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ates to digital signal processing and filtering such as

oy

control applications, 5 and nore particularly but not

and filtering such as in industrial control applications,
and more particularly but not exclusivelf to such signal
processing and filtering which significantly reduces the
noise content of analog signal measurements.

Typically an industrial controller measures an input
signal which may, for example, come from a sensor. The
analog signal from the sensor is transformed by a standard

analog to digital converter into a digital signal

representative of the analog signal. It is often common:

for the analog sensor signals coming into the controller to
be very noisy. .Therefore, the digital signals
representative of the sensor signal will reflect this noise
content.

Often standard digital signal processing techniques,
such as a conventional lag filter or moving average filter,
are used within the controller to dampen out the noise
content of the incoming signal.' The problem with using
such standard digital signal processing techniques is that
there must be a compromise between noise damping and signal
response time. In other words, a signal which is heavily
dampened will reject noise very well but will be very slow

to respond to a valid signal change. On the other hand, a

/

excl usively to such signal processing;and filtering which
significantly reduces the noi se content of anal og signal neasurenents.
Typically an industrial controller measures an input si gnal which may,
for exanple, cone fro %ﬁﬁﬂ¥'PR 200 o 1 1i e sensor is
transforned by a stan nal 0g I gital converter Into a digita
~signal representatlve of the analog signal. It is often conmon

for the anal og sensor signals comng into the controller to be very
noisy.  Therefaifis iffentight 2blategnals digitabBpsegaslaproeesksinge
sensor signal will reflect this noise content.



O'ten standard digital signal processing techniques, such as a

cénventional lag filter or noving average filter, are used within the
controller to danpen out the noise 20 content of the incom ng signal.
The problemw th using - such standard digital signal processing

techni ques is that t here nust be a conprom se between noi se danpi ng
and si gnal response tinme. In other waxds, a signal which is heavily
danpened will reject noise very well but will be very slow 25 to resEond
to a valid siyhghttpadgepedCaighalovhdi huagk ¥alid signal changes wel '
2 lightly danped signal will track valid signal changes well but
will also trabktnotidel nateot kxack Healseym@xfpcHaan 2 haggrsy JAUPRRGE
poor noise rejection properties. ) Alag filter used in a discrete
time frame suéhgnal sndf BaNe PACK BP6FR0EEIESTE1HEs BICRERLrEF ers with
control cycles can have a form sych

as_, .
A lag filter used 1n a discrete time frame such as
5 found in microprocessor based controllers with control

cycles can have a form such as

w(n) -lag(n-1)

lag (n) = lag(n-1) + damping weight

(1)

where w(n) is the current value of the sensor signal, lag(n-

10 1) is the value of the lag filter from the previous control
cycle, lag(n) is the value of the lag filter in the current
control cycle and the damping weight determines the filter
response. Notice ﬁhat the script "n" refers to a discrete
time interval such as a control cycle whére w(n) is a

15 sampled measurement of the incoming analog sensor signal
w(t) performed by the standard analog to digital converter.

The way the lag filter works is that it compares the
difference between the new sensor value and the previous iag
filter value. The current lag filter value becomes the

20 previous lag filter value plus a fraction of this difference
which is dictated by the value of the damping weight.
Sometimes the lag filter is defined in terms of discrete

intervals of time as in the following equation



llag(n) =lag(n-1)+ w(n) -lag(n-1) danpi ng
wei ght §1) where w(n) is the current val ue of the sensor signal,
lag(n- 10 1) is the value of the lag filter fromthe previous control
cycle, lag(n) is the value of the lag filter in the current control
~cycle and the danping weight determnes the filter response. Notice
that the script "n" refers to a discrete 3 time interval such as a
confrol cycle where w(n) is a 15 sanpled neasurenent of the incom ng
anal og sensor signal w(t) perforned b tQﬂﬂf( log to digital
converter. The lagym relaggnfi) t Ht&ﬂﬁgic*gjédgrﬁﬁﬁ cgnparég t he
di fference between the new sensor value and the previous |ag filter
value. The current lag filter value becones the 20 previous lag filter
value plus a fraction of this difference which is dictated by the

val ue of the danpin
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the time constant associated with the damping weight of the

filter. For example, the output response of this filter
5 will reach 63.2% of the input step value in the amount of
time defined by the time constant.

In contrast to the lag filter, a moving average filter
consists of a number of previously stored measurement values
as well as the current measurement value. The output of -the

10 moving averaée filter is simply the average of the
predetermined number of stored measurements. A moving

average takes the form of

wi{n) +w(n-1) +w{n-2) ...
number of stored values

MA (n) = (3)

where MA(n) is the current output of the moving average
15 filter and w(n), w(n-1), and so on are the past values of
the sensor signai.

As a larger number of values are stored, an average
over a larger number of samples is performed which in turn
produces more noise rejection properties. However, if the

20 signal has a valid change, the output of the moving average
will be slow to respond to it. One way to think of it is
that the more stored values that are in a moving average,

the more stored values that will have to change given a



3 | ag(n) =lag(n-1) + dt [w(n) -lag(n-1) ] (2)
TE+ dt > Merlhxsdheeﬂ!sasBmRelmsed period of the control | G¥its sHEEYIHAS BERN

the tine constant t he danpi ng wei ght of fhe REPLACEI’QGF
For exanpl e, theo ﬁkwof this filter 5 wll reach 63 2% of—
I nput step value in tind defined by the tine constant.
In contrast to the lag filter, a noving average filter consists of a

nunber of previ ouslé/rh%go%?exg%%rlea?syqenfntﬁpu%es Like t33 \&%J E. S.I.téél'e HlyuLent
0 i'S

nmeasur enent vat VI Ng average

simply the a:e@r ggetraoéeoéf]ebetweegr q’g%kes t%gg%:@':‘.gﬂerarﬁ $52489 signal

rreasurerrent ver age ormo

MA (n) = w(n) féé%éhéé +]ﬂ(&e%¥ values are(Stored and averaged the valid
nunber of stored ‘val ues

signal change can be tracked closer but at the expense of
5 less noise rejection properties.
Respective aspects of the invention are set out in
claims 1 and 2.
A "smart filter" is used in the preferred embodiment
of the invention to determine how to adjust a value in a
10 recursive fashion every control cycle. The technique lies
in the ability to differentiate between random noise, noise
spikes and true input signal change which appear at the
input to the industrial controller. The smart filter uses
this distinction to assign dynamic damping weight factors
15 to the filter. The technique may use any type of filter or
digital signal processing (DSP) technique such as, but not
limited to, a lag filter, windowed filter, or a moving
average filter.
The invention will now be described by Qay of example
20 with reference to the accompanying drawings, throughout
which like parts are referred to by like references, and in
which:
Figure 1 is a general block diagram of an industrial
process control loop wherein a smart filter embodying the
25 present invention can be used;
Figﬁre 2 is a block diagram of the hardware within the
controller of the loop of Figure 1;

Figure 3 is a flow chart that depicts the programming



where MA(n) is the current output of the noving average 15 filter and
wtn), w(n-1), and so on are the past val ues of t he sensor signal.

As a | arger nunber of values are stored, an average over a | arger
nunber of sanples is performed which in turn produces nore noi se
rejection properties. However, if the 20 8ignal has a valid change, the
out put of the noving average will be slowto respond toit. One way to

think of it is . that the nore stored val pyes_t hat e in a noving
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anel i orate one or nore disadvant e prior art. According to

one aspect 50f G RIGRFHEnd PAILALD 1R Snprovided a device having

Figure 5 is a plot showing the real time error of the
noisy signal, lag filter respohse, and the smart filter
response as compared to the ideal step:;

Figure 6 is a plot showing a steady state input signal

10 with large noise spikes superimposed on it, the lag filter
response as well as the smart filter response being shown;
and

Figure 7 is a flow chart that depicts the programming
logic which is associated with an extension of the smart

15 filter embodying the present invention.
The smart filter embodying the present invention may
- be used in an industrial process control application 8 as
shown in Figure 1. As is shown in Figure 1, the process
control application 8 includes a controller iO and. a field
20 process system 13. The confroller 10 comprises a
proportional, integral and derivative ("PID") unit 9 which
includes therein the PID algorithm. The field process
system includes actuator 14, process 15 and sensor 16. The
controller 10 acts on the field process system 13 at
25 certain discrete intervals of time, commonly referred to as
control cycles. i
The desired value of the.aCtual output 17 of process

15 appears at input 7 of the controller as the setpoint



an input and an output, said device operating in repetitively occurring
predetermned intervals of tinme, a nethod for processing a digital signa

at said input during that one of said predeterm ned intervals of tine which
is presently occurring to thereby provide a filtered digital signal at said
out put, said device including neans for storing said filtered digital

signal at said output and a trend indicatof, said nmethod conprising the
steps of: a) calculating the difference in anplitude between said digital
signal at sai d"iSRSUt- duPengosailkh pseBeacs| \chsccafFFhAd @rOaFEsSsapatput to
predetermned intervals of tinme and said filtered digital signal at said
out put st or ed BEPVd&ied theafsaleg PLOFRSS darildyle dr'&Vi"dusigndde @t itmgdne
of said predeternined intervals of tine; g%ageterninin% whet her said _trend

i ndi cator st or€d % 0 FRFHRLYS- st n PIngYsEPBTFRERESUSY d@d%& i ng
f id i d.int | t] it t i it
ool cul ating LRE SRRRPERAL PORFAD RFearE RL e ThaTRIPSH h S Ak gne”

noi seband of o4l d ol 0ikal 3l 1L 8ed LARUG LA, SALG DALY 2t

occurring one sai'd pre erm ned intérvals of ti sai d rence

0 anpli tude; gy QUIRANINY 281 dedi DLERRRCA Il LAUPLLAUAST butpht S@ichiy.end

indicator; and 11.°to a predeterm ned anount based on a function ‘of sdi'd

assunmed noi selgdcofkrelaBatpaLS ek detd £8ee 1 ROA CBE Hhie iprodds < A0 toirldigh
when said difference and said trend indicator disagree or when the absol ute

val ue of sai dadithfaaioenqaq.is | ess then said predeterm ned anount based on a
function of said assuned noi seband; or ii. by adding to said trend

i'ndi cat or the per nmrdfedrtingCkiohgter pdytrans, acpsesdel erandivat amiwpl irrdledt ed
to the polarity of said difference; f) calculating a filter factor based on
a functi onoof kdaick tdiukamdfent oonthabged dwr.i ngCsattoplesentl vnedmdes ng
one of said predetermned intervals of tinme; g) using said filter factor in
sai d devi ce tdicropgioressori de whidhf idarerchluggi thle siqrtatolkt osipdtodtput ;
and h) replacing said filtered digital signal at said output and said trend
i ndi cat or st oP¥FPUF ddi Fhreagd Fdr isedr iteg adgdiogy coaveneavi (Bd)y 18c@mdr i ng
one of said predetermined intervals of tine with said filtered digital
signal and sai@h M 59diTe &V clpmgep iR | fygnal) at inpygid2p

occurring one of _sai redeterm ned intervals of tinme.in _said neans for
9 analog opdgg%gal converter (ADC) 18. The DAC 19 converts

