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Projekta tresa etapa izpildes pamatojums un kopsavilkums

1. Programmas mérkis: Veidot Latvijas informatikas industrijas zinatnisko bazi, dot butisku
ieguldijumu (p&tijumus un izstrades) jaunako informacijas tehnologiju radiSana, attistiba un
piemérosana Latvijas vajadzibam, sagatavot augstakas kvalifikacijas specialistus un
iepludinat tos Latvijas IT darba tirgii, kapinat Latvijas IT industrijas konkurétsp&ju pasaulg,
izstradat valsts nozimes informatizacijas projektu zinatnisko pamatu tautsaimniecibas
problému risinasanai, palielinat Latvijas zinatnieku konkurétsp&ju ES projektu izciniSana IT
joma.

2. Projekta mérkis: Originalu signalu diskrétas apstrades panémienu izveide un to darbibas
izp&te, kas integracija ar modernam elektroniskam tehnologijam dod iesp&jas rast aktualu
IT problému risinajumus un Jauj veidot uz zinatnu ietilpibas rékina konkur&tsp&jigas
elektroniskas iekartas.

3. Projekta 3. etapa ,,Darba uzdevuma” definétie uzdevumi:

3.1. Uzlabotu signala rekonstrukcijas pan€mienu, metozu un algoritmu izstrade, kas nem
veéra Iimenu-Skérsojuma analogs-ciparu parveidojuma Tpatnibas un 1pasibas.

3.2. Nestacionaru signalu apstrades metozu attistiSana nevienmerigi diskretizétiem
signaliem, uzmanibu pieverSot realu multimediju signalu analizei.

3.3. Projekta radito signalapstrades algoritmu implementacija LabVIEW vidg - iesp&ju izpete
un realizacijas piemeri.

3.4. Asinhronu datu apstrades sisteému modelu veidoSana uz vispargja pielietojuma
mikroprocesoru un specializéto mikroshému bazes.

4. Projekta 3. etapa definéto uzdevumu izpildes rezultati:
(uzdevuma darbu saturs, izpildes rezultati, to zinatniska un tautsaimnieciska nozimiba)

4.1. Paveiktie darbi 1.uzdevuma izpild€ ir merktiecigs turpinajums ieprieks¢ja etapa

iesaktam.

2. etapa tika izveidota metode signala rekonstrukcijai no Iimenu S$k@rsojuma notikumu
nolasém izmantojot asimetriskas sinc-funkcijas, kuru parametri tiek noteikti atkariba no
nolasu laika momentiem. Praktiskas dabas signalu lokalas ipaSibas var mainities daudz
straujak neka notiek sinc-funkcijas rims$ana. Tapéc $aja etapa sinc-funkciju pieeja ir aizstata
ar treSas kartas pamat-splainiem. Izpetiti rezultati, ko iegiist, ja atjaunota signala izteiksmi
nosaka signala nolaSu un atbilstoSu tresas kartas asimetrisku pamat-splainu reizinajumu
summa (tresas kartas pamat-splainiem tiek pieméroti noteikti méroga koeficienti). Ir veikta
frekvence€ un amplitiida mainigu testa signalu rekonstrukcija un piedavats atjaunota signala
korekcijas panémiens, izmantojot Bezira kvadratiskos splainus. Apskatitas metodes truikums
ir tas aprékinu laikietilpigums. Tapéc Saja projekta izpildes etapa ir apzinats ari cits uzlabots
signala rekonstrukcijas pagémiens, kas ir daudz atraks no aprékinu viedokla un balstas uz
ideju par laika mainigas caurlaides joslas tresas kartas pamat-splainu filtru izmantoSanu. Par
So metodi tiek gatavota publikacija, kas pieteikta prezent€Sanai un public€Sanai starptautiska
konferencé “Sampling Theory and Applications SampTA'07” (Saloniki, Griekija). Viens no
jaunas pieejas stiirakmeniem ir signala lokalas maksimalas frekvences novertéSana atkariba
no signala nolasu laika momentiem. Tas ir svarigs nakama etapa risinams uzdevums. legiito
rezultatu zinatniska nozimiba saistas ar originalas idejas izvirziSanu par nesimetriskiem
splainiem un to pielietojumu signalatkarigi diskretiz&tiem ciparu signaliem. Ipasi interesanta
var izradities pieeja par signala rekonstrukciju ar splainiem, kas laika maina savu caurlaides
joslas platumu. Tautsaimnieciska nozime pamatojas uz faktu, ka uz $ada veida algoritmiem
var balstit beztaktétaja elektronisko iekartu izstradi, piedevam korekti atjaunotu signalu talak
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var apstradat ar klasiskam signalapstrades metodém, kas paredzetas vienmeérigi diskretizétiem
signaliem.

