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This paper proposes a two-stage maximum likelihood estimation (TSMLE) technique suited for multitone code division multiple
access (MT-CDMA) system. Here, an analytical framework is presented in the indoor environment for determining the average
bit error rate (BER) of the system, over Rayleigh and Ricean fading channels. The analytical model is derived for quadrature
phase shift keying (QPSK) modulation technique by taking into account the number of tones, signal bandwidth (BW), bit rate,
and transmission power. Numerical results are presented to validate the analysis, and to justify the approximations made therein.
Moreover, these results are shown to agree completely with those obtained by simulation.
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1.

INTRODUCTION

High-data-rate multimedia communications is one of the
challenges currently being addressed in the research domain for the upcoming next generation wireless systems [1, 2]. Although the third generation (3G) systems
(www.3gtoday.com) are supporting a maximum data rate of
153 kbps (CDMA2000) and 384 kbps (WCDMA) for voice
and data applications, and 2.4 Mbps for data-only (CDMA
2000 1xEV-DO) applications, transmission rate for combined voice and data applications for the future generation
systems is expected, and needed to be much higher. Consequently, researchers are exploring diﬀerent schemes for highdata-rate applications. In this regard, multicarrier modulation schemes [3] such as multitone code division multiple access (MT-CDMA) system [4] are getting special attention [5].
MT-CDMA, a combination of orthogonal frequency division
multiplexing (OFDM) and direct-sequence spread-spectrum
(DS-SS) modulation, provides both high-data-rate transmission and multiple-access capabilities. Several research studies have developed MT-CDMA-based eﬃcient schemes to
combat diﬀerent adverse eﬀects, such as multiple-access in-

terference (MAI) and multipath fading. However, no optimal detection technique has yet been devised. In this paper,
we are proposing two-stage maximum likelihood estimation
(TSMLE) as one of the probable solutions for the problem
of optimal detection of MT-CDMA signals. The first stage of
the TSMLE-based receiver performs the channel estimation,
considering that either the received symbol or the estimate
of the received symbol is known, while the second stage uses
this estimated channel information to estimate the next symbol.
The theory of TSMLE was first proposed by Sesay [6] as
an alternative to maximal ratio combining (MRC) of predetection type. MRC is a scheme that first weighs the individual diversity signals according to their signal-to-noise
ratios (SNR), aligns their phases, and then sums them.
Phase alignment requires fast and stable phase tracking loops
for the wireless radio channel. But, due to several reasons,
such as oscillator phase instability, mobility of transmitter and/or receiver, multipath fading, stable and fast tracking of the phase becomes very diﬃcult; it becomes nearly
unattainable when high-speed data applications are considered.
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Figure 1: Two-stage maximum likelihood receiver: (a) the signaling format, (b) the receiver block diagram.

In the operation of TSMLE, the incoming data in the
quadrature branches is divided into blocks of suﬃcient
length, each of which is preceded by a reference symbol,
known to the receiver, as shown in Figure 1a. The blocks
are chosen such that the channel impulse response in each
of these block intervals remains unchanged. As shown in
Figure 1b, a detector follows the TSMLE. The reference interval of each block is sampled and maximum likelihood
(ML) estimates of the quadrature channel gains are computed. Here, all channel amplitudes and phase variations are
lumped into the quadrature gains, which are considered to
be Gaussian processes, and ML methods are used for their
estimation. Next, given the gain estimates, each data interval
is sampled and ML estimates of the data bit values are computed. These estimated data bits are decoded at the output of
the decoder according to their signs.
TSMLE provides manifold advantages. As pointed out in
[7, 8], since quadrature gain estimation, given by TSMLE
operation, is equivalent to phase estimation, the nonlinear loop requirement of phase tracking is eliminated. It has
been shown in [9] that the complete TSMLE scheme is relatively simpler to implement than other reported schemes
with comparable performance [7, 8, 10, 11, 12, 13, 14]. Besides, in the high bit rate environment, the overhead encountered from the reference symbols in TSMLE is reasonably small [6]. Capitalizing these advantages of TSMLE technique lets us find out further the reasons behind using this
technique for MT-CDMA-based system. In [9] Sesay showed
that the adaptation of adaptive TSMLE-based receiver must
be achieved within one symbol period for eﬃcient performance. In other words, larger symbol duration will result in
better adaptation for TSMLE-based receiver. MT-CDMA already oﬀers the advantage of generating large symbols due to
its parallel transmission nature. As shown in [4, 15], as the

