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CHAPTER .
Custom Filters

]_ 7 3aka3Hbie OUIbTPbI

Most filters have one of the four standard frequency responses: low-pass, high-pass, band-pass or
band-reject. This chapter presents a general method of designing digital filters with an arbitrary
frequency response, tailored to the needs of your particular application. DSP excels in this area,
solving problems that are far above the capabilities of analog electronics. Two important uses of
custom filters are discussed in this chapter: deconvolution, a way of restoring signals that have
undergone an unwanted convolution, and optimal filtering, the problem of separating signals
with overlapping frequency spectra. This is DSP at its best.

BonsmuHcTBO (1)I/IJ'II)TpOB HMECT OJHY M3 YCTBIPCX CTAHAAPTHBIX YACTOTHBLIX XapaKTCPUCTUK!
GUIBTP HIKHUX YacTOT, PUIBTP BEPXHHUX YACTOT, MMOJIOCOBOW MIIH MOJIOCOBOM(3arpaskKaroIIHii).
Orta T7aBa MpeiCTaBiIsAeT 00NN METO MPOSKTUPOBAHMS U(POBBIX (HMUIBTPOB C TPOU3BOIHLHON
YaCTOTHOW XapaKTePUCTHKOM, MPUCTIOCOOIECHHOW K MOTPEOHOCTSM Balllero CHerupUIecKoro
npuwioxkenus. [IOC mpeBocxoauT Apyrux B 3TOM 00IacTH, pemiast mpooieMbl, KOTOPBIE SBIISIOT-
Csl JAJIEKO BBIIIIE BO3MOXKHOCTEH aHAJIOTOBOW 3JIEKTPOHUKHU. JIBa Ba)KHBIX MCIIOIB30BAHUS 3aKa3-
HBIX (QHIBTPOB 00CYKIICHBI B ATOH TJIaBE: OeKOHBOIIOYUsL, TTyTh BOCCTAHOBJICHHSI CUTHAIIOB, KO-
TOpbIE TOJIBEPTIUCH HEXKENAaTeIbHOMY CKPYUMBAaHUIO(CBEPTKE), U ONMUMATbHOU urbmpayuul,
npoOJieMa OTJIENIEHUsI CUTHAJIOB C MEPEKPBhIBAHUEM Ha YacTOTHBIE CTeKTphl. J10 - [IOC B myu-
[IeM ciyJae.

Arbitrary Frequency Response
IIpousBosibHast YUacTOTHAs XapaKTepUCTUKA

The approach used to derive the windowed-sinc filter in the last chapter can also be used to de-
sign filters with virtually any frequency response. The only difference is how the desired re-
sponse is moved from the frequency domain into the time domain. In the windowed-sinc filter,
the frequency response and the filter kernel are both represented by equations, and the conver-
sion between them is made by evaluating the mathematics of the Fourier transform. In the
method presented here, both signals are represented by arrays of numbers, with a computer pro-
gram (the FFT) being used to find one from the other.

[Toaxoxn ucmonb3yeMblii uToObl Modydath windowed-sinc GuUIbTp B MOCIEAHEH TIaBE MOXKET
TaKXXe HUCIOJIb30BAThCSA, YTOOBI MMPOEKTUPOBATh (PUIBTPHI C (PaKTHUECKHU JII00O0H YacTOTHOM Xa-
pakTepucTukoi. EquHCTBeHHAsI pa3HOCTD - TO, KaK JKeJIaTeNIbHbIM OTBET MepeMelleH OT 4acTOoT-
HOT'O JOMEHa B JJoMeH BpeMmeHu. B ¢punbrpe windowed-sine, yacToTHast XxapakTepUCTHKA H SIAPO
¢unbTpa 06a NpeaCcTaBleHbl ypagHeHUAMU, U TIPEoOpa3oBaHue MEXLy HUIMH CIEIaHO, OIICHUBAs
mamemamuxy npeodpazoBanust Oyprse. B Meroze, npeacTaBieHHOM 371ech, 00a CUrHajla Ipe-
CTaBJICHBI Maccusamu uucei, ¢ komnvromeprou npoepammot (BI1D) ncrnonpzyeMoit, 9To0bI HaM-
TH OZHO OT JIPYTOro.

Figure 17-1 shows an example of how this works. The frequency response we want the filter to
produce is shown in (a). To say the least, it is very irregular and would be virtually impossible to
obtain with analog electronics. This ideal frequency response is defined by an array of numbers
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that have been selected, not some mathematical equation. In this example, there are 513 samples
spread between 0 and 0.5 of the sampling rate. More points could be used to better represent the
desired frequency response, while a smaller number may be needed to reduce the computation
time during the filter design. However, these concerns are usually small, and 513 is a good
length for most applications.

Pucynok 17-1 moka3piBaeT mpuMep TOTO, Kak 3T0 paboraeT. YacToTHAs XapaKTepUCTHKA, KOTO-
PYIO MBI XOTUM, 4TOOBI (DUIBTP MPOM3BEN, TOKa3biBaeTcs B (a). UToOBI MEHBIIIE TOBOPUTH, 3TO
OYCHb HEMPABUIBHO U ObLIO OBl (PaKTUUECKH HEBO3MOXKHBIM NOIyuUmyb(onpedenums) ¢ aHaJIoro-
BOM JJICGKTPOHUKOW. DTa uaeaidbHas 4YacTOTHAs XapaKTEPUCTHUKA OIpEeIeJieHa MAacCUBOM 4YH-
ces(HOMEpOB), KOTOpbIEe ObLTH OTOOPaHBI, HE HEKOTOPOE MAaTeMAaTHYECKOe ypaBHeHHE. B aTom
npumepe, umeetcst 513 BEIOOPOK pacmpocTpaHeHHBIX MKy O u 0.5 yacToThl BRIOOPKH. boib-
iee KOJMYECTBO TOUYEK MOTJIO MCIIOJIB30BAThCS, YTOOBI yUIlle MPEICTaBUTh KEIATeIbHYI0 Yac-
TOTHYIO XapaKTEPHUCTUKY, B TO BpeMsl KaK MEHbIIEE YHUCIO MOKET ObITh HEOOXOIUMO, YTOObI
MIPUBECTH BpEeMsI BBIYUCIICHUS B TeUeHHE MpoekTa GpuibTpa. OmHAKO, 3TH 0€CIOKOICTBA OOBIYHO
MaJieHbKHE, 1 513 - Xopomas JyiiHa 1711 OOJBITHHCTBA MPUIIOKEHUH.

Besides the desired magnitude array shown in (a), there must be a corresponding phase array of
the same length. In this example, the phase of the desired frequency response is entirely zero
(this array is not shown in Fig. 17-1). Just as with the magnitude array, the phase array can be
loaded with any arbitrary curve you would like the filter to produce. However, remember that the
first and last samples (i.e., 0 and 512) of the phase array must have a value of zero (or a multiple
of 2w, which is the same thing). The frequency response can also be specified in rectangular form
by defining the array entries for the real and imaginary parts, instead of using the magnitude and
phase.

[TomMuMO KenaTeIbHOr0 MAacCHBa GeuYUH, TIOKA3aHHOTO B (a), TOMHKEH UMEThCSI COOTBETCTBYIO-
i (hazo6wviti MaCCUB TOM k€ caMoi JUIMHBL. B aToM mpumepe, ¢asa xenaTeabHOW 4aCTOTHOM
XapaKTepUCTUKH TOJHOCTBIO HyJIeBask (3TOT MacCUB He moka3biBaeTcs B puc. 17-1). Tak ke, kak
C MacCHMBOM BeJUYMH, (Pa30BbIil MAaCCUB MOXKET OBITh 3arpy:KeH JII000H MPOU3BOJIBHONW KPUBOM,
KOTOpyto Bel X0oTenu Obl, 4ToObI GmiIbTp npousses. OqHaKO, IOMHHUTE, YTO MEPBBIE U MOCIHE-
HHUE BBIOOPKH (TO ecTh, 0 1 512) pazoBoro maccuBa TOJKHBI UMETh 3HAUCHHE HYJis (MU MHOXKH-
TeNb 27, KOTOPBIH SBIISETCS TOU e caMOl Bellblo). YacTOTHAs XapaKTePUCTHKA MOXKET TaKKe
OBITH OIpeJieNieHa B TPSIMOYTOJILHOW (pOpPME, OIIPENeIsisi BXOAbl MAacCHUBA IS 8eUyeCmEeHHbIX 1
MHUMBIX Yacmetl, BMECTO HCTIONb30BAHMSI BETUYMHBI U (a3bl.
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The next step is to take the Inverse DFT to move the filter into the time domain. The quickest
way to do this is to convert the frequency domain to rectangular form, and then use the Inverse
FFT. This results in a 1024 sample signal running from 0 to 1023, as shown in (b). This is the
impulse response that corresponds to the frequency response we want; however, it is not suitable
for use as a filter kernel (more about this shortly). Just as in the last chapter, it needs to be
shifted, truncated, and windowed. In this example, we will design the filter kernel with M = 40,
i.e., 41 points running from sample 0 to sample 40. Table 17-1 shows a computer program that
converts the signal in (b) into the filter kernel shown in (c). As with the windowed-sinc filter, the
points near the ends of the filter kernel are so small that they appear to be zero when plotted.
Don't make the mistake of thinking they can be deleted!

Crnenyronuit mar - 6pats O6pathsrii 11D, uToOs! epemecTuTh GUIBTP B AOMEH BpemeHu. Ca-
MBI OBICTpPBIN CIIOCOO ClIelaTh 3TO COCTOMT B TOM, YTOOBI MPeoOpa3oBaTh YaCTOTHBIA JOMEH K
npsMOYTOJIbHOU (opme, U 3aTeM ucnoib3oBath O0paTHoe BIID. D10 mpuBoauT k 1024 BeIOOD-
KaM curHana, BermomnHstonmmcs ot 0 no 1023, kak mokaszano B (b). To - UMIyIbCHAs Mepeaa-
TOYHasi (PYHKIHMS, KOTOpask COOTBETCTBYET YACTOTHOM XapaKTEPHUCTUKE, KOTOPYIO Mbl XOTHM;
OJTHAKO, 3TO HE TMOAXOJINee JUIsl MCTONb30BAHUS Kak sipo GuiabTpa (0O0JbIIEe OTHOCHUTEIHHO
3TOrO0 BCKOpE). Takxke, Kak B MOCJIEIHEH TiaBe, TpeOyeTcsl OBITh COBUHYMb, YCceub, U 00pabo-
mamu(peanuzoeams) memooom okxa. B 3ToM npumepe, Mbl OyJ1eM IPOEKTUPOBATH SAPO PHUIIBT-
pa c M = 40, To ectb, 41 TOuKON BBIMOJHAEMBIX OT BBIOOpKHU 0, 10 BIOOpKM 40. Tabmuma 17-1
MIOKa3bIBaET KOMIIBIOTEPHYIO IpOrpamMMmy, KOTopas mpeoOpa3oBeiBaeT curHai B (b) B sapo
bunpTpa, mokazanHoe B (c¢). Kak c¢ ¢umprpom windowed-sinc, TOYKHM OKOJO KOHIIOB sIpa
¢GuIbTpa HACTONBKO MaJICHbKUE, YTO OHU, KAXKYTCS, HYJEBBIMH KOTJa cocTaBisiercs rpaduk. He
JienaiTe OlMOKyY U3 pa3MBIIIJICHHUS UX, BO3MOKHOTO yaeHus !

