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Abstract—This paper describes two blind algorithms for

multicarrier code division multiple access (MC-CDMA) sys-

tem equalization. In order to identify, blindly, the impulse

response of two practical selective frequency fading chan-

nels called broadband radio access network (BRAN A and

BRAN E) normalized for MC-CDMA systems, we have used

higher order cumulants (HOC) to build our algorithms. For

that, we have focussed on the experimental channels to develop

our blind algorithms able to simulate the measured data with

high accuracy. The simulation results in noisy environment

and for different signal to noise ratio (SNR) demonstrate that

the proposed algorithms are able to estimate the impulse re-

sponse of these channels blindly (i.e., without any informa-

tion about the input), except that the input excitation is i.i.d.

(identically and independent distributed) and non-Gaussian.

In the part of MC-CDMA, we use the zero forcing and the

minimum mean square error equalizers to perform our algo-

rithms. The simulation results demonstrate the effectiveness

of the proposed algorithms.

Keywords—blind identification and equalization, communica-

tion channels, higher order cumulants, MC-CDMA systems.

1. Introduction

Many important results [1]–[8] are established that blind

identification of finite impulse response (FIR) single-input

single-output (SISO) communication channels is possible

only from the output second-order statistics, without us-

ing any restrictive assumption on the channel zeros, color

of additive noise, channel order over-estimation errors, and

without increasing the transmission rate of the data stream.

Those algorithms have been termed transmitter-induced

multistationary approaches. Some class of algorithms

for blind channel identification are based on the iterative

strategy.

The interest in higher order cumulants (HOC) or higher

order statistics (HOS) is permanently growing in the last

years. Principally finite impulse response system identifica-

tion based on HOC of system output has received more at-

tention. Tools that deal with problems related to either non-

linearity, non-Gaussianity, or non-minimum phase (NMP)

systems are available, because they contain the phase in-

formation of the underlying linear system in contrast to

second order statistics, and they are of great value in ap-

plications, such as radar, sonar, array processing, blind

equalization, time delay estimation, data communication,

image and speech processing and seismology [9]–[12].

Many algorithms have been proposed in the literature for

the identification of FIR system using cumulants. These

algorithms can be classified into three broad classes of

solutions: closed form solutions [13], [14], [15], opti-

mization based solutions [16], [17] and linear algebra so-

lutions [18]–[25]. The linear algebra solutions have re-

ceived great attention because they have “simpler” compu-

tation and are free of the problems of local extreme values

that often occur in the optimization solution. Although,

the closed-form solutions have similar features, they usu-

ally do not smooth out the noises caused from the obser-

vation and computation. Therefore, while these solutions

are interesting from the theoretical point of view, they are

not recommended for practical applications [26], [25]. The

main goal of this investigation is to elaborate an accurate

and efficient algorithm able to estimate the moving aver-

age (MA) (or FIR) parameters in noisy environment. So,

we address the problem of estimating the parameters of

a FIR system from the output observation when the system

is excited by an unobservable independent identically dis-

tributed (i.i.d.) sequence. The proposed algorithms, based

on third and fourth order cumulants, to estimate the parame-

ters of MA process when the order is known, are presented.

For validation purpose these method are used to search for

a model able to describe the broadband radio access net-

work (BRAN A and BRAN E) channels, represented by

a FIR model.

In this paper we present two algorithms based on linear

algebra solutions. These algorithms are based on third

and fourth order cumulants. Our goal in this paper is to

find a model able to represent the mobile channels without

reference to the measures, standardized by the European

Telecommunications Standards Institute (ETSI) for the “in-

side” indoor (BRAN A) or “outside” of an outdoor office

(BRAN E) [27], [28]. Similarly, we perform the equal-
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ization, using the model developed a multicarrier multiple

access division of codes (MC-CDMA) downlink [29], [30].

For this, we develop a “blind” algorithm able to simulate

the measured data with high accuracy in noisy environment,

and for different signal to noise ratio (SNR).

So, we have, principally, focussed on channel impulse re-

sponse estimation. The considered channels are with non-

minimum phase and selective frequency (i.e., normalized

channels for MC-CDMA: BRAN A, BRAN E). In most

wireless environments, there are many obstacles in the

channels, such as buildings, mountains and walls between

the transmitter and the receiver. Reflections from these

obstacles cause many different propagation paths. This

is called multipaths propagation or a multipath channel.

The frequency impulse response of this channel, is not flat

(ideal case) but comprising some hollows and bumps, due

to the echoes and reflection between the transmitter and

the receiver. Another problem encountered in communi-

cation is the synchronization between the transmitter and

the receiver. To solve the problem of phase estimation we

will use higher order cumulants (HOC) to test the robust-

ness of those techniques if the channel is affected by noise.

HOC are a fairly topic with many applications in system

theory. The HOC are only applicable to non-Gaussian and

non-linear process because the cumulants of a Gaussian

process are identically zero [2], [21], [31]. Many real world

applications are truly non-Gaussian [2], [4], [32]. Also,

the Fourier transformation of HOC, which is termed higher

order spectra (or polyspectra), provides an efficient tool

for solving the problem of equalization technology used in

communication. The major feature of HOC, from the point

of view of equalization, is that the phase information of

channels is present [7], [22], [23], [33]. Therefore they can

be used to estimate the parameters of the channel model

without any knowledge of the phase property (minimum

phase – MP or non-minimum phase – NMP) of channel

or the transmitted data (assuming a non-Gaussian distribu-

tion) [2], [4], [26].

