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Chapter – 7 

SUMMARY AND CONCLUSIONS 

 The idea of correction of degraded array patterns due to errors in excitation 

coefficients is illustrated, considering an example of 32-element linear array antenna, 

using proposed Modified Gradient Based Algorithm. This algorithm is applied on the 

magnitude and phase of the excitation of individual elements in the linear array antenna, 

to estimate and minimize the error towards the specified level. As the array pattern is 

adapted according to the scenario of its deployed or the work field, through the control 

of the antenna system, the complete adaptive process is explained with the help of block 

diagram of Proposed Resynthesis of Excitation Coefficients in Chapter 1. 

 A brief review of the concepts involved in understanding the array antennas and the 

main characteristics of an array antenna are explained in Chapter 1, by the Array factor 

and its Array pattern. Interpretation of these two gives the efficiency of an array antenna 

for the specified values of design which involves the sidelobe levels, beam steering 

capability, as the major performance indicators. The far field at different scan angles is 

compared to the no-beam steering case, and it is observed that as the scan angle 

increases, beam broadening occurs and even the sidelobe levels tend to increase slowly.  

 Further, the error analysis is carried out in Chapter 2, assuming that due to random 

errors, the coefficients are fluctuated and are the main reason for the degradation of 

performance in the linear array antenna. Current distribution on the elements in the case 

of true and actual cases is specified when the perturbations are simulated for various 

values of 𝜎 and 𝛿. In a typical case of randomness, the maximum error have occurred 

at 13th element. When 𝜎 is varied from 2𝑑𝐵 𝑡𝑜 10 𝑑𝐵, the results has shown the 

variation in the level of the amplitude but still the highest error is recorded at 13th 

element. 

 The far field of the actual array for the values  𝛿 = 100, 200 resulted in the rise of 

the sidelobe levels above the desired value of −25 𝑑𝐵 and the main beam is slightly 

displaced from the 00. As 𝛿 is increased to 300 the direction of the main lobe has 

changed relatively deviating from 00, representing the curve as if it is under beam 

steering.  Its deviation is extremely high in the case of 𝛿 = 900 with a sidelobe level 
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of −4.045𝑑𝐵. It is also observed that the degradation in the array pattern is very high 

for large values of phase errors. 

 The near field of the array is observed where the magnetic field is sampled at a rate 

suitable for reconstruction of the desired array pattern. The fluctuating/random errors 

deteriorate the near zone fields. Hence if the error between the near fields of the true 

array and the actual array is calculated, then an estimate of the desired pattern can be 

made by minimising this error signal. The error signal is computed between true and 

actual array patterns by observing the near field of the array from a 

location 𝑃𝑠(1.1𝐿, 𝑅𝑓 100⁄ , 0). The error at various 𝛿 values is illustrated, which is 

purely because of the variations or fluctuations in the actual array. 

 Since, element failures cause undesired increase in the sidelobe levels and also 

broadening of the beamwidths, analysis based on the error that occurs in the array 

pattern due to element failures is demonstrated in Chapter 2. Instead of the radiation 

power being concentrated majorly into the main lobe levels, sidelobe levels gain power 

due to the fault elements. Resynthesis of the array antenna in such a case using the 

proposed and the reconstruction of the desired array pattern is not simple. It is evident 

from the results in Chapter 2, that when the elements which contribute maximum 

towards the main lobe does not fail, the far field and the sidelobes are manageable or in 

other words there is less impact on the performance of the array. 

  The concepts of element failures are different from that of thinning of an array 

which actually deals with intentional minimisation of number of elements and thereby 

the minimisation of power usage, cost and weight of the array without much 

degradation in the performance of the array.  

 The implementation of few popular algorithms are discussed in Chapter 3 and their 

application to optimize the array antenna patterns is analyzed. While using the 

weighting methods for optimisation, the Taylor method was proven to be more 

optimum when compared to that of the Chebyshev. Later, the statistical methods used 

for optimisation resulted in removal of noise or random errors from the array pattern, 

and are compared to understand which algorithm suits the analysis of the defined 

problem in a proper direction.  
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 Strictly by performance, the array pattern is more optimized when H-Infinity 

filtering is applied on the array coefficients, out of simple LMS, Kalman filtering and 

H-Infinity filtering. But the LMS is simple to implement with slow convergence rate. 