4.2. Izmantojot iepriekS€jos etapos iegltos rezultatus nevienmérigi diskretiz€tu nestacionaru
signalu apstrad€, Saja etapa ir attistits nestacionaru signalu apstrades modelis, kas balstas uz
Iimenu-Skérsojuma diskretizaciju. Konferencé ,,Signal processing and multimedia
applications SIGMAP'06” (Setubal, Portugale) sniegta prezentacija, kura izraisija dalibnieku
interesi ar savu originalo pieeju multimediju signalu apstradei. Ka praktiska pielietojuma
piemérs ir izveléts skanas signalu apstrade. LS-ACP darbibas emul&$ana ir veikta izmantojot
datu registracijas karti ATS460 ar augstu diskretizacijas frekvenci un 14-bitu izSkirSanu,
apstradei atstajot tikai LS-ACP atbilstodas vértibas. Izmantojot LS-ACP pieeju iesp&jams
samazinat skanas signala sekmigai atjaunoSanai nepiecieSamo nolaSu skaitu. Atjaunota
signala kvalitate noverteta gan audiali, gan skaitliski no modeléSanas rezultatiem.

Papildus minétajam ir izveidoti cCetri papemieni Vignera-Villes sadalijuma (VVS)
novertésanai signalam no ta nevienméerigi izvietotam nolasém. Vienkarsakais no tiem balstas
uz nolaSu nevienmériguma ignorésanu, tacu tas dod sameéra lielus izkroplojumus. Otrais
panemiens saistits ar signala pardiskretiz€Sanu ar tieSas-inversas transformacijas para
palidzibu uz vienmerigi izvietotiem laika momentiem, no kuriem iespg&jams aprékinat VVS
ar klasiskiem pan€mieniem. Tre$as pieejas pamata ir signala interpolacija, ka divus efektivus
veidus apskatot nolasu savieno$anu ar polinomu palidzibu un frekvencu josla ierobezotu
interpolaciju ar laika nobiditam sinc funkcijam. Ceturta piedavata pieeja ir Ipasi interesanta
un balstas uz signala nolasu ,,parkoordinéSanu” no laika koordinates uz savstarpgjo attalumu
koordinati. legiitie rezultati tiek apkopoti un pieteikti public€Sanai un prezent€Sanai
konference ,,Sampling Theory and Applications’07” (Saloniki, Griekija).

Rezultatu zinatnisko nozimibu nosaka fakts, ka 11dz §im Vignera-Villes sadalijuma iegiiSana
ciparu signaliem tie$a veida ir iesp&jama tikai vienmerigi diskretizEtiem signaliem.
Izmantojot piedavatas pieejas, VVS metode, kas dod augstas izSkirSanas rezultatus
vienkomponentes signaliem, var tik izmantota ar1 saistiba ar signalatkarigu diskretizaciju.
Sada kombinacija ir interesanta un noteikti prasa talakus pétfjumus. Rezultatu praktisko
nozimibu nosaka fakts, ka realas dabas signali p&c savas biitibas ir nestacionari.

4.3. Dala no izstradatiem signalapstrades algoritmiem ir implementéti LabVIEW, kur dazadu
aplikaciju radiSanai izmanto nevis programmas kodu ar simbolu rindam, bet gan ikonas
bloku diagrammu veidoSanai. Izmantojot LabVIEW piedavatas iesp&jas, izveidots signala
limenu-skérsojuma ACP, kuram lietotdjs var uzdot sprieguma Iimenus, un signala
atjaunoSanas bloks, kas veic signala rekonstrukciju no iegiitajam Iimenu-Skérsojuma
nolaseém. Izveidotais ACP realiz€ts, sakuma ieejas analogo signalu vienmerigi diskretizgjot
ar signalu ciparotaju ATS460, un talak, veicot laika vienmerigi izvietoto nolaSu apstradi ar
mérki ieglt signala limenu-Skérsojuma nolases. Saglabatas nolases vélak var izmantot
dazadas LabVIEW programmas, pirms tam tas iesiitot nolaSu masiva no faila, kura tas
saglabatas. Izmantojot LabVIEW vidé raditos programblokus, ir veikta reala runas signala
Iimenu-skérsojuma diskretizacija un atjaunoSana no iegiitajam nolas€m. Veicot
rekonstrukciju, atjaunotais signals tiek rekinats diskrétos vienmérigi izvietotos laika
momentos un saglabats audio formata vélakai ta atskanoSanai. Rezultata tiek iegtti tris audio
faili, no kuriem viens ir sakotngjais runas signals, bet pargjie divi ir veiksmigas ta
rekonstrukcijas no astonu un seSpadsmit Itmenu Sk&rsojumu notikumu nolaseém. Paveikta
mérkis ir noverteét, cik labi un atri ir iesp&jams atjaunot runas signalu, jo konkurétsp&jiga
rezultata gadijuma priekSroku var€tu dot nevis vienmérigai, bet gan limenu-skérsojuma
diskretizacijai. Tas lauj pielietot efektivas signala kod€Sanas metodes saglabajamas vai
parraidamas informacijas daudzuma samazinasanai.