100 'CUSTOM FILTER DESIGN

110 'This program converts an aliased 1024 point impulse response into an M+1 point
120 'filter kernel (such as Fig. 17-1b being converted into Fig. 17-1c)

130 '

140 DIM REX][1023] 'REX] ] holds the signal being converted

150 DIM T[1023] 'T[ ] is a temporary storage buffer

160"

170 P1=3.14159265

180 M% =40 'Set filter kernel length (41 total points)

190"

200 GOSUB XXXX 'Mythical subroutine to load REX] | with impulse response
210"

220 FOR I% =0 TO 1023 'Shift (rotate) the signal M/2 points to the right

230 INDEX% = 1% + M%/2
240 IF INDEX% > 1023 THEN INDEX% = INDEX%-1024
250 T[INDEX%] = REX[1%]
260 NEXT 1%
270"
280 FOR 1% =0 TO 1023
290 REX[1%] = T[1%]
300 NEXT I%
310" '"Truncate and window the signal
320 FOR 1% =0 TO 1023
330 IF 1% <= M% THEN REX[1%] = REX[1%] * (0.54 - 0.46 * COS(2*PI*1%/M%))
340 IF 1% > M% THEN REX[1%] =0
350 NEXT 1%
360" 'The filter kernel now resides in REX[0] to REX[40]
370 END
TABLE 17-1
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FIGURE 17-1. Example of FIR filter design.

Figure (a) shows the desired frequency response, with 513 samples running between 0 to 0.5 of the sampling rate.
Taking the Inverse DFT results in (b), an aliased impulse response composed of 1024 samples. To form the filter
kernel, (c), the aliased impulse response is truncated to M + 1 samples, shifted to the right by samples, and multi-
plied by a Hamming or Blackman window. In this M/2 example, M is 40. The program in Table 17-1 shows how

this is done. The filter kernel is tested by padding it with zeros and taking the DFT, providing the actual frequency
response of the filter, (d).

PUCYHOK 17-1. ITpumep npoekta KUX-OUJIbTPA.

PucyHOK (a) moka3bpIBaeT )KeIaTenbHYI0 YaCTOTHYIO XapaKTEPUCTHKY, € 513 BRIOOpKaMH, BHITOIHSIIOMIAMUCS MEXITY
ot 0 g0 0.5 gactots! BeIOOpKH. B3site O6parHoro 1P mpuBoaut (k (b), cmewannas(3hhext HanoKeHUsI?) UM-
nyJbCHas nepenarouHas (yHKmnus, coctaBieHHas u3 1024 Beibopok. UtoObl GopmupoBaTh siapo (uiabtpa, (C),
CMelIaHHas UMIYJIbCHas mepeaaTroynas GpyHkuus yceueHa Kk M + 1 BbIOOpKaM, cABHHYTa HarpaBo M/2 BbIOOpKa-
MH, ¥ MYJIbTUILTMLIUPOBaHa(yMHOXeHa) OKHOM XAMMuHTa Wwin bivkmana. B atom npumepe, M ects 40. [Iporpamma
B Tabmuine 17-1 mokaspIBaeT, Kak 3TO crenano. Snapo ¢uibTpa MpoBepeHo, AOMONHsL 3To HyJsimMu U Oepst AI1D,
obecrieunBast (PaKTUIECKYIO YACTOTHYIO XapaKTEepUCTUKY GHiIbTpa, (d).

The last step is to test the filter kernel. This is done by taking the DFT (using the FFT) to find the
actual frequency response, as shown in (d). To obtain better resolution in the frequency domain,
pad the filter kernel with zeros before the FFT. For instance, using 1024 total samples (41 in the
filter kernel, plus 983 zeros), results in 513 samples between 0 and 0.5.

[Tocnennuii mar goiKeH MpOBEpUTH saApo uibrpa. IT0 chaemano, Oeps D (ucmomsiys
BII®) uToOB! HallTH (HaKTUUECKYIO YACTOTHYIO XapaKTEPUCTUKY, Kak Moka3aHo B (d). YToOsI mo-
JTY4MTh JYUIIY0 Pa3peliaollyl0 ClIOCOOHOCTh B YaCTOTHOM JIOMEHE, JOMOIHUTE AP0 GUIbTpa
nynsmu niepen bII®. Hanpumep, ucnonszoBanue 1024 monueix BeIOOpok (41 B sinpe ¢unbtpa,
woc 983 nyist), mpuBoAsT K 513 BeIOOpKaM Mexay O u 0.5.
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As shown in Fig. 17-2, the length of the filter kernel determines how well the actual frequency
response matches the desired frequency response. The exceptional performance of FIR digital
filters is apparent; virtually any frequency response can be obtained if a long enough filter kernel
is used.

Kak nmoxazano B puc. 17-2, mmHa siipa GuibTpa onpeaenser, Kak XOpollo ¢axmuieckas dac-
TOTHAsl XapaKTepUCTUKA COOTBETCTBYET JicenamenvHol YaCTOTHOM Xapakrepuctuke. Mckimoun-
TesbHas APPeKTUBHOCTh U(poBbIX PuiabTpoB ¢ KX oueBnana; (axkrudecku nodast 4acToOT-
Has XapaKTEepPUCTHKA MOXKET ObITh MOJIydeHa, €CIM UCIOJIb3YETCsl JOCTaTOYHO AJUHHOE SO
¢dunbTpa.

This is the entire design method; however, there is a subtle theoretical issue that needs to be
clarified. Why isn't it possible to directly use the impulse response shown in 17-1b as the filter
kernel? After all, if (a) is the Fourier transform of (b), wouldn't convolving an input signal with
(b) produce the exact frequency response we want? The answer is no, and here's why.

DTO - MOJIHBIA METOJ MPOEKTA; OJTHAKO, UMEETCS TOHKAs meopemuyeckas mpooieMa, KoTopas
JIOJDKHA OBITH pazbsicHeHa. [loueMy HE BO3MOXKHO HETOCPEACTBEHHO HCIIONB30BaTh WMITYJIbC-
HYIO TepeaTouHyto (QpyHKIuIo, moka3anuyto B 17-1b kak sapo ¢unbtpa? B KOHIIE KOHIIOB, eclin
051 (a) - mpeoOpazoBanue Pypne u3 (b), He ObUIO OBl CKPYUYHBAHHWEM BXOAHOTO curHaina c (b),
NPOM3BECT MOYHYIO YaCTOTHYIO XapaKTEPHCTUKY, KOTOPYIO MbI X0TUM? OTBET - Hem, U €CTh
oyemy.

When designing a custom filter, the desired frequency response is defined by the values in an
array. Now consider this: what does the frequency response do between the specified points? For
simplicity, two cases can be imagined, one "good" and one "bad." In the "good" case, the fre-
quency response is a smooth curve between the defined samples. In the "bad" case, there are wild
fluctuations between. As luck would have it, the impulse response in (b) corresponds to the
"bad" frequency response. This can be shown by padding it with a large number of zeros, and
then taking the DFT. The frequency response obtained by this method will show the erratic be-
havior between the originally defined samples, and look just awful.

[Tpu nmpoexTupoBaHuM 3aKa3HOTO (PUIBTPa, JKENATENbHAS YaCTOTHAS XapaKTEPUCTHUKA ONpeerie-
Ha 3HAYEHHUSIMHM B MaccuBe. Temepb pacCMOTPHUTE 3TO: YTO YACTOTHAs XapaKTEPUCTHKA JeaeT
MEXJly yKa3aHHbIMHM ToukamMu? Jljis MpOCTOTHI, ABa Cilydas MOTYT IpearoJaraTbes, OJUH "X0-
poumnii" u onuH "mnoxoi". B "xopomem" ciyyae, 4aCTOTHAsl XapaKTEpPUCTHKA - TIaJKas KpUBas
Medxcdy OoTpeNeieHHbIMA BbIOOpKaMu. B "mimoxoM" cimydae, MEXIy TOYKAMU HUMEETCS TUKHUE
daykryanuu. B mydiem ciaydae 3Ta UMIyJlbCHas nepeaarouHas ¢yHkius B (b) OyaeT cooTBer-
CTBOBATH "TIOXOM" YaCTOTHON XapaKTEPUCTHKE. DTO MOXKHO MOKa3aTh, IOMOJIHSS 3TO OOJbIIUM
KOJINYECTBOM HyJeH, u 3atem Oepst AI1D. YacToTHas XapaKTepUCTUKA, OTYYEHHAs! STUM METO-
JIOM, TIOK@XET OIIMOOYHOE MOBEACHUE MEXIY NEPBOHAYAIBLHO ONPEICICHHBIMUA BHIOOPKAMU, H
BBITJIAJIETh TOJIBKO YKaCHOM.

To understand this, imagine that we force the frequency response to be what we want by defining
it at an infinite number of points between 0 and 0.5. That is, we create a continuous curve. The
inverse DTFT is then used to find the impulse response, which will be infinite in length. In other
words, the "good" frequency response corresponds to something that cannot be represented in a
computer, an infinitely long impulse response. When we represent the frequency spectrum with
N/2+1 samples, only N points are provided in the time domain, making it unable to correctly
contain the signal. The result is that the infinitely long impulse response wraps up (aliases) into
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the N points. When this aliasing occurs, the frequency response changes from "good" to "bad."
Fortunately, windowing the N point impulse response greatly reduces this aliasing, providing a
smooth curve between the frequency domain samples.