15 the digital control signal generated by the microprocessor
into the analog control output at outpuf-ll. The ADC 18
converts the analog PV signal to a digital signal. The
sampling time for the ADC 18 is usually the same as the
control cycle. |

20 Associated with microprocessor 5 are random access
memory (RAM) 3 and erasable programmable read only memory
(EPROM) 4. The internal program for running the
microprocessor 5 is ' stored in the._EPROM 4. The
microprocessor 5 can use the RAM 3 to store data such as the

25 digital signal which represents the value of the actual
process output obtained from the sensor 16. The program

executing in EPROM 4 tells ;he microprocessor 5 how to



storing. Accordi ng to another aspect of the present invention there
is provided a device having an input and an output, said device operating
in repetitively occurring predeterm ned intervals of tine, a method for
processing a digital signal at said input during that one of said
predeterm ned intervals of tine which is presently occurring to thereby
provide a filtered digital signal at saidutput, said digital signal at
sai d input having an assumed noi seband, said device, incl udj'sc?g neans I__gr
storing said hanhipnddtei ghealdagiagnin BAMsai @rolrPputit Shevid ¢hange the

i ndi cator and a second.trend indicator based on sai Q_Fazjurne?L noi seband,
sai d method ceeptrsilngutpatspspshsr oukputatduPit FRGERS 16FF F8rence in
anplitude between said digital signal at said_i.nput_during.sai r |y
occurring one of s&8N§ pPERRER nPhefR n?BPiéF?t&PP‘ti%w ﬁﬁg,%g‘i E|PI F@?gg
digital signal_ .,at sai tput stored in _said ng _far _stoLi duf

previ ously ocg&rlltieﬁ'g"%ngﬁﬁf PLEFESr é&é’?@?hoﬁ’eg% g’n? et \Qllgleg1 g% f[E Iﬂﬁe;HBb')EQoﬁ
determ ning whether said first tr i hdj cat stored,,i [ i 8h
storing duti né’%sg:l%c? gcreél\ﬁecﬁsﬁu;reocoﬁ%%&r%%%ef%f nglngngé? e?r%ggggétfl
intervals of i ] i s C ingi ddaneeipbuted
tracki ng credi @gﬁg%ﬁgggoﬁég%% a?%utrsreeg%%gi gggﬂaﬁ?focg\glsai d di giﬁ'?al
signal at said ;ippyt 18U e3ANE R GRL Rl XNQC EeinpeiatRe aft Taledprocess
predetermned irtervals of tinme and said difference in digital signal

anpl i tude; d) RAGRA 179 S dcghedithbemerefple ss dlatdredivgiryalsesisgrdlveamvpllithgee:
i. tosaid first trend indicator; ii. to a first predeterm ned anount
based on a fungy i eempérstife ag@lard onsihdgiand; Fand ekample, zer otyey "S"
changing both said first and said second trend indicators to zero either;
i whenigai dhHlirfifoyoende any saicdiufder sinlyr edbutnd eeitcarovdildsg fe: aoPnE |
when said difference is equal to zero; or iii. when the absol ute val ye of
sai d di f f er enciegred Fshrehbrisatemperatupe cfEngsy nBErEmRARY HasdF & ad
function of said assuned noi seband and said difference disagrees wth slai d
second trend iantildmadrions gadi MR BaPHORMESt RPEFR WhdiTat oF SRYera
permtted tracking credit and a_first predetermnm.ned gm)unt rebj%t ed toctehe
pol arity of s®Anfens (ef cHBENItNER LAREIREs NG MR’ oPLEEPYCUPT 8Pents i s

not |less than said first. predetermned, anount based qgn f i 0 fi:8aid
assuned noi setAHRENQUT oA RA anEEEOndtﬁ]‘?ré% ' i Adi € c?rrg%;?/l ad eodéh%@

BT or onaa3Cl Rl S Saafis JERYEta | PpRbER S OrL BachTcbie Y el hue

di fferencd Fees W Sard Secorrd trend indicator, and

then, if the absolute, V@ﬂlf@hoiﬁzggga§fgoﬁ abteRdabidl 63 Yrdce ¥ eaiirdinen

a second predetermned anount on“a function of said assuned

noi seband, cha&&%gﬁﬁf‘i{%%%ff@d’gﬂﬂgj cator to zero and adding to said

first trend in e permtted tracking credit and

Referring now to Fig. 3, there is shown a flowchart of

the programming logic in EPROM 4 which implements the smart

20 filter. As will be understood from the description of the
flowchart, the 'smart filter is a device which is a
combination of the method and apparatus of the present
invention and a filter, such as but not limited to, the
conventional lag filter described in connection with Fig.

25 3. As will also be understood from the description of the
flowchart of Fig. 3, the method and apparatus of the present

invention provides a factor which is used by the filter



-4B - said first predeterm ned anmount related to the polarity of said
difference; f) calculating a filter factor based on a function of said
first trend indicator changed during said presently occurring one of said
predetermned intervals of tine; g) using said filter factor in said device
to thereby provide said filtered digital signal at said output; and h)
replacing said filtered digital signal at &aid output and said first and
second trend indicators stored in said neans for storing during said

previ ousl y ocdinereigiaditernf' fdditerpfadboel i hedrocesydite ofigitel wigmadai d
filtered digital signal and said first and second trend indicator changed
during said preds &g yinpadurtd Adieodevéicesai d predetermined intervals of tine
in said nmeans for storing. DESCRI PTI ON OF THE PREFERRED

EMBODI VENTS ATharRrogramreng 19iSeases 2 HeePhri®te P dRfRFHeR 1
the invention to determ ne hom1to adjust a_vaglue in a recursive fashion

every control TfIhangs Tedhs daout s9 L e adithery U8 & Mais® |°§t é
bet ween rapdom _nai # n0|se spi kes :§d %ﬁff %gpagsgkggsﬁaﬁgan WS
appear at hel4%ﬁﬁ C offe
his d d f I
The t echni que TRy USZ%EI' g”%gé S‘fl%e rigr it ABEhS & y%%is%l R 5tosn)
techni que such syl gpt chimidedal o aaigmgﬁwﬁ%gew scr.% nbil Lol 2

novi ng average he i nventi on now by way of

exanpl e Wi th rigfiRfencs tRet RRvACLONDPAIHA nQrQﬁ@%HQ%rmh'&ﬁ%HQWré’ﬂacﬂ%éﬂ ke
parts are referred to by |like references, and in which Figure 1 is a

general bl ock "Hz@f@mﬁﬁlcﬁ%dﬂ‘qui&lﬁl@de@ %C%%t@ntﬂéﬂrééﬁﬂ:aﬂaféldf a&peart
filter enbodying the present invention can be used; Figure 2 is a

bl ock di agoampafst heidiesinese vhéhtpehblie cond relleravot be ldeeierdfbed din e
1; Figure 3 is a flow chart that depicts the progranm ng
more detail below, the logic uses the most recent trend
indicator to determine to a reasonable degree of confidence
if the signal currently at the input to the device is or is
not characteristic of noise. If the signal at the input is
15 not believed to be characteristic of noise, then the logic
will adjust the trend indicator by an amoﬁnt- which
hereinafter will be referred to as a "tracking credit”. The
tracking credit 1is, in &effect, a further degree of
confidence that change in the input signal is not
20 characteristic of noise. The technique minimizes the
tradeoff between Vélid signal response time and noise
rejection associated with the prior art filters. The
specific steps in the programming logic are described below.
Referring to the flowchart in Figure 3, the smart
25 filter in step 21 takes the new value of the PV measured on
the current control cycle and subtracts the old average

value from step 30 to determine the delta value. The old



5 logic of the controller shown in Figure 2; Figure 4 is a
pl.ot showi ng a noi sy step input signal and the resulting waveforns at
the outputs of a conventional lag type filter and of the smart filter
5 enbodying the present invention; Figure 5 is a plot show ng the
real tine error of the noi sy signal, lag filter response, and the
smart filter ~ response as conpared todhe ideal step; Fi gure
6 is a plot showing a steady state input signal 10 with |arge noise spikes
superinposed agerbget halmg f$] tae outpuespénstheassmett &< ltey somrthe
filter response being shown; and Figure 7 is a flow chart
that depicts phevjoogranmingl cycleegi 3 shpshake susvdpiiwe witeRugndyte
extension of the smart 15 filter enbodying the present invention.
The smart fil (eSBenwoliyengetoenpredein derardanee ilth elther &P 2R QR
I ndustrial process control application 8 as ) )

27, as well as the old average value, is stored in RAM 3 and

5 is associated with each PV input signal (the logic of Fig.

3 can be used for a multiplicity of PVs) that is to utilize

the smart filter. The CSB is the trend indicator. The

absolute value of CSB is checked against AMT1 in step 22.

