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Abstract The generalized receiver (GR) based on a generalized approach to signal
processing (GASP) in noise is investigated in a direct-sequence code-division mul-
tiple access (DS-CDMA) wireless communication system with frequency-selective
channels. We consider four avenues: linear equalization with finite impulse response
(FIR) beamforming filters; channel estimation and spatially correlation; optimal com-
bining; and partial cancellation. We investigate the GR with simple linear equaliza-
tion and FIR beamforming filters. Numerical results and simulation show that the
GR with FIR beamforming filters surpasses in performance the optimum infinite im-
pulse response beamforming filters with conventional receivers, and can closely ap-
proach the performance of GR with infinite impulse response beamforming filters.
Channel estimation errors are taken into consideration so that DS-CDMA wireless
communication system performance will not be degraded under practical channel
estimation. GR takes an estimation error of a maximum likelihood (ML) multiple-
input multiple-output (MIMO) channel estimation and GR spatially correlation into
account in computation of minimum mean square error (MMSE) and log-likelihood
ratio (LLR) of each coded bit. The symbol error rate (SER) performance of DS-
CDMA employing GR with a quadrature sub-branch hybrid selection/maximal-ratio
combining (HS/MRC) scheme for 1-D modulations in Rayleigh fading is obtained
and compared with that of conventional HS/MRC receivers. Procedure of selecting
a partial cancelation factor (PCF) for the first stage of a hard-decision partial par-
allel interference cancellation (PPIC) of the GR employed in DS-CDMA wireless
communication system is proposed. A range of optimal PCFs is derived based on
the Price’s theorem. Computer simulation results show superiority in bit error rate
(BER) performance that is very close to that potentially achieved and surpasses the
BER performance of the real PCF for DS-CDMA systems discussed in literature.
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1 Introduction

In this paper, we consider and study a generalized receiver (GR) constructed based on
a generalized approach to signal processing (GASP) in noise [45—49] and employed
in a direct-sequence code-division multiple access (DS-CDMA) wireless communi-
cation system with frequency-selective channels. We investigate four avenues: linear
equalization with finite impulse response (FIR) beamforming filters; channel estima-
tion and spatially correlation; optimal combining; and partial cancellation.

1.1 Linear Equalization with FIR Beamforming Filters

The use of multiple antennas in wireless communication system attracts significant
interest and attention of researchers. Transmit beamforming has received consider-
able attention because of its simplicity and its ability to exploit the benefits of multiple
transmit antennas [11]. Information about channel state at the transmitter is generally
required for beamforming. At the present time, the impact of noisy and/or quantized
information about the channel state is a pivot of recent research owing to the fact that
perfect channel state information may not be available at the transmitter [19, 30, 37].
More recently, in [7], beamforming techniques for systems using a multicarrier ap-
proach to cope with frequency-selective fading were also proposed. We should note,
however, that the multicarrier techniques are not used in single carrier systems.

In this paper, we investigate the transmit beamforming for single carrier trans-
mission over frequency-selective fading channels with the perfect channel state in-
formation at the GR. A necessity of equalization at the GR is generated by the in-
tersymbol interference (ISI) caused by the channel frequency selectivity. It must be
emphasized that the optimum beamforming depends on the equalizer used. As is well
known, the linear equalization possesses a low complexity. For this reason, we adopt
the linear equalization. In comparison and in contrast to [38], we consider the more
realistic case of FIR beamforming filters at the GR. Unlike the infinite impulse re-
sponse case, a closed-form solution for the FIR beamforming filters at the GR does
not seem to exist. Because of this, we need to calculate the optimum FIR beamform-
ing filters. Numerical results show that for typical Global System for Mobile Com-
munications/Enhanced Data Rates for GSM Evolution (GSM/EDGE) channels the
performance of short GR FIR beamforming filters can be closely approached with
infinite impulse response beamforming at the GR and significant gains over single
antenna transmission can be achieved.
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1.2 Channel Estimation and Spatially Correlation

Under consideration of channel estimation and correlation part, we investigate the
minimum mean square error (MMSE) GR. It takes an error of maximum likeli-
hood (ML) multiple-input multiple-output (MIMO) channel estimation and GR spa-
tially correlation into consideration in the computation of MMSE GR and the log-
likelihood ratio (LLR) of each coded bit. Our GR analysis and investigation are based
on the following statements.

e Itis well known [27, 28, 56] that the existing soft-output MMSE vertical Bell Lab
Space Time (V-BLAST) detectors have been designed based on perfect channel
estimation. Unfortunately, the estimated MIMO channel coefficient matrix is noisy
and imperfect in practical application environment [33, 42]. Therefore, these soft-
output MMSE V-BLAST detectors will suffer from performance degradation under
a practical channel estimation.

e The ML symbol detection scheme is investigated in [42]. It takes into consider-
ation the channel estimation error under the condition that the MIMO channel
estimation is imperfect. MMSE based on V-BLAST symbol detection algorithm
addressing the impact of the channel estimation error is discussed in [26]. How-
ever, the channel coding, decision error propagation compensation, and spatially
channel correlation are not discussed and considered.

In the present paper, we derive the MMSE GR for detecting each transmitted sym-
bol and provide the method to compute the LLR of each coded bit. When compared
with the detection scheme discussed in [26], our simulation results show that the
MMSE GR can obtain sizable performance gain.

1.3 Optimal Combining

In a traditional hybrid selection/maximal-ratio combining (HS/MRC) scheme,
the strongest L signals are selected according to the signal-envelope amplitude
[3-5, 25, 32, 57, 58]. Optimal maximum likelihood estimation (MLE) of the diver-
sity branch signal phase is implemented by first estimating the in-phase and quadra-
ture branch signal components and obtaining the signal phase as a derived quantity
[34, 40]. Other channel estimation procedures also operate by first estimating the
in-phase and quadrature branch signal components [1, 43, 44]. Thus, rather than N
available signals, there are 2N available quadrature branch signal components for
combining. In general, the largest 2L of these 2N quadrature branch signal compo-
nents will not be the same as the 2L quadrature branch signal components of the L
branch signals having the largest signal envelopes.

In this paper, we investigate how much improvement in performance can be
achieved by using the GR with modified HS/MRC, namely, with quadrature sub-
branch HS/MRC and HS/MRC schemes, instead of the conventional HS/MRC
scheme for 1-D signal modulations in Rayleigh fading. At the GR, the N diversity
branches are split into 2N in-phase and quadrature subbranches. Then the GR with
HS/MRC scheme [21] is applied to these 2N subbranches. Obtained results show that
the better performance is achieved by this quadrature subbranch HS/MRC scheme in
comparison with the traditional HS/MRC one for the same value of average signal-
to-noise ratio (SNR) per diversity branch.
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1.4 Partial Cancellation

Another problem discussed is the problem of partial interference cancellation. It is
well known that the multiple access interference (MAI) can be efficiently estimated
by the partial parallel interference cancellation (PPIC) procedure and then be par-
tially canceled out of the received signal on a stage-by-stage basis for a DS-CDMA
system [12]. To ensure a good performance, the partial cancellation factor (PCF) for
each PPIC stage needs to be chosen appropriately, where the PCF should be increased
as the reliability of the MAI estimates improves. In [17, 18, 41], formulas of the op-
timal PCFs were derived through straightforward analysis based on soft decisions.
In contrast, it is very difficult to obtain the optimal PCFs for a detector based on the
PPIC with hard decisions owing to their nonlinear character. One common approach
to solve the nonlinear problem is to select an arbitrary PCF for the first stage and then
increase the value for each successive stage, since the MAI estimates may become
more reliable in later stages [12, 15, 59]. This approach is simple, but it might not
provide satisfactory performance.

In this paper, we use the Price’s theorem [39, 60] to derive a range of the opti-
mal PCF for the first stage in additive white Gaussian noise (AWGN) environment
employing the GR, where the lower and upper boundary values of the PCF can be
explicitly calculated from the processing gain and the number of users of the DS-
CDMA wireless communication system. Computer simulation results show that, us-
ing the average of these two boundary values as the PCF for the first stage, we are
able to reach the bit error rate (BER) performance that is very close to the potentially
achieved one under the use of the GR [22] and surpasses the BER of the real PCF for
DS-CDMA wireless communication systems discussed in [40].

With this result, a reasonable PCF can quickly be determined without the use of
time-consuming Monte Carlo simulations. It is worth mentioning that the two-stage
GR [53] based on the PPIC using the proposed PCF at the first stage achieves the BER
performance comparable to that of the three-stage GR based on the PPIC using an
arbitrary PCF at the first stage. In other words, under the same BER performance, the
proposed approach for selecting the PCF can reduce the complexity of the GR based
on the PPIC. Although the PCF selection approach is derived for AWGN environment
under employing the GR, it can be applied to multipath fading cases [23, 54].

