nevertheless, a better estimate of the interference part can be computed, especially for low-
order constellations, by quantizing the imaginary part of x over the codebook of all possible
interference values. This codebook can be a-priori computed based on the assumption that interference
mainly comes from the first-order time-frequency neighbors and using our knowledge of the prototype
filter used in our filter banks. The latter yields readily the weights of the contributions from the
neighbors of any given point to the interference at that point. Thus, for example with OQPSK input, the

eight first-order neighbors result in 2° = 256 possible interference values, which, in fact, reduce to only

! One can also use other, more sophisticated equalizers, such as the MMSE one or a V-BLAST equalizer.
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65, due to the underlying symmetries. One can then quantize the interference estimate above to the
closest value out of these 65 levels. Although this increases the cost of the decision making step, it can
significantly improve the performance of the above tracking scheme, as the following simulation results
will exemplify. It should also be noted that the codebook of interference levels is to be computed off-
line. Let us call this modified tracking scheme as “Tracking B.”

Figure 2.20 shows some results from simulating the above tracking scheme in a 2x2 system. The
normalized MSE (NMSE), E( h, —fln

2
/||hn||2), is plotted versus the number of iterations. The channel

is M -block fading, of the Veh-A type. OQPSK input is used, at an SNR of 15 dB. The transmultiplexer
employs the PHYDYAS reference filter bank with M =128 and K =4. The initial channel estimate in
each frame is provided by the preamble-based channel estimation technique presented in Section 3.1.3.4
of [8] (see also [14]). This is based on an MSE-optimal preamble of a single FBMC symbol (followed
by a guard of two null FBMC symbols to protect it from interference from the data section). The
minimum number of decision subcarriers, P = N, L, , is used in each transmit antenna.

Figures. 2.20(a)-(d) show the results of averaging 200 frames of 106 FBMC symbols each, for (a) a
static channel, and for time-varying channels of mobility (b) 5 km/h, (c) 15 km/h, and (d) 30 km/h. The
step size values used in each case are noted on the figures. For comparison purposes, the result of no
tracking is also shown. Evidently, Tracking B is much better than its A version, which, except for very
low speeds, seems not to be able to correctly track the channel variations. Note from Figure 2.20(a), that
the above decision-directed tracking scheme can be useful even in static channels as it significantly
improves the preamble-based channel estimate. We can thus also view it as a semi-blind channel
estimation technique.

2.5.2 Channel Tracking via Pilot-aided Time Interpolation

The above tracking scheme is quite simple to implement, as well as data efficient as it only requires a
minimal set of pilot symbols, placed in the preamble. However, as one can also see from the results in
Figure 2.20, it is only effective for rather low to medium mobilities. Moreover, the step size x has to
carefully chosen. In order to be able to track faster varying channels, one has to resort to pilots scattered
within the frame. In this subsection, we investigate a pilot-aided tracking scheme which can cope with
very high speeds while being simple in its implementation.

Let us place the pilot tones of the preamble FBMC symbol (Section 3.1.3.4 [8]) in the data section of the
frame, in a periodic fashion. To avoid the intrinsic interference phenomenon at the pilot positions (k, n) :

we also use auxiliary (help) pilots at the positions (k,n+1), where the interference is stronger. This

way, the pilot set used in the preamble can still be used for channel estimation within the frame in the
same way and is still MSE-optimal. The period of pilot symbol placement depends on the variation rate
of the channel and should be shorter (denser pilots) for faster varying channels. Once the estimates at the
pilot symbols become available, the channel in the rest of the symbols can be simply estimated through
linear interpolation [15][16]. This scheme will prove to be much more effective in tracking fast varying
channels. Its limitation is that one has to experience a delay in providing the channel estimates, equal to
at most the period of pilot placement.
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Two examples of the use of this pilot-aided tracking scheme are shown in Figure 2.21. The PHYDYAS
reference filter bank is used, with M =128 and K =4. The channels are 2x2 M -block fading and

follow the Veh-A model. OQPSK input is used, at an SNR of 15 dB. N,L, pilots (and an equal number

of auxiliary pilots) are used at each pilot position. The results of averaging 200 frames of 106 FBMC
symbols each are illustrated, for mobile speeds of (a) 60 km/h and (b) 120 km/h. The pilots are placed at
every 10 and 5 FBMC symbols, respectively. The results of no tracking are again included, for
comparison purposes. It can be seen that the method is able to track the channel, by not allowing the
MSE to exceed its initial level. One can also observe that, as expected, the best channel estimates are
obtained at the pilot symbols, whereas the MSE is maximized at half the distance between two pilot
symbols. The application of this channel tracking scheme in adaptive equalization and the resulting
detection performance will be studied in the next section.

. M=128, K=4, v=0 km/h, n=0.0003 M=128, K=4, v=5 km/h (deS=3.6x1D'4). n=0.0005
; Tracking A 5 ! ! ! ! !
: : : f===TrackingB|| 20/ . [ S S S S i
DR promeenneees A A S S =l 0
R R e R R S e iy
L S Tracking A |_|
) ) === Tracking B
2 : : e Mo tracking |
L : : w : :
@ : : (7 Y SO S S S S S i
% : : = 5
S S B I L - = ] . b} - iAHH- .
’ f L
A b - { "'--..._____ :
: ; : i i i i i
15 5 0 5 w0 T 2 20 40 60 80 00 120
FBMC symbol FBMC symbol
(a) (b)
M=128, K=4, v=15 km/h (des=1 .067x10'3). p=0.0007 M=128, K=4, v=30 km/h (deS=2.13x10'3). pn=0.002
® ! ! ! 1 ! 20 ! 1 1 ! !
15 e T . -
; Tracking A
L] Sl S S Tracking A N 0] E— , ,,,,,,,,,,, r, ,,,,,,,,,, ===TrackingB | |
—_ ===Tracking B . ' : [ Mo tracking
0] S S S S 1 & . :
% ----- Mo tracking o] | ES S S S S F S ,
I 4w :
[42] (%] H
= R e R EE .
I o e il St St Rt Sy 1 Z :
Y S St Mty N g
H T LL L
B R T e B
Rl : : \\s ' | ‘ : :
15 i B el e Tttt 5 bl P R e i
0 20 40 60 30 100 120 0 20 40 60 80 100 120
FBMC symbol FEMC symbol

Figure 2.20 Tracking performance of the decision-directed LMS tracking scheme, variants A and B, for a
FBMC/OQAM system with M =128, K =4 and Veh-A channels. Mobile speeds: (a) 0 km/h, (b) 5 km/h, (c) 15 km/h,

and (d) 30 km/h.
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Figure 2.21 Tracking performance of the pilot-aided interpolation tracking scheme for an FBMC/OQAM system with
M =128, K =4, Veh-A channel with OQPSK input at SNR=15 dB, and mobility of (a) 60 km/h and (b) 120 km/h.

3 MIMO techniques in FBMC

Space diversity and multiplexing schemes are considered in turn, starting with the most simple, widely
known and practical MIMO technique, a space time block code for transmit diversity, often called
Alamouti scheme.

3.1 Alamouti

Alamouti space-time coding is a famous transmit diversity scheme for two transmit antennas. We
consider here mostly the basic scheme with single receiver antenna. Orthogonal sequences of two
complex data symbols are transmitted from both transmit antennas as follows:

Antenna 1: [dl, —~ d2]

N (3.2)
Antenna 2: [dz, d1]
The corresponding received samples are:
r;l:hldl-‘thdZ-i—nl (3 2)

r,=-hd, +h,d; +n,
Assuming knowledge of the channel gains, the decision variables are obtained by combining the two
observations as follows:

4, =hn+hry = (b +|ngf ) o, + b, + by

dz = h;rl - hlrz* = (|hl|2 +|h2|2)d2 + h;nl + h1n;
Maximum likelihood detection is the optimum way to make the symbol decisions [17], but just using a
slicer after scaling the decision variables for unity gain provides close to optimal performance in most
cases (except for high-order QAM constellations in the high SNR region).
The Alamouti code was formulated here for the case of flat-fading channels, which is quite valid model
when the coding is done for the subcarrier symbol sequences in a CP-OFDM system. However, due to
the OQAM signal structure, it has turned out very difficult, if not impossible, to apply the Alamouti

3.3)
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scheme for symbol-wise coding in FBMC. Then, it becomes interesting to consider applying block-wise
Alamouti schemes in FBMC. Such schemes have earlier been applied in single-carrier transmission in
frequency-selective channels [18].

3.1.1 Block-wise Alamouti scheme

We start by stating the proposed block-wise transmission scheme. In the basic scheme, two symbol-

block sequences are transmitted from the two antennas as follows:
Dl=[O,dl,0,-d;,0,d3,0,-dz,0...] -
D, =[0,d2,0, d;,0,d,,0, (1;‘,0...]

Here the elements are symbol blocks in the time-frequency domain, consisting of subcarrier samples

following the complex OQAM signal model. The left arrow on top of a variable denotes time-reversal of

the corresponding sequence. Figure 3.1 illustrates the block structure for single Alamouti code frame.

For example, the elements d,  and d, , are Alamouti-coded together.

Antenna 1: time
=]
d, -d,
0 0 —C* —C* —C* 0 sub-
Ci1 Gy~ Cyy 2N 22 carrier
du d12 le _dZN _dzz _dz:
€1 € " Ey € €y — 6y
Antenna 2:
=
d, d,
0 0 . . 0
Cy Cpy ++- Cyy Cin " Cpp Gy
d21 dzz dZN le dlZ dn
€1 €5+ €5y Ein 6 By

Figure. 3.1 Basic structure of the block Alamouti code frame.

This construction has the following essential characteristics:
1. Complex-conjugate time-reversal retains the “complex interference” structure of FBMC-OQAM

signals.

As discussed in PHYDYAS documents and OFDM-OQAM literature, when d is an input data
block to an ideal transmultiplexer system (with ideal channel) the output is

x=d+u (3.5
Here u is referred to as the secondary part, or complex interference. For each subcarrier symbol,
X m» Within the data block, the corresponding element of d, d, . .is purely real or purely

imaginary and the corresponding element of w, u, ., is purely imaginary or purely real,
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respectively. Further, each element of u depends on the surrounding elements of d within a
certain window.
The output x can be considered as a 2D convolution of d and the transmultiplexer response T,
shown in Table 2-1 of [19] for the PHYDYAS reference filter bank. In general, T is conjugate
symmetric along the time axis, which leads to the following properties:

X=D+U=D=*T

=X =D*T =D"*T =D"*T (3.6)
This proves that the following two processing sequences produce exactly the same secondary
parts (and consequently the same complex output sequences), when applied to isolated FBMC-
OQAM symbol blocks:
- Transmitting d through a transmultiplexer system

- Transmitting d through the transmultiplexer system and taking the conjugate time-
reversed version of the output.

This is exactly what is needed in the block-wise Alamouti scheme. The remaining issue is that at
the edges of the transmission blocks, the symmetry properties are not always satisfied, and this
may introduce additional interference.

2. In FBMC systems with sufficient frequency localization (like the PHYDYAS reference filter bank),

the transmission blocks can be well isolated from each other in the frequency direction by leaving an
empty subcarrier as a guardband between the blocks.

3. Guard periods have to be included between transmission blocks to isolate them properly.

In the proposed scheme, zero-symbols are inserted between the two parts of the Alamouti coded
frames. Considering the PHYDYAS filter bank with K=4, a gap of 4 subcarrier samples (2
OQAM symbols) is need to completely isolate the blocks. With 3 zero symbols, the interference
between the blocks is still at a very low level. Also shorter distance may be considered,
depending on the intended SNR operation range. On the other hand, it is not easy (and it may be
impossible) to use the scheme with even number of 0 symbols in such gaps, so 1 or 3 zeros are
the remaining choices. It can also be shown that inserting any pattern of non-zero symbols in the
center gap introduces additional interference in the Alamouti scheme.

In the proposed scheme, pilot blocks are inserted between different block Alamouti code frames,
in such a way that they are not distorting the required symmetry patterns:

D, =[pl’dl’Os'a:"f’;’ds’o"a:s'pl ]

D, =[p,,d,,0,d;, p,,d,,0,d;,-p,...] 37)
With this structure of pilot blocks, they don’t introduce any more interference to the data
symbols than zero symbols in these places. Naturally, there is some interference between
different Alamouti code blocks (e.g., between —ﬁ; and d3), if the length of the pilot block is

lower than 4 samples (with the PHYDY AS filter bank). The received secondary parts of the pilot
symbols are not under control in this scheme, but this is not critical for the proposed channel
estimation scheme. In the gaps between different block Alamouti code frames, also even values
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of the pilot block length are feasible. In the continuation, we consider the length of 3 subcarrier
samples, based on preliminary simulation studies.

The auxiliary pilot scheme has been extensively considered in PHYDYAS for channel estimation and
fine synchronization purposes. In the proposed Alamouti scheme, such pilot pairs could be inserted only
within the data blocks; in the pilot areas they cannot be introduced without distorting the symmetries.
The needed gaps introduce significant overheads in data transmission capacity, which would be further
affected by the introduction of auxiliary pilots. Therefore, we consider using only the pilot blocks
between Alamouti code frames for channel estimation. In the following we assume that the subchannels
are essentially flat-fading, and the block-wise Alamouti scheme can be utilized without any further
equalization.

Our idea for channel estimation is based on (3.3). For each Alamouti-coded pair of pilots we can write
(notice that in the complex OQAM sample domain, the equation may be for the imaginary part, instead
of real part, depending on the pilot location):

Re[hr, +h,r, |=p,, (+ noise)
ReI:ﬁ;rl,n - lez*,n:' = Py (+ nOise)

(3.8)
where
= hy
h=r—"—s
(|h1| +hy| )
_ h
h, ===
(Inf* +[r.f’ 9)

Consequently, ignoring the noise term, we obtain two linear equations in terms of four
unknownsRe| h, |, Im[h ], Re[h, Jand Im[h, ], real and imaginary parts of the observations r, and

r,,» and known purely real-valued or purely imaginary-valued pilots p, and p, . Using multiple

pilots, we can easily obtain a set of more than four linear equations in four unknowns, which can be
solved in the MSE sense to find the channel coefficients. Such equations can be obtained also for the 0-
pilots. However, preliminary experiments indicate that the 0-pilots form the center gap contribute only
marginally to the performance, and are probably not worth the added complexity.

Performance evaluation

We have tested the proposed scheme using the ITU-R vehicular A channel model and WiMAX-like
system parameters typically considered in the PHYDYAS simulation studies. Block-fading channel
model is assumed, i.e., the channel remains constant over each Alamouti-coded block. Here we use just
random QPSK data sequences as pilots.