AMT1 is .selected as a minimum of trend occurrences before

10 the smart filter will start to credit the input signal as
a truly changing level as opposed to noise. Step 24 shows

that if the CSB is less tham AMT1 then no credit is given.

For purposes of illustration herein and without

.15 intending to limit the scope of my invention, a value of 2
was selected for AMT1. When the absolute value of CSB is

. equal to or exceeds this value for AMT1, the tracking credit

is given to this change in input as is seen in steps 22 and

23. The credit has a scaling factor AMT2 which can be set

20 for instance to a value of double the largest anticipated
noise level for the application wherein the smart filter is

to be used. The scaling factor AMT2 determines the minimum
chaﬁge that must occur in input signal amplitudelbefore the
change is allowed to contribute to the credit. In this

25 example a value of 0.4 was assigned to AMT2 based on the
level of random noise in the input signal shown in Fig. 4.

If credit is stored in integer, form and the absolute value



shown in Figure 1. As is shown in Figure 1, the process contro
application 8 includes a controller 10 and a field 20  process system

13. The controller 10 conprises a proportional, integral and
derivative ("PID") unit 9 which i ncludes therein the PID al gorithm
The field process system i ncl udes actuator 14, process 15 and sensor
16. The controller 10 acts on the fiebd process system 13 at 25
certain discrete intervals of tine, commonly referred to as contro
cycles. of csBhesdgsisethamlAerof tHen atteialreliitpequil ofzepoodése
15 appears at input 7 of the controller as the setpoint

6 ("SP). thensafedlif Jensemnicheedgt.ual process output to provi de
t he anal og process variable ("PV') signal at input 12 to the

controll er. The analexy P\ repeps2hi sthee smanfe filtepfdekerndnasl 1fr §&&ss
output 17. In response to the PV and
absolute delta value is either smaller then an amount AMT3
5 (which represents the maximum amplitude in which the input
signal is considered noise) or if the delta value 1is in
conflict with the past trend in CSB by comparing the
polarities of the delta value with the CSB. If any one of
the above described determinations are true, then CSB is

10 returned to zero as shown in step 27. AMT3 may be set to
a value which defines a windowed range around the output
value of the smart filter where the largest damping weight
is desired. A value of 0.02 was selected to be AMT3 in this
case.

15 If the CSB trend agrees with delta value then in step
26 the CSB is adjusted by adding the credit to the CSB as
well as the sign function output of the delta value
{sign(DELTA)]. The sign(DELTA) returns a plus one if the

~ delta value is positive, zero if the delta value is zero,

20 and a negative one if the delta value is negative. The
smart filter then determines in step 28 the scalar (SCALAR)
value, i.e. the filter factor, based on this adjusted CSB.
The SCALAR in this exémple is defined as a positive value
or zero, where negative values are set to zero. The

25 max(0,answer) function in step 28 returns the answer if it
is positive and zero if the answer is zero or.neqative.

AMT4 is used to define the largest SCALAR value which is



5 the SP, the controller uses the PID algorithmto cal cul ate and

generate at its output 11 the control output ("CO"). The control
output is transferred to the process 15 through actuator 14.
Referring now to Figure 2, there is shown a sinplified 10 block diagram
for controller 10. Controller 10 includes m croprocessor 5 which can
change the control output at out put 11 through digital to anal og
converter (DAC) 19 and can nonitor the PV (an anal og signal)_ at input

12 through  desdinzmidyg hemodi,gkhds defilnescthe¢ ABDgviest W%%Ws
15 the digital control signal generat ed by the m croprocessor
t he anal og comgightout ]§d|'—lepat230§ pWE that %nA'Eif,el%SB 1s Z®FR s %CH’@AR

anal og PV signal to a digital cgnal The Ilng time for the ADC
18 is usual | y WiHel Relargasie and nevsH rlcﬁs%ﬁ}aé‘ Associated with

or ogr Al o read ot yeRERor Ehe @SRM OF the THRATE R?feﬁntisrab'e;?og%
cHCT R ibg i entg RS AR AU
value. The adjustment consists of the delta value divided
by the sum of the SCALAR squared plus an amount AMTS. The
amouht AMT5 can be set to the least amoﬁnt of desired
damping weight. Note that AMTS must be greater thah zero
10 to prevent a division by zero in step 29. In this example
AMTS equals one. Just prior to leaving the routine, the old
average value is set to the value of the current output in
step 30.
It is worth noting at this point that step 29 in the
15 ©present invention can be.replaced with a conventional lag
filter whose time constant is defined by the SCALAR value
in step 28. Likewise, a conventional moving average filter
could also replace step 29, where the number of averaged
stored measufements is based on the SCALAR vaiue in step 28.
20 This flexibility of the present invention allows a variety
of filter types to benefit from the performance of the smart
filter. |
The above stated values were used in connection with
the flowchart of Fig. 3 as an exémple of the smart filter
25 of the present invention.
Figures 4 through 6 show the superiority of the smart

filter over a conventional lag filter on a noisy process.



25 -digital signal which represents the value of the actual process
out put obtained fromthe sensor 16. The program executing in EPROM 4
tells the mcroprocessor 5 howto

7 mani pul ate the data in RAM 3 or how it should change the

control output at the output 11 of controller 10. One exanpl e of
an application 8 wherein the smart filkter of the present invention nmay
be used is the control 5 of the tenperature of process 15. In such an
application A coavendrissedupiayingy deeradel B¥Peechtbien6ced PEBAVEe IEKY

I nput signal 12 representative of the tenperature at the prqcess

out put 17. Sosdmifaxrdicdiwpltee merveriornthslagvEilber g adjusgdng the

tenperature rel ati onshi ps. For exanpl e a t¥ge "S" 10 ther couq}e may
produce only BNERETr3qf FRRAS VFIes dpd damPlpggkedIphnr ERFEECTLIVELY .

r r hange. ry noi ' ' :
tenmperature CH%n%%, ¥grydegog¥t£2 gggrﬁgéposes only the conventional lag

5§ filter with a damping weight of 8 will be compared to the
smart filter of the present invention.

From Figs. 4 to 6 and the description below it can be
seen that it would be necessary to increase the damping
weight of the lag filter in order for that filter to achieve

10 the attenuation of the smart filter when the signal is close
to steady state. However, increasing the damping weight of
the conventional lag filter also decreases the tracking
ability of the lag filter; thereby increasing the time of
the step. response of that filter (i.e. a slower more

15 sluggish response). Likewise, reducing the damping weight
of the lag filter to allow it to track the signal response
closer will sacrifice the lag filter's noise filtering '
property.

The magnitudes and time scales in Figurés 4 through 6

20 are irrelevant since they are scaleable in nature and
application. Hence, damping weights, control cycle time,
and relative input level may change from one proceés control
application to another; but, the overall benefits provided
by the smart filter as compared to conventional filtering

25 techniques will remain applicable.

The input step signal 42 sthn in Figure 4 has noise

superimposed on it. Fig. 4 shows the response 40 of the



applications can easily produce noise which is several orders of

magni tude larger than this 3 mcrovolts on the t her nocoupl e sensor
i nput. Hence, a tenperature reading 15 could be bouncing several orders
of magni tude, solely due to noise which is clearly unacceptable in
process control and nonitoring applications. Referring now

.to Fig. 3, there is shown a flowhart of 13 the programming logic in
EPROM 4 which inplenments the smart 20 filter. As will be understood from
t he descri pti gmadt tfitlter afilovhbanespomesesmdr tof | ther cosvantdengd Mdch
s a conbi nati on of the nethod and apparatus of the present

i nvention and tayde |fidters uxh tiee mitepdingutristiguhalo 42t.he The idegdv @wtinnial
lag filter described in connection with Fig. 25 3. As wll also be

under st ood fr cregpgunstkestr i preé ostep ihput signpdwRule be B gerfeqth&%AR hod

and apparatus of the present i nvention provides a factor which is used
by the filter waveform. It can be seen in‘Fig. 4 that the smart filter

5 response reflects this attribute as compared to the response
of the conventional lag type filter.

Figure 5 show waveforms which allow a compafison of the
real time error of the smart filter response 50, the
conventional lag filter response 51 and the noisy step input

10 signal 52 to the ideal step response. The noisy input
signal 52 is simply the noise which was superimposed on the
ideal step. The lag filter error 51 shows a sharp jump and
gr;dual decay around where the step occurs. This is due to
the fact that the conventional lag type filter has a slower

15 response (longer response time) to the true step in signal.
Initially the lag filter response is off by approximately
the amount of the step. As time goes on the lag filter
response slowly closes in on the step which by this time
becomes a major contributor to the error in the lag filter

20 response. The smart filter error 50 does have an initial
error similar to the lag filter error.However, the smart
filter response recovers much quicker than the conventional
lag filter response.

Associated with each of the waveforms shown in Fig. 5

25 1is a "Squared Error Sum". The Sguared Error Sum reported_
for each waveform was determined by first subtracting the

ideal step response from each filter response and squaring



-

8 (hereinafter "filter factor") to process the digital signal at
the inpyt to the device. The programm ng | ogi ¢ uses a techni que
to determne if t he change in the input signal is either due to noise
or a 5 valid signal change. As will be described in nore detail
bel ow, the logic uses information which gives a past anal ysis of the
trend in direction of the signal at the 14 input to the device. The
trend informati on (hereinafter “"trend indicator") includes a factor
represent at i vehef ambantl @orpasichhicycdey offhelse sgeaded Adffeklengleso fiyem
described in nore detail below, the |logic uses the nost recent trend
i ndi cator to eethrayatetara thearsevabies (ﬂegreerflmﬂid}@ﬂce”eSPOHSEf OVie&
signal currently at the input to the device is or is not
charact eri sti &hef pesiios showmeinithal ftguree | Apat Spyared ERserhSMimevidd to
be characteristic of noise, then the |ogic will adjust the, trend
i ndi cator bya A 2rgUh (CONPATING theh@?%@%bY?eFeﬁfPFeb@fréFéPFe&nt5h§§ a
"tracking credit” credit i fﬁ a furt er degree
of cof | EBAEE FH&FeEh%ﬂ@eﬂF%qog( GHoalsgAal b efgresponses K3
ideal step response; hence, the lower the Squared Error Sum
the better the response of the filter to the step. From
Fig. 5 it can be seen that the smart filter has the lowest
Squared Error Sum and therefore has the best response.

