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ABSTRACT 

The theoretical and some experimental 
results of a study aimed at applying CCD 
filter and transform techniques to the 
problem of interference excision within 
communications channels are presented, 
Adaptive noise (interference) suppression 
can be achieved by the modification of re­
ceived signals such that they are orthogo­
nal to the recently measured noise field, 
This technique does not require real-time 
signal processing but does require a sta­
tionary spectral distribution to achieve 
good performance. On the other hand, real­
time excision or limiting of noise can 
yield the best performance because a sta­
tionary noise spectrum is not assumed . 
However, the implementation of real-time 
spectrum processing with conventional com­
ponents can be impracticable. Consequently, 
CCD techniques have been examined to devel­
op real-time noise excision processing, 
They are recursive filters, circulating 
filter banks, transversal filter banks, an 
optical impleme ntation of the chirp Z 
transform, and a CCD analog FFT. 

I. INTRODUCTION 

The purpose of the work presented here 
was to determine the utility of charge­
coupled devices for a signal-to-noise en­
hancing process here referred to as inter­
ference excision. In this introduct~ 
section, we will describe the interference 
excision process, discuss practical con­
siderations that limit its applicability, 
and describe the role that CCDs can play in 
extending the range of practicable applic­
ability of the process. In subsequent 
sections, several different implementations 
of interference excision processes will be 
discussed, both analytically and in terms 
of experimental results. Finally, a sec­
tion is devoted to intercomparing the vari­
ous implementations of interference exci­
sion, particularly with . regard to the range 
of bandwidths and to the dimensionality of 
the signal space to which the various 
processing techniques can be applied . 

A, ADAPTIVE NOISE SUPPRESSION 

In the presence of stationary white 
Gaussian noise, the optimum filter that 
can be used to separate signal from noise 
is the matched filter which has an equiva­
lent embodiment in the cross-correlation 
receiver, The specification of such a 
filter can be derived completely from the 
known signalling waveform. However, if 
the noise field in which the signal is im­
mersed is non-white in a way which is in 
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some sense predictable, then there are 
other forms of filtering which will better 
serve to improve signal-to-noise ratios 
than does the matched filter. Generally, 
these filters will be designed such as to 
reject some signal energy if by doing so 
they can be made to reject a disproportion-
ately greater amount of noise energy . Usu-
ally, the noise field cannot be sufficient-
ly predicted beforehand to penni t opt imiza-
tion of a determined filter. Instead, some 
form of adaptation of the filter to the 
realized noise environment is attempted, 

There are two general strategies that 
are ~mployed to effect this adaptation. 
In the first, a set of m observations are 
in some sense statistically analyzed for a 
persistent characteristic that can be used 
to reject the noise. Most commonly, this 
characteristic will be the noise's spectral 
distribution (or in the case of adaptive 
arraying, the angular distribution). On 
the basis of these observed characteristic~ 
the filter is optimized using some quantity 
such as SNR as the measure of performance. 

Alternatively, a second strategy can be 
used. Sets of signal samples are trans­
formed into a representation in which the 
signal energy is spread among many degrees 
of freedom of the representation, while 
the interference is spread among a rela­
tively small subset of the degrees of free­
dom , Limiting or excising is performed on 
the data in this representation so that the 
total noise energy is greatly reduced, 
while the· h i ghly diluted signal is left 
little affected because none of the excised 
degrees of freedom contains a significant 
fraction of the signal energy. 

There are some examples where this form 
of processing has successfully been imple­
mented. The most familiar involves the re­
jection of impulsive atmospheric noise 
that occurs in the presence of desired 
narrow-band signals. In this case, the 
"excision" is often accomplished by limit­
ing the time samples of the signal space 
(time domain representation) . The band­
width of the system at the clipping point 
must be as wide as it can possibly be with­
out including other narrow-band interfer­
ence that may be present at nearby fre­
quencies, . In such a representation, the 
narrow-band signal of interest is greatly 
diluted (No one time sample contains a 
large amount of signal energy,) while the 
impulsive atmospherics are confined to a 
relatively small number of the time sam­
ples, so excision or clipping in this 
domain has a disproportionally large 
effect on eliminating noise energy and 
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relatively little effect on the signal. 

Some experimentation has also been car­
ried out with converse processes in which 
wideband signals are to be extracted from 
an interference environment comprising 
many narrow-band interferers. Now the 
representation for the limiting or exciser 
process must be that in which the inter­
ferers affect a minimal number of degrees 
of freedom, i.e., a frequency domain rep­
resentation in which the analysis band­
width is comparable to the bandwidth of 
the interfering signals. However, in 
order that the desired signal not be re­
jected, it must be distributed more or 
less uniformly over much of the analyzed 
band; i.e., it must be a spread-spectrum 
signal. For example, the above procedure 
would be applicable were the system being 
designed to detect and measure the kind 
of atmospheric impulses that were being 
discriminated against in the first example. 

This second form of real-time noise ex­
cision is somewhat less familiar for two 
reasons. First, signals of interest have 
usually been relatively narrow in band­
width. This is because current allocation 
of the frequency spectrum largely restrict 
signals to such a form. Secondly, it is 
only recently that advances in signal 
processing techniques have made it pos­
sible to even consider processing of this 
kind except for specialized applications. 
It is the purpose of this paper to present 
such considerations. 

B, PRACTICAL CONSIDERATIONS LIMITING 
REAL-TIME ADAPTATION 

'l'he present discussion will concern it­
self with the real-time excision of 
narrow-band interference from a spread­
spectrum space. For an example, we will 
consider the noise and interference that 
typically appear in the HF bands. Obser­
vations and analyses carried out in the 
band indicate that the benefits of the 
excision process improves with increased 
frequency resolution down to bandwidths 
as little as -a few hundred cycles (Ref. 1). 
Consequently, the.representation desired 
for the excision process is one in which 
time is divided into resolvable units 
measuring 5 to 10 ms and for each resolv­
able time cell there exists a set of 100 
to 200Hz resolution cells for frequency, 
respectively. Suppose that a 100 kHz 
band is to be so resolved into 100 Hz sub­
bands. Then the transformation from the 
observed time series to the excision rep­
resentation involves 1000 points. The 
processor must be capable of performing 
the transformation in 10 ms. 