After some preliminary evaluations, it seems that 3 is the right choice for the pilot sequence length. For
the center gap length, both 1 and 3 are considered. In both cases, we use the two pilot samples which are
closest to the Alamouti code block. We consider using pilots also from the immediately adjacent
subchannels. More specifically, for an Alamouti code sequence on subcarrier k starting at time index n
and ending at n+ng, we use pilots n-2, n-1, n+ng+1 and n+ny +2 at subcarriers k-1, k, and k+1 for
estimating the channel gain.

To evaluate the pilot overhead, we use the WiMAX downlink PUSC mode as a reference. It uses 1 pilot
per 6 QAM data symbols with pilot boost of 2.5 dB. To reach the same pilot overhead in spectral
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efficiency, the data block length should be chosen as 18 subcarrier samples (9 OQAM symbols) when
using the 3-sample center gap, or 12 subcarrier samples (6 OQAM symbols) when using the 1-sample
center gap. The distance between consecutive pilot blocks is about 20 or 13 OQAM symbols,
respectively. To reach the same pilot energy to data energy ratio as in WiMAX, pilot boost of 5.5 dB or
5 dB should be used with long or short center gap, respectively.

Figure 3.2 shows the average MSE and BER performance after combination as a function of Eb/No for
both pilot schemes and QPSK data modulation. We can see that at in the low-to-medium Eb/No range,
the performance with shorter center gap is quite acceptable. Figure 3.3 shows the average MSE and BER
performance after combining as a function of mobile velocity (with 2.5. GHz carrier frequency) for both
pilots schemes. We can see that the shorter gap is clearly more robust with significant mobility.

In conclusion, the performance of the proposed block-wise Alamouti was found to be quite good in case
of stationary channel. With significant mobility, there is a trade-off between detection performance and
code block length. With increasing mobility, the data block length has to be reduced, leading to
increased overheads due to the pilots/guard periods. Considering system parametrization and pilot
overheads similar to those of WiMAX downlink PUSC mode, acceptable performance is achieved with
mobilities of some tens of km/h.
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Figure. 3.2. MSE and BER performance for block-wise Alamouti scheme for FBMC. QPSK modulation, Vehicular A channel, pilot block
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3.2 Spatial Multiplexing

The objective of spatial multiplexing is to establish a number of channels between the groups of transmit
and receive antennas, in order to increase the data throughput.

The approach has been studied in depth for OFDM and two classes of algorithms have been worked out.
The first and simplest class exploits the minimum mean square error (MMSE) criterion. A more
involved approach, based on the maximum likelihood (ML) principle, may yield significant performance
improvements, since it has the potential to reach the optimal signal-to-noise ratio [20].

Regarding MMSE techniques, they apply to FBMC and OFDM and there is nothing special with FBMC.
Here, the focus is on ML techniques.

3.2.1 FBMC and maximum likelihood

If QAM modulation is used in the sub-channels of an FBMC, the techniques developed for OFDM can
be employed. However, with OQAM modulation, due to the presence of the interference terms in the
received signals, specific algorithms have to be developed. An illustration of the context is given for
MIMO 2x2.
The system has two transmit antennas and two receive antennas. At a particular time, in a particular sub-
channel, the following signals are received

X, =hy, (d; + juy) +hy, (d, + juy) +by

X, =h, (d, + ju;) +hy, (d, + ju,) +b,
where d,u,bdesignate, respectively, the data symbols, the OQAM interference terms and the noise
terms. The complex scalars h,,h,,h,, and h,, represent the MIMO transmission channel elements at
the center frequency of the sub-channel under consideration, assuming perfect frequency and time
synchronization after sub-channel equalization.
The maximum likelihood principle implies the calculation of the cost function

2 2
J =|X1_hnd1_hlzd2| +|X2_h21d1_h22d2| (3.11)
for all possible values of the data symbols. Assuming binary data, d, =+1 and d, =£1, 4 evaluations

are needed. Then, the minimum cost function value is picked and the data set which is involved is the
output of the ML detector. Next, considering the other cost function values, equivalent signal-to-noise
ratios are computed, which gives, for erroneous d,

. . 2
o Ll v bt +ht)| o1
. (haf” +[na[ )5 12 |

(3.10)

for erroneous d,

. . 2
el mOun ) | o1
a2 (|h22|2+|hlz|2)o_2/2 .

and for erroneous d, and d,

* * 2
[ £ (1 ) It gt |
e (b + [+, +hy[)o? 12

(3.14)
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The performance of the scheme, in terms of bit error rate, depends on the quantity Im(h,h;, +h,h,)
which is known and the interference terms u, and u, which are unknown.

A systematic search over all the possible values is impractical, because these terms take their values in a
large set. In fact, the interference terms are weighted sums of previous and past data in the sub-channel
under consideration and the two neighbouring sub-channels. For example, if the system impulse
response is limited to the immediate neighbours of the reference term, the vector of the weighting
coefficients is W=[0.564, 0.564, 0.239, 0.239, 0.206, 0.206 0.206, 0.206] and u can take on 45 different
values, in the interval £+ 2.43.

A first approach consists of estimating the interference terms, using the MMSE technique for example,
and introducing the estimated values U, and 0, in the cost funtion, which becomes

3 =[x =y, (dy + jay) —h, (0, + JG,)[° +]x, =y, (dy + j&,) — i, (d, + ji3,)|° (3.15)
Then the performance depends on the accuracy of the estimation.

Two approaches are investigated below, in the general case. One relies on the known probability
distribution of the interference terms, it is called local-ML, because the received signal is processed
symbol by symbol, the other one performs an estimation of the interference terms using a reduced set of
the coefficients of the system impulse response and exploits an iterative method.

3.2.2 Local ML decoder

The system model presented in deliverable D4.1 is considered [8]. Under the assumptions of good time-
frequency localization for the prototype filter and relatively low frequency selectivity for the channel,
the received signal at the output of the k-th analysis filter bank is given by

I'k,n = Hk,n (dk,n + juk,n) +nk,n (316)
The maximum likelihood (ML) decoder is the optimum decoder. It searches for the vector d, , which
maximizes the probability to receive a vector r,, assuming that d,, is transmitted [21], so we can
write:

d, , = argmax{P(r, ,/d, )} (3.17)

dk,n
Consequently, it is necessary to calculate the analytic expression of P(r,  /d, ). To simplify, we omit

frequency and time indices in this section. So, we rewrite the equation (3.16) as follows:
r =Hd+ jHu+n

, (3.18)
=Hd+n',
where n’ is the sum of the noise vector and the interference vector term. We have:
P(r/d) = P (r — Hd). (3.19)

Let us denote v= jHu, so n'=v+n. Since u is linearly dependent on transmitted data vectors and

takes only certain vector values, then it is considered as a discrete random vector. So, we can write the
marginal density function of n" as follows [22]:

Pe(n) =2 Py (V)P -v)
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|det(H)|z (u)P, (n’ - jHu). (3.20)
Therefore, according to (3.20) and (3. 19) we obtain:
P(r/d) = = (H”ZP (u)Py (r—H(d + ju)). (3.21)

Py(n) is the probability density function of the multivariate Gaussian distributed N ~ N(0,c°L,),
described as:

P (n) = ﬂl exp(~ ”“”) (3.22)

According to (3.17), we have to maximize the equation (3.21). Taking account (3.22) and omitting the
positive factor term (27zo | det(H)|)™ we have:

d= argmax{f (d)}

H 2
20
So, the discrete probability distribution Pr(U =u) should be known. Since it depends only on transmit-
receive impulse response coefficients, we have to evaluate it just once. We have:
u= z a,.d (3.24)

p.q p+k,g+n
(p.9)=(0,0)

= argmax{) Pr(U = u)exp(- lr—H
d u

Wlth ap,q = <gk,n! gk+p,n+q> '

In continuation with the work presented in [23][30], the IOTA prototype filter described in [48] is used,
assuming that similar results would be obtained with the Phydyas reference filter.

In order to limit the computation load, the filter impulse response is limited to the terms adjacent to the

reference term. Accordingly, the interference term in the i™ antenna is written as a finite linear sum of
independent uniformly distributed BPSK data:

u® =>"e, d (3.25)
k=1

with ¢, =0.4411 for k =1,...,4 and ¢, =0.228 for k =5,...,8. Numerical calculations of the discrete
probability distribution P(u®) lead to the following table:

When considering a 2x2 MIMO system where u is a two-element vector and since the components of u
are independent, we can write:

P(U=u)=PU® =u®).PU®? =u®?) (3.26)

The simulation results lead to the curve shown in figure 3.7. The performance of the local-ML decoder
is slightly better than MMSE, but far from the optimum.
An alternative approach, based on interference cancellation, is presented next.
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u(i)
PU®M =u®)(x10™)

0 1.4069
+ 0.0298 0.1567
+ 0.4262 0.6254
+ 0.4560 0.9340
+ 0.8524 0.0389
+ 0.8822 0.9381
+ 0.9120 0.2341
+ 1.3084 0.1559
+ 1.3382 0.6258
+ 1.7644 0.2355
+ 1.7942 0.1564
+ 2.2204 0.1565
+ 2.6764 0.0392

Table 3.1 Interference Discrete probability distribution

3.2.3 Iterative decoding using maximum-likelihood decoder

The local maximum-likelihood detector described in the previous section suffers from its high
complexity since it requires to compute the marginal probability over all interference terms to detect
each transmitted symbol. In this section, we present an iterative receiver based on interference
cancellation.
Following the signal model defined in [8], the transmitted sequence at SFB output can be written as:

M-1

s[m] = szk,ngk,n[m] (3.27)

k=0nez

where g, ,[m] are the shifted versions of the prototype filter impulse response g[m] in time and

frequency. In the absence of channel, the demodulated symbol over the k™ sub-carrier and the n"
instant is determined using the inner product of s[m] and g, ,[m]:

~+00

rk’,n’ = <S’ gk’,n’> = Z s[m]g;’,n’[m]
e (3.28)

- Z szk,ngk,n[m]g:’,n’[m]-

m=—o k=0neZ

After adding the noise contribution n,, ., equation (3.28) becomes:

Few =Nl + e +00 (3.29)
where h,. . is the channel coefficient at subcarrier k' and time index n', I, . is defined as an intrinsic
interference and is written:

Ik',n’ = Z hk,ndk,n Z gk,n[m]g:’,n'[m]’ (330)

(k,n)=(k',n") m=—o

Most part of the energy (98%) is localized in the first-order neighbors around the considered symbol and
we can assume that the intrinsic interference term depends only on this restricted set Q. Moreover,
assuming that the channel is constant at least over this summation zone, we can write as in [23]:
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0

r-k',n’ ~ hk',n'(dk’,n’ + Z dk,n Z gk,n[m]g:’,n'[m]) + nk',n’ (331)

(kn)eQ  m=—w

J-uk’,n’
At the first step, we use a MMSE equalizer to estimate the data. According to equation (3.16), the
estimated intrinsic interference caused by FBMC modulation is:

IAk,n = Z ak',n’ Z gk',n’[m]g:,n[m]l (332)
(k',n")eQ m=-w

dAk,‘n, are the estimated data at the MMSE equalizer output. Thus, the interference terms are also
estimated and their contribution is cancelled from the demodulated received symbols. So we have:

yk,n = rk,n - hk,nlk,n

Sh (et Y e —en) Y g [mlgy [mD)+n,,, (3.33)

(k'.n)eQ

=—0

#,n

Assuming almost perfect interference estimation, so &, =0, we consider that the vector y,  at the
output of the interference canceller is free of interference, and thus we can apply a simple conventional
ML detector to get the estimated symbols d~k’n. The interference estimation is done thanks to the
estimated symbols which belong to the neighborhood set {&k,,n, \(k',n") e Q, . }. We update continuously
this set. Indeed, since some of these positions are already estimated using the ML detector
{d., \(k'<k) or (k'=k,n'<n)}, we can substitute d,, by d,,. We have called this receiver
Recursive ML, and we note it Rec-ML.

F
B
M
C M * Interference > * Interference > g

M Estimation ML Estimation ML

S and Decoder and Decoder

Y\ g E » Cancellation —» » Cancellation —», -
M
C WY T t A A T t
update update
First stage Second stage

Figure 3.4 Complete block scheme of the iterative receiver

Unfortunately, &, # 0, so an additional noise is added and then we cannot reach the optimal bit-error-

rate performance. To improve the performance, we propose to add a second stage where we use the ML
decoder outputs to perform a second interference estimation. After interference cancelation we apply



ICT-212887

43 Deliverable D4.2

again a ML decoder. Another stage can be added but simulation results show that performance converge
after the second stage. The complete scheme of this receiver is described in Figure 3.4. We called it
TSRec-ML for "two stages recursive ML".

BER

2| e FEMC-MMSE [
—&— Rec-ML
= = =T5Rec-hL

..........................................................

.......................................................

i | | 1 | | | | 1
o0 2 4 & B8 10 12 14 1B 18 2
SNR

Figure 3.5 Performances of the iterative receiver

In Figure 3.5, we give the performance of the proposed receiver compared to the MMSE equalizer. We
have considered a (2x2) MIMO system with flat fading channels. We note that we obtain significant
gains with Rec-ML and TSRec-ML compared to MMSE. However, TSRec-ML cannot exploit the
whole space diversity. Compared to local-ML, TSRec-ML is slightly better, but still far from optimum.

In fact, the superior performance of OFDM in ML receivers comes from the QAM modulation. Then,
for the sake of completion, the filter banks were combined with QAM modulation.

3.24 QAM modulation and Viterbi decoding
In this section, we propose to use QAM modulation: instead of transmitting real-valued symbols, we
transmit complex valued symbols but only at even time indices as described in Table 3.2. This leads to
the same rate as OQAM/OFDM.

n-2 n-1 n n+1 n+2 n+3
k Ck,n—z Ck,n Ck,n+2
k +1 Ck+l,n—2 Ck+1,n Ck+l,n+2
k + 2 Ck+2,n—2 Ck+2,n Ck+2,n+2

Table 3.2 Mapping table




ICT-212887 44 Deliverable D4.2

Again, in the continuation of the work in [23][30], the prototype filter IOTA is considered, and only the
symbols located around a position contribute to the interference term. We can evaluate the power of

these contributions as:
1 1

p=1->> |, F~-18.6dB. (3.34)

I=-1k=-1

In fact, since we set null data at even time indices, we have less interference terms. To evaluate its
power we refer to equation (3.28) and write:

— 2
p= Z |rk,no+2i |

(k,i)ez?

= S | Sgimlgim—iM]e "M ™ P (3.35)

(kji)ez2 m

~ —22dB.

We can now assume that each symbol vector ¢, overlaps only with both neighbors e, .