The paper is organized as follows. In Sect. 2, the problem statement and system
model for MIMO system, HS/MRC, synchronous DS-CDMA, and GR are briefly re-
viewed and discussed. Effects of FIR beamforming for linear equalization at the GR
employed by DS-CDMA system is reported in Sect. 3. Section 4 presents an analysis
of MMSE GR and computation of LLR. The performance analysis and closed-form
derivation of the SER for different types of modulation schemes, such as M-ary PAM,
BPSK, QPSK, and M-ary QAM systems is carried out in Sect. 5. Additionally, a great
attention is paid to obtain a moment generation function for definition of the SNR per
symbol. Section 6 is devoted to determination of PCF taking MAI into account. Sec-
tion 7 represents simulation results for the considered and discussed four avenues,
namely, FIR beamforming; MIMO system and channel estimation; quadrature sub-
branch HC/MRC GR and conventional HC/MRC GR schemes; and synchronous DS-
CDMA system employing GR. Finally, concluding remarks are given in Sect. 8.
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2 Problem Statement and System Model
2.1 MIMO System

Consider a MIMO DS-CDMA wireless communication system with Ny transmitting
and Np receiving antennas. The modulated symbols b[k] are taken from a scalar
symbol alphabet F such as quadriphase-shift keying (QPSK) or quadrature amplitude
modulation (QAM), and have the following variance:

of = M{[pIKI[} =1, M

where E{-} denotes mathematical expectation. The coefficients of the FIR beamform-
ing filters of length L, at the transmitting antenna n;, 1 <n, < Nt are denoted by
&n,[k], where 0 < k < L, — 1 and their energy is normalized to

Nr Lg—1

SN en k] =1. )

ny=1 k=0

The signal transmitted over antenna n, at time k is given by
an,[k] = gn,[k] ® D[k], (3)

where ® denotes a linear discrete-time convolution. The discrete-time received signal
at the receiving antenna n,, | <n, < Ng can be modeled in the following manner:

Nr
Snp K1 =" Bgn, (K] ® an, [K] + 1, [K], &

n;=1

where 7, [k] denotes the spatially and temporally AWGN with zero mean and vari-
ance given by

o2 = M{|n,, K1’} = 0.5No, 5)

where 0.5Ny denotes the two-sided power spectral density of the underlying contin-
uous in time pass-band noise process.

The notation A, ,, [k], where 0 < k < L — 1, represents the overall channel im-
pulse response between the transmitting antenna n; and the receiving antenna n,
of length L. In our model, h,,,, [k] contains the combined effects of transmit pulse
shaping, wireless channel, receive filtering, and sampling. We assume the existence
of a block fading model, i.e., the channel is constant for the duration of at least one
data burst before it changes independently to a new realization. In general, A,,,, [k]
are spatially and temporally correlated because of insufficient antenna spacing and
transmit/receive filtering, respectively. Substituting (3) into (4), we obtain

S, [k] = hp k] ® bIk] + ny, [K], (6)
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where the equivalent channel impulse response hf,? [k] corresponding to the receiving
antenna 7, is defined as

Nr
ot k1= hngn, [K] ® g, [K] @)

ny=1

and has the length Leg =L + Ly — 1.

Equation (6) shows that the MIMO system with beamforming can be modeled as
an equivalent single-input multiple-output (SIMO) system. Therefore, the GR can use
the same equalization, channel estimation, and channel tracking techniques as for a
single antenna transmission. In this paper, we assume that the GR employs receive-
diversity zero-forcing or MMSE linear equalization [9].

Let us rewrite the main statements and definitions mentioned above in matrix form
for our convenience in subsequent analysis of channel estimation. Thus, the received
signal can be expressed in the following form:

Nt
s=Ha+n=) ha +n,. )
k=1
where s = [s1, 52, ..., 5n,]? is the received signal vector; H = [hy, hy, ... hy, 17

is the Ng x Ny MIMO channel coefficient matrix with elements h,,, [k] denoting
the channel fading coefficient between the n,th transmitting antenna and the n,th
receiving antenna.

In this paper, we adopt the following GR spatially correlated MIMO channel
model:

H=/R:H, &)

with H,, denoting an independent and identically distributed (i.i.d.) matrix with en-
tries obeying the Gaussian law with zero mean and unit variance, and Ry is Ng X Ng
receive array correlation matrix determined by

Ry =R (VRr)". (10)

Then, we have
E{HH"} = N7R;. (11)

The channel is considered to be flat fading with coherence time of (Np + Np)
MIMO vector symbols, where Np symbol intervals are dedicated to pilot matrix S,
and the remaining Np to data transmission. a = [ay, a2, ..., a NT]T is the transmit-
ted complex signal vector whose element given by (3) is taken from the complex
modulation constellation F, because the modulated symbols b[k] are taken from the
scalar symbol alphabet F, such as the QPSK signal, by mapping the coefficient of
FIR beamforming filters g, [k] like the coded bit vector

log, M]T

g, =g, &, & (12)

to one modulation symbol belonging to F, i.e., a,, = map(g,,) € F.

Birkhauser



Circuits Syst Signal Process (2011) 30:1197-1230 1203

Meanwhile, we assume that each transmitted symbol is independently taken from
the same modulation constellation F and has the same average energy, i.e.,

Elaa"} = E)ly,. (13)

Finally, n = [ny,n2,...,n NR]T is the AWGN vector with covariance matrix deter-
mined by

Ky =E{m"} =01y,. (14)

Iy, and Iy, are the identity matrices.
2.2 Hybrid Selection/Maximal-Ratio Combining

We assume that there are N diversity branches experiencing slow and flat Rayleigh
fading, and all of the fading processes are i.i.d. During analysis we consider only the
hypothesis Hj—*"“a yes” signal in the input stochastic process. Then the equivalent
received baseband signal for the kth diversity branch can be written in the form given
by (4) and (6). For our convenience, rewrite the received signal in the following form:

sy =hgar +n;, k=1,...,N, (15)

where ai(t), as before, is a 1-D baseband transmitted signal that, without loss of
generality, is assumed to be real; hy is the channel gain vector for the kth branch
subject to Rayleigh fading, and ng(#) is a zero-mean AWGN complex vector with
two-sided power spectral density 0.5 Ng with the dimension 1%

At the GR front end, for each diversity branch, the received signal is split into its
in-phase and quadrature signal components. Then, the conventional HS/MRC scheme
is applied over all of these quadrature branches, as presented in Fig. 1. Thus, we
can present h; and ny in the following form: hy =hy; + jhig, ng =ng; + jngg,
where j is the complex value. The in-phase signal component s;; and quadrature

x, (1)
—»

x,(0)

xy()

Fig. 1 Block diagram of the GR under quadrature subbranch HS/MRC and HS/MRC schemes

9 Birkhauser
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signal component s of the received signal sy are given by si; = hygar +ng; and
sko =higar +mnig. Since hy (k =1, ..., N) are subjected to i.i.d. Rayleigh fading,
h;; and hyp are independent zero-mean Gaussian random vectors with the same
variance [39],

1
Dh=§E{|hk|2}. (16)

Further, the in-phase n;; and quadrature n; noise components are also indepen-
dent zero-mean Gaussian random vectors, each with two-sided power spectral den-
sity 0.5No with the dimension Hﬂz [40]. Due to the independence of in-phase hg; and
quadrature hy g channel gain components and in-phase ny; and quadrature ny o noise
components, the 2N quadrature branch received signal components conditioned on
the transmitted signal are i.i.d. We can reorganize the in-phase and quadrature com-
ponents of the channel gains h; and Gaussian noise n; (k=1,..., N) as gx and wy,
given, respectively, by

|y, k=1,...,N; and
8k = h(k—N)Qs k=N+1,...,2N;
(17)
gy, k=1,...,N;
o ng_yyg, k=N+1,...,2N.

The signal at the output of the GR with quadrature subbranch HS/MRC and
HS/MRC schemes takes the following form:

2N 2N
g 2 2.2 20202 2
Zopns/Mre =S Z kgt Z Ck 8k [WkAF — Wioe ) (18)
k=1 k=1

where W,%AF - W%PF is the background noise [49] forming at the GR output for the

kth branch; wiAF is the reference complex Gaussian noise with zero mean and finite
variance defined below, which is introduced according to GASP [45-49]; ¢ € {0, 1}
and 2L of ¢ equal to 1.

2.3 Generalized Receiver (GR)

For better understanding (18), we recall the main functioning principles of GR. The
simple model of GR in the form of a block diagram is represented in Fig. 2. In this
model, we use the following notation: MSG is the model signal generator (local oscil-
lator), the AF is the additional filter (the linear system) and the PF is the preliminary
filter (the linear system). A detailed discussion of the AF and PF can be found in [46]
and [47, pp. 233-243 and 264-284]. Consider briefly the main statements regarding
the AF and PF.

There are two linear systems at the GR front end that can be presented, for ex-
ample, as bandpass filters, namely, the PF with the impulse response ipg(7) and the
AF with the impulse response har(7). For simplicity of analysis, we assume that
these filters have the same amplitude-frequency responses and bandwidths. More-
over, a resonant frequency of the AF is detuned relative to a resonant frequency of PF
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Fig. 2 Principal flowchart
model of the GR

Input

Output

on such a value that the signal cannot pass through the AF (with a value that is higher
the signal bandwidth). Thus, the signal and noise can appear at the PF output and
the only noise appears at the AF output. It is well known that if a value of detuning
between the AF and PF resonant frequencies is higher than 4-5Af,, where Af, is
the bandwidth of the signal, the processes forming at the AF and PF outputs can be
considered as independent and uncorrelated processes (in practice, the coefficient of
correlation is not higher than 0.05).