number of tones increases, the BW corresponding to each
subchannel gets narrower, and the fading on each subchannel can be considered approximately flat. These conclusions
have led us to propose TSMLE-based receiver for MT-CDMA
signals. Here, as in [6], accurate timing recovery is assumed
and no attempt is made to track phase jitters while all channel
eﬀects are considered to be embedded in the gains. Notably,
requiring no explicit phase tracking for the received signals,
a TSMLE-based receiver could be regarded as a partially coherent system.
In summary, the contribution of this paper includes a
proposed receiver structure for MT-CDMA system. A mathematical model is developed to derive the bit error rate
(BER) performance of this proposed receiver for Rayleigh
and Ricean fading indoor channel environments. The theoretical model for the Rayleigh fading channel is validated
with simulation results. The analytical model shows the eﬀect
of number of tones on the system’s performance, and draws
a comparison of its BER performance with its corresponding
fully coherent receiver performance [4].
The outline of the paper is as follows. The structure of
the system is presented in Section 2. In Section 3, the bit
error probability of this system is analyzed for an indoor
multipath-fading channel in the presence of MAI. Here, both
Rayleigh- and Ricean-type fading channels are considered.
The analysis is presented in terms of BER. In deriving the
BER expressions, inclusion of guard intervals between the
tones is not considered since it is clearly shown in [4] that
this technique cannot completely suppress diﬀerent interferences encountered in the system. We consider the situation in
which the receiver can acquire time synchronization with the
desired signal but not phase synchronization. Section 4 provides some numerical results and points out some possible
challenges in this area. Finally conclusions are drawn.
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Figure 2: Block diagram of MT-CDMA transmitter for user k.

2.

tone. In (2), ank ∈ {1, −1} is the nth bit in the PN-sequence
and PTc is a rectangular pulse of duration Tc .

SYSTEM MODEL

2.1. Transmitter model
Figure 2 shows the block diagram [4] of an MT-CDMA
transmitter for the kth user (1 ≤ k ≤ K) using quadrature phase shift keying (QPSK) modulation. At the transmitter side, a Gray-encoded serial QPSK symbol-stream is converted into Nt parallel substreams at a rate of Nt /T streams/s,
with symbol duration T. Each of these substreams is then
modulated by individual carrier frequencies in each branch.
All these carrier frequencies within the symbol duration are
orthogonal to each other in such a way that the pth frequency
results in f p = f0 + p/T with f0 being the RF frequency. This,
essentially, is the OFDM phenomenon that results in overlaps
between the spectra associated with diﬀerent tones; but as
long as the orthogonality between these tones is unchanged,
the signals carried by each tone can be recovered successfully.
Upon multiplexing diﬀerent carrier-modulated signals,
as shown in Figure 2, multitone signal is obtained. Spectrum
spreading is achieved by multiplying the multitone signal
with a pseudonoise (PN) sequence associated with the user
of interest. It is important to note that spectrum spreading
does not change the orthogonality property of the multitone
signal. The PN sequence ak (t), associated with user k, has
a chip duration of Tc = T/Nc , and the sequence is periodic
with the sequence length Nc . At the output of the transmitter,
the MT-CDMA signal transmitted by user k becomes
√

Sk (t) = 2P

N
t −1







Re ak (t)d pk (t) exp − 2π j f p t + jθ pk



,

p=0

(1)
where ak (t) is given by
ak (t) =

2.2.

Channel model

We assume that the channel between user k transmitter and
the corresponding receiver is an indoor multipath-fading
channel and is characterized by the complex lowpass equivalent impulse response function of the form
hk (t) =

n=0



ank PTc t − nTc





while d pk (t) = I pk (t) + jQ pk (t) is the data symbols associated with pth tone of user k with I pk and Q pk the in-phase
and quadrature components, respectively. P is the power associated with each user, which ensures perfect power control,
and in turn guarantees that the system is not aﬀected by the
near-far problem. The parameter θ pk is a constant phase angle introduced by the modulator of the kth user using the pth



(3)

The indoor channel model presented in (3) has been discussed in [16] and utilized in [4]. In (3), kl refers to path
l of user k with total number of paths L, while γkl and τkl
are the phases and the propagation delays, respectively. A
commonly used assumption is that γkl and τkl are independently and uniformly distributed where γkl ∈ [0, 2π] and
τkl ∈ [0, T/Nt ]. All the data bits are considered to be mutually independent and equally likely with ±1 values.
Finally, for the slow fading channel we can assume that
the phase angles, γkl and θ pk , with other random parameters associated with the channel, do not vary significantly
over the duration of two adjacent data symbols. In our analysis we have considered both Rayleigh and Ricean distributed
random path gains βkl s. These gains are assumed to be identically distributed and independent for diﬀerent values of k
and l.
The Rayleigh probability density function (PDF) is given
by


 r exp
= ρkl



0,

(2)

 

βkl exp jγkl δ t − τkl .

