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A method of widely linear turbo-equalization in a multi-user context and

for a multi-channelmulti-antenna receiver

The field of the invention is that of digital radic communication
systems and more particularly multi-antenna communication receivers, i.e.
receivers with a plurality of receiving antennas.

The invention also concerns multi-user systems in  which
communication resources are shared between a plurality of users who can
communicate simultaneously by sharing frequency bands or timeslots.

The invention is more generally concerned with all multi-user
communication systems in which high levels of interference are generated
both between transmitters associated with different users and also between
the symbols conveyed by a signal transmitted by one user because of
interference inherent to the propagation channel.

It is known to employ equalization in the receiver to eliminate or at
least to limit interference generated in the received signal. The object of this
functionality is to cleanse the received signal of the various sources of
interference before it is decoded.

In this context, the invention is precisely concerned with the field of the
equalization of signals in a multi-user context and also the field of turbo-
equalization, which entails iteration of the equalization and decoding
functions with the final objective of improving the bit error rate or the packet
error rate of the decoded symbols.

The invention notably finds an application in cellular communication

systems such as the 3GPP LTE system.

The objective of the invention is notably to design a turbo-equalizer
based on a widely linear equalization filter. Such a filter has the property of
processing separately the real part and the imaginary part of the signal so as
to exploit optimally all of the information contained in the signal in order to
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improve equalization performance. A widely linear equalizer more particularly
offers improved performance for signals modulated on the basis of a real
constellation or a complex constellation having the property of non-circularity.

The invention is also aimed at an equalization method in the frequency

domain that is suited to a multi-user context.

Numerous publications cover the field of the equalization of signals
subject to intersymbol interference or interference between users. Of these,
references [1] to [6] may be cited (see the list of references at the end of the
description).

Known equalization methods do not make it possible to take the
following three aspects into account conjointly, however:

- the use of a widely linear filtering technique that consists in
applying an equalizer filter both to the received complex signal and
also tfo its conjugate,.

- the use of equalization in the frequency domain,

- the management of multi-user constraints, in other words
management of equalization of multi-user interference and not only
intersymbol interference for a single user.

When this technique is employed, this is usually for single-user

applications and for processing carried out in the time domain.

In order to improve known equalization methods, the invention
proposes a method of widely linear equalization that aims to eliminate the
interference between multiple users and that is applied in the frequency
domain.

The invention is particularly advantageous when the signal is
modulated using a real constellation, which implies that the pseudo-
correlation matrix of the signal is a non-null matrix and can be used to

improve the equalization filter.
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To this end, the invention consists in a method of equalizing a signal

received by a plurality of antenna elements, said received signal being

produced by the transmission of signals by a plurality of transmitters, said

method including:

@

a step of converting the received signal into the frequency domain,
a step of subtracting from said signal an estimate of the
intersymbol interference and the interference between users so as
to obtain a complex corrective signal,

a step of conjoint widely linear filtering of said complex corrective
signal and the conjugate complex corrective signal to obtain an
equalized signal,

a step of converting the equalized corrective signal into the time
domain,

a step of calculating coefficients of the equalizer filter from the
covariance matrix and the pseudo-covariance matrix of the

received signal.

In accordance with one particular embodiment, the method in

accordance with the invention of equalizing a received signal further includes:

a step of subtracting from said received signal an estimate of the
transmitted signal, and

a step of combining the equalized signal with an estimate of the
transmitted signal,

the step of widely linear filtering being configured to produce from a
number Ng, equal to the number of antenna elements, of complex
corrective signals, a number K, equal to the number of transmitted

signals, of equalized complex corrective signals.

In accordance with one particular aspect of the invention, the step of

widely linear filtering includes filtering said complex corrective signal using a

first equalizer filter and the conjugate complex corrective signal using a

second equalizer filter.
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In accordance with one particular aspect of the invention, the step of
widely linear filtering includes filtering said complex corrective signal using an
equalizer filter and said equalization method further includes a step of
extracting the real part of each value of the equalized signal converted into
the time domain.

in accordance with one particular aspect of the invention, the step of
widely linear filtering includes filtering said complex corrective signal using an
equalizer filter and said equalization method further includes a step of
extracting alternately the real part or the imaginary part of each successive
value of the equalized signhal converted into the time domain.

In accordance with one particular aspect of the invention, the step of
calculating the coefficients of the equalizer filter includes at least:

e a sub-step of calculating the equalizer filter in the frequency
domain and of calculating an estimate of the amplitude of the
symbols of the transmitted signal,

e a sub-step of calculating the covariances and pseudo-covariances
of the signal after equalization.

The invention also consists in a method of turbo-equalization of a

received signal including the iterative execution of the following steps:

e a step of executing the method in accordance with the invention of
equalizing a received signal,

e a step of converting the equalized signals into demodulated bits,

¢ a step of decoding the demodulated bits,

e a step of converting the decoded bits into an estimate of the

transmitted signal.

The invention aiso concerns the use of the method in accordance with the
invention of equalizing a received signal or the turbo-equalization method in
accordance with the invention applied to a signal modulated in accordance

with a real constellation, for example a constellation of the BPSK or M-PAM

type.
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The invention also concerns the use of the method in accordance with the
invention of equalizing a received signal or the turbo-equalization method in
accordance with the invention applied to a signal modulated in accordance
with an alternately real or imaginary constellation, for example a consteliation
of the 1/2-BPSK or 11/2-M-PAM type.

The invention further consists in a computer program including
instructions for executing the method in accordance with the invention of
equalizing a received signal or the turbo-equalization method in accordance
with the invention when the program is executed by a processor and a
receiver including a plurality of antenna elements for receiving a signal
transmitted by a plurality of transmitters and a processor configured to
execute the method in accordance with the invention of equalizing a received

signal or the turbo-equalization method in accordance with the invention.

Other features and advantages of the present invention will become
more apparent after reading the following description with reference to the
appended drawings, in which:

- Figure 1 is a diagram of a multi-user communication system

including a receiver with multiple antennas,

- Figure 2 is a block diagram of a transmitter desighed to function in
cooperation with a receiver including a turbo-equalizer in
accordance with the invention,

- Figure 3 is a block diagram of a receiver in accordance with the
invention,

- Figure 4 is a block diagram of a turbo-equalizer in accordance with
a first embodiment of the invention,

- Figure 5 is a diagram showing in detail the function of equalizing a
symbol in the Figure 4 turbo-equalizer,

- Figure 6 is a diagram showing in detail the function of eliminating

interference in the Figure 5 equalization function,
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Figure 7 is a diagram showing in detail the function of widely linear
filtering in the Figure 5 equalization function,

Figure 8 is a block diagram of a turbo-equalizer in accordance with
a second embodiment of the invention,

Figure 9 is a diagram showing in detail the function of generating a
corrective signal in the Figure 8 turbo-equalizer,

Figure 10 is a diagram showing in detail the function of widely
linear filtering in the Figure 8 turbo-equalizer conforming to a first
embodiment,

Figure 11 is a diagram showing in detail the function of widely
linear filtering in the Figure 8 turbo-equalizer conforming to a
second embodiment,

Figure 12 is a diagram showing in detail the function of
combination with an estimate of the wanted signal in the Figure 8
turbo-equalizer for the general case of a signal modulated in
accordance with a complex constellation,

Figure 13 is a diagram showing in detail the function of
combination with an estimate of the wanted signal in the Figure 8
turbo-equalizer for the particular case of a signal modulated in
accordance with a real constellation,

Figure 14 is a block diagram of the function of calculating the
coefficients of the equalizer in the general case of a signal
modulated in accordance with a complex constellation,

Figure 15 is a block diagram of the function of calculating the
coefficients of the equalizer in the particular case of a signal
modulated in accordance with a real constellation,

Figure 16 is another diagram showing in detail the function of
generating a corrective signal in the Figure 8 turbo-equalizer in the

case of particular constellations,
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Figure 17 is a diagram showing in detail the function of widely
finear filtering in the Figure 8 turbo-equalizer in the case of
particular constellations,

Figure 18 is a diagram showing the packet error rate as a function
of the signal-to-noise ratio expressed in decibels in an SC-FDMA
type system with one receiving antenna with an ETU type
propagation channel for a prior art linear turbo-equalizer combined
with QPSK modulation and a 1/3 convolutional code and a widely
linear turbo-equalizer in accordance with the invention combined
with 4-PAM modulation and a 1/3 convolutional code,

Figure 19 is a diagram showing the packet etror rate as a function
of the signal-to-noise ratio expressed in decibels in an SC-FDMA
type system with two receiving antennas with an ETU type
propagation channel for a prior art linear turbo-equalizer combined
with QPSK modulation and a 1/3 convolutional code and a widely
linear turbo-equalizer in accordance with the invention combined

with 4-PAM modulation and a 1/3 convolutional code.