Papildus tam rezultatu zinatniska un tautsaimnieciska nozime balstas uz to, ka LabVIEW
vide izveidotas programmas ir parnesamas iestradei programmé&jama logika FPGA,
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izmantojot LabVIEW FPGA moduli. Logika vairaki procesi var norisinaties paraléli un
neatkarigi viens no otra, un $aja zina LabVIEW grafiska programmeéSanas vide ir ideali
piemérota $adu procesu izstradei.

4.4. Turpinot ieprieks€jos projekta etapos iesaktos darbus, kuru mérkis ir virziba uz
jaunradito signalu apstrades pieeju praktisko realizaciju elektroniskas iekartas, Saja projekta
etapa rezultati ir sasniegti divos svarigos novirzienos: 1) realizacija ar universalu
mikroprocesoru palidzibu un 2) iestrades specializéto mikroshému izveidei.

Pirmaja novirziena, atbilstosi iepriek$&ja projekta etapa demonstrétajai idejai par asinhronu
datu apstrades sist€ému energo ekonomiskuma potencialu, ir:

e [zanalizgtas iesp&jas ka ar Sobrid pieejamiem lidzekliem iesp&jams veidot asinhronas
datu apstrades sistémas (ADAS) uz plaSa pielietojuma mikroprocesoru bazes,

e izveleta ADAS struktira, uz kuras pamata veikt pirma aparatiira realiz€jama maketa
izstradi,

e icgadatas nepiecieSamas elektroniskas komponentes un mikroprocesora pielietojumu
izstradataja rikkopa (Development Kif), kas satur procesoru programmeéSanas iekartu
un vidi,

e uz iepriek§ minéta pamata ir izveidots ADAS makets, uzsakta mikroprocesora
programmeésana, notiek maketa darbibas test€Sana,

e iegitie rezultati tiek apkopoti publikacija, kura tiks pieteikta uz prezentaciju
konferencé ,,Electronics'2007” (Kauna, Lietuva) un publicéSanai zurnala ,,Electronics
and Electrical Engineering”

Iegiito rezultatu nozimigumu nosaka fakts, ka ar §adu pieeju veidotas sist€émas var tikt
izmantotas dazadas tautsaimniecibas nozar€s, kur nepiecieSami mobili risinajumi lauku
apstaklos, kur nav iesp&jama stacionaras elektroenergijas piegade, piem&ram: spalgu malu
mednieku $avienu fiksacija, motorzagu rékonas fiksacija, automasinu darbibas fiksacija
neatlautas izgaztuves.

Otra novirziena, kas saistits ar specializéto mikroshému izveidi, ir turpinati ieprieks€jos
etapos iesaktie petijumi, kas balstas uz taisnsttra funkciju pielietojumu telekomunikaciju
signalu demodulacija. Uz jau izveidota GSM signalu apstrades beztaktétaja sistemas modela
pamata ir veikta datormodel&Sana, kas simul€ vienlaicigu vairakavotu datu parraidi
trokSnaina vide. Signalu apstrade veidota ar taisnstiirfunkcijam, ko iesp&jams efektivi
implementét specializétas mikroshémas. Sobrid iegitie rezultati parada, ka limenu-
Skersojuma pieeja sp€j veiksmigi darboties vienkanala gadijuma, tomer palielinot vienlaicigi
darbojosos kanalu skaitu ir problémas, ja tiek izmantots nelielu (septini) [imenu skaits.
Rezultatu nozimiba slépjas fakta, ka pielietojot piedavato sistemas modeli principa ir
iesp&jams datu parraidi veikt ar [idz pat vairaku simtu reizu lielaku caurlaidibu, neka to
nosaka esoSais GSM standarts. Toméer, lai objektivi novertetu risinajumu praktisko
pielietojamibu ir javeic papildus petijumi un model&Sana, iesp&jams nakamajos etapos ir
lietderigi apskatit un izanalizét $adas pieejas pielietojamibu citu ciparu modulaciju
izmantoSanas gadijumos.