UTo0OBI MOHUMATH 3TO, BOOOPA3HUTE, YTO MBI BEIHYKIAEM YaCTOTHYIO XapaKTEPUCTHKY OBITh TEM,
YTO MBI XOTUM, ONpEaessis 3TO B 6eckoHeuHOM uncie Todek Mexay 0 u 0.5. To ectb MbI co3a-
em HenpepbiBHYIO kpuByio. MuBepcust DTFT torma mcnonb3yetcsi, 4TOObI HAWTH UMITYJIbCHYIO
nepeaaTouHyto GyHKIHIO, KoTopas OyaeT beckoneyna B anvue. Jlpyrumu cioBamu, "xoporas"
YacTOTHAs XapaKTEPUCTUKA COOTBETCTBYET KOE-4eMy, YTO HE MOXET OBbITh MPEICTaBICHO B
KOMIThIOTEpE, OECKOHEUHO IJIMHHON MMIYJbCHON mepenarouHor (ynkmnueit. Korma mur mpen-
CTaBIIsieM CIIEKTp 4acToT ¢ N/2+1 BeiOopkamu, TOIbKO N TOUEKH - oOecreueHsl B JIOMEHE Bpe-
MEHH, JeJiasi 3TO HECIIOCOOHBIM MPaBUIIBHO COAEPKAaTh cUrHal. Pe3ynbpTar - To, 4T0 6ECKOHEYHO
JUTMHHAsT UMITYJIbCHAS TiepeaaTovynas GyHKIus oOepTeiBaeT(00opaunBaet) (MCEBIOHUMBI; JIOXK-
HbIe 4acTOThl) B TOUKU N. Korja 3To Hallo)keHHe CTIEKTPOB MPOUCXOIUT, YACTOTHASI XapaKTepH-
CTHKa u3MeHsercs or "xopomeit" 10 "mioxoit". K cuacTtpio, paboTa ¢ OKHAMU HMITYJIBCHOU TIe-
penatouHoi pyHKUMU TOYKU N OYeHb MPHUBOJUT 3TO HAIOXKEHHE CHEKTPOB, oOecreunBas Iriai-
KYIO0 KpUBYIO MEX]Ty BBIOOPKaMH YaCTOTHOTO JJOMEHA.

Designing a digital filter to produce a given frequency response is quite simple. The hard part is
finding what frequency response to use. Let's look at some strategies used in DSP to design cus-
tom filters.

[IpoextupoBanue mudppoBoro GpuiabTpa, YTOOBI MPOU3BECTH AAHHYIO YACTOTHYIO XapaKTEPUCTH-
Ky BechMa mpocTo. JKecTkass 4acTh — OOHapy>KUTh(3aKIIOUNTD; CHEJATh 3aKIIOUEHHE) KaKylO
YaCTOTHYIO XapaKTEPUCTHKY HCIOJIb30BaTh. JlaBaiiTe paccMOTpPUM HEKOTOpBIE CTpATETHH, UC-
nosb3yembie B LIOC, 4ToOBI MpOeKTHUPOBATh 3aKa3HbIC (DUIBTPHI.

Deconvolution
JlekoHBOTIOIIM S

Unwanted convolution is an inherent problem in transferring analog information. For instance,
all of the following can be modeled as a convolution: image blurring in a shaky camera, echoes
in long distance telephone calls, the finite bandwidth of analog sensors and electronics, etc. De-
convolution is the process of filtering a signal to compensate for an undesired convolution. The
goal of deconvolution is to recreate the signal as it existed before the convolution took place.
This usually requires the characteristics of the convolution (i.e., the impulse or frequency re-
sponse) to be known. This can be distinguished from blind deconvolution, where the character-
istics of the parasitic convolution are not known. Blind deconvolution is a much more difficult
problem that has no general solution, and the approach must be tailored to the particular applica-
tion.

HexxenarenbHasi cBepTKa - CBOMCTBEHHas MpobiieMa B Iepenade aHajaoroBoi nHpopmanuu. Ha-
MpUMep, BCE CIEAYIOLIee MOXKET OBbITh CMOJEIMPOBAHO KaK CBEPTKA: pa3MbIBaHHE H300paxe-
Husi(o0Opa3a) B maTKOM kamepe, sxo(oTpakeHue; MUKpohoHHBIH 3 dekT?) B TeneOHHBIX 3BOH-
Kax Ha JUIMHHbIE PacCTOSIHUSI, KOHEYHAs IIMPUHA MOJIOCHl YAaCTOT aHAJIOTOBBIX TaTYMKOB U DJIEK-
TPOHMKH, U T.1. [lexoHBosmonus(o0palieHue CBEpTKH) - Mpouecc GUIbTPAlMH CUTHAIA, YTOOBI
KOMIIEHCUPOBATh HEKeJIaTeNbHYI0 CBEpTKY. Llesb JeKOHBOIIONUU COCTOUT B TOM, YTOOBI OCBE-
KHUTh CUTHAJI, TOCKOJBKY 3TO CYIIECTBOBANIO npedcoe, YeEM CBEPTKA UMEJIO MECTO. DTO OOBIYHO
TpeOyeT uTOOBI OBLTM U3BECTHBI XapaKTEPUCTHKH CBEPTKH (TO €CTh, UMITYJIbCHASI WJIM YaCTOTHAs
XapaKTEPUCTUKHU). DTO MOXKET OTIMYUTH (JEKOHBOIIOLHIO?) OT CJAeNod AeKOHBOJIIOLHUH, II€
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XapaKTePUCTHKH Mapa3sUTHON CBEPTKH He uzéecmuul. Cremnas NEKOHBOMIOLHUS - HAMHOTO OoJjiee
TpyznHas mpoOiema, KoTopas He MMEET HHUKAKOTO OOIIETO pEeIIeHHs, W TMOAXOM JOJDKECH OBITh
npucnoco0IeH K cenu(uIeckoMy MpUI0KEHHUIO.

Deconvolution is nearly impossible to understand in the time domain, but quite straightforward
in the frequency domain. Each sinusoid that composes the original signal can be changed in am-
plitude and/or phase as it passes through the undesired convolution. To extract the original sig-
nal, the deconvolution filter must undo these amplitude and phase changes. For example, if the
convolution changes a sinusoid's amplitude by 0.5 with a 30 degree phase shift, the deconvolu-
tion filter must amplify the sinusoid by 2.0 with a -30 degree phase change.

JIeKOHBOJIOLIMIO MTOYTH HEBO3MOKHO TIOHATH B JOMEHE BPEMEHH, HO BEChMa MPSIMO B YaCTOTHOM
nomene. Kaxxmast cunycounna, KOTopasi COCTaBJIsIeT IEPBOHAYAIBHBIN CUTHAJ, MOXKET OBITh U3Me-
HEHA B aMIUTUTYJE U-WIK (a3e, TOCKOIbKY ATO MPOXOIUT Yepe3 HeKeIaTeNbHYI0 CBEPTKY. UTo-
ObI U3BJICYb NEPBOHAYAIIBHBIN CUTHAM, (DUIBTP IEKOHBOJIIOIMH JOHKEH OTMEHUTD 3Ty aMIUIUTY-
ny 1 u3MeHnenue ¢asbl. [ mpumepa, Ecinu cBepTka n3mensier amrmumtyay cunycoussl 0.5 ¢ 30
rpagycamu casura ¢asbl, GUIbTP IEKOHBOIIOIMH JTOJDKEH yCUIUTh cunycouny 2.0 ¢ —30 rpany-
caMu U3MeHeHUs (asbl.
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Frequency response vs. filter kernel length. These figures show the frequency responses obtained with various
lengths of filter kernels. The number of points in each filter kernel is equal to M + | running from 0 to M. As more,
points are used in the filter kernel, the resulting frequency response more closely matches the desired frequency re-
sponse. Figure 17-1a shows the desired frequency response for this example.

PUCYHOK 17-2.

YacroTHas XapaKTepUCTUKA MPOTHUB JUTHHEI sifipa GpuiibTpa. DTH PUCYHKH NMOKa3bIBAIOT YaCTOTHBIE XapaKTEPUCTHKH,
NOJIyYeHHBIE C Pa3IMYHBIMU JUTHHAMHU siiep GuiabTpa. Ynciio Touek B KaxaoM sape ¢uiibtpa paBHo oT M + 1 BbI-
noiasgeMomy ot 0 1o M. Kak Oosbliee KOJINYECTBO TOUEK MCIIONB3YIOTCS B siipe (GriibTpa, 3aKaHYMBAIOIIASCS Yac-
TOTHasl XapaKTepUCTHKa OoJiee OJIM3KO COOTBETCTBYET JKEJATEIbHOMY YaCTOTHOMY OTBETY(YacCTOTHOM XapaKTepH-
cruke). PrucyHok 17-1a rmokasbpiBaeT xeJaTesIbHyl0 YaCTOTHYIO XapaKTEpPHUCTHKY Ul 3TOTO IIPUMepa.

The example we will use to illustrate deconvolution is a gamma ray detector. As illustrated in
Fig. 17-3, this device is composed of two parts, a scintillator and a light detector. A scintillator is
a special type of transparent material, such as sodium iodide or bismuth germanate. These com-
(c) ABTOKC, Cankr-IletepOypr, http://www.autex.spb.ru, e-mail: info@autex.spb.ru




HAYYHO-TEXHUYECKOE PYKOBOJICTBO 110 IM®POBOW OBPABOTKE CUTHAJIOB

pounds change the energy in each gamma ray into a brief burst of visible light. This light is then
converted into an electronic signal by a light detector, such as a photodiode or photomultiplier
tube. Each pulse produced by the detector resembles a one-sided exponential, with some round-
ing of the corners. This shape is determined by the characteristics of the scintillator used. When a
gamma ray deposits its energy into the scintillator, nearby atoms are excited to a higher energy
level. These atoms randomly deexcite, each producing a single photon of visible light. The net
result is a light pulse whose amplitude decays over a few hundred nanoseconds (for sodium io-
dide). Since the arrival of each gamma ray is an impulse, the output pulse from the detector (i.e.,
the one-sided exponential) is the impulse response of the system.

[Ipumep, KOTOPBII MBI OyJ1EM HCIIONB30BaTh, YTOOBI MITIOCTPUPOBATH IEKOHBOIIOHUIO - OAMYUK
eamma nydeu. Kak WITIOCTpUpOBaHO B pucC. 17-3, 3TO yCTPONWCTBO COCTABJIEHO M3 JIBYX YacTeH,
cyunmuaiamopa u ceemonpuemuuxa. CUMHTHIUIATOP - CHEIHMAJIbHBIN THII MPO3PAYHOTO MaTe-
puana, TuIa uoouoa Hampus Ui 2epmanama eucmyma. ITH COCTaBbl U3MEHSIOT SHEPTUI0 KaX-
JIOTO TaMMa JIydya B KpaTKUHl CBETOBOW HMMITYJIbC(BCIBIINIKY). DTOT CBETOBOM HMMIIYJIbC TOIZA
peoOpa3oBaH B ANEKTPOHHBIA CUTHAJ CBETONPHUEMHHUKOM, TUIA JIAMITbI (JOTOYMHOXKHUTENS WIIN
doroarona. Kaxnplii UMIyIbC, TPOU3BECHHBINA TaTYNKOM MMOXOAHUT HA 0OHOCHOPOHHION NOKA-
3amenvHylo GyHKYUlo, ¢ HEKOTOPHIM OKPYTJIEHHEM YIJIOB. JTa opma ompesiesieHa B COOTBETCT-
BUHU C XaPAKTCPUCTHKAMU HCIIOJIB3yCMOI'0 COUHTUILIIATOPA. Korna ramMma J1y4 BHOCHUT €ro SHEp-
TUIO B CIIUHTUJUIATOP, OJM3JIeKaliie aToOMbl BO30YKIEHBI K 00j1€e BBICOKOMY SHEPIeTUYECKOMY
YPOBHIO. DTH aTOMBbI OECTIOPAJOYHO J€3aKTUBUPYIOTCS, MPH 3TO KAXKIBIA CO37aeT €IMHCTBEH-
HBIN(OTAENBHBIN) (DOTOH BHIUMOTO CBETOBOTO H3ITy4eHHsS(BCIBIMKY). CXEMHBINH pe3yibTaT -
CBETOBOU HUMITYJIbC, Ybs aMIINIUTYyda pacinaacTCsa 60.]166 YCM HCCKOJIBKO COTCH HAHOCCKYH/ (I[JISI
nonuaa Hatpus). Tak kak mpUOBITHE KaXI0T0 raMma Jiyda - UMITyJIbC, UMITYJIbC BBIXOJIa OT AaT-
yHKa (TO €CTh, OIHOCTOPOHHSIS MTOKa3aTeabHas (PYHKIM) - UMITyJIbCHAsI TTepeaToYHast (QyHKIHS
CUCTEMBL.
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Example of an unavoidable convolution. A gamma ray detector can be formed by mounting a scintillator on a light
detector. When a gamma ray strikes the scintillator, its energy is converted into a pulse of light. This pulse of light is
then converted into an electronic signal by the light detector. The gamma ray is an impulse, while the output of the
detector (i.e., the impulse response) resembles a one-sided exponential.

