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Abstract 

 
The demand of code division multiple access (CDMA) cellular communication has grown 

remarkably in the past few years. Due to this reason mobile communication networks should use 

the limited resources of the system in efficient and convenient manner. One of the techniques is 

digital beamforming, in which energy is dynamically adjusted to the desired direction. In 

beamforming, we multiply a complex-valued weighting vector by the outputs of antenna array and 

sum these outputs to generate a signal for each user. As each user will have a unique weight, we 

can select the weights to greatly decrease interference from other users, and therefore increase 

system capacity.  

 

 In this thesis, the uplink CDMA cellular systems is modeled and investigated to show how 

different beamforming algorithms are effective in improving system performance and capacity 

using adaptive antenna arrays at base station. It was initially thought that only the uplink would be 

the capacity limiting link in CDMA cellular systems but this assumption turned out to be incorrect 

and the capacity in actual fact is limited by the both links. To determining uplink CDMA system 

capacity and the effect of inter-element antenna array spacing, step size and number of antenna 

elements on the overall system capacity using adaptive antenna array elements. 

 

Adaptive beamforming is more complex, but highly efficient where the radiation pattern is 

constructed dynamically in which interferers are blocked and beam is formed in the direction of 

users. The adaptive algorithms such as, LMS and CMA are investigated to estimate error and to 

compute array factor for CDMA system, because the spreading codes can be used as a reference 

for beamforming.   

 

Results of comparison show that the LMS algorithm performs better than the CMA algorithm 

under the same condition. The performance obtained from using beamforming techniques using six 

(6) adaptive antenna array element results in an improvement by about 30% on average over the 

non beamforming techniques from the simulation result obtained. 
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CHAPTER ONE   

1. INTRODUCTION 

The growth of telecommunications, from the wired phone to personal communication 

services (PCS), is resulting in the accessibility of wireless services that where not formerly 

considered realistic. In providing different types of wireless services, capacity and reliability 

are limited by three major impairments: multipath fading, delay spread, and co-channel 

interference [29]. In mobile communications, the fast increasing number of cellular phones 

demands an ever rising capacity for future mobile communications systems. In order to meet 

the needs of an ever increasing demand for mobile communications, the spread spectrum 

communication scheme was introduced, which is called as code division multiple access 

(CDMA). CDMA is interference limited multiple access technique. To enhance its cell 

capacity, frequency reuse and cell sectorization are used. But, in this work, we look into 

another capacity enhancement technique called as digital beamforming (DBF).  

 

DBF represents a quantum step in antenna performance and complexity. It is based on deep-

rooted theoretical concepts that are now becoming practically usable, mainly as a 

consequence of current major advances in areas such as monolithic microwave integrated 

circuit (MMIC) and digital signal processing techniques. DBF technology has reached a 

satisfactory level of maturity, such that it can becoming practical for communications in 

improving system performance. A common DBF antenna system consists of three major 

components: the antenna array, the digital transceivers and digital signal processor.  

 

Digital beamforming is based on capturing the radio frequency (RF) signals at every antenna 

elements and converting them into two streams of binary baseband signals (i.e. in-phase (I) 

and quadrature-phase (Q)). These digital baseband signals represent the amplitudes and 

phases of signals received at each component of the array. The beamforming is carried out 

by weighting this each of digital signals, thus adjusting their amplitudes and phases such that 

when added together they form the desired beam. Beamforming is a classical method of 

processing temporal sensor array measurements for signal estimation, interference 

cancellation, and spectrum estimation. The main concept of beamforming is, conveniently 

weighting and combining the signals received from multiple sensors or antennas. 
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Beamforming can be implemented to suppress interference by using antenna arrays at the 

base station, thereby increasing the system capacity.  

 

The major benefit to be gained from digital beamforming is critically added flexibility 

without the degradation in signal-to-noise ratio (SNR) of the system. Therefore, all of the 

information arriving at the antenna inter face is captured in the digital streams and driven by 

beamforming instructions software routines to add wide-ranging flexibility in the types of 

beams such as, scanned beams, multiple beams, shaped beams and beams with steered nulls 

[4]. Digital beamforming process has an upper level of information by its flexibility and 

permits a number of attractive features beyond the capabilities of predictable phased arrays. 

Also, DBF systems are capable of carrying out real-time calibration of antenna systems in 

the digital domain. As a consequence study of different DBF techniques and evaluation of 

their performance has become an important area of research.                                                                   

 

1.1 Problem overview 

In wireless cellular system the method of enhancing system capacity and coverage are 

significant issues because of the increased demand for wireless connectivity. Thus it is 

important to develop a system that can handle the increased number of users. In [3], [6] 

methods to increase system capacity, develop spectrum efficiency in digital cellular spread 

spectrum code division multiple access (CDMA) scheme are discussed. Code division 

multiple access (CDMA) communications system is interference limited, as all of the users 

share the same bandwidth with each mobile’s signal being spread by a unique individual 

pseudo-noise (PN) chip sequence and the received signal correlated at the base station with 

each user’s known sequence, to recover the original data. 

 

A direct way to increase system capacity is to create the number of cells which increases 

infrastructure costs and requires more frequent hand-offs between adjacent cells. In cellular 

CDMA system significantly increased capacity for a given amount of bandwidth is a 

research area aimed at finding methods by which the multiple access interference (MAI) can 

be reduced. By increasing capacity, a given area can be covered with fewer base stations, 

thereby reducing the overall cost of the cellular communications systems. In addition, by 
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avoiding the need for subdividing cells, the logical problems of performing hand-offs 

between adjacent cells  as users  move around are reduced. One way of accomplishing this 

task is through the use of digital beamforming based on antenna arrays.  

 

Digital beamforming improves the CDMA system capacity by reducing the interference. 

This can be realized using a multi-element antenna array at the base station and a suitable set 

of beamforming coefficients. It also takes a weighted sum of the antenna array outputs to 

maximize the ratio of the desired mobile’s SINR. DBF is a form of spatial filtering which 

reduces the effect of interference and thus boosts the overall cell capacity. This system 

contains an array of antenna elements at the receiving end, A/D, N point FFT (optional), 

beam selectors, weight multiplier, and finally summer circuit elements assuming as there is 

an arriving signal.   

  

Digital beamforming method improves the signal-to-noise ratio (SNR) of a received signal 

through the use of an antenna array. In [7],[8],[6], signals arriving from the desired direction 

multiply a complex-valued weighting vector to the outputs of antenna array and sum these 

outputs to generate a signal for each user. These weights are chosen to co-phase the desired 

signal, while randomizing the phases of the signals arriving from other directions. These 

signals form a moveable beam pattern that can be steered to a desired direction that tracks 

the mobile stations (MSs) as they move. This allows the antenna system to focus radio 

frequency (RF) energy on a particular mobile station and minimizes the impact of 

interference [5].  

 

 In this work, uplink transmission is the primary area of focus where it is not realistically 

practical to implement beamforming at the mobile stations due to the necessary antenna 

arrays and processing requirements. In different literature, [4], [5], [7] the application of 

different beamforming scenarios that maximizes the SNR for mobiles simultaneously by 

raising the beam pattern in the direction of mobile users and lower it in other direction have 

been studied. In a cellular system, the desired and the interfering signals originate from 

different spatial locations. This spatial separation is exploited by a beamformer which can be 

regarded as a spatial filter separating the desired signal from the interference. The signals 
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from different antenna elements are weighted and summed to optimize the quality of the 

signal. There are different DBF that have been developed & suggested over the last few 

years. Each of such methods does not have identical performance and need to establish their 

relative merits using different performance criteria. 

  

1.2 Objective of the study 

The objective of this work is to analyze the feasibility and benefits of enhancing the cell 

capacity performance using the DBF techniques. The underlying objective is to reduce the 

interference signal and maximize the reception of the desired signal which leads to the 

capacity improvement. In addition to this, the cell coverage is increased and direction of 

arrival (DOA) is estimated using the DBF techniques.  

The specific objectives are: 

� To investigate the performance of DBF schemes in estimating the desired signal and 

interference, so as to maximize signal to interference noise ratio (SINR).  

� Study the impact of DBF on the CDMA system capacity and coverage enhancement 

through the use of adaptive algorithm error minimization and effective rejection of 

interferers. 

� To investigate the relative merit of different techniques (algorithms) employed in 

DBF especially the adaptive algorithms; Least mean square (LMS) and constant 

modulus algorithm (CMA). 

 

1.3 Motivation for the study 

Wireless cellular network consists of a large number of cells, mobile users with various 

movement patterns: (speed and directions), base stations and a number of mobile terminals 

(MTs). With current technology, it is now possible to implement very sophisticated and 

computationally intensive digital signal processing algorithms for practical cellular 

communications. In addition, comprehensive investigations have been conducted on the use 

of a smart antenna array at the base station for optimal directional reception and 

transmission in order to further increase cell capacity. To further increase cell capacity, it 

has been demonstrated that adaptive or self-adjusted antenna array beamformers hold great 

potential for improving SINR and hence achieving higher cell capacities [9].  
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The main purpose of implementing beamforming in communications systems is to combat 

multipath, extend coverage by the base station and reuse frequency channels within the cell. 

Digital beamforming based on the antenna array will be one key method in satisfying this 

task. In beamforming, we apply complex-valued weighting vectors to the outputs of the 

antenna array and sum the results to generate a signal for every user. As each user has 

unique weights, we may select the weights to greatly decrease the interference from other 

users, and therefore increase system capacity, which initiate our motivation. 

 

1.4 Methodology 

As discussed in the above subsections, the methodology of this work will have a specific 

emphasis on the beamforming techniques to maintain QoS, increasing system capacity and 

improve the network coverage. Therefore, beamforming is used only at the base station, and 

the capacity is partially determined by the uplink, since the received signal data is processed 

to get the required beamforming information. Beamforming can also be implemented on the 

downlink using feedback information from the mobile station [3]. 

 

The wireless channel used for the mobile cellular network is a fading channel; due to 

mobility effect the Gaussian channel model is not practical. The fast fading effect is most 

serious than the path loss in mobile communication. For the time varying signal 

environments, statistics change with time as the target mobile and interferers move around 

the cell. For the time-varying signal propagation environment, a recursive update of the 

weight vector is needed to track a moving mobile so that adaptive beamforming algorithms 

is used in mobile communication systems to determine the optimal weight vectors of array 

antenna elements dynamically, based on different performance criteria such, Mean square 

error (MSE), the Maximum Likelihood (ML), Maximum Signal to Interference Noise Ratio 

(SINR). The weighting coefficient is a function of the signal’s direction of arrival and the 

antenna array geometry. The optimum weighting coefficients are obtained from the Wiener 

solution [9]. In beamforming there are two approaches: switched and adaptive beamforming. 

Element-space beamforming and beam-space beamforming techniques are discussed in 

different papers [4], [33]. Beamforming can be implemented with different types of 
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algorithms: adaptive beamforming algorithms and switched beamforming algorithms. 

Switched beamforming algorithm is less efficient compared to the adaptive algorithms [33]. 

They only implement steering the direction of arrival of a desired signal and this algorithm 

is not used in strong interference cancellation. We will try to implement LMS & CMA 

adaptive algorithms in the simulation study, in order to see how the beamforming enhances 

the system capacity in CDMA cellular system. The performance measurements are made 

through simulation study of array factor, error estimation over time change, angle of arrival, 

steering angles and SINR vs BER. The simulation study implemented is with MATLAB 

codes and analysis done by detailed discussion of simulation results obtained. 

 

1.5. Thesis Outline 

Chapter 2 provides further details regarding the technologies involved in the system under 

consideration. Chapter two also presents the details of CDMA uplink characteristics. 

Chapter 3 is the literature review area and further details of the problem addressed in the 

pervious chapters. Also this chapter includes a description of the different beamforming 

techniques, algorithms, antenna array processing techniques, and its associated 

requirements, assumption, and specifications. In this chapter we also discuss about adaptive 

beamforming approaches in detail.  

 

Cell capacity and coverage problems for the uplink CDMA cellular communication systems 

are presented in chapter 4. Chapter 5 is the main part of this work which includes simulation 

study, analysis and discussion of the simulation results. In this chapter we also discuss 

system model, simulation model and simulation results. Finally chapter 6 summarizes the 

conclusions reached at the end of this work and indicates potential future work. It also 

briefly addresses some of the limitation of the work and identifies areas for further work by 

other researcher.  
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CHAPTER TWO 

BACKGROUND OF THE CDMA UPLINK 

CHARACTERISTICS 

 

2.1 Introduction 

Code division multiple access (CDMA) is a multiple access method where different users 

share the same physical medium, which is, the same frequency band, at the same time. The 

main component of CDMA is the spread spectrum method that uses high rate signature 

pulses to enhance the signal bandwidth for a given data rate. In a CDMA scheme, the 

different users can be identified and, separated at the receiver by means of their 

characteristic individual signature pulses, that is, by their individual codes [32], [38].  

 

The most prominent applications of CDMA is in mobile communication systems like 

cdmaOne (IS-95), UMTS or cdma2000. To apply CDMA in a mobile radio environment, 

specific additional methods need to be implemented in all the different systems. Methods 

such as power control and soft handover have to be applied to control the interference by 

other users and to be able to separate the users by their respective codes [32]. 

  

The second generation CDMA ordinary air interface standard proposed in [10] was 

officially adopted as the North American digital cellular. Beginning field trials of IS-95 have 

verified that a CDMA cellular system can increase capacity by 10 to 13 times over that of an 

analog cellular system under practical channel environment. This can more improve the 

received signal quality using antenna array at the base station that will in turn increase the 

cell capacity. It is not realistically practical to implement beamforming at the mobiles due to 

the necessary antenna arrays and computational complexity. Even though, beamforming is 

used only at the base station, the uplink condition is one of the factors in capacity 

enhancement while the received signal data can be directly processed to acquire the required 

beamforming information.  
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2.2 Base-station receiver 

For uplink reception, the base station uses dual antenna diversity in each of the °120  sector 

to offer path diversity. But each sector uses different frequency to reduce co-channel 

interference; therefore handoffs between sectors are required for higher performance, but 

this will result in too many handoffs [40]. This problem can be over- comes using adaptive 

antenna arrays at base station. At base station antenna array, multipath signals arriving with 

more than one chip delay )(Tc , which will fade independently since PN sequences have 

nearly zero correlation for time offsets greater than one chip. 

 

2.3 Uplink CDMA Transmission Channel Model  

This section deals with how the uplink transmission channel between the mobiles and base 

station is modeled. This mostly involves quantities specifying the reduction of signal 

strength over the transmission channel because of factors such as path loss, shadowing, and 

Rayleigh fading. 

 

2.3.1 Path Loss 

Path loss is defined as an overall reduction of signal strength with distance between the 

transmitter and receiver. Measurements show [11] that the average received signal power 

decreases logarithmically with distance. The common path loss )( kDρ  can be expressed as 

( ) ( ) 









+=

0

100 log10
D

D
DD

k

k αρρ ,    dB                         (2.1) 

Whereα is the path loss exponent and indicates the rate of signal power attenuation with 

distance. OD  is the close-in reference distance that is determined from measurements close 

to the transmitter,  Dk is the distance between the th
i  MS and the BS and ( )0Dρ  is the average 

path loss at close-in reference distance [11]. The value of α depends on the explicit 

propagation situation, in free space α = 2.  

 

Path loss is higher for non- line- of –sight (NLOS) than line- of –sight (LOS) path. As seen 

from equation (2.1) the power of the signal falls as a function of distance. Therefore, the 
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amplitude of the signal envelope should be multiplied by kρ , where ρk is the power of the 

signal. The path loss quantity is updated dynamically as mobiles move inside the cell.  

 

2.3.2 Shadowing  

Shadowing or slow fading represents the variation of average path loss. Shadowing is 

caused by various obstacles such as trees and buildings in the transmission path of a mobile. 

A commonly accepted shadowing model is to use a lognormal random variable [5] such as: 

             10/10ξ=kS                                                                    (2.2) 

where ξ  has an N (0,
2

Sσ ) distribution. Typical value used for Sσ  is 8dB. 

A new value of kS  is chosen for each mobile at the start of each call by that mobile, and kS  

remains constant for the duration of each call. Thus considering shadowing, the overall path 

loss ( )kDρ is given by 

                          kkk SDD += )()( ρρ , (dB)                                                 (2.3) 

Where )( kDρ  is given in (2.1) and kS  is a lognormal random variable.  

 

2.3.3 Rayleigh Fading  

 
Rayleigh fading is a statistical model for the effect of a propagation environment on a radio 

signal, such as that used by wireless devices. It assumes that the magnitude of a signal that 

has passed through such a transmission medium (also called a communications channel) will 

vary randomly, or fade, according to a Rayleigh distribution. It is a reasonable model for 

signal propagation as well as the effect of heavily built-up urban environments on radio 

signals. Rayleigh fading is most applicable when there is no line of sight between the 

transmitter and receiver. If there is a line of sight, Rician fading is more applicable. Due to 

multipath propagation it can also be integrated with the channel model. This form of fading 

can be modeled as either uncorrelated or correlated. Rayleigh fading is a reasonable model 

when there are many objects in the environment that scatter the radio signal before it arrives 

at the receiver.  An introduction to the characteristics and methods for overcoming Rayleigh 

amplitude fading (Rk) in mobile digital communication systems can be found in [12].  
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2.3.4 Channel Attenuation 

 As the signal travels to the base station, its strength is attenuated by the factors discussed 

above. Thus, the envelope is multiplied by the following value to decide its magnitude as 

observed at the base station [39]. 

                                           kkkk RSρη =                                                     (2.4) 

The path loss and shadowing terms influence the power of a signal. A typical channel power 

gain due to the three fading effects is illustrated in figure (2.1) below: 

                               
                                             0.5                         2.5                               4 

                           Figure 2.1: Channel power gain (dB) vs distance (km) 

 

2.4 CDMA Uplink channel waveform 

The CDMA uplink channel employs access channel (AC) and Reverse traffic channel 

(RTC). The access channel is used by the mobile to initiate communication with the base 

station and to respond to paging channel messages [38]. 

 

 The CDMA uplink uses PN spread spectrum modulation with 1.25MHz bandwidth using a 

length 1215 −  short code sequence of chip rate 1.2288Mcps. Signals from different mobiles 

are distinguished at the base station by the use of a very long PN ( )1242 −  sequence with a 

user address determined by time offset [40].  The uplink data stream is then split into in-

phase (I) and quadrature (Q) phase streams where each is further modulated with the short 

codes at chip rate 1.2288Mcps and then modulated by a carrier frequency (fc). To maximize 

system capacity, the uplink imposes power control where the mobile transmission powers 
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are adjusted so that the received signal-to-noise ratios 0/ NEb  at the base station are equal 

for each mobile station.  

 

2.5 Encoding CDMA Uplink Data 

The source data is assumed to consist of sequences of random bits representing condensed 

voice signals that are generated as necessary. In order to provide security against errors, the 

data bits under goes a multi-level encoding process as shown in figure 2.2 below.  

