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THCD AND APPARATUS FOR GHOST CENCELLI NG AND/CR EQUALIZING Descri ption The

pﬂesent invention rel ates tg a method and to an apparatus for ghost

cancelllng and/ or equaI|2|ng Background1

Method and-npparatus for ghost cancelling and/or equalizing

The present invention relates to a method and to an apparatus
for ghost cancelling and/or equalizing. - REPLACED SHENTS  SG
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Background

...................................

- In "A tutorial on ghost cancelling", W. Ciciora et al, IEEE
Transactions on Consumer;Electfohics, Vol. 25, pages 9 - 44, 25.
Feb 1979, the principle of ghost cancelling is described. a

 received test signal is compared with an ideal version of this

test signal, The coefficients of a correction filter applied to
the received test signal are adjusted in_Such a way that the
filter output signal matches as mnch'as possible to the ideal
test signal. But the filter length is limited and in a lot of
cases no sufficient ghost cancellation is possible. | _
In “Adaptive Noise Cancelling: Principles and Applications", B.
Widrow et al, Proceedings'of the IEEE, pages 1692 - 1716, Vol.
63, No. 12, Dec. 1975, an IMS (least-mean-square) adaptive
fiiter for'hoise cancelling is introduced,_whefein a new filter

coefflclent W, is calculated according to the formula

i(j+1)
wi(j+1) = 13 + 2 * 4 * sJ * m:i:l .

) where wiJ is the respective existing. coeffic1ent, p is a fixed
adaptation constant, ej is the difference between the respective
filter output yj and the correspondlng value of the ideal refe-
rence SLgnal and xij is the respectlve value from the filter in-

put 51gna1.

nvention S : _ . |

It is oné object”of'the invention to disclose a method for ghost
cancelling and/or eQﬁalizing, where also more complex distorti- |
ons and ghost signals, respectively, can be handled and where
the speed and stablllty of adaptation 1s improved. This object
is reached by the inventive method dlsclosed in claim 1.'
e
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~lm "A tutorial onfh °ed\N Ciciora et al, |EEE Transactions on
Consuner Electronlc | es 9 - 44, 25. Feb 1979,'the principle of
ghost cancel |'i ng |s ecéived test signal is compared with an

i deal version of thIS test signal. The cdefficients of a correction filter

applied o [ r dejpn tappardia
filter pu %] sé’%ﬂ ﬁiscgsaﬁa‘:%é fnggfslg?é’ﬁet?od{i ﬁghf’gg\glwlt est m&asl

But ththnqhnutxiiﬁ¢s|%h¢|hnveatame rathodot Thiscgbdeck 18y
CancelL%Hé”lﬂ¢Eﬂ¥¥§etﬁﬁparatus disclosed in claim 5.

ost

A first long LMS adaptlve f11ter whlch may have more than 1000
taps minimizes the error & between the filtered output s1gna1 y
" of the distorted input 51gna1 X (a transmitted reference signal)
and an ideal reference signal. Normally this ideal reference si-
lgnal is stored within the ghost canceller/equalizer and corre-
sponds to the reference signal which is transmitted-e.g. in a
specific TV line. A positioner takes coefficients from the first
LMS filter and determines the most useful subset of (say 5)
small filters (say 16 taps each) separated by variable delays.
The p051tlon information calculated in the positioner comprlses
the lengths of these delays. d ' '
The subset of filters forms together with the variable delays a
second LMS adaptlve filter with a tap number corresponding to
the first LMS filter tap number. The coefficients corresponding
to the delay ttaps' can be regarded as set to zero and the
‘locations of the delay parts of the second LMS filter remain fi-
xed. The coefficients of the filter parts (correspondlng_to the
small filters) are modified adaptively until the best match bet-
ween the filtered received reference signal and the ideal refe-
rence signal is achieved.fThis process will recommence if the
ghost or the received channel changes. ' _
The first and second LMS filter need not work in real tlme. Af-
ter establishing of the filter coefficient modlflcatlon of the
subsets these coefficients are copied to a real time main filter
working'on the whole input signal (e.g. a TV signal) with excep-
tion of said reference signal. - .
The main filter comprises a respective subset of adjustable
small filters and a set of adjustable delays. '
In the following a modified equation
Viggen) T Wiy TR &5 T Xy | _
is used, where p includes a factor of (-2). The 'minus' sign de-
pends on how the error is defined. | '

In principle the inventive method consists in ghost cancelling
‘and/or equalizing, wherein the coefficients of a digital filter
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I.n "Adaptive Noise Cancelling: Principles and Applications", B. Wdrow et

al, Proceedings of the | EEE, pages 1692 - -1716, Vol. 63, No. 12, Dec. 1975,
an LMS (| east - mean-squar e) adaptive filter for noise cancelling is '
i ntroduced, wherein a new filter coefficident werr]) is calcul ated

accordi ”%E%C’%éhé}(-ﬁggﬁﬁﬁ%cygﬁtrﬂnu leSrZ Jﬁﬂded eﬁd Pl 5iide Witd Cotb 6F " bets

the resp i'clent, Jerr t1xed cadaptati on constant,
E[err] |ueehetheffél§#€e@@ﬁn§§1ﬁ#ﬁ?ﬂlﬂﬂﬁxﬁ|dk§t°rted reterence signal

and an ideal reference signal which is stored or which can be
decoded correctly after reception, o g ’

and wherein said d1q1tal filter is a flrst LMS filter or filter
function with a high tap number and the coefficlents of this
filter or filter function are used by comparing stepwise values
derived from such coefficients of said first LMS filter which
repréesent the tap positions of a small filter with a reduced
number of coefficients to detect depending on the lével of said
values the position of one or more variable delays which connect
in series two or more of said small filters or filter functions
and wherein said connection of small filters and ‘delays forms a
second 'IMS filter, of which the coefficients correspondlng to
said small filters are adapted and used in a main fllter p
wherein the positions and the delay times of said delays remain
fixed during the calculation of the coefficients of said small

' filﬁets and wherein the signal to be ghost cancelled and/or
equalized passes said main fllter at those times where said re-
ference signal is not present.'

Advantageously the adaptation constant pu for the LMS calculatlon
in said first LMsS fllter and/or in said second ILMS filter is ad-
apted accordlng to a statistic of said errors stored in memory
means and updated during each IMS calculatlon.

Advantageous additional embodiments of the inventive method are
resulting from the respective dependent claims.

In principle the inventive apparatus comprises: a main filter
which works on a distorted'signal with exception of a reference
signal contained within said distorted signal; looped delay me-
‘ans which store said reference signal; a controller circuit
which controls said main filter and said delay means; a central
processor, which exchanges with said controller circuit control
data and which reads from said delay means said reference signal
and from a further input sa1d ideal reference signal and which
calculates said LMS algorithms and adjusts said variable delays
within said maln filter and stores sa1d coeff1c1ents for said
small fllters in said main fllter.

This Sheet Has Been Rep Iaced
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filter tdht )ﬁ and t he correspondi ng value of the ideal reference signal
_and x[err] is the respective value fromthe filter input signal. Qher
.éxanpl es of prior art are the European patent application EP-A-0 421 526
?pdltge article "A CNCS Sub- scriber Ling Audio Processing Crcuit
1 ncl udi Adapt i ve ance" au J. Pool e et n Rroce t he
1955 | ERBVATAIRRTERG So5 R brOEPPERPPE SHERapgRl,Bate ISR dlund.
June 7- ddapitfikion circult and adapts the value for said adaptatlon con-
stant accordlng to a statistic of said errors stored and

updated in said p-adaptation circuit.

Advantageous addltlonal embodiments of the 1nvent1ve apparatus
are resultlng from the respective dependent claim.

Drawings

Preferred embodiments of the 1nventlon will now be descrlbed
with reference to the accompanying draw1ngs, in which:

Fig. 1 shows in principle'the function of the inventive ap-
paratus; .
Fig. 2 shows a block dlagram of the inventive apparatus,
Fig. 3 _ depicts an adaptive linear comblner in the form of a
_ 51ng1e-1nput transversal filter;
~ Fig. 4 shows a single-input transversal fllter in the form
' of a tapped delay line; |
Fig. 5 ~ depicts a flow chart diagram of the main algorithm;
Fig. 6 shows a flow chart dlagram of the output signal
| calculatlon,
Fig. 7 - explains the pr1nc1p1e of a closed loop filter for
o ._ the output signal calculation;
Fig. 8 _ 'shows a flow chart diagram for the calculation of
new coefficients;
Fig. 9 | shows a flow chart diagram for the posltloner,
Fig. 10 shows a flow chart d1agram for u—-adaptation;
Fig. 11 'deplcts the creation of a ghost s1gna1,
Fig. 12 _demonstrates the calculation of_values m(i);
Fig. 13 shows the selection of'(k+1) small filter positions;
Fig. 14 shows resorting of small filter positions and calcu-

lating of delay values.

Preferred embodiments
: ‘This Sheet Has Been Replac
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Invention It is one object of the invention to disclose a nethod for ghost
cancel | i ng and/or equalizing, where also nore conplex distortions and ghost
signal s, -respectively, can be handl ed and where the speed and stability of
adaptation is |nproved This object is r@ached by the inventive method

g'nsg' OZ?%? P %aiﬁ l]j?llll f::z.-(haglf\ﬁlugiaﬂhtlowfeat Tqf ltll?t%h|l%vqu1®té@ H sghose
PP signal with a delay ofethvgng%% g%% itude Bf @%éﬂis shown in.

Fig. 11b. Fig. 1l1lc shows the combined baseband signal received
with a TV set.

The first adaptive LMS filter IMS1 in Fig. 1 may have 1296 taps
and receives a distorted input signal x at first input 11. By
suitable processing a TV line with a reference signal, e.g. line
- 312 of an even frame and/or line 312 of an odd frame of an HDMAC
signal, is extracted from the whole TV signal and fed to input
11. A first subtractor 15 calculates the error El'(S) between the
- filtered output signal y of the dlstorted 1nput 51gna1 X (a
transmitted reference 51gna1) and an ideal reference signal fed
to second input 12. Normally this ideal reference signal is sto-
red within a ghost'canceller/equalizer and corresponds to the
transmitted reference signal. Filter LMS1 calculates its coef-
ficients accofding to the_knowﬁ IMS algorithm mentioned above.
After a certain number of iterations the coefficients are loaded
to a positioner 14. This pdsitioner works according to the flow
chart of Fig. 9 and determines the most useful subset of e;g. S
small filters with e.g. 16 taps each, which can be thought as
separated by variable delays having a maximum delay time of
1296-5%16 = 1216 clocks. The position information PI calculated
in the positioner comprlses the lengths and positions of these
delays within a second adaptive LMS filter ILMS2 with correspon-
ding 1296 taps. Between each two delay parts 16 taps of a small
filter are located. | '
The locations of the delay parts remain fixed. A second sub-
tractor 16 calculates the error E2 (g) between the filtered out-
put signal y of the distorted input signal x and the ideal
reference signal fed to second input 12. The coefficients of the
filter parts (correspondlng to the small filters) are modified
adaptively with the known LMS algorithm until the best match,
i.e. a minimum value of E2, between the filtered received refe-
rence signal and the 1deal reference signal is achieved..
Advantageously the first and second IMS filter do not need to
work in real time. After establishing of the filter coefficient
modification of the subsets these coefficients are copied to a

‘This Sheet Has Been Rep Iaoed
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r eached Dbgyzltoh]('a I nventive apparatus disclosed in claij %heé“ﬁég’a‘éem 0 °$_CIVB
adaptive filter which nay have nore than 1000 taps
between the filtered output signal y of the distorted \mﬁ lg
transmtted reference signal) and.an idegl reference si y thIS

cor r espaifis. (oine 2 Dk of St Farking pen the PRRlentreas 81974 a'éfze%i‘a“?. ¢
TV | i ne TVA sigmaloreith adoesepdibhi of esaidf reflerbacei signbls filter and
determ'¥ﬁitﬂ§iﬂ“fﬁl ter comprises a respectlve subset of adjustable
small filters and a set of adjustable delays. The delays can be
regarded as controlled by filter ILMS1 and the small filters as

controlled by filter LMs2.

" In Fig. 2 a hardware block diagram for one pcssibie embodiment
of the inventive apparatus is depicted. A digital TV signal
which may have been A/D converted is fed via input 21 to a 1296
tap transversal FIR filter MF, which corresponds to main filter
MF in Fig. 1, and to a looped delay llne 24 which can store 1296
samples of a recelved reference signal. At the output 23 of fil-
ter MF the corrected TV signal is. avallable.