In the case of absence of the signal in the input process, the statistical parameters
at the AF and PF outputs will be the same, because the same noise is coming in at the
AF and PF inputs, and we may think that the AF and PF do not change the statistical
parameters of input process, since they are the linear GR front end systems. For this
reason, the AF can be considered as a generator of reference sample with a priori
information: a “no” signal is obtained in the additional reference noise forming at
the AF output.

We need to make some comments regarding the noise forming at the PF and AF
outputs. If the Gaussian noise n(¢) given by (17) comes in at the AF and PF inputs (the
GR linear system front end), the noise forming at the AF and PF outputs is Gaussian,
too, because the AF and PF are the linear systems and, in a general case, take the
following form:

w0 = [ et - 0y (19)
and
wie = [ hap(ounc - 0. (20)

If, for example, AWGN with zero mean and two-sided power spectral density %
is coming in at the AF and PF inputs (the GR linear system front end), then the noise

Birkhauser
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forming at the AF and PF outputs is Gaussian with zero mean and variance given by
[47, pp. 264-269]
Uz__Abw%
n - 9
8AFp
where, in the case if the AF (or PF) is the RLC oscillatory circuit, the AF (or PF)
bandwidth A r and resonance frequency wg are defined in the following manner:

2L

1 R
Ar=mnp, wy=—, Wwheref=—. 22)
VLC 2L
The main functioning condition of GR is the equality over the whole range of
parameters between the model signal a; forming at the GR MSG output for user k
and the expected signal a; forming at the GR input linear system (the PF) output and
additively mixed with noise, i.e.

ay = ag. (23)

How we can satisfy this condition in practice is discussed in detail in [46] and
[47, pp. 669-695]. More detailed discussion of the choice of PF and AF and
their amplitude-frequency responses is also given in [46,47] (see additionally
http://www.sciencedirect.com/science/journal/10512004, click “Volume 8, 1998,
“Volume 8, Issue 37, and “A new approach to signal detection theory”).

2.4 Synchronous DS-CDMA System

Consider a synchronous DS-CDMA wireless communication system employing the
GR with K users and a processing gain N. The received signal can be presented in
the following form:

K
s(t) =) Axhybidy (1) + wpr(?)
k=1

K N
=Y Avhiby Y diipr. (O —iT.) +wee(®), t€[0,Tpl,  (24)
k=1

i=1

where Ay is the transmitted signal amplitude for the kth user; by represents the
transmitted or modulated bit taking value on %1 equiprobably, {di1, dk2, ..., dkn}
is a random spreading code with each element taking value on \ﬂ/% equiproba-

bly; ki is the channel fading coefficient; pr,(¢) is the unit-amplitude rectangular
pulse with duration 7,; the baseband signal transmitted by the user k is given by
ap(t) = Ar (1) Z{‘Zl bi.idi(t — iTp), where Ag(¢) is the transmitted signal amplitude
of the user k; L is the number of frame;

N
d(t) =Y dripr.(t)(t —iT.) (25)

i=1
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is the signature waveform of the kth user; wpr(¢) is the zero mean Gaussian noise
given by (19); and T}, = NT, is the bit duration; S (t) = hi(t) Ar(¢) is the received
signal amplitude envelope for the user k.

Using the GR based on the multistage PPIC for the DS-CDMA wireless commu-
nication system and assuming that user / is the desired user, we can express the corre-
sponding output of the GR in accordance with GASP as follows, following faithfully
all conditions required for GR functioning [45—49]:

Ty

U 7
le/ b2s1(t)a*(t—t)dt_/ ”sl(t)SI(t—t)dt—i-/ wi e (Dwy (f — 1) dt,
0 0 0

(26)
where a*(t — 1) is the model of transmitted signal generated by a local oscillator at
the GR receiver given by (23) and 7 is the delay factor, which can be neglected for
simplicity of analysis.

In this case, we have

K
Zy=Athibi + ) Achibrpu + & = Ahuby + 1 + &, 27
k£l
where
Ty
P = fo di(0)dy (1) di (28)

is the coefficient of correlation between signature waveforms of the kth and /th users;

T
= [ [ ) = i, 0] ar 29)

is the total noise component at the GR output for the /th user, where w?AF (t) — wIZP . (1)
is the background noise forming at the output of the universally adopted GR for the
[th user [46];
K
=" Axhibipu (30)
k£l

is the MAL _

Denoting the soft and hard decisions of the GR output for user / by bl(o) =Z; and
l;l(o) = sgn(Z;), respectively, the output of the first PPIC stage with a PCF equal to a;
can be written [12]

~ R -0 R
b =ai(zi— I+ (1 —anb” =z —all, (31)
where l;l(l) denotes the soft decision of the user / at the first stage of PPIC and

K
=3 A pu (32)
ksl

is the estimated MAI using the hard decision.
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3 FIR Beamforming for Linear Equalization at the GR

According to [8], the unbiased SNR for linear equalization with the optimum infinite
impulse response equalizer filters at the GR back end is given by

4
SNR(g) = —4 — X, (33)

where obz is given by (1) and the linear equalization error variance aez will be defined
below. We note that the assumption of infinite impulse response linear equalization
filters at the GR back end is not a major restriction, since typically FIR linear equal-
ization filters of length equal to L g = 4L¢q can approach closely the performance
of infinite impulse response linear equalization filters. In (33) we consider the con-
stant x = 0 for the case of zero-forcing linear equalization and y = 1 for the case of
MMSE linear equalization, respectively [9]. In (33) the beamforming filter vector

g=[£10)g1(1)---g1(Lg — Dg2(0) -+ gny (Lg — 1)]T (34)

consists of the coefficients of all beamforming filters.
The GR linear equalization error variance defined on results discussed in [15] is
given by

0.5 1
4 4
o, =40 / df, 35)
© " os ZZ’;1|H5?<f)|2+u

where =0 and u =

and for the case of MMSE linear equalization, respectively. Furthermore, the fre-
quency response Hn?( = {h,efj (k)} of the equivalent channel can be defined in the
following form:

Hy!(f) =" (/) H,, g, (36)
where the subscript H means the Hermitian transpose,
; ; T
q(f) = {1 exp(j2rf) -+~ exp[j27f (Leg — D]}, (37)
H,, = [Hi,, Ha,, - Hypn, ] (38)

and Hy,,, is a Leq X Ly column-circulant matrix with the vector [hy,,, (0) ...
hpn, (L —1) O{g_l]T in the first column.

Therefore, the GR SNR with the zero-forcing linear equalization and MMSE lin-
ear equalization can be presented in the following form:

4
%

4 0.5 1
4oi J-05 greipere

SNR(g) =

- X (39)
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with the N7 Ly x Nt L, matrix

Nr
G(f)= > HId()Hd"(HH,,. (40)

ny=1

The optimum beamforming filter vector gopt shall maximize SNR(g) subject to the
power constraint g/ g = 1. Unfortunately, this optimization problem is not convex,
i.e., the standard tools from convex optimization cannot be applied. Nevertheless, the
Lagrangian of the optimization problem can be formulated in the following form:

L(g) =SNR(g) + ng'e, (41)

where u denotes the Lagrange multiplier.
The optimum vector gop has to satisfy the following equality:

IL(g)

oz =0n;L,, (42)

which leads to the nonlinear eigenvalue problem, namely,

02 G(f) } )
df |gopt = Agopt» 43
|:/—0A5 (85 G (f)Zopt +&12 [ | 8opt = ABopt (43)

with the eigenvalue fi. Unfortunately, (43) does not seem to have a closed-form solu-
tion.

Therefore, we use the following gradient algorithm for calculation of the optimum
FIR beamforming filters at the GR, which recursively improves an initial beamform-
ing filter vector gg. The main statements of the gradient algorithm are as follows.

1. Leti = 0 and initialized the beamforming filter vector with a suitable gy fulfilling

Hgy=1
g 80=1.
2. Update the beamforming filter vector

_ 05 G(f)
=gt [ e s 44
Bir1 =8 [0.5 &G g +ep [ @9

where §; is a suitable adaptation step size.
3. Normalize the beamforming filter vector

git1
gi+1 = ~Hl7+~ (45)
8i+18i+1

4. If 1 — |glfng,-| < &, go to Step 5, otherwise increment i — i 4+ 1 and go to Step 2.
5. gi41 are the desired beamforming filter vector.

For the termination constant ¢ in Step 4 a suitably small value should be chosen,
e.g. ¢ = 10™*. Ideally the adaptation step size 8; should be optimized to maximize
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the speed of convergence. Here, we follow [35] and choose §; proportional to Ai_l,
where ); is the maximal eigenvalue of the matrix

05 G(f) }
—d 46
[/0.5 (87 G(f)g +&1 ! (#0)

in iteration i. In particular, we found empirically that §; = 0.01; Visa good choice.