The following notation is used through the description of the invention.

Variables designated by a lowercase letter, such as x, designate a

scalar quantity;

Variables designated by a boldface lowercase character, such as x,

designate a vector quantity;

Variables designated by a boldface uppercase letter, such as X,

designate a matrix;

[xi]i=1.n is a vector containing the coefficients x;;

X, ], is @ block matrix that contains the matrices Xi;

J=1..K

diag(x) is a diagonal matrix with the coefficients x on its diagonal;

circ(x) is a circulant matrix with its first column equal to x;
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E[X] designates the mathematical expectation of the random variable

® designates the Kroenecker product of two matrices;

x' is the transposed vector of X;

X is the transposed matrix of X;

x" is the Hermitian vector of x, that is to say the conjugate transpose
vector of x;

X" is the Hermitian matrix of X, that is to say the conjugate transpose
matrix of X;

tr(X) is the trace of the matrix X;

In is the identity matrix of size NxN;

Fw is the Fourier transform matrix of size MxM, the entry k| of this

matrix is equal to [FM]k,I =—J1ﬁexp(—%ﬂﬁ] , k=0... M-1 and | = 0...M-1. The

inverse of the Fourier transform matrix coincides with its conjugate

" 0
transposition: Fs .

Hereinafter, the term mapping is used to designate the conversion of
one or more bits to a symbol of the constellation of the modulation used to
shape the signal.

The term demapping is used to designate the inverse transform of the
mapping operation, namely the conversion of a modulated symbol to one or
more bits according to the constellation used.

The expression soft mapping designates the mapping operation when
the latter is executed for so-called soft bits, in other words bits represented
by a non-binary value, typically between 0 and 1, that is characteristic of their
likelihood probability.

The expression soft demapping designates the operation inverse to

the soft mapping operation.
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Figure 1 is a diagram of the communication system that the invention
concerns. It is a multi-user wireless transmission system comprising a
plurality of transmitters 104,...10x each transmitting a radio signal to the
same receiver 20 which has a plurality of receiving antennas A4,...Anr Where
Nr is the number of antennas and at least equal to 1. The transmitters
104,...10x each transmit a signal using the same time and frequency
resources, which causes interference between users from the point of view of
the receiver 20. K is equal to the number of transmitters or users.

The system shown in Figure 1 is usually referred to as a distributed

multiple input multiple output (MIMO) system.

Figure 2 shows an example of a transmitter 10, compatible with the
system at which the invention is aimed. It should be noted that the invention
precisely relates to a method of equalization employed by a receiver 20 and
does not include any steps executed by a transmitter. However, the type of
transmitter envisaged is described by way of example only in order to
facilitate a general understanding of the invention. The functions shown in
Figure 2 may be in part optional and more generally the transmitter described

may be replaced by other types of transmitter.

The transmitter 10 receives as input information bits that are coded
using an error-correcting encoder 11; the code may be a convolutional code,
a turbo code, an LDPC code or any other code for which there exists a
decoding algorithm that produces soft information, that is to say non-binary
information. The coded bits at the output of the encoder 11 are interleaved
using an interleaver 12 that may be different for each transmitter 10+4,...10«.

The interleaved bits are then modulated by a modulator 13k that may
differ from one user to another. The modulator 13 supplies as oufput
symbols belonging to a given constellation defined as a function of the type

of modulation chosen. As described in more detail hereinafter, the invention



10

15

20

25

30

10

offers improved performance for real constellations in particular, that is to say
constellations where the modulated symbols have a null imaginary part.

More generally, the invention makes it possible to obtain results
improved over known linear equalization techniques when the constellation
used for the modulation of the transmitted signal has a property of so-called
non-circularity. The property of non-circularity is expressed formally by the
fact that if s(n) is a random symbol of the constellation transmitted at time n,
then the mathematical expectation of this symbol squared is not equal to zero
E[s*(n)] # 0. The quantity E[s*(n)] is also referred to as the pseudo-
covariance in the literature. This property also extends to sampled or
continuous signals. For the vectors representing a signal portion, the pseudo-
correlation is written E[s s']. The invention applies with advantage when this
pseudo-correlation has a non-null value.

Real constellations, also known as rectilinear (real value)
constellations such as binary phase shift keying (BPSK) modulation or pulse
amplitude modulation (PAM) are non-circular. The invention may also be
applied to real constellations rotated periodically such as 1/2-BPSK, which
alternate on each modulated symbol a standard BPSK constellation {+1, -1}
and a BPSK constellation rotated 1/2 radians {+j, -j}.

The invention may also be applied fo so-called quasi-rectilinear
constellations, that is to say constellations where the symbols may be
obtained by complex filtering of a signal described by the symbols of a real
constellation. Examples of such modulation are minimum shift keying (MSK),
Gaussian minimum shift keying (GMSK), continuous phase modulation
(CPM) with binary alphabet or offset quadrature amplitude modulation
(OQAM). The invention may also be applied to non-circular complex
symbols, such as rectangular QAM constellations that do not have circular
symmetry, for example, such as 8-QAM.

More generally, the invention applies with advantage to modulation

that has the property of non-circularity. The invention may equally be applied
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to modulation that does not have this property but in this case the

improvement in equalization performance will be negligible.

The modulated symbols are then sent to a framing block 14 that
organizes the data by blocks in a frame and can also insert pilot sequences
that the receiver uses to estimate the channel, for example. The pilot
sequences are generated by a module 15. Moreover, the block 14
implements a method of partial periodization of the data blocks that enables
the receiver to implement an equalizer in the frequency domain. For
example, the block 14 may implement orthogonal frequency division
multiplexing (OFDM) modulation with a total of N sub-carriers including M
sub-carriers used with a cyclic prefix (CP) and possibly a cyclic suffix (CS).
The block 14 may implement single carrier-frequency division multiple access
(SC-FDMA) modulation, with M sub-carriers used for precoding with a
discrete Fourier transform (DFT). The CP and possibly the CS are also used
here. In this context, if N =M, the transmitter implements a single-carrier
(SC) signal.

The transmitter also includes an analogue RF system 16 for shaping
the signal for transmission by radio. This system 16 introduces imbalances
between the phase channel | and the quadrature channel Q yielding a non-
circular signal at the output of the block 16. If the I, Q imbalances are known
at the receiving end, then the invention can also be applied to this type of
signal even if the modulation used does not have the property of non-

circularity.

The equalization method conforming to the various embodiments of
the invention is described in detail hereinafter. The appended figures show
the functional structure of a receiver device configured to implement the
equalization method in accordance with the invention. These figures show
interchangeably the modules that a receiver device in accordance with the

invention includes and the steps of the method in accordance with the
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invention, it being understood that each module is configured to execute a

corresponding step of the method in accordance with the invention.

Figure 3 shows the overall functional structure of a widely linear

receiver in accordance with the invention.

Such a receiver 300 implements an iterative interference cancellation
(IC) algorithm the end purpose of which is to eliminate as much as possible
intersymbol interference (ISI) and multi-user interference (MUI). When the
transmitting antennas are located in the same equipment, multi-user
interference MUI is instead called inter-antenna interference. Moreover, in
the iterations the algorithm implements widely linear filtering that makes it
possible to discriminate signals received from two transmitters even with only
one antenna.

In the system considered here, intersymbol interference is generated
when the symbols of the signal of the user of interest pass through a multi-
path (frequency-selective) channel. MUI interference is generated by the
signals of other users that are transmitted using the same time-frequency
resources and that are superposed on the signal of the user of interest in a
non-orthogonal manner. This is because, although the user signals are
transmitted by different antennas, as a general rule there is no perfect spatial

separation, except in very special cases.

Figure 3 is a functional block diagram of the receiver 300 when the
signals transmitted are produced using a so-called SC-FDMA technique with
insertion of the CP. It is assumed here that the signals from the transmitters
are synchronized at the receiver with an accuracy less than the duration of
the CP and that a synchronization algorithm has supplied the time of
synchronization at the receiver.

The signals are received by the various antennas Aj,...Anr of the

receiver and are formatted into blocks of data. On each receiving antenna,
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data blocks are exiracted after which a step S4,...Snr Of eliminating the CP is
executed. The data blocks coming from the antennas of the receiver then
undergo a fast Fourier transform step FFT4,... FFTnr Of size N in order to
convert the signals from the time domain to the frequency domain. The
blocks of samples at the exit from the FFTs then enter blocks D4,...Dyr that
operate a selection of the inputs corresponding to the sub-carriers actually
occupied by the wanted signal. The users use the same M sub-carriers, in
other words there are recovered at this stage only the wanted signals
allocated to the M sub-carriers used and the sub-carriers that are not used
are eliminated. Following the sub-carrier de-allocation blocks or steps, the
data is grouped into vectors r,, n =1, ..., Ng of size M.

in parallel with this, the pilot sequences are extracted from the signals
coming from the receiving antennas and fed into the block 110 that estimates
the response of the channels and the variance of the noise. This step 110 is
used to obtain an estimate of the frequency response of the channels
between each transmitter and each receiving antenna on the M sub-carriers
of interest (those used by the users to send information). These frequency
responses are organized for simplicity of exposition in a block diagonal matrix

H=[H,]._y, of size (Nx M) x (K M), in which each matrix H; is a diagonal
K

k=l...
matrix and contains on its diagonal the estimate of the frequency response of
the channel between user k and receiving antenna /. The step executed by
the block 110 also supplies an estimate of the variance of the thermal noise
at each receiving antenna or the mean of all these variances. The second
hypothesis is used hereinafter.

