2 4 SEP 2003 1 A METHOD FOR DETECTI NG AND REMOVI NG HOALI NG  Fi el d2qf SEP 2003
I nvention This invention relates to a nmethod of detecting and renoving

how ing froman audio system It relates particularly but not exclusively
to a nethod which involves converting an anal ogue signal originating from
a mcrophone into a to digital signal and undertaking the follow ng
processing within a digital signal processor before conversion back into an
anal ogue signal - (i) analysing the digital input signal to detect the

gnal - i g g ect th
G gi ol i mput si ot T RO PREDRIGTIRG ANFRERICVING HoWLHET D, "Pre

synt hesi zed signal into an adaptive how ing canceller (iv) nmeasuring the

di gital out. ' . fromthe adaptive howing can celler and accordingly
nmodi fyi ngﬁgomcgigﬂ%?wﬁ'{ hin the adaptive how ing canceller. Background to

the invention Audio anplification systens consisting of a m crophone and

| oudspeakey, .are conmonl used for a wide variety of applications such as
publ i c adg\E'B% é‘B’f“‘éﬂh“‘—Eﬂéﬁ toaf medhrdoptk deteqting and rempying hpwiling froaw ke audiosks,

| ecture thgatmest Me%diﬂrlyrlﬁ@ﬁ&éxghﬁﬁe\?ﬁ%&?&ﬁo&’@vﬁi@h H%@g@?gé]%@g of

m crophone | oudspeaker systens. As such, ere is a nee ordabl e
and ef f ectihAB2legumsizeal opgimping frem amigrapbamsyintucp tordigitel eignalaind enddrakinger i t

The mm cr ophoruo VAot 8link Mufles SRl AP PR RRRSR Eiveigom BaieR obout s
when' t he aogleges $igea)st(@mnalysippithd digitaldnpusizmelds drtathcipeeseade difionaig! d; t he
exact thr ed?lgo\lv eriesh(g“ed?negm;se r&%tegtgdt&? processing the digital input signal to form a
synthesized signal (iii) passing the synthesized signal into an adaptive howling canceller
(iv) measuring the digital output signal from the adapﬁve howling caﬂceller and

accordingly modifying processing within the adaptive howling canceller.
Background to the Invention

Audio amplification systems consisting of a microphone and loudspeaker are commonly
used for a wide variety of applications such as public addresses and musical concerts. It
is common for karaoke kiosks, lecture theatres and seminar rooms to be equipped with
these types of microphone loudspeaker systems. As such, there is a need for an

affordable and effective means of preventing and removing unwanted noise whenever it

occurs.

It is common for the noise from the loudspeaker to be picked up by the microphone. This
results is what is known as “howling”. Howling occurs when' the overall system
amplification exceeds a particular threshold; the exact threshold is dependent on the
system and the characteristics of the room. Positive feedback of an audio signal in the
system may result in the generation of a high energy noise which can be irTitating to

listeners, and it is this noise which is known as “howling”.



system and the characteristics of the room Positive feedback of rd £gpi 2003
si'lgnal in the systemnmay result in the generation of a high energy nol se
which can be irritating to listeners, and it is this noise which is known
as "howing". 2 4 SEP 2003 z A conventional howing renoval or feedback
elimnation systemis nmade up of couples of either anal ogue or digital
filters which are connected in series, 2These filters have an adj ustabl e
gain which typically nust be nmanual ly adjusted to sel ectively block out a

certain ba t ' he. in lgnal .. A co n.t of filter used
for f eedba‘ggcogg ];ﬁ%ﬂ%a G%frlll Eonrgmrg"éa tﬁ)c;f élegrgwacgse%g“%artgﬂﬁ?m%g@dﬁﬁqﬁﬁ &p O&cogﬁes

par anet ri cofegjthet ardogue Ar gigifahfiltters edtic irz eoneorb lig serfd] USesEhker®hatds
relative le elé‘f’ﬁ’é()f an audi o .silg,nal ag]oss he fre uencY spect rum

typi cal |y THISERES £ WRIGR caRfed Yo peinRen Manuatly cadiistad toatslastively itgckaewr by
finding t herald Beid dfes?eaﬁt inttRe {dpat £iERAUSDEMAbN iR M?e?itﬁ&ijfcfr‘??éﬂﬂg«gé(’ and
o] 'l audi o