Because of non-convexity of the underlying optimization problem, we cannot
guarantee that the gradient algorithm converges to the global maximum. However,
adopting the initialization procedure explained below, the solution found by this gra-
dient algorithm seems to be close to optimum, i.e., if Lg is chosen sufficiently large
the FIR beamforming filters obtained with the gradient algorithm approach and the
performance of the optimal infinite impulse response beamforming filters at the GR
was discussed in [53].

We found empirically that a solution with convergence to the optimum or close
to optimum is achieved if the beamforming filter length is gradually increased. If the
desired beamforming filter length is L, the gradient algorithm is executed L times.
The beamforming filter vector is initialized with the normalized all-ones vector of
size Nt for the first execution (v = 1) of the gradient algorithm. For the vth execu-
tion, 2 < v < Lg, the first (v — 1) beamforming filters coefficients of each antenna are
initialized with the optimum beamforming filter coefficients for that antenna found
in the (v — 1)th execution of the gradient algorithm and the vth coefficients are ini-
tialized with zero. In each execution step v, the algorithm requires typically less than
50 iterations to converge, i.e., the overall complexity of the algorithm is on the order
of 50Lg.

4 MMSE GR
4.1 Channel Estimation

It was proved that for a ML MIMO channel estimator the optimal pilot matrix mini-
mizing the mean square estimation error is an orthogonal pilot matrix [33, 42]. Using
the pilot matrix, i.e.,

S,S! = EpNply,. (47)

where Np > N7 and Ep is the energy of each pilot symbol, the estimated channel
matrix can be expressed as [33, 42] H=H + AH, where

AH =nS (EpNp) ™! (48)

is the channel estimation error matrix, which is correlated with the matrix H and with
entries subjected to a Gaussian distribution with zero mean and variance

03, =02(EpNp)~!, (49)
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which is determined independently of instantaneous channel realization. We can con-
clude that H is a complex Gaussian matrix with zero mean and covariance matrix,

Cov[f] = E{HA" } = N7 (Re + 02, v,). (50)

Let hm,AAhm and ﬁm (m=1,2,..., Ny) denote the mth column of matrices H,
AH and H, respectively. Then, by the important properties of complex Gaussian
random vector [20] and with some manipulations, we obtain

n ° -1
E{Ahy,|h,} = 03,h (Re + 03, In,) (51)
and

4
~ o
Cov[Ah, Ah? |h, ] =02, Iy, — — B8 52
[ m m| m] ARLNR Rr+5§hINR ( )

4.2 Computation of MMSE GR

Letk; € {1,2,..., N7} be the index of the ith detected spatial data stream according
to the maximal post-detection SINR ordering rule. Denote ji,; and %2_ as the mean
and variance of the signal a;, respectively, which can be determined by a posteriori
symbol probability estimation as in [56]. By performing the soft interference can-
cellation (SIC) [56] and considering the channel estimation error, the corresponding
interference-canceled received signal vector S, can be determined in the following
form:

ki—1
Sk, = Ha — Z hjpa; + wep
Jj=ki
kng ki1 ki1
=Y (hj— Ahj)a;+ Y hj(a; —pa) — Y Ahjaj+wpe,  (53)
j=k J=ki j=ki

where wpr is the noise forming at the PF output of GR front end linear system.
Then, conditionally on H, the MMSE GR output is given as [21, 46]

g _ Eeas] H} — E{8,8 0} + E{war, wil )

i — ~
E{s, 30 1)

(54)

where war is the reference zero mean Gaussian noise with a priori information:
a “no” signal and with the following covariance matrix in a general case [46, 47]:

E{prwg;} = E{WAFWII\-IF} = U,%INR, (55)

because the AF and PF of GR front end linear systems do not change the statistical
parameters of input process (Gaussian noise, for example). Thus, according to (53)
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and (55), we can write
kny

E{581 ) = :Z[ﬁjﬁf —h; E{AhY [H} — E{Ah; [H}hY]
j=ki

kny
+ZE{AhJ»Ah§?|ﬁ}}Eb
j=1

ki—1
+ > [hjh —h; E{An} [H} — E{Ah;[H} |07 + 0, Tw,. (56)
J=ki

Based on results discussed in the previous section, it is evident that Ah; is only
correlated with h ;- Then, we have

E{Ah;Ah" |H} = E{Ah; AR |h;}. (57)

From the basic relationship between the autocorrelation and covariance functions, we
have

E{Ah; Ab!|h;} = Cov{Ah; Ah|h;} + E{Ah;[h;}E{ARY |h;}. (58)
Substituting (51) and (52) into (58), we can write
~ -1
E{Ah;An hj} =03, In, — 04, (Re +03,1n,)
-1
+oa(Re+03,Ing) hjhH (Re +03,In,).  (59)

Introduce the following notation:

—1
A=Ret03,Ine) " (60)
E =1Iy, —01,A, (61)
Ry = diag{aazk1 , Udzkz’ e Gazk,-_l } (62)

Substituting (51) and (59) into (56) and taking into consideration (60)—(62), we have
E{848(} = E»EHgmy, H'y, E + Epody Al H A
+ (ﬁklzki,lRaaﬁg;ki_, + Nt Eb”ih) =
— 03, Al RaHE 4021y, (63)

where the notation Hj,.,,, denotes the submatrix containing the nth to mth columns of
the matrix H.
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Based on similar manipulations, we can write
E{2a;, 8 |H} — E{8, 8 |H} + E{war, w5 |
A _1 A A~
= Ephf 0%, (Re +03,In;) " + (warh whp — weeh{ wii)Iy,.  (64)

In the root mean-square sense, the second term in (64) representing the GR back end
background noise tends to approach zero. For this reason, finally we can write

“H - HIB ~ -1
E{2a;,5( H} — E {88 [H} + E{war, WiE, } = Esh{l0x, (Re+03,In;) . (65)

Combining (63) and (65), we obtain the MMSE GR Y;. conditionally on H.

4.3 Computation of LLR

By applying Y; to Sk;» we have the process at the MMSE GR output [51, 52, 55]
Zki =Y; Sk; - According to the Gaussian approximation of the MMSE GR back end
process, we can write

Zi; ~ fuag. + ik, (66)
where
fii, = E{Y:(hy, — Ahg)|H} =Y, Ehy, (67)

and 7y, = wiFk_ - w}%Fk’_ is the background noise at the MMSE GR output with zero-
mean and variance ank =4o.

i

Therefore, the LLR value of the coded bit gil_ can be approximated as [27, 28]

1 . .
£(gh) ~ = min 17 — oyl = min 17; — iy ), (68)
! 0‘7—%{. A €S, 0[,'6.7:){

where fg and f){ denote the modulation constellation symbols subset of F whose
Ath bit equals 0 and 1, respectively.

4.4 Remarks

When the channel estimation error is neglected, i.e., ai , = 01in (60), (61) and (63),
the MMSE GR output given by (54) reduces to that of the modified soft-output
MMSE GR, in which only decision error propagation is considered [51, 52]. On the
other hand, if Ry = Iy, and no residual interference cancellation error is assumed,
the MMSE GR output given by (54) reduces to that of [55]. For the sake of simplicity,
we call this detector the conventional soft-output MMSE GR hereafter if this detec-
tor is applied in a channel coded MIMO system. Meanwhile, if both decision error
propagation and channel estimation error are neglected, the MMSE GR output given
by (54) reduces to that of the conventional MMSE GR output of [24].
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5 Performance Analysis
5.1 Symbol Error Rate Expression

Let gx denote the instantaneous SNR per symbol of the kth quadrature branch
(k=1,...,2N) at the GR back end under the quadrature subbranch HS/MRC and
HS/MRC schemes. In line with [47], this instantaneous SNR denoted by gx can be
defined as

E, ,

qk Ta,f 8k>
where Ej, is the average symbol energy of the transmitted signal a(¢). Assume that
we choose 2L (1 < L < N) quadrature branches out of the 2N branches. Then, SNR
per symbol at the GR back end with the quadrature subbranch HS/MRC and HS/MRC
schemes may be presented as goBHS/MRC = Z,%i 1 4(k)> where g are the ordered
instantaneous SNRs g, and satisfy the following condition: g1y > g2) > -+ > g2N).
When L = N, we obtain the MRC, as expected.
Using the moment generating function (MGF) method discussed in [2, 4], the SER
of an M-ary pulse amplitude modulation (PAM) system conditioned on ggBHS/MRC
is given by

(69)

8M-PAM
sin% 6

2(M _ 1) 0.57
PsgR (9QBHS/MRC) = Y exp| — qqQBHS/MRC | d8,  (70)
0

where gp-pam = 3(M 2 _ nH-L Averaging (70) over ggBHs/MRc, the SER of the
M-ary PAM system is determined in the following form:

2M —1) [0 oo gM-PAM
Psgr = W/O ‘/é exp| — q quBHs/MRc(Q)dqde

sin% @
20M —1) (057 8u-paM \
ST Jy Gremse TG0y )4 7y
where
9q(s) = Eg{exp(sq)} (72)

is the MGF of random variable g, E,{-} is the MGF mathematical expectation with
respect to SNR per symbol.