Consequently the demodulated symbol vector over the k™ sub-carrier and the n™ instant can be written
as:

1
Lo = Hzal,ockn,n +n,, (3.36)

1=—1
According to this equation, the system is considered as a set of independent sequences -for each integer
value of n, r,, is an independent sequence- and each sequence is filtered by a non causal digital filter

which can be expressed as an equivalent tapped delay line with 3 taps as shown in Figure 3.6. Omitting
the time index, let us denote respectively by ¢[k] and r[k] the transmitted and received vectors with

length M equal to the number of sub-carriers and o =[a_,, «,, ;,]. The optimal detector searches
for the transmitted sequence ¢[k] among all the possible ones which satisfies the following criterion:

c[k]= argmin(MZl | r[k]- Hzl:a[l]c[k +171)). (3.37)

c

To find the ML sequence, we will use the Viterbi algorithm. According to Figure 3.6, since we have two
taps and taking into account that c¢[k] are two-element vectors with QPSK symbols, the total number of

states is 256 denoted by S,,...,S,. At each stage k, each transition branch is labeled by its
corresponding input vector c[k +1], thus, there are 16 transitions out of each state to 16 different states.
The considered metric for a branch in the k" stage and which transits from state S, = (e[k —1],¢[k]) to
S; = (e[k], [k +1]) is:

M; () =] r[k]—HZOZU]C[k +1F, (3.38)

denoting S, the set of all possible states from which we can lead to S;, the accumulated metric c, (k)
associated to each node (state) S, in the m™ stage is defined as:
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¢, (k) = min{c, (k—1)+ M, (k)/ S, e S}. (3.39)

Each node memorizes its parent node, so at the sequence end (k = M —1), when choosing the node with
the least accumulated metric, we can reconstitute the optimal path which fulfills equation (3.37).
Unfortunately, such a detector still suffers from high complexity since at each state we have to calculate
the accumulated metric defined in (3.39) 256 x16 times regardless of the other operations.

A reduced complexity version of Viterbi algorithm is the M-algorithm [24] but is suboptimal. It retains
only a limited number J <256 of nodes per step having the smallest accumulated metric (this number is
also called the number of survivors). Since a limited number of states are considered, the correct path
may be lost [25]. The error probability in M-algorithm depends on the number of survivors. To keep the
probability of an error event as low as possible, the number of survivors J should be sufficiently high.

However, increasing J leads to higher complexity.
7z —l

k+Ln

- 7—1

Figure 3.6 Equivalent tapped delay line with 3 taps

Simulation results

In this section, we shall compare FBMC/IOTA in both schemes studied above to CP-OFDM in 2x2
SDM MIMO configuration. For simulations, we have considered flat fading Rayleigh channels.
First, we present FBMC/IOTA and CP-OFDM performance with MMSE and local-ML detector. The
results presented have been obtained with the following parameters

* No coding scheme

* BPSK modulation.

* Flat fading Rayleigh channels.

* Number of subcarriers M =512.
In figure 3.7, we notice that, in the case of the MMSE equalizer, we obtain the same performance for
both FBMC and OFDM systems. Using the local-ML decoder with FBMC, we obtain a slight gain
compared to the MMSE equalizer ( 2 dB at BER = 10%), but with much higher complexity.
Simulation results for the system scheme described in this section are presented in figures 3.8 and 3.9.
FBMC/Viterbi is compared to OFDM with ML decoder for QPSK modulation. In Figure 3.8, we
observe that for low signal-to-noise ratio (SNR), FBMC/Viterbi reaches OFDM performance, but it
suffers from degradation in case of high SNR. In fact, this degradation is due to the neglected
interference terms. This degradation will not be important if we add an outer code like a convolutional
code. Simulation results for the M-algorithm are presented in Figure 3.9 for different numbers of
survivors J =16,8 and 4. With J =16, we obtain practically the same performance as FBMC/Viterbi,

whereas it has less complexity (16 branches kept instead of 256). For J =8, we remark a slight
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degradation for SNR less than 14dB (about 1dB at BER =107?). However, when J =4, it is clear that
the performance is much worse. We should note that even if J is small, the curves tend to reach
FBMC/Viterbi performance at high SNR, and all of them converge to the same bit-error value.

..... R S E i TS

—&— FEMC MMSE
—&— OFDM MMSE
—+— FEMC Local ML |]
—OFDM WL

10
o L
o :
o n
107
o
10_5 : 3 B 7 : E
i 2 4 B B 10 12 14 16 18 20
SNR (dB)
Figure 3.7 Performance of the Local ML receiver
e e e
|| =—=—0FDM ML QPSK [
| —8—FBMC Viterhi QPSK |]
[n
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- — :
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Figure 3.8 Performance comparaison between ML-OFDM and Viterbi-FBMC equalizer
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| —8— FBMC Yiterbi QPSK
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Figure 3.9 Performance comparaison between different value of J

3.2.5 Frequency-domain Adaptive V-BLAST Per Subcarrier Equalizer

The channel tracking methods presented in Section 2.5 can be combined with a per-subcarrier equalizer
to yield an adaptive equalization scheme. To this end, we can resort to the relation (2.50), valid for each
subcarrier, for inverting the channel and estimating its complex input. The V-BLAST detection
algorithm [26] is known to result in the maximum post-detection SNR. It can also be adapted to a
multicarrier system, as suggested, for example, in [27], for MIMO-OFDM. The V-BLAST iteration for
the MIMO FBMC/OQAM system described in (2.50) and with the MMSE criterion can be described as
follows:

At time n and for each subcarrier k :*

~

e 0,=0, y(ko(;]) =V I:I(ko%) =H,,
e Compute the MMSE equalizer:
2

-1
~ ~ H - o ~
(0) _ () () (0p) i _ 13(%) (o)
WS =H, [(Hk,‘;) H, +GZIN,J =H%Q,

X

(op)
Q%

where o7 is the power of %, and o, the noise power per receive antenna.®
e 0={12,...,N}

2 We are using the Matlab notation A(:, i) to denote the i th column of a matrix A .

® Note that the noise is assumed spatially white. Moreover, due to the filter bank orthogonality, the noise power at the AFB
output is the same with that at its input.
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e Forp=1to N,

o o,= argmin }{[ (k?ﬁ’l)],,}

IeO\{ol,oz,...,op,1
_ w i) (.
o w, =W, " (.,op)

0y _ . H<(0,4)
k,n _Wpyk,n

o
)

o Detect d;* and u, to form X =d.” + jG.",

o

Subtract the contribution of the o -th stream from the received signal:

<(0,) _ ~(0p1) . 30
Yin =Yien —Hyg, ("op)xk,pn

o

Update the MMSE equalizer:

) -1

~ ~ H - o ~
(0p) _ yy(0p) (0p) (0p) n _ 1) ()
W =H ((Hk,,ﬁ R INt] = H7Q

X

(op)
k,n

where Hﬁ‘f;) results from H(k‘?g’l) by zeroing its o, -th column.

end

The iteration outlined above can be also used along with a fast V-BLAST algorithm (e.g., [28]) to lower
the computational requirements in systems with a large number of transmit antennas. The
computational cost from the iterations may also be reduced by computing the optimal ordering not in
every symbol but once in every block of symbols. The equalizer weights in between may, for example,
be computed via linear interpolation, as suggested in [15].

The detection step for the OQAM input is clearly realized as &fj’n :dec[Re(iffn)] To estimate the

interference part, we may again employ the rule adopted in the decision-directed tracking scheme of
Section 2.5.1, namely to quantize ifypn to the nearest level among all the possible levels of interference
from the first-order neighbors. In the present context, we can further reduce the cost of this operation, by
making use of the decisions already made for the previous FBMC symbol. Then only 5 out of the 8 first-

order neighbors are unknown and this leads, for example with OQPSK input, to 2° =32 possibilities.
Again, exploiting symmetries, this number is further reduced to 20 different interference levels.’

We have applied the above equalization scheme, with the channel estimates obtained with the aid of the
tracking method of Section 2.5.2, to the examples of Figure 2.21. The results are depicted in Fig. 3.10.

* Note that this interference detection rule can also be used in the LMS-based tracking scheme of Section 2.5.1.
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M=128, K=4, v=60 km/h (f, T _=4.267x10"%) M=128, K=4, v=120 km/h (f T_=853:107)

0
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===CP-OFDM

_____________________

FBMCIOQAM |
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Figure 3.10. BER performance of the adaptive frequency-domain MMSE V-BLAST algorithm, for FBMC/OQAM and
CP-OFDM. M =128, K = 4. Veh-A channel, with OQPSK input, and mobility of (a) 60 km/h, and (b) 120 km/h.

The bit error rates (BER) for a CP-OFDM system are also included. The CP length was chosen to be the
minimum allowable, i.e. equal to the channel order. Moreover, the power wasted in the CP was taken
into account when calculating the SNR for CP-OFDM. One can see that, in both cases tested, FBMC is
(slightly) better than CP-OFDM for low and moderate SNRs. With weaker noise, the intrinsic
interference prevails and results in the well-known error floor for FBMC.

Better results for FBMC could be obtained by also using present and future decisions to estimate and
cancel interference. However, this would require iterative passes on the data (in the vein of, e.g.,
[29][30]), thus further complicating the equalization task.

3.2.6 Adaptive Square-Root Decision-Feedback Equalizer

In this subsection, we present and evaluate an adaptive decision-directed decision-feedback equalization
(DFE) scheme implementing the V-BLAST idea. This is based on the well-known equivalence of V-
BLAST with the generalized DFE (GDFE) [31] and involves a MIMO DFE per subcarrier. Such a DFE
was initially proposed, for flat fading channels, in [32], and its block structure is shown in Figure 3.11.

The equalizer consists of N, serially connected stages, each one equalizing one of the N, symbol

streams according to BLAST ordering, which is adaptively updated. Both the DFE coefficients and the
stream ordering are updated via an RLS-based algorithm. It must be emphasized that the equalizer does
not rely on a channel estimate being available as above. This DFE scheme can be directly applied in
each subcarrier of a MIMO-OFDM system, where the subchannels are known to be flat. As
demonstrated in [33], the algorithm in [32] may diverge after a number of iterations due to numerical
instability. A numerically stable version was developed in [33], based on the square-root factorization of
the DFE input autocorrelation matrix.
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Figure 3.11 Structure of MIMO-FBMC adaptive DFE.

In order to apply this algorithm in a MIMO-FBMC system, its extension to frequency selective channels
is required. This is because, in the absence of a CP and for the relatively low number of subcarriers
utilized in time-varying systems, the FBMC subchannels are better modeled as frequency selective.
Such a frequency selective version of the algorithm of [33] was presented in [34]. The algorithm retains
the nice numerical behavior of its flat counterpart.

We herein present an adaptation of the computationally efficient square-root DFE of [34] to FBMC per
subcarrier equalization. Consider a subcarrier k. Each of the N, stages of the associated equalizer, say

stage p, is a DFE consisting of a feed-forward filter of length L N_, f, ( p), and a feed-back filter of
length LN, + p—1, b, ,(p). The DFE output is given by®:

dn =Res[ £, () b (p)]¥ia (P)(=Re{wi, (p)yin(P)}, (3.40)

wita(p)

where o, denotes (as before) the stream detected at this stage, and

veo (P)=[¥0, dL.(p)] (3.41)
with

)
Yoo = Finta Venr, v Via] (3.42)
and

® This form of OQAM DFE, adapted via LMS, was also studied, for single-antenna (SISO) single-carrier systems, in [35] and
later in [36][37] for SISO FBMC/OQAM. See also [38][39][40][41] for FBMC/OQAM SISO equalization structures.
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~

~ ~ ~ ~ ~ ~ T
k,n ( p) = |:d-I[,n—Lb d-lz,n—Lb+l e dl,n—l dl?ln dl?,zn e d;?,':l} ) (343)
where &;’jn = dec[&fjn]. Note that this decision corresponds to the input symbol at the subcarrier k and

time n—A,, with A, being the equalizer’s delay.

This equalization scheme achieves two goals simultaneously. Not only it updates the equalizer taps in an
RLS manner, but also specifies, for each time instant, the ordering in which the streams must be
detected. As already mentioned, in a V-BLAST-type scheme, streams achieving lower mean squared
detection error are extracted in earlier stages. Let us assume that the equalizer of the p th stage must be

computed given the DFEs of the previous stages and symbol decisions according to the ordering
{0,,0,,...,0,,}. The remaining stream indices form the set O, =0\{0,,0,,...,0,,} . To find out which

of these streams achieves the lowest squared error and hence should be detected at the current stage, all
the respective equalizers must be updated first. The equalizer of the p th stage corresponding to the rth

stream, v_v(k?] ( p) , is obtained by minimizing the following LS cost function:

ES (p)= gﬂ“"

where A is the forgetting factor and

aer —dﬁlfvl(p)‘, reo,, (3.44)

d:y(p)=Re| (Wi ()" vur (P) | = (WEM(P)) s (P). (3.45)
with
ValP)=|m(¥.) Re(3,) dl(p)]. (3.46)
and
vzv(kf’n(p)=[lm[ff,3(p)]T Re[£) ()] Re[bgg(p)ﬂ . (3.47)
That is:
0, =argmin E{(p). (3.48)

After updating all tentative equalizers at each stage, the one offering the lowest squared error is selected

to yield the equalizer w, , (p) (or W, ,( p)=[lm[fk(?np’ ( p)}T Re[fk(f’np) ( p)}T Re[bﬁf’ﬁ) ( p)}T T).

A numerically stable version of the above algorithm can result by using the LS normal equations to re-
parameterize the equalizers w{") (p) as

W (P) =R (P)Vih (), (3.49)
where R, (p) is the Cholesky factor of the DFE input autocorrelation matrix,

n

®,, ( p) = ZZM?H ( p)y;l ( p), and

1=0
v (p)=R5 (p)z{)(p), (3.50)
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with z(k”,l(p):z/ln"iy,(p)&krv, being the corresponding cross-correlation vector. The computations
1=1

can be significantly simplified by exploiting the DFE input structure, namely:

— — ~0 T
Vo (P+D)=[ ¥ (p) di ], (3.51)
to arrive at order- and time-recursive ways of updating the quantities involved. Details can be found in

[32][33]. Note that further computational savings can result, in slowly fading channels, by updating the
ordering only once in a block of symbols instead of on a symbol-by-symbol basis [32].

We have tested the above algorithm in the equalization of Veh-A time-varying 2x2 M -block fading
channels, with both FBMC/OQAM and CP-OFDM modulations. Figure 3.12 depicts the results. For the
FBMC system, we have utilized the PHYDYAS reference filter bank with M =64 and K =4. For the
feed-forward and feed-back filters in the FBMC case, we chose L, =L, =2, while the delay was the

same for all subcarriers and equal to A=L, —1. In the CP-OFDM case, where the subchannels are flat,
we set L, =1 and L, =0. The equalizer filters were initialized by applying the algorithm in a training

preamble of 20 pseudorandom OFDM (40 FBMC) symbols.® 4 was set to 0.9. For CP-OFDM, the CP
length was set to the channel order. One can see that the FBMC system is outperformed by the CP-
OFDM one, especially for high SNR values. Moreover, as expected, the OFDM equalizer converges
faster in the preamble section.

