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ABSTRACT 

This thesis presents some new and ef'f'icient algorithms 	for 

sol'jing the following important digital signal processing problems昌 

(i)fast Computation Of Fourier transform at arbitrary frequencies; 

(ii)efficient time domain interpolation at arbitrary instants; 

(iii)frequency estimation in presence of' broad-band noise; and 

(i',)frequency estimation in presence o?・other sinusoids. The compu- 

tational advantages of' the proposed algorithms arise from some sim 

plifying approximations introduced at various stages o? solution and 

it is proved that the resulting errors lie uithin acceptable bounds 

in the usual applications. 

A computationally superior scheme is presented for the evalua- 

Uon of Fourier transform of a discrete time sequence at arbitrary 

f' requencies W interpolating the discrete Fourier transform samples. 

It is shown that the decaying nature o? the interpolating function 

can be exploited to approximate it with the low order terms of its 

Taylor series expansion、except in the neighborhood of its narrow 

peak. The approximat巳 d part is then evaluated as a cyclic convoluー 

tian,and over the peaky region、the function is directly computed. 

A conceputally similar method is developed for interpolating a bandー 

limited signal at arbitrary time instants fr3m its uniform time 

s amples. The Taylor series approximation results in the need of 

discrete difI'orontiations of' the signal Sequence. Approximate di『ー 

fetentiatorS having simple binary coefficients and re叫iring no 

ii 



multiplications,are proposed to roduce thg computation. 

A related class of probi日ITS, Viz.,that of 日stimating the 

?requcncy of a sinusoid in noisy environment is investigated. 	Two 

methods are Suggested, the applicability ci? one or the other dop日ridー 

iflg upon whether the noise is broad-band or n arrow-b&id . 	In thes日 

me tho ds,the signal Sequ日nc日S are Subjected to exclusive time domain 

p receSsing、and the sinusoid frequ包ncy is 日stimat白d through a modi- 

fiad zero crossing counting operation on the process日d signals. 

When the noise is broad-band,the . sinusoidal component jS enhanced 

by repeated autocorrrilation op巳 rations. By resorting to coars日 

quantization of' the soquencos and then performing the autocorrela 

tians,substantial savingS in computation is achieved; the loss in 

iii 

the usabin range of' signal-to-noise ratio due 

ta these quantizations、 

is shown to be rロ latively insigni?icarit. 妬en the interfering signal 

contains ohly a fow o七her sinusoids whose possible ?requ日ncies are 

known beforehand,the processing consists 

desired sinusoids sufficiently、by uSing a 

of attenuating the 

cascaded combination 
/ 

un- 

叶
 

s i mp 1 e,finito impuユse responso null filters. These null filters 

ar日 Shown 

reduction 
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require only a few additions and thus help to achieve 

computation . 
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