 

The data can be transmitted at a bit rate RB=9600bps which includes overhead. These bits are 

divided into frames with F (50) frames per second and BT=192bits per frame. The frame bits 

are first passed through a rate 1/3 convolutional encoder with a constraint length of 9. This 

produces 576 encoded bits per frame. The next stage involves block interleaving the 

encoded bits using a 32X18 inter leavers matrix. The resulting bits are then grouped into sets 

of NB=6 to form binary number which select one of 2
NB

=64 different Walsh functions. This 

yields a total of 96 Walsh functions per frame. Each Walsh functions have a sequence of 64 

chips associated with it which results in a total of 6144 Walsh chips per frame. Then Walsh 

chips multiplied with the spreading factor 4 which results in a total of 24576cpf.  

 

The resulting signal is then split into in-phase and quadrature factors with each factor being 

further encoded by a different short code sequence[39], every with a period of 152  chips. 

The in-phase and quadrature components are modulated using PSK (Phase Shift Keying) 

with a carrier frequency of cf .  
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Figure 2.2: CDMA reverse link data encoding process showing “per frame”  

 

2.6 Digital Beamforming for Uplink CDMA  

Digital beamforming can be utilized to increase the capacity of a cell [13]. By using a multi-

element antenna array at the base station and an appropriate set of beamforming coefficients, 

it is possible to take the weighted sum of the antenna element outputs that maximizes the 

ratio of the desired mobile’s signal power- to- interference plus noise power (SINR). This is 

basically a type of spatial filtering that reduces interference from other mobiles and therefore 

boosts overall cell capacity. Such process discussed here how it affects the uplink signals. 

For a multi-element base station antenna array, the received signal vector x (t) given [3] as: 

                                    ∑
=

+=
MN

k

kk tnattx
1

)()()( β                                             (2.5) 

Where )(tkβ represents the signal strength from the th
k  mobile, ka is the corresponding 

array vector and )(tn  represents wide-sense stationary zero-mean Gaussian whereas noise 

with autocorrelation is: 
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                                           )(τnR =




≠

=

0,0

0,2

τ

τσ In                                          (2.6) 

It is necessary to reduce the complex vector x  to a scalar quantity that can be used in the 

rest of the decoding process. This can be accomplished by taking a weighted sum of the 

elements of x . 

                                       xwx pp

*=                                                              (2.7) 

Each elements of the signal with the beamforming weight vector pw  induces a phase shift in 

the equivalent entry of the signal vector x . 

 

2.7 Demodulation  

In this subsection we are interested in the demodulation process since we are assuming the 

beamforming effect at the receiver part rather than at the transmitter side to recover the 

original data and also due to the reason that implementing multiple antenna elements at base 

station is simpler than at mobile station. It is simpler to think of the demodulation of the 

signal from a single antenna element first and then to generalize this result to a multi-

element antenna array. 

 

2.7.1 Single Element Demodulation 

Consider the PSK modulated in-phase and quadrature signal components originating from 

the th
k  mobile [38, 39]: 

    ( ) ))(2sin()(,)),(2cos( ttftxandttftx
kkkk QcQIcI θπθπ +=+=                         (2.8) 

Where )(t
kIθ  and )(t

kQθ  is the phase angles used to modulate the carrier signal which are 

limited to the following values: 

                                        
kk QI θθ ,  },0{ πε                                                          (2.9) 

The combined signal can be written as: 

        )()()( txtxtX
kk QIk += ))(2sin())(2cos( ttfttf

kk QcIc θπθπ +++=             (2.10)       

Introducing a random time delay kτ  which will cause a phase shift, due to the lack of time 

synchronization between the mobiles on the uplink which is assumed to be uniformly 

distributed over the interval ).,0[ cT  
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    ))()(2sin())()(2cos()( kQkckIkck ttfttftX
kk

τθτπτθτπ −+−+−+−=        (2.11) 

kIθ  and 
kQθ  have a much lower frequency than carrier frequency cf , so their dependence on 

time and the effects of the delay kτ on these terms can be ignored during this analysis. 

          ))(2sin())(2cos()(
kk QkcIkck tftftX θτπθτπ +−++−=  

               
))}(2sin()cos())(2cos(){sin(

))}(2sin()sin())(2cos(){cos(

kcQkcQ

kcIkcI

tftf

tftf

kk

kk

τπθτπθ

τπθτπθ

−+−

+−−−=
               (2.12) 

                  ))(2sin()}cos()sin({))(2cos()}sin(){cos( kcQIkcQI tftf
kkkk

τπθθτπθθ −+−+−+=  

Equation (2.12) can also be written in phasor format to simplify the rest of the analysis. 

[ ] }{ ))(2exp()}cos()sin({)}sin(){cos(Re)(
kkkkk

tfjjtX cQIQIk τπθθθθ −+−−+=

}{ ))(2exp()]cos()[cos(Re kcQI tfjj
kk

τπθθ −−=  

 = [ ] }{ )2exp()2exp()cos()cos(Re tfjfjj ckcQI kk
πτπθθ −−                                (2.13) 

The sin terms in (2.13) will evaluate as zero due to the constraints given in (2.9) and can be 

dropped from the equation. The cos  terms will evaluate as 1± . 

To demodulate the in-phase component, equation (2.13) is multiplied by )2cos( tfcπ  and 

low-pass filtered.  

                }{ )2exp()2exp(2/1)2cos( tfjtfjtf ccc πππ −+=                                   (2.14) 

The final in-phase demodulated result [39]: 

 

[ ] }[ ]}{ )2exp()2{exp(2/1)2exp()2exp()cos()cos(Re)( tfjtfjtfjfjjtD ccckcQII kkk
πππτπθθ −+−−=         

=

LPF )}2exp()]cos()[cos(
2

1
Re{ kcQI fjj

kk
τπθθ −−  

      








−= )]2sin()cos()2cos()[cos(
2

1
kcQkcI ff

kk
τπθτπθ                                                    (2.15) 

To eliminate the quadrature signal from the in-phase, the time delay kτ of the effective phase 

multiplied by π2 , to recover the in-phase signal exactly. Otherwise, the quadrature signal 

will contribute interference. 

To demodulate the quadrature factor, equation (2.13) is multiplied by )2sin( tfcπ  and low-

pass filtered where: 
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        )2sin( tfcπ = )}2exp()2{exp(
2

1
tfjtfjj cc ππ −−−                                                      (2.16) 

This gives the demodulated quadrature signal: 

[ ]













−−−−−= }2exp()2{exp(

2

1
)2exp()2exp()cos()cos(Re)( tfjtfjjtfjfjjtU ccckcQIQ kkk

πππτπθθ                       

=

LPF









−+ )2exp()]cos()cos([
2

1
Re kckQI fjj

k
τπθθ  

         )]2cos()[cos(
2

1
)]2sin()[cos(

2

1
kcQkcI ff

kk
τπθτπθ +=                                           (2.17) 

 The phase shift due to the time delay is an integral multiple of π2 ; otherwise there will be 

interference from the in-phase component .Therefore, equations (2.15) and (2.17) represent 

the demodulation of a signal from a single mobile. As a result, it is essential to sum the 

demodulation results for each mobile in the system in order to obtain the total demodulated 

signal as well as interfering signals from the others 

 

2.7.2 Multiple Element Demodulations 

Let consider a received signal from mobile ''k  in the form of (2.13). 

      [ ] }{ )2exp()2exp()}cos(){cos(Re)( tfjfjjtX ckcQIk kk
πτπθθ −−=                     (2.18) 

For the th
i  antenna element, there is a recognized phase offset kiα  relative to the center of 

the array. This phase offset depends on the angle of arrival of the signal and the geometry of 

the antenna array, and the value of this quantity comes directly from the array response 

vector. Therefore, with this additional phase offset the received signal at the th
i  array 

element can be written as: 

[ ]{ })2exp()2exp()exp()cos()cos(Re)( tfjfjjjtX ckckiQIik kk
πτπαθθ −−−=                                 (2.19) 

Let piw be the th
i  entry in the beamforming weight vector for the thp  mobile which is the 

mobile of interest. This represents a phase shift of the corresponding element of the signal 

vector, so piw  can be written as: 

                                                   )exp( pipi jw φ−=                                                   (2.20) 

                                                   )exp(*

pipi jw φ=                                                     (2.21) 
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Thus, by combining equations (2.7), (2.19) and (2.21), the final complex quantity to be 

demodulated can be obtained as: 

   ∑ ∑
= =

=
A MN

i

N

k

kipip tXwtX
1 1

)(*)(                                                                                

          [ ]{ }∑∑
= =

−−−=
A M
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N

i

N

k

ckpckipiQI tfjfjjjj
1 1

)2exp()2exp()exp()exp()cos()cos(Re πτπαφθθ  

           [ ]{ }∑∑
= =

−−−=
A M

kk

N

i

N

k

ckpckipiQI tfjfjj
1 1

)2exp())2(exp()cos()cos(Re πτπαφθθ                    (2.22)        

         pX (t) represents the received signal vector containing signals from all of the mobiles 

after having undergone beamforming with the weights for the thp mobile where kpτ  

represents the comparative time delay of the th
k  mobile’s signal while ppτ  is assumed to be 

zero. 

The demodulated in-phase and quadrature components should be: 

( ) ( ) ( ) ( ){ ( ) ( ) }kpckipiQkpckipiIk

N

i

N

k

kI ffttD
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A M

p
τπαφθτπαφθωβ 2sincos2coscos

2

1
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−−+−−= ∑∑
= =

      (2.23) 
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  Where kβ  is the received signal strength as included in equation (2.5), )(tiω is the current 

Walsh chip value for the th
k mobile, and 

KIC and 
kQC  represent the current in-phase and 

quadrature PN chip values which are 1± . 
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CHAPTER THREE 

 

DIGITAL BEAMFORMING AND ANTENNA ARRAY 

PROCESSING TECHNIQUES 

 
 

3.1 Introduction  
 

Beamforming is a classical method of processing temporal sensor array measurements for 

signal estimation, interference cancellation, estimating source direction, and spectrum 

estimation. Beamforming is a technique that utilizes an array of sensor elements to focus a 

receiver channel on a specific signal of interest (SOI) or to transmit signal in a specified 

direction. It is a spatial filtering used to distinguish the spatial properties between a SOI and 

the noise and interference signals. Digital beamforming consists of the spatial filtering of a 

signal where the phase shifting, amplitude scaling, and summer circuit implemented to 

obtain the desired signal. 

 

Beamforming has been extensively used in wireless systems that utilize a fixed set of 

antenna elements in an array [1]. Allowing for receive beamforming in uplink transmissions, 

the signals from these antenna elements are combined to form a movable beam pattern that 

can be steered to a desired direction that tracks mobile stations (MS) as they move. This 

allows the antenna system to focus radio frequency (RF) resources on a particular mobile 

station and minimize the interference [14]. When beamforming is used at the mobile station, 

the transmit beam pattern can be adjusted to reduce the interference to unintended receivers. 

At a base station, receive beamforming for each desired user could be implemented 

separately with out affecting the performance of other links [15].  

 

3.2 Fundamentals of Digital Beamforming  

Digital beamforming is based on capturing the RF signals and converting them into two 

streams of binary baseband I and Q signals which jointly represent the amplitudes and 

phases of signals received at the elements of the array as discussed in chapter one above.  In 
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DBF the direction of beam can be realized by forming an array with a number of elemental 

radiators. As the directivity of the antenna increases, the gain also increases.  

The increase in directivity means that the antenna receives less interference from signals that 

are not along its path of maximum gain or directivity.  

 

3.2.1 Beamforming weight vector  

As discussed before, a beamformer is a spatial signal processor, which produces an output 

with an emphasized desired signal compared to the input, which is the received signal at the 

array elements. It accomplishes this by applying a complex beamforming weight vector 

T

Nwwwww ]....[ 321= to the input signal vector: 

                         ∑
=

=
N

i

ii kxwky
1

)()(                                                              (3.1) 

where i  is array element index ,and k  is the time index of the received signal sample being 

considered [4]. 

 

3.3 Antenna array processing 

An antenna array system is composed of a collection of spatially separated antenna 

elements. The antenna array system has the ability to dynamically adjust the combining 

mechanism in order to improve system performance as presented in the following 

subsections. 

 

3.3.1 Uniform Linear Antenna Array 
 

 In uniform linear array the spacing between the elements are equal. Figure 3.1 below shows 

a K element uniform linear array (ULA). The inter-element spacing between the arrays is d 

and a plane wave arrives at the array from a direction θ with respect to the array normal and 

the wave front impinging on the first element travels an additional θsind  distance to arrive 

at the second element. By setting the phase of the signal at the origin, the phase lead of the 

signal at element k  relative to that at element 0 is θκ sinkd , where =κ
λ

π2
, where κ  is 
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propagation constant in free space and λ is wave length. Adding the entire component 

outputs together gives [4] array factor F:  

     
θκθκθκθ sin

1

0

sin2

2

sin

10 ...)( Kdj
K

k

k

djdj eVeVeVVF ∑
−

=

=+++=      (3.2) 

 in terms of vector inner product:  vVF T=)(θ                                                          

 Where [ ]TKVVVV 110 ..... −= the weight vector and [ ]Tdj dKj

eev
θκθκ sin)1(

...1 sin −
=  is the array 

propagation vector that contains the information on the angle of arrival of the signal.                                                                                  

                             

             

 

                                    

                   Figure 3.1 Uniform spaced linear antenna array 

 

3.3.2 Circular Antenna Array 

A circular array consisting of L identical isotropic elements evenly spaced in a circle of 

radius(R). Each element is weighted with complex weight Vl for 1,...,1,0 −= Ll . Since the 

L elements are equally spaced around the circle of radius R, the azimuth angle of the l
th 

element is given as Lll /2 πφ = . If a plane wave impinges upon the array in the direction of 

),( φθ  in the coordinate system, the relative phase at the l
th 

element with respect to the center 

of the array is given as [27] 

                                   θφφκβ sin)cos( ll R −−=                                            (3.3) 

 

3.3.3 Planar Antenna Array 

In addition to placing elements along a line to form a linear array, one can position them on 

a plane to form a planar array. Planar arrays provide additional variables which can be used 

to control and shape the array’s beam pattern. The main beam of the array can be steered 

towards any point in its half space [4], [27]. One of the common configurations of planar 

arrays is the rectangular array, where the elements are placed along a rectangular grid. 
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3.4 Digital Beamforming (DBF) 

An antenna can be considered to be a device that converts spatiotemporal signals into 

temporal signals, thereby making them available to a wide variety of signal processing 

techniques. In this way all of the desired information that is being carried by these signals 

can be extracted. 

 

A major advantage of digital beamforming lies in the fact that once the RF information is 

captured in the form of a digital stream, the conversion of the RF signal at each antenna 

elements into two streams of binary baseband signals representing I and Q channels. The 

digital baseband signals then represent the amplitudes and phases of signal received at each 

element of the array. The process of beamforming involves weighting these digital signals, 

thereby adjusting their amplitudes and phases such that when added together they form the 

desired beam. It is possible to take a weighted sum of the antenna element out puts which 

maximize power in a given direction by implementing a multi-element antenna array at 

receiving end. 

 

3.4.1 Element-space beamforming 

 

The process represented by equation (3.1) is referred to as element–space beamforming, 

where the data signals Xk, k=0, 1… K-1, from the array elements is directly multiplied by set 

of weights to form a beam at a desired angle. By multiplying the data signals with different 

sets of weights, it is possible to form a set of beams with pointing angles directed anywhere 

in the field defined by the elements used in the array. The setup for generating an arbitrary 

number of simultaneous beams from K antenna elements is shown in figure 3.2. By selecting 

appropriate values for the weighting vectors, one can implement beam steering, adaptive 

nulling and beam shaping [18].  

 

                                             k
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ki xwy ∑
−
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=
1
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*

)(θ                                                    (3.4) 

Where =)( iy θ output of the beamformer, =kx sample from the th
k array element,  

  =i

kw   weight for forming beam at angle iθ      
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                               Fig. 3.2– Element-space digital beamformer 

 

3.4.2 Beam-space beamforming 
 

The output signals from the array elements can be processed by a multiple-beam 

beamformer to form a suite of orthogonal beams. The output of each beam can then be 

weighted and the result combined to produce a desired output. This process is referred to as 

beam-space beamforming. Figure 3.3 shows the implementation of a weighted FFT-based 

beamformer [18]. The output of beam-space digital beamformer is given 

           )()()( )(

1

221 mi

M

m

i

mk

i

k

i

i vwvwvwy
I

ζζζ ∑
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+ =+=                                               (3.5)     

Where i(m) is the selected beam index i(1)=k ;i(2)=k+2 and MI  is the number of orthogonal 

beams that are required to form the i
th 

desired beam                          

 

 

                              Fig. 3.3 – Beam-space digital beamformer 

 

 

3.4.3 DBF with Multiple Access Schemes 
 

Digital beamforming applied jointly with different multiple access schemes in a cellular 

communication to enhance system capacity. The multiple schemes such as, frequency 

division multiple access (FDMA), time division multiple access (TDMA) and code division 
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multiple access (CDMA) systems. In this work we are only interested in code division 

multiple access (CDMA), and the reader may be refer [4] for FDMA and TDMA schemes. 

 

3.4.4 Digital Beamforming with CDMA 

CDMA systems employ the spread-spectrum modulation; where, each user’s digital 

waveform is spread over the entire frequency spectrum that is reserved for all users of the 

network [4]. The sender of the signal can be identified since the transmitted signal is 

modulated with a unique code. The entire CDMA frequency band is covered by a 

continuous beamforming. Implementing synchronous or asynchronous CDMA system 

affects the chosen configuration of DBF. Synchronous CDMA system is characterized by 

time aligning the information bit duration for each user at the BS, whereas in asynchronous 

CDMA system, there is no any user signal synchronization process [17]. 

 

3.5 Narrowband Beamforming 

A signal is considered to be narrowband if all the frequency components of the signal as 

they travel across the array undergo only a phase shift and not a change in the magnitude. In 

other words, the signal bandwidth is very small compared to the carrier frequency. If the 

signal bandwidth is very small compared to the carrier frequency then the phase shifts 

undergone by the frequency components at the two edges of the band are almost equal. For a 

narrowband signal, narrowband array processing is the appropriate choice [3]. A 

narrowband array has one weight per element followed by a linear combiner. 

                                   )()()( tutwty H=                                                              (3.6) 

where superscript H denotes the Hermitian (complex conjugate) transpose and, is known as 

the beamformer weight vector. 

                                         



























⋅

⋅

⋅
=

− )(

)(

)(

)(

1

1

0

tw

tw

tw

tw

M

                                                                 (3.7)  

 

 

 



 23 

3.6 Wideband Beamforming 
 

A signal is considered to be wideband if all the frequency components of the signal as they 

travel across the array undergo a phase shift with a change in the magnitude. In other words, 

the signal bandwidth is not very small compared to the carrier frequency. If the signal 

bandwidth is not very small compared to the carrier frequency then the phase shifts 

undergone by the frequency components at the two edges of the band are not equal. 

Therefore the phase shift line appears not to be flat across the bandwidth. For a wideband 

signal, wideband array processing is the appropriate choice [33].  