A transform of this size requires about 
20,000 complex multiplies; therefore, a 
complex multiply must be performed in 
about 500 nanoseconds. This is faster 
than can be accomplished with present-day 
microprocessors, although it is not beyond 
the reach of some form of processor de­
signed specifically for the function. 
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Furthermore, several less powerful proc­
essors can accomplish the task by dividing 
it up in such a way that they work in par­
allel. Such a division ·of labor could take 
the form of having the processors 11 leap 
frog 11 in time or might involve assigning 
different processors to operate on portions 
of the overall frequency passband so that 
each processor would have a smaller si:~.ed 
transform to perform, 

It is the purpose of the present study 
to attempt to fit such a processing task to 
the capabilities of a particular kind of 
processor. Specifically, we will attempt 
to determine the capability of charge­
coupled devices to perform the function, 
operating in an analog-sampled data mode. 
Such devices, although not unlimited in 
dynamic range, may nonetheless be quite 
suitable for the noise excision processing, 
and their use would permit considerable 
simplification of the processor by eliminat­
ing the need for analog-to-digital convert­
ers, digital multipliers, etc. 

Much of the following discussion deals 
with the implementation of various forms of 
the Fourier transform. For the purpose at 
hand, noise excision, it is necessary that 
the transform process be capable of in­
version. This implies that phase informa­
tion be retained for the various frequency 
components and precludes the use of some 
methods, notably the sliding chirped Z 
algorithm, which for other applications 
has many attractive features for its im­
plementation with CCDs. 

In the discussions of the various spec­
tral analysis techniques that follow, em­
phasis is placed on the sizes of the trans­
forms that can be accomplished within the 
current state-of-the-art of CCDs. Gener­
ally, the size of the transform will be 
limited by the number of transfers which 
can be carried out without suffering sig­
nificant degradation of the signal from 
charge transfer inefficiency. This limi­
tation proves to be the one that most 
severely imposes a limit on transform size. 
To some extent, the effects of charge 
transfer inefficiency can be mitigated by 
techniques such as carrying the signal in 
two or more adjacent CCD memory locations 
and by providing vacant cells between the 
signal bearing cells. However, the use of 
these methods require the use of longe1' 
CCDs clocked at higher rates, and ulti­
mately these magnitudes reach an upper 
limit which in turn imposes a limit on 
the transform size. 

II, ANALYSES AND RESULTS 

A, METHODS USING UNTAPPED CCDs 

The simplest form of CCD and that which 
at this time is most readily available is 
the untapped analog shift register. Al­
though the output of such a device is 
nothing more than a delayed version of 
what was earlier entered into it, these 
devices constitute a memory that can be 



used to perform a spectral analysis. 

In this section we treat three differ­
ent fcirms of filters implemented with un­
tapped CCDs. There are (1) th- recursive 
filter, (2) the circulating fi ter bank 
and the similar coherent memory filter 
(CMF), and (3) the analog FFT, 

Since transformation from the time to 
frequency domain involves a many-to-one 
and, conversely, a one-to-many relation­
ship between the input and output of the 
transformation process, it may be antici­
pated that access to each data point must 
be repeated. To accomplish this with an 
untapped delay line requires that the data 
be circulated repeatedly through the de­
vice. As a consequence, the number of CCD 
transfers required to accomplish the 
transformation can be large, and so in the 
following discussion considerable atten­
tion is paid to overcoming the deleterious 
effects of charge transfer inefficiency. 

1. Recursive Fil·ters 

Perhaps the simplest form of filtering 
that can be implemented with CCDs is the 
recursive filter. Such filters can be 
implemented with an untapped delay line, 
so the simplest devices are suitable com­
ponents of such filters. However, the 
recursive filter does not provide a full 
transformation to the frequency domain of 
the kind required for real-time adapta­
tion, Instead, it provides a single band­
pass or bandstop filter. It is possible 
that such filtering can be adapted to 
suppress individual strong interferers; 
because of the potential benefit of this 
mode of operation under some circumstances, 
recursive filters are treated here in some 
detail, 

Using a single stage of delay, either 
a feedback or a bilinear recursive filter 
can be implemented (Ref. 2). This delay 
can be implemented with a CCD. If the 
CCD has n stages, the delay T through the 
device will be T = n/fc where fc is the 
clocking rate through the CCD, i.e, the 
clocking rate at which the signal tran­
sits from stage to stage. Fig, 1 shows 
the configuration of the bilinear recur­
sive filter with the various feed-back 
gains indicated. 

x(mt) 

IN 

Fig. 1, Canonical form of 
a recursive filter 
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If either ao or a1 is set equal to zero, 
the filter is equivalent to the standard 
recursive filter. Consequently, the more 
general bilinear configuration is treated 
and used to derive the response of the 
standard filter by setting the appropriate 
parameter equal to zero, 

The response of the filter in Fig. 1 to 
an input x(mT) is given by a pair of dif­
ference equations. Thus, 

x(mT) + b 1 y1 (mT-T) (1) 

A solution for the output can be ob­
tained by taking the Z transform, solving 
for Y (Z) when the input function is a 
complex exponential, and inverting the 
transform by the method of residues. The 
result of this, for the steady state solu-
tion, is 

Y ( nT) ~ 
ejnwT ~ H(w)ejwnT (3) 

By suitable choice of the quantities ao, 
a1, andb 1 , the transfer function H(w) can 
be made to be that of a low-pass filter, 
high-pass filter, bilinear low- or high­
pass filter, a low-pass canceller, or a 
high-pass canceller. In Table 1 these 
quantities are related to the frequency 
of the peak filter response and the 3 dB 
corner frequency for the 6 kinds of fil­
ters mentioned above. 

Feed-back and bilinear recursive fil­
ters were designed and tested using the 
Fairchild CCD-311 and CCD-321 devices. 
The CCD-311 is a 260-stage two-phase 
buried channel serial injserial out de­
vice. The CCD-321 consists of two inde­
pendent 455 stage buried channel serial 
in/serial out shift registers (Ref. 3). 
Both types of CCDs were characterized in 
non-recursive circuits before their use 
as recursive filter elements, Second 
harmonic distortion of the CCD-311 was 
measured at -42 dB for a 945 kHz tone at 
a clock frequency of 10 MHz while a Slml­
lar test using the CCD-321 showed second 
harmonic distortion to be -52 dB. 