The estimate H of the MIMO channel and of the variance of the noise
is then fed to the block 101 that executes a step of calculation of the
equalizer and the parameters linked to the soft demapping. This block also
receives as input the quantities E,.[s,], k = 1,... K, which are vectors
containing the soft estimates of the symbols sent by the transmitters, and the

quantities 77, k = 1, ..., K, which are measurements of the variance of the
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symbols sent by the transmitters, averaged over the block length M for each
transmitter. E,,[] designates the conditioned mean over all the a priori
information coming from the decoders and calculated during the preceding

iteration. The quantities E,.[s,] and 7? are supplied to the block 101 by soft

mapping modules 1024,...102 described later.

The receiver 300 executes iterative processing.

On the first iteration, when there is no soft information coming from the
decoder, the quantity 57 = E,, where E; is the mean energy of the symbols of
the original constellations of users, assumed constant for all users, and
Eunpls,]=0,forallk=1,... K.

The block 101 supplies as output on each iteration the coefficients g,

and G, of the equalizer, the parameters n, for k = 1, ..., K, which provide a

measurement of the mean amplitude of the wanted signals after equalization

and the quantities 62 ,, kK = 1, ..., K, which are estimates of the noise after

equalization for each user.
The vectors r,, n = 1, ..., Ng of size M are fed to the module 100 that

carries out the step of turbo-equalization in accordance with the invention

and that takes as input the coefficients G and G, of the equalizer, the

parameters ny, for k = 1, ..., K, and the vectors with the soft estimates of the
transmitted symbols E,.[s,], k = 1,... K. The block 100 executes the ISI and

MUl interference cancellation (IC). It supplies as output K equalized symbol
vectors z,, k=1, ..., K of size M.

Note that for the general case of complex constellations (not shown in
Figure 3) there will be two sets of parameters n,x and nqx for k = 1, ..., K,
that correspond to the estimated amplitudes of the wanted signal and its
conjugate.

Each vector z, corresponding to a transmitter is then sent to a soft

demapping module 1034,...103 that produces soft metrics for each bit that



10

15

20

25

30

15

are linked to the probability that the bitis 0 or 1. This soft demapping module
takes different forms according to the statistic of the signal after equalization:
if the starting constellation is real there may be used a demapper for
symmefrical complex Gaussian statistics, otherwise a demapper for
Gaussian statistics with non-null pseudo-covariance is more suitable.

The soft metrics are then de-interleaved by a de-interleaver
1044,...104¢ that is the inverse of the interleaver 12¢ used by a transmitter.
Then, when all the bits of a packet of data have been recovered, the soft
metrics are fed to a decoder 105,,...105¢ that produces estimates of the bits
sent and extrinsic information EXT that is a measure of the probability that
the bits are 0 and 1 but after decoding of the error-correcting code eliminating
the influence of the equalizer.

The extrinsic information EXT is then fed to the interleaver 112, of
user k to be interleaved. The interleaved extrinsic information EXT enters a
soft mapping module 102 that calculates for each block the soft estimates of
the transmitted symbols E,,[s, ] and the estimate of the mean variance 7? of
the transmitted symbols.

The output from the blocks 112 are fed to the blocks 100 and 101 to
start a new iteration. The equalization step 100 and the decoding steps

1054,...105¢ are iterated a predetermined number of times.

The equalization method in accordance with a first embodiment of the
invention executed by the turbo-equalization module 100 of the receiver 300
is described in more detail next.

Figure 4 shows this first embodiment of the turbo-equalization module

100.

In accordance with the invention, the turbo-equalization module 100
implements the method of widely linear turbo-equalization in the frequency

domain on the signals coming from the Nr antennas of the receiver.
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From the functional point of view, the objective of the turbo-
equalization block 100 is to cancel MUI interference and ISI interference and
to equalize the signals in the space-frequency domain.

A first implementation of the block 100 consists in applying an
equalizer 1001 4...100x m to each signal symbol received on each of the M
wanted sub-carriers from K transmitters simultaneously transmitting a signal

to the receiver as represented in Figure 4.
Each equalizer 100, comprises two main functions, a first function

203 m of interference cancellation and a second function 204, of widely
linear filtering of the frequency-domain signal. This subdivision is represented
in Figure 5.

To explain the structure of the turbo-equalizer in accordance with the
invention in more detail, it is necessary to introduce definitions enabling
processing of the soft information output by the decoders.

E,»l] is the conditioned mean over all the a priori information and

E.,[] is the conditioned mean over all the a priori information except for the

information relating to the m™ symbol of the k™ user. This corresponds to the
fundamental idea of turboprocessing whereby, in processing a given symbol,
soft information coming from the preceding iteration concerning the same

symbol must not be used.

Consequently, E,,ls,.]=0 and Ek,m[\sk,m\z]:Es. It follows that

Em [s]z Eup [s]““ E e [Sk,m ]em+(k—1)M =E4p [E]

where the vector §=s-s, e,y IS equal to the vector s with the
(m+(k-1)M)" entry set to zero, and where the vector €.y 1S @ column

vector of size KM x 1 consisting of zeroes with the exception of the coefficient
of index (m + (k-1)M) that is equal to 1.

Assuming that the aim is to equalize the m™ symbol of the kK user,
there is first subtracted an estimate of the total interference reconstructed
from the soft information for all the symbols except the m™ symbol of the k"
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user (which is expressed formally by the operator E,,[s]) and thus there is

formed the signal ry .

Yeom =r“H(Il< ®Fy )Ek,m [S]=Y"BE>k,m [5] (1)

The interference cancellation block 203k, produces as output the
vector ry, from the input signal vector r, the estimated matrix H of the
channel and the estimates of the symbols Eap[s] supplied by the soft

mapping modules 102.

Figure 6 represents in more detail the functions executed by the
interference cancellation block 203 . This block executes no more nor no
less than the processing represented by equation (1). In other words, the
estimate Epp[s] is multiplied by the vector e,.,, and the result of the

multiplication is subtracted from the estimate Eap[s] 0 produce the vector
Exm[s] after which an inverse Fourier transform DFT4,...DFTk is applied to
each portion of the vector Eix., [s] corresponding to a user. Finally, an
interfering signal generation step GS| executes the multiplication of the
outputs of the DFT by the channel estimate matrix H. The interfering signal

obtained is finally subtracted from the received signal r.

The signal represented by the vector ry, corresponds to the received
signal from which has been removed the interference generated by all the
symbols except the m™ symbol of the k" user. It is then filtered via a step
204y m of widely linear filtering.

This filtering step is shown in Figure 7.

The vector r¢, and its conjugate r*,, are filtered separately by a
widely linear multi-antenna filter 403x » employing two equalizer filters gixm
and gaokm. Let

o = {} 2)

rk,m
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denote the global vector containing the concatenation of the received

" signal after elimination of the estimate of interference with its conjugate:

The output of the filter step 403y is given by the following expression
Zgm = gg/L,k,mf'k,m = g;{k,mrk,m + gg,k,mrlj,m (3)
gwLim 1S @ vector of size 2NgrM that represents the widely linear filter

and that may also be described in an equivalent manner by the two filters
g . and gy, , each of size NrRM. The widely linear filter gy, therefore

processes conjointly the signal and its conjugate. Note also that this filter
contains an inverse Fourier fransform operation. The equalized symbols
obtained at the output of this filter are therefore delivered in the time domain.

There are two equivalent ways to express the signal ry, after
interference cancellation that yield two practical interpretations. The first
formulation is

Fem =Hllx ®Fy )(g_EAP l§]>+H(lK ®Fy )em+(k—1)Msk,m tw

=BE-E,- [§])+ Sm U +W

(4)

Because  E,,[sl=Epls]-Epplsimlempnn =Es[S] as described
above, H(l; ®F,, )E,,[s] is the reconstructed (ISI and MUI) interference that is
subtracted from the signal and H(lx ®F,, ) .Sk is the wanted signal (the

wanted symbol) highlighted in the expression.