5. Kopsavilkums: Projekts ir versts uz jaunu signalu apstrades panémienu radiSanu, kas
kopa ar modernajam elektroniskam tehnologijam piedavatu risinajumus uz zinatnu ietilpibas
rekina konkurétsp&jigu elektronisko iekartu razoSanai. Projekta pirmajos etapos tika uzsakti
petfjumi un veiktas iestrades, kuru pamata ir ideja 11dz$ingjas zinasanas un pieredzi DASP
(Digital Alias-free Signal Processing) signalu apstrades joma saistit ar beztaktetaja
elektronisko iekartu projektéSanas principiem. Tika apzinatas asinhronu elektronisko sistému
priekSrocibas — pazeminats energijas patérins, samazinata siltuma izdaliSana, automatiska
adaptacija pie fizikalo apstaklu mainas, neliels elektromagnétiskais izstarojums u.c. Tacu, lai
signalu apstrades sistémas varétu giit labumu no $Im prieksrocibam, ir nepiecieSams analogs-
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ciparu parveidojumu vadit nevis ka klasiskaja gadijjuma ar taktsimpulsiem, bet gan ar pasu
signalu. Limenu-S§k&rsojuma analogs-ciparu parveidotaja signala nolases tiek nemtas tajos
laika momentos, kad signals $kérso kadu no uzdotiem sprieguma limeniem. Diskretizacijas
rezultata vispariga gadijuma iegiist laika nevienmerigi izvietotas signala nolases. Lidz ar to
rodas nepiecieSamiba radit atbilstosas apstrades metodes. Ieprieks€jos etapos tika apliikoti un
model&ti veidi ka beztaktetaja reZima iesp&jams veikt analogs-ciparu parveidojumus, izpétitas
limena-Skérsojuma diskretizacijas 1pasibas. Ir apzinatas iesp&jas iegiito signalu apstradei
pielietot esosas nevienmerigi diskretizé€tu signalu apstradei raditas metodes, ka ar1 izveidots
originals signalu rekonstrukcijas algoritms balstits uz sinc funkciju izmantoSanu. Ta ka
signala lokalas 1pasibas var mainities visai strauji, tad sinc-funkcijas tas 1€nas rimSanas dg]

Saja etapa ir aizstata ar strauji rimsto$am — treSas kartas pamatsplainiem. Perspektiva ir jauna

ideja par splainu filtru izmantoSanu, kuru caurlaides joslas platums ir laika mainigs. Idejas

sekmiguma pamata ir preciza signala lokala frekvencu joslas platuma novérté€Sana no ta

Iimenu §kérsojumu laika momentu vértibam. Saja virziena paslaik ir uzsakti pétijumi un tiek

veidota publikacija.

Ieprieks€ja etapa notika darbs pie nevienmerigi diskretiz€tu nestacionaru signalu
analizes, kas $aja etapa ir butiski papildinats ar p&tijjumiem par Vignera-Villes sadalijuma
aprékinasanu nevienmérigi diskretiz€tam signalam. Piedavatas Cetras pieejas.

Samera liels akcents projekta ietvaros ir uz jaunradamo originalo ciparu signalu apstrades
panémienu saistibu ar to realizaciju praktiskos risindjumos. Izmantojot otraja etapa izveidotas
pamatprocediiras signalapstrades veiksanai LabVIEW vidg, Saja etapa jau ir realiz€ti vairaki
runas signala apstrades algoritmi. Tiek planots LabVIEW vidé izveidotas programmas
parnest uz programméjamo logiku FPGA, izmantojot specializétu moduli, jo FPGA vairaki
procesi var norisinaties paral€li un neatkarigi viens no otra.

Veiksmigi darbi virzijuSies saistiba ar vispargja pielietojuma mikroprocesoru
izmanto3anas iespéju izpéti asinhronu datu apstrades sistému radi$anai. Sobrid tiek veidots un
programmets sist€mas makets uz Philips 8051 procesora bazes. Talako darbu merkis ir veidot
tadas asinhronas signalu uztverSanas, parveidoSanas, datu apstrades, notikumu fiksacijas un
parraides sisteémas, kuras: praktiski nepatéré energiju laika starp notikumiem,; atsak darboties
(iesledzas), ieejas signalam sasniedzot ieprieks uzdotu ieejas signala slieksni; sp&j adaptéties
apkartgjas vides fona izmainam; sp&j analizét un filtrét ieejas signalus, atmetot tos, kas
neatbilst sisttmas uzdevumam- nefiks€jot tos atmina un neieslédzot parraides ierici; ir
miniatiras, 1€tas un aizsargatas pret kaitigu vides un klimata iedarbibam.