In this paper, we propose two algorithms based on third

and forth order cumulants. In order to test its efficiency,

we have considered practical, i.e., measured, frequency-

selective fading channel, called broadband radio access net-

work, representing respectively the transmission in indoor

and outdoor scenarios. These model radio channels are

normalized by the ETSI in [27], [28]. Post-equalization at

the receiver for downlink MC-CDMA systems in the form

of single-user detection (SUD), i.e., transmission from the

base station to the mobile systems, has been investigated by

several authors, [34], [32], [35]. Recently, pre-equalization

at the transmitter for downlink time division duplex (TDD),

MC-CDMA has attained increased interest and has been

investigated in details [30], [32], [34], [36], [37]. In this

contribution, the novel concept of blind equalization is de-

veloped and investigated for downlink MC-CDMA systems.

This paper shows that we can identify and equalize the

MC-CDMA systems blindly. However, the classical equal-

ization of MC-CDMA system assumes that the channel

is known. The bit error rate (BER) performances of the

downlink MC-CDMA systems, using blind BRAN A and

BRAN E estimation, are shown and compared with the

results obtained with the classical methods (in which, the

channel parameters are assumed known).

1.1. Problem Statement

The output of a FIR channel, excited by an unobservable

input sequences, i.i.d. zero-mean symbols with unit energy,

across a selective channel with memory p and additive

noise (Figure 1). The output time series is described by

the following equation

r(k) = hpx(k)+ n(k) , (1)

where hp = (h(1),h(2), . . . ,h(p)) represents the channel

impulse response, x(k) and n(t) is the additive colored

Gaussian noise with energy E{n2(k)} = σ2.

Fig. 1. Channel model.

The completely blind channel identification problem is to

estimate hp based only on the received signal r(k) and with-

out any knowledge of the energy of the transmitted data x(k)
nor the energy of noise.

The output of the channel is characterized by its impulse

response h(n), which we identify “blindly” its parameters,

is given by the following equation

y(k) =
P

∑
i=0

x(i)h(k− i); r(k) = y(k)+ n(k) . (2)

1.2. Proposed Algorithms

1.2.1. Algorithm Based on 3th Order Cumulant: Alg. 1

Hypothesis:

Let us suppose that:

• The additive noise n(k) is Gaussian, colored or with

symmetric distribution, zero mean, with variance σ2,

i.i.d. with the mth order cumulants vanishes for

m > 2.

• The noise n(t) is independent of x(k) and y(k).

• The channel (FIR system) order p is supposed to be

known and h(0) = 1.

• The system is causal, i.e., h(i) = 0 if i < 0.
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The mth order cumulant of the output signal is given by

the following equation [21], [38], [39]:

Cmy(t1, ...,tm−1) = γmx

+∞

∑
i=−∞

h(i)h(i+ t1)...h(i+ tm−1) , (3)

where γmx represents the mth order cumulants of the exci-

tation signal (x(k)) at origin.

If m = 3, Eq. (3) yield to

C3y(t1,t2) = γ3x

P

∑
i=0

h(i)h(i+ t1)h(i+ t2) , (4)

the same, if m = 2, Eq. (3) becomes

C2y(t1) = σ2
P

∑
i=0

h(i)h(i+ t1) . (5)

The Fourier transform of Eqs. (4) and (5) gives us the

bispectra and the spectrum respectively

S3y(ω1,ω2) = γ3xH(ω1)H(ω2)H(−ω1 −ω2) , (6)

S2y(ω) = σ2H(ω)H(−ω) . (7)

If we suppose that ω = (ω1 + ω2), Eq. (7) becomes

S2y(ω1 + ω2) = σ2H(ω1 + ω2)H(−ω1 −ω2) , (8)

then, from Eqs. (6) and (8) we obtain the following equation

H(ω1 + ω2)S3y(ω1 + ω2) = εH(ω1)H(ω2)S2y(ω1 + ω2) ,
(9)

where ε = (
γ3x

σ2
).

The inverse Fourier transform of Eq. (9) demonstrates

that the 3rd order cumulants, the auto-correlation function

(ACF) and the impulse response channel parameters are

combined by the following equation

P

∑
i=0

h(i)C3y(t1−i,t2−i) =ε
P

∑
i=0

h(i)h(i+t2−t1)C2y(t1−i) . (10)

If we use the property of the ACF of the stationary process,

such as C2y(t) 6= 0 only for (−p ≤ t ≤ p) and vanishes

elsewhere. In addition, if we take t1 = −p, Eq. (10) takes

the form

P

∑
i=0

h(i)C3y(−p− i,t2− i) = εh(0)h(t2 + p)C2y(−p) , (11)

else, if we suppose that t2 = −p, Eq. (11) will become

C3y(−p,−p) = εh(0)C2y(−p) . (12)

Using Eqs. (11) and (12) we obtain the following relation

P

∑
i=0

h(i)C3y(−p− i,t2 − i) = h(t2 + p) , (13)

else, if we suppose that the system is causal, i.e., h(i) = 0
if i < 0. So, for t2 = −p, ...,0, the system of Eq. (13) can
be written in matrix form as





C3y(−p−1,−p−1) . . . C3y(−2p,−2p)
C3y(−p−1,−p)−α . . . C3y(−2p,−2p+1)

...
. . .