Let us now consider a severely frequency selective channel, of the Veh-B type, and set the CP length to
its maximum value allowed in e.g. WIiMAX, namely M /4. In that case, with M =64 subcarriers, the
OFDM subchannels are no longer frequency flat and the above equalization scheme, when adapted to
flat fading channels, is no longer able to equalize them correctly. This can be seen in Figure 3.13, where
the CP-free FBMC system is seen to perform better at medium to high SNR levels.

® Alternatively, the initial values of the equalizers could be computed from preamble-based channel estimates (as in, e.g.,
[37].
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Figure 3.12. Adaptive DFE performance for Veh-A channels with QPSK input, at a speed of 30 km/h.
M=64K=4;1=0.9;for FBMC: L, =L, =2,A=1. (a) Symbol squared error for SNR per bit equal to 25 and 30

dB. (b) BER vs. SNR.
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vs. SNR.
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3.3 Single delay STTC and decoding schemes

FBMC systems employing OQAM modulation cannot use the symbol-wise space time block codes
(STBC) or space time trellis codes (STTC) developed for transmit diversity in OFDM systems, because
of the interference terms which accompany the data. Instead, they resort on delay or time diversity.

3.3.1 Transmit time diversity

Transmit diversity in the time domain implies that the same symbols are transmitted by the 2 antennas,
but with a delay. With QAM modulation, a block code has been developed, in which the symbols are
taken in pairs and applied in reverse order to the antennas. Such a scheme is not possible with OQAM
because the interference terms cannot be completely eliminated at the receive side. Therefore, with
FBMC the order of the symbols has to be kept for the different antennas. In this case, for a sub-channel
in the FBMC system, the MIMO 2x1 channel is modelled by a 2-coefficient FIR filter, as shown in
figure 3.14.

b(m)
_ -1 * —h* *= -1 Maximum
dm—p| H(#)=h+h.Z %+ H(2)=h +h;2 | p| Likelihood | d(m)
MIMO 2x1 channel separation filter decoder
N AN
. h, h
channel receiver

Figure 3.14. Model of transmit time diversity MIMO 2x1

In the sub-channel under consideration, the sequence of data d(m)is assumed real and, taking into
account the interference sequence u(m), the received signal is expressed by

x(m) =h, (d(m) + ju(m))+h,(d(m-1)+ ju(m-1)) (3.52)
Since the filter coefficients h, and h,are assumed to be complex scalars, the real data and the

interference samples are mixed up and they must be separated, which is achieved by the conjugate of the
channel filter. Then, the received signal is

y(m+1) = h x(m+1) +h, x(m) (3.53)
or
y(m+1) = |h1|2(d(m +1)+ ju(m+21)) +[h h, + h,h ](d(m) + ju(m)) + |h2|2(d (m-1)+ jum-1)) (3.54)
Then, a sequence free of interference is obtained by
Re(y(m+1)) = |h,|*d(m+1) + 2Re(h,h; )d (m) +|h,| d (m 1) (3.55)

In practice, a noise sequence b(m) is added to the received signal, as shown in Figure 3.14, and the data

are retrieved through a maximum likelihood decoder. However, the received noise sequence is filtered to
produce the noise component accompanying y(m). Therefore, this noise component is correlated and

the maximum likelihood technique yields sub-optimal results. In fact, the noise filter has to be included
in the calculation of the equivalent signal-to-noise ratio (SNR) of the maximum likelihood decoder. For

binary data and channel noise power o, the following value is obtained
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An illustration of the impact of the noise filter is given in figure 3.15, where h, =1.
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Figure 3.15 Degradation of the SNR due the the noise filter

The average loss of performance with respect to theoretical diversity ( 1+ |h2|2 ) is the following

Iy 1 05 0.25
Average SNR | 1.36 | 0.93 0.96
Loss (dB) 167 | 1.13 0.44

(3.56)

Clearly, the performance and the complexity of the decoding process are highly dependent on the

relative values of the channel coefficients. Then, a decoding strategy can be as follows.
1) atheshold T is defined (example: T=0.1),

2) if ﬂ<T or h—2<T , then direct decoding is implemented,

2
3) if Im(h,h,) < T , the separation filter is not needed, a ML decoder with 2 coefficients is
implemented and theoretical diversity is achieved,

1

4) if Re(hh,) <T ,a separation filter is needed, a ML decoder with 2 coefficients is employed,

but the theoretical diversity is not achieved, due to the noise filter,

5) in the other cases the separation filter needed, a ML decoder with 3 coefficients is implemented

and theoretical diversity is not achieved.

Now, the above scheme is generalized to N, transmit antennas and an iterative technique is proposed to

reach the theoretical diversity.
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3.3.2 Interference cancellation method

Let us first assume that only the i™ antenna is transmitting. At the receiver side, the demodulated signal
Y. atthe frequency k and time instant n (nz,) can be written as:

Yo = Hinibeni i T 00

k,n,i k,n,i

(3.57)

where, H, ; is the channel coefficient between transmit antenna i and the receiver, at subcarrier k and
time instant n. v, , is the noise component at subcarrier k and time instant n.

* lni = Z Hi il Z 9 n[mlg,. . [m]. (3.58)

(k',n")=(k,n) m=—0
We assume that we have a prototype filter well localized in time and frequency. This implies that, in the
previous equation the main contribution comes from the closest neighborhood i.e. g, ,[m]g,.,[m] takes

a significant value only for |k—k'|<1 and |n—n'[<1. Moreover, if we assume that the channel is

constant over a set of at least three consecutive sub-carriers and a set of at least three consecutive time
indeces, then we can rewrite the previous expression as in [23]:

0

|k,n,i ~ ij,n,i (-1) Z dk',n',i Z gk'n[m]g;:mr[m]- (3.59)
(K".n)#(k.n) m=—co
Ui,n,i

Thus, the demodulated signal can be approximated by:

Yoo *H @i+ U ) +o0. (3.60)

Throughout the remainder of the section, we will consider (3.60) as the expression of the signal at the
output of the demodulator.

FBMC MODULATOR  zrienna o

FBMC MODULATOR  antenna 1

L z2nen FBMC MODULATOR | arenina N -1
t

Figure 3.16 FBMC Single delay STTC transmitter
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Let us consider the single delay STTC scheme with N, antennas as shown in Figure 3.16. The real data

to be transmitted are modulated by an FBMC modulator and transmitted by the first antenna. The same
stream of data is delayed by 2n, real data before being modulated by FBMC modulator and transmitted

by the n" antenna. The delay 2n, is chosen to have the same delay as with a CP-OFDM system
although a delay of n; could also be chosen. We denote by a, , the real data from the main stream of

data at frequency k and time index n. Thus, at a given sub-carrier k the transmission is given at
antenna i by: d, ; =a,,_, . Atthe receiver side, the demodulated signal can be written as:
Nt_l

Yoo = ZHk,n,i(dk,n,i + U i) T,

i=0
where v, , is the noise component at the sub-carrier k and time instant n. As the same stream of data is

transmitted over the N, antennas, we have: u, .; =U, i, =B, . In the remainder of the section, we

will assume a channel constant over time i.e. (H, .; = H,;), we get:
Nt_l
yk,n = sz,i (ak,n—zi + jbk,n—Zi) T U (3-61)
i=0
*k,n-2i

The problem is to recover from y, = the data a, . The presence of the term b, _,; makes the decoding
process from y,  difficult. Some processing should be carried out in order to recover the real data.

For the case N, =2, it has been shown in [42] that, if we define z, ., as:
Zk,n+2 = H;,lyk,n + H;,Oyk,n+2' (362)

Then we have:
SR{Zk,m-z} = iR{H:,lyk,n + H:,Oyk,n+2} :| Hk,l |2 ak,n—Z + Zm{H:,lHk,O}ak,n+ | Hk,O |2 ak,n+2 + Wk,n+2’ (363)

with w, ., = R{H, v, + H, o0 .o} Let 2L, denote the frame length, for e €{0,1}, if we denote by:

T
t. = |:€R{Zk,e} SR{Zk,e+2} m{zk,e+2(Lf—1)}j| (3.64)
T T
a, = [ak,e A esp  wevee ak,e+2(Lf—1):| y W, = [Wk,e Wiero oo Wk,e+2(Lf—1)j|
and
|H, o P 0 0 ]
ZER{Hk,OHI:l} | Hyo i :
IHe o 2%{H o Hd TH o F 0 -
0 : , (3.65)
: . 0
0 [He P 2%H, o He 3 [H o F
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we have:

Ee = nge +V_Ve'
— (3.66)

In this last equation, the imaginary interference term is cancelled. Thus the decoding process can be
easily carried out either by using Maximum Likelihood (ML) decoding, Viterbi decoding, or linear
equalization such as Zero Forcing (ZF) or Minimum Mean Square Error (MMSE) decoding. More
generally with N, > 2, let us note and compute:

Nt—l
Zyniang-2 = ZOHK,Nt—l—pyk,m—Zp (3.67)
p:
Nt—th—l Nt—l
= Hk,Nt—l—ka,iXk,n+2p—2i + ZHK,Nt—l—pUk,n+2p
p=0 i=0 p=0
"k,n+2N, -2
Ni-1ig N, -1
= Hk,Nt—l—ka,iXk,n+2p—2i + ZZHk,NI—l—ka,iXk,n+2p—2i
i=1 p=0 i=0 p=i
Bk,n Ak,n
Nt—l Nt—l Nt—l
+ Z Hk,Nt—l—ka,iXk,n+2p—2i + Hk,Nt—l—pUk,n+2p'
i=0 p=i+l p=0
Ck,n
A, isgiven by:
A = Xk (3.68)
Let us compute A forcase N, evenand odd :
 Case N, eveni.e. N, =2U,
Ut—l 2Ut—l
A = %O Heo aiHei + D) Hea aiHii)-
N k,n k,2U, -1-i " "k,i k,2U, -1-i" "k,i
i=0 ! i=U, ‘ (3.69)
Using the relation q =2U, —1—-i, we have:
Ut—l Ut—l Ut—l
A<,n = Xk,n(ZHk,ZUt—l—i Hk,i + ZHk,qu,ZUt—l—q) = Xk,n(Z(Hk,ZUt—l—in,i + Hk,in,ZUt—l—i ))
i=0 q=0 i=0
Ut—l
= Xk,n (ZZER{(HK,ZUt—l—i Hk,i)})' (3-70)
i=0

Hy

*Case N, oddi.e. N,=2U, +1
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U1 2V,
Hy _(Zszu |Hk|+HkU Hku +|;1H"2U M- (3.71)

Again using q = 2U, —i, we have:

b, = (229%{(H;,2Ut_in,i)}Fl Hyw, [)- (3.72)

The expression of B, | is given by:

Nt—l
= D Xen-2ear (3.73)
gq=1

where y, are real valued quantities which depend only on the channel coefficients as shown below.
Setting q = p—1i, we get:

Ni-Lig Np-1
Bk,n = ZZHK,Nt—l—p k ,N+2p-2i ZZXK n— 2q K, N;-1+g- |H K,i* 3 74
i=1 p=0 i=1 =1 (3.74)

This last equation is the sum over a triangular set of index therefore the sum can be taken either from
lines or from columns where the total is the same. Therefore,

Nt_ Nt_l
= X n— H* 1+ 7|H i?
; en 26 Zq: o teaiHi (3.75)
taking m=i-q, we get:
Nt -1-q
Zxkn -2q Z HkN—l— k,m+q ?
(3.76)
7q

*Case N,—q eveni.e. N, —q=2U,, then,

Nl— Ul 2U_-1

q
ZHkN —1-m km+q szZU +g-1-m km+q+ZHk2U +gq-1-m km+q

" (3.77)

U—l

= sz{Hk 20 +a-1- mHkm+q}

«Case N,—q oddie N -q=2U, +1,then,
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N;-1-q Ug-1

Z Hth -1- mHkm+q ZHkZU +q- mHkm+q+HkU +q

U—l

_sz{szu +g-m km+q}+|HkU +q| '

The expression of C,. is given by:

t
= Zxk n+2q q’
g=1

Deliverable D4.2

2Uq

+ Z Hk2U +qm km+q
=U

m +1

: (3.78)

(3.79)

where g, are real valued quantities which depend only on the channel coefficients as shown below.

Setting q= p—i, we get:

Ny -1-i

Ni—2
_Z Z kN—l—quklxkn+2q

i=1 g=1

(3.80)

This last equation is the sum over a triangular set of index therefore the sum can be taken either from

lines or from columns the total is the same Therefore,
Nt -1-q

Zka—Zq z HkN—l—q i’ ki

'Bq
«Case N,—q eveni.e. N,—q=2U_, then,
N,-1-q Ug-1 U1
ﬂq :ZHthlql szzu 1|Hk|+ZH
i=0 m=U
U -1
=ZZSR{H|<2U 1|Hk|}
i=0
*Case N,—q oddie N -q=2U +1, then,
N;-1-q Ug-l
qu = Z HkN—l—ql Zszu kUquU +
i=0 i=0

U -1

_ZZR{szu Hk|}+|HkU |
Therefore,
N1

k,n+2N; -2

Thus, by noting: tSI)HZNFz = R{z, .o, o} We have:

(3.81)
k ZUq—l—in,i
(3.82)
n,
Hy oo i He
U+ 4
I (3.83)

Ny -1 N, -1
= ZVqu,n—Zq + 4 X0 T Zﬂq Xini2g T ZHK,Nt—l—pUk,m—Zp'
q=1 q=1 p=0
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Nt_l Nt_l Nt_l
) — *
tk,n+2Nt—2 = quak,n—Zq + 48y, + Zﬂqak,n+2q +m{ZHk,Nt—l—pUk,n+2p}' (3.84)
g=1 =1 p=0
Wik, n+2N, -2

t

.
For e{0,1}, we note: t, = |:tk,e Liers o tk,e+2(Lf—1)i| '

T
V_Ve = |:iR{Wk,e} ER{Wk,e+2} iR{Wk,e+2(Lf —1)}i| ! and
Bua 0 oo 0

t
ﬁNt—Z ﬁNt—l 0
B
Hy
G, = 7N.t—l

N
0 :
0 0 »n .. Une1 o B By ﬂNt—l

t

We have:
1_:e = GN ge +V_Ve'
— (3.85)

There is no imaginary interference in equation (3.85) and consequently Maximum Likelihood (ML) [45]
or linear equalizers can be used to estimate a, .