Fig. 2 shows the swept frequency re­
sponse of a feed-back low-pass integrator 
and of the corresponding bilinear inte­
grator using the CCD-311, The total time 
delay of 51,28 ~s (obtained by clocking 
the CCD at 5,07 MHz) results in poles at 
frequency intervals of 19Q5 kHz. The 
3-dB bandwidth of the passband response 
was measured as 150 Hz, indicating a 
quality factor, Q, of 130, Fig. 3 shows 
similar swept frequency results obtained 
using one serial shift register of the 
CCD-321, 

The harmonic content 
applied to both CCD-311 
circuits were studied, 

of single tones 
and 321 recursive 
Although the plots 



of Figs. 2 and 3 show peak to null ratios 
of -40 dB for the feed-back circuit, we 
noted substantial relative increase in 
harmonic distortion when a single tone was 
placed exactly at a pole frequency, For 
example, second harmonic distortion in­
creased 13 dB to a level of -25 dB of the 
fundamental for a signal of 39 kHz applied 
to the CCD-311 feed-back filter clocked at 
5.07 MHz. Similar results were obtained 
using the CCD-321 circuit. This non­
linear increase in harmonic distortion at 
the poles can be attributed to the finite 
linearity of the CCDs themselves. All 
measurements were made with input signals 
which were kept small compared to the ab­
solute signal handling capability of the 
devices. Distortion due to f.illing the 
CCD potential wells to a point that inter­
action occurred with the interface were 
thus avoided, as were non-linear responses. 
of the input and output stages. 

The effects of transfer inefficiency 
are to shift the position of the pole fre­
quencies from their ideal values (Ref. 4) 
and to cause the transfer frunction to be 
nonuniform in frequency. The transfer 
efficiency of the CCD-321 can be manipu­
lated by changing the voltage of the 
static electrode set. We were therefore 
able to demonstrate a shift in the pole 
frequencies with a change in the transfer 
efficiency. This shift can be interpreted 
in terms of a non-linearity of the CCD's 
phase response with frequency. This in­
creases with increased charge transfer 
inefficiency, and consequently, the fre­
quency at which there occurs a particular 
phase shift through the device changes as 
the charge transfer efficiency changes. 

A second effect of charge transfer 
inefficiency is a diminished amplitude of 
the device's transfer function as the 
Nyquist frequency is approached. Not sur­
prisingly, this same diminuition of gain 
appears in the filter circuits implemented 
with CCDs, The amplitude of the transfer 
function of the CCD-311 feed-back low-pass 
integrator is shown for the frequency 
range zero to 5 liiHz in Fig. 4, In Fig. 5 
is shown the.change of the transfer func­
tion of the CCD-311 bilinear low-pass in­
tegrator that results as the relative 
values of the feed forward coefficients 
ao and a1 are changed. 

2. The Circulating Filter Bank 

Although the recursive filter is not 
suitable for transforming a data set into 
a representation suitable for narrow-band 
interference excision, there is another 
technique somewhat similar to recursive 
filtering which does provide a full trans­
formation that may be suitable for narrow­
band excision and which has an easily im­
plemented inverse transformation. We here 
refer to the technique as the circulating 
filter bank. A block diagram of this 
method is shown in Fig. 6. 
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The circulating filter bank produces a 
spectral measure of the form 

00 

wkCi-j)e-aj Fk( i) E f. 
j=O 1-j 

(4) 

where fj is the input signal and 

wjk = ei2Tijk/N ( 5) 

We wish to regard this as a transform and 
to determine an inverse transformation 
that permits restoration of the signal in 
the time domain. We consider the opera­
tion 

N 
w-ki 

gi E Fk(i) (6) 
k=O 

00 

e-aj 
N 

w-ki Wk(i-j) E f. E 
j=O 1-j k=O 

00 

e-aj E f. N 0. . . Nf. 
j=O 1-j 1,1-J l 

and find it is the desired inverse trans­
form. 

To implement this, the output of the 
filter is multiplied by the kernel func­
tion wij and summed. This can readily 
be done using an nintegrate and dump" 
scheme shown below in Fig. 7 

INTEGRATE 

wki 

Fig. 7. Inverse transform of 
c~rculating filter bank 

Note that the sum is only over a single 
set of N coefficients. Therefore, the 
dumping can be performed at the end of 
each circulation of the filter. 

The circulating filter bank, shown in 
Fig, 6, is related to an older spectrum 
analysis technique which appears in the 
literature under the name coherent memory 
filter (CMF). To show their relationship, 
let the transform computed by the circu­
lating filter be denoted Fk(i) where k is 
the frequency index and i is the time in­
dex. Then we have 

(7) 

The sum is over j, so tl).e kel~nal wk( i-j) 
may be factored into wkl w-kJ and the 
first term taken out of the sum and trans­
posed to the left hand side of the equa­
tion. Thus, we have 



( 8) 

The right hand side of the above equation 
describes the processing done by the CMF 
analyzer. That the mixing and single 
sideband filtering is equivalent to multi­
plication by w-k may be seen from 

S(t) cos 27f * S(t) 

The 
the 

single sideband filtering eliminates 
left hand term in parenthesis, 

ei2Tik/N 
k ~ S(t) 2 

N]fil tered -k 
~ S(t) W /2 

(S(t) cos 
(10) 

In both the CMF and circulating fil­
ters, the CCD is required to circulate the 
information once for each time sample. The 
number of transfers required then increases 
as N2 where N is the size of the trans­
form, if the device can be tailored to the 
function, or as nN if an available delay 
of n stages is used (where n > N). Because 
charge-coupled devices are not perfect in 
their a~ility to transfer charge, the 
cumulat1ve effect of many such transfers 
can be a gradual dispersion of the charge 
packet representing a signal into follow­
ing charge packets. This effect places 
an upper limit on the size of the trans­
formation that can be accomplished, Tech­
niques for increasing the number of filters 
implementable with a single device are 
considered next, 