Turpinati darbi saistiba ar taisnstiira funkciju izmanto$anu un specializ€tu mikroshému
projektéSanu. Attistits GSM sistémas modelis apskatot vairakavotu vienlaicigu datu parraidi
trokSpaina vidé. Pie Sadiem nosacijumiem ir radusas problémas izmantojot neliela skaita
Iimenu Skérsojuma diskretizaciju. Turpmak planots apskatit citus ciparu modulacijas veidus
jeb sarezgitaku pieeju specializéto mikroshému implementacija.

Konkrétais projekta tresa etapa izpildes mérkis bija ieprieks€jos etapos radito
konkuretsp&jigu asinhrono sist€ému risinajumu ideju un iestrazu attistiSana no vienas puses
turpinot teor&tiskus pétijumus, bet no otras puses virzoties uz praktisku maketu darbibas
péetiSanu.

Stradajot pie mérka sasniegSanai nospraustajiem uzdevumiem ir iegiti sekojosi galvenie
rezultati:

e Izveidota pieeja nevienmérigi diskretizetu signalu rekonstrukcijai ar asimetriskiem
splainiem. Izpétitas §is pieejas prieksrocibas un trukumi..

e Piedavati uzlabojumi rekonstrukcijai ar splainiem gadijumam, kad signala nolases iegiitas
ka noteiktu Iimenu Sk&rsojuma notikumi. Izvirzitas pamatidejas algoritmam, kas splainu
frekvencu caurlaides joslu adaptivi pieskanotu signala lokalam nolasu blivumam.

e Izveidoti Cetri paneémieni Vignera-Villes sadalijuma novertésanai gadijumos, kad signala
nolases ir zinamas nevienmerigi izvietotos laika momentos. Veikta to modeléSana un
salidzinasana.
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LabVIEW grafiskas programmesanas vide realiz€ts Iimenu-skérsojuma diskretizacijas
modelis, asimetrisku sinc funkciju atjaunoSanas algoritms, asimetrisku splainu algoritms.
Izmantojot LabVIEW vidi un izstradatas programmas veikta modelésana realu skanas
signalu apstradei, kas diskretiz&ti péc [imenu-Skérsojuma principa.

Izveidots makets asinhronas datu apstrades sist€émai uz vispargja pielietojuma
mikroprocesoru bazes. Uzsakta ta programmesana un sist€mas darbibas izpéte.

GSM telekomunikaciju signalu apstrades ar taisnstiira funkcijam datormodeléSanas riku
kopa papildinata ar gadijumu, kad tiek veikta vienlaiciga vairakavotu datu parraide
trokSpaina vide.

Projekta 3. etapa darba uzdevumu izpilde iegiitie rezultati ir vai tiks izmantoti sekojosu
publikaciju un konferencu prezentaciju veidoSana:

1.

M. Greitans. “Processing of Non-Stationary Signal Using Level-Crossing Sampling”,
Proceedings of the International Conference on Signal Processing and Multimedia
Applications ,,SIGMAP2006” Setubal, Portugal, Aug. 2006., pp 170-177.

A. Baums, M.Greitans, U.Grunde ,,Development of asynchronous data processing
system using general-purpose microprocessor,” 1idz 30.12.2006 tiks pieteikts
publicésanai zurnala ,,ELECTRONICS AND ELECTRICAL ENGINEERING” (ISSN
1392-1215) un prezent&sanai konferencé ,,ELECTRONICS'2007, the 11" international
conference”, Kaunas University of Technology.

M. Greitans and R. Shavelis, “Spline-based signal reconstruction algorithm from
multiple level crossing samples” pietiekta uz The 7th International Conference on
Sampling Theory and Applications, 1-5 June 2007, Thessaloniki, Greece.

M. Greitans, “On Discrete Wigner-Ville distribution in non-uniform sampling case”
pieteikta uz The 7th International Conference on Sampling Theory and Applications, 1-5
June 2007, Thessaloniki, Greece.

Apkopojot ieprieks rakstito var apgalvot, ka projekta treSajam etapam nospraustie

uzdevumi ir pilniba izpilditi. Paveiktais darbs no vienas puses ir logisks iepriek$&jos etapos
paveikta turpinajums, bet no otras puses tas dod iesp&ju konkretizét uzdevumus nakama etapa
veicamajiem pétijumiem un izstradém. Ka svarigus veicamos uzdevumus projekta ceturtaja
etapa var minét:

Ar LS-ACP diskretizéta signala rekonstrukcijas panémiena izveide, kas balstas uz laika
mainigu splainu filtru izmantoSanu: 1) signala spektra maksimalas frekvences noteikSana
lokala laika apgabala, zinot nolasu laika momentus; 2) iterativa signala atjaunoSanas
algoritma stabilitate un konvergences noteikSana.