This expression gives the structure of the block 100 represented in
Figure 8. In particular, for each symbol to be decoded of each user, based on
the soft information coming from the decoders, the turbo-equalizer in
accordance with the invention reconstructs the interfering signal that is given
by the sum of the signals of the other users (MUI interference) and the |ISI
interference reconstructed from the symbols of the user of interest minus the
symbol that it is required to decode. This reconstructed global interfering
signal is then subtracted from the total signal. The signal cleansed of

interference then passes through a frequency domain equalizer that further
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improves the separation between users and equalizes the residual ISI

interference.

The use of widely linear filtering, that is to say filtering that processes
5 the signal and its conjugate separately via two equalizer filters enables a
significant improvement in equalization performance over the usual kind of

equalizer filter.

Figures 4 to 7 illustrate the general principle of the equalizer in

10 accordance with a first embodiment of the invention in which an equalizer
filter is applied to each symbol coming from each user.

The Figure 4 theoretical diagram has the drawback of a high level of

implementation complexity, however.

15 Described next is the equalization method in accordance with a
second embodiment of the invention in which the processing, although
functionally equivalent to that described above for the first implementation,

has reduced implementation complexity.

20 Equation (4) may be rewritten with the following equivalent

formulation:

Tym=r~— H(IK ®Fy, )EAP [s]+ H(’K ®F, )em+(k—1)MEAP [Sk,m J
=r-BE,» [S}“‘ b’k,mEAP [Sk,m]

by m =Hllx ®Fy, )em+(k—1)M

25 Equation (5) shows that the signal r¢,» can be obtained from an

where

estimate of the wanted symbol transmitted via the propagation channel

Hll, ®Fy)emumEarlSim] and corrected by the corrective term

q=r-H(l; ®F,)E,[s] in which the quantity H(I, ®F, )E,,[s| is an estimate of
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the global signal reconstructed from soft information coming from the
decoders in the preceding iteration.

After filtering, the output of the equalizer filter may be expressed as
the sum of the estimate of the wanted signal weighted by the coefficient

g/..bw» and its conjugate weighted by the coefficient ¢4, b, and the

corrective signal filtered by the equalizer:

o =gl G gl { (r=BE,pls) ] o by Eap|Sim
kom T WL, o sWLE, ® WLk, * *
" ok ko " (r_BEAP[S]) " I)“k,m}j:AP Sk,m (6)

= giliL,k,mi:‘; :i + g;{k,lnlrk,mEAP [Sk,m ]+ gg,k,mlrlj,m (EAP [Sk,m ]r

This interpretation leads to the embodiment of the turbo-equalizer
proposed in Figure 8 that comprises three steps 200, 201, 202.

In accordance with this second embodiment, instead of subtracting the
MUI interference and the ISI interference from each wanted symbol of each
user, the block 200 aims to subtract an estimate of the global signal
(interference plus wanted signal) to obtain a corrective signal. This corrective
signal is then filtered by the widely linear filter block 201 to increase the
separation between users and to reduce further the IS! interference. The
filtered corrective signal is then combined in block 202 with the estimate of
the wanted signal obtained from the soft information at the output of the
decoders in the preceding iteration, to improve the estimate of the final
wanted signal progressively (iteration by iteration).

The Figure 8 diagram is functionally equivalent to the method shown
in Figure 4 but enables a reduction of complexity thanks to the fact that the
reconstruction of the received signal in the block 200 may be carried out
block by block using a fast Fourier transform. This is possible when the aim is
to reconstruct the received signal in its entirety, in other words the wanted
signal and the interfering signal, but is no longer possible if the aim is to
reconstruct only the interfering signal, as is the case in the first embodiment

shown in Figures 4 to 7.
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In accordance with the second embodiment, the equalizer 100 in
accordance with the invention comprises a first block 200 for generating Ng
corrective signals q+.. qnr, @ second block 201 for widely linear filtering of the
corrective signals in order to produce a set of K filtered corrective signals y
yx, and a third block 202 for combining the filtered corrective signals with an
estimate of the wanted signal in order to produce a set of K equalized signals
21, 2k

The first block 200 subtracts from the received signal the signal
reconstructed from information at the output of the soft mapping module. This
first block 200 is shown in Figure 9.

It converts into the frequency domain each vector of size M containing

the soft estimates of the transmitted symbols E,.[s,], kK = 1,... K, via a

discrete Fourier transform DFT4,...DFTk, of size M. A module 300 then
executes the subsequent operations. The vectors at the output of the discrete
Fourier transforms are concatenated together, after which the concatenated
vector is multiplied by the channel estimate matrix H and the output vector of
size NrM is segmented into Ng vectors of size M.

The signals at the output of the modules 300 represent an estimate of
the received signals based on symbols reconstructed using the outputs of the
decoders. They therefore include the MUl interference and the [SI
interference, in other words all the sources of interference, as well as the
wanted signal that is to be decoded. The operations 3014,...301nr effect a
subtraction input by input between the received signals rs. ryr and the

estimated signals at the output of the module 300.

In the first iteration of the equalization process, the soft information
coming from the decoder is initialized to zero, and the block 200 therefore
does not modify the incoming signal: q, = r,. In the final iteration, assuming
that the iterative receiver has converged toward correct estimates of the
transmitted symbols, the reconstructed signal at the output of the module 300
corresponds to the signals transmitted via the filters of the propagation
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channels. The vectors q, therefore represent only noise. During the
intermediate iterations, when the reconstructed total signals at the output of
the module 300 are only a more or less good approximation of the signals
actually received without noise, the block 200 produces corrective signals q,
that, once filtered by the filter block 201 and summed with the soft estimates
of the wanted signals by the block 202, make it possible for the signals z to
approach progressively the wanted signals actually transmitted (within the

limit of the noise present, of course).

The second widely linear filter block 201 is shown in Figure 10.

The Ng corrective signals produced as output by the first block 200
and represented by vectors of size M are concatenated in the block 401 into
a single vector g that may be written in the form: q =r-H(, ®F,)E,,[s| and
that is of size NgkM. F, is the Fourier transform matrix defined in the preamble
to this description.

The vector q is then conjugated in the block 403 entry by entry to
obtain the vector q*. The vectors q and q* are fed to the multi-antenna filter
block 402 that effects the following operation:

Y =Glq+Glq" =[G Gé*]{”i}am GW,.{G’], 6{‘1}
q Gq q

The filtering carried out is widely linear filtering, that is to say that the
vector g and its conjugate g~ are filtered separately.

The vector Y, of size MK, is then segmented into K vectors Yy of size
M. The matrix operation may be effected efficaciously because the matrices
each have only NrRMK non-zero entries. The number K of users is assumed
known or a hypothesis is taken as to this number.

Finally, the filtered vectors are converted into the time domain by K

inverse Fourier transform modules IDFT;,...IDFTk.

The Figure 10 structure is a generic structure that may be applied to

any type of constellation (real, quasi-rectilinear, complex).
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Figure 11 shows an embodiment of the widely linear filter module 201
when the signal transmitted is modulated with a real constellation. In this
case only, the Figure 10 structure can be optimized to execute the same

function but with a limited number of operations.

In fact, for real constellations it is possible to show that the filter G,
that is intended to filter the corrective signal q and the filter G, that is
intended to filter the corrective filter q* are linked by the following equation:

Gy =Gy ®J)

The matrix J is defined as follows:

0 .
J=FyFy =|. 0
01 0 0

Note that the following identities are true: J=3"=J7=J*=J'. This
matrix J represents the inversion of the frequency axis of a discrete and
periodic signal. It may be assessed by applying a vector as input and looking
at the output. The multiplication by this matrix may be implemented by

permutations.

Denoting q the vector obtained by concatenation of all the vectors q,,
n=1, ..., Nr, and y the vector obtained by concatenation of the vectors yi, k
=1, ..., K, using the preceding property the equalized symbols vector may be

written as follows

Y =G+, ®9)G" 1, @), @I’

The above expression may be interpreted as filtering followed by an
operation of extraction of the real part. Indeed, the filter represented by the
block diagonal matrix G, in the frequency domain has an impulse response
in the time domain that can be expressed by a block circulant matrix

G, =y ®FG 1, ®F,). The frequency response of the conjugate filter G, is
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(I ®J)(G,”)*(1M ®J). Moreover, if ¢, =1, ®F)q is the real signal in the time
domain, then in the frequency domain the following identity is true

(I, ®F,))q =1, ®J)q". This completes the proof.

In accordance with the second embodiment applicable to real
constellations and shown in Figure 11, the filter module 201 therefore
comprises a first module 401 for concatenating the input vectors to obtain the
single vector ¢, a module 410 for filtering the corrective signal q from the
equalizer filter G, , @a module 411 for segmenting the filtered corrective signal
into K vectors yix, k = 1, ..., K which are then each converted into the time
domain via an inverse Fourier transform IDFTy. Finally, a final module 411
extracts the real part of each entry of each vector and multiplies by 2 to

supply the equalized corrective signals.