...

C3y(−p−1,1) . . . C3y(−2p,−p)−α









h(1)
h(2)

...

h(p)





=





0

−C3y(−p,−p+1)
..
.

−C3y(−p,0)




, (14)

where α = C3y(−p,−p).

The above Eq. (14) can be written in compact form as

Mhp = d1 , (15)

where M is the matrix of size (p+1)× (p) elements, hp is

a column vector constituted by the unknown impulse re-

sponse parameters h(n) : n = 1, . . . , p and d is a column

vector of size (p + 1)× (1) as indicated in the Eq. (14).

The least squares solution (LS) of the system of Eq. (15),

permits blindly identification of the parameters h(n) and

without any “information” of the input selective channel.

So, the solution will be written under the following form

hp = (MT M)−1MT d1 . (16)

1.2.2. Algorithm Based on 4th Order Cumulants: Alg. 2

From the Eq. (3), the mth and nth cumulants of the output

signal, {y(n)}, and the coefficients {h(i)}, where n > m,

are linked by the following relationship:

p

∑
j=0

h( j)Cny( j + t1, . . . , j + tm−1,tm, . . . ,tn−1)

=
γne

γme

p

∑
i=0

h(i)

[
n−1

∏
k=m

h(i+tk)

]
Cmy(i+t1, . . . , i+ tm−1). (17)

If we take n = 4 and m = 3 into Eq. (17), we find the basic

relationship developed in [40], [41]. If we take n = 3 and

m = 2 into Eq. (16), we find the basic relationship of the

algorithms developed in [2].

So, the equation proposed in [42] presents the relationship

between different nth cumulant slices of the output signal

{y(n)}, as follows

p

∑
j=0

h( j)

[
r

∏
k=1

h( j+tk)

]
Cny(β1, . . . ,βr, j+α1, . . . ,αn−r−1)

=
p

∑
i=0

h(i)

[
r

∏
k=1

h(i+βk)

]
Cny(t1, . . . ,tr, i+α1, . . . , i+αn−r−1), (18)

where 1 ≤ r ≤ n−2.
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If we take n = 3 we obtain that r = 1, so the Eq. (17) will

be

p

∑
j=0

h( j)h( j+t1)C3y(β1, j+α1)=
p

∑
i=0

h(i)h(i+β1)C3y(t1, i+α1).

(19)

In the following, we develop an algorithm based only on

4th order cumulants.

If we take n = 4 into Eq. (18) we obtain the following

equation:

p

∑
i=0

h(i)h(i+ t1)h(i+ t2)C4y(β1,β2, i+ α1)

=
p

∑
j=0

h( j)h( j + β1)h( j + β2)C4y(t1,t2, j + α1) , (20)

if t1 = t2 = p and β1 = β2 = 0, Eq. (20) take the form:

h(0)h2(p)C4y(0,0, i+ α1) =
p

∑
j=0

h3( j)C4y(p, p, j + α1) .

(21)

As the system is a FIR, and is supposed causal with an

order p, so, the j +α1 will be necessarily into the interval

[0, p], this implies that the determination of the range of

the parameter α1is obtained as follows: 0 ≤ j + α1 ≤ p ⇒
− j ≤ α1 ≤ q− j, and we have 0 ≤ j ≤ p. From these two

inequations, we obtain:

−p ≤ α1 ≤ p . (22)

Then, from the Eqs. (20) and (21) we obtain the following

system of equations :





C4y(p, p,−p) · · · C4y(p, p,0)
...

. . .
...

C4y(p, p,0) · · · C4y(p, p, p)
...

. . .
...

C4y(p, p, p) · · · C4y(p, p,2p)









h3(0)
...

h3(i)
...

h3(p)





= h(0)h2(p)





C4y(0,0,−p)
...

C4y(0,0,0)
...

C4y(0,0, p)




(23)

and as we have assumed that h(0) = 1, if, we consider that

h(p) 6= 0 and the cumulant Cmy(t1, . . . ,tm−1) = 0, if one of

the variables tk > p, where k = 1, . . . ,m−1; the system of

Eq. (23) will be written as follows:





0 · · · 0 C4y(p, p,0)
...

. . .
...

0

C4y(p, p,0) · · · C4y(p, p, p)
...

. . . 0
...

C4y(p, p, p) 0 · · · 0









1
h2(p)

...
h3(i)
h2(p)

...
h3(p)

h2(p)





=





C4y(0,0,−p)
...

C4y(0,0,0)
...

C4y(0,0, p)




. (24)

In more compact form, the system of Eq. (24) can be writ-

ten in the following form:

Mbp2
= d2 , (25)

where M, bq and d are defined in the system of Eq. 24).

The least squares solution of the system of Eq. (25) is given

by:

b̂p2
= (MT M)−1MT d2 . (26)

This solution give us an estimation of the quotient of the pa-

rameters h3(i) and h3(p), i.e., bp2
(i)=

(̂
h3(i)
h3(p)

)
, i = 1, . . . , p.