The content of delay line 24 is loaded (a sample at a time) to a
central processor CP whlch gets also from 1nput 22 respective '
samples of an ideal reference signal stored in a 'ROM or which
has been decoded correctly from a received reference signal.'CP
represents the filters LMS1 and LMS2, the positioner 14 and the .
two subtractors 15 and 16 from'Fiq. 1. In CP the algorithms ac-

'cording to Fig. 5 - 10 are carried out. The central processor
also exchanges data with a p-adaptation circuit p—A and with a
controller circuit 25. ' _

The p—adaptation circuit may contain a RAM and e.g. five coun-

" ters in which E1l and E2, respectively, error values_are-accumu-

. lated and stored. Controller circuit 25 clocks the main filter
and the delay line 24 and selects the.special TV line(s) with a
reference signal to be stored in delay line 24, while all other
TV llnes pass through the main filter. ' _

'The central processor loads the coefficients of the e.g. five
small filters and the 1engths of the adjustable delays to the

- main filter MF. _

If the coefficient calculation needs more than one frame period,
the valid coefficients can remain fixed for several frame peri-
ods.

Fig. 3 shows a linear combiner with an input signal X, and with -
one-clock. delaYs z"1 which deliver respectlve delayed input si-

gnals xk -1 to xk n° Slgnals x to xk -n are multlplled with re-
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useful subset of (s ek HasB nRaplaced s (say 16 taps each) separated by

vari abl e del ays. Tham ,HIIE rmation calculated in the positioner
tonprises the |engt ays. The .subset of filters forns together
w-th the variable delays a second LMS adéptive filter with a tap nunber
corre- tSodfRiELests YD fEbtQr tapan e+60EbhrnCi S
corre;p%ﬁ%%ﬁgﬂg%‘?%éﬁgg%ay,'ta ek Egﬁﬁbﬁ ?ggaﬁgggégsﬁgefetghggf;ﬂgid t he

| ocat i ompryteqtrd qartRub$19NBE Yhe second LMVS filter remain fixed. The
coefficients of the filter parts ' ' ' '

Fig. 4 is similar to Fig. 3 and shows how the main filter MF can
be constructed. The coefficients w, to w,, correspond to a
first small filter and the coefficients w(z-gﬁk to ¥ iaon)k
correspond to a second small filter. Block z is a variable de-

lay with n clocks delay time.

In Fig. 5 ‘'frame loop' and 'line loop' can be regarded as re-
spective counters located in controllér circuit 25. After
switching on the TV set or after choosing another channel the Y-
_brénch of test 'frame = 0' is carried out. Coefficients stored
in memory suited to usual or good reception of each received
channel could also be used first. . |
In case of LMS1 calculation new coefficients are dalculated-ac-
cording to the flow chart of Fig. 8. In case of divergence of
the coefficient modification the coefficient calculation is re-
initiated with another preselected filter response. This filter
response may be matched to a different reception'cohdition. If
the coefficient modification converges and e.g. six modification
loops have been made the resulting coefficients are used for the
positioner 14 which works according to Fig. 9. -

In case of IMS2 calculation the positioner 14 seeks for the

. location, i.e. the position information PI, of the small filters
and of the delays within the 1296 taps. This is done according
to Fig. 9. The-last coefficients calculated in filter LMS2 are
stored for the case of divergehce of the LMS algorithm. New

' coefficients for the small filters are calculated with a second
LMS algorithm in filter LMS2 according to Fig: 8 while the
locations of the delay parts remain fixed. In case of divergence
in the coefficient calculation the positioning is re-initiated,
whereas in case of convergence'the resulting coefficients are
loaded from central prpcess¢r CP to main filter MF.

The long filtér LF'of Fig. 7 corresponds to filter LMS1 and the
short filter SF corresponds to a rénge for a small filter used
in positioner 14. The left short filter CF is centred, i.e. the
actual position AP corresponds to the central coefficient CeC.
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(correspon ng ton are nodified adaptively until the best
mat ch between the fi d reference signal and the ideal

reference signal is process will recommence if the ghost or
t he recelved channel changes The first. &nd second LMsS filter need not work

in real AbEEs &ﬁgb}_ﬁsﬁlggrﬁgﬂ:hﬁagfl Bfr cFOakkl Glaehiiddl fﬁd?aéhé’“ of

t he subs e ? ese coeffrcients are real time main filter
morklnganeﬁfipwﬁn#% stpredsabove ia F-aT¢9 §P&ﬁ§ﬂf1ﬁPFﬁ for the left

half of CF are taken from the right end of LF (principle of
looped delay line). The coefficients of the right half of the
right filter SF are taken accordingly from the left end of LF.

Fig. 6 explains how the filter output is received especially at
the beginning and at the end of filter LMS1. If the argument
ARG,'l e. the sum of the pos1tlon within the size LFS of long
filter LF and of the index of the actual coefficient, is less
than zero, LFS is added to ARG. If ARG is greater than LFS, LFS
is subtracted from ARG. The actual position AP has index 0 and
corresponds to the central coefficient CeC of the small filter.
The filter output y is calculated by summing up the respective x
input values at position ARG which have been multlplled with the
coefficient at position ARG.

The filter coefficients are calculated with the LMS algorithm
according to Fig. 8, starting with a preselected filter respon-
se. Error ¢ is calculated and an error statistic and/or the sta-
tus (e g. coeff1c1ents before, coefficients after, error, frame
number, de51red fllter output) of a test p1xel can be recorded
1n a RAM. ' '

In case of ILMS1 calculatlon all coefficients are tested if they
are greater than a maximum coefficient value or less then a mi-
nimum value. If this is true a divergence flag DI is set to '1'.
After coefficient calculation it is tested, if the sum S of all
coefficients is less then half the central coefflcient CeC. If
this is true, DI is set to '1', too. _

In case of LMS2 calculation advantageously the_adaptation value
4 is modified according to Fig. 10. The new coefficients for the
small filters are calculated with the LMS2 algorithm and tested
for dlvergence. Thls testing can be done like the testing in ca-
se LMS1l. However, it may not be necessary to test the sum of the
coeff1c1ents. In case of divergence the last coeff1c1ents stored

are used for re-ln;tlatlon.

According to Fig. 9 the posltloner shifts a w1ndow correspondlng
- to a small fllter (e. g. 16 taps) along the pos1t1ons of the de-
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exception sald reference signal. The main filter conprises a respectiv
subset of adjustable small filters and a set of adjustable delays. I'n the
following a nodified equation W (I +1) =Werr] -[err]*E[err]* x[err] is
used, where [err] |ncludes a factor of (92) The ' m nus' sign depends on
how t he err%lde

%%r each actual p051t10n AP the squares of the LMS1
calculated coefficients correspondlng to all small filter coef-
ficient positions are summed. These 1296'sums are stored to-
gether with their position AP in a RAM which is called S/P
store. Thereafter the sums in the S/P store are- ‘rearranged in
decrea51ng order wherein the corresponding AP of each sum is
kept. Normally the AP of the highest five sums indicates the po-
sitions of the main TV reference signal and the subsequent
ghosts. But it has been found that the coefficient areas of the
five small filters should not overlap. Therefore the coefficient
position ranges of the small filters are compared. If e. g; the
difference between, the. flrst AP and the second AP in the ordered
list in the S/P store is smaller than the SFsS, i.e. 16 than the
both correspondlng small filters overlap. In this case the
second AP and its sum is ignored (e.g. deleted in the S/P store,
followed by rearranging of the stored AP's)_and the third AP is
taken. |

If the end of the S/P data w1th1n the S/P store is reached

_ without having found five correct SF positions, the SF p051tions
already set can be held and the remaining positions (next to set
with greatest coeff.). The'coefficients for the small filters
may then be taken from the corresponding neighbouring coef-
ficients of the coefficients C1 from the. filter LMS1.

The positioner can be described as follows:

1. Begin with a large filter of (n+1) coefficients, C(O) to
c(n). _ : _

2. Calculate the squares (or absolute values) of these coef-
'f1c1ents, Ao to A, .

3. For each coefflclent p051t10n i, form the running sum m(i) of

the L coefficients surrounding and including Ai’ where L is the

small filter'length:
(L—%.:) /2 _
j=-(z-1)/2 M

The values of m(i) represent the coefficient energy which would
be covered by a small fllter centred on positlon i. ' :

4. For each small filter desired: This Sheet

—_—
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In principle the inventive method consists in ghost cancelling and/or
equal i zing, wherein the coefficients of a digital filter are in principle
continuously adapted. to mnimze the error between the filter output -signal
of- a distorted reference signal and an i¥al reference signal which is

stored o C b e ctl el lS8Al | ey aid
.dlgltal ¥h%$9?segef??g$ﬁ9%5gflﬁ(lﬁ oP‘%?FFéF funCtlgﬁ%ﬁégrélhlgﬁé?%%

nunber aﬁut¥%éocoeff|0|ents of this filter
4.2 Set the L values of m(i) surrounding and including this po-

sition to zero.

The result of this algorithm is to select a set of non-overlap-
ping small filters which try to match the important parts of the
large filter as closely as possible. Howevef, under special con-
ditions the positioner may not work correctly. Therefore, in a
second embodiment of the positioner step 3 above cah be modified
to assign a higher weight to the central coefficient in the sli-
ding window of L coefficients. The formula for m(i) then beco-
mes: ' h '
(L-1)/2

m(i) = cA, + 2 O As s .
i §==(z-1)/2 (3 not 0y I

‘The value of ¢ must be chosen as a dompromiSe between making the
improvement work and not a551gn1ng too much lmportance to 1nd1—
vidual coefficients. For example, with small filters of length L
= 5 a good value has been found to be ¢ = 1.3 ..

Fig. 12 to 14 depict the operation of the second embodiment of
the positioner. Index i runs from 0 to n and L = 5. A number of
k+1 small filters is used.

Fig. 12A corresponds to steps 1 and 2, e.g.'A2 = C(2)*C(2).
Fig. 12B corresponds to step 3, e.q. m, = cAz +(Ao +A1 +A3 +A4).

Fig. 13 corresponds to step 4. From the running sum m(i) the ma-
ximum MAX = m(n ) is detected in Fig. 13A; Position n, is the |
centre of a flrst small fllter. If this max1mum is not zero, the
running sums m(i), i = ng_ (L-1) /2 to n0+(L -1)/2° " are set (134)
‘to zero. If the maximum m(no) of the sums at pos1t10n n, is

zero, a. fallback 131 is switched on (132, 133), in which. a small
filter position n, adjacent to the last significant filter |
position 1s selected by adding L to position no

After zero setting of the L running sums the steps of Flg. 13A
. are repeated for receiving a further maximum.

Thls Sheet Has Been Replaced
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-2- or f'”ﬁ/ % epiacedonpari ng stepw se val ues derived from
such coeff|C|ents o MS filter which represent the tap

positions of a snal a reduced nunber of coefficients to detect

dependi ng on the. Ievel of

. Fig. 13B shows the respectlve'steps-for getting the last small
filter centre position n,. ' '

In Fig. 14 the small filter centre positions no,'nl,.;.., n, of
(k+1) small filters are resorted in a sorter 141 into ascending
order of the positions n]O' njl, ceay njk-for small filters numf
ber ‘o', '1', ..., 'k'. . .

From the centre position nJo for small filter '0' the value L/2
-(1nteger) is subtracted in a first subtractor 142, resulting in
delay time o for the first of the variable delays mentioned
above. o '

From centre position nJl for_smail filter '1' the velﬁe L and

o~ the flrst centre p051t1on njo are subtracted in_a second sub-

tractor 143, resulting in delay time B for the second of the va-
"riable delays mentioned above.

Thls procedure is continued respectlvely. From the last centre
p051tlon an for small filter 'k' the value L and the centre po-
sition nj(k -1) are subtracted in a last subtractor 144, resul-
.tlng in delay tlme A for the last of the variable delays mentio-

ned above.

'E.g. five error classes for error E can be used according to
Fig..10. A counter C1 ... C5 is'assigned to each error class. If
an error accordinglto a specific error class occurs the re-
'spective counter is incremented and the counters of the other
classes are set to zero. If the counter of'the specific error
class is greatér than a preselected constant CON1 ... CON5, the
value for: p is adapted according to Fig. 10 and all counters are
set to zero. The constants may have the following values:
'CON1 = 2000, CON2 = 1000, CON3 = 500, CON4 = 100, CON5 = 50.
Due to the adaptation of u the inventive method can work with
improved speed and stability compared to known methods.