The Kalman filter proved to be better than LMS but at the cost of simplicity of 

implementation as the Kalman filter requires priori and posteriori estimate vectors 

along with the current states of the process. But since it only minimizes “average” 

estimation error, and more precisely, the variance of the estimation error, H-infinity 

filtering is studied and simulated which actually minimizes the “worst-case” estimation 

error. Both Kalman and H-Infinity are equally complex when compared with LMS, 

except that the H-Infinity filter does not require the knowledge of noise or the 

perturbing random errors. 

 Also the H-infinity algorithm is treated to be much less complex than that in the 

Kalman filtering, speaking in the point of the matrix computations since it does not 

require a large number of past measurements to be stored. Understanding these 

advantages and disadvantages of each algorithm, a modified gradient based LMS 

algorithm is proposed which has got both the advantages of simplicity and as well as 

fast convergence and with more robustness to varied conditions. It does not require 

large number of measurements to be stored for the purpose of prediction and correction. 

At the same time, fast convergence of the algorithm is achieved, even in the worst cases. 

 Pseudo random noise addition to the signal of interest for proper restoration and 

resynthesis of the array pattern is analysed using ‘Dithering’ in Chapter 4. The complete 

process of adaptive correction of the excitation coefficients is based on the dithered true 

and actual array coefficients and there are successfully utilized in finding the Eigen 

values of the correlation matrix 𝐀, which is generated from the concepts of standard 

LMS algorithm.  

 In the process of the error estimation and correction, the actual coefficients are 

corrected by minimizing the error under pattern constraints using modified least mean 

square algorithm. Resynthesis proposed assumed that the receiver is free from noise 

initially, and later the performance of the proposed algorithm is evaluated with addition 

of receiver noise introduced within the system. The robustness of the modified gradient 
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base algorithm is well discussed for various cases with varying dithering conditions 

both in noise-free and noisy cases. 

 In the noise free case, the convergence of the algorithm purely depends on the 

dithering levels applied through the values of 𝜎1 and 𝛿1 and the residual error decreases 

in an exponential way with an increase in number of iterations. The convergence of the 

proposed algorithm is faster for larger values of 𝜎1 and 𝛿1. But as the deviations 

increase, it is to be noted that in any system, the number of realizations required for 

optimum performance, increases and so the choice of the dithering values must be 

always as such that the convergence is faster along with minimum number of 

realizations. 

 In the presence of the noise, because of the noise term 𝑁𝑛𝑜, the residual error tends 

to decrease in the initial iterations but increases as the number of iterations continues 

to increase. The algorithm never converges for the specified residual error of 0.2% as 

described in all earlier cases without noise. Further, the algorithm saturates towards a 

finite value in the noise case, where the finite value again depends on the level of noise 

present in the array. It is also observed that as the 𝑆 𝑁𝑛𝑜⁄  is increased from 20 𝑑𝐵 

to 50 𝑑𝐵, the algorithm tends to follow the exponentially decreasing (like in the noise 

free case). This is explained earlier in terms of the dependency of the algorithm on the 

condition number of the matrix A related to the 𝑆 𝑁𝑛𝑜⁄ .  

 The main reason for all these typical values is observed to be that the modified 

algorithm works on minimizing the error gradient towards zero and hence when the 

𝑆 𝑁𝑛𝑜⁄  values are introduced, the algorithm still succeeds in minimising the error 

gradient and it is indicated by the initial decrease in the curve in all different cases, but 

the effect of noise dominates as the iterations are in progression and drags the curve 

towards a constant finite value instead of decreasing in exponentially in all noisy cases. 

 The analysis carried out with optimum location of near field sensor 

at 𝑃𝑠′(1.1𝐿, 9.6𝜆, 0), resulted in pleasable curves minimizing the error. The condition 

number has decreased in each case and it resulted in the corrected coefficients to follow 

the true ones better than that of the earlier position of near field sensor. Optimum 

location of the near field sensor proved to be another reason in making the modified 
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gradient based algorithm as a powerful tool for correction of coefficients and 

resynthesis of array pattern.  