The computation of z, ~from y, = according to equation (3.67) is referred to Preprocessingl as shown
in Figure 3.17. We will now perform a theoretical performance analysis of this scheme in the case of
N, =2.
Let us consider that the noise v, , is an AWGN noise with E{|v, , [’}=N,. It is worth noticing that
R{w, .} is Gaussian noise as it is the result of the real part of a linear transformation of Gaussian noise.
But the noise is colored since:
No(I Hy o I+ Hia |2)5R{(Hk,o)*Hk,1}

2

° E{Wk,nW;,n+2} = E{Wk,n+2W:,n} =

o Ny(H P+ H,, P
. E{kaan’n}: 0(| k,0 |2 | k,ll ) :UO /2 (386)

« for q={0,1} E{Wk,nW:,n+2q}: 0.
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Preprocessing 1

L Classical decoding & n
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Figure 3.17 FBMC Single delay STTC receiver

Let us recall that if the noise was white the ML performance would have been obtained by the Viterbi
decoder. Therefore, the performance of Viterbi decoding in this present case is sub-optimal. In [46] the
authors evaluate the loss of performance of Viterbi decoding in presence of correlated noise. The
optimal performance using a ML decoding is very complex to implement since it requires an exhaustive
search over all the possible transmitted sequences. Another alternative could be to perform a whitening
followed by a Viterbi decoding. However, such Viterbi decoding will be more complex since the
whitening will increase the number of states. Indeed, the noise w, is colored with a correlation matrix

R. Since R is a positive Hermitian matrix, its eigenvalues are real and positive. We have:

2, 0 ... 0]
0 . .

R=Q| ¢ - - 0 |Q" (3.87)
0 .. 0 4,

A

with Q an unitary matrix i.e. @H =1, . We denote by

A% 0 .. 0 ]
0o . :

A=l T 0 (3.88)
0 .. 0 Al

Therefore, the whitening process can be d_one by computing:
y, =A"Q"z,=A""Q"G,a,+A Q" w, =Ha, + .. (3.89)

~e

H He

It can easily be proved that x is AWGN. As we will see in the simulation results section, the presence

of the colored noise will lead to a degradation of performance. Let us now present an iterative decoding
approach which should improve the performance compared to the previous decoding strategy.
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Figure 3.18 Receiver decoding processing for FBMC modulation in the case of single delay STTC transmission.

3.3.3 Iterative method

In this section we propose an iterative decoding procedure for FBMC single STTC decoding. At the
output of the Preprocessingl block (see Figure 3.18), we can perform a decoding procedure (ML,
Viterbi, or linear decoding) to derive an estimate value &) of a, ,. From (3.59) and using this estimate
30

k,n ?

we can compute an estimate G of u, , by:

,n

015131 = Z é\‘IglJr)p,n+q Z gk,n[m]gk+p,n+q[m]' (390)

(p,9)=(0,0)

"p.q
It is worth noticing that for a well localized prototype filter in time and frequency domain, it is enough
to consider the previous sum only for p,qe{1,-1} i.e.

00~ > &Y 7 (3.91)
[pI=Lql=1
This approximation is justified in [23]. », . can be computed off-line since the prototype filter response

is known. Then in (3.61) we can remove the contribution of the u, , components by computing:

N -1 N¢-1 Ni-1
@ = GO = i e
Yin = Yen ™ ZHk,iuk,n—Zi = ZHk,iak,n—Zi + ZJHk,i (U ai —Ugn o) + Uy (3.92)
i=0 i=0 i=0
If we assume a perfect cancellation of the u, , termsi.e. u,, =G, we have:
Nt_l
2) —
Yin = ZHk,iak,n—Zi + U0 (3.93)

i=0
The operation of estimating u, , and cancelling its contribution to the signal y, is referred as
"Interference estimation + Interference cancellation™ as depicted in Figure 3.18. Thus, we can perform
from y? a new decoding (Decoder2 block) to obtain a new estimate 4% of a,, . In the same manner,
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we can use either a Viterbi/ML decoding or a linear decoder. From éﬁ and (3.84) we can also compute
tlE?HZ by

Nt_l Nt_l
@ _ 5@ A0 5
tk,nJrZNt—Z - quak,n—Zq +:ukak,n + Zﬂqak,n+2q' (3 94)
q=1 gq=1 .
t& , can also be rewritten as:

Nt_l Nt_l N, -1
2 — A (2) A(2)
tk,n+2Nt—2 - quak,n—Zq + :ukak,n + Zﬂqak,MZq + 27(4 (ak,nfzq - ak,nfzq) + 4 (ak,n - ak,n)
q=1 q=1 q=1

Nt—l
50

+Zﬂq (ak,n+2q - ak,n+2q) (395)
g1
Nt—l Nt—l

= VeBunoq T HBn + D B8y ni2q +NOISE COMpONENL.
= =

t® . _, is a new version of the t& . . signal which is obtained from the estimates of the Decoder2
N+2N; el

block output. Thus, this last equation can be used to perform another estimation 4% of a, , in the same
manner as we compute éﬁ . We expect to improve the estimation of a,, since the noise component in
(3.95) should be less correlated than the one in (3.84) . Again from & we can derive an estimate ()
of u,, asin (3.90). Therefore, we can repeat another decoding process as already presented. We can run
this decoding process as many times as necessary. The process of computing tf.)szt_z from the éﬁ is

referred as Preprocessing2, see Figure 3.18.

Simulation Results in presence of a Rayleigh channel for N, =2

In this section, we will evaluate the performance of the two decoding methods that we have
presented. We consider a transmission scheme with two transmit antennas N, = 2. For N, =2 we have:

1
=>»H, .(d .. +ju . )+
Yin ; eni (Gieni 1) + 0 (3.96)

=Hy @, tHed o+ 0
with
My o = TH Uy oo+ TH U 0 + 0, - We also get:
(1) — 2 * 2
t _l Hk,l | ak,n—2 + 29{{Hk,1Hk,0}ak,n+| Hk,o | ak,n+2 +Wk,n+2Nt—2' (397)

k,n+2Nt—2
In this particular case, equation (3.93) becomes:
yg =Ha, +Ha 00, (3.98)

The simulation parameters we consider are given as follows :
* No channel coding;
* QPSK modulation;
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» Rayleigh channel per antenna i.e. flat over all the subcarriers. We assume the channel
coefficients are perfectly known by the receiver;

* Number of subcarrier M =32;

* We used a truncation of the IOTA (Isotropic Orthogonal Transform Algorithm) prototype
function [47]. Its duration is limited to 4T,, which leads to a nearly orthogonal prototype filter

containing L =4M =128 taps.

In Figure 3.19 we give the performance of the FBMC decoding structure introduced in Figure 3.17. For
FBMC, we consider both ML and Viterbi decoding. ML decoding using an exhaustive search among all
possible transmitted sequences of data outperforms Viterbi decoding by 1 dB. This is due to the fact that
the noise is colored thus Viterbi decoding is suboptimal. We also give the CP-OFDM performance using
a Viterbi decoding. We can see that that CP-OFDM outperforms ML/FBMC by about 1 dB.

In the rest of this section, we will focus on the iterative decoding performance. The simulation results
are obtained using Viterbi decoding blocks implemented inside Decoderl and Decoder2 blocks in
Figure 3.18. The Viterbi algorithm implemented in Decoderl is related to equation (3.38). For QPSK
modulation, the trellis is a 4 state trellis with only two possible transitions per state since the detection
is performed on real data. Whereas, the Viterbi algorithm implemented in Decoder2 is related to
equation (3.39) and is a 2 state trellis with two transitions per state, again since detection is performed
on real data. We also consider hard estimation of the data at the output of a given Viterbi decoder. For
the CP-OFDM case with QPSK modulation, we have a 4 states trellis with 4 transitions per state as the
detection is performed on complex data. Therefore, this Viterbi algorithm is more complex compared
with one of the two Viterbi algorithms used in the case of FBMC modulation. The two Viterbi
algorithms used in FBMC taken together have a complexity comparable to the one used with CP-
OFDM. However, the two Viterbi algorithms used in FBMC operate on a frame sequence which is two
times longer than the one for CP-OFDM modulation. Then, in terms of complexity the proposed FBMC
structure has a significantly higher complexity than CP-OFDM mainly due to the "Interference
estimation + Interference cancellation™ block.

In Figure 3.20, we plot the performance of this FBMC receiver structure for different iteration stages as
well as the performance of CP-OFDM with ML decoding as a matter of comparison. As the number of
iterations increases, the performance of FBMC improves. For n=1 we have a 2 dB degradation
compared to CP-OFDM but for n=3 (three Viterbi decoding), we already almost reach the
performance of CP-OFDM. For n=5, we have still a slight improvement. In Figure 3.20, we also add
the performance assuming a perfect suppression of the interference terms. In that case, there is a possible
gain of 0.8 dB since the Viterbi structure with 2 states and two transitions per state (Decoder2)
provides better performance than the 4 state Viterbi decoder with 4 transitions per state implemented
for CP-OFDM. Indeed, it is possible to show that the structures of the code related to these two trellises
have the same minimum distance. However, the potential performance gain is due to the distance
distribution associated to the two trellis.

We must emphasize that the BER curves do not take into consideration the loss of efficiency due to the
cyclic prefix in CP-OFDM. Therefore, the proposed method has an additional gain since FBMC does
not use a CP contrary to CP-OFDM.
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Figure 3.19 Performance of single delay STTC with 2 transmit antennas and one receive antenna (FBMC and CP-OFDM
modulation).
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Figure 3.20 Performance of single delay STTC (iterative decoding) with 2 transmit antennas and one receive antenna
(FBMC and CP-OFDM modulation).
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3.4 Joint beamformer for single user

In addition to MC technologies, many systems have adopted spatial diversity based on the use of
multiple antennas at both the transmitter and the receiver as an alternative to boost system capacity [48].
In this sense, multi-input-multi-output (MIMO) channels have become a key research focus in last years.
In the following sections we propose a scheme to jointly exploit MC modulations and MIMO systems
by means of a per-carrier joint beamforming approach [49]. This joint beamforming solution requires
having a channel estimate, also called channel state information (CSI), at both ends of the
communication system. In practical systems, this CSI will not be perfect due to several reasons, such as
the presence of estimation noise, quantization errors, etc. In the following, we will analyze how the
imperfections in the CSI affect the performance of MIMO-FBMC and MIMO-OFDM under joint
beamforming. It will be shown that the MIMO-FBMC scheme outperforms its MIMO-OFDM
counterpart when the CSI imperfections are kept below a threshold. For high values of the CSI
imperfections, additional 1SI and ICI components may appear, which degrade the performace of MIMO-
FBMC. We have divided the analysis in two main sections: the first one is devoted to the simpler single
beamforming case (where only one beamformer per carrier is used) and the second one deals with
multiple beamformers, where more than one beamformer per carrier is used.

3.4.1 Single Beamformer

In this section, we take the approach of single joint beamforming per carrier, which requires full
knowledge of the MIMO channel estimate at both sides of the communication system and consists in
transmitting a single symbol stream per carrier (see Figure 3.21).
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Figure 3.21 Transmitter and receiver architecture for the single joint beamformer in FBMC.

This single stream at each carrier at the output of the bank filter, f,, is multiplied at the transmitter by a

set of weights (one per antenna) collected in the so called transmit beamvector u, e C™ before sending
them through the transmit antennas, obtaining for FBMC:

o0

x(m) = Kj 3 ud,, f (m-zn), (3.99)

k=0 n=—w

where, in the MIMO case, the j-th entry of vector x(m) represents the signal transmitted through the
j -th antenna.
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The MIMO channel is now expressed through a matrix h(m) e C™*™ , whose (i, j) -th entry contains the
channel impulse response between j-th transmit and i-th receive antennas. The received vector

y(m) e C™ is simply the matrix convolution between the channel and the transmitted vector plus the
noise vector, y(m) =h(m)*x(m)+w(m).

At the receiver, the incoming vector y(m) is multiplied by the K receive beamvectors v\, where (-)"
denotes the Hermitian operator, and each one of the obtained products v;'y(m) is fed into its
corresponding filter g, . In general, and since the MIMO channel is expected to be frequency selective,

the transmit and receive beamvectors, u, and v/, can be different for each frequency as it has been
indicated by the index k.

The signal at the output of the receiver filterbank r,  is defined as:

fen = 9 (M) * vi'y(M)

(3.100)

m=mg ny’

which is next equalized to obtain the estimation of s, (the equalization details are given later).

We derive the effective MIMO channel of the signals transmitted from filter f,.(t) and received at
g, (t) through the MIMO channel, g, (t)*h(t)=* f.(t), where filters g, (t) are the matched filters of
f. (t). They can be expressed as frequency shifted versions, g, (t) = f.(-t)e 1*™*" where Ak =k'—k is
separation between carriers.

Then,
hoe®=]" 0.@[ () f(t—z-y)dedy

= [[7 fo(0)e PR §, (t-r - p)dedy

o . . (3.101)
=[[[” f:-0m()F (e e 2 dfd rdy

zf Fo(f —AKAF)YH(f)F, (f)e'? "df
Where F, (f) and H(f) are the Fourier transform of f, (t) and h(t), respectively.

When Ak is large, Fourier response of the filters will not overlap in frequency, thus the integral will
approximately be zero. However, when Ak is small, assuming that the channel is slowly varying in
frequency, the channel matrix can be approximated by its value at the intermediate frequency. After
sampling, the remaining integral becomes the transmultiplexer coefficients, t_,., which characterize the

ICI and ISI terms centered at k—k' and n when a single symbol d, ,[n]=1 is transmitted through the
filterbank system and an ideal channel.
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Riwe() ~ H(KAT +4AF) [ F(F - AKAT )R, (f)e> " df

=H(EMAf )L, (3.102)
= Hk,k’tk—k’,t’

where the last equality is for compactness of notation. Similarly, when Ak =0, the channel response is
approximated by the value at the filter response, H, .

The design of the beamvectors, u, and v!, depends on the channel matrix h(m). As pointed out

earlier, we assume that the ISI and ICI components with perfect CSI are equalized (this is true in OFDM
if the cyclic prefix is longer than the channel impulse response and an approximation in FBMC),
therefore, the beamvectors for a specific carrier depend only on the channel response at such subband.