Typical charge-transfer devices oper­
ate with a charge transfer efficiency of 
approx~mately 0,99995. Th~t is to say, 
each t1me a charge packet 1s transferred 
from one well to another, there is a prob­
ability E = 0.00005 that any given charge 
quanta will fail to transfer and so will 
remain in a well where it will serve to 
corrupt the.signal respresented by a suc­
ceeding charge packet, 

The transfer of charge from one cell 
to another may be treated as a Bernoulli 
process with a probability n of success 
and a probability E = 1 - n that the 
charge element will not transfer. If it 
is attempted to transfer the charge N 
positions along the device, after the Nth 
clock cycle, the charge that was initially 
within a single packet will be distributed 
among the initial cell, the intended final 
cell, and the various intervening cells 
according to the binomial distribution, 
which may be written 

. N N-i i 
p(1,N) ~ (i) n o 

where(~) is the binomial coefficient: 
1 

( 11) 

(12) 
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The laggard charge is sensed only after it 
has completely traveled through the device 
to the output point. The probability that 
it will require N+k attempted transfers 
before the specified N successful trans­
fers occur may be written in terms of the 
binomial distribution as 

p(N,N+k) ~ (N~k) nN ok (13) 

Parametric computations showing how 
p(N,N+k) varies with N and k have been 
made. They show that if it is desired to 
keep the effects of charge transfer in­
efficiency to within a few percent, the 
number of transfers cannot much exceed 
1024, nor the number of implemented fil­
ters, 32, if this simple mode of operation 
is to be utilized. 

Better performance can be achieved if 
a cluster of adjacent cells are used to 
represent each signal sample. The extra 
cells of each cluster are zeroed with each 
circulation so that laggard charge is 
disposed of before it can corrupt the 
succeeding signal bearing cell, except in 
the relatively unlikely event that the 
charge falls far enough behind in a single 
circulation to reach the following signal 
sample. This method can provide good iso­
lation of the signal samples, but it suf­
fers from a deterioration of the samples 
themselves because the laggard charge is 
lost. To overcome this effect, a second 
use can be found for the multiple cells 
of a cluster. In this technique, the 
signal bearing cell is preceded by one or 
more cells that are filled to the same 
level as the signal bearing cell. Then 
the charge that is lost from the signal · 
bearing cell to the following insulating 
cells is partially compensated by the 
charge it gains from the preceding cells. 

The effective charge transfer effi­
ciency that can be achieved by these 
methods can be computed by regarding the 
lagging of charge during a single pass 
through the CCD as a transition in a 
Markov process" Where k-1 preceding 
cells are filled to the same level as the 
signal bearing cell, the probability of 
no transition (no lag) is enhanced by the 
next k-1 transition probabilities, How­
ever, the probability that a signal cell 
is corrupted by laggard charge from a pre­
ceding signal sample must also be in­
creased by summing over k appropriately 
chosen transition probabilities. 

Table 2 shows the transition probabil­
ities that result when a CCD is used in 
the above described way, The number of 
signal bearing cells is k; and the num­
ber of cells in a cluster is m; so m-k 
is the number of insulating cells. The 
transition probabilities are for the 
specified number of circulations, the 
number being appropriate for use of the 
device as a circulating filter bank or 
coherent memory filter. 



The sinusoidal portion of a thirty-two 
point circulating filter bank has been de­
signed and tested using the CCD-311 .. The 
diagram of the analyzer is as shown in 
Fig. 6. The analyzer was implemented us­
ing the techniques addressed above for in­
creasing effective transfer efficiency. 
Control of the CCD was accomplished by 
digital logic. Accumulated signals 
spanned four CCD clock cycles (i .. e., four 
samples) followed by four zeroed reference 
signals (except for the thirty-second ele­
ment which consisted of eight zeroes), 
The fourth sample of each signal set from 
the CCD output was used to set the signal 
level for the four new samples taken into 
the CCD. The algorithm described by 
equation (5) was implemented using digi­
tal shift registers. The computed coef­
ficients were then applied to an analog 
multiplier after digital-to-analog con­
version. Fig .. 8 shows several of the 
initial kernel functions thus generated, 
Figure 9 shows a complete 32 x 32 data 
set.. ~orne preliminary experimental re­
sults obtained from the analyzer for three 
different input tones are shown in Fig, 10, 
The CCD clock rate was 5,1 MHz correspond­
ing to an analysis bandwidth of 5 kHz.. A 
future implementation of this technique is 
planned using the CCD-321, In this case, 
one of the 455 bit registers will be used 
to perform in-phase processing while the 
other register will be processing the 
quadrature channel, A ninty-one point 
transform will be implemented. 

3 .. Analog FFT 

Although the recursive filter and the 
circulating filter discussed above are 
relatively simple and straightforward to 
implement, they suffer from a conunon short­
coming when implemented in so simple a 
form: there is little control of the win­
dow function used in computing the trans­
forms, with the resulting lack of control 
of sidelobe levels. This shortcoming can 
be overcome by employing additional delay 
elements to implement a higher order re­
cursive filter, or to approximate more de­
sirable weighting functions in the circu­
lating filter. This process carried to 
its logical extreme would require CCDs 
with as many taps as those required for 
the implementation of transversal filters 
of the kind to be discussed in a subse­
quent section, 

There exists at least one other method 
that can be used to compute Fourier trans­
forms of arbitrarily windowed functions 
using CCDs that are not tapped, This 
method derives from the Fast Fourier 
Transform that is a well known technique 
in digital signal processing, The follow­
ing discussion of this method assumes some 
familiarity with the Fast Fourier Trans­
form, and no effort will here be made to 
justify or derive the algorithm. 