So, in order to obtain an estimation of the parameters ĥ(i),
i = 1, . . . , p we proceed as follows:

• The parameters h(i) for i = 1, . . . , p−1 are estimated

from the estimated values b̂p(i) using the following

equation:

ĥ(i)=sign
[
b̂p2

(i)(b̂p2
(p))2

]{
abs(b̂p2

(i))(b̂p2
(p))2

} 1
3

(27)

where sign(x) =






1, if x > 0;

0, if x = 0;

−1, if x < 0.
and abs(x) = |x| indicates the absolute value of x.

• The ĥ(p) parameters is estimated as follows :

ĥ(p)=
1

2
sign

[
b̂p2

(p)
]{

abs(b̂p2
(p))+

( 1

b̂p2
(1)

)1
2

}
.

(28)

2. Application: Identification and

Equalization of MC-CDMA System

The principles of MC-CDMA [37] is that a single data

symbol is transmitted at multiple narrow band subcarri-

ers. Indeed, in MC-CDMA systems, spreading codes are
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applied in the frequency domain and transmitted over in-

dependent sub-carriers. However, multicarrier systems are

very sensitive to synchronization errors such as symbol tim-

ing error, carrier frequency offset and phase noise. Syn-

chronization errors cause loss of orthogonality among sub-

carriers and considerably degrade the performance espe-

cially when large number of subcarriers presents. There

have been many approaches on synchronization algorithms

in [30], [32]. In this part, we describe a blind equalization

techniques for MC-CDMA systems using the algorithms

(see Section 1.2) presented above.

2.1. MC-CDMA Transmitter

In the MC-CDMA modulator the complex symbol ai of

each user i is, first, multiplied by each chip ci,k of spreading

code, and then applied to the modulator of multicarriers.

Each subcarrier transmits an element of information mul-

tiply by a code chip of that subcarrier. We consider, for

example, the case where the length Lc of spreading code

is equal to the number Np of subcarriers. The optimum

space between two adjacent subcarriers is equal to inverse

of duration Tc of chip of spreading code in order to guaran-

tee the orthogonality between subcarriers. The MC-CDMA

emitted signal is given by

x(t) =
ai√
Np

Nu−1

∑
q=0

Np−1

∑
k=0

ci,ke2 j fkt , (29)

where fk = f0 + 1
Tc

, Nu is the user number and Np is the

number of subcarriers.

We suppose that the channel is time invariant and it’s im-

pulse response is characterized by P paths of magnitudes βp

and phases θp. So the impulse response is given by

h(τ) =
P−1

∑
p=0

βpe jθpδ (τ − τp).

The relationship between the emitted signal s(t) and the

received signal r(t) is given by: r(t) = h(t)∗ x(t)+ n(t)

r(t) =

+∞∫

−∞

P−1

∑
p=0

βpe jθpδ (τ − τp)x(t − τ)dτ + n(t)

=
P−1

∑
p=0

βpe jθpx(t − τp)+ n(t) , (30)

where n(t) is an additive white Gaussian noise (AWGN).

2.2. MC-CDMA Receiver

The downlink received MC-CDMA signal at the input re-

ceiver is given by the following equation

r(t) =
1√
Np

P−1

∑
p=0

Np−1

∑
k=0

Nu−1

∑
i=0

×

× ℜ
{

βpe jθ aici,ke2 jπ( f0+k/Tc)(t−τp)
}

+ n(t) , (31)

The equalization goal, is to obtain a good estimation of

the symbol ai. At the reception, we demodulate the signal

according the Np subcarriers, and then we multiply the re-

ceived sequence by the code of the user. Figure 2 explains

the single user-detection principle.

Fig. 2. Principle of the single user-detection.

After the equalization and the spreading operation, the es-

timation âi of the emitted user symbol ai, of the ith user

can be written by the following equation

âi =
Nu−1

∑
q=0

Np−1

∑
k=0

ci,k

(
gkhkcq,kaq + gknk

)

=
Np−1

∑
k=0

c2
i,kgkhkai

︸ ︷︷ ︸
I

+
Nu−1

∑
q=0

Np−1

∑
k=0

ci,kcq,kgkhkaq

︸ ︷︷ ︸
II (q 6= j)

+
Np−1

∑
k=0

c2
i,kgknk

︸ ︷︷ ︸
III

,

(32)

where the term I, II and III of Eq. (32) are, respectively,

the desired signal (signal of the considered user), a mul-

tiple access interferences (signals of the others users) and

the AWGN pondered by the equalization coefficient and

by spreading code of the chip. We suppose that the user

data are independents and the hk are ponderated by the gk

equalization coefficient, are independent of the indices k.

3. Equalization for MC-CDMA

3.1. Zero Forcing (ZF)

The principle of the zero forcing technique is to reduce the

effect of the fading and the interference while no enhanc-

ing effect of the noise on the decision of what data symbol

was transmitted. Whenever there is a diversity scheme in-

volved whether it may involve receiving multiple copies of

a signal from time, frequency or antenna diversity, the field

of classical diversity theory can be applied. These equal-

ization techniques may be desirable for their simplicity as

they involve simple multiplications with each copy of the

signal. However, they may not be optimal in a channel

with interference in the sense of minimizing the error un-

der some criterion. However, the ZF cancels completely

the distortions brought by the channel. The gain factor of

the ZF equalizer, is given by the equation

gk =
1

|hk|
. (33)
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By that manner, each symbol is multiplied by a unit mag-

nitude. So, the estimated received symbol, âi of symbol ai

of the user i is described by:

âi =
Np−1

∑
k=0

c2
i,kai

︸ ︷︷ ︸
I

+
Nu−1

∑
q=0

Np−1

∑
k=0

ci,kcq,kaq

︸ ︷︷ ︸
II (q 6=i)

+
Np−1

∑
k=0

ci,k
1

hk

nk

︸ ︷︷ ︸
III

. (34)

If we suppose that the spreading code are orthogonal, i.e.,

Np−1

∑
k=0

ci,kcq,k = 0 ∀i 6= q (35)

Eq. (34) will become

âi =
Np−1

∑
k=0

c2
i,kai +

Np−1

∑
k=0

ci,k
1

hk

nk . (36)

Thus, the performance obtained using this detection tech-

nique is independent of the users number, if the spreading

codes are orthogonal. But, if the hk value is very weak,

(great fading cases), the values gk increase and the noise

will be amplified (second term of Eq. (36)).

3.2. Minimum Mean Square Error, (MMSE)

The MMSE techniques combine the minimization of the

multiple access interference and the maximization of signal

to noise ratio. Thus as its name indicates, the MMSE tech-

niques minimize the mean square error for each subcar-

rier k between the transmitted signal xk and the output de-

tection gkrk

ε[|ε|2] = ε[|xk−gkrk|
2]

= ε[(xk−gkhkxk−gknk)(x
∗
k−g∗kh∗kx∗k−g∗kn∗k)] . (37)

The minimization of the function ε[|ε|2], gives us the op-

timal equalizer coefficient, under the minimization of the

mean square error criterion, of each subcarrier as

gk =
h∗k

|h∗
k
|2 +

1

γk

, (38)

where γk =
E[|rkhk|

2]

E|nk|2
.

If the values hk are small, the SNR for each subcarrier is

minimal. So, the use of the MMSE criterion avoid the noise

amplification. On the other hand, the greatest values of the

hk and gk being inversely proportional, allows to restore

orthogonality between users. So, the estimated received

symbol, âi of symbol ai of the user i is described by

âi =
Np−1

∑
k=0

c2
i,k

|hk|
2

|hk|2 + 1
γk

ai

︸ ︷︷ ︸
I

+
Nu−1

∑
q=0

Np−1

∑
k=0

ci,kcq,k
|hk|

2

|hk|2 + 1
γk

aq

︸ ︷︷ ︸
II (q 6= j)

+
Np−1

∑
k=0

c2
i,k

h∗k

|hk|2 + 1
γk

nk

︸ ︷︷ ︸
III

. (39)

The same, if we suppose that the spreading code are or-

thogonal, i.e.,

Np−1

∑
k=0

ci,kcq,k = 0 ∀i 6= q (40)

Eq. (39) will become

âi =
Np−1

∑
k=0

c2
i,k

|hk|
2

|hk|2 + 1
γk

ai +
Np−1

∑
k=0

ci,k
h∗k

|hk|2 + 1
γk

nk . (41)

4. Simulation

4.1. BRAN A Radio Channel

In this subsection we consider the BRAN A model repre-

senting the fading radio channels, the data corresponding to

this model are measured in an indoor case for multicarrier

code division multiple access (MC-CDMA) systems. The

following equation describes the impulse response hA(n) of

BRAN A radio channel

hA(n) =
NT

∑
i=0

hiδ (n− τi) , (42)

where δ (n) is Dirac function, hi the magnitude of the tar-

gets i, NT = 18 the number of target and τi is the time delay

(from the origin) of target i. In Table 1 we have summa-

rized the values corresponding the BRAN A radio channel

impulse response [27], [28].

Table 1

Delay and magnitudes of 18 targets

of BRAN A radio channel

Delay τi [ns] Mag. Ci [dB] Delay τi [ns] Mag. Ci [dB]

0 0 90 −7.8

10 −0.9 110 −4.7

20 −1.7 140 −7.3

30 −2.6 170 −9.9

40 −3.5 200 −12.5

50 −4.3 240 −13.7

60 −5.2 290 −18

70 −6.1 340 −22.4

80 −6.9 390 −26.7

4.1.1. Blind Channel Impulse Response Estimation

of BRAN A

Although, the BRAN A radio channel is constituted by

NT = 18 parameters and seeing that the latest parameters

are very small. So, in order to estimate the parameters of

BRAN A radio channel impulse response, using the max-
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imum information obtained by calculating the cumulants

function, we take the following procedure:

• We decompose the BRAN A radio channel impulse

response into four subchannels as follows:

h(n) =
4

∑
j=1

h j(n); (43)

h j(n) =
Pj

∑
i= j

C jδ (n− τ j);
4

∑
j=1

Pj = NT .

• We estimate the parameters of each subchannel, in-

dependently, using the proposed algorithms (Alg. 1

and Alg. 2).

• We add all subchannel parameters, to construct the

full BRAN A radio channel impulse response.

In Fig. 3 we represent the estimation of the impulse re-

sponse of BRAN A channel using the proposed algorithms

in the case of SNR = 16 dB and data length N = 2048.

Fig. 3. Estimation of the BRAN A radio channel impulse re-

sponse for SNR = 16 dB and data length N = 2048.