In the case of single joint beamforming, it was shown in [49] that the SNR-maximizing transmit
beamvector at the k -th carrier is equal to a scaled version of the right singular vector e, associated to

the maximum singular value A, of the matrix H, , whose (i, j) -th element is the k -th component of the
K -point Fourier transform of the channel between j-th transmit and i-th receive antennas (given by
[h(m)], ;). The scale factor is equal to the square root of the power allocated to such carrier, i.e.,

u, =./p.e,,, such that the sum of allocated powers is equal to the total transmitted power P, = zk P, -

At the receiver, the beamvector v;' is equal to the spatial matched filter
VIT = (Hkuk)Ha (3.103)

where ¢, is such that the norm ||v'k* || is equal to 1. The resulting equivalent SISO channel gain of the
joint beamforming scheme is thus given by

C,=viHu, =2./p,. (3.104)

Concerning the power allocation, several approaches are possible depending on the adopted figure of
merit for the system or optimization criterion, such as the minimization of the probability of error, the
minimization of the mean square error, the maximization of a mean value of the SNRs at the different
carriers, etc. In [49], all these possibilities are studied. In this paper we will only consider two of them as
meaningful examples: uniform power allocation (UPA), where p, =R/K, Vk and the minimum

effective probability of error (MEPE) where
P, = max {%0} (3.105)

where we recall that 4, is the maximum singular value of H, and x is such that the power constraint is
fulfilled.
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In practice, only a channel estimate g, is available to perform the design of the transmit and receive
beamvectors, i, and ¥ . This implies that the actual equivalent channel

C = viH, ik (3.106)

has a phase and amplitude mismatch with respect to the estimated equivalent channel given by

Cr = Vi Hlik = ,{k\/ka, (€, € R* by construction).

While this is not a critical problem in MIMO-OFDM because the orthogonality between subcarriers is
preserved even if the channel is not estimated properly, it can be a problem in the case of MIMO-FBMC
as it is shown next.

At the output of the equalizer, the estimate of the data symbol §, , is obtained as,

9; n Irk n
S, = Re ol b (3.107)
Cx,

Thus, in this imperfect CSI case, the ISl and ICI components in the FBMC system before taking the real
part will be given by

Oomoliony C_:k &
OCOkOO == Sko,no + Z(k,n)eR C"Z tk,n (isko—k,no—n)
; (3.108)

: C.
+JZ(k,n)e| ék(: : tk,n (isko—k,no—n)'
0

Observe that, due to the phase mismatch between the actual equivalent channel and the estimated one
Ck,«x Cy, part of the interference in the “imaginary” term in (3.108) will leak to the real part, which

implies that the I1SI/ICI components that were cancelled at the detection when perfect CSI was assumed,
now will not disappear, worsening thus the detection quality and increasing the error probability.

The above analytic expression in (3.108) will be evaluated numerically in the simulations section, in
which a comparison between the performance of MIMO-FBMC and MIMO-OFDM as a function of the
CSI imperfections level will be presented. The purpose of the following section will be, thus, to compute
the CSI imperfections margin for which the performance of MIMO-FBMC is above that of MIMO-
OFDM.

Simulation results

For the sake of simplicity, in this section we will consider a very basic model for the channel estimation
error. Precisely, we will assume that H, = H, + A, where the entries of A, are independent zero-mean
circularly symmetric complex Gaussian random variables with power equal to P . This model would fit,

e.g., in a situation where the receiver imperfectly estimates the channel in the frequency domain and
then feeds back this estimation to the transmitter through an ideal feedback link. It must be highlighted
that the results obtained in this section also hold for other models for the channel estimation error.
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However, the simple dependence of our model on exclusively the parameter P. makes it suitable for the
purposes of this section.

For the FBMC system we have taken the design in [50] with filter length L =2048, symbol period
7 =256, and inverse of the frequency separation M =512 . For the OFDM system, the CP has been
assumed to be one fourth of the total symbol duration. The PAM modulation for FBMC is BPSK and
QPSK has been considered in OFDM so that the rate is the same in both systems, the total transmitted
power has been normalized to P, = K, and the SNR of the system is given by P,/c?, with o being the

power of the noise vector w(m).

The channel has been chosen to be a Rayleigh distributed 3x3 MIMO channel, whose length has been
fixed to 10 with an exponentially decaying power delay profile (the delay spread is equal to 5 times the
sampling period).

In Figure 3.22 we have considered the effects of the power allocation in the BER of the FBMC system
(in the figures, the legend “OQAM?” is a short form to indicate the FBMC system). It can be readily seen
that the MEPE power allocation yields always better BER results than UPA. However, as the estimation
error P. increases the advantage margin becomes narrower.

In Figure 3.23 we have compared the performance of the FBMC and OFDM systems as a function of the
SNR for two different values of P . As expected, for low values of P. the FBMC system yields a lower

BER because, in OFDM, power is wasted transmitting the CP. For higher values of P., OFDM
performs better because FBMC is suffering from ISI and ICI due to the estimation errors.

Finally, in Figure 3.24 we have chosen two working SNRs and have plotted the BER as a function of the
estimation error power P:. In this case, for SNR =0 dB it can be clearly seen that there is a crossing

point between the two BER curves, which further corroborates the fact that FBMC performs better than
OFDM for low values of the estimation error power. However, as the estimation error increases, the
performance of OFDM degrades slower than that of FBMC. The same effect is observed for SNR =10
dB, even though in this case the crossing point is not depicted.

From the results presented, it is clear that FBMC outperforms OFDM in MIMO channels for the single
beamforming structure, provided that the CSI imperfections are kept at a low level. Moreover, we can
conclude that further research is needed to obtain robust designs against imperfections in the CSI for
FBMC schemes, whose performance degrades faster than that of OFDM as the channel estimation error
increases. These new robust designs should explicitly take into account the fact that the channel
estimation is imperfect, as opposed to the naive approaches already existing in the literature. This will
allow obtaining a design less sensitive to those errors and with improved performance.
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Figure 3.22 Performance comparison for different power allocation strategies
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Figure 3.23 Performance comparison for different estimation error powers.
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Performance comparison as a function of the estimation error power
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Figure 3.24 Performance comparison as a function of the estimation error power.

3.4.2 Multiple beamforming

In this section, we will consider the more complex case of multiple beamforming and we will analyze
how the presence of multiple streams per carrier, together with the effects of imperfect CSI and the
channel coherence bandwidth, impact on the performance of MIMO-FBMC and MIMO-OFDM
schemes.

Multiple beamforming schemes have proven to be very useful in order to increase throughput in OFDM
systems [51]. In this section we extend the multiple beamforming technique for FBMC schemes to
improve the performance of such systems.

OFDM is well known in the literature; hence, we focus on the less known modular filterbank schemes
(where the FBMC scheme belongs to). Similarly as in the single beamforming case presented above,
from the general set of filterbank schemes, we restrict to uniform filterbanks, i.e., those such that the
individual finite-length filters f, (t) can be expressed as shifted versions of the prototype filter f,(t)

[52]:
f (t) = f,(t)e/?™" (3.109)

where Af is the frequency separation between two consecutive filters. This model suits for OFDM
assuming a rectangular prototype filter f(t) and the inclusion of the CP.
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We consider a MC MIMO system with K subcarriers equipped with n, antennas at the transmitter and
n, antennas at the receiver. The transmitted signal consists of L parallel streams at each carrier k . Each
of the streams is filtered by the corresponding filter f, and subsequently multiplied by the weighting
corresponding to the intended antenna, known as beamformer u,, e C™ (see Figure 3.25).

dk[n]_’w fic lL_ 5" 0]

Figure 3.25 Multistream MC transmitter architecture.The receiver is symmetric. In the picture, the beamvectors are noted as
T
U, :[“m uk,L} and symbols as d, [n] :[dk,l[n] dk,L[n]:I

Then, all ouputs for the same antenna are added and connected to the corresponding antenna. Thus, the
analogical baseband transmitted signal x(t) can be expressed as:

o K-1L-1

x(®) =Y > > d[nlu, f (t—nT), (3.110)

n=-ow k=0 I=
where d,,[n] denotes the input symbol sequence of the |-th stream in the k-th filter and T is the
symbol period. The j-th entry of vector x(t) represents the signal transmitted through the j-th

antenna. Then it is transmitted through the MIMO channel, h(t) e C™*™ , whose (i, j) -th entry contains
the channel impulse response from the j-th transmitter to the i-th receiver. The received signal is

y(t) =h(t) *x(t) + w(t), where * denotes the convolution operation and w(t)eC™ represents the
system noise. The received signal is multiplied by the corresponding receiver beamvector v, € C™ and
processed through a bank of matched filters, g,(t)=f (-t), to obtain the output

() =g, (t)* (VkH,|Y(t)) :

o  K-1L-1

rk,| (t) = Z Z Z ka,I [gk (t - nT) * h(t - nT) * fk’(t -nT )]uk’,l’dk’,l’[n] + W'k,l(t)a (3-111)

n=—o0 k'=0 I'=

where we have defined the equivalent noise, w/y(t) = Vb,u [g, () =w(t)].

After analog to digital conversion sampling at t, =nT,+7,, where 7, is the delay maximizing the
correlation between f, and g, . This expression can be approximated at given time n, stream | and
frequency k by:
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o  K-1L-1

haln]= Z tien-n Vi HigeWe Gy o[0T+ w/ [n], (3.112)
n'=—w k'=0 1'=0
where H, . is the Fourier transform of the MIMO temporal channel h(t) at frequency f :L;")Af
(3.102).

From now on, we refer as FBMC for the specific considered scheme, consisting in creating a time-
frequency pattern of real and imaginary symbols using an offset real PAM modulation and a factor 6,

as [53]:
dy,[n]=6, s, [n]= j(k+n)3k,| [n]. (3.113)

To recover the transmitted symbols, the received signal r [n] given in (3.112) is multiplied by 6, , and
equalized dividing by the estimated equivalent gain {j,, = v, i, 1, -

In practice, the receiver estimates the channel, and the beamformers v, , and u, ,, are designed based on
the available estimated channel fy, . The generated pattern causes the interference at large
transmultiplexer values t, , to be pure imaginary and pure real at small t, | values. Then, at detection,

gknrkl[n _ Hkl Skl[n]+ZL lkaHkk“kI Skl [n]+

Hkl HkI
Vi Hy Uiy
+ t, e (ks L)+ 3.114
z<t E;E‘omz TR, ) (3119
H, . ou, o
+JZ(k el Z -0 t, o w(isk—k’,n—n’,l’)’

(k".n")%(0,0) H,

where R={(0,2),(0,-2),(2,2),(2,-2),(-2,2),(-2, 2)} and the set | contains the remaining elements in the set
(k’,n") e[-2,2]x[-4,4], from the tranmultiplexer response represented in Figure 3.26. The + notation

has been used to indicate the result of &, 6, ., . Taking the real part in (3.114), the ICI and ISI terms

in 1 can be eliminated whenever v, H,,_u,_../H,, is real, while elements in R remain negligible.
time index - n
4 -3 -2 -1 0 1 2 3 4
-2 0 0.0006 | -0.0001 0 0 0 -0.0001 | 0.0006 0
-1 0.0054 | 0.0429j | -0.1250 |-0.2058j | 0.2393 | 0.2058j | -0.1250 | -0.0429j | 0.0054
0 -0.0668 | 0.0002 | 0.5644 1 0.5644 | 0.0002 | -0.0668 0
1 0.0054 |-0.0429j | -0.1250 | 0.2058j | 0.2393 |-0.2058] | -0.1250 | 0.0429j | 0.0054
2 0 0.0006 | -0.0001 0 0 0 -0.0001 | 0.0006 0
Figure 3.26 Graphical representation of the time-frequency response of the FBMC system considered in PHYDYAS project.
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Multistream techniques allow us to send up to a maximum of L <min{n,,n.} streams per carrier with
the possibility to distinguish between them at reception. We consider the design of beamformers u,
and v, in the high enough coherence bandwidth where ICI and ISI terms are negligible. As pointed out
previously, this is possible for OFDM and an approximation for FBMC systems.

Then system (3.112) can then be modeled by
ralnl=Y o vl d, [l + wi [n (3.115)

Hence, the design of the L beamformers for carrier k only depends on the channel at subband k. A
solution for the transmit beamformer design that potentially achieves high throughput for such a channel
is derived in [49] and is given by the L right singular vectors associated to the L -th largest singular

values 4, of the Fourier transform MIMO channel matrix, H,, , e, scaled by the square root of the
power assigned to stream | in carrier k, w,, =,/R e,. The receiver beamformers are the
corresponding L orthonormal left singular vectors.

Power can be allocated according to different criteria depending on the performance figure to optimize.
We restrict our study to the minimum effective probability of error (MEPE) [49], which, for the single
beamforming case above, has been proved to obtain high performance in FBMC schemes.

Sources of error

When a MC system is used in practice, multiple beamformers lead to inherent additional 1SI and ICI
terms. Next, we detail the sources for such phenomena.

Noise

The ubiquitous thermal noise is usually modeled as zero-mean circular white Gaussian noise with
spectral density N,/2 and spatially white at the receiver. After being processed by the receiver bank of

filters g, the power of the effective noise at the |-th stream in the k-th carrier, w, (t), can be
expressed as
Pow = | 2 IG(F) Pl vy I df =7 321Gy (F) [ df . (3.116)

Note that it is independent of the beamformer design for orthonormal beamformers and white noise.

Non-orthogonality in f, (t) and g, (t)

OFDM systems, use the CP to obtain a Toeplitz channel matrix, that is diagonalized by complex
exponential filters exp(j27kn/K), which are orthogonal, i.e. lead to orthogonal subchannels. However,

using the CP reduces the efficiency of the modulation.

On the contrary, FBMC schemes use non orthogonal f,(t) and g,.(t) filters and the used of the CP is
avoided, which translates into higher efficiency. In non orthogonal MC systems, the transmission of a



ICT-212887 78 Deliverable D4.2

symbol over the k -th carrier causes the symbol to interfere the adjacent carriers k" at reception through
the channel approximated by H, . (3.102).
The particular pattern 6, .6, , cause large ICI and ISI interfering terms to belong to the set | and be

completely removed taking the real part, see (3.114), reducing dramatically interference. At expenses of
no perfect orthogonality, FBMC schemes do not require CP, increasing the efficiency of the
transmission.

Channel coherence bandwidth

The correctness of the approximation described in the section above depends on how flat the channel is
around the frequencies of interest, measured by the channel coherence bandwidth. The MIMO channel
h(t) can be coherent or non coherent depending on its power delay profile (PDP). A short effective PDP

implies an approximately flat channel, coherent, and then, H, ,. ~ H, , , in a small neighborhood of k'.

In the case of perfectly flat channels, H,, =H,,, all channels share the same singular value
decomposition, u,., =u,,,and v, =v,, . Stream | in k causes no interference in carrier k" whenever
I =1, due to the orthogonality of beamvectors, v H, u,, =0, vk’ VI'=1. However, when I'=1,
equivalent channel takes the value v, H, u,, :Ak,,ﬁ. Thus, terms with I'=1 in set R and |

contribute to the interference. As, by construction, 4,, € R", there is no change in the real or pure

imaginary nature of the interference and all elements in | can be eliminated with the FBMC scheme,
assuming |, is the actual value of the channel.