10 Notice that over the time frame shown in the figure,
the lag filter appears to produce more error than the noise
itself. This is because the slow step response inherent to
the lag filter has caused the majority of the error over
this time frame. Given a longer time frame with only one

15 step, the lag filter output error would likely reduce below
the noise error; however, it would continue to remain
inferior to the performance of the smart filter of the
preseﬁt invention.

Fig. 6 shows a steady state input signal 62 with large

20 noise spikes superimposed on it. The process controller
should not respond to the large noise spikes as they are not
valid signal changes. As can be seen in Figure 6, the smart
filter response 60 continues -to filter heavily in the
presence of incoming noise spikes. However, the lag filter

25 response 61 is influenced by each noise spike even though

a noise spike is not a valid signal change. Therefore, once

again the lag filter response 61 introduces much more error



20 characteristic of noise. The technique mnimzes the tradeof f

bei ween,val id signal response tinme and noi se rejection associated with
the prior art filters. The specific steps in the programmng |ogic
are described bel ow Referring to the flowhart in Figure 3, the
smart 25 filter in step 21 takes the new val ue of the PV neasured on

the current control cycle and subtracts the ol d average val ue from
step 30 to determ ne the delta value. The old

9 aver ageco/athe tsué heignapui(Dof inh&éhsmsacasek)| whenowompared tqrtdg ous
control cycle. A separate cumul ative status byte (CsSB) val ue
det er mi ned i n oo dahceemi teésRInsRré6&Gt ep 26 or 27, as well as the old

average value, is stored in RAM3 and 5 1is associated with each PV i nput
signal (the |ogic ofs Rigscribed akatepethgederppnaenttt Hhis GMAF toft P
that s tOmlilslzesubstantially petter than the response of the
5 conventional lag filter. 'While not shown in Figs. 4 to 6,
those skilled in tke art will appreciate that the response
of the smart filter will also be better than the response
of é conventional moving average type filter. 1In addition,
one of .the drawbacks to using the conventional moving
10 average type filter is its inherent poor noise rejection to
noise spikes. As soon as the noise spike enters as one of
the stored measurements, the output of the moving average
continues to weight that noise spike evenly with the other
stored measurements until the noise spike measurement has
15 been replaced in the limited number of chronologically
stored measurements. This would produce a near squarewave
effect for the conventional moving average ocutput.
Step 25 of Figure 3 may be altered to allow use of the
smart filter in those process control applications where the
20 signal response direction dictates the signal and noise
characteristics. In these types of applications the levels
which were set to zero for CSB and DELTA in step 25 could
be set differently. For example, rather than the one
qualifier in step 25 being '(DELTA<=0)&(CSB>0)' an
25 application may benefit from this qualifier changing to
' (DELTA<=-1) & (CSB>2) '. This would prevent the CSB from

being zerced out unless the delta value has gone more



the smart filter. The CSB is the trend indicator. The absol ute

vakue ‘ofc CSB i s checked agai nst AMI1 in step 22. AMI1 is selected as a
m ni mum of trend occurrences before 10 the smart filter will start to
credit the input signal as a truly changing | evel as opposed to noi se.
Step 24 shows . that if the CSB is |less than AMI1 then no credit is

gi ven. For purposes of illustn#tion herein and wi thout 15
intending to limt the scope of ny invention, a value of 2 was

sel ected for Aefatiwecrthdre absehdt eheal G8B of sCeBeager thayuewoi o Ghis
exceeds this value for AMI1, the tracking credit is given to this

change in i nporesponss youadi giveepsd2ffenent respgnsqhiorreediigneds 9oing
scaling factor, AMI2 which can _be set 20 for instance to a value of double
the |argest adfi &hgaPegitive dareetiepefrenr thacr egpRprgatinFhtheesativge
smart filter is to be used. The scaling factor AMI2 determ nes the
m ni mum 9%t nust occur I n" i nput signal anplitude before the

change |s | I owed contribute to,the credit In t
val ue of 4 was addiSgneB BRI HALH KR t h&3D F‘eve?“?ﬁ Jr%n%%?n %c?
in the input %ﬁ%%%cé%l‘ﬁ% wﬁlchgdo hot require all of the sophistication
of the smart filter. For example, by replacing step 23 with
'CREDIT = 1', replacing step 26 with 'SCALAR = 0', replacing
step 27 with 'SCALAR = the maximum desired damping_setfing',
10 and removing step 28 we easily accomplish the following
functionality: AMT1 would represent the number of control
cycles that the signal must agree in trend while maintaining
an absolute delta value greater than AMT3 in.order to track
the signal; otherwise, damp the signal by the maximum
15 SCALAR.
The present invention is portrayed above for an
application which requires a low pass filter implementation.
A form of a high pass filter implementation may be performed
by the present invention by changing the '>=' in step 22 to
20 '<', and in step 25 by changing the 'DELTA >= to DELTA <',
the 'DELTA <=' to 'DELTA >', and '< AMT3' to '>= AMT3',
Step 22 is mainly used to differentiate a valid change
in signal from a noise spike on ﬁhe signal. Step 22 could
be replaced with a function which asks "Is the previous
25 cyéle delta wvalue within AMT7 of the current cycle delta
value?". AMT7 could be a magnitude value such as 0.154 or

related as a percentage of the value such as 20%.



If credit is stored in integerformand the absolute val ue

10+ :of CSB.is less than AMI2, then the credit equals zero (i.e.

the credit is truncated). Next in step 25, the smart filter
determnes if the absolute delta value is either smaller then an
anount AMI3 5 (which represents the maxi mum anplitude in which the input
signal is considered noise) or if the deltld?value is in conflict with
the past trend in CSB by conparing the polarities of the delta val ue

with the CSB. |f arBher®CakAR valupewhbohendEsbei begsgdt domandftiilder aey
true, then CSBis 10 returned to zero as shown in-step 27. AMI3 nmay be set
to a val ke RTH ¥RY | FesPbe fRHASREd FHREE. aPsuREPERSEdlt gutPower afy| ue

of the smart filter where the | argest danmpi ng wei ght is desired. A
val ue of 0.02 dd SEFEEt EA REhPRVAMIT 39FelRated Tatgsgt which the smart

filter damping is changed. For example, a SCALAR of 3 might
5 be cubed to pass a damping weight of 27. In a different
case the SCALAR qf 3 represents a power of 2 where 2 to the
third power is a damping weight of 8.
One can implement the programming necessary for the
invention in the flowchart of Figure'3 when the valués are
10 in floating point. However, the smart filter of the present
.invention can also apply itself readily to integer format
applications. The smart filter for integers would add one
bit to the change in order to track to the input signal even
when the damping weight factor is extremely large. For
15 instance, in sﬁep 29 the output would still be the old
average adjusted by the scaled delta amount; however, one
would always want to round the scaled delta amount to the
next integer so that it is never zero unless delta is zero.
Alternatively, one can simply increment or decfement the old
20 average value based on the sign of the delta, where a
positive sign increments and a negative sign decrements the
old average value. Again, a delta of zero would not
increment or decrement the old average.
Furthermore, this invention may be carried over into
25 a moving average filter application where the number of
averaged stored measurements changes to reflect the SCALAR

amount; hence, the filtering_and quick response can be



15 If the CSB trend agrees with delta value then in step 26 the
CSB i s adjusted by adding the credit to the CSB as well as the sign
function output of the delta val ue (sign(DELTA)]. The sign(DELTA)
returns a plus one if the delta value is positive, zero if the delta
value is zero, 20 and a negative one if the delta value is negative.

The smart filter then deternmines in s{gp 28 the scal ar (SCALAR)

value, i.e. the filter factor, based on this adjusted CSB. The SCALAR

in this exa”mﬁnpﬁerﬁ’é{téEQrﬁSnoarlﬁ@Nat\ﬂe\i%zg\émf%Qm ThelcE8EPol 1¥PEIE (see
negati ve val ues .are set to zero The max( 0, answer) function in step

28 returns theansver wduld store iasScp@tialinyemddtzef onédstiPem@nsyed £ ithezer o
or negati ve. AMI4 is used to define the | argest SCALAR val ue which is
desired; henceprddess dedriwislé heifravi ast ifpatgast champlgically. The
amount of measurements the controller stored would reflect
5 the heaviest (largest) desired damping weight for the moving
average.
One application of the moving average could use the
SCALAR term of 28 squared plus 1 to indicate how many
measurements are to be averaged to determine the output of

10 the.smart filter. For example, if the controller stores up
to 10 values for the moving average smart filter, and the
current SCALAR is 2, then the SCALAR squared plus 1 is S5 and
the output of the moving average smart filter is the average
of the last 5 measurements.

