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ABSTRACT 

The paper presents an implementation of an adaptive f i l t e r based 
on the Widrow least-mean-square adaptation algori thm using a monol i thic 
64-point CCD programmable transversal f i l t e r as i t s central processing 
element. S ign i f i can t resu l ts are presented fo r the prototype system 
operated as a noise cancel ler , a se l f - t un ing f i l t e r and as an adaptive 
l i ne equal iser. The technique described has potent ia l f o r f u l l 
monol i th ic in tegra t ion having up to 256 f i l t e r i n g stages on a s ingle 
in tegrated c i r c u i t and the resu l ts show the possible high performance 
charac te r i s t i cs of th i s implementation. 

INTRODUCTION 

Many signal processing tasks are d i f f i c u l t or impossible using 
conventional f i l t e r i n g techniques due to the unknown nature of signal 
or transmission charac te r i s t i cs . One example of th is is the r e l i ab l e 
detect ion of d i g i t a l data t ransmit ted at high b i t rates over the switched 
telephone network. Using a dedicated transmission l i ne a f i xed equal iser 
may be used to compensate f o r known phase and amplitude d i s t o r t i o n s . 
However, on a switched network these d i s t o r t i on charac ter is t i cs w i l l be 
d i f f e r e n t f o r each connection made. I t is therefore necessary to use 
some sor t of learning machine which is capable of adapt ively learning 
the transmission l i ne charac te r i s t i cs by examining the s t a t i s t i c s of the 
1 ine output s igna l . 

Such systems^ known as adaptive f i l t e r s , have been extensively 
studied in theory and many of t h e i r operational charac ter is t i cs modelled 
on computer. However, u n t i l the incept ion of charge-coupled devices and 
l a t e r the monol i th ic progammable transversal f i l t e r (PTF) p rac t i ca l 
r ea l i sa t i on of these f i l t e r s has been l im i ted to complex d i g i t a l systems 
usual ly of low bandwidth and incur r ing heavy penalt ies in cost , size and 
power consumption. I t is the purpose of th i s paper to present an 
a l te rna t i ve adaptive f i l t e r implementation based on a monol i th ic , 64-point 
CCD programmable transversal f i l t e r . The un i t to be described could, 
p o t e n t i a l l y , be integrated mono l i th i ca l l y and o f fe rs a high bandwidth, 
compact, low-power, high-performance solut ion to the problem of adaptive 
f i l t e r implementation wi th potent ia l in such diverse areas as adaptive 
l i ne equa l i sa t ion , speech processing and noise cancel la t ion in medical 
e lec t ron ics . 

SYSTEM IMPLEMENTATION 

In general the task of an adaptive f i l t e r is to manipulate an input 
signal vector | ( t ) in such a way as to approximate, as c lose ly as 
poss ib le , a given output d ( t ) , This is done by operating on an er ror 
signal e ( t ) which is the d i f ference between the f i l t e r output c ( t ) and 
the desired output d ( t ) . In the system described here e ( t ) i s minimised 
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i n the "least-mean-square sense accord ing t o the Widrow LMS a l g o r i t h m . 

H( t+1) = H ( t ) + ^ e ( t ) S ( t ) 

where H(t) i s the vec to r o f f i l t e r weight values a t t ime t . L i t e r a l l y 
t h i s means t h a t each we igh t value i s updated once f o r every ou tpu t sample 
p e r i o d . However, w i t h the PTF used i n our p ro to t ype system t h i s would 
cause a severe degradat ion i n s i gna l bandwidth . There fo re on ly one we igh t 
i s updated a t each ou tpu t sample p e r i o d . A b lock diagram o f the p r o t o ­
type system i s shown i n F i g . 1 , the e r r o r i s sampled once i n every 65 
ou tpu t sample per iods and i s then m u l t i p l i e d by the ou tpu t o f the l a s t 
tap i n the CCD tapped de lay l i n e and a t tenua ted t o y i e l d the product 
fre(t) S ( t ) . This value i s then added t o the p rev ious va lue o f the 
f i l t e r tap we igh t h ( t ) t o y i e l d the updated we igh t va lue h ( t + l ) . An 
e x t e r n a l s torage system was used i n t h i s case because we igh t values once 
s t o r e d i n the re fe rence s e c t i o n o f the p ro to type PTF cou ld not be read 
back, as accessing o f the we igh t s torage c e l l a u t o m a t i c a l l y des t roys the 
s t o r e d we igh t va lue . In the p ro to t ype descr ibed here the e x t e r n a l 
s to rage used was implemented us ing d i g i t i a l c i r c u i t r y s ince d i s c r e t e 
analogue s torage c e l l s proved to be excess i ve l y l e a k y , r e s u l t i n g i n 
severe b i a s i n g o f the converged pulse response. This would not be the 
case f o r f u l l y i n t e g r a t e d analogue s torage where decay values i n the 
reg ion o f O. lV/sec are ach ievab le . The ex te rna l d i g i t a l s t o r e does 
t h e r e f o r e represent a r e a l i s t i c model o f a f u l l y i n t e g r a t e d analogue 
adap t i ve f i l t e r . 