Programming was done in C language. The figures can be chahged
accordingly in case of other TV systems or of other reception
conditions. '

Advantageously an inventive equalizer with a long time constant
and an inventive ghost canceller with a reduced time constant
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nore vari abl e del ays whi ch connect in
thers or filter functions and wherein

sai d val ues the p&?f
series two or nore |“ I
sai d connection of s d delays forns a second LMS filter, of

whi ch the coefficients correspondlng to¥aid small filters are adapted and

used in g édﬁﬁdé‘éted‘hfﬁeéériéé ESShakre“S eagtt besgeh«:ué tf'die%difu@' d

del ays remain fixed during the calculation of the coefficients of said .
- snal | thnﬁtﬁzﬂnﬂvﬁﬂnhﬁYPtﬁé exankl eguapdzghden g&ﬁc§FP§&caﬁ&ﬁﬁ°§§ﬁﬂﬂ§zed-
passes gﬁlﬁﬂggﬁgfllter at those tines mhere

Thé invention cén also be used for aﬁdio or data transmission
having included a (digital) reference signal, e.g. DAB (digital
audio broadcasting) and DTB (digital video broadcasting).
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said reference signal is not present. Advantageously the athupStaet 94

constant [err] for the LM5 calculation in said first LI\/ISflI e Boen Placed
said second LMs filter is adapted accordlngtoastatlst|co nm;,m .
stored .in nenory neans and updated duri A8 each LMS cal cul ati on.
Advantaggggsogdggyfgyiaﬁygﬂghnents of the inventive method are resulting
f ependent clains. In principle the inventive apparatus
conprises: a main-filter which works on a dlstorted S|gnal Wi th exception
of a a¢c all counters -

AP actual position

ARG argument

c counter

CaC calculated coefficient

CeC central coefficient

CF centred filter

.CON constant

DI  divergence

E- error

El error 1

E2 error 2

Y yes
"LF long filter

'LFS long filter size
MC main coefficient
MF main filtér

N no

)

“position

PI position information
RLF reduced long filter
ROC rest of counters

S - sum

SF short filter

SFS short filter size
SP selected position
S/P sum/pbsition



referencgzglgngi contained within said distorted signal: ThQ%RE FES
whi ch store said reference signal; a con- troller circuit

said main filter and said delay neans: a central processor

with said controller circuit control data and which reads f

neans said.reference signal and froma further input said ideal reference
signal & ch cal cul ates said LMs algorithnms and adjusts said variable
delays within said main filter and stores said coefficients for said smal

fiIterslhn Sﬂélﬂ@ﬁ’%éﬁ'é&%st caﬁcelling and/or equalizing, wherein the
coefficients (C1l) of a digital filter are in prineiple con-
tinuously adapted to minimize the error (g, El1) between the
filter output signal (y) of a distorted reference signal '
and an ideal reference signal (12, 22) which is stored or
which can be decoded correctly after reception, characteri-
ged in that said digital filter is a first IMS filter or
. filter function (LMS1l) with a high tap number and that the
coefficients (Cl1l) of this filter or filter function are
used by comparlng stepwise values derived from such coef-
ficients of said first LMS filter which represent the tap
posltlons of a small filter with a reduced number of coef-
ficients to detect depending on the level of said values
the position (PI) of one or more variable delays which con-
nect in series two or more of said small filters or filter

Ekmm

functions : _
and that said connection of small filters and delays forms

a second LMS filter (LMS2), of which the coefficients (C2)
corresponding to said small filters are adapted and used in
a main filter (MF),.

' wherein the positions and the delay times of sa1d delays
remain fixed during the calculation of the coeff1c1ents
(C2) of said small filters and wherein the signal to be
ghost cancelled and/or equalized passes said main filter
(MF) at those times where said referehce'signal is not pre-

sent.

2. Method'according to claim 1, characterized in that the ad-
aptation constant u for the LMS calculation in said first
IMS fllter (LMS1) and/or in said second LMS fllter (LMS2)
is adapted according to a statistic of said errors (E1, E2)
stored in memory means'and updated during each LMS calcula-
tion. '

- 3. . Method eccording to claim 1 or 2, characterized in that
each of said values is a sum of the squares or absolute va-

lues of said correspondlng filter coeff1c1ents.
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_Advant ageously said central processor exchanges dat a vhhi hgetHasBeenRe laced

[err]-adaptation circuit and adapts the value for said a ant
ferr] according to a statistic of said errors stored and , 'r

[err]-adaptation circuit. Advantageous' atlfiiti onal enbodlnents 0

inventive apparatus are resultlng fron1the respective dependent cl aim
Dr awi ngs

4. Method accordlng to claim 3, characterized in that before
summing up said values to form each of said sums a higher
weight is assigned to the central position value invoclved.

5. Apparatus for a method according to any of claims 1 to 4,

' comprising:
a main filter (MF) which works on a dlstorted 51gna1 with
exception of a reference s1gna1 contained w1th1n said di-
storted signal; : _
looped delay means (24) which store sald reference signal;
a_controller circuit (25) whlch-controls said main filter
(MF) and said delay means (24); | C
a central procesebr (CP), which exchanges with said con-
troller circuit control data and which reads from said de-
1ay'means (24) said reference signal and from a further in-
put (22) said ideal reference signal and which calculates

- said 1LMS algorlthms and adjusts said varlable delays within

said main filter (MF) and stores said coefficients (C2) for
said small filters in said main filter (MF).

6. 'Apparatus accordlng to claim S, characterzzed 'in that said
. central processor (CP) exchanges data with a py-adaptation
circuit (4s=A) and adapts the value for said adaptatlon con~
stant p according to a statistic of said errors (El1, E2) -
stored and updated in said p-adaptation circuit.

* c L N $ *



_ Preferreg énbod%nents of the invention will now be desdhﬁﬁ@ d
to the acconpanying drawi ngs, in which: Fig. 1 shows |
function of the inventive apparatus; Fig. 2 shows a bI t he

}nvent}ve appa{atus Fig. 3 depi cts as adaptive l'i near conblner in the
ormof a S|ng e-input transv : -
GRSl p ansversal filter:

The present invention relates to a method and to an apparatus
for ghost cancelllng and/or equallZlng.
In YA tutorial on ghost cancelling", W. Ciciora et al, IEEE
Transactions on Consumer Electronlcs, Vol. 25, pages 9 - 44, 25.
Feb 1979, the principle of ghost cancelling is described. A
received test signal is compared with an ideal version of this
test signal. The coefficients of a correction filter applied to
the received test signal are adjusted in such a way ‘that the
filter output signal matches as much as poss1b1e to the ideal
test 51gna1. But the filter length is limited and in a lot of

~ cases. no sufficient ghost'cancellation'is possible.

' 'According to the invention a first long LMS adaptive filter
(LMS1) which may have more than 1000 taps minimizes the error (g)
between the filtered output signal (y) of the distorted'input
signal (x) (a transmitted reference signal) and an ideal refe-
rence signal. A positioner (14) takes coefficients (Cl) from the
first IMS filter and determines the most useful subset:of small
filters separated by variable delays. The position information

' (PI) calculated in the positioner comprises.the lengths of these
delays. The subset of filters forms together with the variable
delays a second IMS adaptiﬁe filter (ZMSZ) with a tap number
oorrespondingsto'the first IMS filter tap number. The coef-
ficients corresponding to the delay 'taps' can be regarded as
set to zero and the locations of the delay parts of the'second
IMS filter remain fixed. The coefficients of the filter parts
(corresponding to the small_filters) are modified edaptively un-
til the best match between the filtered received reference
signal and the ideal reference signal is achieved.

The first and second LMS filter need not to work in real time.
After establishing of the filter coefficient modification of the
subsets these coefficients (C2) are copied to a real time main
filter (MF) working on the whole input signal, e.g. a TV signal,
with exception of said'reference_signal. The main filtericomprié
ses a respective subset of adjustable small filters and a set of
adjustable'delays. ' '

Fig. 1



Fi.g. 4I) Q%ﬁ%%ﬁ‘b single-input transversal filter in the formof a tapped

delay line;, Fig. 5

depicts a flow chart diagramof the nain al gorithm

Fig. 6 shows a flow chart di,agram of the output. signal calculation; Fig.
7 - explains the principle of a‘closed'lygﬁ filter for the output signal
calculation; Fig. 8 shows a flow/charﬂ agram for the cal cul ation of

new coefficients:
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Flg QD 92/ Aa flow chart di agramfor the positioner; Fig. 10 shows a
flow chart diagramfor [err]-adaptation; Fig. 11 depicts the creation of
~a ghost signal; Fig. 12 denonstrates the cal culation of values m(i); Fig.
13- shows the selection of (k+1) small filter positions;
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Fi g. 1ﬁ9 gggeﬁgy esorting of small filter positions.and calculating of -
defay % erred enbodinments In Fig.. 11 a an original signal of a TV
1ine is depicted.. A ghost signal with a delay of t=2 and an anplitude of
50%is shown in Fig. 11b. Fig. "11c shows the conbined baseband signal. -

received with a TV set The first adaptive filter LMS1 in Fig. 1 may"
.have 1296 taps and receives a di storted |§ signal x at first input
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11. ByDSlgg/gquprocesm ng aTViline wwth a reference signal, e.g.. line 312
of an .even frame and/or |ine 312 of an odd frame of an HDI\/AC Si gnal S
éxtracted fromthe whole TV signal and fed to input 11. A first subt r act or
15 calculates the error E1 (e) between the.filtered output signal y of the
distorted input signal x (a transmtted gpflerence signal) and an ideal
reference signal fed to second input 12. Nor mal | y this ideal reference
signal is stored within a ghost canceller/ equalizer and corresponds to t he
transnmitted reference signal. Filter LMS1 calculates its coefficients
‘according to the '
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knomn5+g§yphg%&ithn1nentioned above. After a certain nunmber of iterations

t he cOe I'ents are loaded to a positioner 14. This positioner works
dccording to the flow chart of Fig. 9 and determines the nost useful subset
of e.g. 5 small filters with e.g. 16 taps each, which can be thought as
separated by variabl e del ays having a gsfkpun1delay time of .1296-5*16. =
1216 cl ocks. The position information al cul ated in the positioner
conprises the | engths and positions of these delays within a second
adaptive LMs filter LMS2 with correspondi ng 1296 taps. Between each two .

del ay parts. . o

LMS2

calculate new coeff.
divergence detection .
DI '

u adaptation (Fig. 10)

re-init

FROM SP TO SP + SFS

FOR all SP

N
N
Fig. 8

error statistics
status of test pixel

calculation of filter output
error calculation with a desired résponse
‘Dl=0

S < 1/2 CeC_

keep sum S of coeff.

Dl = 1

FOR all coeff. of a CF
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The qua% the delay-parts remain fixed. A second subtractor 16
2912

cal cu rnhgrShEal-(aeBebneR dthe filtered output signal y of the

di storted input S|g deaI reference signal fed to second input
12. The coefficient ! parts. (correspondlng to the. snal
filters) are nDdlfl y mnth t nomn LMS algorithmuntil the
best match, i.e. a mninmumval ue of E2, meen the filtered received

ref erence S|gnal and the ideal reference S|gnal i s achi eved. Advant ageously
the first and second LNMS fllter do not need to work in real tine. After
establishing of the
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'
A

fi 'B?%/?WEN cient nodification of the subsets these coefficients are :
copi e oareal tine min filter working on the whole input signal (e.g. a
TV signal) with exception of said reference signal. The main filter
conprises a respective subset of adjustable small -filters and a set of

adj ust abl e del ays. The del ays can be reffd0ded as controlled by filter LMS1

and the small filters_as control] ilter LM52. In Fig. 2
bl ock di agr r}one hbk e emg{' t of the inventive appalxn
depi ct ed. Amgyt | F@ﬁ) E)E . (}(

* | | " emmacasmme—n -

A0 A1 A2

AO mO)

An-1 m(n-1)

‘ m(n

An:
This Sheet Has Been RTlaoed
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TV Sirgl igh may have been A/D converted is fed via input 21 to a 1296
“tap transversal "FIR filter MF which corre- sponds to main filter MF-in Fig.
1, and to a | ooped delay line 24 which can store 1296 sanples of a received
reference signal. At the output 23 of filter M the corrected TV signal is
avai l abl e. The content of delay |line 24 i 100aded (a sanple at atine) to a
central processor CP which gets also frominput 22 respective sanples of an
i deal reference signal stored in a ROM or whi ch has been decoded correctly
froma recelved

sl e SO " S 13

. [MAX - | |
(M = 1% y iL 133
m © [MAX
1 r—h-_no_" ::}-)n‘l —P>
m(2) f MAX=m(ng) </ N N
' \\ N |m n0“2;=0 //
: . \_*m no_-l - : __,_/
- m n0+1 ;:0 )
min m(ng+2)=0 |134
MAX=0 ?
Fig.13A
il 131
- o |, 33
m()—  [MAXL— Y,
‘T //f K k+1 N
MAX=m(n ¢ \’___>
m2) (D N Y= ”k'2§)=0 )
: - —»m(nk-1)=0
: . m{nk)=
| m nk+13=0 |
min) MAX<0 2 m(nk+2)=0 |134
Fig.13B | - |
-

Sheet Has Been Replaced

l\||\|\\ I




<

?efer?@QﬁOg‘lﬂl!ACP represents the filters LMS1 and LMS2, the posi ti oner
14 and the two subtractors 15 and 16 fromFig. 1. In CP the al gorithns
8ccording to Fig. 5 - 10 are carried out. The central processor al so
exchanges data with a [err]-adaptation ¢ ,to ﬁé}llt [err]-A and with a
controller circuit 25. The [err]-adaptat 5 circuit may contain a RAM and
e.g. five counters in which E1 and E2, respectively, error values are
accunul ated and stored. Controller ci rcuit 25 clocks the main filter and
the delay line 24 and selects the special TV '

/2

nr-.—-——-——-——————————

Ny —» _ Max f
141.