l =0

dβkl
N
c −1

L


−

r2
, r≥0
2ρkl
r < 0,

(4)

where ρkl , the variance of βkl , represents the average path
power of the lth path associated with user k.
The Ricean PDF is given by


dβ (r) =



r
r 2 + S2
rS
exp
−
I0 2 ,
σr2
2σr2
σr

(5)

where r ≥ 0, S ≥ 0. The Ricean parameter, R = S2 /2σr2 , represents the ratio of the power associated with the direct path
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r(t)a1 (t) sin 2π fq t dt.
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+ Q−p11 Gccpq1 + Gsspq1 + Q0p1 G̃ccpq1 + G̃sspq1
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K N
t −1

 −1  cs


0  cs
−I pk G pqk − Gscpqk − I pk
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k =2 p =0











s
+ Q−pk1 Gccpqk + Gsspqk + Q0pk G̃ccpqk + G̃sspqk + ψq1
,
(9b)

where


Gscpqk

=




(7)



 −1  cs
 cs

0
−I p1 G pq1 − Gscpq1 ] − I p1
G̃ pq1 − G̃scpq1

p=0,=q



 



× I pk t − τkl + jQ pk t − τkl
 



× exp − j 2π fq t − τkl +θ pk − γkl



0
−1
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L


 
P
βkl sin φ pkl Rcpqk τkl ,
2 l =1

(10a)

L

  
P
βkl sin φ pkl Rcpqk τkl ,
2 l =1

(10b)



Rcpqk τkl =








0 sc
0
−1 sc
−1 cc
rs1 (t) = Iq1
G̃qq1 + Qq1
G̃cc
qq1 + Iq1 Gqq1 − Qq1 Gqq1

G̃scpqk =

Re Sk (t)∗h(t)





c
+ Q−pk1 Gcspqk − Gscpqk + Q0pk G̃cspqk − G̃scpqk + ψq1
,
(9a)

(6)

where y(t), the channel-corrupted signal, is given by

2Pβkl ak t − τkl







r(t) = y(t) + n(t),





−1
0
I p1
Gccpq1 + Gsspq1 + I p1
G̃ccpq1 + G̃sspq1

k =2 p =0

2.3. Receiver model
2.3.1. Basic structure
The proposed block diagram of the receiver for user 1, using
a rectangular chip waveform, is shown in Figure 3. Here, the
received signal r(t) is given by

Re





component and the scattered path components in the multipath channel.
In both types of channels, identical distribution of channel coeﬃcients is practically a reasonable assumption for the
indoor environment where the transmitter and receiver are
closely spaced. In this case, the main reflectors and scatterers
result in approximately identical multipath structures [16].

√



+ Q−p11 Gcspq1 − Gscpq1 + Q0p1 G̃cspq1 − G̃scpq1

Figure 3: Block diagrams of the receiver for user 1: (a) tone-0 detector, (b) the complete receiver.
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Substituting (6) and (7) into (8) and after omitting the terms
with 2 f0 , the in-phase and quadrature-phase received signals
can be written as

Estimated data
output

y(t) =

=

T





0

T



t
a1 (t)ak t − τkl + T cos 2π(p − q) dt,
T
(10c)



t
a1 (t)ak t − τkl cos 2π(p − q) dt, (10d)
T
= 2π f p τkl − θ pkl + γkl .
(10e)

Rcpqk τkl =
φ pkl

 τkl

τkl

In (9a) and (9b) the G functions are composed of all the
channel eﬀects, and are considered to be the channel gain

Two-Stage Maximum Likelihood Estimation for MT-CDMA

59

functions; the superscripts −1 and 0 on the data symbols I
and Q are used to represent the previous and current symbols, respectively. In (10a) and (10b), the first superscript in
G represents the angular function (s for sine and c for cosine) in the expressions, while the second superscript represents the angular function (s for sine and c for cosine) in
R. This R, the partial cross correlation function between two
PN sequences, is defined in (10c) and (10d) for two diﬀerent cases. Equation (10e) represents the phase angel of the
received signal corresponding to kth user, lth path, and pth
tone. Equations (9a) and (9b) can be analyzed as follows. The
first term represents the desired signal component for the expected user (i.e., user 1) using the qth tone. The second term
is the intersymbol interference (ISI) term due to the partial
correlation between the user code and its delayed version.
The third term is the intercarrier interference (ICI) term resulting from the other tones of user 1. The ISI due to partial
correlation is also present in the third term. The fourth term
represents the MAI, which also involves ISI and ICI. The final
term is the AWGN term.

This phase estimate can be used to correct the phase through
the VCO during demodulation operation. The phase correction in turn reduces cross-rail interference.

2.3.2. TSMLE
First stage
The demodulated signals are sampled at the multitone symbol rate (t = t pTs +nT), taking into account the reference time
t pTs , which represents the time for p number of QPSK symbols having a duration of Ts each; p being the tone number.
q
q
For the demodulated data rc1 (t) and rs1 (t), we take the samples at every multitone interval T (considering t pTs to be zero,
i.e., perfect time synchronization) and compute the MLE of
the corresponding channel gain estimates in the first stage.
Assuming all the interference and noise terms to be collectively Gaussian in (8) and (9), the sampled quadrature components at the nth interval become
q

rs1,n = Iq1,n G̃scqq1,n − Qq1,n G̃cc
qq1,n + ηs1,n .