A typical form of the algorithm used 
in the digital computation of the FFT is 
called the 11 in place 11 transform. Its 
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advantage for this purpose lies in the fact 
that the results of each butterfly opera­
tion can be stored in the same memory loca­
tions as were the input data to the butter­
fly operation.. The replaced data are the 
only data required for that particular 
operation, and these data are needed no­
where else in the.calculation. This 
property of the algorithm has two advan­
tages: it minimizes the amount of memory 
required, and it obviates the need to com­
pute more than a single pair of addresses 
for each butterfly operation. However, for 
our purpose, where the memory is to be a 
charge-coupled device operated as an analog 
shift register, these advantages are not 
realized. The CCD is not a random access 
memory but a circulating serial memory, 
Therefore, a considerable advantage is 
realized if the FFT algorithm can be im­
plemented in a modified form which assures 
that the data to be read are immediately 
available from the circulating memory, and 
the results of a calculation can be im­
mediately stored into the first available 
memory locations. The tree graph for such 
an algorithm is shown in Fig. 11 (Ref. 5). 
numbers in the vertical columns indicate 
the positions which the corresponding data 
points would have taken had the "in place11 

algorithm been used. The mathematical 
process (butterfly operation) would, of 
course, have to be the same as that in the 
"in place 11 algorithm. Note the important 
property of the form of the algorithm for 
our purpose. Data are taken from "address­
es11 at the output of the circulating memory 
and from the midpoint of the memory, and 
the results of the butterfly operation are 
stored in adjacent memory locations (of a 
second memory) , The same addressing scheme 
applies to all levels of the computation, 
although the arrows indicating the flow of 
data are shown only for the first level. 

Fig. 12 is a block diagram of an analog 
processor implemented according to this 
scheme. All arithmetic operations are com­
plexo The weights necessary at each point 
in the process can be stored in digital 
form and applied to a digital-to-analog 
converter before undergoing multiplication. 
If this procedure were used, the weights 
could be computed by digital logic as 
shown in Figure 13 .. 

As described earlier for the other 
techniques, transfer inefficiency is the 
limiting physical process here. The effect 
places an upper limit on the number of 
transfers which can be performed and, con­
sequently, to the size of the transform. 
If N is the greatest number of transforms 
which can be performed, then the largest 
transform which can be performed by the 
direct computation of a Fourier transform 
is IN. In comparison, the fast transform 
algorithm allows an n point transform to 
be computed with only n log 2 n transfers, 
so the upper limit on the size of the 
transform is governed by the equation 

n log2 n < N ( 14) 



The difference can be significant. For 
example, if 104 transfers can be performe~ 
the direct algorithm would be limited to a 
100 point transform while a 1000 point 
transform· could be computed by the fast 
transform method. 

C. SPECTRAL ANALYSIS METHODS UTILIZING 
TAPPED DELAY LINES 

A tapped CCD, in which the individual 
analog samples are accessible for process­
ing, permits the implementation of a 
transversal filter. We here consider two 
techniques involving transversal filters: 
the direct filtering of the signal into 
bandpass frequency components and the 
chirped Z transform methodo The former 
technique leads to the signal being dis­
tributed on many lines on the basis of 
frequency but still in a time domain rep­
resentation. These separated spectral 
components can be separately limited or 
excised, and the residuals can be summed 
back together to reconstitute the desired 
time series representation of signal and 
residual noise. The chirped Z transform 
results in an actual change of representa­
tion to the frequency domain, and there is 
required an inverse transformation if a 
return to the time domain is necessaryo 

1. Transversal Filter Bank 

By means of a tapped CCD delay line, it 
is possible to compute the convolution of 
a discretely sampled signal, fi, with a 
stored reference function, gi. For ex­
ample, with a device having N taps, the 
convolution 

F(m) (15) 

can be computed. If the function gi is 
made to be the discrete Fourier kernel 
function 

the result of the convolution is the kth 
coefficient of the discrete Fourier 
transform of.fj• 

If I and Q phase references a·re used to 
reduce the signal to baseband, the signal 
may be written 

(17) 

and this expansion may be used to obtain 
the convolution function in terms of real 
quantities. Thus 

N 
( 18) 

N N N 
l: am-j cjk l: m-j s.k+ i l: " . s "k 

j~l j~l J . j~l m-J J 
N 

+ i l: B m-j cjk 
j~l 
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Thus, four convolutions are required 
to compute each complex Fourier coeffi­
ciento The first and third terms can be 
derived from different weights applied to 
the taps of the same CCD, and similarly 
the second and fourth terms can be derived 
from a second CCD's taps. 

A method for implementing this approach 
by means of multiplicative conductive ele­
ments only using two identical tapped CCDs 
is shown in Figure 14. Here, the signal 
inputs to the tapped CCDs are in phase 
quadrature. (This condition is assured by 
using quadrature phase local oscillator 
injection voltages in the last mixer cir­
cuits.) The in-phase and quadrature phase 
time delayed signals can be separately 
weighted and combined to synthesize the 
desired filters. It is to be observed 
that the two, n tap each, delay lines allow 
for the generation of n orthogonal fi 1 ters, 
since the in-phase and quadrature partial 
resultants can, themselves, be combined by 
either addition or subtraction to result 
in response to either an upper or lower 
sideband, (For the upper and lower side­
band synthesized filter set to be con­
tiguous in frequency, the time delays must 
be operated at baseband; otherwise, the 
sideband filter sets will be separated in 
the manner of hetrodyne images.) Thus, 
if the latter practice i9 followed, no 
penalty in capacity has been paid for the 
engineering convenience of resistive-only 
weighting; the number of filters synthe­
sized is equal to one-half the total num­
ber of tapso 

Alternatively, a relatively high fre­
quency IF can be employed so that image 
response can be suppressed by conventional 
filtering at the stage preceding the mixer. 
A CCD with n taps can then be used to gen­
erate n/2 bandpass filters. 

A method for cascading filters of this 
kind has been suggested by White (Ref. 6). 
In effect, this permits relatively large 
transforms to be implemented with a common 
building block--a bank of N filters imple­
mented in the manner discussed above. By 
this means, N+1 such filter banks can be 
used to implement a bank of N2 filters, 
and a N 2 + N +1 filter bank can implement N3 
filters, etc. It should be noted that 
each successive level of these CCDs are 
clocked at a rate of 1/N that of the pre­
ceding level, so while the first such CCD 
may be required to process signals at its 
maximum clock rate, the subsequent CCDs 
operate rather below their maximum rates. 