Fig.14
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for severndtHodrand @ppadsmatus for ghost cancelling and/or equalizing

The present invention relates to a method and to an apparatus

for ghost canéelling and/or equalizing.

Background

In "A tutorial on ghost cancelling",
Transactions on Consumer Electronics, Vol. 25, pages 9 - 44, 25.
Feb 1979, the principle of ghost cancelling is described. A
received test signal is compared with an ideal version of this
test signal. The coefficients of a correction filter applied to '
the received test signal are adjusted in such a way that the
filter output signal matches as much as possible to the ideal
test signal. But the filter length is limited and in a lot of
cases no sufficient ghost cancellation is possible.

In "Adaptive Noise Cancelling: Principles and Applications", B. -
Widrow et al, Proceedings of the IEEE, pages 1692 - 1716, Vol.

63, No.

Ciciora et al, IEEE

12, Dec. 1975, an Lﬁ% (least-mean-square) adaptive

filter for noise cancelling is introduced, wherein a new filter

coefficient w.

T3+ T Yij
where wij

adaptation constant, aj

(J+1)
+ 2

is the respective existing coefficient, u is a fixed
is the difference between the respective .

* pok g,

J

4

is calculated according to the formula

* X..
xl]

filter output yj and the corresponding value of the ideal refe-
is the respective value from the filter in-

rence signal and
put signal.

Invention

¢

It is one object of the invention to disclose a method for ghost
cancelling and/or equalizing, where alsc more complex distorti-
ons and ghost signals, respectively, can be handled and where
the speed and stability of adaptation is improved. “This object
is reached by the inventive method disclosed in claim 1.
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FiTdis %F conmbiner with an inputsignal x[err] and with
one- “ err] whi ch deliver respective del ayed i nput signals xk.1
to x x to x[err] are multiplied with respective coefficients
to Wik and sunmed up to formthe corrected output signal Yk. Fig. 4 is
S|n1lar to Fig. 3 and shows how the main2filter MF can be constructed. The

coeffici Qﬂt s$sV\ak rhetHBk epHeet 6pOtHet Invehtish tomdisdidderamrapparatus
coe {1 ol ghh ey bk ekO Lo hnRLL SRRERSA ! Inis & SGSNELE R - dd il nyP OcK

Z[err]

the inventive apparatus disclosed in claim 5.

A first long LMS adaptive filter which may have more than 1000
taps minimizes the error & between the filtered output signal y
of the distorted input signal x (a transmitted reference signal)
and an ideal reference signal. Normally this ideal reference si-
gnal is stored within the ghost canceller/equalizer and corre-
sponds to the reference signal which is transmitted-'e.g. in a
specific TV line. A positioner takes coefficients from the first
IMS filter and determlnes the most useful subset of (say 5)
small filters (say 16 taps each) separated by varlable delays.
The position information calculated in the positioner comprises
the lengths of these delays.

The subset of filters forms together with the variable delays a
second IMS adaptive filter with a tap number corresponding to
the first IMS filter tap number. The coefficients corresponding
to the delay ‘'taps' can be regarded as set to zero and the
locations of the delay part§ of the second LMS filter remain fi-
xed. The coefficients of the filter parts (corresponding to the
small filters) are modified adaptively until the best match bet-
ween the filtered received reference signal and the ideal refe-
rence signal is achieved. This process will recommence if the
ghost or -the received channel changes. - .

The first and second IMS filter need not work in real time. Af-
ter establishing of the filter coefficient modification of the
subsets these coefficients are copied to a real time main filter
working on the whole input signal (e.g. a TV signal) with excep-
tion of said reference signal.

The main filter comprises a respective subset of adjustable
small filters and a set of adjustable delays.

In the following a modified equation

Viggrn) T Vig TH Y 85 7 Xy
is used, where i includes a factor of (~2). The 'minus' sign de-
pends on how the error is defined.

In principle the inventive method consists in ghost cancelling
and/or equalizing, wherein the coefficients of a digital filter

This is the replacement sheet
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5T : . . :
del’a h'SSh '%F@‘#ay time. In Fig. 5 "franme loop' and 'line | oop' can
be re H ctive counters located in controller circuit 25. After
smntc set or after choosing anot her channel the Y-branch of

test frane = is carried out. Coefficients stored in nmenory suited to
usual or good reception of each recei ved Thannel could also be used first.

{Recﬁfgw"% 'Vﬁl O;f?@%ﬁ&lﬁ%éo?oﬂég@g‘?g Ive%éeér& G i Y L LD Bt
ween the fi ter output signal of a distorted reference signal

and an ideal reference signal which is stored or which can be
decoded correctly after. reception,

and wherein said digital filter is a first LMS filter or filter
function with a high tap number and the coefficients of this
filter or filter function are used by comparing stepwise values
derived from such coefficients of said first ILMS filter which
represent the tap positions of a small filter with a reduced
number of coefficients to detect depending on the lével of said
values the position of one or more variable delays which connect
in series two or more of sald small fllters or filter functions
and whereln said connectlon of small filters and delays forms a
second IMS filter, of which the coefficients corresponding to
said small filters are adapted and used in a main filter ,
wherein the positions and the delay times of said delays remain
fixed during the calculation of the coefficients of said small
filters and wherein the signal to be ghost cancelled and/or
equalized passes said main filter at those times where said re-
ference signal is not present.

Advantageously the adaptation constant u for the ILMS calculation
in said first IMS filter and/or in said second IMS filter is ad-
apted according to a statistic of said errors stored in memory
means and updated during each LMS calculation.

Advantageous additional embodiments of the inventive method are
resulting from the respective dependent claims.

In principle the inventive apparatus comprises: a main filter
which works on a distorted signal with exception of a reference
signal contained within said distorted signal; looped delay me-
ans which store said reference signal; a controller circuit
which controls said main filter and said delay means; a central
processor, which exchanges with said controller circuit control

- data and which reads from said delay means said reference signal
and from a further input said ideal reference signal and which = .
calculates said LMS algorithms and adjusts said variable delays
within said main filter and stores said coefficients for said
small filters in said main filter. '

This is the replacement sheet
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of tfmggmgﬁﬁagnéﬁuR dédi cation the coefficient calculatlon is reinitiated

with a ted filter response. This filter response nay be

mat chegmu mn reception condition. If the coefficient nodification

conver x nodi fication | oops have been made the resulting

coefficients are used for the posi tioner 414 whi ch works according to Fig.

9. In ca t 21P f he,Lpcatj on,

et he TpntEa iy eld WhdriS iRk BReE SeRffSEs’ dhek"GtR7E )
adaptation circuit and adapts the value for said adaptation con-

stant g according to a statistic of said errors stored and
updated in said up-adaptation circuit.

Advantageous additional embodiments of the inventive apparatus
are resulting from the respective dependent claim.

Drawings

Preferred embodiments of the 1nventlon will now be descrlbed
with reference to the accompanylng draw1ngs, in which:

Fig. 1 shows in principle the function of the inventive ap-
paratus; '

Fig. 2 - shows a block diagram of the inventive apparatus;

Fig. 3 depicts an adaptive linear combiner in the form of a
single-input transversal filter;

Fig. 4 shows a single-input transversal filter in the form

: of a tapped delay iine;

Fig. 5 depicts a flow chart diagram of the main algorithm;

Fig. 6 shows a flow chart diagram of the output signal
caldulation;

Fig. 7 - explains the principle of a closed loop filter for -
the output signal calculation; ‘

Fig. 8 shows a flow chart diagram for the calculation of
new coefficients;

Fig. 9 shows a flow chart diagram for the positioner;

Fig. 10 shows a flow chart diagram for u-adaptation;

Fig. 11 depicts the creation of a ghost signal;

Fig. 12 demonstrates the calculation of values m(i);

Fig. 13 shows the selection of (k+1) small filter positions;

Fig. 14 shows resorting of small filter positions and calcu-

lating of delay values. .

eferred embodiments
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Date: 02 APR 1997



and of Thi ; ¢edi he 1296 taps. This is done according to Fig. 9.
The | ast i alculated in filter LM52 are stored for the case of
di vergen . | gorithm New coefficients for the small filters are

calculated with a second LMS algorithmin filter LMS2 according to Fig. 8
while the locations of the delay parts rgmain fixed. In case of divergence
in the cqoeffi,cient calcul gti,on_the gositionin Is re:initiated, whereas in

case of dBhFddgerd? PReOF2gdralngignats PEianT¥ Lire| 15 RePIctedchighgst
pr ocessosigRallowithnaf deflay bE t=2 and an amplitude of 50% is shown in

Fig. 11b. Fig. 11lc shows the combined baseband signal received
with a TV set.

The first adaptive LMS filter IMS1 in Fig. 1 may have 1296 taps
and receives a distorted input signal x at first input 11. By
suitable processing a TV line with a reference signal, e.g. line
312 of an even frame and/or line 312 of an odd frame of an HDMAC
 signal, is extracted from the whole TV signal and féed to input
11. A first subtractor 15 calculates the error El1 (g) between the
filtered output signal y of the distorted input signal x (a
transmitted reference'sighal) and an ideal reference signal fed’
to second inbut 12. Normally this ideal reference signal is sto-
red within a ghost canceller/equalizer and corresponds to the
transmitted reference signal. Filter LMS1 calculates its coef-
ficientslaccording to the known LMS algorithm mentioned above.
After a certain number of iterations the coefficients are loaded
to a positioner 14,'fhis positioner works according to the flow
chart of Fig. 9 and determines the most useful subset of e.g. 5
small filters with e.q. 16_t$ps each, which can be thought . as
separated by variable delays having a maximum delay time of
1296-5%16 = 1216 clocks. The position information PI calculated
in the positioner comprises the lengths and positions of these
delays within a second adaptive IMS filter IMS2 with correspon-
ding 1296 taps.'Betweeh each two delay parts 16 taps of a small
filter are located. ' '
The locations of the delay parts remain fixed. A second sub-
tractor 16 calculates the error E2 (g) between the filtered out-
put signal y of the distorted input signal x and the ideal
reference signal fed to second input 12:. The coefficients of the
filter parts (corresponding to the small filters) are modified
adaptively with the known LMS algorithm until the best match,
i.e. a minimum value of E2, between the filtered received refe-
rence signal and the ideal reference signal is achieved..
Advantageously the first and second LMS filter do not need to
work in real time. After establishing of the filter coefficient
modification of the subsets these coefficients are copied to a
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Thgmﬂg_ﬁﬂ,éeiﬁéssé'enmepﬂmﬁ 7 corresponds to filter LMS1 and the short

filter o arange for a small filter used in positioner 14.
The | eft M\ is centred, i.e. the actual position AP
correspon entral coefficient CeC. The coefficients in the right

hal f of CF are identical to the coefficignts stored above in LF. The

coefficients for the,left | f of. CF t.ak f nth i, ght f LF
(princi prﬁaif t?’Bﬁp’éﬁl’aeﬁﬁQ%’ n'ég?kﬂ%a‘a‘gev?"r g’f re(s)n;tﬁp'{%ntrésl]%’baffn '%f' & the

TV signal) with exception of said reference signal.

The main filter comprises a respective subset of adjustable
small filters and a set of adjustable delays. The delays can be
regarded as controlled by filter LMS1 and the small filters as
controlled by filter LMS2.

In Fig. 2 a hardware block diagram for one possible embodiment
of the inventive apparatus is depicted. A digital TV signal
which may have been A/D converted is fed via input 21 to a 1296
tap transversal FIR filter MF, which corresponds to main filter
MF in Fig. 1, and to a looped delay line 24 which can store 1296
samples of a received reference siénal. At the output 23 of fil-
ter MF the corrected TV signal is available.
The content of delay line 24 is loaded (a sample at a time) to a
central processor CP which gets also from input 22 respective
samples of an ideal reference signal stored in a ROM or which
has been decoded correctly from a received reference signal. CP
represents the filters LMSl_and LMS2, the positioner 14 and the
two subtractors 15 and 16 from Fig. 1. In CP the algorithms ac-
cording to Fig. 5 - 10 are carried out. The central processor
also exchanges data with a p~adaptation circuit p-A and with a
controller circuit 25. _
The p-adaptation circuit may contain a RAM and e.g. five coun-
" ters in which E1 and E2, respectively, error values are -accumu-
" lated and stored. Controller circuit 25 clocks the main filter
and the delay line 24 and selects the special TV line(s) with a
reference signal to be stored in delay line 24, while all other
TV lines pass through the main filter.
The central processor loads the coefficients of the e.g. five
small filters and the lengths of the adjustable delays to the
main filter MF.
If the coefficient calculation needs more than ocne frame period,
the valid coefficients can remain fixed for several frame peri-

ods.