(11)

In (11), the superscripts from the data components I and
Q have been omitted since they represent the current symbols
only. During the start-up period, only known data symbols
are present in the received signal. The receiver stores these
known data symbols. During this reference period the received samples and these stored symbols are used to generate
ML estimates of the quadrature gains. The ML gain estimate
in the nth observation interval can be obtained by using standard statistical methods (see the appendix), considering the
fact that estimates (or the known data symbols) of Iqn and
Qqn are available. This results in




Iˆq1,n
Q̂q1,n



= 
G̃ˆ cc

qq1,n−1



 q


q
G̃ˆ cc
rc1,n rs1,n
Iˆq1n
1
 qq1,n  = 
. (12)
2 
2
q
q
rs1,n −rcn,1 Q̂q1n
Iˆq1n + Q̂q1n
G̃ˆ scqq1,n

These estimated gain samples update the phase estimate
for the voltage-controlled oscillator (VCO) (see Figure 3),
and generate MLE of data symbols in the following period.
The phase estimate is computed as φ̂ = tan−1 (G̃ˆ scqq1,n / G̃ˆ cc
qq1,n ).

2



1


2
+ G̃ˆ sc
qq1,n−1






q
q
rc1,n rs1,n G̃ˆ cc
qq1,n−1 
.
q
q
rs1,n −rc1,n G̃ˆ scqq1,n−1
(13)

Finally, a likelihood ratio test is performed to decide on
the actual transmitted symbol. As observed in [8], there is a
probability that this estimate can suddenly diverge from the
true value. This can occur when the channel is in deep fade
and the detector makes a sequence of errors resulting in a
degradation of the estimates. Reinitializing the data and gain
matrices periodically can alleviate this problem.
3.

PERFORMANCE ANALYSIS

In this section we analyze the bit error probability for MTCDMA signals. Here, user 1, using the qth tone in the nth
sampling interval, is considered to be the user of interest.
Substituting (11) into (13), we get


q

sc
rc1,n = Iq1,n G̃cc
qq1,n − Qq1,n G̃qq1,n + ηc1,n ,

Second stage
In this stage we recover the data in the nth interval using the
gain estimate in the previous interval. We assume that we
have all the signal samples available up to the nth interval
and the channel gain estimates are available up to (n − 1)th
interval. The standard statistical method (see the appendix)
gives







I
I
Iˆq1,n
1  Iq1,n Xqq1,n−1 + Yqq1,n−1 
Ŝ(t) =
=
,
Q
Q
gn−1 Qq1,n Xqq1,n
Q̂q1,n
−1 + Yqq1,n−1

(14)

where

2  ˆ sc
2
gn−1 = G̃ˆ cc
+ G̃qq1,n−1 ,
qq1,n−1
Q
ˆ cc
ˆ sc
I
cc
sc
Xqq1,n
−1 = Xqq1,n−1 = G̃qq1,n G̃qq1,n−1 + G̃qq1,n G̃qq1,n−1 ,
I
Yqq1,n
−1 =



1 
ˆ sc
ˆ cc
sc
Qq1,n G̃cc
qq1,n G̃qq1,n−1 − G̃qq1,n G̃qq1,n−1
gn−1


+ η G̃ˆ cc
+ η G̃ˆ sc
,
c1,n

Q
Yqq1,n
−1 = −

1 
gn−1

qq1,n−1

s1,n

qq1,n−1




ˆ sc
ˆ cc
sc
Iq1,n G̃cc
qq1,n G̃qq1,n−1 − G̃qq1,n G̃qq1,n−1



+ ηc1,n G̃ˆ scqq1,n−1 − ηs1,n G̃ˆ cc
qq1,n−1 .

(15)
Because of the symmetry, we can consider the in-phase
branch only. In this case, the data bit estimate Iˆq1,n , conditioned on the previous gain matrix Gn−1 (G-terms with subscripts n − 1), current gain matrix Gn (G-terms with subscripts n), and current data bit Iq1,n , is Gaussian with the
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following mean and covariance, respectively:




E Iˆq1,n |Ĝn−1 , Ĝn , Iq1,n = Iq1,n a,


Cov Iˆq1,n |Ĝn−1 , Ĝn , Iq1,n = b + cσn2 ,

(16)

where
a=

I
Xqq1,n
−1
,
gn−1

σn2 = σn2−1 .