PUCYHOK 17-3. [Ipumep HEM30EKHOH CBEPTKH.

JaTuuk ramMma Jryda MOXeT OBITH C(OPMHPOBAH, YCTaHABIMBAs CHUHTWLIATOP Ha cBeTolnpueMHHKe. Kornma nyd
raMMBbl IIONaJiaeT Ha CLHUHTHWLIATOP, €ro SHeprus NpeoOpa3oBaHa B MMITYJbC CBETa. DTOT HUMIIYJIBC CBETa TOTIa
peoOpa3oBaH B AIEKTPOHHBIH CHUTHAJI CBETONPUEMHHKOM. ["aMMa JIyd - HMITYJIbC, B TO BpeMs KaK BBIXOJ JaT4HKa
(TO ecTb, UMIYJIbCHAS TIEpEJaTOYHAsT (PYHKIIMSI) TOXOAUT HA OJHOCTOPOHHIOIO MTOKa3aTeNIbHYI0 (PyHKIHIO.

Figure 17-4a shows pulses generated by the detector in response to randomly arriving gamma
rays. The information we would like to extract from this output signal is the amplitude of each
pulse, which is proportional to the energy of the gamma ray that generated it. This is useful in-
formation because the energy can tell interesting things about where the gamma ray has been.
For example, it may provide medical information on a patient, tell the age of a distant galaxy,
detect a bomb in airline luggage, etc.

Pucynok 17-4a nmoka3sIBaeT UMITYJIbChI, CTCHEPUPOBAHHBIE TaTYNKOM B OTBET Ha OECIOPSIOYHO
npuObIBaronIre raMma-aydn. Madopmanus, KOTOpyto MBI XOTENIN ObI M3BJICYb U3 3TOTO CHTHaja
BBIXOJIa - aMIUIUTYJIa KaXJI0TO MMITYJIbCa, KOTOPBIN SBISETCS MPOMOPLUUOHATIBHBIM K SHEPTHH
raMMBbl JIy4a, KOTOPBIH T€HepUpOBal 3TO. DTO - IMoJe3Has WHPOPMAIHS, TOTOMY YTO SHEPTUs
MOJKET COOOILIUTh MHTEPECHBIE BEIIM OTHOCUTEIBHO TOTO, TJi€ TaMMBbI JIy4 Obul. Hampumep, 310
MOXeT 00ecneunBaTh MEIUINHCKYI0 HH()OPMALNIO OTHOCUTENIFHO TallMeHTa, COO0IIaTh BO3PAcT
OTJaJICHHOH rallakTUKu, OOHapyXUBaTh O0MOY B Oara)ke Ha aBUATMHUSX, U T.1I.

Everything would be fine if only an occasional gamma ray were detected, but this is usually not
the case. As shown in (a), two or more pulses may overlap, shifting the measured amplitude. One
answer to this problem is to deconvolve the detector's output signal, making the pulses narrower
so that less pile-up occurs. Ideally, we would like each pulse to resemble the original impulse. As
you may suspect, this isn't possible and we must settle for a pulse that is finite in length, but sig-
nificantly shorter than the detected pulse. This goal is illustrated in Fig. 17-4b.

Bce 6b110 OB MPEKPACHO, €CITN TOJIBKO CIyYalHBINA raMMa JIyd ObLJT 0OHApy»X eH, HO ATO - OObIU-
HO He cimyuail. Kak mokasaHo B (a), 1Ba win OOJIbIIE UMITYJIbCA MOTYT HAKJIAbIBATHCS, CIBHUTas
M3MEPCHHYIO(PUTMHUYHYI0) aMIuIuTyny. OIMH OTBET Ha 3Ty MNpOOJIeMy oOpaujeHue ceepmiu
CUTHajJa BBIXOJA [aT4MKa, Jelas WUMIYJbChl Oojiee Y3KUMH TakK, YTOOBl MEHBIIE HAKOILIe-
HUS(TPYNITUPOBAHUST UMITYJILCOB; HAJOXKEHUSI MMITYJIBCOB?), TIPOUCXOMI0. MaeambHo, MBI XO-
Tenu Obl, YTOOBI KKIBIA MMITYJIBC MOXOAMJ Ha MEpBOHAYAIBHBIN MMITynbe. Kak Bel Moxere
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HI0Z03peBaTh, 9TO HE BO3MOKHO, M MBI JIOJDKHBI COTJIACHTHCS Ha MMITYJIbC, KOTOPBIN SIBIISACTCS
KOHCYHBIM B JUIMHE, HO 3HAYUTEIFHO KOpOYe YeM OOHApy>KCHHBIH HMMITyJIbC. JTa IIelb
WITIOCTpUpOBaHa B puc. 17-4b.
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Example of deconvolution. Figure (a) shows the output signal from a gamma ray detector in response to a series of
randomly arriving gamma rays. The deconvolution filter is designed to convert (a) into (b), by reducing the width of
the pulses. This minimizes the amplitude shift when pulses land on top of each other.

PUCYHOK 17-4. [IpuMep JeKOHBOIOLINH.

PucyHok (a) noka3piBaeT CHTHaJ BBIXOJA OT JAaTYMKA TaMMa Jiyda B OTBET Ha PsiJ OSCIOPSIOYHO MPHOBIBAOIIMX
ramMa-rydeil. OuiabTp JeKOHBOJIIOLUH MIpEeJHAa3HAa4YeH, 9TOOBI mpeobpa3oBats (a) B (b), MPUBOAS MHUPHUHY HUMITYJIb-
COB. DTO MUHUMH3HPYET aMIUIUTYAHBINA CIIBHT, KOTJa UMITYJIbChI IONAAI0T Ha BEPIIMHE APYT APYra.

Even though the detector signal has its information encoded in the time domain, much of our
analysis must be done in the frequency domain, where the problem is easier to understand. Fig-
ure 17-5a is the signal produced by the detector (something we know). Figure (c) is the signal we
wish to have (also something we know). This desired pulse was arbitrarily selected to be the
same shape as a Blackman window, with a length about one-third that of the original pulse. Our
goal is to find a filter kernel, (e), that when convolved with the signal in (a), produces the signal
in (¢). In equation form: if a*e = ¢ and given a and ¢, find e.

Jlaxxe mpu TOM, YTO CUTHAJI JaTYUKa KOAUPYET ero HH(pOopMaLuio B domene 8pemenu, MHOTOE U3
HAIllero aHaju3a JOJDKHO OBITh CAETAHO B YACMOMHOM OOMeHe, TAE MpodiieMa Mpolle, YTOObI
noHATh. Pucynok 17-5a - curHa, npou3BEeNCHHBIH JaTYMKOM (KO€-4TO, YTO MBI 3HaeMm). Pucy-
HOK (C) - CUTHaJI, MBI JK€JIaéM UMETh (TakKe KOe-4TO, YTO MbI 3HAE€M). DTOT JKeNaTeIbHbIM UM-
MyJIbC OBUT MMPOM3BOJIBLHO OTOOpaH, YTOOKI OBITH TOM XK€ caMoi (opMol Kak OKHO bidkmana, ¢
JUTMHON TIPHOIM3UTEIILHO TPEThS YacTh TAKOBOM MEpBOHAYAILHOTO UMIMyJbca. Hamra mens co-
CTOWT B TOM, YTOOBI HAUTH A1IpO HUIBTPa, (€), UYTO KOTJa CBEPHYTO C CUTHAJIOM B (@), IPOU3BO-
muT curHai B (c). B dopme ypaBHeHus: ecnu a*e = ¢, ¥ IaHbI @ U ¢, HAXOJAT e.

If these signals were combined by addition or multiplication instead of convolution, the solution
would be easy: subtraction is used to "de-add" and division is used to "de-multiply." Convolu-
tion is different; there is not a simple inverse operation that can be called "deconvolution." Con-
volution is too messy to be undone by directly manipulating the time domain signals.

Ecnu Obl 3TH curHanbl OblIM 0OBEAMHEHBI 100ABICHUEM WM YMHOXEHHEM BMECTO CBEPTKH,
petieHue ObUTO OBl MPOCTO: 8blUUMAHUE UCTIONB3YETCs, YTOOB "' ne-npubapiars " ("'mpenoTBpa-
mare  gobaBneHue"), W  Oenenue  UCHONb3yeTcs, 4ToObl  "nme-ymHoxatp"  ("me-
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MYJIBTHILTUIMPOBaTh"). CBepTKa pa3iuyHa; He UMEETCsl MPOCTON 0OpaTHO onepanuu, KOTopas
MOXET Ha3bIBaThCs "NeKoHBoOMONKEH". CBepTKa CIUIIKOM TPsi3HA, YTOOBI OBITh YHUYTOXKEHHOM,
HENOCPEACTBEHHO YIIPaBJIsisl CHTHAIAMU JOMEHA BPEMEHH.

Fortunately, this problem is simpler in the frequency domain. Remember, convolution in one
domain corresponds with multiplication in the other domain. Again referring to the signals in
Fig. 17-5: if b x f=d, and given b and d, find /. This is an easy problem to solve: the frequency
response of the filter, (f), is the frequency spectrum of the desired pulse, (d), divided by the fre-
quency spectrum of the detected pulse, (b). Since the detected pulse is asymmetrical, it will have
a nonzero phase. This means that a complex division must be used (that is, a magnitude & phase
divided by another magnitude & phase). In case you have forgotten, Chapter 9 defines how to
perform a complex division of one spectrum by another. The required filter kernel, (e), is then
found from the frequency response by the custom filter method (IDFT, shift, truncate, & multi-
ply by a window).