Three bas ic system c o n f i g u r a t i o n s were used to eva lua te the 
performance c h a r a c t e r i s t i c s o f the p ro to t ype system and these are 
i l l u s t r a t e d i n F i g . 2 . 

(1 ) Basic noise c a n c e l l e r : t h i s system i s shown i n F i g . 2 ( b ) . 
In t h i s case i t i s des i r ed t o s u b t r a c t o r cancel an unwanted no ise or 
i n t e r f e r e n c e from a r e q u i r e d s i g n a l . Therefore the incoming s i g n a l , 
contaminated by some i n t e r f e r i n g s i g n a l , i t supp l i ed to the d ( t ) i n p u t 
o f the adapt ive f i l t e r . A c o r r e l a t e d , but not i d e n t i c a l , ve rs i on o f 
the i n t e r f e r i n g s i g n a l i s then a p p l i e d t o the f i l t e r i n p u t s ( t ) . 
A f t e r convergence the f i l t e r ou tpu t should be an accurate r e p r e s e n t a t i o n 
o f the i n t e r f e r i n g s i gna l source t r a c k i n g i n phase and ampl i tude the 
i n t e r f e r e n c e on the d ( t ) s i g n a l so t h a t i t s u b t r a c t s c o h e r e n t l y f rom d ( t ) 
l eav i ng the des i red s i g n a l a t the e ( t ) o u t p u t . 

(2) S e l f - t u n i n g f i l t e r : here the system i s supp l i ed w i t h o n l y one i n p u t 
( F i g . 2(d)) which w i l l c o n s i s t o f a mixed narrowband p e r i o d i c s i g n a l and 
a broadband n o n - p e r i o d i c s i g n a l . This i n p u t i s a p p l i e d d i r e c t l y t o the 
d ( t ) i n p u t and a delayed ve rs i on o f the s i g n a l i s a p p l i e d t o the s ( t ) 
i n p u t . The delay T i s s u f f i c i e n t t o d e c o r r e l a t e the broadband, non-
p e r i o d i c s i gna l component between the s ( t ) and d ( t ) i n p u t s . However, 
the narrowband p e r i o d i c component w i l l s t i l l c o r r e l a t e and w i l l t h e r e f o r e 
be reproduced a t the f i l t e r i n p u t i n phase w i t h the p e r i o d i c component o f d ( t ) . 
There fore the f i l t e r ou tpu t should con ta in on ly the narrowband, p e r i o d i c 
s i g n a l component and the e r r o r ou tpu t w i l l con ta in on ly the broadband 
n o n - p e r i o d i c component o f the i n p u t s i g n a l . This scheme may be used t o 
reduce unwanted hum on speech s i g n a l s o r t o reduce unwanted no ise on 
p e r i o d i c s i g n a l s . 

(3 ) Inverse f i l t e r (adap t i ve e q u a l i s e r ) : here the o b j e c t i v e i s to 
reproduce an accura te r e p l i c a o f a s i g n a l which has been t r a n s m i t t e d 
through a d i s t o r t i n g medium such as a te lephone l i n e . In o rde r t o do 
t h i s the f i l t e r f requency response must be the inverse o f the t r ansm iss ion 
medium response. One way o f ach iev ing t h i s i s to t r a n s m i t a known 
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data sequence through the transmission medium and apply the output of 
the transmission medium to the f i l t e r input s ( t ) while the known data 
sequence is used as a t r a i n i ng signal d ( t ) . A f te r i n i t i a l t r a i n i ng the 
f i l t e r response is frozen and the f i l t e r i s thereaf ter used as a s t r a i g h t ­
forward transversal equal iser . This system has potent ia l fo r app l ica t ion 
in systems such as adaptive modems fo r fas t d i g i t a l transmission on long 
telephone l i nes . 