Fig. 3 shows a linear combiner with an input signal X, and with
one-clock delays z~1 which deliver respective delayed input si-
gnals x,_, to x,__ . Signals x to x,__ are multiplied with re-
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d
rlghtTm$$ enRelaﬁzn accordingly fromthe left end of LF. Fig. 6
explaln “‘Eu output is received, especially at the beginning and
at the MS1l. If the argunent ARG i.e. the sumof the
position within the size LFS of long filter LF and of the index of the

actual coefficient, is less than zero, L¥S is added to ARG If ARG i s

h ES, LE . f A Th AP h
oroat el R, s st R B O AR sl bk PERERL B T S,

The filt sorneqhed putputalsignadet by

Fig. 4 is similar to Fig. 3 and shows how the main filter MF can
be constructed. The coefficients Yox to Yo correspond to a
first small filter and the coefficients w(2 x to Vi g-n)k
correspond to a second small filter. Block z ls a variable de~

lay with n clocks delay time.

In Fig. 5 'frame loop' and 'line loop' can be regarded as re-
spective counters located in controller circuit 25. After
sw1tch1ng on the TV set or after choosing another channel the Y-
branch of test 'frame = 0' is carried out. Coefficients stored
in memory suited to usual or good reception of each received
channel could also be used first. '
In case of LMS1 calculation new coefficients are calculated ac-
cording to the flow chart of Fig. 8. In case of divergence of
the coefficient modification the coefficient calculation is re-
initiated with another preselected filter response. This filter
response may be matched to a different reception condition. If
the coefficient modification converges and e.g. six modification
loops have been made the resulting coefficients are used for the
positioner 14 which works according to Fig. 9.
In case of IMS2 calculation the positioner 14 seeks for the

- location, i.e. the position information PI, of the small filters.
and of the delays within the 1296 taps. This is done according
to Fig. 9. The-last coefficients calculated in filter IMS2 are
stored for the case of divergence of the LMS algorithm. New
coefficients for the small filters are calculated with a second
LMS algorithm in filter IMS2 according to Fig:. 8 while the
locations of the delay parts remain fixed. In case of divergence
in the coefficient calculation the positioning is re-initiated,
whereas in case of convergence the resulting coefficients are
loaded from central processor CP to main filter MF.
The long filter LF of Fig. 7 corresponds to filter LMS1l and the
short filter SF corresponds to a range for a small filter used
in positioner 14. The left short filter CF is centred, i.e. the
actual position AP corresponds to the central coefficient Cec.
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summi 1G5 Fhegtas laced’ x input val ues at position ARG which have been
ul tipli | I efficient at position ARG The filter coefficients
are calc e LM5s algorithmaccording to Fig. 8, starting with a

preselected filter
8

The coefficients in the right half of CF are identical to the
coefficients stored above in LF. The coefficients for the left
half of CF are taken from the right end of LF (principle of

looped delay line). The coefficients of the right half of the
right filter SF are taken accordingly from the left end of LF.

Fig. 6 explains how the filter output is received, especially at
the beginning and at the end of filter LMS1l. If the argument
ARG, i.e. the sum of the position within the size LFS of long
filter LF and of the index of the actual coefficient, is less
than zero, LFS is added to ARG. If ARG is greater than LFS, LFS
is subtracted from ARG. The actual position AP has index 0 and
corresponds to the central coefficient CeC of the small filter.
The filter output y is calculated by summing up the respective x
input values at position ARG which have been multiplied with the
coefficient at position ARG.

The filter coefficients are calculated with the IMS algorithm
according to Fig. 8, starting with a preselected filter respon-
se. Error & is calculated and an error statistic and/or the sta-
tus (e.g. coefficients before, coefficients after, error, frame
number, desired filter output) of a test pixel can be recorded
in a RAM. _ |

In case of LMS1 calculation all coefficients are tested if they
are greater than a maximum coefficient value or less then a mi-
nimum value. If this is true a divergence flag DI is set to '1'.
After coefficient calculation it is tested, if the sum S of all
coefficients is less then half the central coefficient cCecC. If
this is true, DI is set to '1', too.

In case of IMS2 calculation advantageously the adaptation value
p is modified according to Fig. 10. The new coefficients for the
small filters are calculated with the IMS2 algorithm and tested
for divergence. This testing can be done like the testing in ca-
se LMS1l. However, it may not be necessary to test the sum of the
coefficients. In case of divergence the last coefficients stored
are used for re-initiation.

According to Fig. 9 the positioner shifts a window corresponding
to a small filter (e.g. 16 taps) along the positions of the de-
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203Rs Ripiseels cal cul ated and an error statistic and/or the
status 0 lents before, coefficients after, error, frame nunber,
de5|re Ithurt) of a test pixel can be recorded in a RAM In case of
LMVB1 c coefficients are tested if they are greater than a

maxi num coeff| cient value or less then 9

lay line. For each actual position AP the squares of the LMS1
calculated coefficients corresponding to all small filter coef-
ficient positions are summed. These 1296 sums are stored to-
gether with their position AP in a RAM which is called Ss/P
store. Thereafter the sums in the S/P store are rearranged in
decreasing order wherein the corresponding AP of each sum is
kept. Normally the AP of the highest five sums indicates the po-
sitions of the main TV reference signal and the subsequent
ghosts. But it has been found that the coefficient areas of the
five small filters should not overlap. Therefore the coefficient
position ranges of the small filters are compared. If e.g. the
difference between the. flrst AP and the .Ssecond AP in the ordered
1list in the S/P store is smaller than the SFS, i.e. 16 than the
both corresponding small filters overlap. In this case the
second AP and its sum is ignored (e.g. deleted in the S/P store,
followed by rearranging of the stored AP's) and the third AP is
taken.

If the end of the S/P data w1th1n the S/P store is reached
without having found flve correct SF positions, the SF positions
already set can be held and the remaining positions (next to set
with greatest coeff.). The .coefficients for the small filters
may then be taken from the corresponding neighbouring coef-
ficients of the coefficients Cl from the filter LMSl.

The positioner can be described as follows:
1. Begin with a large filter of (n+l1) coefficients, C(0) to
c(n).
2. Calculate the squares (or absolute values) of these coef-
ficients, A, to A .
3. For each coefficient position i, form the running sum m(i) of
the L coefficients surrounding and including Ay, where L is the
small filter length:

(L-1)/2

m(i) = p N A, .
j=—(z-1)/2 *"

The values of m(i) represent the coefficient energy which would
be covered by a small filter centred on position i.

4. For each small filter desired:
| This is the replacement sheet
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a mf nReplagddi s is true a divergence flag DL is set to '1'. After
coef f ion it is tested, if the sumS of all coefficients is
| ess central coefficient CeC. If this is true, DI is set to

1", too. In case of LMS2 cal cul ati on advantageously the adaptation val ue
[err] is nodified according to Fig. 10.Né§e new coeffi- cients for the
smal |l filters are calculated with the L al gorithmand tested for

di ver genck: 1 Thind tehe i mapcbmiim (Rl quie - iSed acte & &M@y fidtersat fbds po-
However, &itidy.not be necessary to test the sumof the coefficients. In
case of d4y§r§§%wfhe L values of m(i) surrounding and including this po-

sition to zero.

The result of this algorithm is to select a set of non-overlap-
ping small filters which try to match the important parts of the
large filter as closely as possible. However, under special con-~
ditions the positioner may not work correctly. Therefore, in a
second embodiment of the positibner step 3 above can be modified
to assign a higher weight to the central coefficient in the sli-
ding window of L coefficients. The formula for m(i) then beco-
mes: ' ' ' -
(L-1)/2

m(i) = GA, + X A.,. .
1 j=—(L-1)/2 (3 not o) *7I

The value of o must be chosen as a compromise between making the
improvement work and not assigning too much importance to indi-

vidual coefficients. For example, with small filters of length L
= 5 a good value has been found to be ¢ = 1.3 . |

Fig. 12 to 14 depict the operation of the second embodiment of
the positioner. Index i runs from 0 to n and L = 5. A number of
k+1 small filters is used.

Fig. 12A corresponds to steps 1 and 2, e.q. A, = C(2)*C(2).
Fig. 12B corresponds to step 3, e.g. m, = OA, +(A0 +A, +A, +A4).

Fig. 13 corresponds to step 4. From the running sum m(i) the ma-
ximum MAX = m(n,) is detected in Fig. 13A. Position n, is the
centre of a first small filter. If this maximum is not zero, the
running sums m(i), i =,n0-(L-1)/2 to n0+(L-1)/2' are set (134)
to zero. If the maximum m(no) of the sums at position n, is
zero, a fallback 131 is switched on (132, 133), in which. a small
filter position n, adjacent to the last significant filter
position is selected by adding L to position n,.

After zero setting of the L running sums the steps of Fig. 13A
are repeated for receiving a further maximum.

This is the replacement sheet

0.9 APR 1997

Date:



9 tik8h s a W ndow corresponding to a small filter (e.g. 16
taps S|t|ons of the delay line. For each actual position AP
the LMS1 cal cul ated coefficients corresponding to all snal
f||ter coeff|C|ent posi tions are sunmed. &Eese 1296 suns are stored
together with their position AP in a RANF ich is called S/P store.

Ther eaf t eFighel8Bnshows t tiae Y espech iva rstepsm ican gt tingldhee dsisty sxaddr

wherein tpg)€oF" 8eReRdi pdsition n, .

the | ast coefflf ystored are used for re-initiation. According to Fig.

In Fig. 14 the small filter centre positions Ngr Nyp eeep N of
(k+1) small filters are resorted in a sorter 141 into ascending
order of the positions njo, njl, X for small filters num-~
ber 'o', *1', ..., 'k'.

From the centre position njo for small filter '0' the value L/2

(integer) is subtracted in a first subtractor 142, resulting in

delay time a for the first of the variable delays mentioned

e ey nj

above.
From centre position njl for small filter '1' the value L and
the first centre position n., are subtracted in a second sub-

tractor 143, resulting in dggay time B for the second of the va-
-riable delays mentioned above.

This procedure is continued respectively. From the last centre
position njk for small filter 'k' the value L and the centre po-
sition nj(k -1) are subtracted in a last subtractor 144, resul-
ting in delay tlme A for the last of the variable delays mentlo-

ned above.

E.g. five error classes for error E can be used accordihg to
Fig..10. A counter C1 ... C5 is assigned to each error class. If
an error according to a specific error class occurs the re-
spective counter 'is incremented and the counters of the other
classes are set to zero. If the counter of the specific error
class is greater than a preselected constant CON1 ... CON5, the
value for p is adapted according to'Fig. 10 and all counters are
set to zero. The constants may have the following values:

CON1 = 2000, CON2 = 1000, CON3 = 500, CON4 = 100, CON5 = 50.

Due to the adaptation of i the inventive method can work with
improved speed and stability compared to known methods.

Programming was done in C language. The figures can be changed
accordingly in case of other TV systems or of other reception

conditions.
Advantageously an inventive equalizer with a long time constant
and an inventive ghost canceller with a reduced time constant’
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AP of BESheethasBeenReplaceq, o) |y the AP of the highest five suns indicates
t he posi H ﬂ in TV reference signal and the subsequent ghosts.

But it h that the coefficient areas of the five small filters
shoul d not overlap. Therefore the coefficient position ranges of the small
filters are conpared. If e.g. the differigce between the first AP and the
second AP in the ordered list in the S/P"Store is smaller than the SFS, 1.

e. 16, theanthe gonhectedeinoderihes shallave |a dfastowraspanse fathinewiaee t he
| Eecond APgRBStST Snd@ UED | Bal@N2h x4t Jeqile] S2 85 dr) ddie YR i Ut drd idnaed
y
or ghosts.

The invention can also be used for audio or data transmission
having included a (digital) reference signal, e.g. DAB (digital
.audio broadcasting) and DTB (digital video broadcasting).
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rearranglng of the stored AP's) and the third AP is M@gﬁﬂﬁHbéBéaﬁR

the S/P data within the S/P store is reached w t hout:

correct SF positions, the SF positions already set ca MB’IE‘HF“H“
remai ni ng positions (next to set with greatest coeff.) ents
for the small filters may then be takenlBrom the correspondi ng nei ghbouring

coefficigpts of gggrggf%éjgﬁgnts Cl fromthe filter LMS1l. The positioner
can be described as 7o

AC all counters

AP actual position

ARG argument

C counter

CcaC calculated coefficient
CeC central coefficient
CF centred filter '
CON constant

DI divergence

E = error

El error 1

E2 ‘error 2

Y yes

LF long filter

LFS 1long filter size

MC main coefficient

MF main filter

N no

P position

PI position information
RLF reduced 1ong'filter
ROC rest of counters

S - -sum

SF short filter -

SFS _shdrt filter size

SP selected position
S/P sum/position

Th$istheremacmnentsheet

6 2 APR 1997

Date:



1. Begin with a large filter of (n+l) coefficients, ,@)Shg&@g%en eplaced
Cal cul ate the squares (or absol ute val ues) of these coe to An.
3. For each coefficient position i, formthe running suﬂum”m ”Iﬂf
coefficients surroundi ng and |nclud|ng A, where L ist
| ength: [err] 14

Claims

1. Method for ghost cancelling and/or equalizing, wherein the
coefficients (Cl) of a digital filter are in principle con-
tinuously adapted to minimize the error (g, El) between the
filter output signal (y). of a distorted reference signal
and an ideal reference signal (12, 22) which is stored or
which can be decoded correctly after reception, characteri-
zed in that said digital filter is a first IMS filter or
filter function (LMS1) with a high tap number and that the
coefficients (Cl) of this filter or filter function are
used by comparing stepwise values derived from such coef-

' ficients of said first LMS filter which reﬁrésent the tap
positions of a small filter with a reduced number of coef-
‘ficients to detect depending on the level of said values
the position (PI) of one or more variable delays which con-
nect in series two or more of said small filters or filter
functions ' _ '
and that said connectign of small filters and delays forms
a second LMS filter (IMS2), of which the coefficients (C2)
corresponding to said small filters are adapted and used in
a main filter (MF), ' '

.wherein the positions and the delay times of said delays
remain fixed during the calculation of the coefficients
(C2) of said small filters and wherein the signal to be
ghost cancelled and/or equalized passes said main filter -
(MF) at those ﬁimes where said reference signal is not pre-

sent.