| oweri ng tr]e .l evel that slider. However, thi's neans that a

si gnal s whi EWDARRNe OF redyGlertised graphiq peualiser, e p dEHimAy i@ seualigen i eraphice wil |
have thei redugNah snfidsStRiSd ol ' | L. i f .the audio
producti onf.:d A pargrretsr i jél.ﬁequgtf'i zgrrélg%‘%l e uésfré%aﬁhgmc‘#%g{ %g‘ggsrtr%ér/%gquﬁlr]@/ci se
"notch" i nsPesieuraytiipicaly ginadnefthind ustroy isprenientanFedibaclusen depeliringted i o/

equal i zer | gal J;? ser t eci f) fr ency, and a

bandui dth FadR ﬂr?eegé‘}jl% %g‘l'gg?" &ﬁgﬁféer Bsitey ot B fridesitedd feegbatky andlioiegng hnal .
However, tlaeelfod ¢iei alider cHoweveatthis mqanothasall awlio Sighdld whithtiabairedurRéigsise.

There are geveral di.sadvantages to these howling reduction filters. The
exact' cal tﬁ% Fﬁ??sgﬂnélﬂ% 88%'@“ e} 8 §mh n‘ﬂ{’%@‘eg\y Yebnittepuated, and thip gans ivepaiss st ul

reduction thé qbslity iof thel fudidiFDQRUGA! A PAral2ficSdgublize? bart BEusTANY BlealRERBlOr and

the settin rgcis?eh%;so%cqi” in the audio signal ﬁeqﬁency spectrum, because a parametrilc equalizer
typically enables the user to specify a frequency and a bandwidth for a reduction or
increase in the level of the audio signal. However, the feedback elimination process is

still somewhat imprecise.

There are several disadvantages to these howling reduction filters. The exact'calibration
needed depends on the system. As such, the successful reduction of howling is

dependent on the skill of the manual operator and the settings chosen.

Another major disadvantage with filters such as these is that they tend to indiscriminately
remove a particular band of frequency. This can result in the removal of more than just
the howling. This can resuit in a degradation of the signal even when howling does not
occur. This is a particular problem where a large range of the spectrumE is filtered
resulting in a significant degradation of the signal. Another problem with filtering out
howling over a wide spectrum is that typically additional hardware in the form of filters
must be added to increase the frequency range which can be filtered. :

Where the howling frequency falls between the filter frequencies there 1s a further
disadvantage that the howling may not be;removed effectively. '



Anot'her 'maj or di sadvantage with filters such as these is that. thezéegﬂ, t@a
indiscrimnately renobve a particul ar: band of frequency. This can sttt H
the renoval of nore than just the howing. This can result in a
degradation of the signal even when how ing does not occur. This is a
particul ar problem where a | arge range of the spectrumis filtered
resulting in a significant degradaticn 8f the signal. Another problemwith
filtering out howling over a wide spectrumis that typically additional

har dwar e | . | . nust be added to increase the frequency
range whi cg_hggﬁjeggf%ﬁrg;r%h&%@leop e fohoé'ef?(gmei #Silrefsf %%]&HW ng|or snpepfdeen t he
filter fredisednsintages dtfgheprier at.f urt her di sadvant age that the how i ng may
not be; renoved effectively. 2 4 SEP 2003 3 The object of the present

i nvention is to overcone, address or alleviate one or nore of the

di sadvant a§esnaary be thé ifverition Summary of the Invention According to the
present invention there is provided a nethod of detecting and renoving

how i ng froman audi o system including the follow ng steps converting an

anal ogue i it ' ' Mol ' ignal - apal ysin he
digital i n%ﬁ?érs_i gng{)ﬂ-_'t%o&?gtle gtc:{mgﬂg?'g’(t: erIral%sP k%&%%gr@%ﬁ'wa‘gd@?%@%&é |
pr ocessi ngreN@wna thiemling frame agi ayidiasystem, inctidingithe folloRirRy stepe —t he presence

o 71 ) ey RIS B Ayl " gn
and the no(lde rafabrsimgabe diggalahpitaighalad detect characteristics thereof;
(c) applying a processing algorithm to the digital input signal to determine the
presence of howling;
(d) using an adaptive predictor to produce a narrowband waveform noise
reference signal;
(e}  passing the digital input signal and the noise reference signal into an
adaptive howling canceller, wherein the signals are processed using a Finite
Impulse Response filter to filter howling from the input digital signal i:n order to
praduce an output digital signal;
(p analysing the output digital signal and modifying processing of the adaptive
howling canceller in response to characteristics of the analysed output digital signal; and

(8)  converting the digital output signal into an analogue audio signal.