Figure 12 shows the third block 202 for combining the filtered
corrective signals with an estimate of the wanted signal.

The block 202 adds to each output of the filter block 201 an estimate
of the wanted signals weighted by the factors n;x and nqx for k =1, ..., K,
which represent the amplitude of the wanted component of the signal and the
conjugate signal of each user after equalization. The function of the block
202 is therefore to add to the filtered corrective signals at the output of the
filter block 201 the estimates of the wanted signals obtained from the soft
information from the decoders, calculated in the preceding iteration and
weighted by the estimates of the amplitudes n;x and ngx.

In the first iteration, the soft information coming from the decoders is
null. Like the block 200, the block 202 therefore has no effect in the first
iteration of the method and the output of the filter block 201 constitutes the
estimate of the wanted signals that is used.

In the final iteration, assuming that the iterative receiver has

converged toward correct estimates of the transmitted symbols, the block
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202 adds a noise term coming from the filter 201. In the intermediate
iterations the function of the block 202 is to improve the estimate of the

wanted signal using the corrective signal at the output of the filter 201.

When the transmitted signal is modulated with a real constellation, the
block 202 for combination with the estimates of the wanted signals takes a
simplified form as shown in Figure 13.

Because the reconstructed signal is real, the amplitudes n;x and ng«
may be summarized in a single factor n, for k=1, ..., K, which represents the
amplitude of the wanted component of the signal of each user after
equalization. A single coefficient is therefore sufficient. The logical and
functional description of the block 202 is therefore the same as for the

general case of complex constellations.

The steps necessary for calculating the equalizer filter or filters used
by the multi-antenna filtering step 402, 410 of the widely linear filter block 201
of the equalizer in accordance with the invention are described in detail next.

Described first is the calculation of the equalizer filters in the general
case of a signal modulated with a complex constellation. There are then
distinguished successively real constellations of the M-PAM or BPSK type,
on the one hand, and rotated real constellations of the M-PAM or BPSK type
known as 1/2-M-PAM or 1/2-BPSK constellations.

Figure 14 shows the module 101 for calculating the coefficients of the
equalizer in accordance with a first embodiment applicable to complex

constellations.

This module 101 includes a first block 501 for calculating the equalizer
in the frequency domain and calculating an estimate of the amplitude of the
wanted symbols.

The module 101 also includes a second block 502 for calculating the

noise variance after equalization. To be more precise, the block 502
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determines the covariances and pseudo-covariances of the signal after
equalization. Its implementation is therefore not commented on further here

as it concerns calculation principles known to a person skilled in the art.

The first block 501 calculates an equalizer in accordance with the
minimum mean square error (MMSE) criterion. In contrast to a zero-forcing
equalizer, the aim of which is to cancel interference perfectly, the aim of this
MMSE equalizer is to reduce MUI and ISl interference if possible down to the
level of noise. To achieve this, this equalizer uses the degrees of freedom
that it has at the level of its frequency response to limit ISI interference of
each user. It also uses the spatial degrees of freedom resulting from the
number of receiving antennas to limit the MUI interference and the degrees
of freedom linked to the statistical properties of the non-circular signals to
limit further MU interference.

The technique is described hereinafter as far as highlighting the
location at which a widely linear multi-user approach is used, with multiple
antennas, which is one of the innovative aspects of the present invention.

The global vector f,, contains the concatenation of the received

signal r¢, after elimination of the estimate of the interference with its
conjugate. The MMSE filter that receives as input all the samples of global
received signal after elimination of the interference estimate ¢, and supplies
as output the m™ symbol of the k" user after equalization is written in this

instance according to the general formula of an MMSE equalizer

1 Brkm |
gw{gg}cc (7)
where c, is the covariance matrix of f, and c; . is the cross-

covariance vector of #,,, and of the m™ symbol sx , of the K user.

Note that

~ A

c., C
Cf'k‘m = E[(fk,m - EAP [fk,m ]ka,m - EAP [f‘k,m ])H ] = E[rk,mrlfm ] = [auk'm ljk’m} (8)

Bm Ye,m
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and

C s = Srkv"’sk’m (9)
Yo mSi,m C:k mSk,m

The above expressions show that the covariance and the cross-

covariance calculated on the global signal i, haturally produce the

covariance and the pseudo-covariance of the received signal ry, after

5 interference cancellation as well as the cross-covariance and cross-pseudo-
covariance of the signal ry , with the symbol sy , that the aim is to equalize.

Starting from expression (5) for ri, it is possible to show that the

covariance matrix of ry , has the following form

Cr,w,, = Ek,mlrk,mrk[inJ
= (B, -0 oy b, + Blaiag 7. 52, )@ 1,0 B + 61y, (10)
= (Es "77k2 )lrk,rnbk{lfn X

and that the pseudo-covariance matrix of ry , has the following form

— T
Cr,(’," - Ek,m lrk,m rk,m }

= (B, -5 by, b1, + Blaiag@2... 52, J@1,, B” (11)
= (Es “;D’kz k,mb‘ky,‘m + z:I,Z
10 in which the estimates of covariance and pseudo-covariance based on

the soft information supplied by the decoders are calculated as follows:

2 1 L 2

U =— D) U, k=L..K
Mm=1 "

=9 1 M~2

(2 :—EZ Cms k:-l, ,K

where o}, = EAPﬂSk,m —E,p [Sk,m HZ} v D= Egp [(Sk,m = Esp [Sk,m])z] and

Ey=Epp U*‘hﬂ forall kand mand E, =E,, [sk’mz] for all indices k and m. Note

15 that Es and o7, are real numbers and that E, and 37, are generally complex
k,m s km y

numbers. For real constellations E =£,, 2,=vf,. C, and C are

matrices of size NgM x NgrM. The presence of multiple users is indicated by

the matrix (diag(t?....52.,)®1,,) that is of size KM x KM and its counterpart for
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the pseudo-covariance matrix, and by the matrix B =H(I; ®F,,) which is of
size NgkM x KM. Note also that the terms 7 and 32 define the influence of
the soft information coming from the decoders on the expression of the
equalizer. These values notably yield the estimate of the variances and the

pseudo-variances of the transmitted symbols. In the first iteration, v = E, and
v2 =E, and there is obtained the non-iterative widely linear MMSE space-
frequency filter (that is to say in the absence of information coming from the

decoder).
The cross-covariance and cross-pseudo-covariance matrices between

r.m and the symbols s, are equal to

N
C s Ek,m Irk,m Sk,mj_ Es'bk,m

Yin

- - (12)
Crk,,,,s = Ek,m [rk,m Sk,m J= Esbk,m

They are vectors of size NgM.
It should be noted here that the cross-pseudo-covariance matrix is

calculated as a function of the pseudo-covariance E, of the transmitted
symbols, which is non-null for modulation having a constellation verifying the
property of so-called non-circularity as explained at the beginning of the

present description.
Using equations (10), (11), (12), the equalizer filter may be written

e o 0 TlE-92) (Es—ﬁk2ﬂ b2 0 1| b 0 {E}
BWLkim = o b, (E -5 (e.-m2) 0 b 0 by, | B (13)

The preceding expression is valid for any complex or real
constellation. The terms (ES—E,E) and (Es-i‘,f) measure the progress of the

convergence. In the first iteration they are null, in the final iteration

L =61,y and the matrix in the middle has the value [gé Eé}. Note that the

g &

equalizer filter is a vector of size 2NgM and may also be written in the form
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Sk = {g”"'"}. d.xm and gqkm are vectors of size NgM that respectively filter
,’ gQ,k,m

the signals and their conjugates and constitute one of the outputs of the block

501 for any k and any m.

The matrix £ is defined by

El,l Z:1,2

L=E, [(r_EAP[r])(r_EAP[r])H}: Ek,m{“'H]: {g: C:} = {21*2 ZT}J (14)

The matrix I, represents the covariance matrix of the received signal
r formed by the concatenation of the vectors r, at the input of the block 100.
The vector r is written in the following form:

r=H{I, ®F, s+w

in which s is formed by the concatenation of the blocks of data sy of
the K users and w is a complex Gaussian white noise vector of null mean
and the variance of which is estimated as 4. The covariance matrix may
therefore be written as follows

21y = Epellt - Euo b - Enole]) )

where Exp[] is the mathematical expectation caiculated using the a
priori information coming from the decoders and caiculated during the

preceding iteration.
In the first iteration this a priori information is set at zero and the

covariance matrix takes the following form
Z,,=EHH" +51,,

in which Eg = E[[sk(m)lz] forallk=1,...,.Kandm=1, ..., M.

