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Abstract— In mobile communications, beamforming is one of 

the most efficient techniques to suppress undesired effects of the 
transmission channel. In a CDMA mobile communications 
system, there are some parameters such as PN code length of the 
CDMA signals and modulation type and order that usually are 
changed to increase the capacity and data bit rate. Variation of 
these parameters can change the beamformer performance.  

In this paper, effect of changing these parameters on the 
beamformer performance is investigated both theoretically and 
by using simulations. These investigations show that the above 
parameters have different effects on the beamformer 
performance.  

 
Index Terms— Transmission Channel, Adaptive Beamforming, 

Mobile Communications, GWSSUS, LS-CMA, CDMA. 
 

I. INTRODUCTION 

In mobile communications, transmission channel has 
undesired effects on the transmitted signals. These effects 
cause significant degradations in the performance of the 
beamforming algorithms by changing some signal parameters. 
It causes receiving the signal of each user in some paths with 
different time delays, phase and amplitude error, angular 
spread and etc. Since these errors are occurred because of non 
ideal mobile communications environment, their effects can 
not be controlled efficiently. In [1] the effects of these 
parameters on the beamformer performance are investigated in 
detail. But there is another kind of signal parameters which can 
efficiently change the beamformer performance and also can 
be controlled by transmitter or receiver. In this paper the 
effects of these parameters on the beamformer performance are 
investigated.  

In the former works, usually the effects of the first kind of 
signal parameters such as multipath effect, amplitude and 
phase error, angular spread, and time delay are investigated. In 
[2] a mathematical analysis about the role of some 
transmission channel effects on the beamformer performance 
is presented. Jaska et al. analyzes the effect of transmission 
channel on the beam power pattern, especially on the nulls 
depth and position in [3].  

There are a large variety of the beamforming algorithms 
which can be used to improve the quality of the data received 

by the Base Station (BS). Constant Modulus Algorithm 
(CMA) [4], [5], Decision Directed Algorithm (DDA) [6], Self 
Coherence Restoral Algorithm (SCORE) [7] and Code Gated 
Algorithm (CGA) [8] are the most popular beamforming 
algorithm in mobile communications. Also, there are some 
techniques which are suggested to improve the performance of 
these algorithms. Linear Constraint-Constant Modulus 
Algorithm (LC-CMA) [9], [10] is a modified version of CMA 
which increases the resistance of the beamformer against 
undesired channel effects by taking some constraints for the 
beamformer into account. Other references [11], [12] try also 
to improve the resistance of the beamformer against errors and 
distortions caused by transmission channel or increase the 
convergence speed of the beamformer.  

On the other hand, one of the most important challenges in 
new mobile communications generations is providing higher 
data bit rate for larger number of users. In order to response 
this requirement, using longer Pseudo Noise (PN) codes in 
CDMA mobile communications, higher order modulations, 
and higher performance modulation techniques are suggested. 
Besides changing the capacity of mobile communications 
networks and rate of data bit rate, variation of these parameters 
change the beamformer performance, hard. 

Despite the importance of the effects of the above 
parameters on the beamformer performance, especially for 
new mobile communications generations, there is no 
considerable work on this topic. This paper analyzes effects of 
variation of some signal properties such as PN code length and 
modulation type and order on the performance of the 
beamformer for two simple and mostly used modulation 
techniques. The effect of changing input Signal to Interference 
and Noise Ratio (SINR) on the beamformer performance is 
also investigated in this paper. These investigations are done 
both theoretically and by using simulations.  

Because of some limitations of mobile handsets such as 
small dimensions, small battery, and etc and also because of 
the small power of the received signal by the BS, beamforming 
in the BS is more necessary and also more applicable than in 
the handsets. So in this paper it is assumed that beamforming 
is done in the BS and in uplink mode. The Least Squares-
Constant Modulus Algorithm (LS-CMA) [13]- [14], which is  



 

 
Fig. 1. A simple schematic of GWSSUS model 

 
one of the CMA variants used least squares techniques to 
update beamforming weights, is used as the beamforming 
algorithm. 

In Section II, signal and channel models are established. In 
section III after a discussion about the LS-CMA beamforming 
algorithm, a theoretical analysis is presented to show the effect 
of changing some controllable signal parameters on the 
beamformer performance. Results of the simulations are 
presented in section IV. 

 

II. SIGNAL AND CHANNEL MODELS 
In this paper, Gaussian Wide Sense Stationary Uncorrelated 

Scattering (GWSSUS) [15] is used as the transmission channel 
model. GWSSUS is a statistical channel model. In statistical 
channel models, some assumptions about the position and 
other properties of the scatterers are taken into account and all 
parameters of the signal are calculated based on these 
assumptions. In GWSSUS it is assumed that all scatterers are 
classified into some clusters, which are distributed uniformly 
between and around Mobile Sets (MSs) and BS. Also, the 
distribution of the scatterers in each cluster is uniform. These 
assumptions cause some special statistical distributions for 
different parameters of the signal received by the BS, which 
are taken into account in the signal model. 