2. Method according to claim 1, characterized in that the ad-
aptation constant pu for the LMS calculation in said first
IMS filter (IMS1l) and/or in said second LMS filter (LMS2)
is adapted according to a statistic of said errors (El, E2)
stored in memory means and updated during each LMS calcula-
tion.

"3. Method according to claim 1 or 2, characterized in that
each of said values is a sum of the squares or absolute va-

‘lues of said corresponding filter coefficients.
/ .
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by a small filter centred on position i. 4. For each smﬁ@SW&ﬂ d
4.1 Find the maxi mumof m(i). Select a small filter at th| 2
~Set the L values of n(i) surrounding and including this p

The result of this algorithmis to seleciga set of non- over applng smal |
filters which try to match the inportant parts

The val ues of m(i) represent the coefficient energy whi ch woul d be Civﬁfgé%

4. Method according to claim 3, characterized in that before
summing up said values to form each of said sums a higher
weight is assigned to the central position value involved.

5. Apparatus for a method according to any of claims 1 to 4,
comprising:
a main filter (MF) which works on a distorted signal with
exception of a reference signal contained within said di-
storted signal; '
looped delay means (24) which store said reference signal;
a controller circuit (25) which controls said main filter
(MF) and said delay means (24); ' T '
a central processor (CP), which exchanges with said con-
troller circuit control data and which reads from said de-
lay means (24) said reference signal and from a further in-
put (22) said ideal reference signal and which calculates
said LMS algorithms and adjusts said variable delays within
said main filter (MF) and stores said coefficients (C2) for
said small filters in said main filter (MF) .

6. Apparatus according to claim 5, characterized in that said
. central processor (CP) exchanges data with a u—-adaptation
circuit (pFA) and adapts the value for said adaptation con-
stant p according to a statistic of.said errors (El, E2)°
stored and updated in said u-adaptation'circuit.
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of the large filter as closely as possible. However, under speci al
conditions the positioner may not work correctly. Therefore, in a second
enbodi ment of the positioner step 3 above can be nodified to assign a

hi gher weight to the central coefficient in the sliding wi ndow of L
coefficients. The fornmula for n(l) thqubecones: [err] The val ue of a nust
be chosen as a conprom se between naki ng the i nprovenent work and not
assigning too ABSTRACT

METHOD AND APPARATUS FOR GHOST CANCELLING AND/OR EQUALISING

The present invention relates to a method and to an apparatus
for ghost cancelling and/or equalizing. '

In "A tutorial on ghost cancelling", W. Ciciora et al, IEEE
Transactions on Consumer Electronics, Vol. 25, pages 9 -~ 44, 25.
Feb 1979, the principle of ghost cancelling is described. a
received test signal is compared with an ideal version of this
test Signal. The coefficients of a correction filter applied to
the received test signal are adjusted in such a way that the
filter output signai matches as much as possible to the ideal
test signal. But the filter length is limited and in a lot of
cases no sufficient ghost cancellation is possible.

According to the invention a first long IMS adaptive filter -
(LMS1) which may have more than 1000 taps minimizes the error (g)
between the filtered output signal (y) of the distorted input
signal (x) (a transmitted reference signal) and an ideal refe-
rence signal. A positioner (14) takes coefficients (C1) from the
first IMS filter and determines the most useful subset of small
filters separated by variable delays. The position information
(PI) calculated in the positioner comprises the lengths of these
delays. The subset of filte;s forms together with the wvariable
delays a second LMS adaptive filter (ILMS2) with a tap number
correéponding to the first IMS filter tap number. The coef-
ficients corresponding to the delay .'taps' can be regarded as
set to zero and the locafions of the ‘delay parts of the second
LMS filter remain fixed. The coefficients of the filter parts
(corresponding to the small filters) are modified adaptively un-
til the best match between the filtered received reference
signal and the ideal reference signal is achieved.

The first and second IMS filter need not to work in real time.
After establishing of the filter coeff1c1ent modification of the
subsets these coefficients (C2) are copied to a real time main
filter (MF) working on the whole input signal, e.g. a TV signal,
with exception of said reference signal. The main filter compri-
ses a respective subset of adjustable small filters and a set of
adjustable delays.
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rruch [ rrportance to individual coefficients: For exarrpl e\t‘h~5ﬁ=&l—k—f—u_t_er_a

of length L = 5 a good val ue has been found to be a = 143 ShEé
depi ct t'he operation of the second enbodi ment of the posi cedT
runs fromO to n and L = 5. A nunber of k+1 snall fllters”,H,lﬂm ,

2A corresponds to steps 1 and 2, e.g. A2 = C(2)*C(2).
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-5- .Fi g. 128 corresponds to step 3. e.g. nferr] = 0A2 +(Ao+Al+A3+A4).
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Fig. 13 corresponds to stop 4. Fromthe running summn(i) the
m(no) is detected in Fig. 13A. Position no is the centhieSiet fad hdsiin Sl |
filter. If this maximumis not zero, the running sums #dT o
no.[err] are set (134) to zero. If the maxi mum n(no) of

position no is zero, a fallback 131 is switched on (132. h a
small filter position nl adjacent to the last significant filter position

is selected by adding L to position no. 3After zero setting of the L running
suns the steps of Fig. 1 3A are repeated for receiving a further nmaxi mum
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Fig.‘ 138 shows the respective steps for getting the |ag f||ter
centre position nk. In Fig. 14 the small filter centre ﬁ?, E epigbed T

.,. hk of (k+1) small filters are resorted in a sorter d| ng
order of the positions nio, ni, ..., nik for small f||t ;
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centre position njo are subtracted in a second subtract

‘delay tinme B for the second of the variabl e del ays mant h| S
procedure is continued respectively. Fromthe |ast cent k for
small filter "K' the value L and the centre posi-tion n[err]) are subtracted

in a last subtractor 144, resulting in delay tinme [err] for the last of the
vari abl e del ays nmen- tioned above. g -

From centre position ni for small filter '1' the val uﬁ:slsr,aé}
ﬁ Z '?‘?‘FSTln

LMS2

u adaptation (Fig. 10)
calculate new coeff.
divergence detection

re-init

FROM SP TO SP + SFS

FOR all SP

error statistics
status of test pixel
status
Fig. 8

Dl =0

7

calculation of filter output
error calculation with a desired response
‘Dl =0

< Min

> CaCmax
S < 1/2 CeC

aC
keep sum S of coeff.

DI = 1
Dl = 1

FOR all coeff. of a CF

-
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|nvent|ve nmet hod can work with inproved speed and stabili ty conpare
known met hods. Programming was done in C |anguage. The f i tmeeQﬁRep,acedT
changed accordingly in case of other TV systens or of othe

condi tions. Advantageously an inventive equalizer with a I
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for~ static distortions or ghosts. The invention can al ﬁigspgetwge for audio
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METHOD AND APPARATUS FOR(I-DSTCEMZEL[ING'
- AND/OR BQUALTZING .
Description

The present invention relates to a method and to an apparatus for ghost cancelling and/or equalizing.

Background

In “A tutorial on ghost cancelling®, W. Ciciora et al, IEEE Transactions on Cansumer Electronics, Vol. 25, pages 9
- 44, 25. Feb 1979, the principle of ghost cancelling is described. A received test signal is compared with an ideal
version of this test signal. The coefficients of a correction filter applied to the received test signal are adjusted in such
a way that the filter output signal matches as much as possible to the ideal test signal. But the filter length is limited
and in a lot of cases no sufficient ghost cancellation is possible.
in "Adaptive Noise Cancelling: Principles and Applications®, B. Widrow et al, Proceedings of the IEEE, pages 1692 -
1718, Vol. 63, No. 12, Dec. 1975, an LMS (least-mean-square) adaptive filter for noise cancelling is |nlroduced wherein
a new filter coefficient wy;, ) is calculated according to the formula

Wigen) SW +2 7 L > g * X,

where w; is the respective existing coefficient, i is a fixed adaptation constant, gjis the difference between the respective
filter output y; and the corresponding value of the ideal reference signal and x; is the respactive value from the filter
input signal.

Other examples of prior art are the European patent application EP-A-O 421 526 and the article "A CMOS Sub-
scriber Line Audio Processing Circuit including Adaptive Balance®, author S.J.Poole et al, in Proceedings of the 1988
|EEE Intemational Symposium on Circuits and Systems, Espoo, Finland, June 7-9, 1988.

Invention

It is one object of the invention to disclose a method for ghost cancelling and/or equalizing, where also more
complex distortions and ghost signals, respectively, can be handled and where the speed and stability of adaptation
is improved. This object is reached by the inventive method disclosed in claim 1.

It is a further object of the invention to disclose an apparatus which utilizes the inventive method. This object is
reached by the inventive apparatus disclosed in claim 5.

' A first long LMS adaptive filter which may have more than 1000 taps minimizes the error € between the filtered
output signal y of the distorted input signal x (a transmitted reference signal) and an ideal reference signal. Normalily
this ideal reference signal is stored within the ghost canceller/equalizer and corresponds to the reference signal which
is transmitted e.g. in a specific TV line. A positioner takes coefficients from the first LMS filter and determines the most
useful subset of (say 5) small filters (say 16 taps each) separated by variable delays. The position information calculated
in the positioner comprises the lengths of these delays.

The subset of filters forms together with the variable delays a second LMS adaptive filter with a tap number corre-
sponding to the first LMS filter tap number. The coefficients corresponding to the delay taps' can be regarded as set
‘10 zero and the locations of the delay parts of the second LMS filter remain fixed. The coefficients of the filter parts
{corresponding to the small filters) are modified adaptively until the best match between the filtered received reference
signal and the ideal reference s;gnal is achieved. This process will recommence if the ghost or the raceived channel
changes.’

The first and second LMS filter need not work in real time. After astablishing of the filter coefficient modification of the
subsets thesa coefficients are copied to a real time main fi iter working on the whole input sngnal (e.g. a TV signal) with
exception of said reference signal.

The main filter comprises a respective subset of ad;ustable small filters and a set of adjustable delays.

In the following a modified equation

Wigey =Wy "B ¥ & * Xy

is used, where [ includes a factor of (-2). The ‘minus' sign depends on how the error is daefined.

In principle the inventive methad consists in ghost cancslling and/or equalizing, whersin the coefficients of a digital
filter are in principle continuously adapted to minimize the error between the filter output signal of a distorted reference
signal and an ideal reference signal which is stored or which can be decodad correctly after reception,
and wherein said digital filter is a first LMS filter or filter function with a high-tap number and the coefficients of this filter
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or filter function are used by comparing stepwise values derived from such coefficients of said first LMS filter which
represant'ﬁ'ua tap positions of a small filter with a reduced number of coefficients to detect depending on the level of
said values the position of one or mare variable delays which connact in series two or more of said small filters or filter
functions and wherein said connection of small filters and delays forms a second LMS filter, of which the coafficients
corresponding to said small filters are adapted and used in a main filter, -
wherein the positions and the delay times of said delays remain fixed during the calculation of the coefficients of said
small filters and wherein the signal to be ghost cancelled and/or equalized passes sald main filter at those times where
said reference signal is not present.
Advantageously the adaptation constant p for the LMS calculation in said first LMS filter and/or in said second LMS
filter is adapted according to a statistic of said errors stored in memory means and updated during each LMS calcutation.

Advantageous additional embodiments of the inventive method are resuiting from the respective dependent claims.

In principle the inventive apparatus comprises: a main filter which works on a distorted signal with exception of a
refarence signal contained within said distorted signal: looped delay means which store said reference signal; a con-
troller circuit which controls said main fifter and said delay means; a central processcr, which exchanges with said
controller circuit control data and which reads from said delay means said reference signal and from a further input
said ideal reference signal and which calculates said LMS algorithms and adjusts said variable delays within said main
filter and stores said coefficients for said small filters in said main filter.

Advantageously said central processor exchanges data with a -adaptation circuit and adapts the value for said
adaptation constant p according to a statistic of said errors stored and updated in said p-adaptation circuit.