The covariance is a measure of the correlation between the variation
of the signal relative to its mean and the same variation conjugated. It is
assumed here that the symbols transmitted by the K users are independent
between users and the symbols of each user are independent. This is
expressed by the fact that E[s, sl = E; ly, for each user, and E[ss™] = E,
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luk, for the global signal. After passing through the channel, the terms H in
the correlation illustrate the fact that the multi-antenna channel (between the
users and the antennas of the receiver) introduces a correlation, a link
between the received signals. This expresses the fact that the channels
between the users and the receiver are not independent "tubes", and that
there is interference between antennas. In fact the matrix X, is a block
diagonal matrix, but has non-null terms off the main diagonal.

in successive iterations the covariance matrix of the received signal
takes the following form

L, = B(dfag(@z,..,z?]%_l )® I, }B” +S8y (15)

= H(diag(®’,....0¢ ..., U) @y )BT + 61y 4
This expression is valid for any constellation.
The multi-user aspect is more clearly defined on calculating the Ng x

Ng blocks of size M x M of the matrix Z;:

K-1
lblock (p.q)dex,, ], , = [Z@fnpykag’yk} +8,,61, (16)
o k=0 p.g=1,...Ng
in which 6,= 1 if p = 0 and §,= 0 otherwise. The blocks can be

calculated quickly because the matrices H, x are diagonal matrices. Moreover
%, is Hermitian (xz,, = 7).
The matrix X, represents the pseudo-covariance matrix of the

received signal r

L,= EAP[(" - EAP{I’]X“ - EAP[r])T]

The pseudo-covariance is a measure of the correlation between the
signal (without its mean, thus the variation of the signal) with the same
variation. Because a complex signal is formed of a real part and an imaginary
part, therefore of two random variables, two equations are needed to define
the statistical behaviour of a complex signal. Complex signals the distribution
whereof shows central symmetry about the origin (known as circularity) have

a null pseudo-covariance.
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By introducing the received signal model into the definition of the
pseudo-covariance matrix it is possible to write (assuming complex Gaussian
noise with circular symmetry, which yields a null pseudo-covariance for this
noise)

L, =H(Ix ®Fy )EAP[(S — Eypls))s - EAP[S])TKIK ® FAZ)HT + EAP[WWT]Z

=H(Ik ®FM)Es(IK®FA§)HT

The dependency of the pseudo-covariance C, of the transmitted
signal has been explained to highlight the impact of the form and the statistic
of the transmitted symbols. This pseudo-covariance changes according to
the constellation and therefore gives different implementations and also
different simplification possibilities in calculating the equalizer as a function of
the form of the covariance.

Because all the symbols have the same pseudo-covariance (the
fundamental but limiting hypothesis that has been adopted) in the first
iteration, the pseudo-covariance matrix of the received signal then becomes

%5 = EHlx ®F ik ®FL HT + E plww’ )=

= EHl © FyF] HT = EHik @ IHT (17)

which in fact represents the pseudo-covariance of the symbols in the

frequency domain normalized by the value E..

There has been defined

10 - 0
0 . .1

J:F"ﬂ:s 20 (18)
0100

It should be noted here that the pseudo-covariance matrix of the
received signal depends on the pseudo-covariance E, of the transmitted
symbols which is non-null for modulation having a constellation verifying the
property of so-called non-circularity as explained at the beginning of the

present description.
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In successive iterations the pseudo-covariance matrix of the received
signal may be written

5., = Bldiagle?.... 52, )@1, )BT = Hldiagli?.... 2., )@ 3’ (19)

The multi-user aspect is more clearly defined on calculating the Ni x

Nr blocks of size M x M of the matrix L, which are written:

K=1
[block (p, q) Of 2112 ]pyqzlw”NR = [Z —D.k2HP:kJHkaJ (20)
k=0

p.q=1,...Ng
and can be calculated quickly because the matrices H, are diagonal

matrices. Moreover X, is a complex symmetrical matrix (={, =%,,).

The covariance and pseudo-covariance matrices make it possible to
characterize completely the second order statistic of a complex signal. For
circular signals (e.g. considering a symmetrical QAM constellation), the
pseudo-covariance is null. The covariance and pseudo-covariance matrices

calculated here make it possible to take the multi-user aspect into account.

The estimates of the amplitudes of the wanted signal and its conjugate
can be calculated as follows:

Mk =81 emOim Mos =86 kmDim

Note that the index of the symbol m is omitted because it can be
shown that this quantity is independent of the symbol index and depends
only on the index of the user. Any index m may therefore be chosen for the
calculation. Efficacious ways of calculating these quantities exist, but they are
not described in detail here for complex constellations. They are described

for real constellations.

Figure 15 represents the functional diagram of the calculation of the
equalizer in the case of signals modulated by real constellations of M-PAM or
BPSK type. The constraint imposing real constellations makes it possible to

simplify the implementation of the block 101.
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In the case of real constellations, the expression (13) for the equalizer

is simplified by the following expression

-1
WL km = Es f:'+ (Es _1—)-](2 {b—kgm}{lrkﬁv b'k'{m] {:b’k*,m:!
N b—k,m b'k!m (21)
- Es{’i + (Es ~DP )1:;,(’,,31::,({{”}_1 b
The preceding expression may be simplified as follows

E P S SR
gWL,k,m = 1+S/1 z ! ks ﬂk = (Es _vkz )b‘-kl,.imZ 1b‘k,m (22)
k

The filter for symbol m of user k depends on the soft information via
the matrix £, because this matrix contains the estimates of the covariances
of the transmitted symbols, and via the factor 1+A,, which is a factor of
normalization of the energy of the filter that also depends on the soft
information coming from the decoders. These factors A¢ are independent of
the index m of the symbol and depend only on the user. This makes it
possible to assemble one filter per user by combining the filters of all the
symbols of the user concerned

E, an
G =3 ®F
WL,k T+ A, [H*(IK ®J)}(ex M)

This filter, which has a size of 2NgM x M, may be conveniently

calculated using the property that the matrices have a block diagonal

structure or the specific structure of the matrix J. Note that the matrix
(ex ®F,,) represents the inverse transform (when the filter is applied) from the
time domain to that of the frequency domain and the other terms represent
the frequency domain filter as such.

By concatenating together all the filters of the users there is obtained
the matrix of size 2NgM x KM of the global filter which may therefore be
written

Gy =Gy (I ®Fyy)

in which the term (1, ®F,,) indicates the set of inverse DFT at the filter

output. G, is the matrix of size 2NgM x KM of the frequency domain filter
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D=diag( ! JEER ! ] (23)
1+ 4 1+ Ay

is the diagonal matrix of size K x K that collects the real normalization
factors of the various users. In the first iteration, when there is no soft
information from the decoder, 5?7 = E, and A« = 0 and therefore the matrix D is
the identity of size K x K, which indicates that there is no influence of the a
priori information on the calculation of the equalizer in the first iteration.

It is possible to calculate this filter efficaciously by noting that

. (g, =

S

The covariance matrix of the received signal, in the case of real
constellations, is then written in the first iteration

L, =EHH" +61, (24)

and in successive iterations

Iy, = H(diag(®’,...07,...00) @ L) H" + 81,

In the first iteration the a priori information is not defined and the
pseudo-covariance matrix takes the following form

., =EH(l ® HH

in which E, = E{(s k(m)ﬂ is the pseudo-covariance of the symbol sx(m)

and it is assumed here that it is equal forall k=1, ..., Kand m=1, ..., M.
Note that for real constellations (this derivation applies in this case) such as

BPSK and PAM, the following equation is true: E, =E,. The matrix J is

defined as follows:

0
J=F,Fl =|
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In successive iterations, when the soft information coming from the
decoders is non-null, the pseudo-covariance takes the form

L, = H(diag(®?,.... 07, ... 0p) @ HHT

Note that here the terms 7? are equal to those present in the

5 covariance matrix simply because for real constellations (s k(m)>2 =is k(m)lz; this

is not true in general.
Note that X;; is a block diagonal matrix and that Z, is a block matrix
in which each block has the structure of the matrix J. This is referred to

hereinafter as a matrix having a J block structure.

10 From the covariance matrix £ of the received signal concatenated

with its conjugate f, the function calculates the blocks of the following
inverse matrix, which is necessary for calculating the final equalizer derived

in accordance with the minimum mean square error (MMSE) criterion:

1|8 8
S5 S

15 which may be calculated either on the global matrix or using the
identity
[A B‘[“z (A-BD7'Cy™! —(A-BD'C)'BD™!
C D! |--ca'B)y'ca™ (D-CA™'B)”

In this instance the blocks are writien as foliows

s, :(21’1—21’2%?42;’2)_1 25)
S, =-S,I,,X],

Note that, given the structure of the matrices in question, the

20 inversions amount to calculating M times matrix inversions of size Ng x Ng.