From Fig. 3, we can conclude that the algorithm (Alg. 1)

gives good estimation for all parameters of BRAN A ra-

dio channel impulse response. If we observe the estimated

values of BRAN A impulse response, using the algorithm

(Alg. 2) shown in Fig. 3, we remark, approximately, the

same results given by the Alg. 1 except the last four pa-

rameters. Concerning the estimation of BRAN A chan-

nel impulse response, for the data length N = 2048 and

SNR = 16 dB, we have a minor difference between the

estimated and the measured ones. This result is very in-

teresting for the estimation of impulse response selective

frequency channel impulse response in noisy environment.

If the data sample increases, we remark that the noise is

without influence on the BRAN A radio channel impulse

response estimation.

4.2. BRAN E Radio Channel

We have considered in the previous subsection the BRAN A

model representing the fading radio channels, where

the data corresponding to this model are measured in a sce-

nario of transmission in indoor environment. But in this

subsection we consider the BRAN E model representing

the fading radio channels, where the model parameters are

measured in outdoor scenario. The Eq. (44) describes the

impulse response of BRAN E radio channel.

hE(n) =
NT

∑
i=0

hiδ (n− τi) , (44)

where δ (n) is Dirac function, hi the magnitude of the

target i, NT = 18 the number of targets and τi is the delay

of target i. In Table 2 we have represented the values

corresponding to the BRAN E radio channel impulse re-

sponse.

Table 2

Delay and magnitudes of 18 targets

of BRAN A channel

Delay τi [ns] Mag. Ci [dB] Delay τi [ns] Mag. Ci [dB]

0 −4.9 320 0

10 −5.1 430 −1.9

20 −5.2 560 −2.8

40 −0.8 710 −5.4

70 −1.3 880 −7.3

100 −1.9 1070 −10.6

140 −0.3 1280 −13.4

190 −1.2 1510 −17.4

240 −2.1 1760 −20.9

4.2.1. Blind Channel Impulse Response Estimated of

BRAN E

Seeing that the BRAN E radio channel is composed by

NT = 18 parameters and seeing that the latest parameters are

very small. So, in order to estimate the parameters of the

BRAN E radio channel impulse response with maximum

information obtained by calculating the cumulants function,

we take the same procedure used in BRAN A radio channel

such as decomposing the BRAN E impulse response into

four subchannels, and then we estimate each subchannel

parameters using the proposed algorithms. This procedure

gives a good estimation of the impulse response channel.

The same, in time domain, we represent the BRAN E ra-

dio channel impulse response parameters (Fig. 4) for data

length N = 2048 and for SNR = 16 dB.

From Fig. 4, we can conclude that the estimated BRAN E

channel impulse response, using the algorithm Alg. 1, is

very closed to the true one, for data length N = 2048 and

SNR = 16 dB. But, the values given by the second algo-

rithm (Alg. 2) have the same form comparing to those
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Fig. 4. Estimation of the BRAN E radio channel impulse re-

sponse for an SNR = 16 dB and a data length N = 2048.

measured, with a light difference. This is because the

BRAN E impulse response have more fluctuations com-

paring to BRAN A. This result is very interesting for the

estimation of selective frequency channel impulse response

in noisy environment.

5. MC-CDMA System Performance

In order to evaluate the performance of the MC-CDMA

systems, using the proposed algorithms, we consider the

BER, for the two equalizers ZF and MMSE, using measured

and estimated (using the proposed algorithms) BRAN A

and BRAN E channel impulse responses. The results are

evaluated for different values of SNR.

5.1. ZF and MMSE Equalizers: Case of BRAN A

Channel

In Fig. 5, we represent the BER for different SNR, us-

ing the measured and estimated BRAN A channel but

Fig. 5. BER of the estimated and measured BRAN A channel

using the ZF equalizer.

the equalization is performed using the ZF equalizer.

Figure 6 represents the BER for different SNR, using the

measured and estimated BRAN A channel but the equal-

ization is performed using the MMSE equalizer.

Fig. 6. BER of the estimated and measured BRAN A channel

using the MMSE equalizer.

The BER simulation for different SNR, demonstrates that

the estimated values by the first algorithm (Alg. 1) are more

close to the measured value than those estimated by second

algorithm (alg. 2). From Fig. 5, we conclude that: if the

SNR = 20 dB we have a BER less than 10−4, but using the

MMSE equalizer we have only the BER less than 10−5.

This is because MMSE equalizer best than the ZF tech-

nique. In real case, and in abrupt channel, the proposed

blind identification techniques can be useful as remarked

in Figs. 5 and 6.

5.2. ZF and MMSE Equalizers: Case of BRAN E

Channel

We represent in Fig. 7, the simulation results of BER es-

timation using the measured and blind estimated of the

Fig. 7. BER of the estimated and measured BRAN E channel

using ZF equalizer.
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BRAN E channel impulse response. The equalization is per-

formed using ZF equalizer. Figure 7 demonstrates clearly

that the BER obtained using the estimated values by algo-

rithms (Alg. 1 and alg. 2) for ZF equalization is like this

obtained using measured values for ZF equalization. Both

the two techniques give the 1 bit error if we receive 104

bits for a SNR = 20 dB.

Fig. 8. BER of the estimated and measured BRAN E channel

using MMSE equalizer.