Advantageous additional embodiments of the inventive apparatus are resulting from the respective dependent

. claim.
Drawings
Preferred embodiments of the invention will now be described with reference to the accompanying drawings, in
which:
' Fig. 1 shows in principle the function of the inventive apparatus;
Fig. 2 shows a block diagram of the inventive apparatus:
Fig. 3 depicts an adaptive linear combiner in the form of a single-input transversal filter;
Fig. 4 shows a single-input transversal filter in the form of a tapped delay line;

Fig. 5 depicts a flow chart diagram of the main algorithm;
Fig. 6 shows a flow chart diagram of the output signal calculation;
Fig. 7 explains the principle of a closed loop filter for the cutput signal calculation;
Fig. 8 shows a flow chart diagram for the calculation of new coefficients;
Fig. 9 shows a flow chart diagram for the positioner;
-Fig. 10 shows a flow chart diagram for p-adaptation;
Fig. 11 depicts the creation of a ghost signal;
Fig. 12  demonstrates the calculation of values m(i);
‘Fig. 13 shows the selection of (k+1) small filter positions;
Fig. 14  shows resorting of small filter positions and calculating of delay values.

- Preferred embodiments

In Fig. 11a an original signal of a TV line is depicted. A ghost signal with a delay of t=2 and an amplitude of 50%

is shown in Fig. 11b. Fig. 11¢ shows the combined baseband signal raceived with a TV set.
The first adaptive LMS filter LMS1 in Fig. 1 may have 1296 taps and receives a distorted input signal x at first input
11. By suitable processing a TV line with a reference signal, e.g. line 312 of an even frame and/or line 312 of an odd
frame of an HOMAC signal, is extracted from the whole TV signal and fed to input 11. A first subtractor 15 calculates
. the error E1 () between the filtered output signal y of the distorted input signal x {a transmitted reference signal) and
an ideal reference signal fed to second input 12, Normally this ideal reference signal is stored within a ghost canceller/
_equalizer and corresponds to the transmitted reference signal. Fitter LMS1 calculates its coefficients according to the
known LMS algorithm mentioned above. After a certain number of iterations the coefficients are loaded to a positioner
14. This positioner works according to the flow chart of Fig. 9 and dstermines the most useful subset of e.g. 5 small
filters with e.g. 16 taps each, which can be thought as separated by variable delays having a maximum delay time of
.1296-5+16 = 1216 clocks. The position information Pl calculated in the positioner comprises the lengths and positions
of these delays within a second adaptive LMS filter LMS2 with corresponding 1296 taps. Between each two delay parts

16 taps of a small filter are located.
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The locations of the delay parts remain fixed. A second subtractor 16 calculates the error E2 (g) between thae filtered
outpul sitjnal y of the distorted input signal x and the ideal reference signal fed to second input 12. The coeflicients of
the filter parts (corresponding to the small filters) are modified adaptively with the known LMS algorithm until the best
match, i.e. a minimum value of E2, between the filtered received reference signal and the ideal reference signal is-
achieved. Advantageously the first and second LMS filter do not need to work in real time. After establishing of the
filter coefficient modification of the subsets these coefficients are copied to a real time main filter working on the whole
input signal (e.g. a TV signal) with exception of said reference signal.

The main filter comprises a respective subset of adjustable small filters and a set of adjustable delays. The delays can
be regarded as controlled by filter LMS1 and the smali filters as controlled by filter LMS2.

In Fig. 2 a hardware block diagram for one possible embodiment of the inventive apparatus is depicted. A digital
TV signal which may have been A/D converted is fed via input 21 to a 1296 tap transversal FIR filter MF, which corra-
sponds to main filter MF in Fig. 1, and to a looped delay line 24 which can store 1296 samples of a received reference
signal. At the output 23 of filter MF the corrected TV signal is available.

The content of defay fine 24 is loaded (a sample at a time) to a central processor CP which gets aiso from input 22
respective samples of an ideal reference signal stored in a FOM or which has been decoded correctly from a received
reference signal. CP represents the filters LMS1 and LMS2, the positioner 14 and the two subtractors 15 and 16 from
Fig. 1. In CP the algorithms according to Fig. 5 - 10 are carried out. The central processor also exchanges data with
a p-adaptation circuit p-A and with a controller circuit 25.

The p-adaptation circuit may contain a RAM and e.g. five counters in which E1 and E2, respectively, error values are
accumulated and stored. Controller circuit 25 clocks the main filter and the delay line 24 and selects the special TV
line(s) with a reference signal to be stored in delay line 24, while alt other TV lines pass through the main filter.

The central processor loads the coefficients of the e.g. five small filters and the lengths of the adjustable delays to the
main filter MF. :

If the coefficient calculation needs more than one frame period, the valid coefficients can remain fixed for several frame
periods. :

Fig. 3 shows a linear combiner with an inputsignal x, and with one-clock delays z°! which deliver respective delayed
input signals x,. 10 X.,. Signals x to .., are multiplied with respective coefficients wygy to w,, and summed up to form
the corrected output signal y,.

Fig. 4 is similar to Fig. 3 and shows how the main filter MF can be constructed. The coefficients wy, to wy corre-
spond to a first small filter and the coefficients Wy, oy 10 Wiz COrrespond to a second small filter. Block z** is a variable
delay with n clocks delay time,

in Fig. 5 ‘frame loop' and 'line loop’ can be regarded as respective counters located in controller circuit 25. After
switching on the TV set or after choosing ancther channel the Y-branch of test 'frame = 0' is carried out. Coefficients
stored in memory suited to usual or good recaption of each received channsi could aiso be used first.

In case of LMS1 calculation new coefficients are caiculated according to the flow chart of Fig. 8. In case of divergence
of the coefficient modification the coefficient calculation is reinitiated with another pressiected filter response. This filter
response may be matched to a different reception condition. If the coefficient modification converges and e.g. six
modification loops have been made the resulting coefficients are used for the positioner 14 which works according to
Fig. 9. :

In case of LMS2 calculation the positioner 14 seeks for the location, i.e. the position information P, of the small filters
and of the delays within the 1296 taps. This is done according to Fig. 9. The last coefficients calculated in filter LMS2
are stored for the case of divergence of the LMS algorithm. New coefficients for the small filters are calculated with a
second LMS algorithm in filter LMS2 according to Fig. 8 while the locations of the delay parts remain fixed. In case of
divergence in the coefficient calculation the positioning is re-initiated, whereas in case of convergence the resulting
coefficients are loaded from central processor CP to main filter MF,

The long filter LF of Fig. 7 corresponds to filter LMS1 and the short filter SF corresponds to a range for a smail
filter used in positioner 14. The left short filter CF is centred, i.e. the actual position AP corresponds to the central
coefficient CeC.

The coefficients in the right half of CF are identical to the coefficients stored above in LF. The coefficients for the
left half of CF are taken from the right end of LF (principle of looped delay line). Tha coefficients of the right half of the
right filter SF are taken accordingly from the left end of LF.

Fig. 6 explains how the fiiter output is received, especially at the beginning and at the end of filter LMS1. If the
argument ARG, i.e. the sum of the position within the size LFS of long filter LF and of the index of the actual coefficient,
is less than zero, LFS is added to ARG. If ARG is greater than LFS, LFS is subtracted from ARG. The actual position
AP has index 0 and corresponds to the central coefficient CeC of the small filter. The filter output y is calculated by
summing up the respective X input values at position ARG which have been multiplied with the coefficient at position

ARG, .

The filter coefficients are calculated with the LMS algorithm according to Fig. 8, starting with a preselected filter
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response. Error e is calculated and an error statistic and/or the status (e.g. coefficients belfore, coefficients after, error,
frame number, desired filter output) of a test pixel can be recorded in a RAM..

In case of LMS1 calculation all coefficients ara tested if they are greater than a maximum coefficient value or less then
a minimum value. If this is true a divergence flag Dl is set to '1°. After coefficient calculation it is tested, if the sum S of
all coelfficients is less then half the central coefficient CeC. if this is true, Dl is set to '1", too.

in case of LMS2 calculation advantageously the adaptation value u is modified according to Fig. 10. The new coeffi-
cients for the smatl filters are calculated with the LMS2 algorithm and tested for divergencs. This testing can be done
like the tesling in case LMS1. However, it may not be necessary totest the sum of the coefficients. In case of divergence
the last coefficients stored are used for re-initiation.

According to Fig. 9 the positioner shifts a window corresponding to a small filter (e.g. 16 taps) along the positions
of the delay line. For each actual position AP the squares of the LMS1 calculated coefficients corresponding to all small
filter coefficient positions are summed. These 1296 sums are stored together with their position AP in a RAM which is
called S/P store. Thereafter the sums in the S/P store are rearranged in decreasing order wherein the corresponding
AP of each sum is kept. Normally the AP of the highest five sums indicates the positions of the main TV reference
signal and the subsequent ghosts. But it has been found that the coefficient areas of the five small filters should not
overlap. Therefore the coefficient position ranges of the small filters are compared. If .g. the difference between the
first AP and the second AP in the ordered list in the S/P store is smallerthan the SFS, i.e. 16, than the both corresponding
small filters overlap. In this case the second AP and its sum is ignored (e.g. deleted in the S/P store, followed by
rearranging of the stored AP's) and the third AP is taken.
if the end of the S/P data within the S/P store is reached without having found five correct SF positions, the SF positions
already set can be held and the remaining positions (next to set with greatest coeff.). The coefficients for the small
filters may then be taken from the corresponding neighbouring coefficients of the coefficients C1 from the filter LMS1.

The positioner can be described as follows:

1. Begin with a large filter of {n+1) coefficients, C(0) to C(n).

2. Calculate the squares (or absolute values) of these coefficients, Ag to A,

3, For each coefficient position i, form the running sum m(i) of the L coefficients surrounding and including A,
where L is the small filter length:

pr2
m(i) = ) A.. .. .
| j==(L-2)72 *7I

The values of m(i) represent the coefficient energy which would be covered by a small fiiter centred on posmon i
4. For each small filter desired:

4.1 Find the maximum of m(i). Select a small filter at this position.
4.2 Set the L values of m(i) surrounding and including this position to zero.

The result of this algorithm is to select a set of non-overlapping small filters which try to match the important parts
©of the large filter as closely as possible, However under special conditions the positioner may not work correctly.
‘Therefore, in a second embodiment of the positioner step 3 above can be modified to assign a higher weight to the
central coefficient in the siiding window of L coefficients. The formula for m(i) then becomes:

(L-1) /2
m(i) = cAi + x A. .

=-(L-1)/2 (j not 0) **3

The value of o must be chosen as a compromise between making the improvement work and not assigning too
much importance to individual cosfficients. For exampile, with small filters of length L = 5 a good value has been found
fobec=13.

Fig. 12 to 14 depict the operation of the second embodiment of the posntaoner index iruns fromQtonandL =5.
A number of k+1 small filters is used.

Fig. 12A corresponds to steps 1 and 2, a.g. Ay = C(2)*C(2).
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6 C a‘i ms 1. Method for ghost cancelling and/or equalizing, wherein the
coefficients (Cl) of a digital filler are in princi UB:SCQHEF]{H g
E@% (y)

adapted to mnimze the error (e, El) between the fjlter %&R

of a distorted reference signal and an g deal reference Dl

which is stored or which can be decoded correctly after receptlon, char ac-
Fig. 12B corresponds to step 3, 8.g. My = Ay +(Ag +A; +Aq +A,).

Fig. '3 corresponds to step 4. From the running sum m(i) the maximum MAX = m{ng) is detected in Fig. 13A.
Pasition ny is the centre of a first small filter. If this maximum is not zero, the running sums m(i), i = Ng.q.1y2 10 Ng.(L-1)2:
are set (134) to zera. If the maximum m({n,) of the sums at position ny is zero, a taltback 131 is switched on (132, 133),
in which a small filter position n, adjacent to the last significant filter position is selected by adding L to position n,.
After zero setting of the L running sums the steps of Fig. 13A are repeated for receiving a [urther maximum.

Fig. 138 shows the respactive steps (or getting the iast small filter centre position ny.

In Fig. 14 the smalifilter centre positions ng, n,y, ..., ny of (k+1) small filters are resorted in a sorter 141 into ascending
order of the positions njg, Ny, ..., Ny for small filters number 'Q", *1', ..., *k'.

From the centre position ny, for small filter ‘0° the value L/2 (lnteger) is subtracted in a first subtractor 142 resulting in
delay lime « for the first of the variable delays mentioned above.

From centre pasition ny, for smail filter *1° the value L and the first centre position ny are subtracted in a second subtractor

143, resulting in delay time f for the second of the variable delays mentioned above.

This procedure is continued respectively. From the last centre position ny for small filter 'k’ the value L and the centre

position ny.;y are subtracted in a last subtractor 144, resulting in delay time A for the last of the variable delays men-

tioned above.

E.g. five arror classes for error E can be used accordlng to Fig. 10. A counter C1 ... C5 is assigned to each error
class. If an error according to a specific error class occurs the respective counter is incramented and the counters of
the other classes are set to zero. If the counter of the specific error class is greater than a presefected constant CONT1 ...
CONS, the value for |1 is adapted according to Fig. 10 and all counters are set to zero. The constants may have the
following values: CON1 = 2000, CON2 = 1000, CON3 = 500, CON4 = 100, CONS5 = 50. Due to the adaptation of i the
inventive method can work with improved speed and stability compared to known methods.