The step of analysing the digital input signal may be accomplished in any suitable
manner. It is preferred that the step of analysing includes buffering the signaI:in a fixed-
length array. '

Any suitable characteristics of the digital input signal may be detected in the step of
analysing the digital input signal. It is preferred that the characteristics detected in the
step of analysing the digital input signal include pitch, energy and gain.



adaptive how ing canceller, wherein, the signals are processed uzg'n EP ?[103
Finite |Inpulse Response filter to filter howing fromthe input i§| a
-signal in order to produce an output digital signal; (t) analysing the
out put digital signal and nodifying processing of the adaptive howing
canceller in response to characteristics of the anal ysed output digital
signal; and (g) converting the digital4output signal into an anal ogue

audi o signal. The step of analysing the digital input signal may be

acconpl i sh [ ny suitabl e nner. It is preferred that the step of

anal ysi ng ?ﬁe(:lpg(gje%g%%fa?%oﬁ ﬁﬁge@ifgﬁa? qigitah ippylegignal emgy rheaamaysuitaely

sui tabl e calgorthireln & preferréf arfaderflend] thélprd BRIy 3¢ AL cg@{stpgf 9reih§ cted in the
step of a&glﬁ/smg Eg?s? digital input signal. It is preferred itha T o
char act er i &5} trasfuB-in the step of analysing the digital input signal
I nclude pitch, energy and gain. 2 4 SEP 2003 The processing al gorithm
applied to _the digital input signal may be any suitable algorithm In a
pref erred B Ristraaeef lowling masokeedesdctey aatayding tdanycauitabls t@hRiqu@rAdcbiiingdes a

fast Fourigroper . nce of how in .be detected according
to any sui?aotﬁe eﬁﬁg&ﬁﬁ%ﬂgﬁg’ (?'E:%?‘ﬁ"lgn%g ‘Pm%ﬂeo%gﬁ tgg‘yﬁllé atcepfipnt qaerowhansow i ng
flag is tusiEnaliobn piticulaepiech sdat hassi predeternis@uans 1ol Ut Ghify s | cul ar
pitch and aqzealtﬁegst % r.e%et e.rgiged energy |l evel which continues Tor at

| east a prédaret Ref -%‘%BQ"? RFFo8PTfiMSe  According to a preferred arrangement,
the processing in the adaptive howing canceller is nodified by nodifying
the filter, co-effici en% of the Finite Inpul se Response filter- in response

to char act&fPE]ingto a,pre efed AFrangeaient, sherpsoeesdigyintthe adapgrahowling canceller is
modified by modifying the filter co-efficient of the Finite Impulse Responée filter in
response to charactetistics of the analysed output digital signal.

Brief Description of the Drawings

The invention will hereinafter be described in greater detail by reference to the attached
drawings, which show an example of the prior art and illustrate an example form of the
invention. It is to be understood that the particularity of the drawing does notl supersede

the generality of the preceding descriptioq of the invention. In the drawings :

Figure 1 is a drawing of the physical components present in the howling remoﬁ.l system
used in the prior art. |

Figure 2 is a block diagram illustrating the hardware components of the present
invention. |

Figure 3 is a schematic diagram illustrating the processing of the input signal Iaccording

to one embodiment of the invention.

Figure 4 is a flowchart illustrating the algorithms involved in processing of a signal

according to an embodiment of the invention.



Brief Description of the Drawi ngs The invention will hereinafter baz 2003
.described in greater detail by reference to the attached draw ngs, \ﬁhﬁﬁﬁ

- show an exanple of the: prior art and illustrate an exanple formof t
invention. It is to be understood that the particularity of the draw

does not supersede

invention. In the drawings : Figure 1 i% a drawing of the physi cal .
conponents present in the howing renoval system used in the prior art.
Figure 2 is a block diagramillustrating the hardware conponents of the

pr esent

I nvention. Figure 3 is a schematic diagramillustrating the

processi ngFigrd Heis ianflotvclirgiimbtrAngohel ia@ritinds HveNedIe ProRMin®br b€gnal
invention. Figure 4 is a fIOV\cF%t illustrating the algorithnms i nvoﬁaved in

pr ocessi ng*GPTAngioARAmbodiment g

IVENURR. enhodi ment of the invention

he
ng

the generality of the preceding description of the

2 4

SEP 2003 Figure 5 is a flowhart illustrating the, algorithnms involved in
processing _of a signal according to an enbodi nent of the invention.
6 is a flofigHEs € is 2 flawehert Wiystmtivg qwetensing in one aspepeof thef adaptiveatiowting e

howl i ng

capeéld.er. Detailed Description The hardware conponents for

conventional how ing renoval systemof the prior art is illustrated

Figure 1. The signal

of fil tersDb&iFe%chS%gBéﬁmen the m crophone and the | oudspeaker. Typi

each filter 1s a

spectrumwhich results in the :