In the same manner, we represent in Fig. 8 the simulation

results of BER estimation using the measured and blind

estimated of the BRAN E channel impulse response. The

equalization is performed using MMSE equalizer. From

Fig. 8, we observe that the blind MMSE equalization gives

approximately the same results obtained using the measured

BRAN E values for MMSE equalization. So, if the SNR

values are superior to 20 dB, we observe that 1 bit error

occurred when we receive 105 bits, but if the SNR≥ 20 dB

we will obtain only one bit error occurred for 106 bits

received.

6. Conclusion

In this paper we have presented two algorithms based on

third and fourth order cumulants to identify the parameters

of the impulse response of the frequency selective channel

such as the experimental channels, BRAN A and BRAN E.

The simulation results show the efficiency of these algo-

rithms, mainly if the input data are sufficient. The magni-

tude of the impulse response is estimated with an accept-

able precision in noisy environment, mainly, in the case

of small number of samples. For the equalization of the

MC-CDMA systems, we have obtained good results on bit

error rate principally if we use the first algorithm (Alg. 1)

based on third cumulants.

References

[1] S. Safi and A. Zeroual, “Modelling solar data using high order statis-

tics”, J. Stat. Comp. Simul., A.M.S.E., Adv. Modell. Anal., vol. 6,

no. 2, pp. 1–16, 2002.

[2] S. Safi and A. Zeroual, “MA system identification using higher order

cumulants: application to modelling solar radiatio”, J. Stat. Comp.

Simul., Taylor & Francis, vol. 72, no. 7, pp. 533–548, 2002.

[3] S. Safi and A. Zeroual, “Blind identification in noisy environment

of non-minimum phase Finite Impulse Response (FIR) using higher

order statistics”, Int. J. Sys. Anal. Modell. Simul., Taylor & Francis,

vol. 43, no. 5, pp. 671–681, 2003.

[4] S. Safi and A. Zeroual, “Blind parametric identification of linear

stochastic non-Gaussian FIR systems using higher order cumulants”,

Int. J. Sys. Sci., Taylor & Francis, vol. 35, no. 15, pp. 855–867,

2004.

[5] S. Safi, J. Antari, A. Zeroual, and A. Lyhyaoui, “Parametric identifi-

cation of linear finite impulse response non-Gaussian systems using

higher order cumulants”, in Proc. Inf. Commun. Technol. Int. Symp.

ICTIS’2005, Tetuan, Morocco, 2005, pp. 317–322.

[6] S. Safi and A. Zeroual, “Blind non-minimum phase channel iden-

tification using 3rd and 4th order cumulants”, Int. J. Sig. Proces.,

vol. 4, no. 2, pp. 158–167, 2007.

[7] B. Sadler, G. B. Giannakis, and K.-S. Lii, “Estimation and detection

in the presence of non-Gaussian noise”, IEEE Trans. Sig. Proces.,

vol. 42, no. 10, pp. 2729–2741, 1994.

[8] W. Robert, Jr. Heath, and G. B. Giannakis, “Exploiting input

cyclostationarity for blind channel identification in OFDM sys-

tems”, IEEE Trans. Sig. Proces., vol. 47, no. 3, pp. 848–856,

1999.

[9] M. Boumahdi, F. Glangeaud, and J. L. Lacoume, “Déconvolution

aveugle en sismique utilisant les statistiques d’ordre supérieur”,

in Proc. 14th GRETSI Symposium, Juan-Les-Pins, France, 1993,

pp. 89–92.

[10] K. D. Kammeyer and B. Jelonnek, “A new fast algorithm for blind

MA-system identification based on higher order cumulants”, in SPIE

Adv. Sig. Proc. Algorithms, Architectures and Implementations, San

Diego, Spain, 1994.

[11] D. Boss, B. Jelonnek, and K. D. Kammeyer, “Decision-feed back

eigenvector approach to blind ARMA equalization and identifica-

tion”, in Proc. IEEE-SP/ATHOS Worksh. Higher Order Stat., Girona,

Spain, 1995.

[12] S. A. Ashbeili, M. T. Ozgen, A. E. Cetin, and A. N. Venetsapoulos,

“Cumulant-based parametric multichannel FIR system identification

methods”, in Proc. IEEE Sig. Proces. Worksh. Higher Order Stat.,

South Lake Tahoe, USA, 1993, pp. 200–204.

[13] J. K. Tugnait, “Approaches to FIR system identification with noisy

data using higher order statistics”, IEEE Trans. ASSP, vol. 38,

no. 1, pp. 1307–1317, 1990.

[14] A. Swami, and J. Mendel, “Closed form recursive estimation of MA

coefficients using autocorrelation and third order cumulants”, IEEE

ASSP, vol. 37, no. 11, 1989.

[15] S. Safi and A. Zeroual, “Modelling solar data using high order

statistic techniques: new method proposed”, in Proc. Int. Conf.

Model. Simul. MS’99, Santiago de Compostela, Spain, 1999, vol. II,

pp. 157–167.

[16] R. Pan and C. L. Nikias, “The complex cepstrum of higher order

cumulants and non minimum phase system identification”, IEEE

Trans. ASSP, vol. 36, no. 2, 1988.

[17] B. Friedlander and B. Porat, “Asymptotically optimal estimation

of MA and ARMA parameters of non-Gaussian processes from

high-order moments”, IEEE Trans. Autom. Control, vol. 35, no. 1,

pp. 27–37, 1990.