 Then, the output for a wideband adaptive beamformer may be expressed as, 

                         )()()( tutwty
H

=                                                                          (3.8) 

which is identical in form to the array output of the narrowband array. The wideband 

beamformer is more complex than the narrowband beamformer.  

 

3.7 Switched Beamforming 

Switched beamforming provides non-uniform coverage when the MS is moving from one 

beam to another [33], there might be a call drop due to no coverage zone in between two 

beams. In addition when the MS moves from one beam to another intra-cell handover takes 

place, the frequency of which directly depends on the beam width. Adaptive beamforming 

overcome these two problems, as the beam follows the MSs to where ever they move. It is 

the simpler approach where the direction of arrival (DOA) of signal is detected in that 

direction by multiplying pre-computed complex vector. These algorithms such as: MUSIC 

and ESPRIT algorithms. These algorithms restrict their applicability in a wireless mobile 

communications because they cannot perform steer nulls and suppressing [28] strong 

interference.  

 

3.8 Adaptive Beamforming 

Adaptive Beamforming is a technique in which an array of antennas is exploited to achieve 

maximum reception in a specified direction by estimating the signal arrival from a desired 

direction while signals of the same frequency from other directions are rejected [4]. This is 

achieved by varying the weights of each of the sensors (antennas) used in the array. It 
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basically uses the idea that, though the signals emanating from different transmitters occupy 

the same frequency channel, they still arrive from different directions. This spatial 

separation is exploited to separate the desired signal from the interfering signals. In adaptive 

beamforming the optimum weights are iteratively computed using complex algorithms 

based upon different criteria. Most of the algorithms are concerned with the maximization of 

the signal to noise ratio (SNR). 

  

3.8.1 Adaptation Criteria 

The optimum weights using different criteria are all given by the solution of the Wiener 

equation. These optimum criteria are as valid as in communications as in other applications. 

Though different forms of criteria appear in the [4], it can be shown that they all stem from 

the wiener-Hopf equation. This is because the wiener solution provides the upper limit on 

the theoretical adaptive beamforming steady-state performance. Some of the most frequently 

used performance criteria are the Mean Square Error (MSE), the Maximum Likelihood 

(ML), Maximum Signal to Noise Ratio (MSNR) and Maximum Signal to Interference Noise 

Ratio (SINR), [33]. These performance criteria are usually expressed as cost functions and 

the weights are adapted iteratively until the cost functions converge to a minimum value. 

Once the cost function is minimized we can be assured that the performance criterion is met 

and the algorithm is said to have converged. There are several factors that are to be 

considered while choosing an adaptive algorithm like the convergence rate of the algorithm, 

complexity and robustness. The convergence rate is the number of iterations required for the 

convergence of the algorithm. In mobile environments, convergence rate is important to 

converge to optimum before the channel conditions change [34].  

 

3.8.2 Adaptive Beamforming for Uplink 

Adaptive beamforming for reverse link has studied by several researchers [4], [5], [7]. 

Adaptive beamforming is traditionally used for reception in remote sensing, radar, and sonar 

systems. The spatial channel information is available on the uplink, thereby making it much 

easier to develop beamforming techniques and algorithms to deal with multipath and co-

channel interference.  
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3.9 Adaptive Beamforming Algorithms 

The basic adaptive algorithms that have been investigated for beamforming in mobile 

communications include the trained and blind adaptive beamforming algorithms as 

classified in Figure 3.4 under adaptive array (beamforming) algorithms[4, 34]. Adaptive 

beamformer have additional capability to steer nulls in the direction of interfering signals. 

An adaptive beamformer comprised of N antenna elements can effectively reject N-1 

interfering signals [33].   

 

Non-blind adaptive algorithms need statistical knowledge of the transmitted signal in order 

to converge to a weight solution. This is typically accomplished through the use of a pilot 

training sequence sent over the channel to the receiver to identify the desired user. On the 

other hand, blind adaptive algorithms do not need any training [4]. They attempt to restore 

some type of characteristic of the transmitted signal in order to separate it from other users 

in the surrounding environment. 

 

                      

     Figure 3.4 – Classification of adaptive array algorithms 

 

A basic adaptive beamformer is shown in Figure 3.5. The weight vector w is calculated 

using the statistics of signal )(kX N  arriving from the antenna array.  
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                  Figure 3.5 adaptive beamforming configuration 

Through a feedback loop the weights, w1, ... , wN are updated by the time sampled error 

signal: 

                                                   e(k) = d(k) − y(k)                                          (3.9) 

where: The training sequence, d(k), is the desired signal and y(k) is the output of the 

adaptive array 

                                                )()( kxwky H=                                                 (3.10) 

 The feedback system attempts to direct the weights at each element to their optimal 

weights, optw . The adaptive processor adjusts the weight vector to minimize the mean square 

error (MSE) of the error signal, e(k), given by: 

                                                         [ ] [ ]22
)()()( kykdEkeE −=                                   (3.11) 

The output of the array )(ky with variable element weights is the weighted sum of the 

received signals at the array elements and the noise at the receivers connected to each 

element. The weights are iteratively computed based on the array output, a reference signal 

that approximates the desired signal, and previous weights. The reference signal d(k) is 

approximated to the desired signal using a training sequence or a spreading code, which is 

known at the receiver. The format of the reference signal varies and depends upon the 

system where adaptive beamforming is implemented. The reference signal usually has a 

good correlation with the desired signal and the degree of correlation influences the 

accuracy and the convergence of the algorithm [21, 22]. 
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3.9.1 Trained Adaptive Algorithms 

Trained adaptive beamforming algorithms use a finite set of training symbols to adapt the 

weights of the array and maximize the SINR. First, a training signal, which is known to both 

the transmitter and receiver, is transmitted by the transmitter. The beamformer in the 

receiver uses the information of the training signal to compute the optimal weight vector. 

After the training period, data is sent and the beamformer uses the weight vector computed 

previously to process the receiver signal. The trained adaptive algorithms drawback is the 

excessive utilization of transmission time and wastage of bandwidth. The trained adaptive 

algorithms are categorized based on their adaptation criteria and they are the LMS, SMI and 

RLS methods [4, 21, 33]. For simulation study we use LMS from the trained adaptive 

algorithm. 

 

3.9.1.1 The LMS algorithm 

The LMS algorithm can be considered as the most common adaptive algorithm for 

continuous adaptation. It uses the steepest-descent method and recursively computes and 

updates the weight vector. Due to the steepest-descent the updated vector will propagate to 

the vector which causes the least mean square error (MSE) between the beamformer output 

and the reference signal. The LMS algorithm is simple to implement. But the dynamic range 

over which it operates is quite limited. Since the received signals in a mobile radio system 

vary by more than 20dB [19], power control is required if the LMS algorithm is to be used. 

The normalized LMS algorithm can be used to overcome the dynamic range limitation. The 

following derivation for the LMS algorithm is found in [22]. The MSE is defined by: 

  2*2 )]()([)( kxwkdk H−=ε                                                            (3.12) 

d*(k) is the complex conjugate of the desired signal. The signal x(k) is the received signal 

from the antenna elements, and w
H
x(k) is the output of the beamformer antenna and H is the 

Hermetian operator. The expected value of both sides leads to [19, 22]: 

RwwrwkdEkE HH +−= 2)}({)}({ 22ε                                           (3.13) 

In this relation the r and R are defined as [26, 27]: 

                          )}()(*{ kxkdEr =                                                                (3.14) 

                         })()({
H

kxkxER =                                                                    (3.15) 
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R is referred to as the covariance matrix and r is the cross-correlation. If the gradient of the 

weight vector w is zero, the MSE is at its minimum [22]. This leads to: 

               022)})({( 2 =+−=∇ RwrkEw ε                                                     (3.16) 

 

The solution of (3.16) is called the Wiener-Hopf equation for the optimum Wiener solution: 

                rRwopt

1−=                                                                                      (3.17) 

The LMS algorithm converges to this optimum Wiener solution. The basic iteration is based 

on the following simple recursive relation [19, 22]: 

             ( )( )}{2/1)()1( 2εµ Ekwkw ∇−+=+                                                  (3.18) 

combining (3.16) with (3.18) gives: 

         ( )( )kRwrkwkw −+=+ µ)()1(                                                             (3.19) 

The measurement of the gradient vector is not possible, and therefore the instantaneous 

estimate is used as defined by (3.20) and (3.21). 

                )()()( kxkxk
H

R =
∧

                                                                             (3.20) 

                )()(*)( kxkdkr =
∧

                                                                            (3.21) 

By rewriting (3.19) using the instantaneous estimates, the LMS algorithm can be written in 

its final form (3.22). 
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−+=+

∧

∧∧∧

                         (3.22) 

One of the issues on the use of the instantaneous error is concerned with the gradient vector, 

which is not the true error gradient. The gradient is stochastic and therefore the estimated 

vector will never be the optimum solution. The LMS cannot filter the system noise, as it is 

not correlated for all given antennas. The interferers are cancelled by placing nulls in the 

direction of the interferers. The LMS algorithm can be the best choice for systems with a 

relatively small number of antenna elements. 
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               Figure 3.6 LMS algorithm Signal-flow graph       

 

                  

3.9.1.2 Recursive Least Square Algorithms 

 

RLS is a recursive version of the LS approach, where the inversion of the matrix is carried 

out using a recursion. An important feature of RLS algorithm is that the inversion of the 

covariance matrix is replaced at each step by a simple scalar division. This feature reduces 

the computational complexity while maintaining a similar performance. For a fast fading 

channel, a value slightly below unity should be chosen. A value of 0.95 was reported to be 

reasonable [20]. 

 

 RLS requires computations of the order of 2M  where M is the number of antenna array 

elements. RLS operates on a sample-by-sample basis and hence to process N samples, RLS 

requires computations on the order of XNM
2 operations. In contrast to the LMS algorithm, 

a RLS adaptive algorithm approximates the Wiener solution directly [16].The RLS 

algorithm uses weighted sums for estimating Rxx and rxd using the following equations, 

                            )()(
1

1
^

ixixR
H

N

i

n

xx ∑
=

−= γ                                                        (3.23) 

                       )()( *

1

1
^

ixidr
N

i

n
xd ∑

=

−= γ                                                            (3.24) 

The matrix inversion obtained recursively and the weight update equation is given in[4] 

                    )()1()()[()1()( * nxnwndnqnwnw H −−+−=                         (3.25) 

Where 
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Where 

                     )]1()()()1([)(
1111 −−−= −−−−

nRnxnqnRnR xxxxxx γ                         (3.27) 

 Recalling that the statistically optimum Wiener solution is 

                                   xdxxrRw
1−=                                                                (3.28)  

       The RLS algorithm converges faster than the LMS algorithm but at the expense of 

computational complexity. RLS requires an initial estimate of xxR
1− matrix and a reference 

signal. 

 

 

 

Figure 3.7 Signal-flow graph of the RLS algorithm.        

 

3.9.2 Blind Adaptive Algorithms 

Adding a known training sequence prior to data transmission leads to additional overhead, 

which limits the channel bandwidth available for data. The techniques generally referred to 

as blind adaptive algorithms adapt by attempting to restore some known property of the 

received signal. It uses statistical information of the signal. Blind algorithms can be 

classified as property restoral algorithms, channel estimation algorithms and despreads and 

respread algorithms. The algorithms have been studied by a number of authors [4, 24, 25]. 

 

3.9.2.1 Constant Modulus Algorithm (CMA) 

The CMA gives a single beamformer vector. This is sufficient for blind equalization 

applications, where the received signal consists of several temporal shifts of the same CM 

signal, and we do not have to recover all of them [35]. The CM algorithm is applicable to 

constant modulus signals and adjusts the weight vector of the adaptive array to minimize the 

variation of the envelope at the output of the array. After the algorithm converges, the array 

can steer a beam in the direction of the signal of interest (SOI), and nulls in the directions of 

the interference. The only disadvantage of CM algorithm is that it converges to the strongest 

user in the channel. Godard was the first to make use of constant modulus algorithm (CMA) 

property to carry out blind equalization in two-dimensional digital communications systems 

[23]. The out put of a DBF array is given as: 
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               )()()( kxkwky H=                                                                        (3.29) 

Assuming that the transmitted signal )(kS  has a constant envelope, the array output )(ky  

should have a constant envelope as well. This can be accomplished by adjusting the array 

weight vector w  in such a way as to minimize the cost function, which measures the signal 

modulus variation and is given in a general sense by  

       )]}([)],([{ kyfkSfD=ε                                                                     (3.30) 

Where D  and f  are some defined specific distance metrics. In particular, the updated value 

of the weight vector at time k+1 is computed by using the simple recursive relation 

   )})]({([)2/1()()1( kEkwkw εµ −∇+=+                                                  (3.31) 

Where the gradient )})({( kE ε∇  can be found as: 

)}()(])()({[)})({(
2

kxkykykrEkE p −−=∇ ε                                             (3.32) 

In reality, an exact measurement of the gradient vector is not possible, since this would 

require a prior knowledge of ])([
p

kSE . The strategy is to scale )(kS  to unity and to use the 

instantaneous estimate, 

                   )()(])(1[)})({(
2

kxkykykE −−≅∇ ε                                        (3.33) 

 The weight vector can then updated as 

              µ+=+ )()1( kwkw )()(])(1[
2

kxkyky−                                     (3.34) 

The error is different and defined by [4] as: 

             ( ) )()(1)(
*2

kykyk −=ε                                                                  (3.35) 

The CM algorithm can be found in many derived forms. The error function for a derived 

version is given as: 

                    =)(kε
)(

)(

ky

ky
)(ky−                                                                (3.36) 

We can express the updating equation as 

                 µ+=+ )()1( kwkw )()( * kkx ε                                                  (3.37) 
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The advantage of the CM algorithm is the fact that it only needs the instantaneous amplitude 

of the array output )(ky  and therefore no synchronization is required. Due to this property, 

the CM algorithm is relatively simple to implement. 

  

3.9.2.2 Decision-Directed Algorithm (DDA) 

 
In the decision- directed algorithm, the tab weights of the adaptive equalizer are adjusted for 

an adaptive process and widely used for adaptive equalization to combat intersymbol 

interference (ISI) in digital communications. Although the decision-directed algorithm 

widely used in adaptive equalization, it is only applied to diversity combining and 

beamforming [4].The decision-directed beamforming for wireless communications has been 

studied by a number of authors [29], [30].  
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CHAPTER FOUR 

COVERAGE AND CELL CAPACITY ESTIMATION IN DBF 

 

4.1 Introduction 

The fundamental capability of the antenna array that is of most interest to the wireless is the 

ability to improve signal reception, the ability to estimate the angle of arrival of signals of 

interest [17]. The ability to improve signal reception can be used to improve various aspects 

of the wireless network.  

4.2 Coverage 

The antenna array is used to increase the percentage of the area of the cell that will have an 

acceptable signal level which is referred to as coverage. In general, for low bit rate services 

such as voice and for small cell loading (small throughput situations), the uplink is the 

limiting link for coverage. The reason is mainly due to the limitation of the mobile terminal 

transmit power. This is despite other factors in favor of the uplink, such as receive antenna 

diversity and better receiver design available at the base station [3]. When radio energy 

propagates in a cellular environment, the received signal level degrades as the distance 

between transmitter and receiver increases. This received signal has to exceed the inherent 

noise level in the radio receiver by a certain margin in order to be successfully demodulated. 

The ratio of the received signal level and this noise is called the signal-to-noise ratio (SNR). 

Cellular systems are deployed with a certain “average” or nominal SNR target. CDMA 

systems operate at these much lower SNRs by introducing large redundancy into transmitted 

data through a process known as “spreading.” In practice, the range of a CDMA base station 

is limited more by interference among the users in the system than by receiver noise.  

 

Adaptive beamforming can increase the cell coverage range significantly through antenna 

gain and interference rejection as shown under chapter 5. In particular, the coverage range 

can be improved by a factor of M
1/γ 

for noise limited environments, where M denotes the 

number of antenna element and γ is the propagation loss exponent. Generally, there will be 

fewer sites required with adaptive antennas employed at base stations. A large coverage area 

can be achieved with base station antennas at a greater height above terrain. However, this 
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system trade-off between antenna height and coverage area can be eased by using the 

number of antenna elements as a design parameter [31].  

 

4.3 Capacity 

Cell capacity can be defined as the maximum number of users per cell that can be supported 

with a given level of performance. For voice, this shows a BER of 3
10

−  or less. The two key 

factors in determining which link is limiting the system capacity are the base station transmit 

power and uplink target load factor. As we have seen from practical point of view, there is a 

trade-off between system coverage and capacity; that is, increasing the sector throughput (in 

other words, the capacity or number of users) shrinks the coverage [33]. Normally, the initial 

system design is based on the coverage requirement, which is why the initial target uplink 

load factor is low so that the coverage area is maximized. This would lead to an uplink 

capacity limited scenario as the maximum uplink load is reached before the base station runs 

out of transmit power. 

 

The capacity can be improved by frequency reuse, cell sectorization. But in case of CDMA 

systems, instead of frequency reuse, we implement code reuse having the same fundamental 

concept. Depending upon the number of antenna elements, propagation environment and the 

number of dynamic channel allocation, adaptive beamforming increases the number of 

available voice channel through communication links [4]. The output of adaptive 

beamformer results an increase in bit rate, due to its SIR improvement. The expected 

minimum rate improvement is 10logM dB, which depends on the modulation format under 

noise limited environment [4]. 

 

4.4. Maximum signal-to-Interference Noise ratio 

 

 Beamforming uses to maximize the desired signal while minimizing a large number of 

interfering signals arriving from many directions in the uplink of a CDMA system [7]. This 

is accomplished through the use of antenna arrays to increase the received SINR results in a 

reduced BER in digital systems. For voice or video applications the reduced BER yields a 

corresponding improvement in the received signal quality. In general, for noise limited 
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channels, the minimum signal thresholds are reduced by 10log10M, where M is the number 

of antenna elements in the array. 

 

 When the number of interfering signals is large, the beamformer can not cancel all of them 

adequately, and can result insignificant gain for the noise component. The solution of this 

limitation is a statistically optimal maximum SINR beamformer which maximizes the output 

signal to interference and noise power ratio. This method requires knowledge of both the 

desired signal’s and the interference correlation matrix.  

The SINR at the beamformer output is given [35]  

     ηηη yywaswaswxwy s

HHHH +=+=+== )(                                      (4.1) 

Where ( )aswy
H

s =  the desired signal is output and ηη
H

wy = is the interference output. The 

average output SINR is then [1] 
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Where { }H

s asasER )(=   and { }H

i ER ηη= . The optimum weight vector optw  is the vector 

which maximizes (4.2). 

The relation between the SIR and BER in adaptive antenna array system is given in [4] as,  

               ( )SIRNQBER s3=                                                  (4.3) 
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Where sN is spreading factor which various from 4 to 256, for voice Ns =256 assuming the 

noise limited environment. The performance measure signal to interference-plus-noise ratio 

(SINR) optimum beamforming weight are given by Wiener solution [35] 
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CHAPTER FIVE 

ANALYSIS AND SIMULATION 

 

5.1 Digital Beamforming Algorithms 

In mobile cellular communication frequency reuse and cell sectorization are widely 

implemented in order to increase cell capacity and coverage.  But due to signal power 

radiated in directions and throughout the cell area further increment in capacity and 

coverage is not practically reliable [33]. Thus, Beamforming is one to minimize these 

constraints. There are mainly two approaches to Beamforming: switched and adaptive 

beamforming based on their complexity and efficiency.  