Note further that £~ is Hermitian. Then s =s, is also Hermitian and s =s,

is symmetrical and complex. These matrices are used to form the final

equalization matrices.
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Gl [s S, H SSHD®1,/)+S,H'(D®]
= o= . :E
G E{%} {SZ ST:{[H*(IKQ@J):!(D@IM ) {SZH(D@IMHSTH*(D@; (26)

Note that here also the matrices of the equalizer can be calculated
quickly because they are products of block diagonal matrices or J block

structure matrices. The coefficients of the equalizer G, can be calculated
from those of G, by simple conjugation and permutation. In fact, in the case
of real constellations, G,=6;a, ®J3. Only the matrix G, is therefore

necessary. The term Es is a design factor of the modulation constellation
employed. It may be taken as equal to 1.

Moreover, the following matrices are defined that can be calculated
taking into account the diagonal or J block structure:

A =HISH, A,=H'S}H. (27)

Then the coefficients A, k = 1, ..., K, that measure the influence on

the equalizer of the soft information coming from the decoders are written:

Z.Z(_EEA#_)Re[tr([Al]k,k )+ tr(J[Az]k,k )] (28)

Ay

Note that the preceding coefficients are independent of m and can be
calculated once only for all the symbols in an efficacious manner, simply by
using the diagonal coefficients of the block diagonal matrices As and
(1, @A, that are of size KM x KM.

The coefficients nx for k = 1, ..., K, give a measure of the mean
amplitude of the wanted signals after equalization

4 E 2B .
T Gooh) M) Rl e obiaa) )

The above expression shows that ny is independent of the index m

inside the data block. In the first iteration, when there is no soft information

- coming from the decoder, 57 =E, and A, = 0, and ny therefore becomes

precisely that of a widely linear MIMO equalizer in a non-iterative receiver.
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The block (502) calculates the estimates 62 ,, k = 1, ..., K of the

variance of the noise after equalization for each user

6§q,k = Esnk (I=-n4)

Another embodiment of the invention is described next, applicable to

signals modulated with a constellation of the T1/2-M-PAM or 11/2-BPSK type.

In accordance with this embodiment, the step 13 of modulation of the
transmitted signal uses real constellations, for example M-PAM or BPSK, but
a phase rotation of 11/2 is applied to all the even symboils of each user.

This type of modulation makes it possible to reduce the ratio between
the peak power and the mean power of the transmitted signal, thereby
reducing the constraints on the power amplifier compared to constellations
that undergo no rotation. indicating the imaginary unit by j, the series of
symbols transmitted by a user will then be: ck(1) = sk(1), ci(2) = jsi(2), ck(3) =
Si(3), ci(4) = jsk(4), etc.

Note also that the framing function 14 divides the modulated data
symbols into blocks of M transmitted symbols. It is assumed hereinafter that
M is even. With M odd the covariance matrix will be filled and the complexity
of the calculation of the equalizer will be greater, and this situation will
therefore not be discussed here. The data blocks may be written as follows:

ck=diag([1/1/... 1]]) sx=diag(e) s«

It is immediately verified that the covariance matrix of such a
constellation is E[cc™] = E[ss"] = E, I

In this case the framing function uses framing with cyclic prefix and

possibly cyclic suffix.

Modifications to the receiver are necessary for this embodiment, and

are described in detail hereinafter.
The global structure of the equalizer 100 shown in Figure 8 remains

the same. Some sub-blocks must be modified, however.
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The interference cancellation block 200 is shown in detail again in
Figure 16. It converts each vector of size M containing the soft estimates of
the transmitted symbols E,.ls,], k = 1,... K into the frequency domain via a
discrete Fourier transform DFT of size M. The soft estimates, which are real
values in this embodiment, at the odd indices of the input block are left
unchanged; those of even index are mulfiplied by the imaginary unit j. This
operation is carried out by the block 17. The rest of the block 200 then
functions as before. It is therefore a question in this case also of generating
an estimate of the signals received from the various users from an estimate
of the channel H and to subtract this estimate from the received signal to
obtain a corrective signal. The Ng vectors of size M at the output of the block
200 modified in this way concatenated together into a single vector can

therefore be written in the form: q = r - H(I; ® (F,diag(p)))E pls] Of size NgM, with

@=1[1j... 1]] vector of size M.

The block 201 executing widely linear filtering is also slightly modified
in the context of rotated real constellations and is shown again in Figure 17.

The input is filtered by a filter G, as in the cases of real (non-rotated)

constellations but with different coefficients. After conversion into the time
domain (IDFT), a new block 412 executing alternating extraction must be
added. This block conjointly rotates the symbols of the constellation and
produces the correct combination enabling exploitation of the fact that the
source constellation is real. Consider a vector a = [a(1) ... a(M)] of even size
M as input to the biock 412; the vector b = [b(1) ... b(M)] of size M at the
output is then written:

b(2m-1)=2Rela@m-1)], m=1, ..., M/2

b(2m) =2 Im[la2m)], m=1, ..., M/2

where Re() and Im() are respectively the extraction of the real and
imaginary part of the argument. In fact, the block 412 alternately extracts the

real and imaginary part of the input vector and multiplies them by 2.
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In fact, for rotated real constellations it is possible to show that the
filter G; (which filters the signal) and the filter G, (which filters the conjugate

signal) are linked by the following equation:
Go=Gr 1y ®Jy2)

in which the matrix Jy» is defined as follows
3y, =Fydiagll -1 - 1 <1)F], = Fy,diag(p F3, . (29)

Like the matrix J in the case of real constellations, Ju» is a
permutation of the identity matrix, an anti-diagonal of values at 1 starts at the
entry (M/2+1, 1) of the matrix. The values 1 are therefore localized in the
entries ([(M/2-m) mod M] +1, m), for m = 1, ..., M. Jup has the same
properties as the matrix J. Multiplication by this matrix may be implemented

by permutations.

Denoting by q the vector obtained by concatenation of all the vectors
dn, 1 =1, ..., Ng, and y the vector obtained by concatenation of the vectors
Vi. k=1, ..., K, using the preceding property the equalized symbols vector

can be written thus

Y =Gla+(y 84,,2)G o =Ga+(y ®y2)G )

By denoting by q;, =1, ®Fi/)G/q) the signal in the time domain after
filtering by the filter g, it is possible to demonstrate that the signal converted
into the time domain and passed through the block 412 can be written

y = (I ® (diag(g’ )Y = (I © diag(g" Dy + 1y © diag(@)a’,

The above is the mathematical description of the operations carried

out by the block 412.

The block 202 to be used is that in the case of real constellations and
is shown in Figure 13. It remains unchanged. Only the numerical values of

the factors nxfor k=1, ..., K change.
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Where the block 101 is concerned that calculates the equalizer and
parameters for soft demapping, the structure remains the same as in Figure
15.

The block 502 that calculates the variances of the noise after
equalization remains unchanged compared to the case of real constellations.

The block 501 requires the following modifications.

The expression (21) and (22) remain the same but the matrix £, the
vectors l?k,m and the coefficients Ax change. Indeed, in the case of rotated

real constellations the quantities of the preceding equations are

B ZH(IK ®Fy )(IK ®diag((ﬁ)k bk,m =H(|K ®F, )(lK ®dfag(¢))em+(k—1)m (30)

The matrix £ is again written in its generic form (14). Its sub-matrices
take the following forms enabling efficacious calculation of the covariance
matrix and its inverse.

It is a simple matter to show that for rotated real consteliations the
covariance matrix of the rotated symbols is the same as that of the non-
rotated real symbois. This impiies that the covariance matrix of the received
signal in the first iteration and in successive iterations are respectively written
X, = EHH" +61y \ and I, = H(diag@’,....0;....05) ® L, )H” + 61, exactly as in
the case of real constellations.

The difference appears for the pseudo-covariance matrix x,, of the
received signal. It is a simple matter to demonstrate that in the first iteration
(the a priori information is not defined) the pseudo-covariance matrix takes
the following form

21,2 = ESH(IK ®JM/2)HT
where Z?S:Eﬂsk(m))z}:Es as in the case of real constellations. The

matrix Juy2 is defined in equation (29) and its application can be implemented
by a simple permutation. The matrix Ju» represents a translation of M/2
samples on the frequency axis of a discrete periodic signal. The matrix Juy is

the operation corresponding to the multiplication of the signal ¢4 =[1-1... 1 -
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1] in the time domain that may be seen as a modulation by a periodic signal
[1-11.

In successive iterations, when the soft information coming from the
decoders is non-null, the pseudo-covariance takes the form

., =H(diag(D?,...,0¢2,.... 02 ) ® . H'

Note therefore that the pseudo-covariance matrix for rotated real
constellations has the same structure as the pseudo-covariance matrix for
real constellations with the sole difference that Jy» takes the place of J. This

gives a different permutation in the calculations.
Note that Z;; is a block diagonal matrix and that X, is a block matrix

in which each block has the structure.of the matrix Jue. Hereinafter the
matrix is said to have a Ju» block structure.