2
1  cc ˆ sc
ˆ cc
sc
b= 
2 G̃qq1,n G̃qq1,n−1 − G̃qq1,n G̃qq1,n−1 ,
gn−1
1
c=
.
gn−1

(17)

I(0)
−a + Yqq,n−1 ,

From the above hypotheses we can easily show that the likelihood ratio is proportional to {Iˆq1,n /(b + cσn2 )}. Since b, c,
and σn2 are independent of the hypotheses, the test can be reduced by checking the sign of Iˆq1,n only, and we do not need
to generate the estimate of σn2 .
The average probability of bit error, assuming that the inphase term Iˆq1,n = 1 has been transmitted, is given by


P ε|Iˆq1,n



∞ ∞

=

−∞



−∞

 



α2n−1
.
σn2−1

(25)

Substituting (24) and (25) into (23), we get the probability of
bit error for a particular user’s signal in MT-CDMA system
using a particular tone q in the fading channel environment.
This is given by


1
2A + 1
P=
1−
2
2A + 3

(18)

I(1)
H1 : Iˆq1,n = −a + Yqq,n
−1 .

(24)

Now, we define a new term A as
A=

At this stage, we perform a likelihood ratio test [17] to
decide on the actual transmitted symbol. We define two hypotheses, H0 and H1 :
H0 : Iˆq1,n =

where α2n−1 and σn2−1 are the variances of gain terms and noise
plus interference terms, respectively, in the (n − 1)th time interval, while σn2 represents the variance of noise plus interference in nth time interval. In this study, the assumption
of slowly varying channels helps us to consider that the two
consecutive noise plus interference samples diﬀer only in the
AWGN samples. We may therefore write

1/2



.

(26)

To find out the numerical results from our investigations,
we need to compute the expressions for α2n−1 and σn2 . In this
case, we get two sets of expressions for Rayleigh and Ricean
fading channels.
(A) α2n−1 and σn2 in the Rayleigh fading channel. For the
Rayleigh fading channel, we can easily show [18] that
PρT 2
L−1
1+
,
4
3Nc Nt
#
PρT 2 2(2LK − L − 1) 2K(2L − 1)
σn2 =
+
4
3Nc Nt
T2
α2n−1 =

P ε|H1 , Ĝn−1 , Ĝn p Ĝn−1 , Ĝn dĜn−1 dĜn ,

·

(19)

N
t −1

$ $

E

2
Rspq

%

+E

$

p=0,=q

2
Rcpq

%%

(27)

(28)

where



P ε|H1 , Ĝn−1 , Ĝn





1
a


= erfc  
 .
2
2
2 b + cσ

(20)

n

Substituting (20) into (19), we get


P ε|Iq1,n
=

&

N
+ 0 .
Es



∞ ∞
−∞

−∞






1
a

 
erfc   
 p Ĝn−1 , Ĝn d Ĝn−1 d Ĝn .

2
2 b+cσ 2
n

(21)
Equation (21) does not give any closed form solution. But
assuming fairly accurate gain estimation, that is,
cc
G̃ˆ cc
qq1,n−1 ≈ G̃qq1,n ,

G̃ˆ scqq1,n−1 ≈ G̃scqq1,n ,

(22)



!

"1/2 

,



α2n−1



2 2
Pβ11
T
P S2 + 2σr2 T 2 (L − 1)
=
+
,
4
12Nc Nt

(29)

where the terms S2 and 2σr2 have already been defined in
Section 2.2. Defining a new variable

the solution [18] of (21) gives
1
2α2n−1 + σn2−1
P=
1−
2
2
2αn−1 + 2σn2 + σn2−1

In (28), the subscript k has been omitted from the correlation
terms because the expected values of the squared correlation
terms are independent of user-number k [4]. Also Es = Es ρ
is the mean received symbol energy and ρ is the average path
power, which is assumed to be constant (i.e., ρkl = ρ) for
all the paths and users in the channel under consideration.
Es = PT is the received symbol energy. Now, substituting
the expressions of (27) and (28) into (26), we can evaluate
the numerical results for the probability of bit error in the
Rayleigh fading channel.
(B) α2n−1 and σn2 in the Ricean fading channel. Here, as2
suming that β11
, the variance of the first path for user 1, is
known, we get the expression of α2n−1 as [19]

(23)

ψ=

S2

2
β11
,
+ 2σr2

(30)
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we get


PT 2 S2 + 2σr2
4

α2n−1 =
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L−1
.
3Nc Nt

(31)
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The expression for σn2 becomes
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In (32), the subscript k has been omitted from the correlation terms for the same reason mentioned earlier. Here,
Es = Es (S2 + 2σr2 ) is the mean received symbol energy. The
average path power (S2 + 2σr2 ) is assumed to be constant for
all the paths and users (except for the power associated with
2
the first user in the first path, i.e., β11
) in the channel under
consideration. Es = PT is the received symbol energy.
Now that the expression of α2n−1 is derived assuming that
2
β11 , or in other words ψ, is known, (26) becomes the expression for the conditional BER as


1
2A + 1
P(e|ψ) =
1−
2
2A + 3

1/2

.