However, when H, . ~ H, , is only an approximation, the beamformer design differs from carrier to
carrier. Consequently, streams |'#l1 are not orthogonal any more at carrier k',
v Hou o = v H u,, causing a rise in contribution from set R and I . Additionally, imaginary
terms can leak to the real terms as the quotient v,',H, ,u,.,/{,, may be a complex number, modifying
the nature of the elements in those sets.

In a non selective channel scenario this quotient has an amplitude close to one and a phase close to 0.
Recall that the singular values and vectors of a matrix are continuous functions in small increments of
the channel [54], which implies a low leakage in general. When the PDP is longer, the channel is more
selective in frequency domain and channels in consecutive carriers cannot be assumed to be similar.
Thus, there can be large leakages from | to R. These leakages will produce ICI and ISI terms that can
be cancelled with time and frequency post equalizations.

In the OFDM case, thanks to the use of the CP, the interferences described above are not present due to
the orthogonality between neighbouring carriers.

Imperfect channel estimation
In practical systems, the MIMO channel is only available through a channel estimate fj,, to design the

transmit and receive beamformers, u,, and v;,. Consequently, there is a mismatch between the actual
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and the estimated channel, and the actual equivalent channel, H,, =v,\H, u,,, differs from the
estimated one, 1, = Vi Fd = A/ P -

Effects induced by the estimation mismatch are twofold. On the one hand, in general v; H,u,, #0, as

u,, and vy, are no longer the actual singular values of the channel and cross-interference between

streams at the same carrier k appears. However, this is not a critical problem while the estimated
channel {, is close to the real one H, .

As u,, and v, are not the actual singular vectors, H,, is no longer ensured to belong to real positive
numbers. While in general this is not significant for OFDM schemes because H, , is a small rotation of
4, in the complex plane, it can become critical for the FBMC scheme as pointed out previously, which

motivates further research involving the robust design of pulse shapes and beamforming weights. Note
that the noise power at stream | in carrier k does not increase although the channel g, is used in the

design as long as v, , are still orthogonal.

Simulation results

We have simulated both MIMO-FBMC and MIMO-OFDM schemes in different scenarios to quantify
the effects of interferences described.

For OFDM the CP has been assumed to be the 20% of the total symbol (CP =1/4). For the FBMC
filter design, we selected a modular filter scheme truncated at 2048 samples, symbol period T/T, =256,

with T, the sampling period, and K =512 carriers, proposed by Bellanger in [50] due to its excellent

trade-off between time and frequency location with an OQAM modulation based on 2 delayed PAM
modulations. A QPSK modulation is used in OFDM and so that rate is the same.

We use two streams per carrier, L =2, in a Rayleigh channel MIMO scenario with n, =3 and n, =3.
The imperfect channel estimation model considered is f,=H, +A,, where A, is a zero-mean
circularly symmetric complex Gaussian random variable with power equal to P.. However, results
presented in this paper also hold for other channel modeling.

The channel coherence bandwidth is modeled by an exponential decaying power delay profile with
delay spread 2 times the sampling period and another with 50 times.

Figure 3.27 shows the performance for a high coherent bandwith channel at different P. values.

For perfect CSI, FBMC performs better than OFDM due to the lack of CP. However, FBMC degradates
to a minimum error floor even in the perfect CSI case, due to the ICI terms. The same occurs at low P

power in low SNR. For high P. values, the degradation in FBMC is faster than in OFDM due to higher
ICI and ISI terms.
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In Figure 3.28 a longer PDP is considered. In this case, the performance of FBMC is better than OFDM
scheme at low SNR levels, but not in the high SNR regime due to the degradation suffered and the ICI
terms from carrier to carrier. It must be highlighted that both BER figures cannot be compared as
temporal channel has not been normalized to equivalent gains.

Figure 3.29 depicts the increase in BER as the power of estimation error increases at different snr
values. Observe that, for SNR = 10 dB and low channel estimation error power values, the performance
of MIMO-FBMC is neatly better than that of MIMO-OFDM. Additionally, for a lower SNR of 0 dB the
performance of FBMC is slightly better than OFDM for all ranges of estimation error power.

In Figure 3.30, the BER for OFDM and FBMC is depicted for different number of streams assuming
that the CSI is perfect. It can be seen that MIMO-FBMC performs better than MIMO-OFDM before it
reaches its error floor due to the interference among the different spatial-streams present at each
subcarrier.
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Figure 3.27 Performance comparison for high channel coherence bandwidth and different CSI estimation quality.
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Figure 3.28 Performance comparison for high channel coherence bandwidth and different CSI estimation quality. The legend
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Performance comparison for MIMO OFDM and FBMC for L
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Figure 3.30 BER performance for different number of streams L with perfect CSI.

3.5 Joint beamforming for multiuser

As it has been described in Section 3.4, whenever the quality of the channel state information is high
enough, the performance of FBMC in a single user scenario where both the transmitter and receiver are
equipped with multiple antennas is superior to that of traditional OFDM thanks to the boost in spectral
efficiency due to the lack of a power consuming CP in the former system.

Another advantage of FBMC over OFDM s that the transmission pulses are better localized in the
frequency domain, meaning that the frequency span of the FMBC pulses is shorter than that of OFDM
pulses. A possible situation where this superiority of FBMC can be exploited is in the Multiple Access
Channel (MAC) scenario.

In the MAC, multiple users transmit information to a base station, which decodes the corresponding
messages. A possible transmission scheme for the MAC in multicarrier systems is to allocate non-
overlapping groups of carriers to the different users so that the transmission of the active users is
simultaneous in time, reducing thus the average delay.

Since synchronization among all the users is practically infeasible, a guard frequency band has to be
placed between the frequency groups corresponding to different users so that interference among users is
avoided. The better frequency localization of the FBMC pulses allows the system designer to reduce the
guard frequency band between users with respect to the frequency band needed in OFDM.

Consequently, from all that has been said above, the total bandwidth to be shared by the users can be
used more efficiently in FBMC than in OFDM because the guard frequency band is narrower and
because there is no need of a CP.
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In the following, we compare the performance of FBMC and OFDM in the MAC scenario for the case
where the users and the base station are equipped with multiple antennas, which, as it has been pointed
out previously, enhances the performance of the system with respect to the single antenna case.
Specifically, we consider that, similarly as in the single user case, single joint beamforming is performed
at each subcarrier between the corresponding user (i.e., the one assigned to this specific subcarrier) and
the base station. Moreover, for the sake of simplicity, we also assume that the users and the base station
have perfect CSI.

3.5.1 System model for the MAC

In this section, we describe the mathematical model for the multiuser MAC scenario jointly for FBMC
and OFDM. Despite the fact that we will not explicitly take into account the particularities of each
system in this unified formulation, it is clear that the CP prefix has to be added in the transmission of
OFDM symbols and that additional 1SI and ICI terms will appear in the received signal in FBMC.

As it has been pointed out in the introduction, we assume that, if a subcarrier (or group of subcarriers) is
assigned to a particular user, indexed by u, this user will beamform its information symbols through the
eigenmode associated with the highest singular value 4,, of the channel response between the user and

the base station, denoted by H,, . In addition, we consider that this particular user allocates a fraction of

her total available power, P™, to this carrier and refer this power by p, . Consequently, the equivalent
SISO channel gain between the user and the base station at carrier k will be given by

Cix= V::kHu,kuu,k = Aux Puis (3.117)

where v!' and u,, denote the receive and transmit beamformers, respectively, which correspond to the
left and right singular vectors associated with the highest singular value of the channel matrix.

Let K, denote the total number of contiguous subcarriers, which are available for transmission. The

division of this available frequency band among the users is done by making G groups of K adjacent
subcarriers and leaving S unused subcarriers between two contiguous groups. It is straightforward to
check that, leaving also a guard frequency band of S subcarriers at the beginning and at the end of the
whole band, the following equation must be fulfilled:

GK +(G+1)S =K. . (3.118)

Observe that the parameter S will be lower for FBMC than for OFDM, meaning that, since K, and K
are constant parameters, the number of available groups G will be higher in FBMC than in OFDM.

In the setting defined above, the system parameters to be designed are:
e The assignment of each frequency group to one user (one user may have more than one group

assigned).
e The power that each user allocates to the frequency bands she has available.
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Typically, the assignment of frequency groups to the users is done based on the perceived link quality
that each user has on this specific group, which, in this case is related to the equivalent SISO channel

gain, C?,. Loosely speaking, a quality label is associated for all the users to each one of the groups.

Then, a scheduler decides which user is assigned to each group based on the labelling (and, possibly,
some additional criteria such as fairness among users, delay tolerance of each user, ...). However, the
labelling itself for each user depends on how many groups are assigned to that particular user (i.e., if
only one group is assigned to a particular user, her perceived quality will be higher than if ten groups are
assigned to this same user as the available power for that user has to be shared among all the groups).
Consequently, for a general power allocation criterion, the labelling is a non-trivial function of the
power allocation and the number of groups assigned to that user, which further implies that a different
labelling is needed depending on how many groups are assigned to each user, which makes the problem
intractable in practice.

One possibility to overcome this difficulty is to choose the maxmin power allocation policy for the
users. This policy coincides with the MEPE policy (presented in the previous section for single user
scenarios) for the case where the available power tends to infinity, which justifies its choice (especially
at high SNR) due to the good BER performance of the MEPE power allocation. Essentially, the maxmin
power allocation boils down to assigning:

! _R (3.119)

uk = 52
Ay
< Ak

where the second factor is merely a normalizing factor to make sure that the assigned power does not
exceed the available power for each user P, and the summation spans all the carriers assigned to user u.
Then, the perceived link quality C?, is such that
P
ijk = “1 =C? (3.120)

27z,

where the second equality indicates that the link quality is independent of the subcarrier index.

In the following, we prove that, by using this specific power allocation, the relation between the
labelling (perceived quality) and the number of groups assigned to each user has a strikingly simple
relationship.

First of all, let’s rewrite (3.120) according to

.t i

u 1 1
Z%;k ZZJ&

k geG, keg

(3.121)
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where we have transformed the whole summation among all the carriers assigned to the user in a double
summation along the different groups assigned to the user (denoted by G,). Now, (3.121) can be

trivially rewritten as:

C’= it = it : (3.122)
v 1 1
Z ZT Z 1
geG, keg k 9eG,
Zi
keg ﬂ’uz,k
Realizing now that Cj'g = 1 corresponds to the perceived link quality for user u and group g when

unit power is assigned to it, the total link perceived quality is, finally,

Cc2= Pul . (3.123)
geG, ng

which implies that the power allocation among the groups fulfils the same strategy as the power
allocation among the subcarriers (c.f. (3.120)).

Consequently, if the maxmin power allocation is used, the labelling for each group corresponds to the
perceived link quality when unit power is assigned to it. Then, to compute the perceived link quality for
one user, given the labelling for each group, we simply need to evaluate (3.123).

Observe that, since the link quality is the same for all subcarriers belonging to the same user, if the user
performs some kind of bit loading algorithm, all the subcarriers will be assigned the same constellation.

3.5.2 Performance criterion and problem statement

Once we know how to compute the perceived link quality for one user C?, given the frequency groups

assigned to it, it remains to find a criterion to assign the frequency groups to the different users.
Consequently, we define the variable p, ,, which is equal to either 1 or 0 depending on whether group g

has been assigned to user u or not. We will make use of this definition later.

In multiuser scenarios, such as the one considered in this section, it is usually meaningful to maximize
the sum-rate achieved by the users while guaranteeing that a certain (and possibly different) minimum
rate is achieved by each individual user.

In this case we consider packet transmissions of length N. It is easy to see that the rate for each user is
then proportional to

b,K, (1- BER(C?,b,))", (3.124)

where b, is the number of bits per symbol of the chosen constellation for user u, K, is the total number

of carriers assigned to user u, and BER(C?,b,) is the bit error probability (which depends on the
perceived link quality and the bits per symbol).
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Consequently, the group allocation optimization problem can be formally stated as follows:

U
maximize b K,(1-BER(C?,b,))"
u=1

bu,Pu,pwg
subject to P <P™
Pug = {011}
I , (3.125)

! 1
> o
9.pu6=1"u,g

b,K,(@—-BER(CZ,b,))" >R™
K, = KZ Pug
g

where we have added a maximum available power constraint per user P, < P™*.

Observe that the main differences between FBMC and OFDM will lie in the following facts:

e The number of carriers per group K will be bigger in FBMC than in OFDM due to the better
frequency localization of the filterbank pulses.

e The maximum power constraint for FBMC will be higher for FBMC than for OFDM because no
power is wasted transmitting the CP.

e The BER(C?,b,) function will be different because the transmission system model is different

(in OFDM we have perfect orthogonality, whereas in FBMC we have some (very small) ISI and
ICI components, which have, nonetheless, to be taken into account in the problem formulation).

3.5.3 Simulations

To compare the performance of FBMC and OFDM in this multiuser case with multiple antennas, we
have assumed that the CSI is perfect at all sides of the communications link. For OFDM the length of
the CP is taken to be 20 % of the total symbol duration. In addition, we have chosen the following
parameters for the simulation of the scenario: the total number of subcarriers K, is equal to 512, the

frequency separation between groups is equal to Sggmuc = 2 subcarriers in FBMC and Sorpmp = 3
subcarriers in OFDM to guarantee that the interference between the users is kept at a minimum. Finally,
the available constellations for data transmission are BPSK, QPSK, 16-QAM, and 64-QAM for OFDM
and their offset counterparts for FBMC.

We have simulated the achievable aggregated throughput for a 20 user system with no minimum rate
requirements per user (i.e., some users may have zero throughput during parts of the transmission ) for a
block length of N = 1024 channel uses. The maximum transmitted power per user is equal to 40 dB
(with unit noise power). The normalized throughput (per subcarrier and channel access) can be found in
the following table as a function of the number of subcarrier groups G.

Subcarrier 1 10 20 40 60
Groups

FBMC 0.9 41 5.1 47 4.2
OFDM 0.8 3.9 4.6 4.2 3.3
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As it can be seen, for a low number of subcarrier groups, only a few users can be served and, due to the
individual power constraints, the whole band cannot be efficiently used because a poor constellation has
to be chosen (such as BPSK) so that the BER does not degradate the achievable rates. In the other
extreme, for large number of subcarriers groups efficiency is also lost due to the fact that the band
occupied by all the frequency guards (between each subcarrier group) is also large. This implies that
there is an optimal number of groups so that the overall throughput is maximized. In addition, the table
also shows the superior rate performance of FBMC when compared to traditional OFDM, thanks to the
savings in CP power and the lower separation between frequency groups.