The hardware components for conventional howling removal system of the prior art is
illustrated in Figure 1. The signal from the microphone is filtered by arranging a number
of filters in series between the microphone and the loudspeaker. Typically, eﬁch filter is
adjusted manually in an attempt to b]ocki out the frequency spectrum which results in the

howling.

The hardware components of the present invention are illustrated in Figure 2. The
components consist of a converter from analogue to digital, digital signal prﬁcessor and
digital to analogue converter, The signal from the microphone is converted from
analogue to digital in the analogue-digi@ converter. The signal is then processed to
remove howling in the digital signal processor and then converted from digital to

analogue to be fed to the loudspeaker.

The analogue signal from the microphone is digitised with a 16-bit analdgue-digital
converter with a 16 kHz sampling frequency. The digitised signal is then buffered and
stored in an array of fixed length. The stored signal is then processed to éstimate..‘its
pitch, preferably using the Gold-Rabiner method. The stored signal is also used to
compute the energy and gain of the signal. |

The presence of howling is then estimated by processing this computed information and
utilising a Fast Fourier Transform algorithm. Howling is identified by a rather constant
narrowband pitch within the signal. This pitch is typically at a very high energy

Fi gure

in

fromthe mcrophone is filtered by arrangi ng a nunber

cally,

oFf'anually in an attenpt to bl ock out the frequency



how i ng: The hardware conmponents of the present invention are iIIu?tl'r %tpd?fﬂ[lf]
in Figure 2. The conponents consist of a converter from anal ogue To
-digital, digital signal processor and digital to anal ogue converter, The
signal fromthe m crophone is converted from analogue to digital in the
anal ogue-di gital converter. The signal:is then processed to renove how i ng
in the digital signal processor and tiheh converted fromdigital to

anal ogue to be fed to the | oudspeaker. The anal ogue signal fromthe

m cr ophonecdginfing i .\ T - Di aﬂg}ou-di i ta onverter with a 16
kHz sanpl.i ?\g e tﬁn%é&léyh%ﬁaﬁ%?o&gesrethmél n’B? ?@BP%‘?‘?GE?B‘F&%&E}EP’%‘RPS“% ored
in an ar r agre dptefted guthe siggsln hoWlmgSlagrieansidgnal i s then processed to
estimate. its pitch, preferably using the Gol d-Rabi ner nethod. The stored
signal is.also used to conpute the energy and gain of the signal. The
presence oWhbmwhiengdapsive Nrediest iifabmed a BeCfiHas isgalt

I nformati on ar&g, (gti lising a Fast Fourier ‘flzr gﬁsf g%%qaapgﬁﬁ@?%%{%\ﬁiahg S

i denti fi ed™5PVRapd siwsoidd nuavefrm. n Ahes\ibahawling dlagvis mhiivatednthesiimsaidal Thi s
pitch i's typlegathl ¥ fal inf MELYaphivPredie)d 20,2093, Gontd nuing for a
period of tinme Iongerm_t han 1%% rTEr &ﬁ%ﬂwp %sé’ﬁﬁ%%e?‘%%}'uéﬁ*? ea‘é’?‘éeg?’gl?scs
det ect ed i hnaisferefareien signalodiatergdihglndilies dutthedowiing fidhethe inpuesigaapt i ve
predictor is turned on the input signal is used to produce a ' narrowband
si nusoi dal waveform Wien the howing flag is activated the, sinusoidal
wavef or m i A ubgualised deasheyuatagipdritembaeddi 6 ﬂié-it&fﬁh%i@dla&{ei isRIsfke LRlcelUS €S

how i ng- S Pingie s ifhafv< Refisforai e dier sas fongth s apeygie mtrased. on
the input =¢ dasdd emahgingud sifRM ehdtgfaNTR! structure used in the adaptive howling ‘
canceller is illustrated in Figure 3. This shows the passage of the input spéech signal
through adaptive filters and adaptive algorithms which eliminate howling, thréugh to the
output speech signal. '