 

The simpler one is switched BF where the direction of arrival (DOA) of the signal is 

detected and corresponding beam is formed in that direction by multiplying complex array 

factor (AF). The DOA in the switched beamforming can be computed using algorithms such 

as MUSIC and ESPRIT but these algorithms do not suppressing strong interfering signals 

[33]. 

 

Adaptive beamforming is more complex, but highly efficient where the radiation pattern is 

constructed dynamically in which interferers are blocked by placing nulls and the beam is 

formed in the direction of users. Beam steering implemented in the direction of the user as it 

moves using fully adaptive antenna array. The complex weights are computed by using 

adaptive algorithms: LMS, RLS, SMI, CMA, and DDA which are discussed under chapter 3 

above. Thus, the required pattern is formed by multiplying the computed weight with the 

signal from the antenna array. In this work, we try to emphasis on LMS and CMA of the 

beamforming algorithms from the discussed beamforming algorithms, in the simulation 

study for the performance measurement. The adaptive algorithms LMS & CMA are less 

complex and simple to implement relative to the others.  
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Figure 5.1 Adaptive Beamforming Algorithm Flow chart 
 

5.2 System and Traffic Model  

In CDMA, although there is no hard limit on the number of mobile users served, there is a 

practical limit on the number of simultaneous users in a cell to control the interference 

among users having the same pilot signal. The system capacity bound with acceptable QoS 

of CDMA systems supporting voice and data traffic in the reverse link is given in many 

literatures [34]. We assume that antenna array is used at the base station only, and at the 

mobile station we have a single antenna, which results a channel configuration of multiple 

input single output as shown in figure 5.1. The service area of a mobile cellular network is 

assumed to be covered by many identical regular hexagonal cells and mobile stations are 

uniformly distributed in each cell with a random speed V which has a probability density 

function (pdf) fv(v). Mobile stations move randomly in any direction with equal probability 

over [0, 2π) angle of arrival. In mobile cellular system implementing beamforming 

algorithm, it is assumed that the bandwidth sepration is θb, which is further assumed as the 

minimum separation angle between two consecutive mobile stations using the same physical 
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channel [34]. The inter-antenna elements spacing (d) is in terms of signal wavelength (λ) 

and we use few number of array element antenna: 4 and 6 to emphasis on some of the 

beamforming algorithm effective with few number of antenna elements..  

 

5.3 Simulation model and parameters  

 In order to achieve the goal of this thesis work, a model of adaptive beamforming system is 

created and the performance of the system is analyzed using system model of figure5.2. In 

adaptive beamforming system, the BS can form multiple independent beams to serve the 

users.  

 

                                      Figure 5.2 System model                                            

 

The simulation has been performed using MATLAB codes. From the Beamforming 

algorithm discussed above we choose for the simulation study only two of them from 

adaptive algorithm: LMS and CMA. The simulating codes have loops to update the weight 

vectors that are used to estimate the desired signal. The parameters used in this simulation 

study are: antenna noise figure (base station system noise), the step size (µ), antenna spacing 

(d), and antenna array element. The efficiency of these algorithms is dependent on the 

selected values for the above parameters. In addition to these parameters there are other 

parameters which are considered to be fixed with constant values. Mainly the simulation 

model for these two algorithms looks for specific system model and analysis model as 

discussed in the next sub sections. The error is a result of the extra ‘system’ noise that is 

added to all antennas. The interference signals are Gaussian white noise, zero mean with a 

standard deviation of 1.  
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The following assumption is considered to simplify the simulation environment: 

� Perfect power control. 

� A beam formed by the array can be steered in any direction in the azimuth plane. 

Table 5.1 simulation parameters 

Inter- antenna Spacing (d) 0.25λ, 0.5λ, and λ 

Step size (µ) 0.1,0.01 and 0.001 

Number of antenna array elements  4 and 6 

 System noise (antenna) 0.1 and 0.01,  

No of  interference in the system 2, 3,4 and 5 

Desired signal AOA 20 degree 

Steering angles for null interferences -82, -40, -19, -10, 0, and 40 (degree) 

Bit rate 100 

No of samples (iteration time) 210 

System band width (W) 

 

1.25MHz 

Bit-error rate (BER) 

 

10
-3

 

 

5.4 Simulation results and discussion 

 

5.4.1 LMS Adaptive Beamforming Algorithm 

The LMS is discussed in subsection 3.9.1.1; an adaptive array is simulated in MATLAB by 

using the LMS algorithm explained above. When an array of 6 element antennas are used, 

there is a maximum of 5 nulls that can eliminate the interferer and when 4 element antennas 

are used, there is maximum of 3 nulls that can reject interferers. Synchronization of the LMS 

algorithm usually involves the use of correlators in the digital beamformer to align the 

desired vector with the incoming signal. The interferers are cancelled by placing nulls in the 

direction of the interferers.  

Figure 5.3 below is the simulation result obtained using 6 antenna elements and assuming 

five interfering signals. The inter-antenna spacing is equal to half wavelength. From this 

figure one can observe that, LMS adaptive beamforming weighted signal │y│ starts from 
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zero and estimate the normalized desire signal magnitude. The error amplitude also is 

minimized as the number of iteration (samples) becomes greater. It means LMS error 

rapidly decreases up to 60 samples and then very slowly. The reason why the LMS error 

start from one and weighted signal from zero is that, trained adaptive algorithm uses 

reference signals and initialized the weight vector to zero. 
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  Figure 5.3 LMS algorithm for an adaptive array with 6-element antenna and 5 interferers 

for antenna noise figure equal to 0.1, µ=0.01, and d=0.5λ, Amplitude and Phase estimation 

versus time of iteration. 

 

Figure 5.4 is similar with 5.3 but their difference lies on the simulation parameter value. 

Comparing them, we can observe that figure 5.4 is more efficient in estimation of the 

desired signal after some samples and it highly minimize LMS error. In this simulation study 

we use the system (antenna) noise figure smaller than in case of figure 5.3. This shows it has 

a direct effect on the performance of beamforming algorithms and that is discussed under 

table 5.1 why we choice it as simulation parameter. 
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Figure 5.4 LMS algorithm for an adaptive array with 6-element antenna and 5 

interferers for antenna noise figure equal to 0.01, µ=0.01, and d=0.5λ, Amplitude 

and Phase estimation versus time of iteration. 

 

Figure 5.5 below is the array factor versus angle. From this figure we see that the desired 

signal is steered at 20 degree and we have five nulls where strong interfering signals steered 

to be rejected. As shown by the simulation result, the desired signal properly received with 

array factor of 0dB. The simulation performed assuming one desired signal and 5 interfering 

signals, this 6 antenna arrays can reject 5 strong interfering signals. This simulation result 

shows that the LMS algorithm is able to iteratively update the weights to force deep nulls at 

the direction of the interferers and achieve maximum beam in the direction of the desired 

signal. The nulls can be seen deep at below -45dB level from the maximum observed at 20 

degree.  
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Figure 5.5 Array factor for LMS algorithm for an adaptive array with 6-element 

antenna and 5 interferers for antenna noise figure equal to 0.01, µ=0.01, and 

d=0.5λ. Array factor (dB) versus theta (degrees) 

 

 

The simulation result given below under 5.6 (a) and (b) is using the same simulating 

parameter with the result discussed above by figure 5.4 and 5.5, but they are differing in 

number of antenna used. Here we use 4-element antenna to maximally reject three 

interfering signals. The weighted signal estimate the desired signal efficiently after 60 

samples as given by figure 5.4 where as the estimation is attain best result after 120 samples 

when 4 antenna elements are used as shown by figure 5.6(a) below. Thus, from this two 

simulation results as the number of antenna element at base station increase, the LMS 

algorithm for digital beamforming performance increases. In other words, adaptation of the 

LMS algorithm is very high and converges rapidly. As the number of antenna array element 

increases the width of the main lobe decreases, the number of the side lobe increases and the 

number of nulls in the pattern increases. Therefore, using more antenna at base station 

maximize the performance of digital beamforming by rejecting more interferences which 

maximize the SINR.  
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 (a) Amplitude and Phase estimation versus time of iteration 
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  (b) Array factor (dB) versus theta (degrees) 

 

Figure 5.6 LMS algorithm for an adaptive array with 4-elemen antenna and 3 interferers for 

antenna noise figure equal to 0.01, µ=0.01, d=0.5λ. 
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From figure 5.7 below we can see how the inter antenna element spacing affects the 

performance of the adaptive beamforming algorithms. In this simulation study we assume 

that the inter-antenna element spacing distance is full wavelength. The LMS algorithm for 

CDMA system capacity improvement is strongly affected by the antenna array arrangement, 

from this simulation result the normalized weighted signal magnitude is about 0.5 or half of 

the desired signal and the over all LMS error obtained averages to over 0.5 or it results in 

over 50% error. Thus, using this value deteriorate the performance of LMS algorithm as we 

can see from figure 5.7 this result can not accepted. Increasing inter antenna element spacing 

causes the main lobe in undesired direction, which causes grating lobe.   
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         (a) Amplitude and Phase estimation versus time of iteration 
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Fig.5.7 LMS algorithm for an adaptive array with 6-element antenna and 5 

interferers for antenna noise figure equal to 0.1 and λ=d. and µ = 0.01 Array factor 

(dB) versus theta (degrees) 

 

From figure 5.8 below the inter antenna element spacing distance is one fourth wavelength 

(0.25λ). From this simulation result the normalized weighted signal magnitude is very 

slowly adapt to the desired signal and the LMS error obtained is also deceases slowly. But 

comparing with the case where inter-antenna element spacing distance is full wavelength 

(d=λ), the result obtained by this simulation study is more practical and acceptable. Also 

from the simulation result obtained for the array factor, only two interfering signals would 

be rejected even though from figure 5.5 using the same numbers of antenna element five 

strong interfering signals are rejected. As seen from figure 5.8(b) the inter-element spacing 

decreases the number of rejected interferences are limited so, the system capacities and 

coverage becomes reduced. Thus using such value deteriorates the performance of 

beamforming algorithm used to enhance the system performance. 
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  a) Amplitude and Phase estimation versus time of iteration 
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Fig.5.8 LMS algorithm for an adaptive array with 6-element antenna and 4 interferers for 

antenna noise figure equal to 0.1 and d=0.25λ and µ = 0.01 
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The simulating parameters implemented for the result given by figure 5.9 below is the same 

with parameters that result figure 5.4, only differ by the step size µ.  Here µ = 0.001, using 

this value and keeping other parameters the same we get the result shown by figure 5.9 

below. From this simulation result the normalized weighted signal magnitude is very slow to 

adapt toward the desired signal and the LMS error obtained is also very slowly decreases. 

As one can see over the considered sample the normalized weighted signal magnitude is 

under 0.6 and the LMS error is above 0.4.  

 

When number of sample (at number of iterating time) is 120 the weighted signal normalized 

amplitude is 0.5 and LMS error is also 0.5. Based on the simulation result given by figure 

5.9 to implement small step size the LMS adaptive beamforming algorithm must require 

very large number of reference signal, which need more bandwidth. Since the wireless 

bandwidth is highly limited, it is not economical to use more reference signals as it wastes 

more scarce resources. Thus using such value deteriorates the performance of beamforming 

algorithm used to enhance the system performance. 
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  a) Amplitude and Phase estimation versus time of iteration 
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      b) Array factor (dB) versus theta (degrees) 

Fig.5.9 LMS algorithm for an adaptive array with 6-element antenna and 5 interferers for 

antenna noise figure equal to 0.01 and 0.5 λ =d and µ = 0.001  

 

The simulation result given by figure 5.10 below is uses the same simulation parameters 

with figure 5.4, but they only differ in the number of antenna element and assumed number 

of interfering signals. In this simulation study 4-element antenna arrays and 2 interfering 

signals are considered. The maximum interference that can be rejected using 4 antenna 

elements is 3. From the result obtained we can see that there is no more shift in phase 

between the desired signals and weighted. The normalized weighted amplitude is slow to 

adapt to the desire signal and the LMS error is decreasing slowly. After 140 samples the 

result obtained from this simulation relatively the same with the result obtained from figure 

5.4 after 60 samples.   
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  a) Amplitude and Phase estimation versus time of iteration 
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  b) Array factor (dB) versus theta (degrees) 

Fig.5.10 LMS algorithm for an adaptive array with 4-element antenna and 2 

interferers for antenna noise figure equal to 0.01, µ=0.01, d=0.5λ. 
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5.4.2 CMA for Adaptive Beamforming 

 

In reality, an exact measurement of the gradient vector is not possible, since this would 

require a prior knowledge of ])([
p

nsE . The strategy is to scale )(ns  to unity and to use the 

instantaneous estimate is discussed in sub section 3.9.2.1. The algorithm is simulated by 

MATLAB and the result of the simulation can be found in Figure 5.11 and 5.12 below. The 

algorithm converges slower than the LMS algorithm, as we can observe from figure 5.4 and 

figure 5.11 and figure 5.3 and figure 5.12. The simulation was done with a relatively low 

system noise. The interferers are the same as in the LMS experiment with the same angle of 

arrival of the signals.  

 

The signals of the interferers arrive at an angle of –10, –40 and 58 degrees. The signal to be 

received arrives at an angle of 20 degrees as shown in figure 5.13 below. Figure 5.13 shows 

the amplitude response of the adaptive array factor, where three interferers are rejected. The 

results demonstrate the concept of the CM algorithm. From the comparison of these two 

algorithms we observe a difference in initialization of weighting vectors. During the efforts 

to simulate the CM algorithm it was clear that the algorithm is less stable than the LMS 

algorithm. Simulations of the algorithm using the error defined in (3.35) have not resulted in 

stable results. The advantage of the CM algorithm is the fact that it only needs the 

instantaneous amplitude of the array output )(ky  and therefore no synchronization is 

required where as LMS require synchronization as discussed in the previous section. Due to 

this property, the CM algorithm is relatively simple to implement.  
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Figure 5.11CMA algorithms for an adaptive array with 6-element antenna and 5 

interferers for antenna noise figure equal to 0.01, µ=0.01, d=0.5λ. Amplitude and 

Phase estimation versus time of iteration 
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Figure 5.12 CMA algorithm for an adaptive array with 6-element antenna and 5 

interferers for antenna noise figure equal to 0.1 , µ=0.01, d=0.5λ Amplitude and 

Phase estimation versus time of iteration 
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 Figure 5.13 CMA algorithm for an adaptive array with 4-element antennas and 3 

interferers for antenna noise figure equal to 0.01, µ=0.01, d=0.5λ. Array factor (dB) 

versus theta (degrees) 

 

Figure 5.14 (a) below is the simulation result obtained for CMA algorithm using the same 

parameters with the parameters used for simulating the figure 5.11 only differ in the inter-

antenna spacing distance. As one can observe from the figure 5.14 (a) the phase of the 

desired signal and weighted signal have no any point in common, which introduce more 

error. Comparing this with the desired signal and weighted signal phase given by figure 5.11 

and the error magnitude for the two cases, we can realize that the change in inter-antenna 

element spacing affects the performance of the CMA algorithm for digital beamforming to 

enhance system capacity. As explained above the inter element antenna spacing d =0.25λ is 

not suitable distance to implement this algorithm and it can not properly reject the 

interferences.  
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          a) Amplitude response and Phase estimation versus time of itreation 
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    Figure 5.14 CMA algorithms for an adaptive array with 4-element antenna and 2 

interferers for antenna noise figure equal to 0.01 and d =0.25λ and µ = 0.01 
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From figure 5.15 (a) and (b) shown below we see that as the CMA for digital beamforming 

affected by the magnitude of inter-antenna element spacing comparing with figure 5.11 give 

above. Using d= λ to enhance the system performance by implementing digital beamforming 

concepts as observed form figure 5.7, 5.8 for LMS algorithm and 5.11 for CMA algorithms. 

The CMA error magnitude is highly fluctuating randomly and averaged to around 0.75 or 

75% and the weighted signal is highly oscillating and become unstable. Also the phase of 

the weighted signal is not follow the phase shift of desired signal. Therefore, the result 

obtained using such parameter is not practical as it shifts the desired signal arrival angle and 

mismatch the nulls with interfering signals as we can see from figure 5.15 (b) below.  
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  (a) Amplitude and Phase estimation versus time of iteration 
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Figure 5.15 CMA algorithm for an adaptive array with 4-element antenna and 2 interferers 

for antenna noise figure equal to 0.01 and λ =d and µ = 0.01 

 

As discussed above in figure 5.9 using very small adaptation step size affects the 

beamforming algorithms performance. From these two simulation result for different 

adaptive algorithm we observe that in order to adapt to the desired signal the adaptation step 

size should be reasonable. But comparing to the result obtained from figure 5.9 the result 

obtained from simulation result given by figure 5.16 is highly unstable and it cannot show 

any improvement in error amplitude and estimation of desired signal. These indicate that the 

LMS algorithm converges as the number of sample increases while CMA cannot do this.  
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  (a) Amplitude and Phase estimation versus time of iteration 
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5.16 CMA algorithm for an adaptive array with 4 antennas and 3 interferers for antenna 

noise figure equal to 0.01 and 0.5 λ =d and µ = 0.001  

 

 

 

 

 



 57 

5.4.3. Maximization signal-to-Interference Noise ratio  

 
 From figure 5.17 performance evaluation algorithm flow chart we obtain the weight vector 

which is used to maximize SINR of the adaptive beamforming. From figure 5.18 shown 

below we see that the performance increases as the number of adaptive antenna array 

elements increase while the BER is becoming lower and lower. The simulation of SINR vs 

BER for CMA, LMS with array element antenna number 4, 6 and for the same antenna array 

with out using the beamforming concept is shown in figure 5.18. Thus the use of adaptive 

antennas improves the performance of mobile communications systems in terms of SINR vs 

BER as obtained from the simulation result given under figure 5.18 below. The signal 

reception at BER= 310−  with 6-element antenna array (LMS) more performance than the 

others. Therefore, using more element antenna array the signal reception quality improved 

with the beamforming algorithm. 
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Fig 5.17 Flow chart for the Performance evaluation algorithm 
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                 Figure 5.18 SINR vs. BER 

 

Table.2  Summary of performance  

 

Parameter 
Algori

thm 

Array 

element(M) 

Element 

spacing(d) 

Step 

size(µ) 

System 

noise 

Converge

nce rate 

(iteration) 

BER 

Performa

nce (%) 

4 0.5λ 0.01 0.01 120 12.5 LMS 

6 0.5λ 0.01 0.01 60 30 

4 0.5λ 0.01 0.01 - 5.35 CMA 

6 0.5λ 0.01 0.01 140 

 
310−  

23.2 
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CHAPTER SIX 

CONCLUSION AND FUTURE WORKS 

6.1 Conclusions 

In this work, we study about the digital beamforming to enhance the mobile cellular network 

system capacity and coverage. For this we have discuss about different beamforming types, 

different antenna array geometry and different beamforming algorithms. Techniques for 

increasing flexibility of the network to deal with new services and traffic characteristics are 

the requirements and implementation challenges. The CDMA is one of the multiple access 

mechanism implemented in wireless networks to improve the system capacity over other 

access methods. But CDMA capacity is highly affected by interferences. To overcome this 

problem we try to null the interferers and receive the desire signal at its maximum value, 

which results in maximization of SINR of the system. Once the SINR can be maximized it is 

true that the CDMA system capacity increased or within a given base station we can have 

more users. Also the CDMA system coverage increased as the strong interferers are rejected 

by the deep nulls to the direction of strong interferers and maximum toward the desired signal. 