K cuacteio, 3Ta mpobiiema Oosiee mpocTast B 4acTOTHOM JomeHe. [lomHuTe, cBepTKa B OAHOM
JIOMEHE COOTBETCTBYET YMHOMNCEHUIO (MyTbmuniuyuposanuio) B Jpyrom nomene. CHoBa 4To Ka-
CaeTCsl CUTHAJIOB B puc. 17-5: ecnu b X f= d, nanbl u b u d, HaxoAAT f. DTO - mMpocTas nmpobdiemMa
pPEIINTh: YacTOTHAs XapakTepuctuka GpumbTpa, (f), SBISETCS CIEKTPOM HYaCTOT KEIATEITHHOTO
uMmItyibca, (d), pasmeneHHas CIIEKTPOM YacTOT OOHApyKEHHOTo mMITyibca, (b). Tak kak oOHa-
PYKEHHBI UMIYJIBC aCHMMETPHYEH, 3TO OyAeT UMeTh a3y OTIIMYHYIO OT HYJIA. DTO O3HAYAET,
YTO KOMILJIEKCHOE JEJIEHUE JOJHKHO HCIOJIb30BaThCs (TO €CTh BEIMYMHA U (a3a, pa3fesieHHas
npyroi BenuunHOU U (azoif). B ciydae, ecnu Bol 3a0b11H, r71aBa 9 onpenensier, Kak HCIIOJTHUTD
KOMILIEKCHOE JICJICHHE OJTHOTO CHEeKTpa IpyruM. Tpedyemoe siapo GuibTpa, (€), Toraa HaiaeHo
OT YaCTOTHOW XapaKTEePUCTUKU MeToaoM 3akaszHoro ¢wmibtpa (IDFT, casurom, yceuenuewm, u
YMHO>XCHHEM OKHOM).

There are limits to the improvement that deconvolution can provide. In other words, if you get
greedy, things will fall apart. Getting greedy in this example means trying to make the desired
pulse excessively narrow. Let's look at what happens. If the desired pulse is made narrower, its
frequency spectrum must contain more high frequency components. Since these high frequency
components are at a very low amplitude in the detected pulse, the filter must have a very high
gain at these frequencies. For instance, (f) shows that some frequencies must be multiplied by a
factor of three to achieve the desired pulse in (c). If the desired pulse is made narrower, the gain
of the deconvolution filter will be even greater at high frequencies.

Hmerorcs mpenensl yTOYHEHHIO, KOTOPOE IEKOHBOIOLHUS MOXKET obecneunBars. [Ipyrumu cio-
BaMU, eCJii BBl CTaHOBHUTECH JKaJHBIMH, BEIM pa3BaisTcs. JKaaHOCTh B 3TOM MpHUMEpE - Kela-
HUE CJIeNIaTh XKeJIaTeIbHBII UMITYJIbC YpEe3MEPHO Y3KHM. /laBaliTe CMOTpPETh TO, YTO CIIydaeTcs.
Ecnmu sxenaTenbHBI MMITYyJIBC ceflaH 0ojiee Y3KHM, €ro CHEeKTpP 4YacTOT IOJDKEH CONEpKaTh
OoJtbIIIee KOJTMYECTBO KOMIIOHEHTOB BBICOKOM 4acTOThl. Tak Kak 3TH KOMIIOHEHTHI BHICOKOH Jac-
TOTHI - B OYCHb HU3KOW aMIUTUTYZE B OOHAPYKECHHOM HUMIYJIbCe, PHIBTP JTOJKEH UMETh OYCHb
BBICOKOE yCWJIEHHE B 3THX yacroraX. Hampumep, (f) moka3piBaeT, 4TO HEKOTOpPHIE YaCTOTHI
JIOJDKHBI OBITH YMHOXKEHBI Ha K03 pUIIMeHT TpH, 9TOOBI JOCTHYB JKEIaTEeIHHOTO UMITYJIbCA B (C).
Ecnu sxenaTenbHBI UMITYJIBC ClienaH OoJiee Y3KUM, YCHIICHUE (HIbTpa IEKOHBOIIOIHMU OyAeT
Ja)ke 0OJIbIIIe B BHICOKMX YacTOTaXx.

The problem is, small errors are very unforgiving in this situation. For instance, if some fre-
quency is amplified by 30, when only 28 is required, the deconvolved signal will probably be a
mess. When the deconvolution is pushed to greater levels of performance, the characteristics of
the unwanted convolution must be understood with greater accuracy and precision. There are
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always unknowns in real world applications, caused by such villains as: electronic noise, tem-
perature drift, variation between devices, etc. These unknowns set a limit on how well deconvo-
lution will work.

[Ipobnema, ManeHbKHE OIIMOKH OUYEHb HEYMOJIMMBI B 3TOM MOJIOXeHUU(cuTyauuu). Hampumep,
eciM HekoTopas yactoTa ycwieHa 30, korma TpedyeTcs: TONIbKO 28, CUTHAJI BOCCTAaHOBJICHHBIN
METOZ0M oOpaleHust CBEpTKU OyneT BeposTHO OecriopsitoueH. Korja qeKOHBOIONUS MTOMeEIe-
Ha B OoJiblIMe ypOBHU 3(PPEKTUBHOCTH, XAPAKTEPUCTUKH HEXKEJIATEIbHOW CBEPTKH TOJIKHBI
OBITH MOHSATHI C OOJIBLICH MOYHOCMBIO U NpeyusuoHHocmblo. VIMEIOTCSI BCeria HEM3BECTHHIC B
peaNbHbBIX(BEUIECTBEHHBIX) MUPOBBIX MPHJIOKEHUAX, BBI3BAHHBIX TAaKUMHU 3J10JCSIMH KaK: JIEK-
TPOHHBIH 1IyM, Ipeii¢ Temreparypsl, BaprHauus(BIUSHUSL) MKy YCTpOiicTBaMu, U T.A. DTH He-
M3BECTHBIE YCTAaHABJIMBAIOT MPEAET Ha TOM, KaK XOPOUIO JEKOHBOJIONUS Oy IeT paboTaTh.

Even if the unwanted convolution is perfectly understood, there is still a factor that limits the per-
formance of deconvolution: noise. For instance, most unwanted convolutions take the form of a
low-pass filter, reducing the amplitude of the high frequency components in the signal. Deconvo-
lution corrects this by amplifying these frequencies. However, if the amplitude of these compo-
nents falls below the inherent noise of the system, the information contained in these frequencies
is lost. No amount of signal processing can retrieve it. It's gone forever. Adios! Goodbye! Trying
to reclaim this data will only amplify the noise. As an extreme case, the amplitude of some fre-
quencies may be completely reduced to zero. This not only obliterates the information, it will try
to make the deconvolution filter have infinite gain at these frequencies. The solution: design a
less aggressive deconvolution filter and/or place limits on how much gain is allowed at any of
the frequencies.

Jlaxxe eciim HexenaTenbHas CBEPTKA cOogepuieHHo TOHATA, UMEETCs Bee elle (PakTop, KOTOPHIH
orpaHnurBaeT 3((HEeKTUBHOCTH JIEKOHBOMIONMHU: wiym. Hampumep, Hanbosee HexenaTelbHbIC
CBEPTKU MPUHUMAIOT (GOpMY (HIBTPAa HUKHHUX YacTOT, IPUBOJS aMIUIUTYAy KOMIIOHEHTOB BBI-
COKOHM 4YacTOTHI B CHTHaJIe. J[eKOHBOIIONMS UCHPABISIET 3TO, YCHJIMBAsi 3TH 4acToThl. OqHAKO,
€CJIM 1a/ICHUE aMIUTUTYAbl 3TUX KOMIIOHEHTOB HUKE CBOWCTBEHHOTI'O IIyMa CHCTEMbI, HHPOpMa-
I¥s1, coiep Kalasicst B 3TUX 4acToTax norepsHa. Hukakoe konuyecTBo 0OpabOTKH CUTHAIOB HE
MOYKET BOCCTaHOBHUTH(OTHICKMBATH) 3TO. JTO ymuio Haecerna. [loka! /o ceumanus! Hy u nHy!
[TomnpITKa MCTIPaBIIATH 3TH JaHHBIE TOJIBKO YCHIIUT 1IyM. Kak kpuTndeckuil ciyvai, aMIinTyaa
HEKOTOPBIX YaCTOT MOKET OBITh TIOJTHOCTBIO COKpAIIEHA, K H)/170. DTOT HE TOJBKO CTUPAET MH-
dbopmaruio, 3T0 OyAeT nMpoOoBaTh 3aCTaBUTh (PUIBTP JEKOHBOIIOLUNA UMETh OeCKOHeuHoe YCH-
JeHue B 3TUX yacTorax. Pemenue: [Ipoektupyiite MeHee arpecCUBHbBIN (QUIBTP IEKOHBOJIIOLNH,
U-UJIM pa3MECTUTE MpeJeNbl B TO, CKOJIBKO YCHIIEHHE MTO3BOJISET B JIF000M 13 4acToT.

How far can you go? How greedy is too greedy? This depends totally on the problem you are
attacking. If the signal is well behaved and has low noise, a significant improvement can proba-
bly be made (think a factor of 5-10). If the signal changes over time, isn't especially well under-
stood, or is noisy, you won't do nearly as well (think a factor of 1-2). Successful deconvolution
involves a great deal of testing. If it works at some level, try going farther; you will know when
it falls apart. No amount of theoretical work will allow you to bypass this iterative process.

Kaxk mazexo Bel Mmoxere naru? HackoIBKO KagHBIIA CIMUIIKOM KagH0? DTO 3aBUCHUT IIOJIHOCTELIO
oT mpoOiemMbl, Ha KoTopyto Bel Hanmamaere. Ecnu curnan xoporo BeneT ce0s U MMeeT HU3KUN
IIyM, CYIIECTBEHHOE YTOYHEHHE MOXET BEPOSITHO OBITH CAETaHO (AymaiiTe o KodpdumueHTe S-
10). Ecnu curHan ¢ TeueHUEM BpEMEHH, HE OCOOCHHO XOpOIIO TOHAT, WU IIYMHBIH, Bel He Oy-
JeTe JeTaTh OUYTH Takxke (JymaiiTe o kodddummente 1-2). YcnemHas qeKOHBOIONHS BKITIOYA-
eT B ce0s(moapa3symMeBaeT) MHOTO ucnbiTanus. Ecnu 370 paboTtaer Ha HEKOTOPOM ypPOBHE, TO-
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MbITKa, WOyINas nanbiine; Bel Oyaere 3HATH, KOT/a 3TO pa3BanuBaeTcs. Hukakoe KOIUYECTBO
TEOPETHUECKOU paObOTHI HE TTO3BOIMT BaM 00X0OAUTH 3TOT UTEPAaTUBHBINA MPOIIECC.