(33)



p(ψ) = (R + 1) exp − R + ψ(R + 1)
$ 
1/2 %
×I0 2 ψR(R + 1)
.

(34)

Finally, the expression for the average bit error probability in
the Ricean fading channel becomes
P(e) =

∞
0

P(e|ψ)p(ψ)dψ.

(35)

Now substituting the expressions of (30), (32), (33), and
(34) into (35), we can evaluate the numerical results for the
probability of bit error in the Ricean fading channel. In this
case, the integration in (35) does not give any closed-form
solution and that is why we perform numerical integration
for our results.
4.
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Figure 4: BER performance in the Rayleigh fading channel for PNcode length and tones ratio, Nc /Nt = 128/8 = 256/16 = 512/32 in
the presence of single user.



In this case, to find out the probability of BER of our interest, we need to average (33) over the PDF of ψ. Since β11 is a
Ricean distributed random variable, consequently, ψ is a normalized noncentral chi-squared random variable. The PDF
of ψ can easily be derived [18] as
 

0

NUMERICAL RESULTS AND DISCUSSION

In this section, we present some numerical results in terms of
BER. In all calculations, a channel with four paths has been
used. The maximum number of tones used here is 32. The
overall BW is assumed to be constant. To guarantee constant
BW, identical chip duration is ensured with constant ratio
between the number of chips and the number of tones. This

can be further explained. With single-tone symbol duration
T and the number of chips in the spreading sequence Nc , for
Nt number of tones, the symbol duration becomes Nt T and
the total number of chips becomes Nt Nc . As a result, identical chip duration Tc = T/Nc = Nt T/Nt Nc or, in other words,
constant BW (∼
= 1/Tc ) is ensured. We have kept a constant
delay range irrespective of the number of tones and this delay range is equal to the symbol duration corresponding to
single-tone transmission.
Identical considerations have been made in [4] for coherent MT-CDMA system’s performance study. This permits
us to compare the performance of the TSMLE-based MTCDMA system to the results reported in [4] for the Ricean
fading channel. While computing the BER analytically, it has
been found that the signal transmitted by the tone (e.g., q)
positioned at the center of the spectrum (of all Nt tones) provides worst-case performance. This is due to the cross carrier
interference by which the central tone is mostly aﬀected compared to the other tones. This worst-case scenario has been
considered in all the analytical results.
Here, Figures 4, 5, and 6 show the performances of
the TSMLE-based MT-CDMA system in terms of BER in
Rayleigh fading channel while Figures 7 and 8 show the performance in Ricean fading channel. Finally, Figure 9 shows a
BER performance comparison between TSMLE-based MTCDMA and coherent MT-CDMA systems with identical setting. In Figure 4, BER versus the averaged received symbol
energy over noise ratio (SNR) for single user case is plotted
for the Rayleigh fading channel. There is no interfering user.
The curves clearly show that, with an increase in the number of tones, performance of the system improves in terms
of BER. In the performance curves, the irreducible error
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Figure 5: Theoretical and simulation results for TSMLE-based MTCDMA system in the Rayleigh fading channel without the presence
of MAI. Number of paths-4.

Figure 7: BER performance in the Ricean fading channel (R = 2)
for PN-code length and tones ratio, Nc /Nt = 128/8 = 256/16 =
512/32 in the presence of single user.
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Figure 6: BER performance in the Rayleigh fading channel for PNcode length and tones ratio, Nc /Nt = 128/8 = 256/16 = 512/32 in
the presence of MAI (10 users).

Figure 8: BER performance in the Ricean fading channel (R = 2)
for PN-code length and tones ratio, Nc /Nt = 128/8 = 256/16 =
512/32 in the presence of MAI (10 users).

probability is encountered due to the presence of ISI and ICI
(for Nt > 2), which are not cancelled at the receiver. It is interesting to note that with higher number of tones, this irreducible error floor is notably reduced. This can be explained
by the fact that as we increase the number of tones in the
system, the symbol duration becomes larger, which in turn
makes the eﬀect of ISI smaller on the BER performance. On
the other hand, as we are always considering the central fre-

quency (q = Nt /2) for the analysis, the ICI, resulting from
the reasonable increase in the number of tones, does not increase significantly. In this case, the tones sitting around both
edges of the MT-spectrum have little eﬀect on the central frequency, the carrier frequency of interest. So, at higher number of tones, with a considerable decrease in the ISI and very
small increase in the ICI, the overall eﬀect of the interference
becomes smaller, making the error floor significantly low.
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Figure 9: Comparison of BER performance between TSMLE-based
MT-CDMA system and coherent MT-CDMA system [4] with identical study scenario. The Ricean parameter R = 1, the number of
paths is 4, the number of users is 10, and the delay range is constant
with the PN-code length and tones ratio, Nc /Nt = 128/8 = 256/16.