Skanas signalu apstrades sistéemu model&Sana, ja signala nolases iegiitas ar signalatkarigas
diskretizacijas pan€mienu.

Augstas jiitibas super-platjoslas signalu parveidoSanas un apstrades metozu izstrade ar
potencialu pielietojumu radaru sistému joma.

LabVIEW veidotu algoritmu parnese uz FPGA, tehnologijas iesp&ju izpéte.

Jauktu signalu (analogs + ciparu) specializéto mikroshému projektéSanas ar kompanijas
Tanner projekt€sanas rikkopu iesp&ju apguve

Uz vispargja pielietojuma mikroprocesora veidotas asinhronas datu apstrades sist€mas
darbibas izpéte, tas mikrominiaturizéSanas iespgjas.

Projekta izpildes laika iegtito rezultatu prezentéSana starptautiskas konferencés un
publicésana LZP saraksta ieklautajos zinatniskajos zurnalos (izdevumos)

Nobeiguma gribu atzimét, ka turpinot jau ieprieks€jos etapos iesakto praksi, projekta

izpilde ir iesaistfjuSies tris jauni darbinieki — RTU beidzis elektronikas magistrs, LU
Datorzinatnu otra kursa magistrants un Rigas Tehniskas Koledzas elektronikas nodalas
absolvents, kas paslaik turpina macibas RTK datorzinibu nodala. Tas atbilst Valsts p&tijumu
programmas mérkim par jaunu augstas kvalifikacijas specialistu sagatavoSanu. Pozitivi
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vertejams ari fakts, ka projekta izpilditaju magistru darba t€mas tiek saistitas ar aktualu,
misdienigu problému izpé&ti.
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1. SIGNALA REKONSTRUKCIJAS PANEMIENU IZSTRADE
NO LIMENU-SKERSOJUMA NOLASEM

Limenu-skérsojuma analogs-ciparu parveidotaja signala nolases tiek nemtas tajos laika
momentos, kad signals Sk&rso kadu no uzdotiem sprieguma Iimeniem. Diskretizacijas
rezultata vispariga gadijuma iegist laika nevienmérigi izvietotas signala nolases, kuru skaits
ir atkarigs no pasSa signala ipaSibam. Probléma ir izstradat metodes, ar kuru palidzibu
iesp&jams veikt signala rekonstrukciju ta, lai atjaunotais signals p&c iesp&jas mazak atskirtos
no sakotngja.

Projekta ieprieks€ja etapa tika apskatita signala atjaunoSana ar simetriskam un
asimetriskam sinc-funkcijam, kuru parametrus noteica atkariba no lokaliem signala nolaSu
blivumiem. Saja etapa sinc-funkcijas to 1enas rimsanas dg] aizstaj ar asimetriskiem tresas-
kartas pamat-splainiem. Rezultata signala atjaunosana kliist lokalizétaka ar vairakam no ta
izrietosam prieksrocibam.

Nodalas sakuma dota neliela informacija par vienmérigi diskretiz&ta signala atjaunoSanu
un veikts sinc-funkcijas un tre$as kartas pamat-splaina salidzinajums. Talak seko metodes
apraksts signala rekonstrukcijai no Iimenu-$kérsojuma nolasém ar asimetriskiem tresas-kartas
pamat-splainiem un sniegts iegiito rezultatu novertgjums un secinajumi.

1.1. Vienmérigi diskretizéta signala rekonstrukcija

Saskana ar Sennona-Kotelnikova teorému frekvenéu josla [-f

max ?