Time Domain Frequency Domain

| | | | | |
|u. Detected pulse | |I:|. Detected frequency spectrum |
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FIGURE 17-5. Example of deconvolution in the time and frequency domains.

The impulse response of the example gamma ray detector is shown in (a), while the desired impulse response is
shown in (c). The frequency spectra of these two signals are shown in (b) and (d), respectively. The filter that
changes (a) into (c) has a frequency response, (f), equal to (b) divided by (d). The filter kernel of this filter, (e), is
then found from the frequency response using the custom filter design method (inverse DFT, truncation, window-
ing). Only the magnitudes of the frequency domain signals are shown in this illustration; however, the phases are
nonzero and must also be used.

YUCJO(PUCYHOK) 17-5

[IprMep AEKOHBOIIOIMK BO JJOMEHaX BPEMEHH U 4acTOTHIL. [IpuMep HUMITyIbCHAS MEePeIaTOYHON (YHKIUU JaTIhKa
raMma Jiy4a rmokasbIBaeTcs B (2), B TO BpeMs KaK KelaTellbHas UMITyJIbCHAs TiepeaTouHast (PyHKIHUS TTOKa3bIBACTCs
B (c). UacTOTHBIE CIEKTPHI U3 ATHUX ABYX CHTHaNOB MOKa3bIBatoTcs B (b) u (d), cooTBeTcTBeHHO. DUIBTP, KOTOPHII
m3MeHseT(3aMenser) (a) B (c), UMeeT 4acTOTHYI0 Xapaktepuctuky, (f), paBusni (b), paszmemennomy (d). SAmpo
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¢unpTpa 3Toro GuIbTpa, (€), TOraa HalJeHo OT YaCTOTHOM XapaKTePHCTHKH, UCIIONB3Ysl METO/ POEKTa 3aKa3HOTO
¢unbTpa (oOparnbiii 1D, yceyenue, padbora ¢ okHaMu). TOJIBKO BEJIMYMHBI CUTHAJIOB JJOMEHA YacTOThI OKA3bl-
BAIOTCS B 9TOM WILTIOCTPALMHN; OJHAKO, ()a3bl OTIIMYHBIC OT HYJIS U JIOJDKHBI TAK)KE HCIOJIb30BaThCS.

Deconvolution can also be applied to frequency domain encoded signals. A classic example is
the restoration of old recordings of the famous opera singer, Enrico Caruso (1873-1921). These
recordings were made with very primitive equipment by modern standards. The most significant
problem is the resonances of the long tubular recording horn used to gather the sound. Whenever
the singer happens to hit one of these resonance frequencies, the loudness of the recording
abruptly increases. Digital deconvolution has improved the subjective quality of these recordings
by the loud spots in the music. We will only describe the general method; for a detailed descrip-
tion, see the original paper: T. Stockham, T. Cannon, and R. Ingebretsen, "Blind Deconvolution
Through Digital Signal Processing", Proc. IEEE, vol. 63, Apr. 1975, pp. 678-692.

JICKOHBOITIOIIUST MOXKET TaK)Ke MPUMEHSTHCS K YaCTOTHOMY JTIOMEHY(00J1acTH) 3aKOJUPOBAHHBIC
curHanbl. Kimaccuyeckuii mpuMep - BOCCTAHOBIICHHE CTaphIX PErHCTPALMU M3BECTHOTO TIEBIA
onepsl, Enrico Caruso (1873-1921). Otu peructpanusi ObIIN CIeJIaHbl C OYCHb MPUMUTHUBHBIM
000pyI0OBaHUEM I10 COBPEMEHHBIM cTaHjapTam. Haubonee 3HauntenbHas npobiaema - pe3oHaH-
CBI JUTMHHOTO TPYOYaTOro pOXKKa PeruCTpalliy, UMell OOBIKHOBEHHE COOMpaTh 3BYK. Beskuil pas,
KOTJa MEBEIl, CIy4aeTcs, HAXKUMAET OJIHY U3 3THUX PE30HAHCHBIX YacTOT, TPOMKOCTb PErHCTpa-
UK pe3Ko yBennduBaercs. L{udposas JeKOHBOIIOMS yIydlnia CyObeKTUBHOE KaueCTBO ITHUX
pEerucTpanyi TPOMKHMHU IISITHAMHU(SYCHKaMu) B My3bIke. MBI TOJIBKO ONHILIEM OOLIMA METOS;
JUIS ICTAIBHOTO OINMHCAaHMs, cM. nepBoHadanbHyto Oymary: T. Stockham, T. Opymue, u R.
Ingebretsen, " Cnenas [lexonBomonust Yepes Ludpporyro O6padorky curnanos ", Proc. UMOP,
vol. 63, anipens 1975, pp. 678-692.
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FIGURE 17-6
Deconvolution of old phonograph recordings. The frequency spectrum produced by the original singer is illustrated
in (a). Resonance peaks in the primitive equipment, (b), produce distortion in the recorded frequency spectrum, (c).
The frequency response of the deconvolution filter, (d), is designed to counteracts the undesired convolution, restor-
ing the original spectrum, (e). These graphs are for illustrative purposes only; they are not actual signals.
PUCYHOK 17-6. JIeKOHBOJIOIHS CTaphIX 3amuceii poHorpada.
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CnexTp 4acToT, POU3BE/ICHHBIN NEPBOHAYAIBHBIM MEBIOM HJUIIOCTPHPOBaH B (a). Pe3oHaHCHBIE MUKU B IPUMU-
TUBHOM 00opyznoBanuH, (b), NpOU3BOAAT MCKAKEHHE B 3apPETMCTPUPOBAHHOM CIIEKTpE 4acTort, (c). YacroTHas xa-
pakTepucTHKa GuIbTpa JeKoHBOMOLNH, (d), pa3paboTaHa K MPOTHBOJCHCTBHIO HEXKENaTeJIbHONH CBEPTKH, BOCCTa-
HaBJIMBas IEPBOHAYAIBHBIN CIIEKTp, (€). DTH AnarpaMmbl(rpaukn) - Ui Lelel WUTICTPaliK; OHU - He (akTHde-
CKHE CUT'HAJIbI.

Figure 17-6 shows the general approach. The frequency spectrum of the original audio signal is
illustrated in (a). Figure (b) shows the frequency response of the recording equipment, a rela-
tively smooth curve except for several sharp resonance peaks. The spectrum of the recorded sig-
nal, shown in (c), is equal to the true spectrum, (a), multiplied by the uneven frequency response,
(b). The goal of the deconvolution is to counteract the undesired convolution. In other words, the
frequency response of the deconvolution filter, (d), must be the inverse of (b). That is, each peak
in (b) is cancelled by a corresponding dip in (d). If this filter were perfectly designed, the result-
ing signal would have a spectrum, (e), identical to that of the original. Here's the catch: the origi-
nal recording equipment has long been discarded, and its frequency response, (b), is a mystery.
In other words, this is a blind deconvolution problem; given only (c), how can we determine (d)?

Pucynoxk 17-6 nmokaspiBaet o6muii moaxoa. CrekTp 4acToT MEepBOHAYAILHOTO 3BYKOBOT'O CUTHA-
Jla WITIOCTPUPOBaH B (a). PucyHok (b) mokasbIiBaeT YaCTOTHYIO XapaKTePUCTHKY 000pyAOBaHUs
perucTpanyu, OTHOCUTENHHO TJaaKas KpuBas, €CiIi Obl HE HECKOJIBKO MHKOB OCTPOTO PE30HAH-
ca. CHeKTp 3aperucTpUpOBaHHOTO CUTHAJA, MOKa3aHHOTO B (C), ABISETCS PaBHBIM HCTHHHOMY
CHEKTpY, (a), MyJIbTUILIMIUPOBAHHBIM(YMHOKEHHBIM) HEYETHON YAaCTOTHOM XapaKTEPHUCTUKOMH,
(b). Llenb 1EKOHBOIIOIHMH COCTOUT B TOM, YTOOBI npomugooeticmeosams HexXeIaTelIbHON CBEPT-
Ke. Jlpyrumu clioBaMH, YacTOTHAsI XapaKTEPUCTHKA (QMIIbTpa NEKOHBOIIONHH, (d), JOmKHA OBITH
unsepcus (b). To ects kaxablit UK B (b) oTMeHeH cooTBeTCTBYOMUM nageHueM B (d). Ecnu 06l
3TOT (GUIBTP OBUT pa3paboTaH COBEPIICHHO, 3aKAaHUYMBAIOIIMKCS CUTHAJ UMeIN OBl CIIeKTp, (€),
UJCHTUYHBIA TaKOBOMY OpUTHMHasa. MMeeTcst appeTHp: OpUrHMHajI 0O0OpYAOBaHHUS Ha KOTOPOM
C/ieJlaHa 3aluch JABHO ObLI OTBEPrHYT(CIMCaH), U €ro 4acTOTHas XapakTepucTuka, (b), - Taii-
Ha(MHUCTepus; JeTEeKTUBHBIA poMaH). J[pyrumu cioBamu, 3TO - npobiema cienoti OeKOH8OMOYULL
JIAHO TOJIBKO (C), KaK MBI MOKeM orpeaenuTs (d)?

Blind deconvolution problems are usually attacked by making an estimate or assumption about
the unknown parameters. To deal with this example, the average spectrum of the original music
is assumed to match the average spectrum of the same music performed by a present day singer
using modern equipment. The average spectrum is found by the techniques of Chapter 9: break
the signal into a large number of segments, take the DFT of each segment, convert into polar
form, and then average the magnitudes together. In the simplest case, the unknown frequency
response is taken as the average spectrum of the old recording, divided by the average spectrum
of the modern recording. (The method used by Stockham et al. is based on a more sophisticated
technique called homomorphic processing, providing a better estimate of the characteristics of
the recording system).

Crenble npoOaeMbl JEKOHBOJIOLMU OOBIYHO aTaKOBaHBI, Jielas OLEHKY WU IPeIooXKeHHUe
OTHOCHUTEIILHO HEHW3BECTHBIX TMapaMeTpoB. UTOOBI MMETh IO C ITUM IPHUMEPOM, CPeOHUll
cnexkmp TEPBOHAYAIIbHOW MY3BIKU MPUHST, YTOOBI COOTBETCTBOBATH cpeoHeM)y CHeKmp)y TOU e
CcaMOW My3bIKH, BBIOJIHEHHON CYLIECTBYIOIIUM MEBLOM CETOIHSLIHETO JHS, HCHOJb3YIOLIUM
coBpeMeHHoe obopynoBanue. Cpednuii cnekmp HaJJeH METOAAaMU I1aBbl 9: pa30eiiTe curHan B
00JIbI1I0E KOJIMYECTBO CErMeHTOB, Oepute JI1D kaxaoro cermenra, npeoOpa3yire B MOISIPHYIO
(dopMy, U 3aTeM ycpeIHUTE BeTUUYMHBI BMeCTe. B caMoM IpocToM citydae, HeM3BeCTHas 4acToT-
Has XapaKTepUCTHKA MIPUHATA KaK CPEIHUN CIIEKTP CTApOW 3aIlUCH, Pa3IeICHbI CPEIHUM CIIEK-
TPOM coBpeMeHHoH 3amuch. (Meron, ucnonbzyemsiit Stockham om u apyrumu. OcHoBaH Ha 00-
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Jgee CIOXHON(MCKYIIEHHOH) METOAMKE, Ha3blBaeMOW comomopgrou oOpaboTKol, obecrneyn-
BArOLICH JIyYIIyIO OLICHKY XapaKTePHUCTHK CHCTEMBI 3aITUCH).