The experimental properties of band­
pass filters simultaneously synthesized 
using tapped CCDs have been studied, The 
device used to perform these experiments 
was a Westinghouse designed and fabricated 
twenty tap, four phase, surface channel 
CCD (Ref. 7). The device has been de­
scribed in detail elsewhere (Ref. 8). In 
the following examples, only a single 
device was used resUlting in baseband 
processing of up to ten independent filters, 



(ioe., we assume all image frequencies 
have been removed) as shown in Fig. 15. As 
in the case of recursive filter implementa­
tions, the eventual need for analog pre­
and post-filtering of sampled signals is 
recognized although not specifically ad­
dressed here. Each independent filter con­
sisted of twenty variable resistors operat­
ing as the conductances of a current sum­
ming differential amplifier. Provision 
for negative weights was made by providing 
a negative summing bus which was subtracted 
from t;he positive bus at the output of each 
filter. A sample and hold was used at the 
output of these differential amplifiers. 
Each CCD tap output was buffered by a low 
output impedance, high current gain, line 
driver to minimize cross coupling between 
resistor weights of different filters. 
The uniform weighted impulse response of a 
filter whose bandpass occurs at 0.1 fc is 
shown in Fig. 16. The frequency response 
o'f the filter is shown centered at 2 kHz 
when clocked at 20kHz in Figo 17. The 
impulse of this filter when a Hamming win­
dow is impassed upon the tap weights is 
shown in Fig. 18. The impulse response 
of two adjacent filters, the first center­
ed at 0.1 fc and the second centered at 
o15 fc are shown in Fig. 19. Figo 20 
shows the frequency response of these fil­
ters clock at 20 kHz independently in (a) 
and (b) and summed together in (c). Be­
sides the Hamming weighting, each set of 
filter tap weights has imposed upon it a 
relative uniform weighting to account for 
the differences in amplitude response be­
tween filters that otherwise would occur. 

The viability of using this externally 
weighted approach in a system application 
depends largely upon the capability of im­
plementing the resistor array as a repro­
duceable thick or thin film hybrid with 
sufficient resistor value aCcuracy. To 
obtain peak to sidelobe ratios of -40 dB, 
which is within the capabiltiy of the par­
ticular device tested, requires setting 
tap weights to an accuracy of <1%. This 
proved to be a formidable task when more 
than one filter was being synthesized, 

2. Optically Tapped Chirped z Transform 

The transversal filters discussed in 
the Preceding section requires the use of 
a CCD having each stage provided with an 
output tap. This electrical output can 
be divided to provide multiple weighted 
sums. However, it is also possible to 
employ a delay line that is provided with 
input taps at each stage. Now, however, 
there is only a single weighting function 
that can be applied, i.e., the data set 
can be convolved only with a single stored 
function rather than with the multiple 
functions of the prior case, Nevertheless, 
there exists a technique whereby the re­
quired spectral analysis can be accom­
plished through convolution with a single 
stored function, i.e., can be performed 
with a single transversal filter. In the 
following discussion, we consider how this 
single transversal fi 1 ter can be implemented 
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with a line imaging CCD of the kind nOw 
commercially available. Of course, output 
taps of the kind discussed above could be 
used as well. 

The discrete Fourier transform may be 
defined as 

N-1 -2Tiink/N 
Fk = E f e ( 19) n=O n 

If the substitution is made, 

2 + k2 2 
( 20) 2nk = n - ( n-k) 

equation ) can be put into the form 

N-1 
E (f 

n=O n 

e-Tiin 2/N)eTii(n-k)2/N 
(21) 

If the signals are to be represented as 
real analog voltages, currents, or quanti­
ties of charge, it must be broken into two 
parallel channels, one representing the 
reals and the other, the imaginaries. Thus, 
for example, the set of real data samples 
{fn} must be multiplied by sinusoidal and 
cosinusoidal chirps, yielding 

en fn cosine (nn2jN) = fnCn and (22) 

sn fn sine (nn 2/N) = fnSn 

These must be convolved 

eni(n-k) 2/N = C 

with the function 

n-k + i sn-k (23) 

We here encounter the problem of having to 
represent a complex function in terms of 
real physical quantities since we are per­
forming the convolution function by a 
light sensing CCD utilizing the technique 
first described by Lagnado and Whitehouse 
(Ref, 9). A light signal, varying asSn 
or Cn is propagated through a mask having 
a transmission that is proportional to the 
real or imaginary parts of e Tii ( n-k) 2 /N, 
Transmission can be controlled either by 
graded optical density or by varying the 
area of transmission in an otherwise 
opaque mask. However, now both the light 
intensity, representing Sn or Cn and the 
mask transmission, representing the Re 
eni(n-k) 2 /N or Im eni(n-k) 2 /N are unipolar 
signals while the functions to be repre­
sented by them a1'e bipolar. 

One approach is to carry the bipolar 
signal on a pedestal. The bias levels for 
the premultipled signal and the convolu­
tion kernel may be denoted A and B, re­
spectively. Then, a convolution such as 

is computed, 
identified: 

Rk = NAB + A 

(A + sn)*(B + Cn-k) 

N-1 
E (A + sn)(B + cn-k) 

n=O 

(24) 

Four resulting terms may be 

N-1 
E cn-k +B 

n=O 

N-1 
E 

n=O 

N-1 
s + E 

n n=O 

(25) 



Only the last of these is the desired re­
sult, the rest being the spurious result 
of placing the signals on a pedestal, 

Of these extraneous terms, the first 
is constant, and the second will vary pre­
dictably with k. However, the third term 

B 
N-1 

E (26) 

will be a random variable having zero mean 
and an rms fluctuation determined by the 
mean temperature of the passband under 
analysis, This result is undesirable in­
asmuch as it represents an inability of 
the spectrum analyzer completely to re­
solve the band into frequency components. 
In order to avoid this problem, it is nec­
essary to at least provide parallel con­
volvers so that, in effect, the mask func­
tion can be made to be positive and nega­
tive (i.e., the light can be assigned to 
either the positive or negative channel). 
The two channels can then be differenced 
to provide the_desired result. Fig, 
outlines the arrangement of the CCDs and 
their illuminators. 