These results to the system from the digital beamforming techniques implemented at the base 

station.  

 

The inter-element spacing between the antenna elements is an important factor in the design 

of an antenna array: a distance of more than 
2

λ  between the elements (where λ  is the 

wavelength of the incoming or outgoing signals) produces grating lobes. If the inter element 

spacing between the antenna elements is less than
2

λ , the mutual coupling between the 

elements can not be neglected any more. That’s why the optimum element spacing for 

beamforming application distance, d = 
2

λ  .  We overviewed the concept of beamforming 

and discussed the techniques used in solving the problems associated with the wireless 

personal communication. We discussed how multibeam antennas are capable of increasing 

the capacity of CDMA systems. In the LMS, we need a reference signal d (k) to which we 

want to have the output converge. In CMA, however, the reference signal is not necessary, 

we use the a priori information that │y│=1 in the absence of interfering signals. 
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The simulation result for the two adaptive algorithms which are implemented to test the 

performance improvement of the digital beamforming concept show that the number of 

interferers to be rejected, the level of the maximum and null, the error magnitude, the 

estimation (adaptation) of weighted signal to desired signal and the phase shift varies with 

variations of antenna number, step size, system noise, and inter antenna element spacing. The 

results obtained from the analysis in this thesis are valuable for mobile cellular network 

planning and dimensioning. Form the simulation study performed, the LMS algorithm 

performs better than the CMA algorithm in all assumed condition with some computational 

complexity. Therefore, these algorithms have been shown to give a significant performance 

improvement at reasonable computational costs over algorithms which only consider the array 

manifold (over the switched beamforming algorithms). The simulation study for SINR vs 

BER shows the performance measure of a CDMA communication link, which give us an 

insight about the performance improvement resulted from beamforming techniques.  

6.2 Future Work 

There are several issues that can be addressed as a future work related to this research areas. 

This can be extended to the downlink CDMA mobile communication. A very interesting 

future work, which can be addressed, is to implement this concept in the mobile station by 

using multi antenna element at the mobile station in order to provide better quality and 

increase the system capacity and coverage.  

Future studies could also be performed on a higher chip rate bandwidth CDMA system 

which would provide a higher processing gain and possible multimedia wireless 

communication such as high data rate video transmissions. Also using larger number of 

antenna elements to get more precise and fast estimation results by using RLS and 

perturbation-RLS (PRLS) adaptive beam forming algorithms. This concept can be 

implemented in higher information bit transmission rates to overcome the effect of a harsh 

propagation environment with small coherence time where the fading effect over an 

information bit is relatively flat.  
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%‘LMSarray.m’ 

%adaptive array demonstrator LMS algorithm for DBF A 
theta_x = 20 %degrees, direction of signal x 

theta_x = (2*pi/360)*theta_x 

theta_n1 = 0; %degrees, direction of noise source 1 

theta_n1 = (2*pi/360)*theta_n1 

theta_n2 = -40 %degrees, direction of noise source 2 

theta_n2 = (2*pi/360)*theta_n2 

%theta_n3 = -19 %degrees, direction of noise source 3 

%theta_n3 = (2*pi/360)*theta_n3 

%theta_n4 = -82 %degrees, direction of noise source 4 

%theta_n4 = (2*pi/360)*theta_n4 

%theta_n5 = 41 %degrees, direction of noise source 5 

%theta_n5 = (2*pi/360)*theta_n5 

theta = pi*[-1:0.005:1]; 

arraylength = 4; %nr of antennas 

bitrate = 100; 

fsim = 4*bitrate; %simulation frequency 

Ts = 1/fsim; %simulation sample period 

message = [1 -1 1 1 1 -1 1 -1 -1 -1 1 1 -1 1 -1 1 1 1 -1 -1 -1 1 1 1 1 1 -1 1 -1 1 1 1 -1 -1 -1 -1 

1 -1 1 -1 -1 -1 -1 -1 1 1 1 -1 1 -1 1 1 1]; 

message = upsample(message, fsim/bitrate); %upsample message 

t = Ts:Ts:(length(message)/fsim); %timeline 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%generate a complex MSK signal 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

mesint=(cumsum(message))/8; 

Q = cos(pi*mesint); 

I = sin(pi*mesint); 

plot(Q) 

hold on; 

plot(I,'r') 

signal_x = I+j*Q; %the signal to be received 

% the undesired complex noise singals-> uniform phase, gaussian amplitude distribution 

signal_n1 = normrnd(0,1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

signal_n2 = normrnd(0,1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

noise = zeros(arraylength, length(t)); 

% system noise for every antenna 

for i = 0:arraylength-1, 

noise(i+1,:) = normrnd(0,0.01,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

end; 

%K = 2*pi/ lambda 

%d = 0.5*lambda 

%Kd means K*d equal to pi 

Kd = pi; 
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% array responses for the desired signal x and noise n1 and n2 

arrayvec_x = zeros(1,arraylength); 

arrayvec_n1 = zeros(1,arraylength); 

arrayvec_n2 = zeros(1,arraylength); 

for k = 0:arraylength-1, 

arrayvec_x(k+1) = exp(j*k*Kd*sin(theta_x)); 

end; 

for k = 0:arraylength-1, 

arrayvec_n1(k+1) = exp(j*k*Kd*sin(theta_n1)); 

end; 

for k = 0:arraylength-1, 

arrayvec_n2(k+1) = exp(j*k*Kd*sin(theta_n2)); 

end; 

x = zeros(arraylength, length(t)); 

n1 = zeros(arraylength, length(t)); 

n2 = zeros(arraylength, length(t)); 

% received signal from signal source x 

for i = 0:arraylength-1, 

x(i+1,:) = signal_x .* arrayvec_x(i+1); 

end; 

% received signal from noise source n1 

for i = 0:arraylength-1, 

n1(i+1,:) = signal_n1 .* arrayvec_n1(i+1); 

end; 

% received signal from noise source n2 

for i = 0:arraylength-1, 

n2(i+1,:) = signal_n2 .* arrayvec_n2(i+1); 

end; 

%total received signal is the 

%+- -+ 

%| signal received at antenna 1 | 

%| signal received at antenna 2 | 

%| | | 

%| signal received at antenna n | 

%+- -+ 

signal_ns = (noise + n1+n2+x); 

% define weight vector 

w = zeros(1,arraylength); 

mu = 0.01; 

y = zeros(1,length(t));%output 

e = zeros(1,length(t));%error 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%LMS Algorithm 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

for repeat=1:1,% use repeat for more convergence on the same message 
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for i=0:length(t)-1, 

y(i+1) = w * signal_ns(:,i+1); 

e(i+1) = signal_x(i+1)-y(i+1); 

w = w + mu *e(i+1)*(signal_ns(:,i+1))'; 

end; 

end; 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%Plot all figures 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

close all; 

subplot 311, (plot(phase(signal_x),':')) 

grid on; 

ylabel('phase(rad)'); 

%xlabel('sample(index)'); 

axis([0 210 -1 3]); 

title('desired signal 25 degrees interferers 0 and -40 degrees') 

hold on; 

plot(phase(y),'r'); 

legend('phase(d)','phase(y)') 

grid on; 

hold off; 

subplot 312, plot(abs(signal_x),':'); 

hold on; 

plot(abs(y),'r'); 

grid on; 

legend('|d|', '|y|') 

ylabel('amplitude'); 

%xlabel('sample(index)'); 

axis([0 210 0 1.5]); 

hold off; 

subplot 313, plot(abs(e)); 

legend('|error|'); 

grid on; 

ylabel('amplitude'); 

xlabel('sample(index)'); 

axis([0 210 0 1.5]); 

for k = 0:arraylength-1, 

arrayvec(k+1,:) = exp(j*k*Kd*sin(theta)); 

end; 

%calculate response of array 

F = w*arrayvec; 

figure 

plot(((theta/(2*pi))*360), 20*log10(abs(F))); 

grid on; 

title('amplitude response antenna pattern'); 
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ylabel('(dB)'); 

xlabel('angle(degrees)'); 

axis([-90,+90,-55,10]); 

hold on; 

dbgrens = 40 

grid on; 

%figure; plot(((theta/(2*pi))*360), phase(F)); %plot phase response if 

%desired 

%‘LMSarray.m’ 

%adaptive array demonstrator LMS algorithm for DBF B 
theta_x = 20 %degrees, direction of signal x 

theta_x = (2*pi/360)*theta_x 

theta_n1 = 0; %degrees, direction of noise source 1 

theta_n1 = (2*pi/360)*theta_n1 

theta_n2 = -40 %degrees, direction of noise source 2 

theta_n2 = (2*pi/360)*theta_n2 

%theta_n3 = -19 %degrees, direction of noise source 3 

%theta_n3 = (2*pi/360)*theta_n3 

%theta_n4 = -82 %degrees, direction of noise source 4 

%theta_n4 = (2*pi/360)*theta_n4 

%theta_n5 = 41 %degrees, direction of noise source 5 

%theta_n5 = (2*pi/360)*theta_n5 

theta = pi*[-1:0.005:1]; 

arraylength = 4; %nr of antennas 

bitrate = 100; 

fsim = 4*bitrate; %simulation frequency 

Ts = 1/fsim; %simulation sample period 

message = [1 -1 1 1 1 -1 1 -1 -1 -1 1 1 -1 1 -1 1 1 1 -1 -1 -1 1 1 1 1 1 -1 1 -1 1 1 1 -1 -1 -1 -1 

1 -1 1 -1 -1 -1 -1 -1 1 1 1 -1 1 -1 1 1 1]; 

message = upsample(message, fsim/bitrate); %upsample message 

t = Ts:Ts:(length(message)/fsim); %timeline 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%generate a complex MSK signal 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

mesint=(cumsum(message))/8; 

Q = cos(pi*mesint); 

I = sin(pi*mesint); 

plot(Q) 

hold on; 

plot(I,'r') 

signal_x = I+j*Q; %the signal to be received 

% the undesired complex noise singals-> uniform phase, gaussian amplitude distribution 

signal_n1 = normrnd(0,1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

signal_n2 = normrnd(0,1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

noise = zeros(arraylength, length(t)); 
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% system noise for every antenna 

for i = 0:arraylength-1, 

noise(i+1,:) = normrnd(0,0.01,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

end; 

%K = 2*pi/ lambda 

%d = 0.5*lambda 

%Kd means K*d equal to pi 

Kd =1.5* pi; 

% array responses for the desired signal x and noise n1 and n2 

arrayvec_x = zeros(1,arraylength); 

arrayvec_n1 = zeros(1,arraylength); 

arrayvec_n2 = zeros(1,arraylength); 

for k = 0:arraylength-1, 

arrayvec_x(k+1) = exp(j*k*Kd*sin(theta_x)); 

end; 

for k = 0:arraylength-1, 

arrayvec_n1(k+1) = exp(j*k*Kd*sin(theta_n1)); 

end; 

for k = 0:arraylength-1, 

arrayvec_n2(k+1) = exp(j*k*Kd*sin(theta_n2)); 

end; 

x = zeros(arraylength, length(t)); 

n1 = zeros(arraylength, length(t)); 

n2 = zeros(arraylength, length(t)); 

% received signal from signal source x 

for i = 0:arraylength-1, 

x(i+1,:) = signal_x .* arrayvec_x(i+1); 

end; 

% received signal from noise source n1 

for i = 0:arraylength-1, 

n1(i+1,:) = signal_n1 .* arrayvec_n1(i+1); 

end; 

% received signal from noise source n2 

for i = 0:arraylength-1, 

n2(i+1,:) = signal_n2 .* arrayvec_n2(i+1); 

end; 

%total received signal is the 

%+- -+ 

%| signal received at antenna 1 | 

%| signal received at antenna 2 | 

%| | | 

%| signal received at antenna n | 

%+- -+ 

signal_ns = (noise + n1+n2+x); 

% define weight vector 

w = zeros(1,arraylength); 

mu = 0.01; 
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y = zeros(1,length(t));%output 

e = zeros(1,length(t));%error 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%LMS Algorithm 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

for repeat=1:1,% use repeat for more convergence on the same message 

for i=0:length(t)-1, 

y(i+1) = w * signal_ns(:,i+1); 

e(i+1) = signal_x(i+1)-y(i+1); 

w = w + mu *e(i+1)*(signal_ns(:,i+1))'; 

end; 

end; 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%Plot all figures 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

close all; 

subplot 311, (plot(phase(signal_x),':')) 

grid on; 

ylabel('phase(rad)'); 

%xlabel('sample(index)'); 

axis([0 210 -1 3]); 

title('desired signal 25 degrees interferers 0 and -40 degrees') 

hold on; 

plot(phase(y),'r'); 

legend('phase(d)','phase(y)') 

grid on; 

hold off; 

subplot 312, plot(abs(signal_x),':'); 

hold on; 

plot(abs(y),'r'); 

grid on; 

legend('|d|', '|y|') 

ylabel('amplitude'); 

%xlabel('sample(index)'); 

axis([0 210 0 1.5]); 

hold off; 

subplot 313, plot(abs(e)); 

legend('|error|'); 

grid on; 

ylabel('amplitude'); 

xlabel('sample(index)'); 

axis([0 210 0 1.5]); 

for k = 0:arraylength-1, 
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arrayvec(k+1,:) = exp(j*k*Kd*sin(theta)); 

end; 

%calculate response of array 

F = w*arrayvec; 

figure 

plot(((theta/(2*pi))*360), 20*log10(abs(F))); 

grid on; 

title('amplitude response antenne pattern'); 

ylabel('(dB)'); 

xlabel('angle(degrees)'); 

axis([-90,+90,-55,10]); 

hold on; 

dbgrens = 40 

grid on; 

%figure; plot(((theta/(2*pi))*360), phase(F)); %plot phase response if 

%desired 

 

%‘LMSarray.m’ 

%adaptive array demonstrator LMS algorithm for DBF A 
theta_x = 20 %degrees, direction of signal x 

theta_x = (2*pi/360)*theta_x 

theta_n1 = 0; %degrees, direction of noise source 1 

theta_n1 = (2*pi/360)*theta_n1 

theta_n2 = -40 %degrees, direction of noise source 2 

 theta_n2 = (2*pi/360)*theta_n2 

theta_n3 = -19 %degrees, direction of noise source 3 

theta_n3 = (2*pi/360)*theta_n3 

theta_n4 = -82 %degrees, direction of noise source 4 

theta_n4 = (2*pi/360)*theta_n4 

theta_n5 = 41 %degrees, direction of noise source 5 

theta_n5 = (2*pi/360)*theta_n5 

theta = pi*[-1:0.005:1]; 

arraylength = 4; %nr of antennas 

bitrate = 100; 

fsim = 4*bitrate; %simulation frequency 

Ts = 1/fsim; %simulation sample period 

message = [1 -1 1 1 1 -1 1 -1 -1 -1 1 1 -1 1 -1 1 1 1 -1 -1 -1 1 1 1 1 1 -1 1 -1 1 1 1 -1 -1 -1 -1 

1 -1 1 -1 -1 -1 -1 -1 1 1 1 -1 1 -1 1 1 1]; 

message = upsample(message, fsim/bitrate); %upsample message 

t = Ts:Ts:(length(message)/fsim); %timeline 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%generate a complex MSK signal 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

mesint=(cumsum(message))/8; 

Q = cos(pi*mesint); 
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I = sin(pi*mesint); 

plot(Q) 

hold on; 

plot(I,'r') 

signal_x = I+j*Q; %the signal to be received 

% the undesired complex noise singals-> uniform phase, gaussian amplitude distribution 

signal_n1 = normrnd(0,1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

signal_n2 = normrnd(0,1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

noise = zeros(arraylength, length(t)); 

% system noise for every antenna 

for i = 0:arraylength-1, 

noise(i+1,:) = normrnd(0,0.01,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

end; 

%K = 2*pi/ lambda 

%d = 0.5*lambda 

%Kd means K*d equal to pi 

Kd = pi; 

% array responses for the desired signal x and noise n1 and n2 

arrayvec_x = zeros(1,arraylength); 

arrayvec_n1 = zeros(1,arraylength); 

arrayvec_n2 = zeros(1,arraylength); 

for k = 0:arraylength-1, 

arrayvec_x(k+1) = exp(j*k*Kd*sin(theta_x)); 

end; 

for k = 0:arraylength-1, 

arrayvec_n1(k+1) = exp(j*k*Kd*sin(theta_n1)); 

end; 

for k = 0:arraylength-1, 

arrayvec_n2(k+1) = exp(j*k*Kd*sin(theta_n2)); 

end; 

x = zeros(arraylength, length(t)); 

n1 = zeros(arraylength, length(t)); 

n2 = zeros(arraylength, length(t)); 

% received signal from signal source x 

for i = 0:arraylength-1, 

x(i+1,:) = signal_x .* arrayvec_x(i+1); 

end; 

% received signal from noise source n1 

for i = 0:arraylength-1, 

n1(i+1,:) = signal_n1 .* arrayvec_n1(i+1); 

end; 

% received signal from noise source n2 

for i = 0:arraylength-1, 

n2(i+1,:) = signal_n2 .* arrayvec_n2(i+1); 

end; 

%total received signal is the 

%+- -+ 
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%| signal received at antenna 1 | 

%| signal received at antenna 2 | 

%| | | 

%| signal received at antenna n | 

%+- -+ 

signal_ns = (noise + n1+n2+x); 

% define weight vector 

w = zeros(1,arraylength); 

mu = 0.01; 

y = zeros(1,length(t));%output 

e = zeros(1,length(t));%error 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%LMS Algorithm 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

for repeat=1:1,% use repeat for more convergence on the same message 

for i=0:length(t)-1, 

y(i+1) = w * signal_ns(:,i+1); 

e(i+1) = signal_x(i+1)-y(i+1); 

w = w + mu *e(i+1)*(signal_ns(:,i+1))'; 

end; 

end; 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%Plot all figures 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

close all; 

subplot 311, (plot(phase(signal_x),':')) 

grid on; 

ylabel('phase(rad)'); 

%xlabel('sample(index)'); 

axis([0 210 -1 3]); 

title('desired signal 25 degrees interferers 0 and -40 degrees') 

hold on; 

plot(phase(y),'r'); 

legend('phase(d)','phase(y)') 

grid on; 

hold off; 

subplot 312, plot(abs(signal_x),':'); 

hold on; 

plot(abs(y),'r'); 

grid on; 

legend('|d|', '|y|') 

ylabel('amplitude'); 