Optimal Filters

Ontumaibible PUIbTPLI

Figure 17-7a illustrates a common filtering problem: trying to extract a waveform (in this exam-
ple, an exponential pulse) buried in random noise. As shown in (b), this problem is no easier in
the frequency domain. The signal has a spectrum composed mainly of low frequency compo-
nents. In comparison, the spectrum of the noise is white (the same amplitude at all frequencies).
Since the spectra of the signal and noise overlap, it is not clear how the two can best be sepa-
rated. In fact, the real question is how to define what "best" means. We will look at three filters,
each of which is "best" (optimal) in a different way. Figure 17-8 shows the filter kernel and fre-
quency response for each of these filters. Figure 17-9 shows the result of using these filters on
the example waveform of Fig. 17-7a.

Pucynok 17-7a wumoctpupyeT oObIYHYIO Mpobiemy ¢uibTpauuu: npoOyst u3BiIeKaTh (opmy
BOJIHBI (B ATOM IIpUMEPE, TTOKA3aTEeIbHBIN UMITYJIC) CKPBITHIA B clydaitHOM Iryme. Kak mokasa-
HO B (b), 9Ta mpobiema - He MPOoIe B YaCTOTHOM JoMeHe. CUTHA COCTABIISET CIIEKTP TIIaBHBIM
00pa3oM HHU3KOUYACTOTHBIX KOMIOHEHTOB. [[ysi cpaBHEHUS, CIIEKTp IIyma - Oenwiii (Ta ke camas
aMIUTUTYAa BO BCeX 4acTorax). HaumHast co CIIEKTPOB CUTHANA U LIYMOBOTO NepeKpbimis, 3TO
HE YUCTO KakK 3TU JIBa MOTYT JIydllle BCEro ObITh pa3(0T)aeneHHbIMU. DaKTUUECKH, peaabHbIN
BOIIPOC - KaK OMpEAETUTh TO, KakoW "myuie Bcero" o3HawyaeT. Mbl OyJeM CMOTpETh Ha TpU
buabTpa, KOKIBIA W3 KOTOPHIX '"mydmwit" (OnTHMalieH) pasIndHbIM criocodboM. Pucynok 17-8
MOKa3bIBACT SAPO PUIBTPA U YACTOTHYIO XapaKTEPUCTHKY JJIsl KaXI0ro U3 3THX (puibTpoB. Pu-
CyHOK 17-9 moxa3bIBaeT pe3ysbTaT UCMOIb30BaHU 3TUX (PUIBTPOB Ha npumepe HOpMbI BOJTHBI
puc. 17-7a.

The moving average filter is the topic of Chapter 15. As you recall, each output point produced
by the moving average filter is the average of a certain number of points from the input signal.
This makes the filter kernel a rectangular pulse with an amplitude equal to the reciprocal of the
number of points in the average. The moving average filter is optimal in the sense that it pro-
vides the fastest step response for a given noise reduction.

OWIbTP CKOJb3SIIEro cpeanero - Tema riasbl 15. Kak Bbl moMHUTE, Kaxaas TOYKa BBIXOJA,
npousBeieHHast (GUIBTPOM CKOJIB3SIIIErO CPETHETO - CPEHEE YHUCIO HEKOTOPOTO YUCHIa TOUYEK OT
BXOJTHOTO CHUTHAlIa. JTO JeNaeT sSApo (GpuipTpa, NPSIMOYTOIBHBIM HUMITYJIBCOM C aMIUIHTYION
paBHOW 0OpaTHOM BEJIMYMHE YUCIIA TOYEK B cpenHeM. OUIbTp CKOIB3SIIETO CPETHETO ONTHMA-
JIEH B CMBICJIE, YTO 3TO 00ECrevYnBaeT caMylo OBICTPYIO PEAKIUI0 Ha CKAYOK JUIsl TAHHOTO IITy-
MOBOTO ITPUBEJECHUS.
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FIGURE 17-7

Example of optimal filtering. In (a), an exponential pulse buried in random noise. The frequency spectra of the pulse
and noise are shown in (b). Since the signal and noise overlap in both the time and frequency domains, the best way
to separate them isn't obvious.

PUCYHOK 17-7. IIpumep onTuMaibHON (HHIBTPALHH.

B (a), nokazarenpHbIi UMIYJIbC, CKPBITEINA B CIIy4aliHOM IIyMe. YacTOTHBIE CIIEKTPBI UMIYJIbCA U IIyMa MTOKa3bIBa-
totcs B (b). Haunnas ¢ curHasia ¥ nIyMOBOTO NEpEKpBITHS U B JOMEHE BPEMEHHM M YaCTOTHOM JOMEHe(B 000HX),
J'Iy‘{LlII/Iﬁ CHOCO6 OTACJIUTh UX HC OUYECBHICH.

The matched filter was previously discussed in Chapter 7. As shown in Fig. 17-8a, the filter
kernel of the matched filter is the same as the target signal being detected, except it has been
flipped left-for-right. The idea behind the matched filter is correlation, and this flip is required to
perform correlation using convolution. The amplitude of each point in the output signal is a
measure of how well the filter kernel matches the corresponding section of the input signal. Re-
call that the output of a matched filter does not necessarily look like the signal being detected.
This doesn't really matter; if a matched filter is used, the shape of the target signal must already
be known. The matched filter is optimal in the sense that the top of the peak is farther above the
noise than can be achieved with any other linear filter (see Fig. 17-9b).

CorsacoBaHHblil (pUIBTP ObUT IpeaBapUTENBLHO 00CYyK/eH B rinase 7. Kak mokaszano B puc. 17-
8a, ampo guibTpa coracoBaHHOTO (PHIIBTpa - TO K€ caMoe, Kak OOHapy’KWBAEMbIH IIEJIEBON
CHTHAJI, KPOME 3TOr0 OBbLIO 3epKabHO OTPa)XXeHO, JIEBO-TIpaBo. Vaes mo3aau(3a ciuHoi) cormna-
COBAHHOTO (QUIIBTPA - Koppenayus, U 3TO 3epKallbHOE OTpaKeHUe, TpedyeTcs, YTOObI UCIIOIHUTh
KOppenayuro, UCTIONb3Ysl céepmKy. AMILTUTYAa KaX/10i TOUYKH B CUTHAJE BBIXOJA - Mepa TOro,
KaK XOpoulIo SApo (pUiIbTpa COOTBETCTBYET COOTBETCTBYIOIIEMY pa3liely BXOAHOIO CHUTHAJIA.
BcmomHuTE, 9TO BBIXOJ COTVIACOBAHHOTO (MIIBTPA HE 00s3aTENIbHO HAalOMUHAET OOHApY KUBae-
MBIN CUTHAJ. DTO JIEHCTBUTEILHO HE UMEET 3HAYCHUS; €CIIM COTJIACOBAHHBIA (DUIIBTP UCIIOJIb3Y-
eTcs, (popMa 1eJIeBOro CUrHaja A0JDKHA yke ObITh n3BecTHa. COrnacoBaHHBIM (UIBTP ONTHMA-
JIeH B CMBICIIE, YTO BEPIIMHA MMHUKA JAJbIIE BBIIIE ITyMa Y€M MOXKET OBITh IOCTUTHYTO C JIOOBIM
JPyTUM JTUHEHHBIM GUiIbTpoM (cM. puc. 17-9b).
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FIGURE 17-8

Example of optimal filters. In (a), three filter kernels are shown, each of which is optimal in some sense. The corre-
sponding frequency responses are shown in (b). The moving average filter is designed to have a rectangular pulse
for a filter kernel. In comparison, the filter kernel of the matched filter looks like the signal being detected. The
Wiener filter is designed in the frequency domain, based on the relative amounts of signal and noise present at each
frequency.

PUCYHOK 17-8. [Ipumep onTuManbHbIX (GUIBTPOB.

B (a), mokasaHsl sizipa Tpex (GUIBTPOB, KA/ U3 KOTOPBIX ONTHMAJIEH B HEKOTOPOM cMbiciie. COOTBETCTBYIOIINE
YaCTOTHBIE XapaKTEPUCTHKU IMOKa3bIBalOTC B (b). PHIBTP CKONB3SIIEro CpelHero npeaHasHadeH(pa3paboTaH),
YTOOBI MMETh HPSMOYTOJNBHBIH WUMITyJIbC s snpa (uibTpa. s cpaBHEHUs, sIpo (QWIbTpa COTJIACOBAHHOTO
¢upTpa HanlOMHUHAET OOHAPY)KMBAEMBIH CHTHAJI. BUHEpOBCKMI (QUIBTP MpeaHa3HAYeH B YaCTOTHOM JOMEHE, OC-
HOBaH Ha OTHOCHTENBHBIX KOJMYECTBAX CHI'HAJIA M IIIyMOBOTO IIPEACTABICHUS B KXK/ION JacToTe.

The Wiener filter (named after the optimal estimation theory of Norbert Wiener) separates sig-
nals based on their frequency spectra. As shown in Fig. 17-7b, at some frequencies there is
mostly signal, while at others there is mostly noise. It seems logical that the "mostly signal" fre-
quencies should be passed through the filter, while the "mostly noise" frequencies should be
blocked. The Wiener filter takes this idea a step further; the gain of the filter at each frequency is
determined by the relative amount of signal and noise at that frequency:

BunepoBckuii puabTp (Ha3BaHHBIN 110 UMEHHU TEOPUH ONTUMANIbHON OlleHKH Norbert a Bune-
pa) OTAeNsIeT CUTHAJIBI, OCHOBAaHHBIC HAa MX YaCTOTHBIX criekTpax. Kak mokazano B puc. 17-7b, B
HEKOTOPBIX YacTOTaX MMEETCs TJIaBHBIM 00pa3oM CHUTHAJ, B TO BpeMs Kak B JPYI'HX UMeeTcs
TJIaBHBIM 00pa3om 1ryM. Kakercs mornuecku, 4To " TJiaBHBIM 00pa3oM CUTHAJ " 4aCTOTHI HYKHO
OPOIYCTUTh Yepe3 (puiabTp, B TO BpeMs Kak " II1aBHBIM 00pa3oM IIyM " 4acTOThI JOJKEH OBITh
OylokupoBaH. BuHepoBckuid GUmbTp OepeT 3Ty WICKO IIar Jajee; yCuieHue GuibTpa 6 kaxcoou
yacmome OTpesieNieHa COOTHOIIEHUEM CUTHAJIA U IIIyMa 6 Mol Yacmome:

EQUATION 17-1. The Wiener filter. HI 1 - S
The frequency response, represented by H[f], is determined by the frequency [ - 2, N 2
spectra of the noise, N[f], and the signal, S[f]. Only the magnitudes are impor- M) [J'r ] + ¥ [f ]

tant; all of the phases are zero.