When M = 2, the average BER performance of a coherent binary phase-shift
keying (BPSK) system using the GR with the quadrature subbranch HS/MRC and
HS/MRC schemes can be determined in the following form:

1 0.57 1
Pggr = — / <——) deé. 73
ER 7 Jo PqqQBHS/MRC sin2 (73)
An exact expression for the SER in the case of M-ary PSK system is [10]
_ T Ey -2 n
1 T=M ~- SIn”~ +
PsgR = —/ exp{—iN". 2 }d9- (74)
7 Jo sin” 6
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Taking into account (69), (72), and (74), we can write the SER of QPSK system
employed the GR in the following form:

T
1 [T M 1
Psgr = _/ PqoBHS/MRC <_ ) )d@. (75)
7 Jo 2sin“ 0

We need to note that a direct comparison of QPSK and BPSK systems on the basis
of average symbol-energy-to-noise-spectral-density ratio indicates that the QPSK is
approximately 3 dB worse than the BPSK.

Another signaling scheme that allows multiple signals to be transmitted using
quadrature carriers is the QAM. In this case, the transmitted signal can be presented
in the following form:

ag(t) = \/g[Ai cos@mf.t) + BisinQnf.1)], 0<t=<T,, (76)

where A; and B; take on the possible values +p; +3p, ..., +(v/M — 1) p with equal
probability, where M is an integer power of 4; T is the sampling interval, and f is
the carrier frequency. The parameter p can be related to the average symbol energy
E} as given by

3E)

ST (77)

p:

Taking into consideration a definition of the SER derived in [61] for M-ary QAM
system employed the GR, we obtain

Pspr =1 — i{(«/M—Z)z[l —2Q< M)T
M M—1

stz 1o )
3(p‘1QBHS/MRC 2

where Q(x) is the Gaussian Q-function given by

0x) = exp(—0.5t%) dt. (79)

1 o0
21 [x
5.2 MGF of goBHS/MRC

Since all of the 2N quadrature branches are i.i.d., the MGF of ggBHs/MRrC takes the
following form [5]:

Pqqpnsmre (8) = 2L (;2]) / eXP(SCI)f(CI)[W(S, Q)]
0

2L—-1 [F(q)]Z(NfL) dq, (80)
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where f(q) and F(q) are, respectively, the probability density function (pdf) and the
cumulative distribution function (cdf) of g of the SNR per symbol for each quadrature
branch and

@(s.q) =f exp(sx) f(x)dx (81)
q

is the marginal MGF of the SNR per symbol of a single quadrature branch.

Since g and gxkyn(k =1, ..., N) follow a zero-mean Gaussian distribution with
the variance Dy, given by (33), one can show that g; and gx4y follow the Gamma
distribution with pdf given by [39]

1 =
ﬁﬂm={?7““_%v”% =7 (82
0, q =0,

where
_ 2E,Dy,

\/40,‘}

is the average SNR per symbol for each diversity branch.
Then the marginal MGF on of the SNR per symbol of a single quadrature branch
can be determined in the following form:

(83)

Q1

1 1 —sq
¢®4)=————tak( = q) (84)
v1—sq q
and the cdf of ¢ becomes
), (85)

erfc(x) = % /OoexP(_tZ) dt (86)

F(@)=1—¢0,q)=1 —erfc(

<75

where

is the complementary error function.

6 Determination of PCF

In this section, we determine the PCF for the first stage of the PPIC. From [14], the
linear MMSE solution of the PCF for the first stage of the PPIC is given by

‘722,0 — 0£101,102,0

Pl,opt = (87)

2 2 ’
011+ 050—2p101,102,0
where

of \=E{(1+5 — 1)} (88)
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is the power of the residual MAI plus the background noise forming at the GR back
end at the first stage;

o30=E{(II+)?} (89)

is the power of the true MAI plus the background noise forming at the GR back end
(also called the Oth stage);

pro11020=E{(I + & — DU+ )} (90)

is the correlation between these two interference terms. The linear MMSE solution
of the PCF for the first stage of the PPIC can be rewritten as

i (UL 1)
T EUR
. 1

- ~(0) 2(0
s+ L SuSuElpupubl b}

K K K

1 2 7(0) 1-.(0

x {N > Sa(l—2Pser,,) + Y Y SuSvE{pupubl’bP}
u#l u#l v£Lu

K
+ZSUE{pvzczl35°)}}, 1)
v#l

where S, (t) = h, (t)A,(¢) is the received signal amplitude envelope for the user u
and A, (?) is the transmitted signal amplitude of user u; Pggg,, is the BER of user u
at the corresponding output of the GR;

JA 1
E{bb"} =1-2Pppg,, and E{p}}=—

N (92)

The channel gain £, is included into the received signal amplitude envelope S, (¢).

The PCF p1 opt can be regarded as the normalized correlation between the true
MALI plus background noise forming at the GR back end and the estimated MAI.
Assume that

b= {b}j_, (93)
is the data set of all users;
pP= {/Okl}gl:] 94)

is the correlation coefficient set of random sequences
Fy0mo (BOb. 0) = N(E{5b. o}, 4D07) ©3)

is the conditional normal pdf of E,SO) given b and p and fE(O) 5O p(BfP), l;l(,o)lb, P)

0
v

is the conditional joint normal pdf of 1550) and b given b and p. Following the
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derivations in [12], the expectation terms with hard decisions in (91) can be evaluated
based by Price’s theorem [39] as follows:

E{pupub?b"} = E{E{E{pupuby’b}" b, p}Ip}}

= E{E{pupub? 20, — Dlp}}: (96)
E{pucib®) = E{E{E{putib® b, p}Ip}}
=8Dj0, E{E{p} fz00, ,OIb. p)Ip}}: 97)

E{pulpvlgl(l())l;q()())} = E{E{E{,Oulpvll;,(,o)l;g()”h p}|p}}
= E{E{pulpvl[16puvD£0'jf1;aU)J;:}J)|b’p(o’ Ob, p)

+ (204 — D20y — D]Ip}} (98)
where
EBOm,
01 = Q(—#), (99)

where Var{¢;} = 4Dﬁcr,‘l1 is the variance of the total background noise forming at the
GR back end; anZ is the variance of the additive Gaussian noise at the PF and AF
outputs of GR front end linear tract; Q(x) is the Gaussian Q-function defined by
(79).

Although numerical integration in [12, 17] can be adopted for determining the
optimal PCF p; op for the first stage based on (91)—(97), it requires a huge compu-
tational complexity. To simplify this problem, we assume that the total background
noise forming at the GR back end can be considered as a constant factor and may be
small enough such that the Q functions in (96) and (98) are all constants and (97) can
be approximated by zero. That is

- 452
4p%c* in {M{bOb, pl1? = 2m 100
W < {Islkl,lg}{ (0" 1b. o} N2 (100)
where [36]
K
Sw=minSt; Y Sibeprr = —Submppy:  and  min | — ), =2N"".
k#m
(101)
Now, we can rewrite (96) and (98) in the following form:
E{E{pupub’ 20, — DIp}} = BiE{pupu} E{b"|p} =0; (102)

E{E{pupu[ 1604 Djioy f50 sy, ,(0.01b, p) + (20, — D(2Qy — D]Ip}}
= E{E{16Dj0, put o1 pus f50 50, 0. 01, @)} } + B2E{E{ pusrpuilp}}
=E{E

{16D30,3 put vt puv S50 500, (0. 01, p)[p} ], (103)
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where B; and B are constants. According to the assumptions made above,
f,;m) 50 p(O, 0|b, p) can be expressed by
u >%v ’

exp(—%mZB;lmb)
8w D}ot/1— pZ,
where m, = {E{b{” b, p}, E{6\” b, p}}T and B, = E{(b — my)(b — my)”} with

= ~(0) 70
b =[5y, b 1"
Since B;l is a positive semi-definite matrix, i.e., mZB,;lmb > (, we can have

T30 o, 50, 0b, p) = (104)

1
0< fl;;())’l;g())lpr(O, 0l|b, p) < max . (105)

) 254 2
puf;gil 8 Djo /1 — piy

With the above results,

min /1 — p2 _ -1l (106)
Puv-PuvEE] P ="N

where [36] pyp =1—2N"lor—14+2N~! and

N N N N
1 1
E{pui pv1 puv} = Z Z Z E{Cumclmcvpclpcuqcvq} = Z m = m (107)
m=1 p=1¢g=1 m=1
we can derive a range of pq opt:
K 2 K 2
2wz Si(1—2Pger,,) 2wzt Su PBER,

= Plopt < 11— (108)

K 1 K K K
D S+ /NI Dl Dol u SuSv D ul Si
If the power control is perfect, i.e., S, =S, = S and Pggr,, = PBgRr,, Where

PgEgR, is approximated by the BER of high SNR case, i.e., we have the Q(‘ / %)
function [6, 29], (108) can be rewritten as

I_ZQ(\/ L_) N
H—K—I;l = Plopt < 1— 2Q<‘l ﬁ) (109)

VN—-1

It is interesting to see that the lower and upper boundary values can be explicitly
calculated from the processing gain N and the number of users K.