This technique is being implemented 
using 256 x 1 linear imagers, To reduce 
the number of components and the optical 
complexity, a mask has been developed 
which spatially multiplexes the chirp 
waveform corresponding to sine +, cosine +, 
sine -, and cosine - functions. A com­
puter generated plot of this mask function 
is shown in Fig, 

The,practical result that light inci­
dent upon one photosite will contaminate 
its adjacent neighbors either because of 
diffraction or poor optics has been ana­
lyzed. Table lists the computed results 
of the expected sidelobe response of the 
analyzer for various operating conditions. 

At this time we have not yet demon­
strated experimentally this analyzer tech­
nique, However, we have demonstrated (as 
have others, -Ref. 9) the convolution prop­
erties of a 256 x 1 CCD imager, We ob­
tained the impulse response and auto­
correlation of a mask function which con­
sisted of a 127-bit PN sequence, 

III, INTERCOMPARISON OF TECHNIQUES 

In the preceding sections, we have 
discussed five methods for transforming in 
real time from a time series to a rela­
tively narrow band (approximately 100 Hz) 
frequency representation where effective 
interference excision can be performed. 
We here make comparisons among the various 
methods on the basis of theexperimentation 
and analysis of the study~ 

Three methods were considered for im­
plementing filters with untapped CCDs. 
The first of those was the simple recur­
sive filter and various variations of it 
(e.g., bilinear and canceller forms). 
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This method requires a single CCD delay 
line for each subband filter to be imple­
mented, and in each such filter there are 
two or more gains that must be adjusted if 
the filter is to conform with other such 
filters. Also, each CCD requires a differ­
ent clock rate which at the least is an 
inconvenience (however, recursive filter 
techniques have been developed which allow a 
single delay line or two to synthesize more 
than a single filter (Ref.10)). Conse­
quently, it seems unlikely that such an 
approach will be practicable except in 
cases where the suppression of a relatively 
small number of interferers offers signifi­
cant improvement in system performance. In 
such an application the ability to dither 
the passband of the filter by control of 
the CCD clock is an advantage. The effec­
tive window of such a filter can be altered 
in its duration by adjusting the feed-back 
gain, but any control of the passband be­
yond that can only be achieved by a multi­
pole filter. 

The circulating filter bank, and simi­
lar coherent memory filter (CMF), have 
properties akin to those of the recursive 
filter except that now it is attempted to 
implement many filters in time multiplex 
form~ Because the delay is the same for 
all filters in the set, it is necessary to 
make a correction of phase from frequency 
to frequency--in the feed-back loop for the 
CMF and at the input for the circulating 
filter bank. However, these methods suffer 
the same disadvantages as the recursive 
filter in that the time window is not 
easily controlled and thus neither are the 
analyzers' sidelobe respons8s, Also, un­
like the recursive filter, the circulating 
filter bank requires that the signal at 
independent degrees ol' freedom be repre­
sented as charge in adjacent cells of the 
CCD~ This places a high premium on the 
transfer efficiency of the device in order 
that the signal represented by charge in 
one cell does not badly corrupt that in 
another. Techniques were developed to 
mitigate this problem by representing the 
signal as one of a cluster of m cells which 
permitted insulation between adjacent sig­
nal cells and some compensation for the 
charge lost in the transfer process. These 
methods may permit filter banks numbering 
into the hundreds but at the cost of ag­
gravating a second limitation--that of the 
clocking frequency. CCDs usually operate 
at clock rates to ~ 15 MHz with a few hav­
ing been tested at >100 MHz, Because the 
CCD must circulate once between each pair 
of samples, a bank of N filters, imple­
mented with m cell clusters, can only 
process samples at a rate fc/CNM). For 
N=lOO and m=3, a CCD clocked at 6 MHz 
would permit sampling at only a 20-kHz rate, 
corresponding to Nyquist bandwidth of 10Hz. 
Attempts to implement larger banks of fil­
ters with the same resolution would require 
clocking rates that increase with at least 
the square of their number. 

The analog FFT provides a means for 
circumventing many of the problems associated 



with recursive filters and the circulating 
filter bank. First, it would not be dif­
ficult to introduce arbitrary window func­
tions as the data are initially stored in 
the CCD analog memory, Because the number 
of transfers necessary increases only as 
N log N with the size of the transform, 
less severe demands are placed on the de­
vice's charge transfer efficiency and on 
the clocking rate. Also, the method re­
quires no more elaborate components in its 
implementation than do the circulating 
filter bank and the CMF. Both require a 
memory for storage of the kernel functions 
(sines and cosines) and an analog multi­
plier. The greatest difference is that a 
more sophisticated control logic is re­
quired in the case of the analog FFT. It 
is projected that 1024 point transforms 
could be implemented by the FFT approach 
with currently available serial in/serial 
out CCDs. Such a transform would require 
on the order of 104 transfers, which at a 
rate of one UH~, could be completed in ,01 
seconds--which is approximately the time 
aperture required for 200 Hz resolution. 
Such an analysis would handle a sampling 
rate of 10s Hz. 

Two methods were considered that made 
use of tapped CCD delay lines. Because 
there is no need to circulate the data in 
these methods, the signal sampling is the 
same as the CCD 1 s clock rate. However in 
the case of the externally tapped dela~ 
line filter bank, a point is quickly 
reached in which the number of pinouts be­
comes a practical limitation. For example 
the device tested had twenty taps, If the' 
technique of cascading is employed as 
described by White, et al,, (Ref, 6 ), up 
to one hundred filters could be synthe­
sized by eleven devices, However un­
less the weighting array correspo~ding to 
the twenty taps of one device were con­
tained in a package approximatley the same 
size as the device itself (or possibly on 
a common substrate) the implementation of 
this many filters would be ungainly. 