Jfoax ] 1€TObEZOtU
signalu s(z) iesp&jams precizi atjaunot no ta vienmeérigi izvietotam nolas€m s(nT) péc
formulas :

+00

s(t)= Y s(nT)-sinc(w, (t —nT)), (1.1)
kur @, =2nf , ,bet T = LI signala diskretizacijas solis. lerobeZota skaita N nolaSu
gadijuma atjaunotais signals
N-1
$(t) = s(nT)-sinc(w, (t — nT)) (1.2)
n=0

no sakotngja s(¢) var atskirties, jo izmantoto nolasu skaits ir galigs.
Izteiksmés (1.1) un (1.2) funkcija sinc ir ideala filtra impulsa reakcija. Filtra parvades
funkcija

oo T Ja = fr
K(f)—{o’ iaf>fo (1.3)

un impulsa reakcija

() = F'[K(f)]=sinc(27f, ) (1.4)

ilustréti 1.1. Zim&uma ar zilu raustitu liniju. Ja ideala filtra vieta izmanto tresas kartas
pamat-splainu filtru ar impulsa reakciju
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ba &
ht)  =n(t)=— N B-k), 1.5
(), =1 (1) mk;c Bt —k) (1.5)
kur ¢=+3-2 un B’ (t) ir tresas kartas B-splains, tad atjaunota signala izteiksme biis:
N-1 _
§(t)=2s(nT)~773(t ;Tj (1.6)
n=0

Zim&juma 1.1. ar melnu Iiniju paradita kubiska pamat-splainu filtra parvades funkcija un
impulsa reakcija. Pieaugot pamat-splaina kartai, tas arvien vairak sak Iidzinaties sinc-
funkcijai un robezgadijuma [1]:

lim#n" (t) = sinc(rt) (1.7)

e,

hit. P

- '.'n._._,-'.\.. |

]

i

-1 0.5 il a5 i 10 '
. [Hz] t. [s]

1.1. zZim. Ideala (ar zilu raustitu liniju) un kubiska pamat-splainu filtra parvades funkcijas
K(f) un impulsa reakcijas /(¢)

1.2. Sinc-funkcijas un kubiska pamat-splaina salidzinajums

Tagad atradisim atjaunota signala vértibu saskana ar (1.2) laika momenta

e (kT,(k+1)T):

§(t,) = is(nT) sinc(w, (¢, —nT))+ fs(nT).sim:(a)o(zl —nT)) (1.8)

Izteiksme (1.8) pirmais saskaitamais nem vera visas signala nolases, kas izvietotas pa
kreisi no ¢,, bet otrais — pa labi no #,. Ta ka sinc-funkcija ir dilstoSa, tad atjaunota signala

momentano veértibu §(¢,) vislielaka méra nosaka laika momentam ¢, tuvak izvietotas nolases.
Attalakas nolases maz ietekmé $(¢,), tapéc ir lietderigi noskaidrot, cik lielu energiju sinc-
funkcija satur laika intervala [nT ,(n+DT ) (1.2. zim.).

10
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sinc-funleciyas un kubiska pam at-

splaina energiju salidzindjum s
1 -
el E" 0% E" %
_ B, = |[sinc?@at | Ea E,
= o ) 0 | 9028 | 9777
= 1 471 2.08
PN 2 165 0.15
|:| . .
! S~ 3 0.83 | 1.07-102
! ! 4 0.50 7.68-104
0 AT (m+1)T 5 0.34 5.51-103
: . . & 0,24 3.96-10%
1.2, 2im. Sinc-funkeijas energija £, 278 | 5.52.105 0
lailkea intervala [#7, (2 + [T | 999 | 1.01-10° 0

Saskana ar Parsevala teorému sinc-funkcijas pilna energija ir:

oo , +o0 . ) +fmax2 ,
By = [W*()dt = [|[KQaf)| df = [T7df =T -2f,, =T (1.9)
-0 —o0 - f max
Ja sinc-funkciju apskata tikai pozitivam laika vertibam, tad pilna energija bis uz pusi
mazaka. Tagad atradisim, kadu dalu no pilnas energijas funkcija satur katra no laika
(n+)T
intervaliem [nT , (n + l)T ), n=0,1,2,.... Ta ka integrala Isinc2 (¢)dt vertibu analitiski noteikt
nT
nevar, tad to aprékina aptuveni, izmantojot skaitliskas integréSanas metodes. legiitie rezultati

atbilst sinc-funkcijai, bet £ treSas kartas

sinc p-s
pamat-splainam. Tatad, ja veic atjaunota signala veértibas aprékinu brivi izvéleta laika
momenta, tad sinc funkciju gadijuma var€tu izmantot 429 pa labi un tikpat daudz pa kreisi no
§1 laika momenta izvietotas nolases. Tas nozimé, ka izteiksmé (1.8) katra summas zime
saturétu 429 saskaitamos. Savukart tresas kartas pamat-splainu gadijuma Sis nolaSu skaits
biitu daudz mazaks — tikai seSas nolases. Tapec pec Itmenu Sk&rsojuma principa diskretizetu
signalu labak biitu atjaunot ar zemaku kartu pamat-splainiem, kas nodrosinatu labaku signala
lokalo 1pasibu nemsanu veéra, veicot ta rekonstrukciju.