15 Another form of the invention uses a method of multiple
recursive iterations based on the SCALAR of the smart
filter. The SCALAR value from step 28 could be based on
from a value of one up to thé absolute value of CSB. This
.SCALAR value squared would indicate how many times a heavy

20 (large) damping weight lag filter should be run recursively
during each cycle. Hence, if the CSB is zero the SCALAR is
one and the squared SCALAR is one, having the lag filter run
only once. If the CSB were 4 then the squared SCALAR would
be 16 and the lag filter would run recursively 16 times in

25 that control cycle. One can see that the more times a lag

filter is run recursively, the more it tracks to the change



wei ght. Step 28 shows that when the CSB is zero the SCALAR wll be

| arrigest .and never | ess than zero. In step 29 the output of the
smart filter is the 5 previous output adjusted by a fraction of the
current delta val ue. The adj ustnent consists of the delta val ue

di vi ded by the sum of the SCALAR squared plus an anount AMI5. The
anount AMI5 can be set to the | east amounticof desired danpi ng wei ght.
Note that AMI5 nust be greater than zero 10 to prevent a division by zero
in step 29. lim tﬂ%n@l(arrpllekemsemvn'@l@q@uasg ohe. lasstfpiter runkem@clg
the routine, the old average value is set to the value of the current
out put in cystley die more the naiss wgiledtimn ivigllattake £4f@ak- t hat
'step 29 in the 15_ present invention can _be replaced with a conventional

| ag filter whdde a@idﬁﬁl@é’nstt&ﬁt 1P¥96§P~Pﬁeélsb§}°'t'- h@m%ﬁ%&ﬁ}é‘g the j
step 28. Likew se, nvent n novi ng_average fi coul d al so
reploace step Z§Y Fﬁ@ ?Jﬁbé:theof S@gf“ggeb“ Stepst%?ecf‘srreésﬂ"emt§ i S

based on (g SCUARIALE I SSEAP. o 2 TR LL LI LEXEL e i o
perfornance of u&ﬁﬁl%@agamply used as itself. However, the sguared SCALAR
term provides an accelerated dynamic filter weight which
allows the smart filter to respond from hea&y damping to
quick tracking in a relatively short period of time with
10 minimal processing time.

A windowed filter version is another form of the
invention which uses windowed values to determine the
damping weighﬁ. For example, step 29 shows a term with
'SCALARA2+AMTS' which can be substituted by a set of damping

15 weights determined by a windowed value of CSB.  The
substitution may for example be 'If |CSB| < 2 then the
damping weight is 16, else damping weight is 4°'. The
advantage of this is that only a limited number of weights
(two in this case) are used, and a window is set up around

20 the CSB value to determine.the damping weight.

Figure 7 shows an extension of.the present invention
which allows signal trending within the defined noise band
set by AMT3. Henee, rather than zero out CSB if the
absolute delta value is 1less than AMT3, the trend is

25 analyzed within this band with a NB_CSB which is the noise
band cumulative statﬁs byte This additional 1level of

sophlstlcatlon in the smart filter allows gquicker response



filter. The above stated val ues were used in connection with

the flrowchart of Fig. 3 as an exanple of the smart filter 25 of the
present invention. Figures 4 through 6 show the superiority of
the smart filter over a conventional lag filter on a noisy process.
12 A conventional noving average type filter can behave very
simlarly to the conventional lag filter I adjusting the nunber of
stored val ues and danpi ng wei ght, respectively. Hence, for

denonstrat i ve gaurgosese onlignahe changenthagprEnirayg wbthiht ehewniohisa demgi.ng
wei ght of 8 wll be conpared to the smart filter of the present

i nventi on. Step 70 FiomHFHigwe 47t wo@ldndrephaacesstept i2én bel dwgrecdn be
seen that it would be necessary to increase the danping wei ght of the
lag filter inLdkesrisfeorstamt7 4 idepdaces s&ftfre\Rd . All of the other steps

in Figure 3 remain as is with the addition of the steps in
5 Figure 7.

In step 70, the smart filter determines if the delta
value is zero or if the delta value is in conflict with the
past trend in CSB by comparing the polarities of the delta
value with the CSB. If this is the case, CSB and NB_CSB are

10 both set to zero as shown in step 74. Otherwise, the
absolute delta value is checked in step 71 to determine if
it is less than AMT3. 1If not, then we proceed to step 26
as shown by 72.
If the absolute delta value is less than AMT3 then we
15 ©proceed to step 73. At this point we are operating inside
of the noise band defined by AMT3. Step 73 determines if
the delta value is in conflict with the past noise band
trend of NB _CSB by comparing the polaritie; of the delta
value with the NB_CSB. It should be appreciated that NB_CSB
20 is a "noiseband trend indicator" which is also stored in the
RAM. If the noise trend and the signal change (delta value)
do not agree, then we proceed to step 74. Otherwise, 1if
they do agree, NB_CSB is adjusted by the sign(DELTA)
function as shown in step 75 and goes to step 77.
25 - Step 77 asks 1if the absolute value of the noise band
trend NB_CSB is greater or equal to an AMT6. If so, NB_CSB

is set back to zero in step 78 and then goes to step 26 as



10 the attenuation of the smart filter when the signal is close to

steady state. However, increasing the danping weight of t he
conventional lag filter also decreases the tracking ability of the |ag
filter; thereby increasing the tine of the step response of that
filter (i.e. a slower nore 15 sluggish response). Likew se, reducing the
danpi ng wei ght of the lag filter to @dlow it to track the signal
response closer will sacrifice the lag filter's noise filtering
property. shown Ple ThgmwherdesCaRd Wilke deal adjust&d glresshowhringyd 6

20 are irrelevant since they are scaleable in nature and

appl i cation. RERNIdERng WISt 5 &&f rloy @%ﬂeﬂ@mh%r of cenRPFEtiE(e ve
i nput | evel may, change from one process control pplication to

anot her; but, Y SEANISHdReFRRS E#E?P&é&n Wlthb? Fhé BahPe p2nd grhigh

co ared to conv ional filterin tec ues wll rema Licabl e.
Thgpl nput steﬁ’@‘}]d#]zﬂ°n§§1§ﬁ’5\ﬁn |Hg#?‘éu?bg’3fa e For e§BBBP'anBSAéﬁr%n

't Fi g. é Shioswssettheco E;Ds’pq: en 48’115 requlres the signal to trend in the
same direction within the noise band for at least 5
consecutive control cycles before adjusting CSB to represent
a valid signal change.

- It should be noted that it is desirable to limit the

10 wvalue of CSB, NB_CSB, and CREDIT base& on practically any
version implemented using the present invention. For
example, if CSB and NB_CSB are represented as a signed byte
than clearly these vaiues must be limited to an absolute
decimal value maximum of 127 to prevent from overflowing the

15 Dbyte. This same suggestion applieé to other values such as
CREDIT and extends to various integer representations (i.e.
multiple bytes), or floating point implementations as well.
Another valuable property of this extension of the

present invention, is that the NB_CSB can be applied to the

20 increment-decrement function described earlier for integer
format applications. This is because the extension allows
signal tracking within the noise band; therefore, for
integer applications, the smart filter output no longer
would need to change by one regardless in order to track a

25 signal change. It could change by one only when | NB_CSB|

reaches AMT6 as in step 77, which maintains the signal



13 smart filter and the response 41 of the conventional |ag type
filter to the step input signal 42. The ideal output response to the
step input signal would be a perfect step waveform It can be seen in-
Fig. 4 that the smart filter 5 response reflects this attribute as
conpared to the response of the conv@ational lag type filter.

Figure 5 show waveforns which allow a conparison of the real tine
error of the smart filter response 50, the conventional lag filter
response 51 afdFadkengpiadj ﬁﬁ)%%ﬁ&ﬂ?t requigmng the seamte flddar spdput
response. The n0|§¥ i nput signal 52 is sinply the noise which was
superi nposed ge eW%ﬁ¥ﬂ°¥9ﬁﬁo. The lag filter error 51 shows a sharp
junp and gradual decay around where the step occurs. This is due to
the fact that the conventional lag type filter has a slower 15 response
(l onger response tinme) to the true step in signal. Initially the | ag
filter response is off by approxi mately



the armount of the step. As time goes on the lag filter response
sl ewty closes in on the step which by this tine becones a nmj or

contributor to tﬂﬁsﬁ%ﬁgsﬁe&ﬁgagchag filter 20 responsy%;%g?o,g.?_&ts éfEielz\g r

error 50 does hav .error simlar to thejl 5
%“"HI“!‘ ul ”ullter response recovers mech than
]

error. However, th
t he conventi onal response.23 Associ ated with each
of the waveforns shown in Fig. 5 25 1is a "Squared Error Sunf. The
Squared Error Sum reported for eaclChielMS8 or m was determ ned by first
subtracting the | deal step response fromeach filter response and
squari ng 1. In a device having an input and angoutputi heaidlsMider
each cycle. These squared differences from = each cycle are then sumed
for each indi VWeREAtIRG dohsepekdtively paeupsingdrEpdaherninge Intrrelsrhe

Squared Error Sumis a neans of conparing the rel ative neasure of,
error in the ©f time, a method for processing a digital signal at said

5 input during ﬁhat one of said predetermined intervals of
time which is presently occuring to thereby provide a
filtered digital signal at said output, said device
including means for storing said filtered digital signal at
said output and a trend indicator, said method comprising

10 the steps of:

a) calculating the difference in amplitﬁde between
said digital signal at said device input during said
presently occurring one of said predetermined intervals of
time and said filtered digital signal at said device output

15 stored in said storage means during a previously occurring
one of said predetermined intervals of time;

b) determining if said trend indicator stored in said
storage means during said previously occurripg_one of said
predetermined intervals of time permits a tracking credit;

20 c) calculating said permitted tracking credit as a
function of an assumed noiseband of said digital signal at
said device input during said presently occurring one of
said predetermined intervals of time and said difference in

digital signal amplitude;

25 d) comparing said difference in said digital signal
amplitude:
i. to said trend indicator; and

-

————

A



5 smart filter and the coventional lag filter responses to the | deal
st eép ‘rresponse; herrnmsmdnﬁaslliwﬁtephm Squared Error Sum the better the
response of the f|| m‘m}mmmhﬂ From Fig. 5 it |CEHSSHESPERASTIEE
the smart filter Squared Error Sum ahd thenatgcgbhas
t he best response Ice that over the tine franme sho

figure, the lag filter appears to preduce nore error than the noise
itself. This is because the slow step response inherent to the | ag
filter has caused tiie najoold Py edie tiditmievadoamudit based kirs a ifwnhdtiane.of
G ven a longer tine frane with only one 15 step, the lag filter output
error woul d | isegldy aseduresl elimaband; t he noi se error; however, it would
continue to renain inferior to the perfornmance of the smart filter of
t he present imemhange said trendriigpdigadioows a steady state input
signal 62 with large 20 noise spikes superinposed on it. The process
control |l er shdul d At zexspeidhesy tife Slaal-ldgélrf(ﬁ%@m kel ERichdrend
not valid signal changes. As can be seen in Figure 6, the smart
filter responsd@%GFatst i REa9E6ef | PFer 1feati®y 39seHite Valpesdife s¥id

I ncom n n0|se Spi kes wever, the lag filter
g é%erencé*%s less then said predetermined amount based on

a function of said assumed noiseband; or

ii. by adding to said tfend indicator said permitted

tracking credit and a predetermined amount related to the
10 polarity of said difference;

e) calculating a filter factor based on a function
of said trend indicator changed during said presently
occurring one of said predetermined intervals of time;

f) using said filter factor in said device to thereby

15 provide said filtered digital signal at said device ouput;
and

g) replacing said filtered digital signal at said
device output and said trend indicator stored in said
storage means during said previously occurring one of said

20 predetermined intervals of time with said filtered digital
signal and said trend- indicator changed during said
presently occurring one of said predetermined intervals of
time in said storage means.