%xlabel('sample(index)'); 
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axis([0 210 0 1.5]); 

hold off; 

subplot 313, plot(abs(e)); 

legend('|error|'); 

grid on; 

ylabel('amplitude'); 

xlabel('sample(index)'); 

axis([0 210 0 1.5]); 

for k = 0:arraylength-1, 

arrayvec(k+1,:) = exp(j*k*Kd*sin(theta)); 

end; 

%calculate response of array 

F = w*arrayvec; 

figure 

plot(((theta/(2*pi))*360), 20*log10(abs(F))); 

grid on; 

title('amplitude response antenne pattern'); 

ylabel('(dB)'); 

xlabel('angle(degrees)'); 

axis([-90,+90,-55,10]); 

hold on; 

dbgrens = 40 

grid on; 

%figure; plot(((theta/(2*pi))*360), phase(F)); %plot phase response if 

%desired 

%‘LMSarray.m’ 

%adaptive array demonstrator LMS algorithm for DBF C 
theta_x = 20 %degrees, direction of signal x 

theta_x = (2*pi/360)*theta_x 

theta_n1 = 0; %degrees, direction of noise source 1 

theta_n1 = (2*pi/360)*theta_n1 

theta_n2 = -40 %degrees, direction of noise source 2 

 theta_n2 = (2*pi/360)*theta_n2 

theta_n3 = -19 %degrees, direction of noise source 3 

theta_n3 = (2*pi/360)*theta_n3 

theta_n4 = -82 %degrees, direction of noise source 4 

theta_n4 = (2*pi/360)*theta_n4 

theta_n5 = 41 %degrees, direction of noise source 5 

theta_n5 = (2*pi/360)*theta_n5 

theta = pi*[-1:0.005:1]; 

arraylength = 4; %nr of antennas 

bitrate = 100; 

fsim = 4*bitrate; %simulation frequency 

Ts = 1/fsim; %simulation sample period 

message = [1 -1 1 1 1 -1 1 -1 -1 -1 1 1 -1 1 -1 1 1 1 -1 -1 -1 1 1 1 1 1 -1 1 -1 1 1 1 -1 -1 -1 -1 

1 -1 1 -1 -1 -1 -1 -1 1 1 1 -1 1 -1 1 1 1]; 

message = upsample(message, fsim/bitrate); %upsample message 
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t = Ts:Ts:(length(message)/fsim); %timeline 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%generate a complex MSK signal 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

mesint=(cumsum(message))/8; 

Q = cos(pi*mesint); 

I = sin(pi*mesint); 

plot(Q) 

hold on; 

plot(I,'r') 

signal_x = I+j*Q; %the signal to be received 

% the undesired complex noise singals-> uniform phase, gaussian amplitude distribution 

signal_n1 = normrnd(0,1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

signal_n2 = normrnd(0,1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

noise = zeros(arraylength, length(t)); 

% system noise for every antenna 

for i = 0:arraylength-1, 

noise(i+1,:) = normrnd(0,0.01,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

end; 

%K = 2*pi/ lambda 

%d = 0.5*lambda 

%Kd means K*d equal to pi 

Kd = pi; 

% array responses for the desired signal x and noise n1 and n2 

arrayvec_x = zeros(1,arraylength); 

arrayvec_n1 = zeros(1,arraylength); 

arrayvec_n2 = zeros(1,arraylength); 

for k = 0:arraylength-1, 

arrayvec_x(k+1) = exp(j*k*Kd*sin(theta_x)); 

end; 

for k = 0:arraylength-1, 

arrayvec_n1(k+1) = exp(j*k*Kd*sin(theta_n1)); 

end; 

for k = 0:arraylength-1, 

arrayvec_n2(k+1) = exp(j*k*Kd*sin(theta_n2)); 

end; 

x = zeros(arraylength, length(t)); 

n1 = zeros(arraylength, length(t)); 

n2 = zeros(arraylength, length(t)); 

% received signal from signal source x 

for i = 0:arraylength-1, 

x(i+1,:) = signal_x .* arrayvec_x(i+1); 

end; 

% received signal from noise source n1 

for i = 0:arraylength-1, 
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n1(i+1,:) = signal_n1 .* arrayvec_n1(i+1); 

end; 

% received signal from noise source n2 

for i = 0:arraylength-1, 

n2(i+1,:) = signal_n2 .* arrayvec_n2(i+1); 

end; 

%total received signal is the 

%+- -+ 

%| signal received at antenna 1 | 

%| signal received at antenna 2 | 

%| | | 

%| signal received at antenna n | 

%+- -+ 

signal_ns = (noise + n1+n2+x); 

% define weight vector 

w = zeros(1,arraylength); 

mu = 0.01; 

y = zeros(1,length(t));%output 

e = zeros(1,length(t));%error 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%LMS Algorithm 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

for repeat=1:1,% use repeat for more convergence on the same message 

for i=0:length(t)-1, 

y(i+1) = w * signal_ns(:,i+1); 

e(i+1) = signal_x(i+1)-y(i+1); 

w = w + mu *e(i+1)*(signal_ns(:,i+1))'; 

end; 

end; 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%Plot all figures 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

close all; 

subplot 311, (plot(phase(signal_x),':')) 

grid on; 

ylabel('phase(rad)'); 

%xlabel('sample(index)'); 

axis([0 210 -1 3]); 

title('desired signal 25 degrees interferers 0 and -40 degrees') 

hold on; 

plot(phase(y),'r'); 

legend('phase(d)','phase(y)') 

grid on; 
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hold off; 

subplot 312, plot(abs(signal_x),':'); 

hold on; 

plot(abs(y),'r'); 

grid on; 

legend('|d|', '|y|') 

ylabel('amplitude'); 

%xlabel('sample(index)'); 

axis([0 210 0 1.5]); 

hold off; 

subplot 313, plot(abs(e)); 

legend('|error|'); 

grid on; 

ylabel('amplitude'); 

xlabel('sample(index)'); 

axis([0 210 0 1.5]); 

for k = 0:arraylength-1, 

arrayvec(k+1,:) = exp(j*k*Kd*sin(theta)); 

end; 

%calculate response of array 

F = w*arrayvec; 

figure 

plot(((theta/(2*pi))*360), 20*log10(abs(F))); 

grid on; 

title('amplitude response antenne pattern'); 

ylabel('(dB)'); 

xlabel('angle(degrees)'); 

axis([-90,+90,-55,10]); 

hold on; 

dbgrens = 40 

grid on; 

%figure; plot(((theta/(2*pi))*360), phase(F)); %plot phase response if 

%desired 

%‘LMSarray.m’ 

%adaptive array demonstrator LMS algorithm for DBF D 
theta_x = 20 %degrees, direction of signal x 

theta_x = (2*pi/360)*theta_x 

theta_n1 = 0; %degrees, direction of noise source 1 

theta_n1 = (2*pi/360)*theta_n1 

theta_n2 = -40 %degrees, direction of noise source 2 

 theta_n2 = (2*pi/360)*theta_n2 

theta_n3 = -19 %degrees, direction of noise source 3 

theta_n3 = (2*pi/360)*theta_n3 

theta_n4 = -82 %degrees, direction of noise source 4 

theta_n4 = (2*pi/360)*theta_n4 

theta_n5 = 41 %degrees, direction of noise source 5 

theta_n5 = (2*pi/360)*theta_n5 
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theta = pi*[-1:0.005:1]; 

arraylength = 4; %nr of antennas 

bitrate = 100; 

fsim = 4*bitrate; %simulation frequency 

Ts = 1/fsim; %simulation sample period 

message = [1 -1 1 1 1 -1 1 -1 -1 -1 1 1 -1 1 -1 1 1 1 -1 -1 -1 1 1 1 1 1 -1 1 -1 1 1 1 -1 -1 -1 -1 

1 -1 1 -1 -1 -1 -1 -1 1 1 1 -1 1 -1 1 1 1]; 

message = upsample(message, fsim/bitrate); %upsample message 

t = Ts:Ts:(length(message)/fsim); %timeline 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%generate a complex MSK signal 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

mesint=(cumsum(message))/8; 

Q = cos(pi*mesint); 

I = sin(pi*mesint); 

plot(Q) 

hold on; 

plot(I,'r') 

signal_x = I+j*Q; %the signal to be received 

% the undesired complex noise singals-> uniform phase, gaussian amplitude distribution 

signal_n1 = normrnd(0,1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

signal_n2 = normrnd(0,1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

noise = zeros(arraylength, length(t)); 

% system noise for every antenna 

for i = 0:arraylength-1, 

noise(i+1,:) = normrnd(0,0.01,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

end; 

%K = 2*pi/ lambda 

%d = 0.5*lambda 

%Kd means K*d equal to pi 

Kd = 1.5*pi; 

% array responses for the desired signal x and noise n1 and n2 

arrayvec_x = zeros(1,arraylength); 

arrayvec_n1 = zeros(1,arraylength); 

arrayvec_n2 = zeros(1,arraylength); 

for k = 0:arraylength-1, 

arrayvec_x(k+1) = exp(j*k*Kd*sin(theta_x)); 

end; 

for k = 0:arraylength-1, 

arrayvec_n1(k+1) = exp(j*k*Kd*sin(theta_n1)); 

end; 

for k = 0:arraylength-1, 

arrayvec_n2(k+1) = exp(j*k*Kd*sin(theta_n2)); 

end; 

x = zeros(arraylength, length(t)); 
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n1 = zeros(arraylength, length(t)); 

n2 = zeros(arraylength, length(t)); 

% received signal from signal source x 

for i = 0:arraylength-1, 

x(i+1,:) = signal_x .* arrayvec_x(i+1); 

end; 

% received signal from noise source n1 

for i = 0:arraylength-1, 

n1(i+1,:) = signal_n1 .* arrayvec_n1(i+1); 

end; 

% received signal from noise source n2 

for i = 0:arraylength-1, 

n2(i+1,:) = signal_n2 .* arrayvec_n2(i+1); 

end; 

%total received signal is the 

%+- -+ 

%| signal received at antenna 1 | 

%| signal received at antenna 2 | 

%| | | 

%| signal received at antenna n | 

%+- -+ 

signal_ns = (noise + n1+n2+x); 

% define weight vector 

w = zeros(1,arraylength); 

mu = 0.01; 

y = zeros(1,length(t));%output 

e = zeros(1,length(t));%error 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%LMS Algorithm 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

for repeat=1:1,% use repeat for more convergence on the same message 

for i=0:length(t)-1, 

y(i+1) = w * signal_ns(:,i+1); 

e(i+1) = signal_x(i+1)-y(i+1); 

w = w + mu *e(i+1)*(signal_ns(:,i+1))'; 

end; 

end; 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%Plot all figures 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

close all; 

subplot 311, (plot(phase(signal_x),':')) 

grid on; 
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ylabel('phase(rad)'); 

%xlabel('sample(index)'); 

axis([0 210 -1 3]); 

title('desired signal 25 degrees interferers 0 and -40 degrees') 

hold on; 

plot(phase(y),'r'); 

legend('phase(d)','phase(y)') 

grid on; 

hold off; 

subplot 312, plot(abs(signal_x),':'); 

hold on; 

plot(abs(y),'r'); 

grid on; 

legend('|d|', '|y|') 

ylabel('amplitude'); 

%xlabel('sample(index)'); 

axis([0 210 0 1.5]); 

hold off; 

subplot 313, plot(abs(e)); 

legend('|error|'); 

grid on; 

ylabel('amplitude'); 

xlabel('sample(index)'); 

axis([0 210 0 1.5]); 

for k = 0:arraylength-1, 

arrayvec(k+1,:) = exp(j*k*Kd*sin(theta)); 

end; 

%calculate response of array 

F = w*arrayvec; 

figure 

plot(((theta/(2*pi))*360), 20*log10(abs(F))); 

grid on; 

title('amplitude response antenne pattern'); 

ylabel('(dB)'); 

xlabel('angle(degrees)'); 

axis([-90,+90,-55,10]); 

hold on; 

dbgrens = 40 

grid on; 

%figure; plot(((theta/(2*pi))*360), phase(F)); %plot phase response if 

%desired 

 

 

%‘LMSarray.m’ 

%adaptive array demonstrator LMS algorithm for DBF E 
theta_x = 20 %degrees, direction of signal x 

theta_x = (2*pi/360)*theta_x 
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theta_n1 = 0; %degrees, direction of noise source 1 

theta_n1 = (2*pi/360)*theta_n1 

theta_n2 = -40 %degrees, direction of noise source 2 

 theta_n2 = (2*pi/360)*theta_n2 

theta_n3 = -19 %degrees, direction of noise source 3 

theta_n3 = (2*pi/360)*theta_n3 

theta_n4 = -82 %degrees, direction of noise source 4 

theta_n4 = (2*pi/360)*theta_n4 

theta_n5 = 41 %degrees, direction of noise source 5 

theta_n5 = (2*pi/360)*theta_n5 

theta = pi*[-1:0.005:1]; 

arraylength = 4; %nr of antennas 

bitrate = 100; 

fsim = 4*bitrate; %simulation frequency 

Ts = 1/fsim; %simulation sample period 

message = [1 -1 1 1 1 -1 1 -1 -1 -1 1 1 -1 1 -1 1 1 1 -1 -1 -1 1 1 1 1 1 -1 1 -1 1 1 1 -1 -1 -1 -1 

1 -1 1 -1 -1 -1 -1 -1 1 1 1 -1 1 -1 1 1 1]; 

message = upsample(message, fsim/bitrate); %upsample message 

t = Ts:Ts:(length(message)/fsim); %timeline 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%generate a complex MSK signal 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

mesint=(cumsum(message))/8; 

Q = cos(pi*mesint); 

I = sin(pi*mesint); 

plot(Q) 

hold on; 

plot(I,'r') 

signal_x = I+j*Q; %the signal to be received 

% the undesired complex noise singals-> uniform phase, gaussian amplitude distribution 

signal_n1 = normrnd(0,1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

signal_n2 = normrnd(0,1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

noise = zeros(arraylength, length(t)); 

% system noise for every antenna 

for i = 0:arraylength-1, 

noise(i+1,:) = normrnd(0,0.1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

end; 

%K = 2*pi/ lambda 

%d = 0.5*lambda 

%Kd means K*d equal to pi 

Kd = 1.5*pi; 

% array responses for the desired signal x and noise n1 and n2 

arrayvec_x = zeros(1,arraylength); 

arrayvec_n1 = zeros(1,arraylength); 

arrayvec_n2 = zeros(1,arraylength); 
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for k = 0:arraylength-1, 

arrayvec_x(k+1) = exp(j*k*Kd*sin(theta_x)); 

end; 

for k = 0:arraylength-1, 

arrayvec_n1(k+1) = exp(j*k*Kd*sin(theta_n1)); 

end; 

for k = 0:arraylength-1, 

arrayvec_n2(k+1) = exp(j*k*Kd*sin(theta_n2)); 

end; 

x = zeros(arraylength, length(t)); 

n1 = zeros(arraylength, length(t)); 

n2 = zeros(arraylength, length(t)); 

% received signal from signal source x 

for i = 0:arraylength-1, 

x(i+1,:) = signal_x .* arrayvec_x(i+1); 

end; 

% received signal from noise source n1 

for i = 0:arraylength-1, 

n1(i+1,:) = signal_n1 .* arrayvec_n1(i+1); 

end; 

% received signal from noise source n2 

for i = 0:arraylength-1, 

n2(i+1,:) = signal_n2 .* arrayvec_n2(i+1); 

end; 

%total received signal is the 

%+- -+ 

%| signal received at antenna 1 | 

%| signal received at antenna 2 | 

%| | | 

%| signal received at antenna n | 

%+- -+ 

signal_ns = (noise + n1+n2+x); 

% define weight vector 

w = zeros(1,arraylength); 

mu = 0.01; 

y = zeros(1,length(t));%output 

e = zeros(1,length(t));%error 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%LMS Algorithm 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

for repeat=1:1,% use repeat for more convergence on the same message 

for i=0:length(t)-1, 

y(i+1) = w * signal_ns(:,i+1); 

e(i+1) = signal_x(i+1)-y(i+1); 

w = w + mu *e(i+1)*(signal_ns(:,i+1))'; 
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end; 

end; 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%Plot all figures 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

close all; 

subplot 311, (plot(phase(signal_x),':')) 

grid on; 

ylabel('phase(rad)'); 

%xlabel('sample(index)'); 

axis([0 210 -1 3]); 

title('desired signal 25 degrees interferers 0 and -40 degrees') 

hold on; 

plot(phase(y),'r'); 

legend('phase(d)','phase(y)') 

grid on; 

hold off; 

subplot 312, plot(abs(signal_x),':'); 

hold on; 

plot(abs(y),'r'); 

grid on; 

legend('|d|', '|y|') 

ylabel('amplitude'); 

%xlabel('sample(index)'); 

axis([0 210 0 1.5]); 

hold off; 

subplot 313, plot(abs(e)); 

legend('|error|'); 

grid on; 

ylabel('amplitude'); 

xlabel('sample(index)'); 

axis([0 210 0 1.5]); 

for k = 0:arraylength-1, 

arrayvec(k+1,:) = exp(j*k*Kd*sin(theta)); 

end; 

%calculate response of array 

F = w*arrayvec; 

figure 

plot(((theta/(2*pi))*360), 20*log10(abs(F))); 

grid on; 

title('amplitude response antenne pattern'); 

ylabel('(dB)'); 

xlabel('angle(degrees)'); 

axis([-90,+90,-55,10]); 

hold on; 
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dbgrens = 40 

grid on; 

%figure; plot(((theta/(2*pi))*360), phase(F)); %plot phase response if 

%desired 

%‘LMSarray.m’ 

 

%adaptive array demonstrator LMS algorithm for DBF F 
theta_x = 20 %degrees, direction of signal x 

theta_x = (2*pi/360)*theta_x 

theta_n1 = 0; %degrees, direction of noise source 1 

theta_n1 = (2*pi/360)*theta_n1 

theta_n2 = -40 %degrees, direction of noise source 2 

 theta_n2 = (2*pi/360)*theta_n2 

theta_n3 = -19 %degrees, direction of noise source 3 

theta_n3 = (2*pi/360)*theta_n3 

theta_n4 = -82 %degrees, direction of noise source 4 

theta_n4 = (2*pi/360)*theta_n4 

theta_n5 = 41 %degrees, direction of noise source 5 

theta_n5 = (2*pi/360)*theta_n5 

theta = pi*[-1:0.005:1]; 

arraylength = 4; %nr of antennas 

bitrate = 100; 

fsim = 4*bitrate; %simulation frequency 

Ts = 1/fsim; %simulation sample period 

message = [1 -1 1 1 1 -1 1 -1 -1 -1 1 1 -1 1 -1 1 1 1 -1 -1 -1 1 1 1 1 1 -1 1 -1 1 1 1 -1 -1 -1 -1 

1 -1 1 -1 -1 -1 -1 -1 1 1 1 -1 1 -1 1 1 1]; 

message = upsample(message, fsim/bitrate); %upsample message 

t = Ts:Ts:(length(message)/fsim); %timeline 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%generate a complex MSK signal 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

mesint=(cumsum(message))/8; 

Q = cos(pi*mesint); 