Figure 5 shows the results for the theoretical and the simulated BER performances in terms of average SNR for a single user case (no MAI) over a Rayleigh fading channel. The
results show very close agreement between theory and simulation. In the simulation, we have considered Rayleigh distributed four-path channel model. The simulation results
have been obtained by averaging over one million samples
of 200 independent runs. We have used Hadamard code for
PN sequences and have not considered any Doppler eﬀect in
our simulations. In the simulations we have assumed a delay
range of 200 nanoseconds resulting in a highest bit rate of
10 Mbps for the QPSK-modulation-based MT-CDMA system.
Figure 6 shows the BER as a function of SNR, obtained
in a Rayleigh fading channel for a particular user, in the presence of multiple users. A total number of 10 users is considered in this set-up. Here, due to the presence of MAI,
the overall performance is worse than the single-user performance. The performance shows that even in the presence of
MAI, a gain in the BER can be achieved for larger number
of tones. The system performance exhibits irreducible error
probability even at higher number of tones. In this case, although at higher number of tones, (as discussed earlier) the
ICI does not increase significantly, and the eﬀect of the ISI is
greatly reduced; the MAI provides a major detrimental role
on the system’s performance. Here, at higher SNR, the MAI
cannot be compensated due to the presence of the interfering users transmitting their signals with equal power, and as
a result, at higher SNRs the MAI keeps the error floor approximately unchanged.
In case of Ricean fading channel, all the results are obtained using numerical integration with Ricean parameter
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R = 2. Figure 7 shows the BER versus the SNR obtained for
a single-user case in the absence of MAI. The performance
curves show that as we increase the number of tones, we get
performance improvements. As seen in Figure 4 for Rayleigh
fading channel, here, we also encounter error floors for lower
number of tones that get significantly reduced with the increase in the number of tones. The reason of reduced error
floor at higher number of tones carries the same explanation
as has been stated for the Rayleigh fading case.
Figure 8 shows the BER as a function of SNR, for an arbitrary user (here, user 1), obtained in the presence of multiple users. As before, a total number of 10 users is considered
here. The performance curves show similar characteristics as
shown in Figure 6 for Rayleigh fading channel. If we compare
the performance of the system in the Ricean fading channel
with that in the Rayleigh fading one, we observe that the former one performs better due to the presence of a strong path
in its multipath components.
For the Ricean fading channel, the comparison with the
QPSK-modulation-based coherent MT-CDMA system [4]
shows (Figure 9) that at lower number of tones (8 tones) the
TSMLE-based system performs better (approximately 5 dB at
a BER of 8 × 10−2 ) than its coherent counterpart. At higher
number of tones, this performance gain over the coherent
system becomes reduced, which can be explained as follows.
The performance gain over coherent system results due to the
ML estimations of channel gains and data symbols. While
estimating the phase from the channel gain functions, we
assume that all the phase variations in the multipath components of the desired signal are constant (equation (10))
and we use this estimated phase to fix the VCO at the front
end of the receiver. In actual circumstances, all these phases
are varying to some extent. With small number of tones this
consideration has negligible eﬀect on the performance gain
while with higher number of tones, in the presence of all
the interferences (ICI, MAI, cross rail interference, etc.), this
consideration results in smaller gain improvement. Consequently, at lower number of tones the performance gain of
the TSMLE-based system is higher than the coherent system,
while at higher number of tones it is smaller. As a whole, the
results show that we can get better BER performance of the
TSMLE-based MT-CDMA system compared to the coherent
case without taking into account the phase-tracking mechanism, which is considered to be one of the most complex
functions in the system.
In all the performance curves, it is observed that the increase in gain, going from 8 to 16 tones is greater than going
from 16 to 32 tones. This shows that gain saturation in the
BER performance is encountered as the number of tones increases. This can be explained in the following way. With the
increase in the number of tones, the transmitted symbol duration gets increased in the time domain, which is equivalent
to sending the same symbol (corresponding to single tone)
in diﬀerent consecutive time slots. Consequently, an inherent
diversity takes place during transmission. In case of diversity
combining, with independent fading in each time slot, if the
probability of a signal in error (i.e., the signal will fade below
a certain level) in one time slot is p, then it becomes pM for
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M diﬀerent independent time slots. As a result, the probability of a signal not in error will be equal to (1 − pM ), which
shows that with the increase in the time slots (i.e., with the
increase in the MT symbol duration) that results from the
increase in the number of tones, the performance gain starts
to saturate.
In the practical setting, in increasing the number of tones,
we need to take into account the system complexity and MT
symbol length. With the increase in the number of tones, we
need fast Fourier transform (FFT) and inverse FFT (IFFT)
operators of larger sizes, which in turn make the system more
complex. On the other hand, with the increase in the symbol
length with higher number of tones, the channel might not
be slow any more, and that will produce some unrealistic results. Thus the upper limit of number of tones depends on
two factors: the type of the channel and the target bit rate.
There are many challenges, which are not considered in
the limited scope of this paper. Working with MT-CDMA
system, which is an OFDM-based system, gives two substantial challenges. Firstly, due to the large dynamic range of the
output of the FFT, OFDM has a larger peak-to-average power
ratio (PAPR) compared to single-carrier systems. This reduces the power eﬃciency and increases the cost of the power
consumption of the transmitter amplifier. Secondly, OFDM
system is susceptible to frequency oﬀset and phase noise. In
future, these challenges, including the challenge in the reduction of the various interferences such as MAI, ISI, and ICI,
need to be addressed in the area of 3G wireless systems using
MT-CDMA scheme.
5.