The chirped Z method is very powerful 
because a single convolution (transversal 
filter) serves to analyze an entire set of 
signal samples, These samples can be 
taken at the clocking rate, so passbands 
measured in HHz can be processed by this 
method, The limitation on the size of 
the transform is imposed only by the 
limits in the size of the CCD and associ­
ated taps and summing circuitry that can 
be fabricated. When the convolution is 
performed by an electrically accessed CCD, 
the weights for the filter can readily be 
implemented by the split electrode tech­
':lique, One advantage that an optically 
lmplemented CZT processor could have over 
its electrically implemented analog is 
the capability of tailoring a mask to com­
pensate for the effects of charge transfer 
inefficiency, 

There is one respect in which a trade­
off between the chirped Z method and the 
analog FFT may existQ This is in respect 
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to the precision with which the weights can 
be implemented. The analog FFT is imple­
mented with untapped CCDs that treat all 
samples identically, and so while it is 
necessary to match the performance of pairs 
of CCDs, the problem of cell-to-cell in­
qualities is obviated. Such inequalities 
must be kept rather low in the methods em­
ploying tapped delay lines. For example, 
if the peak response of each filter is to 
exceed the mean sidelobe level by a factor 
R, it is necessary that the tap weights be 
within IN/R units of the correct weights. 

IV. CONCLUSIONS 

We have analyzed and demonstrated 
several CCD techniques which may find ap­
plication in electronic systems which re­
quire excision of unwanted interferers 
(natural or otherwise). Depending upon the 
relative number of interferers expected in 
a particular application, a hierarchy of 
the filter techniques studies here can 
easily be made in which the complexity of 
implementation is weighted against the 
density of excisions required. In the case 
of just- a few interferers, a CCD implemented 
recursive filter is justified. When a 
greater number of excisions are required, 
transform techniques become viable. The 
circulating filter bank is probably the 
easiest to implement but also the most 
limited from the standpoint of transform 
length. On the other hand, the analog CCD 
FFT has s9me attractive features which make 
it a competitor of the electrical imple­
mented chirp Z technique when the total 
analysis bandwidth is less than one MHz. 
The analog CCD FFT uses similar hardware 
to the circulating filter bank and should 
not be difficult for us to demonstrate. 
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Table 1 Design Equations for Recursive Filters 
K " ., " G v peak p 

G 
p 

STANDARD LOW PASS e~!>.XT 1 0 0 [~1 

~ 

' •IT 211/T 

STANDARD HIGH 1PASS ~ 6-wxT 1 0 •IT lt+0r.l' ··l£h ~.~ Z"T 

o, 

0 BILINEAR LOW PASS 1-sin WxT 1 1 0 l ~~~~2 (cos w~T ) 

-
"/T 2'1f/T 

o, 

kh.-BILlfiEAR HIGH PASS 1-sin ~T 
1 "/T ~12 -(cos W;<;T ) -1 

K •• •, wpeak G "' p 
0 1\r 

LOW PASS CANCELLER - 1-sin woT 
1 1 0 ti~~1 2 P I 

<cos toJ,s T ) 
~ if-

' .r 211/T 

G 
p I 

1-sinw6 r 
~ ~ 

I 
HIGH PASS CANCELLER 1~1 2 ' (~) 1 -1 •IT ' "o ' 

-
•/T 2.r 

NOTATION: 

G peak gain 
p 

"x frequency interval between frequency of peak response and .l dB COTTier frequency 

"6 frequency interval between cancelled frequency and 3 dB comer frequency W,s=lf/T-
X 

T delay tble. For CCO delay T • fc/N 

,, ceo clocl: frequency 

N nllllber of ceo stages 
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Table 2. Transition Probability 

OF CIRCULATIONS k m N . no n, n, n, 

128 2 3 384 0.983 1.47 X 10- .. 1. 12 X 10-8 5.54 X 10-n 

256 2 3 768 o. 842 1.99 X 10- 3 2.35 X 10- 6 1.84 X 10- 9 

512 2 3 1536 0.243 8,93 X 10-l 1.64 X 10-" 2.00 X 10-G 

512 3 3 1536 0.989 3,624 X JO- 2 6,627 X to' 8,066 X 10-6 

512 3 4 2048 0,992 2,047 X 10-3 2,219 X lO 
- 1.601 X 10-'> 

Table 3. Effects of Optical Diffraction and 
Distortion Upon Optical CZT Performance 

QUANT I Z I N G LEVELS 

3 10 zo 30 100 

UNIFORM 

No Pedestal -----
0 Spill -13.291 -13.473 
0.1 Spill -13.291 

0.2 Spill 

Pedestal 

n, 

2.05 X 10- 17 

1.08 X 10-lz 

1.82 X 10-S 

7.350 X ID-s 

8.644 X 10-H 

0 Spill -13.291 -13.382 (-13.324) 

0.1 Spill 

0.2 Spill 

HAMMING 

No Pedestal 

0 Spi 11 -12.83 -27.943 -33.04 -37.688 -42 

0.1 Spill -12.56 -27.310 -29.131 -32.317 -33.592 

0.2 Spill -24.579 -27.674 

Pedestal 

0 Spill -25.945 

0.1 Spill -25.581 -24.761 -24.761 

0.2 Spill -24.306 
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Fig, 4. Zero to 5 MHz Frequency Response 
of CCD-311 Feed-back Filter 

5(b) 

Fig, 5, Zero to 5 MHz Frequency Responses of CCD-311 Bilinear 
Filter for Several Relative Values of ao and a1 
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Fig, 8, DAC Output Showing 
Several Kernels 
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Fig. 10. Circulating Filter Bank Using the CCD-311 
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Fig. 13. Digital Logic for Generating 
Weight Addresses for Analog FFT 
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Fig. 14. Implementation of Transversal Filters Using 
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Fig, 15. Implementation of Transversal Filter 
Bank With Resistive Components 

Fig. 16. Impulse Response of a 
Uniformly Weighted Transversal 

Filter for a Passband at 0.1 fc 

Fig. 17. Frequency Transfer Function 
for Uniformly Weighted Transversal 

Filter at 0.1 fc 

Fig. 18, Impulse Response of Transversal 
Filter with Hamming Window 
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Fig. 19. Impulse Response of Two 
Simultaneously Synthesized Filters 

Fig. 20. Transfer Functions of Adjacent Transversal Filters 
fc = 20 kHz 
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Fig. 21. Ar1•angement of Illuminators for Optically 
Implemented CZT-Diagonal Illuminators Can 

Be Eliminated if Pedestal on J.lask 
Function is Tolerable 
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Fig. 23. Mask Function for Optical CZT 
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