The matrices S1 and S, are then calculated using equation (25), which
can be done in a less complex way thanks to the structure of the matrices
involved. The matrices 81 and S, have the same properties as in the case of
real constellations. The matrices A; and A, are also calculated as in
equation (27). The coefficients A, k = 1, ..., K that measure the influence on
the equalizer of the soft information coming from the decoders are written in

a slightly modified form compared to equation (28):

A =%§’§£A%§QRS[U([A1]M )+ tr(JM/Z[AZ]k,k )] (31)

As in the case of real constellations, it can be shown that these
coefficients are independent of m and can be calculated once only for all the
symbols in an efficacious manner, simply by using the diagonal coefficients
of the block diagonal matrices A and (I ®J,,,.)A, which are of size KM x
KM. |

The coefficients ny, for kK = 1, ..., K give a measure of the mean
amplitude of the wanted signals after equalization and are calculated as in

the case of real constellations as a function of Ax.
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i, E 2F

S

= = E) R
1+ 4 (E,-D}) M@1+4,)

n eler(A ], )+ w0 n[as ], )

The above expression shows that ny is independent of the index m
inside the data block. In the first iteration, when there is no soft information

from the decoder, 77 = E, and A« = 0, and ny therefore becomes exactly that

of a widely linear MIMO equalizer in a non-iterative receiver.

By concatenating all the filters (22) and using equation (30), factorizing
the DFT operation Fy and the rotation (diag(e)), it is possible to write the
matrix of the global filter of size 2NgM x KM,

Gy =Gy (Ix ®F,diag(9))

G is the 2NaM x KM matrix of the frequency-domain filter

G| _ e H

The matrix Gy}, =(l, ®diag(¢* il )G, is applied to the signal thereby

causing to appear the inverse Fourier transform IDFT F;] and the de-rotation

diag(¢").

Gy has the same structure as the filter in the case of real
constellations with the matrix Juy, in place of J, the coefficients Ax are
calculated using equation (31) and D is calculated using equation (23).

Following the developments of the case of real constellations, G, can

also be expressed in the following form

SHD ®1,)+S,HD®J,,,)

_G | _ |
GWL"[GJ_ {SZH(D®IM)+S;“H*(D®JM,2)J (32)

Note that here also the matrices of the equalizer can be calculated
rapidly because they are products of block diagonal matrices or matrices with
the Ju block structure. Indeed, as explained above, in the case of rotated

real constellations, G,=6;d, ®J,,, . Therefore only the matrix G, is

necessary.
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Figures 18 and 19 show the performance in terms of packet error rate
obtained using the equalization method in accordance with the invention.

Figures 18 and 19 show the packet error rate in an SC-FDMA system
using an ETU channel for a prior art linear turbo-equalizer with QPSK and 1/3
convolutional code and for a widely linear turbo-equalizer in accordance with
the invention with 4-PAM and 1/3 convolutional code. Figure 18 shows the
performance obtained with one receiving antenna and Figure 19 shows the
performance obtained with ftwo receiving antennas. The receiver uses five
iterations and the received signals all have the same mean power. The
curves labelled L are those obtained with a prior art linear turbo-equalizer.
The curves labelled WL are those obtained with a widely linear turbo-
equalizer according to the invention. K is the number of users, in other words
the number of signals transmitted simultaneously.

Linear turbo-equalization with K = 1 (single-user) and with a low
signal-to-noise ratio shows an improvement over widely linear turbo-
equalization because of the better form factor of QPSK compared to 4-PAM.
This form factor improvement disappears on considering 4-PAM with a linear
turbo-equalizer. Note that, even with the form factor improvement, in the
situation with one receiving antenna, the linear turbo-equalizer is not able to
support two users with an acceptable packet error rate (PER). On the other
hand, the widely liner turbo-equalizer in accordance with the invention is able
to decode two users with a 3 dB deterioration relative to the linear case. This

improvement is down to the implementation Qf the equalizer G,. This is down
to the equations (25) in which Sz is non-null. In the linear receiver situation S»

is null because the pseudo-covariance matrix Z;, is made to be null.

In the case of a receiver having two antennas the conclusion are
similar. For one user or two users decoded simultaneously, the proposed
method of widely linear turbo-equalization has a signal-to-noise ratio reduced
approximately 2 dB relative to the linear turbo-equalization method. It

nevertheless is able to support more users than a standard linear receiver,
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notably 4 users, without significant deterioration of performance in terms of

packet error rate.

The equalization method in accordance with the invention may be
implemented in software and/or hardware. It may notably be implemented as
a computer program including instructions for its execution. The computer
program may be stored on a processor-readable storage medium.

The turbo-equalizer in accordance with the invention may notably be
implemented in the form of a processor which may be a generic processor, a
dedicated processor, an application-specific infegrated circuit (ASIC) or a

field-programmable gate array (FPGA).
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CLAIMS

5 1. Areceived signal equalization method using at least one equalizer filter to

10

15

20

25

30

equalize a signal received by a plurality of antenna elements, said

received signal being produced by the transmission of signals by a

plurality of transmitters, said method including:

a step of converting the received signal into the frequency domain,

a step (203xm) of subtracting from said signal an estimate of the
intersymbol interference and the interference between users so as
to obtain a complex corrective signal,

a step (204xm, 201) of conjoint widely linear filtering of said
complex corrective signal and the conjugate complex corrective
signal to obtain an equalized signal,

a step of converting the equalized corrective signal into the time
domain,

a step of calculating the covariance matrix of the received signal,

a step of calculating the pseudo-covariance matrix of the received
signal at least from the pseudo-covariance of the symbols of said
transmitted signals,

a step (101) of calculating coefficients of said at least one equalizer
filter from the covariance matrix and the pseudo-covariance matrix

of the received signal.

2. A received signal equalization method according to Claim 1 further

including:

a step (203xm, 200) of subtracting from said received signal an
estimate of the transmitted signal, and
a step (202) of combining the equalized signal with an estimate of

the transmitted signal,
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e the step (204xm, 201) of widely linear filtering being configured to
produce from a number Ng, equal to the number of antenna
elements, of complex corrective signals, a number K, equal to the
number of transmitted signals, of equalized complex corrective

signals.

. A received signal equalization method according to Claim 2 wherein the

step (201) of widely linear filtering includes filtering (402) said complex

corrective signal using a first equalizer filter (G;) and the conjugate

complex corrective signal using a second equalizer filter (G).

. A received signal equalization method according to Claim 2 wherein the

step (201) of widely linear filtering includes filtering (410) said complex
corrective signal using an equalizer filter (G,) and said equalization
method further includes a step (411) of extracting the real part of each

value of the equalized signal converted into the time domain.

. A received signal equalization method according to Claim 2 wherein the

step (201) of widely linear filtering includes filtering (410) said complex
corrective signal using an equalizer filter (G;) and said equalization
method further includes a step (412) of extracting alternately the real part
or the imaginary part of each successive value of the equalized signal

converted into the time domain.

. A received signal equalization method according to any one of the

preceding claims wherein the step (101) of calculating the coefficients of
the equalizer filter includes at least:

e a sub-step (501) of calculating the equalizer filter in the frequency

domain and of calculating an estimate of the amplitude of the

symboils of the transmitted signal,
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e a sub-step (502) of calculating the covariances and pseudo-

covariances of the signal after equalization.

7. A method of turbo-equalization of a received signal including the iterative
execution of the following steps:

e a step of executing the method in accordance with any one of the
preceding claims of equalizing a received signal,

e a step (1034,... 103k) of converting the equalized signals into
demodulated bits,

e a step (1054,... 105¢) of decoding the demodulated bits,

e a step (1024,... 102¢) of converting the decoded bits into an

estimate of the transmitted signal.

8. Use of the method according to any one of Claims 1 to 6 of equalizing a
received signal or the turbo-equalization method according to Claim 7
applied to a signal modulated in accordance with a real constellation, for

example a constellation of the BPSK or M-PAM type.

9. Use of the method according to any one of Claims 1 to 6 of equalizing a
received signal or the turbo-equalization method according to Claim 7
applied to a signal modulated in accordance with an alternately real or

imaginary constellation, for example a constellation of the /2 BPSK or
/2 M-PAM type.

10.A computer program including instructions for executing the method in
accordance with any one of Claims 1 to 6 or the turbo-equalization
method according to Claim 7 when the program is executed by a

processor.

11. A receiver including a plurality of antenna elements for receiving a signal

transmitted by a plurality of transmitters and a processor configured to
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execute the method according to any one of Claims 1 {o 6 of equalizing a

received signal or the turbo-equalization method according to Claim 7.