7 Simulation Results
7.1 FIR Beamforming and MIMO System

For a definition of numerical results using simulation, we consider the typical urban
channel [16] of the GSM/EDGE system as a practical example. As is usually done for
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U Receiverin[35] L
—— GR : "
25 GRIIF

Ly=4L; Lg =3 0
Le=4L; Lg =1

< HD>e

10l (SNR) [dB]

-5

10lg (E5 /N, ) [dB]

Fig. 3 Average SNR of MMSE linear equalization at the GR for beamforming with FIR and infinite
impulse response filters. The result for single antenna transmission is also indicated (the curve 4). IIR is
for infinite impulse response beamforming filter

GSM/EDGE, the transmit pulse shape is modeled as a linearized Gaussian minimum-
shift keying pulse [37]. The GR input linear system filter is a square-root raised-
cosine filter with roll-off factor 0.3. Furthermore, we assume N7 = 3 transmit and
Ng = 3 receive antennas and a maximum channel length of L = 5. The correlation
coefficient between all pairs of transmit antennas is p = 0.5.

Figure 3 shows the average SNR as a function of the SNR noted by 16_2 for the GR
with MMSE linear equalization in the cases of FIR (the curves 2 and 3) and infinite
impulse response (the curve 1) beamforming filter, respectively, where E;, denotes
the average received energy per symbol. Curve 5 corresponds to the case for infinite
impulse response beamforming filter for receiver discussed in [38]. The SNR was
obtained by averaging the respective SNRs over 1000 independent realizations of the
typical urban channel. For this purpose, in the case of FIR beamforming filter at the
GR, the SNR given by (39) was used and the corresponding beamforming filters at
the GR were calculated using the gradient algorithm discussed in Sect. 3. For infinite
impulse response beamforming filter at the GR the result given in [53] was used.

Birkhauser



Circuits Syst Signal Process (2011) 30:1197-1230 1221

For comparison, we also show simulation results with FIR linear equalization fil-
ters at the GR of length L r = 4L for FIR beamforming filters at the GR with L, =1
(curve 3) optimized for infinite impulse response linear equalization filters at the GR.
These simulation results confirm that sufficiently long FIR linear equalization filters
at the GR closely approach the performance of infinite impulse response linear equal-
ization filters at the GR, which are necessary for (58) to be valid. As expected, the
beamforming with infinite impulse response beamforming filters at the GR consti-
tutes a natural performance upper bound for the beamforming with FIR beamform-
ing filters at the GR. However, interestingly, for the typical urban channel the FIR
beamforming filter of length L, = 3 (curve 2) is sufficient to closely approach the
performance of the infinite impulse response beamforming at the GR (curve 1).

We note that for high values of f,—g even an FIR beamforming filter at the GR
of length L, = 1 achieves a performance gain of more than 4.5 dB compared to
single antenna transmission, i.e., Ny = Ng = | (curve 4). Additional simulations not
shown here for other GSM/EDGE channel profiles have shown that, in general, the
FIR beamforming filter at the GR of length L, < 6 is sufficient to closely approach
the performance of the infinite impulse response beamforming at the GR. Thereby,
the value of L, required to approach the performance of the infinite impulse response
beamforming at the GR seems to be smaller if the channel is less frequency selective.

7.2 Channel Estimation and Spatially Correlation

We choose the 0.5 rate Low Density Parity Check (LDPC) code with a block length
of 64 800 bits, which is also adopted by DVB-S.2 standard [13]. QPSK modula-
tion with Gray mapping is adopted in Ny = Ng = 4 MIMO system. Meanwhile,
we set oih =1, Nt = Ng, and Ep = Ej. The channel is generated with coher-
ence time of Np + Np = 85 MIMO vector symbol intervals, and then a LDPC
codeword is transmitted via 100 channel coherent time intervals for QPSK modu-
lation. For GR spatially correlated MIMO channel the GR array correlation matrix
R, with the following elements is adopted [31]: Ry(n,n) =1, Re(m, n) =R} (m, n),
m,n=1,2,3,4; Ry(1,2) = Rp(2,3) = Re(3,4) = 0.4290 + 0.7766; R(1,3) =
R;(2,4) = —0.3642 4+ 0.5490;; and R;(1,4) = —0.4527 — 0.0015;.

The performance comparison, in terms of BER, of the proposed soft-output
MMSE GR, the modified soft-output MMSE GR [51], the conventional soft-output
MMSE GR [55], and the conventional MMSE GR [24] is presented in Fig. 4 for spa-
tially independent MIMO channel and GR receiver spatially correlated MIMO chan-
nel. Also, a comparison with the soft-output MMSE V-BLAST detector discussed
in [26] is made. The proposed MMSE GR outperforms all the existing schemes with
considerable gain, especially for receiver correlation MIMO channel scenario. The
underlying reason of this improvement is that the MMSE GR, by taking channel es-
timation error, decision error propagation and channel correlation into account, can
output more reliable LLR to the channel decoder. As the channel estimation error is
the dominant factor influencing the system performance under the lower SNR region,
it can be observed that the BER of the conventional soft-output MMSE GR [55] is
slightly better than that of the modified soft-output MMSE GR in the case of spatially
independent MIMO channel.
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—————————————— a) b)

% MMSE GR

e MMSE GR [52]
A MMSE GR [50]
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Fig. 4 BER performance of different detectors under (a) spatially independent MIMO channel and (b) re-
ceiver spatially correlated MIMO channel

7.3 Hybrid Selection/Maximal-Ratio Combining

In this subsection we discuss some examples of the GR performance under quadra-
ture subbranch HS/MRC and HS/MRC schemes and compare with the conventional
HS/MRC receiver. The average SER of coherent BPSK and 8-PAM signals under
processing by the GR with quadrature subbranch HS/MRC and HS/MRC schemes
as a function of the average SNR per symbol per diversity branch for various val-
ues of 2L and 2N = 8 is presented in Fig. 5. It is seen that the GR performance
with quadrature subbranch HS/MRC and HS/MRC schemes with (L, N) = (3,4)
achieves virtually the same performance as the GR with traditional MRC, and
that the performance with (L, N) = (2,4) is typically less than 0.5 dB in SNR
poorer than the GR with traditional MRC in [21]. Also, a comparison with the
traditional HS/MRC receiver is made. The advantage of GR employment is evi-
dent.

The average SER of coherent BPSK and 8-PAM signals under processing by the
GR with quadrature subbranch HS/MRC and HS/MRC schemes as a function of av-
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Fig.5 Average SER of coherent BPSK and 8-PAM for the GR under quadrature subbranch HS/MRC and
HS/MRC schemes versus the average SNR per symbol per diversity for various values of 2L with 2N =8

erage SNR per symbol per diversity branch for various values of 2N with 2L =4 is
shown in Fig. 6. We note the substantial benefits of increasing the number of diversity
branches N for fixed L. Comparison with the traditional HS/MRC receiver is made.
The advantage of GR employment is evident.

Comparative analysis of the average BER as a function of the average SNR per
bit per diversity branch of coherent BPSK signals under the use of the GR with
quadrature subbranch HS/MRC and HS/MRC schemes and the GR with traditional
HS/MRC scheme for various values of L with N = 4 is presented in Fig. 7. To achieve
the same value of average SNR per bit per diversity branch, we should choose 2L
quadrature branches for the GR with quadrature subbranch HS/MRC and HS/MRC
schemes and L diversity branches for the GR with traditional HS/MRC scheme. Fig-
ure 7 shows that the performance of the GR with quadrature subbranch HS/MRC
and HS/MRC schemes is much better than that of the GR with traditional HS/MRC
scheme, about 0.5 dB to 1.2 dB when L is less than one half N. This difference
decreases with increasing L. This is expected because, when L = N, we obtain the
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Fig. 6 Average SER of coherent BPSK and 8-PAM for the GR under quadrature subbranch HS/MRC and
HS/MRC versus the average SNR per symbol per diversity for various values of 2N with 2L =4

same performance. Some discussion of the increases in GR complexity and power
consumption is in order.

We first note that the GR with quadrature subbranch HS/MRC and HS/MRC
schemes requires the same number of antennas as the GR with traditional HS/MRC
scheme. On the other hand, the former requires twice as many comparators as the
latter, to select the best signals for further processing. However, the GR designs that
process the quadrature signal components will require 2L receiver chains for either
the GR with quadrature subbranch HS/MRC and HS/MRC schemes or the GR with
traditional HS/MRC scheme. Such receiver designs will use only a little additional
power, as the GR chains consume much more power than the comparators.