2. In a device having an input and an output, said device

25 operating in repetitively occurring predetermined intervals
of time, a method for processing a digital signal at said

input during that one of said predetermined intervals of

e

R



25 response 61 is influenced by each noi se spi ke even though a noi se
spike-i s not a val Mhis Sheepitas BeelBeplpeed Ther ef ore; once '

filter response 61 i nore error I THIS SHEET HAS BEEN
15 to the true il t hi s case) when conpafed t oRERR&CED
smart filter response As descri bed above, the response of the

smart filter I's substantially better 2shan the response of the 5
conventional lag filter. Wile not shown in Figs. 4 to 6, t hose
skilled in theime whlikhappsegirssentiat oheurésgonse theredy theovidet a
filter will also be better than the response of a conventional noving
average type fflltgred gigddiali signal atomeldfonteulr ssmbd kdigbtakisignale
conventional noving, 10  average type filter is its inherent poor noise
rejection to 2t SadfseliiikeBavABIsGUh agSHRedndiGiEalingd eftéfs daViskr of

including means for storing said filtered digital signal at

5 said output, a first trend indicator and a second trend
indicator based on said assumed noiseband, ‘said method
comprising the steps of:

a) calculating the difference in amplitude between
said digital signal at said device input during. said
10 presently oécurring one of said predetermined intervals of
time and said filtered digital signal at said device output
stored in said storage means during a previously occurring
one of said predetermined intervals of time;
b) determining.if said first trend indicator stored
15 in said storage means during said previously occurring one
of said predetermined intervals of time permits a tracking
credit;
c) calculating said permitted tracking credit as a
function of said assumed noiseband of said digital signal
20 at said device input during said presently occurring one éf
said predetermined intervals of time and said difference in

digital signal amplitude;

d) comparing said difference in said digital signal
amplitude:
25 i. to said first trend indicator;

ii. to a first predetermined amount based on a

function of said assumed noiseband; and

Tk [= L M s *



the stored neasurenents, the output of the noving average continues to
wei.ght: that noi s Stpttths BgRigtacyd th t he ot her st or ed PRSI SREEN
until the noise nt has 15 been replaced {i n thggpi fpgred
nunmber of chronol nﬂmgmlTWStored measurenents. This -pr-otuce—a—
near squarewave f t he conventional noving average out put.
Step 25 of Figure 3 may be altered to all @4 use of the smart filter in
t hose process control applications where the 20 signal response direction
di ctates the signaliidnd twizero; characteristics. In these types of
applications the |evels whi ch were set to zero for CSB and DELTA in
step 25 coul d tee eddthedi fhenget bpth s&bdd £kaspland satdereddrah tidemdone
qualifier in_step 25 being '(DELTA<=0 & CSB>0)' an 25 application
may benefit fASRAICHOTFISIG a0 @idlgitig to ' (DELTA<=- 1) & CSB>2)' .
This woul d prevent the CSB from_. being zeroed out unless the delta

val ue has gone noreé- if said difference and said first trend indicator

5 disagree; or
ii. if said difference is equal to zero; or
iii. if the absolute value of said difference is less
then said first predetermined amount based on a function of.
said assumed noiseband and said difference disagreeé with
10 said second trend indicator;
or
adding to said first trend indicator said permitﬁed
tracking credit and a first predetermined amount related to
the polarity of said difference, if thé absolute value of
15 said difference is not less then said first predetermined
amount based on a function of said assumed noiseband;
or |
changing said second trend indicator by ;dding thereto
a second predetermined amount related to the polarity of
20 said difference, if said difference agrees with said second
trend indicator, and
then, if the absolute value of said second trend
indicator is greater then a second predetermined amount
based on a function of said assumed noiseband, changing said
25 second trend indicator to zero and adding to said first
trend indicator said permitted tracking credit and said

-
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16 negative than -i_aﬁa-FﬁE_E§B is greater than two. _This _
respaense woul d glvﬁsamaqﬂ;§£§ﬁ ponse for a signal Qoi QTHIS SHEED (L.

positive dlrectlon se in the negative direckmng{55§“m“-
The present |nv B sinplified for applTcattomns '
do not require all |cat|on of the smart filter. For

exanpl e, by repIaC|ng step 23 mnth "@REDIT = 1', replacing step 26
with 'SCALAR = 0', replacing step 27 with ' SCALAR = t he maxi mum
desired danpi fidrsét pregetettinadd ameunti rglated 28 wheeasillay idgcafplsiadld t he
foll ow ng functionality: AMI1 would represent the nunmber of control
cycles that tRdffiegemicetust agree in trend whil e maintaining an

absol ute delta value greater than AMI3 in order to track the signal;
otherwi se, danp th&)si gF@ALlom)atiagmxifisker sfagon Apased on a fupgglon
present invention i ortrayed abpve for an lication which re U|res
a | ow pass fi F’tfeﬁaﬁ'ﬁpfe-éﬁﬁﬁt FeRA. indicator ghanged Cﬁird-ﬁ’%a?%df Pregently

n
Lﬂgligepa%ilon na% begpone ogesald pr%%e%g%mQ%%%¢Q%€é¥Cng(g} Qy Changl g

f) using said filter factor in said device to thereby
provide said filtered digital signal at said device ouput;
and

g) - replacing said filtered digital signal at said

10 device output and said first and second trend indicators
stored in said stdrage means during said previously
occurring one of said predetermined intervals of time with
said filtered digital signal and said first and second trend
indicator changed during said presently occurring one of

15 said predetermined intervals of time in said storage means.

-
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20 '<', and |n step 25 by changing the ' DELTA >= to DELTA <', t he

'DELTA <=' to 'DELTA >', and '< AMI3' to '>= AMI3'. Step 22 is
mainly used to differentiate a valid change in signal froma noise
spi ke on the signal. Step 22 could be replaced w t hl agigyiSAEED HASIBREEN
asks "Is the previous 25 cycle delta val2@ within AMI7}of t hgeErRUACERNt
cycle delta val ue?". AMI7 could be a magnitude val ue—suth as 0. 154 or
rel ated as a percentage of -the value such as 20%

17 The SCALAR val ue whi ch mayAB3TR&EEed to a filter may be
nodi fied to be squared, cubed, or represent a power of 2 in order to
achieve an accelerated rate at which the smart filter danping is

changed. For exanpl e,
wei ght of 27. In a di¥
of 2 where 2 to the

Pass_ a danpi ng

5 A device (10) includes a filter such as a lag filter
for digitally processing and filtering signals used in
industrial control applications. The method provides a
factor which is used by the filter to process the digital
signal at the input (12) to the device (10). The ﬁethod

10 determines if the change in the input signal is either due
to noise or a valid signal change. Information which gives

a past analysis of the trend in direction of the signal at

the input to the device is used. The trend information

' includes a factor representative of the past history of the

15 trend. The method uses the most recent trend indicator to
determine to a reasonable degree of confidence if the
signal currently at the input to the device is or is not
characteristic of noise. If the signal is not considered

to be characteristic of noise, then the method adjusts the

20 trend indicator by a tracking credit. The tracking credit
is, in effect, a further degree of confidence that change

in the input signal is not characteristic of noise.

Figure 1
Figure 1 I

25
ot Has Been Replaced

i



t hivmepower i s a danpi ng wei ght of 8. éﬁgaééﬁfﬂnﬁ?enent t he
progranmm ng necessary for the invention in the flowhart of Figure 3
when the values are 10 in floating point. However, the smart filter of

t he present i nvention can al so app“ysitself readily to integer format
applications. The smart filter for integefs would add one bit to the
change in order to track to the input signal even when t he danpi ng

wei ght factor is extremely |arge. For 15 instance, 1in step 29 the

out put would still be the old average adjusted by the scaled delta
anount; however, one woul d al ways want to round the scaled delta
anount to the next integer so that it is never zero unless delta is
zero. Al ternatively, one can sinply increnent or decrenent the old 20
aver age val ue based on the sign of the delta, where a positive sign
increnents and a negative sign decrenents the ol d average val ue.

Again, a delta of zero would not i ncrenment or decrenent the old

aver age. Furthernore, this 'nygntion may be carried over into 25
a noving average filter application Whp “the number of aver aged

st ored neasur errents—changes-to—freflecti-t-he--SGALAR——==~ PLANT ———————————— =
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17

] ]
: i
]
{ |
: i
| () |
| - b e e e e e e e - ———
| | |
| PV | i
! C { ‘”(t){ SENSOR |¢ }
I 12 { i
I { 16 i
‘===~ CONTROLLER = ==~~= e TRANSMITTER === = e e —
C ' - —— o.L1 3—— y
N
8
Fig1
11
RAM DAC £ o
~ 1 g | outPuT
3 { MICROPROCEESOR ] 5
i I — 12
EPROM ADC A
INPUT
4 18
CONTROLLER
_ J
N
10

Fig.2



amount » hence, the filtering and qui ck response can be

18 i npl emented in noving average form The controller 10 (see
Fig. 1) would store a certain anount of 4y%asurenents of the process
vari abl e signal at input 12 chronol ogi cal'l'y. The amount of

measurenents the controller stored would refl ect 5 the heaviest (largest)
desired danpi ng wei ght for the noving aver age. One
application of the noving avereage—coth~d use the SCALAR term of 28
squared plus 1 to indicag§6 0 measurenents are to be averaged to
determ ne the out put of rart“filter. For exanple, if the

| ues for the noving average smart filter,
SCALAR squared plus 1 is 5 and

r is the average of the

controller stores up
and the current SCA
t he out put of the novinpg

|ast 5 rneasurerne-nts.z1

YES

|
| CREDIT = DELTA/AMT2]

23
25
IS
[(DELTA >=0)&(CSB<0)]
OR [(DELTA<=0)&((CSB>0)]
OR [ |DELTA| <AMT3]

?