Fig. 1 shows a simple view of GWSSUS channel model. As 
seen in this figure, clusters of the scatterers are distributed 
randomly in the environment. In each environment, density 
and type of the scatterers and dimensions of the clusters 
depend on different environments. Therefore, the statistical 
distributions of signal parameters which represent transmission 
channel effects vary for different environments.   

The complex envelope of data sequence of i-th mobile user 
at the channel input is as follows 
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user in the n-th iteration, respectively. Note that di(n) is the 
complex envelope of final form of signal after spreading, 
scrambling, and adding necessary codes such as channel codes.  

The complex envelope of the received signal by the BS 
array antenna is 
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where U is the number of users, P is the maximum time delay 
which can be recovered by the receiver. iθ  is the angle of 
arrival of LOS ray of the i-th user and ipδ  is the angular 

spreading of p-th path of i-th user. ( )nrip
 is the signal of p-th 

path of the i-th user and ( )θa  is the steering vector correspond 
to direction θ . Also, n is the 1×M  additive white Gaussian 
noise vector. ( )nrip

 and ( )θa  can be written as 
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where kip is the time delay, d is interelement spacing and λ is 
the wavelength correspond to the central frequency of the 
transmitted signal. e

ipα  and e
ipϕ  are amplitude and phase error, 

respectively. 
There are some paths of desired user whose time delays are 

larger than P. These paths are uncorrelated with the reference 
path (whose time delay is taken equal to zero) and act like 
interference signals. Since these signals usually pass a longer 
path, their power is too small and ignoring them does not have 
considerable effect on the signal model.  

Based on GWSSUS model, e
ipα ’s of different paths of each 

user have Rician distribution when LOS rays exist, and 
Rayleigh distribution in non LOS cases. Also, e

ipϕ ’s are 

uniformly distributed in the interval [0 2π). [15] 
 

III. TEORITICAL ANALYSIS 
The LS-CMA algorithm [13, 14] is one of the most popular 

beamforming algorithms in mobile communications. This 
algorithm generates beamforming weights as follows 

xdxx rRw 1−=                                                            (4) 

where xxR and xdr , the autocorrelation matrix and cross 
correlation vector are  
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where ( )nx  and ( )nd̂  are the input vector and the training 
signal, respectively. This signal is correlated with the signal of 
desired user. In order to converge the beamformer to the 
proper weights, a known signal transmit at the beginning of the  
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Fig. 2. Effect of changing PN code length 

 

signal transmission. After convergence, the training signal is 
constructed by using the beamformer output. By using the 
signal model established in 2, the autocorrelation matrix and 
cross correlation vector are calculated as follows 
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where ( )θρ1  is the Probability Density Function (PDF) that 
describe the angular distribution of the desired signal paths,  

ipθ  is the angle of arrival of the p-th path of the i-th user, 

( )θR  is the correlation matrix correspond with ( )θa , and S is 
the set of paths of the desired signal which are correlated with 
the training signal because of their small time delays.  

The above analysis show that the angular spread and 
multipath effect has no significant effect on the autocorrelation 
matrix but the cross correlation vector is affected by the 
angular spread, hard. The impact of the other effects of the 
transmission channel such as amplitude and phase error and 
time delay on the LS-CMA based beamformer is investigated 
in [1].  

 

IV. SIMULATIONS 

There are some parameters of the signal which can be 
modified in the transmitter to reach better data rate or capacity. 
These parameters affect the beamformer performance. In this 
section effect of changing PN code length, and modulation 
type and order on the beamformer performance is investigated.  

In the simulations of this section it is assumed that there are 
7 homogeneous antenna elements with λ/2 interelement 
spacing in the BS linear antenna array. BS antenna receives 
multipath signals from one desired user and 2 interfering 
mobile users. Desired and interfering signals are received in 
angular intervals around 0˚ and ±30˚, respectively. The BS 

receives signal of each source from 15 paths. For each user, 
angles of arrival of these paths have truncated Gaussian 
distribution in a 40˚ interval around the LOS direction. The 
delay for each path is a uniform random variable between 0 
and 0.125 of bit length. It is assumed that the signal of each 
user is spreaded using a Walsh code. Both PSK and QAM 
modulation techniques are considered in the following 
simulations. 

There are some parameters which can be used to represent 
beamformer performance such as output signal to noise and 
interference ratio (SINRout), bit error rate (BER), and sample 
error rate (SER). Since in the simulations of this paper digital 
signals are used, BER or SER are better parameters for 
representation of beamformer performance. BER is calculated 
after despreading and represents improvements caused by both 
despreading and beamforming, while SER is calculated before 
despreading and shows improvement caused by beamforming 
only. So we use SER to represent beamformer performance. 
Our simulations are derived by using 1000 independent 
simulation runs of 200 data bits. In each simulation run all 
random signal parameters (amplitude, phase, and time and 
angle of arrival of each path) are changed according to their 
corresponding distributions.  