are

The convergence of algorithm within the adaptive howling canceller is modified by
monitoring the signal after the howling removal process. This acts as a means for
controlling the adaptivc filter and accelerating the convergence used. The cdcﬁicients of
the glgorithm in the adaptive filter are trained by monitoring the output of thie adaptive
filter. This ensures that these coefficients are at their optimum value for fast and efficient
removal of howling. The adaptive howling canceller is trained by using the last 160
digitised signals. This modification of the coefficients minimises the large initial
howling signal sent to the loudspeaker.

An overall flowchart of the method is illustrated in Figure 4. The data buffers are
initialised together with the digital signal processor (DSP), analogue to digital éonverters
(ADC) and digital to analogue converters (DAC) and timers. The input signal is then
accepted ready to perform the method of the present invention,

Further flowcharts of aspects of the method of the present invention are illustrated in
Figure 5 & 6. In the flowchart of F igure 5, data from one frame is read. From this, pitch



out the howling in the adaptive prediictor. The filter taps length arfd} SEP 2003
convergence factor are based on the jinput signal energy. The structure
used in the adaptive howing canceller is illustrated in Figure 3. This.
shows the passage of the input speech signal through adaptive filters 'and
adaptive algorithnms which elimnate howing, through to the output speech
signal . The convergence of algorithmw%hin the adaptive howing cancell er
is nodified by nonitoring the signal after the howing renmoval process.
This acts .as a neans for controlling.the adaptive filter and accel erating
t he conver‘a<§f13\‘5'8“tﬁ§1'eEI‘.“J Sfﬁ% theodignal eneafy for dhe g?‘ﬁg ISqogadh Mepsrementa Hapy i ve
filter arendmebietram¥s ARNcHAPrdd tb MRtePMInRUSitcRf reb®erRdaMd Wencd itd d&fect THi s
ensures that these coefficients are at their optinumvalue for fast and
ef fici ent hovdipgy aWhefe howlingnis. detiseedathe pdaptve Huedictay iscantivated do. gererate s ned by

using the di. o & ' T I £ ' ' .
coeffici enlj'tege?%c%?%ng]ég% ﬂ,‘;%ﬁ%}tglg%% felcgluy tﬁ% I nigt&is:?%{r{]cgﬁmgé}{{ pst%%ﬂ}]?'nté)

| ouds peak evancehpubvemddimidel tbovbbating. dh Rignee tretheoovengve hlethetl rimtaefetrédntoFdygur e 4.
The dat a bt ffer s“m i Ej,ti alised together with the digital signal
processor klf)gla-;f‘? %Ia € to digital converters (ADC) and digital to
anal ogue converters (DAC) and tiners. The input signal is then accepted

ready to rformthe nethod of the present, invention. Further. fl owcharts of
aspects oﬁ‘e‘% f’réﬁ’%’él a9t InfqrRPh SEY L FOPHRke AR, g’ﬁ hoving) ?aa@%lﬁaé!f’wﬂefﬁtwm gure 5

& 6. 1n t herdih OBpddatirg Mbddistihesied, MdBE @ dppReE WRGe hb@TRy isSprb Al in FiR thi s,
pitch 2 4 .rskbwgég%ﬁgl S cor?put ed., and t gn t he gi gnglRg essn%rgy. f"(])r the franme

i's conput etse b sdartivenbawvling feqvangy rrsedicter and sadaptivec beting ¢anesligees i ne
pitch r eCLHcEi@&S&dVI@EBjI apmg SyHeR: ﬁi@%&ﬁﬁng iggwsmgm WHEH Cadd Y nl dignatlfd €Ct ed
S ed to, ¢

t he adaptive predi ctor activat nerate a
looped back to the output digital-to-analogue converter.