RESULTS 

The resul ts presented in th i s sect ion are fo r the prototype 64-stage 
analogue/d ig i ta l hybrid system operated at a 16kHz sampling ra te . The 
maximum sampling frequency fo r the prototype system was 50kHz (which 
could be extended to 100kHz wi th c i r c u i t mod i f i ca t ion) . This bandwidth 
l i m i t a t i o n is the maximum clocking rate of the prototype 64-point 
programmable f i l t e r device. The system was constructed on a double 
Eurocard-sized c i r c u i t board consuming less than 10 watts of power. 

F ig . 3 shows a typ ica l resu l t fo r the system operated in the basic 
noise cancel la t ion mode (F ig . 2(b) ) . Here the incoming signal (F ig .3(b) ) 
was a sinusoid with a strong i n t e r f e r i n g sinusoid at twice the desired 
frequency. The s ( t ) input (F ig.3(a) ) was a version of th is i n t e r f e r i n g 
sinusoid which is incorrect in phase and amplitude fo r coherent sub­
t rac t i on to take place. Fig. 3(c) shows the f i l t e r output which is the 
i n t e r f e r i n g signal corrected in phase and amplitude to match the 
corresponding component in Fig. 3(b) . F i g . 3(d) shows the er ror or 
cancel ler output which is the desired sinusoid without the strong 1st 
harmonic in ter ference. F ig . 3(e) and ( f ) show frequency spectra of the 
signal before and a f t e r cancel la t ion showing that the unwanted signal 
component has been attenuated by about 50 dB. This y ie lds a general 
f igure of meri t fo r the system, x , known as the adapt iv i ty which i s 
def i ned as: 

where d'(t) i s the component of d ( t ) corre lated with s ( t ) . 

F ig . 4 shows a resu l t obtained fo r the f i l t e r operated in the 
se l f - t un ing f i l t e r mode where the input (F ig . 4(d) ) is a sinusoid 
contaminated by broadband noise. The f i l t e r output (Fig.4(b) ) i s the 
sinusoid wi th the broadband component considerably attenuated (spectral 
analysis shows average at tenuat ion of the noise to be about 25 dB) and 
the er ror or cancel ler output (F ig . 4(c) ) is the broadband signal 
component without the sinusoidal component. In th is case the weight 
vector is the expected matching s inusoid. 

F ig . 5 shows resu l ts obtained from the system operated as an 
inverse f i l t e r or adaptive equal iser . The input signal s ( t ) is the 
output from a telephone l i ne simulator (equivalent to about 5 miles of 
telephone l i n e ) which has as i t s input a PN sequence of length 16. 
The t r a i n i ng signal d ( t ) i s a delayed version of the telephone l i ne 
input and F ig . 5(c) shows the actual equal iser output demonstrating the 
phase and amplitude correct ion appl ied by the adaptive f i l t e r , F ig . 5(d) 
shows the eye pattern of the telephone l i ne simulator output , 
demonstrating almost t o ta l closure o f the eye wh i l s t F ig . 5(e) is the eye 
pat tern measured a f t e r equa l isa t ion . Here a good eye opening is c lear 
and no j i t t e r i s evident in the waveform zero crossings. This resu l t 
demonstrates the f e a s i b i l i t y of the CCD adaptive f i l t e r f o r use in 
adaptive modems. 
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CONCLUSIONS 

I t has been shown that a CCD-based, programmable transversal f i l t e r 
may be used e f f e c t i v e l y in an adaptive f i l t e r i n g context in a number of 
app l icat ion areas. One area of pa r t i cu la r i n te res t i s that of adaptive 
equal isat ion of telephone l ines fo r high speed d i g i t a l data transmission 
and i t has been shown that our prototype system y ie lds considerable 
improvement in signal d e t e c t a b i l i t y in th is instance. Future development 
w i l l include work on d i g i t a l decis ion-d i rected feedback systems aimed at 
high-speed modem app l ica t ions . 

The ul t imate aim of the pro jec t is the production of a monol i th ic 
f u l l y integrated version of the CCD adaptive f i l t e r and f e a s i b i l i t y 
studies are presently under way, leading to the design of a c i r c u i t 
having 256 f i l t e r stages on a s ingle chip wi th a bandwidth in excess of 
100kHz. Such a system w i l l c l ea r l y be a very a t t r a c t i v e a l te rna t i ve to 
d i g i t a l adaptive f i l t e r s using e i the r hard-wired log ic or microprocessor-
based systems. 
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Fig. 5 ".Adaptive equalisation of a baseband digital 

signal at the output of a simulated telephone line. 
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