[18] C. L. Nikias, “ARMA bispectrum approach to non minimum phase

system identification”, IEEE Trans. ASSP, vol. 36, no. 4, 1988.

[19] J. K. Tugnait, “Identification of non-minimum phase linear stochastic

systems”, Automatica, vol. 22, no. 4, pp. 487–464, 1986.

[20] J. K. Tugnait, “Identification of linear stochastic systems via second

and fourth order cumulant matching”, IEEE Trans. Info. Theory,

vol. 33, no. 3, 393–407, 1987.

[21] S. Safi, A. Zeroual, and M. M. Hassani, “Parametric identification

of non-Gaussian signals using diagonal slice cumulants, application

to modelling solar process”, in Proc. Microwave Symp. MS’2000,

Tetouan, Morocco, 2000, pp. 345–350.

82



Higher Order Cumulants for Identification and Equalization of Multicarrier Spreading Spectrum Systems

[22] W. Jun and H. Zhenya, “Criteria and algorithms for blind source

separation based on cumulan”, Int. J. Electron., vol. 81, no. 1,

pp. 1–14, 1996.

[23] L. Ju and H. Zhenya, “Blind identification and equalization us-

ing higher-order cumulants and ICA algorithms”, in Proc. Int.

Conf. “Neural Networks and Brain ICNNB’98, Beijing, China,

1998.

[24] G. B. Giannakis and J. Mendel, “Cumulant-based order determina-

tion of non-Gaussian process ARMA models”, IEEE Trans. ASSP,

vol. 38, pp. 1411–1422, 1993.

[25] J. R. Fonollosa and C. L. Nikias, “Wigner higher-order moment

spectra: definitions, properties, computation and applications to tran-

sient signal detection”, IEEE Trans. Sig. Proces., vol. 41, no. 1,

pp. 245–266, 1993.

[26] X. D. Zhang and Y. S. Zhang, “FIR system identification using

higher order statistics alone”, IEEE Trans. Sig. Proces., vol. 42,

no. 12, pp. 2854–2858, 1994.

[27] ETSI TS 101 475 V1.3.1, “Broadband Radio Access Networks

(BRAN), HIPERLAN Type 2, Physical (PHY) layer”, 2001.

[28] ETSI TR 101 031 V2.2.1, “Broadband Radio Access Networks

(BRAN), (HIPERLAN) Type 2”, Requirements and architectures for

wireless broadband access, 1999.

[29] J. M. Kahn and K.-P. Ho, “Spectral efficiency limits and modula-

tion/detection techniques for DWDM systems”, IEEE. J. Sel. Topics

in Quant. Electron, vol. 10, pp. 259–272, 2004.

[30] J.-P. M. G. Linnartz, “Performance analysis of synchronous

MC-CDMA in mobile rayleigh channel with both delay and

doppler spreads”, IEEE Trans. Veh. Technol., vol. 50, no. 6,

2001.

[31] J. M.-M. Anderson and G. B. Giannakis, “Noisy input output sys-

tem identification using cumulants and the Streiglitz-McBride algo-

rithm”, IEEE Trans. Sig. Proces. Mag., vol. 44, no. 4, pp. 1021–1024,

1996.

[32] S. Kaiser, “OFDM-CDMA versus DS-CDMA: performance evalua-

tion for fading channels”, in Proc. IEEE Int. Conf. Communications

ICC’95, Seattle, USA, 1995, pp. 1722–1726.

[33] J. G. Proakis, Digital Communications. New York: Mc Graw Hill,

2000.

[34] I. Cosovic, M. Schnell, and A. Springer, “Combined pre- and post-

equalization for uplink time division duplex MC-CDMA in fading

channels”, in Proc. Int. Worksh. Multi-Carrier Spread-Spectrum MC-

SS’03, Wessling, Germany, 2003, pp. 439–450.

[35] R. Le Couable and M. Helard, “Perforamnce of single and multi-user

detection techniques for MC-CDMA system over channel model used

for HIPERLAN2”, in Proc. IEEE Spread-Spectrum Techniq. Appl.,

Parsippany, New Jersey, 2000, pp. 718–722.

[36] S. Verdu, Multiuser Detection. Cambrigde: Cambridge University

Press, 1998.

[37] N. Yee, J.-P. M. G. Linnartz, and G. Fettweis, “Multi-carrier-CDMA

in indoor wireless networks”, in Proc. Conf. PIMRC’93, Yokohama,

Japan, 1993, pp. 109–113.

[38] C. L. Nikias and J. M. Mendel, “Signal processing with higher order

spectra”, IEEE Sig. Proces. Mag., vol. 10, pp. 10–37, 1993.

[39] L. Srinivas and K. V. S. Hari, “FIR system identification using higher

order cumulants: a generalized approach”, IEEE Trans. Sig. Proces.,

vol. 43, no. 12, pp. 3061–3065, 1995.

[40] Y. Xiao, M. Shadeyda, and Y. Tadokoro, “Over-determined C(k,q)
formula using third and fourth order cumulants”, Eletron. Lett.,

vol. 32, pp. 601–603, 1996.

[41] X. D. Zhang and Y. S. Zhang, “ Singular value decomposition-

based MA order determination of non-Gaussian ARMA models”,

IEEE Trans. Sig. Proces., vol. 41, pp. 2657–2664, 1993.

[42] S. Safi, “Identification aveugle des canaux à phase non minimale en
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