3.6 Optimal precoding at the transmitter

In this work, we are concerned with optimal precoding techniques with FBMC modulation in Multiple
Imput Single Output MISO context. The precoding techniques enable to obtain array gain in addition
with the spatial diversity gain of the channel. The fact that FBMC is based on the transmission of real
data means that the coefficients that we are going to apply to the transmitted data will be real valued
ones.

A k,n

ak,n l

74>®—> FBMC Antenna 0
MODULATOR

0(1,k,n
FBMC Antenna 1
MODULATOR
|
|
N1k |
|
FBMC Antenna N-1
MODULATOR

Figure 3.31: FBMC Beamforming transmitter structure

Let us consider a precoding scheme with N, transmit antennas and a single receive antenna as shown in
Figure 3.31. The channel is assumed to be known by the transmitter and the receiver. The real data are
multiplied by real coefficients «,, , then they are modulated by a FBMC modulator and transmitted by

the first antenna. The same stream of data is multiplied by a real coefficient ¢, before being

n

modulated by a FBMC modulator and transmitted by the i" antenna. We denote by a,, the real data

from the main stream of data at frequency k and time index n. Thus, at a given sub-carrier k the
transmission is given at antenna i by: d, . =&, ,a,,. &, are the real coefficients which are derived in

ik,n
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order to maximize the Signal to Noise Ratio (SNR) at the received side. At the single receive antenna
side, the demodulated signal can be written as:

Ntfl
— i H
yk,n - ZHk,n,i (dk,n + Juk,n,i) +Uk,n
i=0
Nt_l

= ZHk,n,i (Xign@n + Uy i) F 00
i=0

(3.126)

where v, is the noise component at the sub-carrier k and time instant n. We have:

Ui =0 D0 diy D Gialklgr K]

(k',n")=(k,n) k=—w
= (_J) z ai,k’,n’ak’,n’ Z gkn[k]g:’n'[k]
(k",n")=(k,n) k=-0
As the channel is considered to be constant over a given set of sub-carrier and a given set of time instant,
we will also consider the coefficient ¢, to be constant over the same set of sub-carrier and time

instant. Thus we can write,

(3.127)

Ui ® @ikn Z Ay zgk,n[k]g;’,n’[k]' (3.128)
(.m=kn) k=
Yikon,i

Therefore, (3.126) can be rewritten as:
Nt—l

Yen T ZHk,n,iai,k,n (@0 + Vini) + Vs (3.129)
i=0

As the same stream of data is transmitted over the N, antennas, we have: u, .; =Uu, , =U,,. Then, we
get:

Nt -1

Yen = ZHk,n,iai,k,n @y + U )+ o,
i~ (3.130)

Ni-1
= (ZHk,n,iai,k,n)(ak,n + juk,n) T U0
i=0
Now, we will search for the values of ¢, , that maximize the SNR. Let us denote by:

T

Pokn  %kn Fokn o Entken
a:

N1
2
| ZHk,n,iai,k,n |

SNR(z) =—=— . (3.131)

subject to the power constraint: Z:‘:ﬁ ., [’=1. Inthe case N, =2, as we will show, the SNR curve is
concave. However, for N, >3 the optimization problem will be done on a non-concave curve. Indeed
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for N, =3 and using random Raleigh channels, we replace «,,, by: «,,, :\/1—(Of§,k,n+a12,k,n) or

Ay = —\/1—(055*’n +al,,) . As a matter of example, for a,, , = —\/1—(055,;(,;1 +al,,), we plot the SNR
curve as a function of «,, , and «,, ,. We consider «,, ., a,,, in [-1,1]. The SNR curves are not

concave as we can see in Figure 3.32. Thus, techniques like Lagrange optimization can not be carried
out. In the case N, =2 we will derive the optimal solution, whereas for N, >3, we will look at a sub-

optimal solutions.
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Figure 3.32 SNR curve as a function of ¢, , and o, (@, = —\/1— (Agpn+ i)

3.6.1 Optimal solution for N, =2
In the case of N, =2, the SNR expression is given by:
1
SNR(Q) = N_(l Hk,n,O |2 a(ik,n +| Hk,n,l |2 alz,k,n

O a 3
+2a1,k,na0,k,n SR{H k,n,0 H k,n,l})

b (3.132)
— 1 2 2
= N_(aoao,k,n + 8,0y + 200 (P n)-
0
with, a;,, +a, =1. Let us assume that a, > a, if it is the opposite case it is sufficient to inverse a,

Resp.( «,,,) and a, Resp.( &, ,). Then, we can express o, , = £/1-a/,, . Let us first consider the

case o, , =+/1-a/, , then

1
SNR(a) = N_((al - ao)alz,k,n +8,+2ba \/1_0‘12&”) (3.133)
: :
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with a;,, e[-1,1]. As (a,—a,)a’,+3 >0, SNR(a) is maximized when 2be,, . 1-cf,, is
positive i.e. b and «,, , have the same sign. So the value of «, , , that we are seeking has the same sign
as b . Let us derive the SNR(«) function, and by setting the derivation equal to 0, we obtain:

(& 8oy pyl— i = D=1+ 205 ). (3.134)

It can be showed that the only solution of interest is given by:

o 1 (a -a)
% 5'9”“’)\/ 2 o faa) i (3.135)

Let us look at the second derivation in order to show that the value obtained when the first derivation is
null corresponds to the global maximum. Using (3.134), it is possible to show that the second derivation
is equal to:

—2b

3

% ya(l-0i,)? (3.136)

As b and «,,, have the same sign the second derivation is negative in the area of interest, thus the
value of «,, , which corresponds to the zero of the first derivation is a global maximum. The second

case is similar to the first case when replacing b by —b. It can be showed that we obtained the same
SNR maximal value in both cases.

3.6.2 Sub-optimal solution for N, >3

As the SNR optimization problem is done on non-concave curve for N, >3, we look at sub-optimal
solutions. Let us rewrite the SNR expression,

Nt_l
2
| ZHk,n,iai,k,n |

SNR(a) =-= N
0 (3.137)
1 iy r 2 iy i 2
:N_(| sz,n,iai,k,n "+ sz,n,iai,k,n 1),
0 i=0 i=0
realpart imaginarypart

where , Hy . Resp.(H;m) is the real part Resp.(the imaginary part) of H, ;. In this last equation, we

distinguish two parts: the real part and the imaginary part. Let us present two sub-optimal solutions.
= As H/ . and H, . are real values, we perform the optimization either to the real part or the

k,n,i k,n,i

imaginary part depending on which part brings the most energy. That is, if:
Z?‘:Oﬂ Hy i = z:itoﬂ H;'n'i |* the beamforming is done only on the the real part and in the

opposite case the beamforming is done on the imaginary part. Making the beamforming on
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the real part Resp. (the imaginary part) consists of seeking the value of «;,, which

maximizes:
|Z:q:071HI:,n,iai,k,n I resp. (|Z:“§071Hi,n,iai,k,n I*) using Cauchy-Schwarz equality condition, it
corresponds to:

r i

—_ Hk,n,i Hk,n,i
&, =——=2__ Resp.(——==0l_). (3.138)

IDGHD SR NCIIDG

We refer to this method as Real or Imaginary Optimization (RIO). Let us look at another sub-optimal
solution.

= We still consider the SNR expression given in (5.2.12). We define for every antenna i a set

named Q. by:
H' - HI . H' . H
O = k,n,i 7 k,n,i — k,n,i — k,n,i , 3.139
! {N N N N } ( )

r r r r

where N, is a per solution constant factor which guarantees Zi’\‘:to_llai,k,n [’=1. The sub-optimal
solution is given by:
a =argmax{SNR(«)}, (3.140)
subject to the constraints:
* yn €

N; -1
° Zi:to | ik F=1.
This method implies an exhaustive search but compared to the RIO solution it performs better since the
RIO solution is a candidate in this exhaustive search. We will refer to this method as Sub-optimal
Exhaustive Search (SES) method. Moreover, the set Q. could be increased in order to improve the
ro Hi )
L and l\kl'”" . Other sub-

r r

optimal solutions could be derived. [55] presents some sub-optimal solutions in the case of complex
beamfoming. Some of these solutions could be adapted to the real precoding case.

performance using for example different combination values between
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Figure 3.33 Performance of real precoding FBMC compared to complex beamforming CP-OFDM for different values of
N

t

Performance analysis over Raleigh Channel

Let us look at the simulation results of real precoding with FBMC modulation and complex
beamforming with OFDM modulation. The simulation parameters are given as follows :

* No channel coding; QPSK modulation; Number of subcarriers M =64;

» Rayleigh channel per antenna i.e. flat over all the subcarriers. We assume the channel
coefficients are perfectly known by the receiver and the transmitter;

We use, as indicated earlier and in the continuation of the work [30-45], a truncation of the
IOTA (Isotropic Orthogonal Transform Algorithm) prototype function . Its duration is limited to 4T,,
which leads to a prototype filter containing L=4M =256 taps, the same length as the Phydyas
prototype filter.
As Figure 3.33 shows, the real precoding (SES or RIO methods) with FBMC provides the maximum
spatial diversity gain N,. When comparing the RIO method and the SES method, the SES method
performs quite better than the RIO method. The gain is relatively small (about 0.1 dB), therefore the
RIO method could be more appropriate since it is very simple to implement compared to the SES
method. When we compare the real precoding (SES or RIO methods) with complex beamforming with
OFDM modulation, it looses about 0.5 dB for N, =2, about 1 dB for N, =3 and about 1.5 dB for

N, =4. We need to investigate other sub-optimal solutions which bring real precoding performances

closer to the complex beamforming ones. However, this performance loss has to be mitigated by the
amount of information that the receiver should send to the transmitter in order to make the channel
known at both sides. In the case of complex beamforming, N, channel coefficients should be sent, that
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is 2N, real data. Whereas in the case of real precoding only N, real data (¢, , coefficients) should be

sent. Real precoding will be less affected than complex beamforming by the imperfection (noise +
distortion) of the return path (Receiver to transmitter). Indeed, if the total amount of power used for the
return path is the same for real and complex beamforming, then, each real data in the real precoding will
have a twice bigger power than that used in complex beamforming. Thus, the real precoding coefficients
will be better estimated at the transmitted side than those computed in complex beamforming.

Future work involves the integration of the return path to access the global performance. Other sub-
optimal methods should also be investigated while considering frequency selective channels.

4 Conclusions

In Section 2.1, preamble based CFO estimation in MIMO FBMC has been proposed based on a training
symbol with two identical parts. Only slight performance degradation with respect to MIMO OFDM has
been observed at high SNR.

Synchronization and channel estimation based on auxiliary pilots have been evaluated in Section 2.2.
Assuming synchronization among antennas, each MIMO link has the same FTD and CFO and can be
exploited for enhancing the synchronization parameters estimate. Nevertheless, compared to the SISO
case, the performance gain is small.

Frequency sampling based equalizer considered previously for SISO [7] and SIMO [8] has been
extended in Section 2.3 to the MIMO case. It is shown that in severely time dispersive channels the
multi-tap equalizer structure greatly improves the ability to make use of the increased order of receive
diversity in MIMO systems.

In Section 2.4, the Constant Modulus (CM) algorithm has been considered for blind equalization in
MIMO FBMC where the number of antennas at the receiver is greater or equal to the number of
antennas at the transmitter. The frequency domain equalizer outperforms the proposed blind algorithm.
However, the useful rate using this algorithm is higher because no training sequence is required.

Two approaches have been proposed for MIMO channel tracking in Section 2.5: Decision Directed
LMS, which is only effective for rather low to medium mobilities, and pilot aided channel tracking with
time interpolation. This last scheme will prove to be much more effective in tracking fast varying
channels. Its limitation is that one has to experience a delay in providing the channel estimates, equal to
at most the period of pilot placement.

In Section 3.1 a practical block-wise Alamouti scheme for FBMC has been developed including a
simple channel estimation method based on a specific pilot pattern embedded in the Alamouti-coded
symbol block sequence. The performance was found to be quite good in case of stationary channel. With
significant mobility, there is a trade-off between detection performance and code block length. With
increasing mobility, the data block length has to be reduced, leading to increased overheads due to the
pilots/guard periods. Considering system parameterization and pilot overheads similar to those of
WiIMAX downlink PUSC mode, acceptable performance is achieved with mobilities of some tens of
km/h.

Spatial multiplexing with FBMC has been analyzed in section 3.2 for the MIMO 2x2 case. For the
general case, different aproaches have been investigated. First, a modified ML decoder adapted to
FBMC, taking into account the interference probability distribution, has been proposed. This method
shows a slight gain compared to MMSE. Next, an iterative ML decoder based on interference
cancellation has been presented obtaining significant gain compared to MMSE algorithm. More work is
needed to come up with efficient algorithms for MIMO 2x2 and MIMO 3x3.

The V-BLAST iteration per subcarrier has been applied to MIMO FBMC making use of the decisions
made for previous symbols. The results show that FBMC performs slightly better for low and moderate
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SNR. An adaptive decision directed feedback equalization implementing the V-BLAST idea has been
proposed. OFDM equalizer converges faster in the preamble section and outperforms the FBMC
equalizer, especially for high SNR values. In severely frequency selective channel, the OFDM
subchannels are no longer frequency flat and the above equalization scheme is no longer able to equalize
them correctly.

For MIMO 2x1, transmit time diversity with single delay has been investigated in Section 3.3 and a
general strategy for decoding has been described. For the general case, ML and Viterbi decoding have
been considered. ML decoding using an exhaustive search among all possible transmitted sequences of
data outperforms Viterbi decoding by 1 dB. This is due to the fact that the noise is colored thus Viterbi
decoding is suboptimal. Iterative decoding based on the interference estimation has been evaluated
offering better performance at expenses of higher complexity.

In Section 3.4 we have studied the single and multiple beamforming structures. We have compared the
performance of OFDM and FBMC schemes under imperfect CSI and different channel coherence
bandwidths. Thanks to the save in the CP, FBMC achieves better performances for a range of SNR.
However, performance degrades faster in FBMC than in OFDM as the channel estimation error
increases. There is degradation even in the perfect CSI case due to the interference between streams.
Consequently, equalization and robust design techniques are a must to exploit the superior performance
of FBMC. These new robust designs should explicitly take into account the fact that the channel
estimation is imperfect. This will allow obtaining a design less sensitive to those errors and with
improved performance. Joint beamformer for multiuser has been presented in Section 3.5 showing
superior rate performance of FBMC when compared to OFDM.

In multiantenna OFDM systems, beamforming can be implemented at the sub-carrier level, with the help
of complex coefficients. Since FBMC uses real inputs, a simple scheme to reach similar results consists
of applying real coefficients, which optimize the signal-to-noise ratio at the receiver. The scheme is
called real precoding, it is described in section 3.6 and simulation results are provided.
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