On the other hand, the GR designs that implement co-phasing of the branch signals
without splitting the branch signals into the quadrature components will require L re-
ceiver chains for the GR with traditional HS/MRC scheme and 2L receiver chains
for the GR with quadrature subbranch HS/MRC and HS/MRC schemes, with corre-
sponding hardware and power consumption increases.
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Fig. 7 Comparison of the average BER of coherent BPSK and 8-PAM for the GR under quadrature
subbranch HS/MRC and HS/MRC schemes for various values of 2L with N =8

7.4 Synchronous DS-CDMA System

To demonstrate the usefulness of range of the optimal PCF given by (108), we per-
formed a number of simulations for a synchronous DS-CDMA wireless communi-
cation system employing GR with perfect power control. In the simulations, random
spreading codes with length N = 64 were used for each user and the number of
users was K = 40 [50]. Figure 8 shows the BER performance of the single-stage
hard-decision GR based on the PPIC for different magnitudes of SNR and various
values of PCFs, where the optimal PCF for the first stage lies between 0.3169 (lower
boundary) and 0.7998 (upper boundary). It can be seen that, for all the SNR cases, the
GR based on the PPIC using the average of the lower and upper boundary values, i.e.,
0.5584, as the PCF, has a BER performance close to that using the optimal PCF. Also,
comparative results when the GR is employed by DS-CDMA wireless communica-
tion systems with the conventional detector discussed in [40] are presented. These
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Fig. 8 The BER performance of the single-stage GR based on the PPIC with hard decisions for different
SNRs and PCFs

results show us the great superiority of the GR employment in DS-CDMA wireless
communication systems in comparison with employment of the conventional detector
discussed in [40].

Figure 9 shows the BER performance at each stage for the three-stage GR based on
the PPIC using different PCFs at the first stage, i.e., the average value and an arbitrary
value. The PCFs for these two three-stages cases are (ay, a2, a3) = 0.5584; 0.8; 0.9
and (ap, az,a3) = 0.7;0.8; 0.9, respectively. The results demonstrate that the BER
performance of the GR employed by DS-CDMA wireless communication systems of
the cases using the PCF at the first stage is better than the BER performance of the
GR implemented in DS-CDMA wireless communication system using an arbitrary
PCF at the first stage. Furthermore, the BER performance of the GR at the second
stage for the case of PCF at the first stage achieves a GR BER performance compa-
rable to that of the three-stage GR based on PPIC using an arbitrary PCF at the first
stage.
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Fig.9 The BER performance at each stage for three-stage GR based on the PPIC with hard decisions for
different PCFs at the first stage, i.e. an average value and an arbitrary value

8 Conclusions

In this paper, we have considered the FIR beamforming at the GR with perfect chan-
nel state information for single carrier transmission over frequency-selective fading
channels with zero-forcing linear equalization and GR MMSE linear equalization.
We employed a gradient algorithm for efficient recursive calculation of the FIR beam-
forming filters at the GR. Our results show that for typical GSM/EDGE channel pro-
files short FIR beamforming filters at the GR suffice to closely approach the per-
formance of optimum infinite impulse response beamforming at the GR discussed
in [53]. This is a significant result, since in practice, the quantized beamforming filter
coefficients have to be fed back from the receiver to the transmitter, which makes
short beamforming filters preferable.

The proposed MMSE GR outperforms all the existing schemes with considerable
gain especially for receiver correlation MIMO channel scenario. The underlying rea-
son of this improvement is that the MMSE GR, by taking the channel estimation error,
decision error propagation, and channel correlation into account, can output more re-
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liable LLR to channel decoder. As channel estimation error is the dominant factor
influencing the system performance under lower SNR region, it can observed that the
BER of the conventional soft-output MMSE GR [55] is slightly better than that of the
modified soft-output MMSE GR in the case of spatially independent MIMO channel.

The performance of the GR with quadrature subbranch HS/MRC and HS/MRC
schemes for 1-D signal modulations in Rayleigh fading is investigated. The SER
of M-ary PAM, including coherent BPSK, QPSK, and M-ary QAM modulation, is
derived. Results show that the GR with quadrature subbranch HS/MRC and HS/MRC
schemes performs substantially better than the GR with traditional HS/MRC scheme,
particularly, when L is smaller than one half N, and much better than the traditional
HS/MRC receiver.

We have also derived a range of the optimal PCF for the GR first stage based on
the PPIC, which is employed by a DS-CDMA wireless communication system, with
hard decisions in AWGN environment. Computer simulation results have shown that
the BER performance of the GR employed by DS-CDMA wireless communication
systems of the case using the average of the lower and upper boundary values is close
to the BER performance of the GR of the case using the real optimal PCF, whether
the SNR is high or low.

It has also been shown that the GR employment in DS-CDMA wireless communi-
cation system allows us to observe a great superiority over the conventional detector.
It has also been demonstrated that the two-stage GR based on the PPIC using the PCF
at the first stage achieves a GR BER performance comparable to that of the three-
stage GR based on the PPIC using an arbitrary PCF at the first stage. This means that
under the same BER performance, the number of stages (or complexity) required for
the multistage GR based on the PPIC can be reduced when the PCF is used at the first
stage. As well as AWGN environments, it can be shown that the PCF selection ap-
proach is applicable to multipath fading cases under GR employment in DS-CDMA
wireless communication systems even if non-perfect power control is assumed.

Acknowledgements This work was supported by Kyungpook National University Research Grant,
2009. Additionally, the author would like to thank the anonymous reviewers for the comments and sug-
gestions that helped to improve the quality of this paper.

References

1. K. Abed-Meraim, W. Qaiu, Y. Hua, Blind system identification. Proc. IEEE 85(8), 1310-1322 (1997)

2. M.-S. Alouini, A.J. Goldsmith, A unified approach for calculating error rates of linearly modulated
signals over generalized fading channels. IEEE Trans. Commun. 47(9), 1324-1334 (1999)

3. M.-S. Alouini, M.K. Simon, Performance of coherent receivers with hybrid SC/MRC over Nakagami
m-fading channels. IEEE Trans. Veh. Technol. 48(4), 1155-1164 (1999)

4. M.-S. Alouini, M.K. Simon, An MGF-based on performance analysis of generalized selection com-
bining over Rayleigh fading channels. IEEE Trans. Commun. 48(3), 401-415 (2000)

5. A. Annamalai, C. Tellambura, A new approach to performance evaluation of generalized selection
diversity receivers in wireless channels, in Proc. IEEE Vehicle Technology Conference, vol. 4 (2001),
pp- 2309-2313

6. D.R. Brown III, C.R. Johnson Jr., SINR, power efficiency, and theoretical system capacity of parallel
interference cancellation. J. Commun. Netw. 3(9), 228-237 (2001)

7. J. Choi, R. Heath, Interpolation based transmit beamforming for MIMO-OFDM with limited feed-
back. IEEE Trans. Signal Process. 53(11), 4125-4135 (2005)

Birkhauser



Circuits Syst Signal Process (2011) 30:1197-1230 1229

8.

9.

10.

12.

13.

14.

15.

16.
17.

18.

20.

21.

22.

23.

24.

25.

26.

217.

28.

29.

30.

31.

32.

33.

J.M. Cioffi, G.P. Dudevoir, M.V. Eyuboglu, G.D. Forney Jr., MMSE decision-feedback equalizers and
coding—part I: equalization results. IEEE Trans. Commun. 43(10), 2582-2594 (1995)

M.V. Clark, L.J. Greenstein, W.K. Kennedy, M. Shafi, Optimum linear diversity receivers for mobile
communications. IEEE Trans. Veh. Technol. 43(2), 47-56 (1994)

J.W. Craig, A new, simple and exact result for calculating the probability of error for two-dimensional
signal constellations, in Proc. IEEE International Conference on Military Communications, Mil-
com’91 (1991), pp. 571-575

. P.Dighe, R. Mallik, S. Jamuar, Analysis of transmit-receive diversity in Rayleigh fading. IEEE Trans.

Commun. 51(4), 694-703 (2003)

D. Divsalar, M.K. Simon, D. Raphaeli, Improved parallel interference cancellation for CDMA. IEEE
Trans. Commun. 46(2), 258-268 (1998)

ETSI EN302 307 V1.1.1 (2004-2006), Digital video broadcasting (DVB); Second generation fram-
ing structure, channel coding and modulation systems for broadcasting, interactive services, news
gathering and other broad-band satellite applications

W. Gerstacker, R. Schober, Equalization concepts for EDGE. IEEE Trans. Wirel. Commun. 1(1),
190-199 (2002)

M. Ghotobi, M.R. Soleymani, Multiuser detection of DS-CDMA signals using partial parallel inter-
ference cancellation in satellite communications. IEEE J. Sel. Areas Commun. 22(4), 584-593 (2004)
GSM recommendation 05.05: Propagation conditions, Version 5.3.0, release 1996

D. Guo, Linear parallel interference cancellation in CDMA. M. Eng. thesis, Nat. Univ. Singapore,
1998

Y.-T. Hsieh, W.-R. Wu, Optimal two-stage decoupled partial PIC receivers for multiuser detection.
IEEE Trans. Wirel. Commun. 4(1), 112-127 (2005)

. G. Jongren, M. Skoglund, B. Ottersten, Combining beamforming and orthogonal space-time block

coding. IEEE Trans. Inf. Theory 48(3), 611-627 (2002)