It is to be understood that various alterations, additions and/or modifications may be

made to the parts previously described “rithout departing from the ambit of the invention.



reference signal, and the adaptive filter receives the generated wav@fipr$aP 2003
and uses this to cancel out or mnimse the howing. In figure 5, the

i nventive method is referred to by the nane "SPHERES'. Figure 6 shows an
interrupt service routine for the how ing cancellation operation. Firstly,
operating node is checked. Mode O applies where howing is present, in

whi ch case the adaptive how ing frequency predictor and adaptive how ing
cancel ler are activated. Mde 1 appliesgwhere no howing is present, in
whi ch case H}E‘Pé nput signal is |ooped back to the out put.

di gi tal -to-anal ogue converter. It is to be understood that various
alterations, additions and/or nodifications may be nade to the parts
previously described w thout departing fromthe anbit of the invention. 2 4
SEP 2002 d ai Amethod Af dasdclinglandfreriavirgdtomtigg frod an ewdiysysigmhiowlidingther om an audi o
system incl.ydin he follow ng steps (a) converting an anal ogue i nput
audi-o si gnalféiﬁ)ﬁ’fr%sgfpﬁi gital input signal; (b) analysing the digital input

signal to detect characteristics ther e(?f,; éjé ﬂ]prﬁ)lyi_n 18 pr ocessi ng
al gori t hm t &cprvegingan analqane pputapdin sieng! iy EEHALIIPE Y4185 pr esence  of

how i ng; (d) wusing an adaptive predictor to produce a harrowband waveform
noi se ref er éNc@aalysingghedigital inppt E‘Pﬂﬁte‘ftﬁgarﬂ?l“gﬁs‘c‘célthef?? ut signal and the

noi se reference signal into an adaptive how ing canceller, wherein the

si gnal s ar e (PrepplEog a grogessng algonthmite the digiel input pgahirleterming the presenge £ | ¢ er

how ing frogeihiginghput digital signal in order to produce an output digital

(d) using an adaptive predictor to produce a narrowband waveform noise referenc:c
signal; | _

(&) passing the digital input signal and the noise reference signal into an adaptive
howling canceller, wherein the signals are processed using a Finite Impulse Respbnse
filter to filter howling from the input digital signal in order to produce an output digiml
signal; :

(F) analysing the output digital signal and modifying processing of the adaptive |
howling canceller in response to characteﬁétics of the analysed output digital signal;
and

€) converting the digital output signal into an analogue audio signal. -

2. A method according to claim | wherein the step of analysing the digital input .
} ‘ signal includes buffering the signal in a fixed-length array whereby the buffer size is
160 samples with sampling frequency of 16KHz.

3. A method according to claim 1 or claim 2 wherein the characteristics detected in the
step of analysing the digital input signal include pitch, energy and gain, using a
processing algorithm consists of or includes a fast Fourier transform , and further using

Gold Rabiner method where the pitch's signal detected.

4. A method according to any one of claims 1 to 3 whereby detection of howling using
a constant narrowband signal of a particular pitch and using a total single energy



signal; (f ) analysing the output digital signal and nodifying pr o?qs%pgam
of the adaptive: howing canceller in response to characteristics of t

anal ysed output digital signal; and (g) converting the digital output
signal into an anal ogue audio signal. 2. A nethod according to claim]l
wherein the step*of analysing the digital input signal includes buffering
the signal in a fixed-length array whereby the buffer size is 160 sanples
wi th sanpling frequency of 16KHz. 3. ‘A nethod according to claiml or claim
2 wherein the characteristics detected in the step of analysing the

digital input signal include pitch, engrgy and gain, using a processing

al gorithmconsists of or include s a fast Fourier transform, and further
usi ng - Gol d RatMfigingrbl Hoampleesidligitized gigeal vithou pghitininiehestbedndsfor A met hod
according 10 afnp@iidnIbr 41kt Fprddeteired JARELDhnEET €CLi ON Oof howing using a
const ant narrowband signal of ‘a parti.cular pitch and using a total single
energy 2 4 SEP 20D3 9 consisting of 160 sanples of digitized signal

Wi t hout partitéani Mbsz . i for at |east a

pr edet er mi ned %%g@%@%@#@@b@pqﬁf gnf%! %sgip{aggggljlrEF?'pnfge P %C%S?f)'}g '5'%% of claims 1
to 4 wherein taaptpedewking qanceller is medifiebyonedifying dwl fillegceefficiedt othe Fiiterodi f i ed

by nodifying t L i Ci : ini.te S sponse filter
usi ng Nor nmal i zteﬁﬁmﬁéegé Bﬁggﬁg‘j éh‘g?‘g’%ﬂ%&%ﬁ%‘r‘ ﬁﬁﬁaﬁ? {‘*W#@E%B dt o

charact eri st i crsspofisetihehagacteristice df theiaplysedthutpiut dipitad sigma| .
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