Fig. 2 shows the effect of increasing PN code length on the 
output SER. As seen in this figure, increasing the code length 
improve the beamformer performance by decreasing the output 
SER. It is mainly because of increasing the peak 
autocorrelation to cross correlation ratio for the Walsh code 
when the code length increases. So, using longer spreading 
code causes smaller output SER. This point is also shown in 
Fig. 3. In this figure, the effect of increasing the code length on 
the symbol constellation for 8PSK signals is illustrated. As 
seen in this figure, when the code length increases, the ability 
of the beamformer to collect the received signal around their 
correct positions in the symbol constellation will increase.  

Another point that can be achieved from Fig. 2 is about the 
difference between the curves. The difference between curves 
of small code length (e.g. 8 and 16) is more than the difference 
between curves of long codes (e.g. 32 and 64). Also it can be 
seen that increasing the SINR decrease the difference between 
the curves correspond to different code length. This decrease 
shows that the performance of the spreading codes improves in 
the case of higher SINRs.  

Of course, the code length is usually increased to raise the 
number of users. So, because of the random position of the 
users in the cell, accurate analysis of the effect of increasing 
the code length on the output SER by simulation is so difficult. 
But in the case of fixed number of users, Fig. 2 shows the 
effect of increasing the code length. The most important 
limitation to increase the code length is the frequency 
bandwidth which transmitter can use.  

Table I shows effects of changing signal parameters on the 
SER of the beamformer output. The first row of this table 
represents the effect of increasing the modulation order on the 
output SER. Increasing the modulation order arise the  



 

    
Code Length = 8 Code Length = 16 Code Length = 32 Code Length = 64 

Fig. 3. Symbol constellation of the output of the beamformer for 8PSK modulation with different code lengths. Increasing the code length increase the ability 
of the beamformer to collect symbols around their correct positions. 

 
 

TABLE I 
COMPARISON AND ANALYSIS OF THE EFFECT OF DIFFERENT CHANNEL FACTOR ON THE SER OF THE BEAMFORMER OUTPUT 

   PSK QAM 
Mod. Order 16 8 4 2 32 16 8 4 

Order of Modulation 
SER 0.0710 0.0557 0.0370 0.0231 0.0809 0.0675 0.0585 0.0370 

S/I ratio -10 0 10 20 -10 0 10 20 Signal to Interference 
Ratioa SER 0.0169 0.0166 0.0166 0.0170 0.0119 0.0121 0.0121 0.0116 

a: the ratio of desired user power to each interferer power 
 

capacity, considerably but also cause some degradation in the 
beamformer performance. The main cause of this degradation 
is the increased sensitivity of the signal against transmission 
channel effects. As seen in Fig. 4, increasing the order of 
modulation causes different symbols to approach each other in 
the symbol constellation. It also increases the SER of the 
received data by the receiver. In this case, the correlation 
between the received signal and training sequence decreases 
hard.  

Another analysis that is presented in table I is a comparison 
between PSK and QAM modulation techniques.  
In QAM, symbols are separated both in phase and in amplitude 
but in PSK, symbols are separated only in phase. Although the 
more complexity of the QAM detectors than the PSK 
cetectors, QAM is more resistant again transmission 
channel effects. Simulation results in table I shows that the 
output SER in the case of QAM signals are smaller than the 
case of using PSK signals for unique order.  

The second row of table I shows the effect of signal to 
interference (S/I) ratio on SER. It can be seen from this row 
that the S/I ratio has no significant effect on the output SER 
both for QAM and PSK modulation techniques, at least for the 
range of S/I values investigated in this row. Similar to the first 
row, values of the output SER calculated for QAM signals are 
smaller than what calculated for PSK signals.  

It is because QAM modulation symbols are separate both in 
phase and amplitude; but in PSK modulation symbols have the 
same amplitude and are separate only in phase. Achieving 
better quality by using QAM modulation is at the expense of 
more complex modulator and detector in transmitter and 
receiver, respectively.  

 

V. CONCLUSION 

Simulation results show that when the number of users is 
constant, increasing the code length can efficiently improve the 
performance of the beamformer. Increasing the modulation 
order to achieve higher data transmission rates causes some 
degradation in the output SER but it is not very serious. It was 
also shown that the signal to interference ratio has no 
significant effect on the beamformer performance. Another 
result which can be derived from the simulations is that using 
QAM modulation which uses both phase and amplitude to 
separate different symbols from each other gives smaller 
values of SER than PSK modulation.  
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