I = sin(pi*mesint); 

plot(Q) 

hold on; 

plot(I,'r') 

signal_x = I+j*Q; %the signal to be received 

% the undesired complex noise singals-> uniform phase, gaussian amplitude distribution 

signal_n1 = normrnd(0,1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

signal_n2 = normrnd(0,1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

noise = zeros(arraylength, length(t)); 

% system noise for every antenna 

for i = 0:arraylength-1, 

noise(i+1,:) = normrnd(0,0.01,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 
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end; 

%K = 2*pi/ lambda 

%d = 0.5*lambda 

%Kd means K*d equal to pi 

Kd = 2*pi; 

% array responses for the desired signal x and noise n1 and n2 

arrayvec_x = zeros(1,arraylength); 

arrayvec_n1 = zeros(1,arraylength); 

arrayvec_n2 = zeros(1,arraylength); 

for k = 0:arraylength-1, 

arrayvec_x(k+1) = exp(j*k*Kd*sin(theta_x)); 

end; 

for k = 0:arraylength-1, 

arrayvec_n1(k+1) = exp(j*k*Kd*sin(theta_n1)); 

end; 

for k = 0:arraylength-1, 

arrayvec_n2(k+1) = exp(j*k*Kd*sin(theta_n2)); 

end; 

x = zeros(arraylength, length(t)); 

n1 = zeros(arraylength, length(t)); 

n2 = zeros(arraylength, length(t)); 

% received signal from signal source x 

for i = 0:arraylength-1, 

x(i+1,:) = signal_x .* arrayvec_x(i+1); 

end; 

% received signal from noise source n1 

for i = 0:arraylength-1, 

n1(i+1,:) = signal_n1 .* arrayvec_n1(i+1); 

end; 

% received signal from noise source n2 

for i = 0:arraylength-1, 

n2(i+1,:) = signal_n2 .* arrayvec_n2(i+1); 

end; 

%total received signal is the 

%+- -+ 

%| signal received at antenna 1 | 

%| signal received at antenna 2 | 

%| | | 

%| signal received at antenna n | 

%+- -+ 

signal_ns = (noise + n1+n2+x); 

% define weight vector 

w = zeros(1,arraylength); 

mu = 0.01; 

y = zeros(1,length(t));%output 

e = zeros(1,length(t));%error 
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%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%LMS Algorithm 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

for repeat=1:1,% use repeat for more convergence on the same message 

for i=0:length(t)-1, 

y(i+1) = w * signal_ns(:,i+1); 

e(i+1) = signal_x(i+1)-y(i+1); 

w = w + mu *e(i+1)*(signal_ns(:,i+1))'; 

end; 

end; 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%Plot all figures 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

close all; 

subplot 311, (plot(phase(signal_x),':')) 

grid on; 

ylabel('phase(rad)'); 

%xlabel('sample(index)'); 

axis([0 210 -1 3]); 

title('desired signal 25 degrees interferers 0 and -40 degrees') 

hold on; 

plot(phase(y),'r'); 

legend('phase(d)','phase(y)') 

grid on; 

hold off; 

subplot 312, plot(abs(signal_x),':'); 

hold on; 

plot(abs(y),'r'); 

grid on; 

legend('|d|', '|y|') 

ylabel('amplitude'); 

%xlabel('sample(index)'); 

axis([0 210 0 1.5]); 

hold off; 

subplot 313, plot(abs(e)); 

legend('|error|'); 

grid on; 

ylabel('amplitude'); 

xlabel('sample(index)'); 

axis([0 210 0 1.5]); 

for k = 0:arraylength-1, 

arrayvec(k+1,:) = exp(j*k*Kd*sin(theta)); 

end; 
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%calculate response of array 

F = w*arrayvec; 

figure 

plot(((theta/(2*pi))*360), 20*log10(abs(F))); 

grid on; 

title('amplitude response antenne pattern'); 

ylabel('(dB)'); 

xlabel('angle(degrees)'); 

axis([-90,+90,-55,10]); 

hold on; 

dbgrens = 40 

grid on; 

%figure; plot(((theta/(2*pi))*360), phase(F)); %plot phase response if 

%desired 

 

%FILE CMAarray.m 

%adaptive array demonstrator CM algorithm for Digital Beamforming 1 

typeofinterferer1='noise'; %set to 'noise' for guassian type of interferer 

%set to 'signl' for MSK type of interferer 

theta_x = 10 %degrees 

theta_x = (2*pi/360)*theta_x 

theta_n1 = -10; %degrees 

theta_n1 = (2*pi/360)*theta_n1 

theta_n2 = -40 %degrees 

theta_n2 = (2*pi/360)*theta_n2 

theta = pi*[-1:0.005:1]; 

arraylength = 4; %nr of antennas 

bitrate = 200; 

fsim = 4*bitrate; %simulation frequency 

Ts = 1/fsim; 

message = [1 -1 1 1 1 -1 1 -1 -1 -1 1 1 -1 1 -1 1 1 1 -1 -1 -1 1 1 1 1 1 -1 1 -1 1 1 1 -1 -1 -1 -1 

1 -1 1 -1 -1 -1 -1 -1 1 1 1 -1 1 -1 1 1 1]; 

message = upsample(message, fsim/bitrate); %upsample message 

t = Ts:Ts:(length(message)/fsim); %timeline 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%generate a complex MSK signal 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

mesint=(cumsum(message))/8; 

Q = cos(pi*mesint); 

I = sin(pi*mesint); 

hold on; 

signal_x = I+j*Q; %the signal to be received 

signal_ref = signal_x(1:end); 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 
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%generate 2 interferers n1 and n2 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

% if the interfere n1 needs to be gaussian noise -> uniform phase, normal amplitude 

distribution 

if (typeofinterferer1 == 'noise'), 

signal_n1 = normrnd(0,1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

end; 

% if testing with an MSK signal as interferer is required: noise source n1 will be MSK 

signal 

if (typeofinterferer1 =='signl'), 

message_n1 = [-1 -1 1 -1 1 -1 -1 1 -1 -1 -1 1 1 1 -1 -1 1 1 1 1 -1 1 -1 1 -1 1 -1 -1 -1 1 1 -1 1 -

1 -1 -1 1 -1 1 -1 -1 -1 -1 -1 1 1 1 -1 1 -1 1 -1 -1]; 

message_n1 = upsample(message_n1, fsim/bitrate); %upsample message 

t = Ts:Ts:(length(message)/fsim); %timeline 

mesint_n1=(cumsum(message_n1))/8; 

Qn1 = cos(pi*mesint_n1); 

In1 = sin(pi*mesint_n1); 

signal_n1 = In1+j*Qn1; %the signal to be received 

end; 

%noise source 2 is gaussian 

signal_n2 = normrnd(0,1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

noise = zeros(arraylength, length(t)); 

% system noise for every antenna 

for i = 0:arraylength-1, 

noise(i+1,:) = normrnd(0,0.1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

end; 

%lambda = sym('lambda'); 

%K = 2*pi/ lambda 

%d = 0.5*lambda 

Kd = pi; 

%alpha = -Kd*sin(theta_nul); 

% array responses for the desired signal x and noise n1 and n2 

arrayvec_x = zeros(1,arraylength); 

arrayvec_n1 = zeros(1,arraylength); 

arrayvec_n2 = zeros(1,arraylength); 

for k = 0:arraylength-1, 

arrayvec_x(k+1) = exp(j*k*Kd*sin(theta_x)); 

end; 

for k = 0:arraylength-1, 

arrayvec_n1(k+1) = exp(j*k*Kd*sin(theta_n1)); 

end; 

for k = 0:arraylength-1, 

arrayvec_n2(k+1) = exp(j*k*Kd*sin(theta_n2)); 

end; 

x = zeros(arraylength, length(t)); 

n1 = zeros(arraylength, length(t)); 
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n2 = zeros(arraylength, length(t)); 

% received signal from signal source x 

for i = 0:arraylength-1, 

x(i+1,:) = signal_x .* arrayvec_x(i+1); 

end; 

% received signal from noise source n1 

for i = 0:arraylength-1, 

n1(i+1,:) = signal_n1 .* arrayvec_n1(i+1); 

end; 

% received signal from noise source n2 

for i = 0:arraylength-1, 

n2(i+1,:) = signal_n2 .* arrayvec_n2(i+1); 

end; 

%total received signal is the 

%+- -+ 

%| signal received at antenna 1 | 

%| signal received at antenna 2 | 

%| | | 

%| signal received at antenna n | 

%+- -+ 

w = zeros(1,arraylength); 

signal_ns = (noise + n1+n2+x); 

%start weight vector, may be in the direction of the desired signal: 

w = (1/4)*[1, exp(-j*pi*sin(theta_x)),exp(-j*2*pi*sin(theta_x)),exp(-j*3*pi*sin(theta_x))]; 

%start vector may be any type: 

%w = [0.1 0.1 0.1 0.1] 

wstart = w; 

%mu = 0.007; 

mu = 0.001; 

y = zeros(1,length(t)); 

e = zeros(1,length(t)); 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%% 

%Constant Modulus Algorithm 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%% 

for repeat=1:1, 

for i=0:length(signal_ref)-1, 

y(i+1) = w * signal_ns(:,i+1); 

%e(i+1) = 1 - y(i+1) 

e(i+1) = y(i+1)/((abs(y(i+1))))^2-y(i+1); %SATO's principle for updating the error 

w = w + mu*e(i+1)*(signal_ns(:,i+1))'; 

end; 

end; 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%Plot all figures 



 92 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

close all; 

subplot 311, (plot(phase(signal_x),':')) 

ylabel('phase(rad)'); 

title('desired signal 10 degrees interferers -10 and -40 degrees') 

grid on; 

axis([0 210 -2 2]) 

hold on; 

plot(phase(y),'r'); 

legend('phase(d)','phase(y)') 

hold off; 

subplot 312, plot(abs(signal_x),':'); 

hold on; 

grid on; 

axis([0 210 0 2]) 

plot(abs(y),'r'); 

legend('|d|', '|y|') 

ylabel('amplitude'); 

%xlabel('sample(index)'); 

hold off; 

subplot 313, plot(abs(e)); 

grid on; 

legend('|error|'); 

ylabel('amplitude'); 

xlabel('sample(index)'); 

axis([0 210 0 1]); 

for k = 0:arraylength-1 

arrayvec(k+1,:) = exp(j*k*Kd*sin(theta)); 

end; 

%calculate response of array  

F = w*arrayvec; 

% F2 = wstart*arrayvec; 

figure 

plot(((theta/(2*pi))*360), 20*log10(abs(F))); 

%hold on; 

%plot(((theta/(2*pi))*360), 20*log10(abs(F2)),'r'); 

title('amplitude response antenne, desired signal: 10 degrees, interferers: -10 and -40 

degrees'); 

ylabel('(dB)'); 

xlabel('angle(degrees)'); 

axis([-90,+90,-30,10]); 

grid on; 

hold on; 

dbgrens = 40 

 

%FILE CMAarray.m 
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%adaptive array demonstrator CM algorithm for Digital Beamforming 2 

typeofinterferer1='noise'; %set to 'noise' for guassian type of interferer 

%set to 'signl' for MSK type of interferer 

theta_x = 10 %degrees 

theta_x = (2*pi/360)*theta_x 

theta_n1 = -10; %degrees 

theta_n1 = (2*pi/360)*theta_n1 

theta_n2 = -40 %degrees 

theta_n2 = (2*pi/360)*theta_n2 

theta = pi*[-1:0.005:1]; 

arraylength = 4; %nr of antennas 

bitrate = 200; 

fsim = 4*bitrate; %simulation frequency 

Ts = 1/fsim; 

message = [1 -1 1 1 1 -1 1 -1 -1 -1 1 1 -1 1 -1 1 1 1 -1 -1 -1 1 1 1 1 1 -1 1 -1 1 1 1 -1 -1 -1 -1 

1 -1 1 -1 -1 -1 -1 -1 1 1 1 -1 1 -1 1 1 1]; 

message = upsample(message, fsim/bitrate); %upsample message 

t = Ts:Ts:(length(message)/fsim); %timeline 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%generate a complex MSK signal 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

mesint=(cumsum(message))/8; 

Q = cos(pi*mesint); 

I = sin(pi*mesint); 

hold on; 

signal_x = I+j*Q; %the signal to be received 

signal_ref = signal_x(1:end); 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%generate 2 interferers n1 and n2 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

% if the interfere n1 needs to be gaussian noise -> uniform phase, normal amplitude 

distribution 

if (typeofinterferer1 == 'noise'), 

signal_n1 = normrnd(0,1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

end; 

% if testing with an MSK signal as interferer is required: noise source n1 will be MSK 

signal 

if (typeofinterferer1 =='signl'), 

message_n1 = [-1 -1 1 -1 1 -1 -1 1 -1 -1 -1 1 1 1 -1 -1 1 1 1 1 -1 1 -1 1 -1 1 -1 -1 -1 1 1 -1 1 -

1 -1 -1 1 -1 1 -1 -1 -1 -1 -1 1 1 1 -1 1 -1 1 -1 -1]; 

message_n1 = upsample(message_n1, fsim/bitrate); %upsample message 

t = Ts:Ts:(length(message)/fsim); %timeline 

mesint_n1=(cumsum(message_n1))/8; 
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Qn1 = cos(pi*mesint_n1); 

In1 = sin(pi*mesint_n1); 

signal_n1 = In1+j*Qn1; %the signal to be received 

end; 

%noise source 2 is gaussian 

signal_n2 = normrnd(0,1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

noise = zeros(arraylength, length(t)); 

% system noise for every antenna 

for i = 0:arraylength-1, 

noise(i+1,:) = normrnd(0,0.01,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

end; 

%lambda = sym('lambda'); 

%K = 2*pi/ lambda 

%d = 0.5*lambda 

Kd = pi; 

%alpha = -Kd*sin(theta_nul); 

% array responses for the desired signal x and noise n1 and n2 

arrayvec_x = zeros(1,arraylength); 

arrayvec_n1 = zeros(1,arraylength); 

arrayvec_n2 = zeros(1,arraylength); 

for k = 0:arraylength-1, 

arrayvec_x(k+1) = exp(j*k*Kd*sin(theta_x)); 

end; 

for k = 0:arraylength-1, 

arrayvec_n1(k+1) = exp(j*k*Kd*sin(theta_n1)); 

end; 

for k = 0:arraylength-1, 

arrayvec_n2(k+1) = exp(j*k*Kd*sin(theta_n2)); 

end; 

x = zeros(arraylength, length(t)); 

n1 = zeros(arraylength, length(t)); 

n2 = zeros(arraylength, length(t)); 

% received signal from signal source x 

for i = 0:arraylength-1, 

x(i+1,:) = signal_x .* arrayvec_x(i+1); 

end; 

% received signal from noise source n1 

for i = 0:arraylength-1, 

n1(i+1,:) = signal_n1 .* arrayvec_n1(i+1); 

end; 

% received signal from noise source n2 

for i = 0:arraylength-1, 

n2(i+1,:) = signal_n2 .* arrayvec_n2(i+1); 

end; 

%total received signal is the 

%+- -+ 

%| signal received at antenna 1 | 
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%| signal received at antenna 2 | 

%| | | 

%| signal received at antenna n | 

%+- -+ 

w = zeros(1,arraylength); 

signal_ns = (noise + n1+n2+x); 

%start weight vector, may be in the direction of the desired signal: 

w = (1/4)*[1, exp(-j*pi*sin(theta_x)),exp(-j*2*pi*sin(theta_x)),exp(-j*3*pi*sin(theta_x))]; 

%start vector may be any type: 

%w = [0.1 0.1 0.1 0.1] 

wstart = w; 

%mu = 0.007; 

mu = 0.001; 

y = zeros(1,length(t)); 

e = zeros(1,length(t)); 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%% 

%Constant Modulus Algorithm 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%% 

for repeat=1:1, 

for i=0:length(signal_ref)-1, 

y(i+1) = w * signal_ns(:,i+1); 

%e(i+1) = 1 - y(i+1) 

e(i+1) = y(i+1)/((abs(y(i+1))))^2-y(i+1); %SATO's principle for updating the error 

w = w + mu*e(i+1)*(signal_ns(:,i+1))'; 

end; 

end; 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%Plot all figures 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

close all; 

subplot 311, (plot(phase(signal_x),':')) 

ylabel('phase(rad)'); 

title('desired signal 10 degrees interferers -10 and -40 degrees') 

grid on; 

axis([0 210 -2 2]) 

hold on; 

plot(phase(y),'r'); 

legend('phase(d)','phase(y)') 

hold off; 

subplot 312, plot(abs(signal_x),':'); 

hold on; 

grid on; 

axis([0 210 0 2]) 
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plot(abs(y),'r'); 

legend('|d|', '|y|') 

ylabel('amplitude'); 

%xlabel('sample(index)'); 

hold off; 

subplot 313, plot(abs(e)); 

grid on; 

legend('|error|'); 

ylabel('amplitude'); 

xlabel('sample(index)'); 

axis([0 210 0 1]); 

for k = 0:arraylength-1 

arrayvec(k+1,:) = exp(j*k*Kd*sin(theta)); 

end; 

%calculate response of array  

F = w*arrayvec; 

% F2 = wstart*arrayvec; 

figure 

plot(((theta/(2*pi))*360), 20*log10(abs(F))); 

%hold on; 

%plot(((theta/(2*pi))*360), 20*log10(abs(F2)),'r'); 

title('amplitude response antenne, desired signal: 10 degrees, interferers: -10 and -40 

degrees'); 

ylabel('(dB)'); 

xlabel('angle(degrees)'); 

axis([-90,+90,-30,10]); 

grid on; 

hold on; 

dbgrens = 40 

 

%FILE CMAarray.m 

%adaptive array demonstrator CM algorithm for Digital Beamforming 3 

typeofinterferer1='noise'; %set to 'noise' for guassian type of interferer 

%set to 'signl' for MSK type of interferer 

theta_x = 10 %degrees 

theta_x = (2*pi/360)*theta_x 

theta_n1 = -10; %degrees 

theta_n1 = (2*pi/360)*theta_n1 

theta_n2 = -40 %degrees 

theta_n2 = (2*pi/360)*theta_n2 

theta = pi*[-1:0.005:1]; 

arraylength = 4; %nr of antennas 

bitrate = 200; 

fsim = 4*bitrate; %simulation frequency 

Ts = 1/fsim; 

message = [1 -1 1 1 1 -1 1 -1 -1 -1 1 1 -1 1 -1 1 1 1 -1 -1 -1 1 1 1 1 1 -1 1 -1 1 1 1 -1 -1 -1 -1 

1 -1 1 -1 -1 -1 -1 -1 1 1 1 -1 1 -1 1 1 1]; 
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message = upsample(message, fsim/bitrate); %upsample message 

t = Ts:Ts:(length(message)/fsim); %timeline 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%generate a complex MSK signal 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

mesint=(cumsum(message))/8; 

Q = cos(pi*mesint); 

I = sin(pi*mesint); 

hold on; 

signal_x = I+j*Q; %the signal to be received 

signal_ref = signal_x(1:end); 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%generate 2 interferers n1 and n2 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