YPABHEHMUE 17-1. Buneposckuii Gpuiabtp.

YactoTHast XapakTepHCTHKa, MpejcTaBiieHHas H[f], orpeaeneHa 4acCTOTHBIMU CHEKTpaMu Iiyma, N[f], u curHaiom,
S[f]. Tonbko BeNUYMHBI - BaXKHBI; Bce (pasbl HyJIEBbIE.

This relation is used to convert the spectra in Fig. 17-7b into the Wiener filter's frequency re-
sponse in Fig. 17-8b. The Wiener filter is optimal in the sense that it maximizes the ratio of the
signal power to the noise power (over the length of the signal, not at each individual point). An
appropriate filter kernel is designed from the Wiener frequency response using the custom
method.
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3TO OTHOIIEHUE UCTIONIB3YETCs, YTOOBI KOHBEPTHPOBAThH CIIEKTPHI B pHC. 17-7b B 4aCTOTHBIIH OT-
BeT BuHepoBckoro ¢uiabTpa B puc. 17-8b. BunepoBckuii GuibTp ONTUMANIEH B CMBICIIE, YTO 3TO
MaKCHUMH3HPYET OTHOIICHHWE MOIIM CUTHAajIa K MOIIM IryMa (IO JJIMHE CHUTHANla, HEe B KaXIOH
WHIUBHyanbHOU Touke). COOTBETCTBYIOIIEE AP0 (priibTpa pazpadboTano oT BuHEpoBcKoii vac-
TOTHOM XapaKTEPUCTUKHU, UCIIONIb3YS 3aKa3HOU METO/.

While the ideas behind these optimal filters are mathematically elegant, they often fail in practi-
cality. This isn't to say they should never be used. The point is, don't hear the word "optimal" and
stop thinking. Let's look at several reasons why you might not want to use them.

B 10 Bpemst kak ujeun no3aau(3a CMHOM) 3TUX ONTUMAIbHBIX (PUIBTPOB MaTeMaTHUECKH M3ALI-
Ha, OHU YacTo TEPIAT Heylayy B MPAKTUYHOCTH. DTO HE JOJHKHO TOBOPUTH, YTO OHU HUKOI/IA HE
JOJDKHBI MCNOJIb30BaThCs. [IyHKT, HE cablIMTE CI0BO "ONTHMMAlIbHOE" M NpeKpalaere O HUX
nymatb. /laBaiiTe CMOTpETh Ha HECKOJIBKO PUYUH, ToueMy Bbl HE MOTM OB XOTETh HCIONb30-
BaThb UX.

First, the difference between the signals in Fig. 17-9 is very unimpressive. In fact, if you weren't
told what parameters were being optimized, you probably couldn't tell by looking at the signals.
This is usually the case for problems involving overlapping frequency spectra. The small amount
of extra performance obtained from an optimal filter may not be worth the the increased program
complexity, the extra design effort, or the longer execution time.

Bo nepBbIX, pa3HOCTh MeXAy cUrHanamu B puc. 17-9 oueHp HeBneuaTistomas. OakTUYECKH,
ecinu Bam He TOBOpMIIM, YTO MapaMeTpbl ONTUMHU3UPOBATIUCEH, BBl BEpOsSTHO HE MOTJIM COOOIIUTH
pasmIAIbIBasi CUTHAJIBL. JTO OOBIYHO UMEET MECTO IS MPOOIeM MPH BKIIOYSHUH MEPEKPBIBAHUS
Ha YaCTOTHBIC CIIEKTPhI. MaJeHbKOE KOJMYECTBO JOTIOJHUTEIHLHON 3PPEKTUBHOCTH, TMOTYUYCH-
HOM OT ONTHUMAaNbHOTO (UIBTPA HE MOXKET CTOUTh YBEITUYCHHOH CIOKHOCTH MPOTPaMMBI, J10-
TIOJTHUTEINIbHBIE KOHCTPYKTOPCKHUE pabOThI, Wi 00Jiee NTUHHOE BPEMS BBITIOJIHEHUS.
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[ | |
b, Matched filter |

|a Moving average filier |

.5 0.5

Amplitode
Amplitude

1,0 -— 0.0 = -— PafancriPiy

] 1k} i 3IH) 40 S(H) 0 104 i 3K 40 S0H)
Sample mumber Sample number

T T
S 1 1
FIGURE I:'t'q . ) . c. Weiner filter
Example of using three optimal filters. These
signals result from filtering the waveform in Fig. L4
17-7 with the filters in Fig. 17-8, Each of these
three filters is optimal in some sense. In (a). the
moving average filter results in the sharpest
edge response for a given level of random noise
reduction. In (h). the matched Olter produces a
peak that is farther above the residue noise than o - o
provided by any other filter. In (c). the Wiener
filter optimizes the signal-to-noise ratio.
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FIGURE 17-9

Example of using three optimal filters. These signals result from filtering the waveform in Fig. 17-7 with the filters
in Fig. 17-8. Each of these three filters is optimal in some sense. In (a), the moving average filter results in the
sharpest edge response for a given level of random noise reduction. In (b), the matched filter produces a peak that is
farther above the residue noise than provided by any other filter. In (c), the Wiener filter optimizes the signal-to-
noise ratio.

PUCYHOK 17-9. [IpuMep nCHOIH30BaHUS TPEX ONTHMAIBHBIX (DHIIETPOB.

OTH CUTHAIBI CIIEACTBUE (IIBTPAIIH (POPMEI BOJIHEI B pUC. 17-7 ¢ unbTpamu B puc. 17-8. Kaxsiit U3 3THX Tpex
(UIBTPOB ONTHUMAJICH B HEKOTOPOM CMBICIE. B (@), GUibTp CKOMB3AIIEro cpeaHero NpUBOAUT K CAaMOMY OCTPOMY
oTBeTy Kpas((ppoHTa) [yl JAHHOTO YPOBHS CIIy4ailHOro LIyMOBoOro mpuseaeHus. B (b), cornacoBaHHbI GUIBTP
NPOU3BOAUT IIMK, KOTOPBIH SBIs€TCSA Iajblie BBIIIE OCTATOYHOTO IIyMa 4YeM OOECIeUeHHBIH JIIOOBIM IpYrum
¢unsTpom. B (c), BunepoBckuii GpunbTp ontuMu3npyet oTHomeHne(koadduiyent) " curyan K mymy .

Second: The Wiener and matched filters are completely determined by the characteristics of the
problem. Other filters, such as the windowed-sinc and moving average, can be tailored to your
liking. Optimal filter advocates would claim that this diddling can only reduce the effectiveness
of the filter. This is very arguable. Remember, each of these filters is optimal in one specific way
(i.e., "in some sense"). This is seldom sufficient to claim that the entire problem has been opti-
mized, especially if the resulting signals are interpreted by a human observer. For instance, a
biomedical engineer might use a Wiener filter to maximize the signal-to-noise ratio in an electro-
cardiogram. However, it is not obvious that this also optimizes a physician's ability to detect ir-
regular heart activity by looking at the signal.

Bo Bropeix: Bunep u cornacoBaHHble (GUIBTPBI HOTHOCTHIO ONPEAEICHBI B COOTBETCTBUH C Xa-
pakTepucTukamMu npoosemsl. Jpyrue dunbTpsl, THIAa windowed-sinc U CKONB3AIIETO CPETHETO,
MOTYT OBITh MpUCHOCOOJEHBI K Bamled cuMnaThuyi. ONTHUMaIbHbIE 3alIUTHUKU (QUIBTpa YTBEp-
xmamu Obl, yTo 3TOT diddling(cABHUr 3:MeMeHTOB M300pakeHUsI) MOXKET TOJIBKO MPUBOIUTH (-
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(eKTUBHOCTH QMIBTpa. ITO O4eHb CHOpHO. [loMHHTE, KaXIbIi U3 3TUX (UIBTPOB ONTUMAJICH
onanM crienuduaeckum criocooom (To ecTh, " B HEKOTOpOM cMbIciie "). DTO JOCTATOYHO PEIIKO
TpeboBaTh, 4TOOKI MOJIHAS MpobIeMa Obljla ONTHMU3UPOBAaHA, 0OCOOEHHO, €CII 3aKaHYMBAIOIIHE-
Csl CHTHAJIBI HHTEPIPETUPYIOTCS YeJIOBEYECKUM IitazoM. Hampumep, OmoMeuumHCKUN HHKEHEP
MoOT OBl MCIIONIb30BaTh BUHEPOBCKHiA GUIBTP, YTOOBI MAaKCUMHU3UPOBATh OTHOLICHHUE " CUTHAT K
mymy " B anekTpokapauorpamMe. OnHaKo, HE OYEBUAHO, YTO ATO TAKXKE ONTHMHU3UPYET CIO-
COOHOCTH Bpaua 0OHApYy>KUTh HENPAaBUIbHOE JICHCTBUE CepAlla TS HA CUTHAIL.

Third: The Wiener and matched filter must be carried out by convolution, making them ex-
tremely slow to execute. Even with the speed improvements discussed in the next chapter (FFT
convolution), the computation time can be excessively long. In comparison, recursive filters
(such as the moving average or others presented in Chapter 19) are much faster, and may provide
an acceptable level of performance.

Tperbe: BunepoBckuil u coriaacoBaHHbIN (GUIBTP JOKEH OBITH BBHIIIOJIHEH CBEPTKOM, Jlenas X
Ype3BbIYAHO MEJUIEHHBIMHU, YTOOBI BBIMOIHUTECS. Jlaxke ¢ yTOUYHEHUSAMHU OBICTPOAEHCTBHS, 00-
CYX/ICHHBIMH B cienytomiei rinase (cBeptka bBI1®D), Bpemst BBIYHCICHUS MOKET ObITh Ype3MEPHO
noaro. s cpaBHEHMsI, PEKYpPCHBHbIE (DUIBTPBI (THIA CKOJB3AILIETO CPEIHEro WU Jpyrue
NIpeJCTaBICHHbIC B I71aBe 19) - HAMHOTO OBICTpEe, U MOTYT O0eCTIeYrBaTh IPUEMIIEMBIN YPOBEHb
3¢ PeKTUBHOCTH.
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