26

\
[CSB=CREDIT + CSB + sign(DELTA)]

~1SCALAR = max[0,(AMT4— [CSB])]]
28

1
[OUTPUT = OLD_AVG+(DELTA/(SCALAR "2 + AMT5))]

o/

1
/—LOL[_)_AVG = OUTPUT|
30

Fig.3

END
31



15 « Another formof the invention uses a nethod of nmultiple
recursive iterations based on the SCALAR of the smart filter. The
SCALAR val ue fromstep 28 could be based on froma value of one up to
t he absol ute value of CSB. This SCALAR val ue squared woul d indicate
how many tines a heavy 20 (large) danp%p weight lag filter should be run
recursively during each cycle. Hence,”if the CSB is zero the SCALAR is
one and the squared SCALAR is one, having the lag filter run only
once. If the |
lag filter wobld run recursively 16 tinmes in 25 that control cycle.. One

can see that {the nore tines a |lag filter is run recyf ively, the nore
it tracks to f{he change : . 19
in signal. Likewise, the less the lag filter runs each cycle, the

nore the nois¢ rejection will{ take effect.

—

41
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I - addisti on, the invention is not limted to using the squared term of
the SCALAR in step 28 as a neans of 5 determ ning the weight of the
filter; the SCALAR coul d be cubed or sinply used as itself. However,

t he squared. SCALAR term provi des art/accel erated dynamic filter weight
whi ch allows the smart filter to respond from heavy danping to

quick tracking in a relatively short period of time wwth 10 m ninal
processing tine. A wi ndowed filter version is another form of the
i nvention which uses wi ndowed val ues to determ ne the danpi ng wei ght .
For exanple, step 29 shows a termwth SCALAR[ err] 2+AMI5" whi ch can be
substituted by a set of danping 15 weights determned by a w ndowed
value of CSB. The substitution may for exanple be 'If
[err]CSB[err] < 2 then the danping weight is 16, else danping weight
is 4'. The advantage of this is that only a limted nunber of

wei ght's (two in this case) are used, and a window is set up around 20
the CSB value to determ ne the danpi ng wei ght. Figure 7 shows an
extension of the present invention which allows signal trending within
t he defined noi se band :

I I i I 1 1 I8

0 20 40 60 80 100 120 140 160

TIME
Fig.6




setabyiANWS. Hence, rather than zero out CSB if the absol ute delta
value is less than AMI3, the trend is 25 analyzed within this band

with a NBCSB which is the noise band cunul ative status byte. Thi s
additional |evel of sophistication in the smart filter allows quicker
response ' 5/5 20 to a true signal
change happening within the noi se band. Step 70 in Figure 7 would
replace step 25 in figure 3. Li kewi se step 74 replaces step 27. Al of
t he ot her steps in Figure 3 remain as is with the addition of the
steps in 5 Figure 7. In step 70, the smart filter determnes if
the delta value is zero or if the delta value is in conflict with the
past trend in CSB by conparing the polarities of the delta value with
the CSB. If this is the case, CSB and NBCSB are 10 both set to zero as
shown in step 74. O herw se, the ~—
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ab¥pThie delta value is checked in step Wm@eféhﬁ?ne i f REPLA@EME@ SH
than AMI3. If not, then we proceed to step 26 as shown by{ 7F- L EH
If the absolute delta value is |less than AMI3 then we 15 procke L(}ﬁﬁ

73. At this point we are operating inside of the noise bgnd déf lﬂB?
AMI3. Step 73 determines if the delgaa value is in conflidt Wwith _{he [
past noi se band trend of NB CSB by conparing the polaritifjes of the T

delta sh%gn;i Wbl iR NBoRE: ke SEUAS! MRr ARBCR! AliRiebHOber

is a is also stored | f
t he noi serejecion 2nddvalitk S@i“@héﬁ”@?ﬁ&ng %eé%lvta ey g sjored andcﬁYeFﬂngéB? é@hdt hen

we proceegighsl chhfie dh be fchdked \Miser butfat the expehstyofdessagiserejedB6iSBropertist). ust ed
by the si gn(DELTA function as shown in step 75 and goes to step 77.

25 Step 77 asks if the absol ute val ue of the noi se band trend
NBCSB is greater or equal ; AR Y Is set back to zero

In step 78 ang {NaNQe el ﬁfe%&lt%ﬁv&ﬁlon to amehorate one or more disadvantages of
the prior art.

According to one aspect of the present invention there is provided a device having
an input and an output, said device operating in repetitively occurring predetermined
intervals of time, a method for processing a digital signal at said input during that one of
said predetermined intervals of time which is presently occurring to thereby provide a
filtered digital signal at said output, said device including means for storing said filtered
digital signal at said output and a trend indicator, said method comprising the steps
of: a) calculating the difference in amplitude between said digital signal at said input
during said presently occurring one of said predetermined intervals of time and said
filtered digital signal at said output stored in said means for storing during a previously
occurring one of said predetermined intervals of time; b) determining whether said trend
indicator stored in said means for storing during said previously occurring one of said
predetermined intervals of time permits a tracking credit; c) .calculating the permitted
tracking credit as a function of an assumed noiseband of said digital signal at said input
during said presently occurring one of said predetermined intervals of time and said

difference in amplitude; d) comparing said difference in amplitude:

i.  to said trend indicator; and '

il. to a predetermined amount based on a function of said assumed noiseband;

e) changing said trend indicator:

i to zero either when said difference and said trend indicator disagree or when the
absolute value of said difference is less then said predetermined amount based on a
function of said assumed noiseband; or

ii. by adding to said trend indicator the permitted tracking credit and-a predetermined
amount related to the polarity of said difference; :
f) calculating a filter factor based on a function of said trend indicator changed during
said presently occurring one of said predetermined intervals of time; g) using said filter
factor in said device to thereby provide said filtered digital signal at said output; and
h) replacing said filtered digital signal at said output and said trend indicator stored in
said means for storing during said previous-ly 'occurring one of said predetermined
intervals of time with said filtered digital signal and said trend indicator changed during

s



ot

21" " shown by 72 where CSB will be adjusted to show trend ACERENT
recognition. AKWG Is set by the nunber of consecutive sREPLﬂ*ﬁfé d.ﬁfEET
in sane direction within the noise band which woul d consgtiftute a.valid ;
signal change. For example if AMI6 5 is set to 5, then thi$ fedufresttBg ’
signal to trend in the sanme directi,gn within the noise bpapd_for at

| east 5 consecutive control cycles before adjusthg CSB todrepreﬁ?ntr

a valid si |t shoul d be noted that it desirable t 0
linit the sat @d’%ﬁ Qﬂcu% oRg3ofspid %Fﬁget@nlzmdrl%%@d Qfntime aetsa@ame?n%fgr
version istypingrent ed using the present invention. For exanple | f

CSB and NBCSB

val ues nust béﬁaclrcﬁ’fgrlﬁéag Saﬁgtglgp&g%egfl?? éﬂé]%gesg%tt lglivﬁlgfm\, %geg I%E% e’l’?f’ to

prevent fhavingvenf input ngnd e obBpubytseid Tewise s aperating)gins tremetitiaplyl |oeeuxtrmg

ot her val
represent

ﬁﬁons cﬁsmtervals g?'-:t?hé- ?ri'ﬁieb ) eg}dﬁr&& ]Fﬁg :{ ﬁnfgmi & gﬁ?ﬁﬁt said input

i npl enent duripg §h;§50nﬁeq>ﬁ said predetermmed mtervals of time which is presently occurring to

thereby provide a filtered digital signal at said output, said digital signal at said input
having an assumed noiseband, said device including means for storing said filtered
digital signal at said output, a first trend indicator and a second trend indicator based on
said assumed noiseband, said method comprising the steps of: a) calculating the
difference in amplitude between said digital signal at said input during said presently
occurring one of said predetermined intervals of time and said filtered digital signal at
said output stored in said means for storing during a previously occurring one of said
predetermined intervals of time; b) determining whether said first trend indicator stored
in said means for storing during said previously occurring one of said predetermined
intervals of time permits a tracking credit; c) calculating the permitted tracking credit as
a function of said assumed noiseband of said digital signal at said input during said
presently occurring one of said predetermined intervals of time and said difference in
digital signal amplitude; d) comparing said difference in said digital signal amplitude:

i.  to said first trend indicator; _

ii. to a first predetermined amount based on a function of said assumed noiseband;
and

iii. to zero;

€) changing both said first and said second trend indicators to zero either;

i. when said difference and said first trend indicator disagree; or

ii.  when said difference is equal to zero; or

ili. when the absolute value of said difference is less then said first predetermined
amount based on a function of said assumed noiseband and said difference disagrees with
said- second trend indicator; or adding to said first trend indicator the permitted tracking
credit and a first predetermined amount related to the polarity of said difference, when
the absolute value of said difference is not less than said first predetermined amount
based on a function of said assumed noiseband; or changing said second trend indicator
by adding thereto a second predetermined amount related to the polarity of said
difference, if said difference agrees with said second trend indicator, and then, if the
absolute value of said second trend indicator is greater then a second predetermined
amount based on a function of said assumed noiseband, changing said second trend
indicator to zero and adding to said first trend indicator the permitted tracking credit and



Aot her val uabl e property of this extension of the presen
Is that the NBCSB can be applied to the 20 increnent-decrenen

R‘EEMWENT SHEET

descri bed earlier for integer format applications. This ip pecause The
extension al |l ows signal tracking within the noise band; thefe ? cFl‘t zgg?
I nteger applications, the smart filter o put no | onger woul d ree
change by one regardless in order to track a 25 signal changdg ©-6tH-d

. . es AMI as in ste
change. by e ol biatfien S Bt A SRR ity of sid SRS Step

t racki ng ;ﬂ)ldaldlﬂatmgt dntﬁlter rfector basegd ofe fAmmtion HOf Ishidr firstttrent intlicawwh ahgagever y

cycl e.

during said presently occurring one of said predetermined intervals of time; g) using
said filter factor in said device to thereby provide said filtered digital signal at said
output; and h) replacing said filtered digital signal at said output and said first and
second trend indicators stored in said means for storing during said previously occurring
one of said predetermined intervals of time with said filtered digital signal and said first
and second trend indicator changed during said presently occurring one of said
predetermined intervals of time in said means for storing.