% if the interfere n1 needs to be gaussian noise -> uniform phase, normal amplitude 

distribution 

if (typeofinterferer1 == 'noise'), 

signal_n1 = normrnd(0,1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

end; 

% if testing with an MSK signal as interferer is required: noise source n1 will be MSK 

signal 

if (typeofinterferer1 =='signl'), 

message_n1 = [-1 -1 1 -1 1 -1 -1 1 -1 -1 -1 1 1 1 -1 -1 1 1 1 1 -1 1 -1 1 -1 1 -1 -1 -1 1 1 -1 1 -

1 -1 -1 1 -1 1 -1 -1 -1 -1 -1 1 1 1 -1 1 -1 1 -1 -1]; 

message_n1 = upsample(message_n1, fsim/bitrate); %upsample message 

t = Ts:Ts:(length(message)/fsim); %timeline 

mesint_n1=(cumsum(message_n1))/8; 

Qn1 = cos(pi*mesint_n1); 

In1 = sin(pi*mesint_n1); 

signal_n1 = In1+j*Qn1; %the signal to be received 

end; 

%noise source 2 is gaussian 

signal_n2 = normrnd(0,1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

noise = zeros(arraylength, length(t)); 

% system noise for every antenna 

for i = 0:arraylength-1, 

noise(i+1,:) = normrnd(0,0.01,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

end; 

%lambda = sym('lambda'); 

%K = 2*pi/ lambda 

%d = 0.5*lambda 

Kd = 1.5*pi; 

%alpha = -Kd*sin(theta_nul); 
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% array responses for the desired signal x and noise n1 and n2 

arrayvec_x = zeros(1,arraylength); 

arrayvec_n1 = zeros(1,arraylength); 

arrayvec_n2 = zeros(1,arraylength); 

for k = 0:arraylength-1, 

arrayvec_x(k+1) = exp(j*k*Kd*sin(theta_x)); 

end; 

for k = 0:arraylength-1, 

arrayvec_n1(k+1) = exp(j*k*Kd*sin(theta_n1)); 

end; 

for k = 0:arraylength-1, 

arrayvec_n2(k+1) = exp(j*k*Kd*sin(theta_n2)); 

end; 

x = zeros(arraylength, length(t)); 

n1 = zeros(arraylength, length(t)); 

n2 = zeros(arraylength, length(t)); 

% received signal from signal source x 

for i = 0:arraylength-1, 

x(i+1,:) = signal_x .* arrayvec_x(i+1); 

end; 

% received signal from noise source n1 

for i = 0:arraylength-1, 

n1(i+1,:) = signal_n1 .* arrayvec_n1(i+1); 

end; 

% received signal from noise source n2 

for i = 0:arraylength-1, 

n2(i+1,:) = signal_n2 .* arrayvec_n2(i+1); 

end; 

%total received signal is the 

%+- -+ 

%| signal received at antenna 1 | 

%| signal received at antenna 2 | 

%| | | 

%| signal received at antenna n | 

%+- -+ 

w = zeros(1,arraylength); 

signal_ns = (noise + n1+n2+x); 

%start weight vector, may be in the direction of the desired signal: 

w = (1/4)*[1, exp(-j*pi*sin(theta_x)),exp(-j*2*pi*sin(theta_x)),exp(-j*3*pi*sin(theta_x))]; 

%start vector may be any type: 

%w = [0.1 0.1 0.1 0.1] 

wstart = w; 

%mu = 0.007; 

mu = 0.001; 

y = zeros(1,length(t)); 

e = zeros(1,length(t)); 
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%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%% 

%Constant Modulus Algorithm 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%% 

for repeat=1:1, 

for i=0:length(signal_ref)-1, 

y(i+1) = w * signal_ns(:,i+1); 

%e(i+1) = 1 - y(i+1) 

e(i+1) = y(i+1)/((abs(y(i+1))))^2-y(i+1); %SATO's principle for updating the error 

w = w + mu*e(i+1)*(signal_ns(:,i+1))'; 

end; 

end; 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%Plot all figures 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

close all; 

subplot 311, (plot(phase(signal_x),':')) 

ylabel('phase(rad)'); 

title('desired signal 10 degrees interferers -10 and -40 degrees') 

grid on; 

axis([0 210 -2 2]) 

hold on; 

plot(phase(y),'r'); 

legend('phase(d)','phase(y)') 

hold off; 

subplot 312, plot(abs(signal_x),':'); 

hold on; 

grid on; 

axis([0 210 0 2]) 

plot(abs(y),'r'); 

legend('|d|', '|y|') 

ylabel('amplitude'); 

%xlabel('sample(index)'); 

hold off; 

subplot 313, plot(abs(e)); 

grid on; 

legend('|error|'); 

ylabel('amplitude'); 

xlabel('sample(index)'); 

axis([0 210 0 1]); 

for k = 0:arraylength-1 

arrayvec(k+1,:) = exp(j*k*Kd*sin(theta)); 

end; 

%calculate response of array  
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F = w*arrayvec; 

% F2 = wstart*arrayvec; 

figure 

plot(((theta/(2*pi))*360), 20*log10(abs(F))); 

%hold on; 

%plot(((theta/(2*pi))*360), 20*log10(abs(F2)),'r'); 

title('amplitude response antenne, desired signal: 10 degrees, interferers: -10 and -40 

degrees'); 

ylabel('(dB)'); 

xlabel('angle(degrees)'); 

axis([-90,+90,-30,10]); 

grid on; 

hold on; 

dbgrens = 40 

%FILE CMAarray.m 

%adaptive array demonstrator CM algorithm for Digital Beamforming 4 

typeofinterferer1='noise'; %set to 'noise' for guassian type of interferer 

%set to 'signl' for MSK type of interferer 

theta_x = 10 %degrees 

theta_x = (2*pi/360)*theta_x 

theta_n1 = -10; %degrees 

theta_n1 = (2*pi/360)*theta_n1 

theta_n2 = -40 %degrees 

theta_n2 = (2*pi/360)*theta_n2 

theta = pi*[-1:0.005:1]; 

arraylength = 4; %nr of antennas 

bitrate = 200; 

fsim = 4*bitrate; %simulation frequency 

Ts = 1/fsim; 

message = [1 -1 1 1 1 -1 1 -1 -1 -1 1 1 -1 1 -1 1 1 1 -1 -1 -1 1 1 1 1 1 -1 1 -1 1 1 1 -1 -1 -1 -1 

1 -1 1 -1 -1 -1 -1 -1 1 1 1 -1 1 -1 1 1 1]; 

message = upsample(message, fsim/bitrate); %upsample message 

t = Ts:Ts:(length(message)/fsim); %timeline 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%generate a complex MSK signal 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

mesint=(cumsum(message))/8; 

Q = cos(pi*mesint); 

I = sin(pi*mesint); 

hold on; 

signal_x = I+j*Q; %the signal to be received 

signal_ref = signal_x(1:end); 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%generate 2 interferers n1 and n2 
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%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

% if the interfere n1 needs to be gaussian noise -> uniform phase, normal amplitude 

distribution 

if (typeofinterferer1 == 'noise'), 

signal_n1 = normrnd(0,1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

end; 

% if testing with an MSK signal as interferer is required: noise source n1 will be MSK 

signal 

if (typeofinterferer1 =='signl'), 

message_n1 = [-1 -1 1 -1 1 -1 -1 1 -1 -1 -1 1 1 1 -1 -1 1 1 1 1 -1 1 -1 1 -1 1 -1 -1 -1 1 1 -1 1 -

1 -1 -1 1 -1 1 -1 -1 -1 -1 -1 1 1 1 -1 1 -1 1 -1 -1]; 

message_n1 = upsample(message_n1, fsim/bitrate); %upsample message 

t = Ts:Ts:(length(message)/fsim); %timeline 

mesint_n1=(cumsum(message_n1))/8; 

Qn1 = cos(pi*mesint_n1); 

In1 = sin(pi*mesint_n1); 

signal_n1 = In1+j*Qn1; %the signal to be received 

end; 

%noise source 2 is gaussian 

signal_n2 = normrnd(0,1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

noise = zeros(arraylength, length(t)); 

% system noise for every antenna 

for i = 0:arraylength-1, 

noise(i+1,:) = normrnd(0,0.1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

end; 

%lambda = sym('lambda'); 

%K = 2*pi/ lambda 

%d = 0.5*lambda 

Kd = 1.5*pi; 

%alpha = -Kd*sin(theta_nul); 

% array responses for the desired signal x and noise n1 and n2 

arrayvec_x = zeros(1,arraylength); 

arrayvec_n1 = zeros(1,arraylength); 

arrayvec_n2 = zeros(1,arraylength); 

for k = 0:arraylength-1, 

arrayvec_x(k+1) = exp(j*k*Kd*sin(theta_x)); 

end; 

for k = 0:arraylength-1, 

arrayvec_n1(k+1) = exp(j*k*Kd*sin(theta_n1)); 

end; 

for k = 0:arraylength-1, 

arrayvec_n2(k+1) = exp(j*k*Kd*sin(theta_n2)); 

end; 

x = zeros(arraylength, length(t)); 

n1 = zeros(arraylength, length(t)); 

n2 = zeros(arraylength, length(t)); 
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% received signal from signal source x 

for i = 0:arraylength-1, 

x(i+1,:) = signal_x .* arrayvec_x(i+1); 

end; 

% received signal from noise source n1 

for i = 0:arraylength-1, 

n1(i+1,:) = signal_n1 .* arrayvec_n1(i+1); 

end; 

% received signal from noise source n2 

for i = 0:arraylength-1, 

n2(i+1,:) = signal_n2 .* arrayvec_n2(i+1); 

end; 

%total received signal is the 

%+- -+ 

%| signal received at antenna 1 | 

%| signal received at antenna 2 | 

%| | | 

%| signal received at antenna n | 

%+- -+ 

w = zeros(1,arraylength); 

signal_ns = (noise + n1+n2+x); 

%start weight vector, may be in the direction of the desired signal: 

w = (1/4)*[1, exp(-j*pi*sin(theta_x)),exp(-j*2*pi*sin(theta_x)),exp(-j*3*pi*sin(theta_x))]; 

%start vector may be any type: 

%w = [0.1 0.1 0.1 0.1] 

wstart = w; 

%mu = 0.007; 

mu = 0.001; 

y = zeros(1,length(t)); 

e = zeros(1,length(t)); 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%% 

%Constant Modulus Algorithm 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%% 

for repeat=1:1, 

for i=0:length(signal_ref)-1, 

y(i+1) = w * signal_ns(:,i+1); 

%e(i+1) = 1 - y(i+1) 

e(i+1) = y(i+1)/((abs(y(i+1))))^2-y(i+1); %SATO's principle for updating the error 

w = w + mu*e(i+1)*(signal_ns(:,i+1))'; 

end; 

end; 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%Plot all figures 
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%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

close all; 

subplot 311, (plot(phase(signal_x),':')) 

ylabel('phase(rad)'); 

title('desired signal 10 degrees interferers -10 and -40 degrees') 

grid on; 

axis([0 210 -2 2]) 

hold on; 

plot(phase(y),'r'); 

legend('phase(d)','phase(y)') 

hold off; 

subplot 312, plot(abs(signal_x),':'); 

hold on; 

grid on; 

axis([0 210 0 2]) 

plot(abs(y),'r'); 

legend('|d|', '|y|') 

ylabel('amplitude'); 

%xlabel('sample(index)'); 

hold off; 

subplot 313, plot(abs(e)); 

grid on; 

legend('|error|'); 

ylabel('amplitude'); 

xlabel('sample(index)'); 

axis([0 210 0 1]); 

for k = 0:arraylength-1 

arrayvec(k+1,:) = exp(j*k*Kd*sin(theta)); 

end; 

%calculate response of array  

F = w*arrayvec; 

% F2 = wstart*arrayvec; 

figure 

plot(((theta/(2*pi))*360), 20*log10(abs(F))); 

%hold on; 

%plot(((theta/(2*pi))*360), 20*log10(abs(F2)),'r'); 

title('amplitude response antenne, desired signal: 10 degrees, interferers: -10 and -40 

degrees'); 

ylabel('(dB)'); 

xlabel('angle(degrees)'); 

axis([-90,+90,-30,10]); 

grid on; 

hold on; 

dbgrens = 40 
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%FILE CMAarray.m 

%adaptive array demonstrator CM algorithm for Digital Beamforming 5 

typeofinterferer1='noise'; %set to 'noise' for guassian type of interferer 

%set to 'signl' for MSK type of interferer 

theta_x = 10 %degrees 

theta_x = (2*pi/360)*theta_x 

theta_n1 = -10; %degrees 

theta_n1 = (2*pi/360)*theta_n1 

theta_n2 = -40 %degrees 

theta_n2 = (2*pi/360)*theta_n2 

theta = pi*[-1:0.005:1]; 

arraylength = 4; %nr of antennas 

bitrate = 200; 

fsim = 4*bitrate; %simulation frequency 

Ts = 1/fsim; 

message = [1 -1 1 1 1 -1 1 -1 -1 -1 1 1 -1 1 -1 1 1 1 -1 -1 -1 1 1 1 1 1 -1 1 -1 1 1 1 -1 -1 -1 -1 

1 -1 1 -1 -1 -1 -1 -1 1 1 1 -1 1 -1 1 1 1]; 

message = upsample(message, fsim/bitrate); %upsample message 

t = Ts:Ts:(length(message)/fsim); %timeline 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%generate a complex MSK signal 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

mesint=(cumsum(message))/8; 

Q = cos(pi*mesint); 

I = sin(pi*mesint); 

hold on; 

signal_x = I+j*Q; %the signal to be received 

signal_ref = signal_x(1:end); 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%generate 2 interferers n1 and n2 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

% if the interfere n1 needs to be gaussian noise -> uniform phase, normal amplitude 

distribution 

if (typeofinterferer1 == 'noise'), 

signal_n1 = normrnd(0,1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

end; 

% if testing with an MSK signal as interferer is required: noise source n1 will be MSK 

signal 

if (typeofinterferer1 =='signl'), 

message_n1 = [-1 -1 1 -1 1 -1 -1 1 -1 -1 -1 1 1 1 -1 -1 1 1 1 1 -1 1 -1 1 -1 1 -1 -1 -1 1 1 -1 1 -

1 -1 -1 1 -1 1 -1 -1 -1 -1 -1 1 1 1 -1 1 -1 1 -1 -1]; 

message_n1 = upsample(message_n1, fsim/bitrate); %upsample message 

t = Ts:Ts:(length(message)/fsim); %timeline 
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mesint_n1=(cumsum(message_n1))/8; 

Qn1 = cos(pi*mesint_n1); 

In1 = sin(pi*mesint_n1); 

signal_n1 = In1+j*Qn1; %the signal to be received 

end; 

%noise source 2 is gaussian 

signal_n2 = normrnd(0,1,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

noise = zeros(arraylength, length(t)); 

% system noise for every antenna 

for i = 0:arraylength-1, 

noise(i+1,:) = normrnd(0,0.01,1,length(t)).*exp (j*(unifrnd(-pi,pi,1,length(t)))); 

end; 

%lambda = sym('lambda'); 

%K = 2*pi/ lambda 

%d = 0.5*lambda 

Kd = 2*pi; 

%alpha = -Kd*sin(theta_nul); 

% array responses for the desired signal x and noise n1 and n2 

arrayvec_x = zeros(1,arraylength); 

arrayvec_n1 = zeros(1,arraylength); 

arrayvec_n2 = zeros(1,arraylength); 

for k = 0:arraylength-1, 

arrayvec_x(k+1) = exp(j*k*Kd*sin(theta_x)); 

end; 

for k = 0:arraylength-1, 

arrayvec_n1(k+1) = exp(j*k*Kd*sin(theta_n1)); 

end; 

for k = 0:arraylength-1, 

arrayvec_n2(k+1) = exp(j*k*Kd*sin(theta_n2)); 

end; 

x = zeros(arraylength, length(t)); 

n1 = zeros(arraylength, length(t)); 

n2 = zeros(arraylength, length(t)); 

% received signal from signal source x 

for i = 0:arraylength-1, 

x(i+1,:) = signal_x .* arrayvec_x(i+1); 

end; 

% received signal from noise source n1 

for i = 0:arraylength-1, 

n1(i+1,:) = signal_n1 .* arrayvec_n1(i+1); 

end; 

% received signal from noise source n2 

for i = 0:arraylength-1, 

n2(i+1,:) = signal_n2 .* arrayvec_n2(i+1); 

end; 

%total received signal is the 

%+- -+ 
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%| signal received at antenna 1 | 

%| signal received at antenna 2 | 

%| | | 

%| signal received at antenna n | 

%+- -+ 

w = zeros(1,arraylength); 

signal_ns = (noise + n1+n2+x); 

%start weight vector, may be in the direction of the desired signal: 

w = (1/4)*[1, exp(-j*pi*sin(theta_x)),exp(-j*2*pi*sin(theta_x)),exp(-j*3*pi*sin(theta_x))]; 

%start vector may be any type: 

%w = [0.1 0.1 0.1 0.1] 

wstart = w; 

%mu = 0.007; 

mu = 0.001; 

y = zeros(1,length(t)); 

e = zeros(1,length(t)); 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%% 

%Constant Modulus Algorithm 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%% 

for repeat=1:1, 

for i=0:length(signal_ref)-1, 

y(i+1) = w * signal_ns(:,i+1); 

%e(i+1) = 1 - y(i+1) 

e(i+1) = y(i+1)/((abs(y(i+1))))^2-y(i+1); %SATO's principle for updating the error 

w = w + mu*e(i+1)*(signal_ns(:,i+1))'; 

end; 

end; 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

%Plot all figures 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

%%% 

close all; 

subplot 311, (plot(phase(signal_x),':')) 

ylabel('phase(rad)'); 

title('desired signal 10 degrees interferers -10 and -40 degrees') 

grid on; 

axis([0 210 -2 2]) 

hold on; 

plot(phase(y),'r'); 

legend('phase(d)','phase(y)') 

hold off; 

subplot 312, plot(abs(signal_x),':'); 

hold on; 

grid on; 



 107 

axis([0 210 0 2]) 

plot(abs(y),'r'); 

legend('|d|', '|y|') 

ylabel('amplitude'); 

%xlabel('sample(index)'); 

hold off; 

subplot 313, plot(abs(e)); 

grid on; 

legend('|error|'); 

ylabel('amplitude'); 

xlabel('sample(index)'); 

axis([0 210 0 1]); 

for k = 0:arraylength-1 

arrayvec(k+1,:) = exp(j*k*Kd*sin(theta)); 

end; 

%calculate response of array  

F = w*arrayvec; 

% F2 = wstart*arrayvec; 

figure 

plot(((theta/(2*pi))*360), 20*log10(abs(F))); 

%hold on; 

%plot(((theta/(2*pi))*360), 20*log10(abs(F2)),'r'); 

title('amplitude response antenne, desired signal: 10 degrees, interferers: -10 and -40 

degrees'); 

ylabel('(dB)'); 

xlabel('angle(degrees)'); 

axis([-90,+90,-30,10]); 

grid on; 

hold on; 

dbgrens = 40 

 

 