S.M. Kay, Fundamentals of Statistical Signal Processing: Estimation Theory (Prentice-Hall, Engle-
wood Cliffs, 1993)

J.H. Kim, J.-H. Kim, V. Tuzlukov, W.-S. Yoon, Y.D. Kim, FFH and MCFH spread spectrum wire-
less sensor network systems based on the generalized approach to signal processing. WSEAS Trans.
Comput. 3(6), 1794-1801 (2004)

J.H. Kim, V. Tuzlukov, W.S. Yoon, Y.D. Kim, Generalized detector under nonorthogonal multipulse
modulation in remote sensing systems. WSEAS Trans. Signal Process. 2(1), 203-208 (2005)

J.H. Kim, V. Tuzlukov, W.S. Yoon, Y.D. Kim, Macrodiversity in wireless sensor networks based on
the generalized approach to signal processing. WSEAS Trans. Commun. 4(8), 648—653 (2005)

J.H. Kim, V. Tuzlukov, W.S. Yoon, Y.D. Kim, Performance analysis under multiple antennas in wire-
less sensor networks based on the generalized approach to signal processing. WSEAS Trans. Com-
mun. 4(7), 391-395 (2005)

N. Kong, L.B. Milstein, Average SNR of a generalized diversity selection combining scheme. IEEE
Commun. Lett. 3(3), 57-59 (1999)

K. Lee, J. Chun, Symbol detection in V-BLAST architectures under channel estimation error. IEEE
Trans. Wirel. Commun. 6(2), 593-597 (2007)

H. Lee, 1. Lee, New approach for error compensation in coded V-BLAST OFDM systems. IEEE
Trans. Commun. 55(2), 345-355 (2007)

H. Lee, B. Lee, 1. Lee, Iterative detection and decoding with an improved V-BLAST for MIMO-
OFDM systems. IEEE J. Sel. Areas Commun. 24(3), 504-513 (2006)

J.C. Liberti Jr., T.S. Rappaport, Smart Antennas for Wireless Communications: 1S-95 and Third Gen-
eration CDMA Applications (Prentice Hall, Upper Saddle River, 1999)

D. Love, R. Heath, T. Strohmer, Grassmannian beamforming for multiple-input multiple-output wire-
less systems. IEEE Trans. Inf. Theory 49(10), 2735-2747 (2003)

Lucent, Nokia, Simens, Ericsson, A standard set of MIMO radio propagation channels, 3GPP
TSGR323 R1-01-1179

R.K. Malik, M.Z. Win, Analysis of hybrid selection/maximal-ratio combining in correlated Nakagami
fading. IEEE Trans. Commun. 50(8), 1372-1383 (2002)

T.L. Marzetta, BLAST training: estimating channel characteristics for high-capacity space-time wire-
less, in Proc. 37th Annual Allerton Conference on Communications, Control, and Computing (1999),
pp. 958-966

. U. Mengali, A.N.D. Andrea, Synchronization Techniques for Digital Receivers (Plenum, New York,

1997)

Birkhauser



1230 Circuits Syst Signal Process (2011) 30:1197-1230

35.

36.

37.

38.

39.

40.
41.

42.

44,

45.
46.

47.
48.

49.
50.

S1.

52.

53.

54.

55.

56.

57.

58.

59.

60.

61.

T.K. Moon, W.C. Stirling, Mathematical Methods and Algorithms for Signal Processing (Prentice
Hall, New York, 2000)

R.K. Morrow Jr., J.S. Lehnert, Bit-to-bit error dependence in slotted DS/SSMA packer systems with
random signature sequences. IEEE Trans. Commun. 37(10), 1052-1061 (1989)

K. Mukkavilli, A. Sabharwal, E. Erkip, B. Aazhang, Beamforming with finite rate feedback in multi-
ple antenna systems. IEEE Trans. Inf. Theory 49(10), 2562-2579 (2003)

D.P. Palomar, M.A. Lagunas, Joint transmit-receive space-time equalization in spatially correlated
MIMO channels: a beamforming approach. IEEE J. Sel. Areas Commun. 21, 730-743 (2003)

A. Papoulis, S.U. Pillai, Probability, Random Variables and Stochastic Processes, 4th edn. (McGraw-
Hill, New York, 2002)

J.G. Proakis, Digital Communications, 4th edn. (McGraw-Hill, New York, 2001)

P.G. Renucci, B.D. Woerner, Optimization of soft interference cancellation for DS-CDMA. Electron.
Lett. 34(4), 731-733 (1998)

G. Taricco, E. Biglieri, Space-time decoding with imperfect channel estimation. IEEE Trans. Wirel.
Commun. 4(4), 1874-1888 (2005)

. L. Tong, S. Perreau, Multichannel blind identification: from subspace to maximal likelihood methods.

Proc. IEEE 86(10), 1951-1968 (1998)

J.K. Tugnait, L. Tong, Z. Ding, Single user channel estimation and equalization. IEEE Signal Process.
Mag. 17(3), 17-28 (2000)

V. Tuzlukov, Signal Processing in Noise: A New Methodology (IEC, Minsk, 1998)

V. Tuzlukov, A new approach to signal detection theory. Digit. Signal Process., Rev. J. 8(3), 166-184
(1998)

V. Tuzlukov, Signal Detection Theory (Springer, New York, 2001)

V. Tuzlukov, Signal Processing Noise (CRC Press, Boca Raton, 2002)

V. Tuzlukov, Signal and Image Processing in Navigational Systems (CRC Press, Boca Raton, 2004)
V. Tuzlukov, Selection of partial cancellation factors in DS-CDMA systems employing the general-
ized detector, in Proc.12th WSEAS International Conference on Communications: New Aspects of
Communications (2008), pp. 129-134

V. Tuzlukov, Multiuser generalized detector for uniformly quantized synchronous CDMA signals in
wireless sensor networks with additive white Gaussian noise channels, in Proc. International Confer-
ence on Control, Automation, and Systems, ICCAS 2008 (2008), pp. 1526-1531

V. Tuzlukov, Multiuser generalized detector for uniformly quantized synchronous CDMA signals in
AWGN Channels. Telecommun. Rev. 20(5), 836-848 (2010)

V. Tuzlukov, W.S. Yoon, Y.D. Kim, Adaptive beam-former generalized detector in wireless sensor
networks, in Proc. The IASTED International Conference on Parallel and Distributed Computing and
Networks, PDCN 2004 (2004), pp. 195-200

V. Tuzlukov, W.S. Yoon, Y.D. Kim, Wireless sensor networks based on the generalized approach to
signal processing with fading channels and receive antenna array. WSEAS Trans. Circuits Syst. 10(3),
2149-2155 (2004)

V. Tuzlukov, W.S. Yoon, Y.D. Kim, MMSE multiuser generalized detector for nonorthogonal mul-
tipulse modulation in wireless sensor networks, in Proc. 9th World Multi-Conference on Systemics,
Cybernetics and Informatics, WMSCI 2005 (2005)

J. Wang, S. Li, Capacity and performance of MIMO BICM system with soft-output MMSE soft
interference cancellation, in Proc. CCNC 2008 (2008)

M.X. Win, J.H. Winters, Analysis of hybrid selection/maximal ratio combining in Rayleigh fading.
IEEE Trans. Commun. 47(12), 1773-1776 (1999)

M.Z. Win, J.H. Winters, Virtual branch analysis of symbol error probability for hybrid
selection/maximal-ratio combining in Rayleigh fading. IEEE Trans. Commun. 49(11), 1926-1934
(2001)

K.-M. Wu, C.-L. Wang, Soft-input soft-output partial parallel interference cancellation for DS-CDMA
systems, in Proc. IEEE International Conference on Communications, ICC’01 (2001), pp. 1172-1176
G. Xue, J.F. Weng, T. Le-Ngoc, S. Tahar, An analytic model for performance evaluation of parallel
interference cancellers in CDMA systems. IEEE Commun. Lett. 4(6), 184—186 (2000)

R.E. Ziemer, W.H. Tranter, Principles of Communications: Systems, Modulation, and Noise, 6th edn.
(Wiley, New York, 2010)

Birkhauser



	Signal Processing by Generalized Receiver in DS-CDMA Wireless Communication Systems with Frequency-Selective Channels
	Abstract
	Introduction
	Linear Equalization with FIR Beamforming Filters
	Channel Estimation and Spatially Correlation
	Optimal Combining
	Partial Cancellation

	Problem Statement and System Model
	MIMO System
	Hybrid Selection/Maximal-Ratio Combining
	Generalized Receiver (GR)
	Synchronous DS-CDMA System

	FIR Beamforming for Linear Equalization at the GR
	MMSE GR
	Channel Estimation
	Computation of MMSE GR
	Computation of LLR
	Remarks

	Performance Analysis
	Symbol Error Rate Expression
	MGF of qQBHS/MRC

	Determination of PCF
	Simulation Results
	FIR Beamforming and MIMO System
	Channel Estimation and Spatially Correlation
	Hybrid Selection/Maximal-Ratio Combining
	Synchronous DS-CDMA System

	Conclusions
	Acknowledgements
	References