A "smart filter" is used in the preferred embodiment of the invention to determine
how to adjust a value in a recursive fashion every control cycle. The technique lies in
the ability to differentiate between random noise, noise spikes and true input signal
change which appear at the input to the industrial controller. The smart filter uses this
distinction to assign dynamic damping weight factors to the filter. The technique may
use any type of filter of digital signal processing (DSP) technique such as, but not
limited to, a lag filter, windowed filter, or a moving average filter.

The invention will now be described by way of example with reference to the
accompanying drawings, throughout which like parts are referred to by like references,
and in which:

Figure 1 is a general block diagram of an industrial process control loop wherein a
smart filter embodying the present invention can be used;

_ Figure 2 is a block diagram of the hardware within the controller of the loop of
Figure 1;
Figure 3 is a flow chart that depicts the programming



-23- ‘ CLAI M5 1. In a device

havi ng an input and an output, said device operating in repetitively

occurring predetermned intervals of tinme, a nethod for proces MENT Qe
digital signal at said input during that one of said predeter Rgrgg&ggl‘-giiéfit‘
intervals of tine which is presently ocgurring to thereby proyife a ...
filtered digital signal at said output, Said device including|mpals? ikl 1997
storing said filtered digital signal at said output and a tren L ndi cat or,
sai d nmethod conprising the steps of: CLAIMS) calculating the difference
In anplitude between said digital signal at said input during~se+d —
presently occdrri g andevide $avitigpardmpet randean i oitputy adasd afevicenmepemating sai d
filtered digital signal at said output stored in said neans for storing

during a repetitivelystogurringipredeigroined dnteswalsdofptime ca aethadetvriprocassing @ digitali ne;

b) - determ ning whether said trend indicator stored_ in said means for,

storing @&ignphat saifdinpuie dnidng thatqeneyef s#g pradetepmined antgivalscok fimenwhich is
intervals of tinme permts a trackipg edit; . . C .calculatjng the
per ni t t ed PFSSSRILY AEFUHFBGQ theseby PRI b filteped digitzd §Lzﬁé'd3t SAi5) QB §ai deyieq

PR T e R R
compar i ng g ol {hERES obbhpAll''dEps of . tosaid trend

i ndi cat or;

a) calculating the difference in amplitude between said digital signal at said
input during said presently occurring one of said predetermined intervals of time and
said filtered digital signal at said output stored in said means for storing during a
previously occurring one of said predetermined intervals of time;

b) determining whether said trend indicator stored in said means for storing
during said previously occurring one of said predetermined intervals of time permits a
tracking credit;

¢) calculating the permitted tracking credit as a function of an assumed
noiseband of said digital signal at said input during said presently occurring one of said
predetermined intervals of time and said difference in amplitude;

d) comparing said difference in amplitude:

i to said trend indicator; and

ii. to a predetermined amount based on a function of said assumed
noiseband;

"e) changing said trend indicator:

i.  to zero either when said difference and said trend indicator disagree or
when the absolute value of said difference is less then said predetermined amount based
on a function of said assumed noiseband; or

ii. by adding to said- trend indi;:ator the permitted tracking credit and a

predetermined amount related to the polarity of said difference;

e ——

L



ii to a predeternined amount based on a function of said assuped
noi seband; e) changing said trend indicator: REP NP QHEE
ei ther when said difference and said trend indicator disagree Lthel Bl
absol ute value of said difference is |less then said predeterm ned amount

ifi.] by UEC 1997

based on a function of said assuned nqi,geband; or
adding to said trend indicator the permtted tracking credit ard |a
predet erm ned anmount related to the polarity of said differencq; _
- 24 - f) caleblatihgtai filgerafaétor bavedfoncd @inction of said teerkiindickp-cbbnged.d...
trend indi cator changed during said presently occurring one of said

pr edet er mdneiug isaitl presently otcurrimg ;one of said)predeteymimpdsiatedvals bf emef act or in sai d
device to thereby provide said filtered digital signal at said output; and

h)  repl aci n@ saiugingisaidfiltgr fckor: i said dewice b thezaby proviset saidh filtsredadigitaind

I ndicator stored jn said ans for storing during said previously occurring

one of safignatEsaldPHPHeaM ntervals of tine with said filtered digital

of aal d pr edohbr PRItFiHh BB, Hrel PSR ok, R S gregtadicatot o
ropet 11 vERGE L Bt eBPe s FC e o hRHE  wf STBHI ZoSRRRk | Bt 1), seid
| vEFocturPFnd predet eriftied P
o1 cdet or PRRgR AR eVl of He G s e iy SR 807 Bl S ety
Pr oV e ackrgtiatiogild Phesit Beuing Shél of Y redeiBnshng hubAla1s bl A

sai d i nput having an assuned noi seband, sai I ce 1 ncluding nean
said means for storing.

2. In a device baving an input and an output, said device operating in
repetitively occurring predetermined intervals of time, a method for processing a digital
signal at said input during that one of said predetermined intervals of time which is
presently occurring to thereby provide a filtered digital signal at said output, said digital
signal at said input having an assumed noiseband, said device including means for
storing said filtered digital signal at said output, a first trend indicator and a second trend
indicator based on said assumed noiseband, said method comprising the steps of:

a) calculating the difference in amplitude between said digital signal at said
input during said presently occurring one of said predetermined intervals of time and
said filtered digital signal at said output stored in said means for storing during a
previously occurring one o.f said predetermined intervals of time;

b)  determining whether said first trend indicator stored in said means for storing
during said previously occurring one of said predetermined intervals of time permits a
tracking credit;

¢) calculating the permitted tracking credit as a function of said assumed
noiseband of said digital signal at said input during said presently occurring one of said
predetermined intervals of time and said differénce in digital signal amplitude;

d) comparing said difference in said digital signal amplitude:

%* c L M S *




st‘*"’oriné~ said filtered digital signal at said output, a first trend

I ndi cat or I
said nethod conprising the steps of: a) calculating theft Eﬁﬁbe
in anplitude between said digital signal at said input during Jsdid
presently occurring one of said predetepgined intervals of ti
filtered digital signal at said output stored in said neans f
during a previously occurring one of said predeterm ned inter

and a second trend i ndicator based on said assuned

r fstoring

anfl s i 1997

)
e
ot

b)  determining whet kesaid irst tiindsnditatend i ndi cator stored in jsaid _neans
for storing during said previously occurring one of said predefermined
interval s of tinmeiiper m nsfirat presieicrminedr amdunt based on @) functien ©f| @id aAtpumed

permtted tracking credit as a function of said assumed noi seband of said
shejsetandt anxhi d i nput during said presently occurring one of said

di gi tal

£ gt 3
_aI STOoT—TT1e,

predeterm ned intervals of tine and said difference in digital signal
arrp: ! tuge; dil. EE¥Aring said difference in said digital signal
anpl 1 tude: . . . . 1 -25- .

to said first€}rerkanging bothgpid first and said secppd trepd, imdigators to gero SIther: ; o

(o zoror o oyt ol BB O e HeRE o e or

indicators to zerg ei h 'said difference is équalto%f‘d}.o?ai d difference and said
~Uor Ui

first trend indicafor disagree;

equal to zero; Orji  when the hbdolutdh@ilud b8 @b UifftRnYd|ibiclesy thetl @aid first
difference is less then said first

predetermined amount based on a function of said assumed noiseband and said difference
disagrees with said second trend indicator; or

adding to said first trend indicator the permitted tracking credit and a first

predetermined amount related to the polarity of said difference, when the absolute value

of said difference is not less than said first predetermined amount based on a function of
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changing said second trend indicator by adding thereto a second predetermined
amount related to the polarity of said difference; if said difference agrees with said
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difference;

f)  calculating a filter factor based on a function of said first trend indicator
changed during said presently occurring one of said predetermined intervals of time;

g) using said filter factor in said device to thereby provide said filtered digital

signal at said output; and
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-26'- "7 R) replacing said filtered digital signal at .said output and
said first and second trend indicators stored in said nmeans_for storing

during said previously occurring one of said predeterm ned
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DIGITALLY PROCESSING AND FII.TERIN IGNAL

A device (10) includes a filter such as a lag filter

for digitally processing and filtering signals used in

industrial control applications. The method provides a

factor which is used by the filter to process the digital

signal at the input (12) to the device (10).

The method

determines if the change in the input signal is either due

to noise or a valid signal change. Information which gives

a past analysis of the trend in direction of the signal at

the input to the device is used. The trend information

includes a factor representative of the past history of the

trend. The method uses the most recent trend indicator to

determine to a reasonable degree of confidence if the

signal currently at the input to the device is or is not

characteristic of noise. If the signal is not considered

to be characteristic of noise, then the method adjusts the

trend indicator by a tracking credit. The tracking credit

is, in effect, a further degree of confidence that change

"in the input signal is not characteristic of noise.

Figure 1