Programming was done in C language. The figures can be changed accordingly in case of other TV systems or
of other reception conditions.

Advantageously an inventive equalizer with a long time constant and an inventive ghost canceller with a reduced
time constant can be connected in series to have a fast response for moving ghosts and to have an exact equalization
for static distortions or ghosts.

The invention can also be used for audio or data transmission having inciuded a (digital) reference signal, e.g.
DAB (digital audio broadcasting) and DTB (digital video broadcasting).

List of abbreviations

AC all counters

AP actual position

ARG argument

] counter

CaC calculated coefficient
CeC central coefficient
CF centred filter

‘CON constant .
Dl divergence

€ error

Et1 error 1

E2 error2

y yes

LF  long filter

LFS long filter size

MC main coefficient
MF  main filter

N no

P position

P!  position information
RLF reduced fong filter
ROC rest of counters

S sum

SF  short filter

SFS short filter size
SP selacted position
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Clalms

1.

Mathod for ghost cancelling and/or equalizing, wherein the coefficients (C1) of a digital filter are in principle con-
tinuously adapted to minimize the error (e, E1) between the filter output signal (y) of a distorted refarence signal
and an ideal referenca signal (12, 22) which is stored or which can be decaded correctly after reception, charac-
terized in that said digital lilter is a first LMS fiiter or filter function (LMS1) with a high tap number and that the
coefficients (C1) of this filter or filter function are used by comparing stepwise values derived from such coefficients
of said first LMS filter which reprasent the tap positions of a small filter with a reduced number of coefficients to
detect depending on the level of said values the position (PI) of one or more variable delays which connect in
series two or mare of said small filters or filter functions

and that said connection of small filters and delays forms a second LMS filter (LMS2), of which the coefficients
(C2) corresponding to said small filters are adapted and used in 2 main filter {MF),

wherein the positions and the delay times of said delays remain fixed during the calculation of the coefficients
(C2) of said small filters and wherain the signal to be ghost cancelled and/or equalized passes said main filter
(MF) at those times where said refersnce signal is not present, '

Method according to claim 1, characterized in that the adaptation constant i for the LMS calculation in said first
LMS filter (LMS1) and/or in said second LMS filter (LMS2) is adapted according ta a statistic of said errors (E1,
E2) stored in memory means and updated during each LMS calculation.

Method according to claim 1 or 2, characterized in that each of said values is a sum of the squares or absolute '
values of said corresponding filter coefficients.

Method according to claim 3, characterized in that befors summing up said values to form each of said sums a
higher weight is assigned to the central position value involved.

Apparatus for a method according to any of claims 1 to 4, comprising:

a main filter (MF) which works on a distorted s:gnal with exceptlon of a raference signal contained within said
distorted signal;

looped delay means (24) which store said reference signal;

a controller circuit (25) which controls said main filter (MF) and said delay means (24);

a central pracessor (CP), which exchanges with said controller circuit control data and which reads from said
delay means (24) said reference signal and from a further input (22) said ideal reference signal and which
calculates said LMS algorithms and adjusts said variable delays within said main filter (MF) and stores said
coefficients (C2) for said small filters in said mam filtar (MF).

‘Apparatus according to claim 5, characterized In that said central pracessor (CP) exchanges data with a p-ad-
aptation circuit {1-A) and adapts the value for said adaptation constant i according to a statistic of said errors (E1,
E2) stored and updated in said p-adaptation circuit.
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and 't hat. said connection of small filters and del ays fornms ‘a second LMS
filter (LM52). of which the coefficients (C2) corresponding to said smal
filters are adapted and used in a nmain filter (MF). wherein the positions
and the delay tines of said delays remain fixed during the cal cul ati on of
the coefficients (C2) of said small filters and wherein the signal to be
ghost cancel |l ed and/ or equali zed passéslsaid main filter (MF) at those
times where said reference signal is not present.
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2. Method according to claim1, characterized in that the adaptation
constant [err] for the LMS calculation in said first LMsS filter (LM 1)
and/or in said second LMs filter (LMS2) is adapted according to a statistic
of said errors (E1, E2) stored in nenory neans and updated during each LM5
cal culation. 3. Method according to claim1 or 2. characterized in that
each of said values is a sumof the squares or absolute val ues of said

correspondi ngiilter coefficients. -2 -
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position value involved. 5. Apparatus for a method according to any
contained within said distorted

characterized in that before summ ng up
3

conprising: a main filter (MF) which works on a distorted

said values to formeach of said suns a hi gher weight
wi th exception of a reference signa

4. Method according to claim 3,
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of clains 1 to 4.
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| ooped del ay neans (24) which store said reference. signal: a controller
circuit (25) which controls said main filter (MF) and said del ay neans
(24); a central processor (CP), which exchanges with said controller
circuit control data and which reads fromsaid delay neans (24) said
reference signal and froma further input (22) said ideal reference signal
and which cal cul ates said LM5 algorithnﬁ and adjusts said variable del ays

within said main filter (MF) and stores said
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coefficients (C2) for said small filters in said main filter (M),
Appar atus according to claim5, characterized in that said central :
processor (CP) exchanges data with a [err]-ad- aptation circuit ([err]-A)
and adapts the value for said adaptation constant [err] according to a
statistic of said errors (E 1. E2) stored and updated in said
[err]-adaptation circuit. -5 -
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summations of the squares of the LMS1-calculated coeff. in a S/P store

keep maximum and position of squares

sorting by sum with decreasing order within S/P store
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Fig. 128 corresponds lo step 3, e.g. m-, = GA, +(A° Ay +A5 +A,).

Fig. 13 corresponds o step 4. From the running sum m{i) the maximum MAX = m(ng) is detected in Fig. 13A.
Pasition ny is the centre of a first small filter. If this maximum is not zero, the running sums m(i), i = Ng.q . 1y2 10 NowL-1yr2:
are set (134) (o zera. If the maximum m{n,) of the sums at pasilion ng is zero, a fallback 131 is switched on (132, 133),
in which a smali filter position n, adjacent to the last significant filter position is selected by adding L to position ng.
After zero setting of the L running sums the steps of Fig. 13A are repeated for receiving a further maximum.

Fig. 138 shows the respective sleps for getting the last small filter centre position ny.

In Fig. 14 the small filter centre positions ng, n;. ..., n, of (k+1) small filters are resorted in a sorter 141 into ascending
order of the positions nyg, Ny, ..., Ny, for small filters number 0,1 Ll K
From the centre position nyq for small filter ‘0" the value /2 (mteger) is subtracted in a first subtractor 142 resulting in
delay time o for the first of the variable delays mentioned above.

From centre position ny; for small filter '1' the value L and the first centre position ny are subtracted in a second subtractor
143, resulting in delay time §§ for the second of the variable delays mentioned abave.

This procedure is continued respectively. Frem the last centre position ny for small filter 'k’ the value L and the centre
position nyy.,y are subtracted in a last subtractor 144, resulting in delay time X for the last of the variable delays men-
tioned above.

E.g. five error classes for error E can be used according to Fig. 10. A counter C1 ... C5 is assigned to each error
class. If an error according to a specific error class occurs the respective counter is incremented and the counters of
the other classes are set to zero, If the counter of the specific error class is greater than a preselected constant CON1 ..
CONS, the vaiue for p is adapted according to Fig. 10 and all counters are set to zero. The constants may have the
following values: CON1 = 2000, CON2 = 1000, CON3 = 500, CON4 = 100, CONS = 50. Due tothe adaptation of i the
inventive methed can work with improved speed and stability compared to known methods.

Programming was done in C language. The figures can be changed accordingly in case of other TV systems or
of other recepticn conditions.

Advantageously an inventive equalizer with a Iong time constant and an inventive ghost canceller wnth a reduced
time constant can be connected in series to have a fast response for moving ghosts and to have an exact equalization
for static distortions or ghosts. .

The inventicn can also be used for audio or data transmission having included a (digital) reference signal, e.g.
D AB (digital aucio broadcasting) and DTB (digital video broadcasting).

L ist of abbreviations

AC all counters

AP  actual position

ARG argument

C counter

CaC calculated coefficient
CeC central coefficient
CF  centred filter

CON constant

Dl divergence

E error

E1 error1 -
E2 error2 ~
Y yes

LF - long filter

LFS fong filter size

MC  main coefficient
MF  main filter

N no

P position

Pl position information
RLF reduced long filter
ROC rest of counters

S sum

SF  short filter

SFS short filter size

SP  selected position

S/P  sum/position
p\acemem sheet
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Claims

6.

Methad for ghost cancelling and/or equalizing, wherein the caelfficients (C1) of a digital filter are in principle con-
tinuously adapted to minimize the error (¢, £1) belween the filter output signal (y) of a distorted reference signal
and an ideal reference signal (12, 22) which is stored or which can be decoded carrectly after reception, charac-
terized in that said digital filter i5 a first LMS filter or filter tunction (LMS1) with a high tap number and that the
coefficients (C1) of this filter or filter function are used by comparing stepwise values derived from such coefficients
of said first LMS filter which represent the tap positions of a small filter with a reduced number of coefficients to
detect depending on the level of said values the position (Pi) of one or more variable delays which ccnnect in
series two or more of said small fikers or filter tunctions :

and that said connection of small filters and delays forms a second LMS filter (LMS2), of which the coefficients
{C2) corresponding to said small filters are adapted and used in a main filter (MF),

wherein the positions and the delay times of said delays remain fixed during the calculation of the coefficients
(C2) of said small filters and wherain the signal to be ghast cancelled and/or equalized passes said main filter
(MF) at those times where said reference signal is not present. -

Method accordihg to claim 1, characterized in that the adaptation constant p for the LMS calculation in said first
LMS filter (LMS1) and/for in said second LMS filter (LMS2) is adapted according to a statistic of said errors (E1,
E2) stered in memory means and upcated during each LMS calculation. '

Methed according to claim 1 or 2, characterized in that each of said values is a sum of the squares or absolute
vaiues cf said correspending fiiter coefficients.

Method according to claim 3, characterized in that before summing up said values to form each of said sums a
higher weight is assigned to the central position value involved. '

Apparatus for a method according to any of claims 1 to 4, comprising:’

a main filter (MF) which werks on a distorted signal with exception of a reference signal contained within said
distorted signal;

looped delay means (24) which store said reference. signal:

a controlier circuit (25) which controls said main filter (MF) and said delay means (24);

a central processor (CP), which exchanges with said controiler circuit control data and which reads from said
delay means (24) said reference signal and from a further input (22) said ideal reference signal and which
calculates said LMS algorithms and adjusts said variable delays within said main filter (MF) and stores said
coefficients (C2) for said small filters in said main filter (MF).

"Apparatus ac:cc:rding~ to claim 5, characterized lh that said central processor (CP) exchanges data with a u—ad-

aptation circuit (u-A) and adapts the value for said adaptation constant u according to a statistic of said errors (E1,
E2) stored and updated in said y-adaptation circuit,
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METHOD AND APPARA%S FOR_GHOST CANCELLIﬁ’& ‘AND/OR EQUALISING
Tne present'invention relates to a method and to an apparatus
for ghost cancelling and/or equalizing. |
In "A tutorial on ghost cancelling", W. Ciciora et al, IEEE
Transactions on Consumer Electronics, Vol. 25, pages 9 - 44, 25.
Feb 1979, the principle of ghost cancelling is described. A
received test signal is compared with an ideal version of this
test signal. The coefficients of a correction filter applied to
the received test signal are adjusted in such a way that the
filter output signai matches as much as possible to the ideal
test signal. But the filter length is limited and in a lot of
cases no sufficient ghost:canceilation is possible. _
According to the invention a first long LMS adaptive filter
(LMS1) which may have more than 1000 taps minimizes the error (g)
between the filtered output signal (y) of the distorted input
signal (x) (a transmitted reference signal) and an ideal refe-
rence signal. A positioner (14) takes coefficients (C1) from the
first IMS filter and determines the most useful subset of small
filters separated by variable delays. The position information
(PI) calculated in the positioner comprises the lengths of these
delays. The subset of filters forms together with the variable
delays a second LMS adaptive filter (LMS2) with a tap number
corrésponding to the first IMS filter tap number. The coef-
ficients corresponding to the delay 'taps' can be regarded as
set to zero and the locations of the delay parts of the second
LMS filter remain fixed. The coefficients of the filter parts
- (corresponding to the small filters)'are modified adaptively un-
til the best match between the filtered received reference

signal and the ideal reference signal is achieved.

The first and second IMS filter need not to work in real time.
After establishing of the filter coefficient modification of the
subsets these coefficients (C2) are copied to a real time main
filter (MF) working on the whole input signal, e.g. a TV signal,
with exception of said reference signal. The main filter compri-
ses a respective subset of adjustable small filters and a set of
adjustable delays.

Fig. 1
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