CONCLUSIONS

In this paper we have proposed a TSMLE-based receiver for
MT-CDMA system. This receiver can be considered as a partially coherent receiver. An analytical technique for determining the BER performance of MT-CDMA system with its
proposed receiver structure has been presented. The study
has considered indoor environment with both Rayleigh and
Ricean fading channels. The influence of the number of tones
has been shown for a constant delay range. Diﬀerent combinations of code lengths and number of tones have been
considered under a constrained bit rate. The numerical results in the Ricean fading channel show that TSMLE-based
MT-CDMA receiver performs better than fully coherent MTCDMA system. Although the analytical method presented in
this paper has been developed for indoor channel environment, this method can be applied for any other type of channels with little modifications.

given by
rcn = In Gcn − Qn Gsn + ηcn ,
rsn = In Gsn + Qn Gcn + ηsn ,

where In and Qn are the nth samples of the quadrature data
components, Gcn and Gsn are the nth samples of the quadrature gain components and, ηcn and ηsn are the nth samples of
the quadrature noise plus interference components. ηcn and
ηsn components are considered to be Gaussian distributed
random variables.
A.1.

ML gain estimates

Since ηcn and ηsn samples are Gaussian distributed random
variables, so if we assume that all the data and gain samples
are known, the received signal components are also Gaussian
distributed random variables. The first task is to determine
the conditional means and variances of the received signal
samples, given {In , Qn , Gcn , Gsn }. The conditional means are








m1 = E rcn |In , Qn , Gcn , Gsn = In Gcn − Qn Gsn ,

MAXIMUM LIKELIHOOD (ML) GAIN
AND DATA ESTIMATES

In this appendix we derive the expressions of ML gain and
data estimates for MT-CDMA signals. Here, the quadrature
received signal samples rcn and rsn in an nth time interval are

(A.2)

m2 = E rsn |In , Qn , Gcn , Gsn = In Gsn + Qn Gcn .

In (A.2), E(x) represents the expected value of x. The quadrature received signal samples have an identical variance of σr2
given by








σr2 = Var rcm = Var rsm .

(A.3)

In (A.3), Var(x) represents the variance of x. Since the
quadrature components are statistically independent, of each
other so the joint PDF of the two received data samples
conditioned on the available quadrature data estimates (or
known data) and gains are given by
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where Iˆn and Ôn are the estimated quadrature data components. The gain estimates are selected to minimize the
log likelihood function. Taking natural log on both sides of
(A.4), we get
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(A.1)

Now, letting the estimate of Gcn be Gcn and taking the
derivative of (A.5) with respect to Gcn and equating it to zero,
we get
Ĝcn =

rcn Iˆn + rsn Q̂n
.
Iˆn2 + Q̂n2

(A.6)
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Similarly, letting the estimate of Gsn be Gsn and taking the
derivative of (A.5) with respect to Gsn and equating it to zero,
we get
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Ĝsn =

rsn Iˆn − rcn Q̂n
.
Iˆn2 + Q̂n2

(A.7)

Equations (A.6) and (A.7) can be represented in the matrix
form as given below:
'
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Ĝcn
rcn rsn
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Ĝsn
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Iˆn
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(A.8)

ML data estimates

In this stage we recover the data in the nth interval using the
gain estimates in the previous interval. We assume that we
have all the signal samples available up to the nth interval and
the channel gain estimates are available up to (n − 1)th interval. Since we are considering a very slow varying channel, we
can replace Gn terms with Gn−1 terms in (A.5). The data estimates are selected to minimize the log likelihood function
with Gn−1 replacing Gn .
Taking derivative of (A.5) with respect to Qn and equating it to zero, we get the estimate of In as
r Ĝ −1 + rcn Ĝc,n−1
Iˆn = sn s,n
.
Ĝ2c,n−1 + Ĝ2s,n−1

(A.9)

Taking derivative of (A.5) with respect to Qn and equating it
to zero, we get the estimate of Qn as
Q̂n =

rsn Ĝc,n−1 − rcn Ĝs,n−1
.
Ĝ2c,n−1 + Ĝ2s,n−1

(A.10)

Formulas (A.9) and (A.10) may be written in matrix form as
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Ĝc,n−1
.
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