 Even though the optimum location of single near field sensor resulted in decrease 

of error or deviation between true and corrected coefficients, the deviation do exist for 

all noisy cases except that it is almost negligible in the high 𝑆 𝑁𝑛𝑜⁄  case. Then the 

necessity of correcting this deviation demanded the use of two or more sensors placed 

equally distant on two extremes and throughout the length of the linear array. Multi 

sensors resulted symmetry in the observations in the case of linear array and are 

illustrated in Chapter 5. As the array size increases, the number of measurements 

required to analyze the array performance has increased drastically. 

 Robustness of the algorithm in various cases is analyzed with two sensors, four 

sensors and even during beam steering. The modified gradient based algorithm has 

proved its robustness in different cases analyzed throughout the Chapter 5 and 

observations are clearly reported fulfilling the objective of error correction due to 

random errors.  

 The main aim of the thesis is to correct the array patterns for on-board antenna 

systems which are already deployed into the field of operation. The possibility of 

addition of new hardware to such antenna systems is not so preferred in real-time. 

Hence, efforts are put towards the correction of array pattern, so that at least the sidelobe 

levels are under control leaving apart the unavoidable broadened beamwidth. Also, the 

identification of the element failures within the array antenna is performed.  

 The objective to find the element failures and operate the linear array antenna with 

the specified sidelobe levels is illustrated in Chapter 6. Finding the fault elements with 

minimum data processing, using the concepts of compressive sensing along with 

optimized side lobe levels is proposed and results are presented with the discussion of 

deviations found out with respect to the radiation patterns.  

 Results are reported in Chapter 6, where the proposed method using innovative 

vectors generated form the concepts of compressive sensing identifies the element 

failures and also helps in good reconstruction of the far field pattern of the linear array 
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antenna. Further analysis to minimize the sidelobe levels is carried out in two special 

cases and it helps in the sidelobe level control for the linear array antenna. 

 Since, the proposed algorithms, work on the control of the excitation coefficients of 

the active elements alone, there will be no change in the value of ‘zero’ of the failed 

elements. The active elements can have variations in their excitation coefficients 

according to the proposed algorithms and techniques. 

 The findings and results can be used in simultaneous and automatic calibration of 

phased arrays in real-time, minimizing the errors in the excitation coefficients. Use of 

compressive sensing for antenna arrays, which requires minimum data acquisition helps 

in the design of a low-cost, high speed solution for array diagnosis in addition to array 

pattern resynthesizing. 

 Future work may be extended in the direction of developing a new hardware module 

which can be embedded along with a software which corrects the excitation coefficients 

as and when required in various cases of errors or element failures. The results 

presented in the thesis may be at help for providing a database which can be a part of 

the embedded antenna system along with new hardware modules. 

 Latest developments in various RF system designs, Electromagnetic field related 

Softwares, deployment of various miniaturised circuitry into the market give enormous 

choices to improve the antenna systems in a very effective manner.  

 The fast development of DSPs to ARM Processors extend the capability of a system 

for fast processing of huge data or measurements, which has stood as a blockage for 

earlier conventional antenna systems. These types of processors will speed up the data 

processing simultaneous providing the scope for more measurements for accurate 

analysis. Compressive sensing has its drawbacks in appropriate reconstruction, but it is 

treated to be the best when there is a limitation on number of measurements to be 

processed. Even such techniques can be improvised using real-time hardware such as 

ARM Processors with lightning speed of operation. 

 New ideas flourish looking at new developments in LabView Virtual 

Instrumentation, for example the latest MyRIO, which has got all the features for quick 
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connection establishment for many of the latest RF systems. It provides accessibility to 

the Wireless Networks where the operation controls are made much easier than ever. 

Virtual Instrumentation helps in understanding the design of the adaptive array antenna 

systems, providing all the flexibilities for the virtual hardware design modules.  

 Some success stories in various fields using LabView PXI modules are worth 

reading, to have next generation thoughts for upcoming researchers. PXI modules from 

LabView, are operated with various constraints in various fields starting from weather 

sensing techniques to Antenna near-field sensing techniques.  

 