uzraditi augstak redzamaja tabula, kur

1.3. Signala atjaunosana no ta limenu-skérsojuma nolasém ar
asimetriskiem pamat-splainiem

Péc Ilimenu Skersojuma principa diskretiz€ta signala nolases laika ir izvietotas
nevienmerigi, tapec atjaunota signala izteiksmi rakstisim:
N-1

$(6)= s(t,) K, (t~1,) (1.10)

n=0

11
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é tli é a 1I0 1I2 14 1IB
t, [s]

1.3. zZim. Asimetriska treas kartas pamat-splaina x”(¢) piemérs
Izteiksmé (1.10) x(¢) apzimé nolasei s(¢,) atbilstosu tresas kartas asimetrisku pamat-

splainu (1.3. zZim.), kuru dazados laika intervalos apraksta atskirigi tresas kartas pamat-splaini

7’ (1)
6 _ —A )
K,f(t): Zﬁ{nz.[t Ly L mJ.Hn_m}, (1.11)
m=- Al‘n—m

kur
Atn = tn+1 _tn 5 (112)

bet
I, =1(¢—¢t,)-1(t~-¢,,) (1.13)

ka divu vienibas 1&cienu funkciju starpiba paradita 1.4. Zimgjuma.
1

= s

jun

1]

H H

» n+l

1.4. Zim. Funkcijas I1, grafiks

Tagad veiksim frekvences un amplitiidas modul&tu signalu rekonstrukciju no to Iimenu-
Skérsojuma nolasém saskana ar (1.10). Zim&umos 1.5. un 1.6. sakotngjie signali s(z) paraditi

ar zilu krasu, to [imenu $k&rsojuma nolases ar punktiem, bet atjaunotie signali §(¢) ar sarkanu
krasu.

12
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15 15
1 W I ] 1 I
05 05
= =
= 0 = 0
w o
-0.5 -0.5
1 1
-1.5 : : : : : : -1.5 : : : : : :
u] 20 40 50 80 100 120 u] 20 40 50 80 100 120
t, [s] t, [s]

1.5. zZim. Frekvenc€ modul&ts sakotngjais un atjaunotais signali s(¢) un §(¢)

15 15
1 1
02 02 AALALANLLLL,
= =
= U = U
- tan
s 0e LALARENEY
-1 -1
15 : : : : : : 1.5 : : : : : :
0 20 40 B0 80 100 120 0 20 40 B0 80 100 120
t, [s] t, [2]

1.6. zim. Frekvenceé un amplitiida modul€ts sakotngjais un atjaunotais signali
s(t) un §(¢)

Ka redzams, tad 1.5. zim&juma frekvences moduléts signals ir atjaunots aptuveni precizi,
savukart 1.6. zZim. atjaunotais signals no sakotngja atSkiras ievérojami tajos laika intervalos,
kurus ierobezojoSas divas secigas Itmenu-Sk&€rsojuma nolases atrodas uz viena un ta pasa
sprieguma Itmena. Lai palielinatu 1.6. zim. redzama atjaunota signala Iidzibu ar sakotngjo,
tiek veikta ta korekcija, izmantojot Bezira kvadratiskos splainus.

1.4. Atjaunota signala korekcija

Veiksim atjaunota signala korekciju, izmantojot Bezira kvadratisko splainus [2]. Ja ir
uzdoti tr1s punkti A, A, un P, (1.7. zZim.), tad
P (1) =(1=1)F, +1P,(1.14)
P'(t)=(1-1t)P, +1tP,(1.15)

un

13
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1.7. zZim. Bezira kvadratiskais splains
P(t)=(1-0)R,' +tP' =(1-1)*P, +2(1-1)tP, +t*P,, (1.16)

kur 7 €[0,1]. Ja katru punktu apraksta ta divas koordinatas (x,y), tad P(¢) ordinatas
P (t) maksimala vertiba ir:

1 1
=Ry + R, (1.17)

max
! 2

kuru atrod, pielidzinot atvasinajumu P'(¢) nullei un pienemot Py, = P, .

Tagad atradisim P,

) max

vertibu, ja uzdotas Py, =P, ,

Ax, a un S vertibas (1.8. zZim.).
TaiSpu P, P, un PP, krustpunktu F, atrod, atrisinot linearu vienadojumu sistemu

v
Py

PD__P_UCY B\ Ps

> 1 1 X

1.8. zZim. Trijstiira konstrukcija

v, =kx+b, (1.18)
v, =k,x+b,’ '
kur y, un y, ir katrai taisnei atbilstoSais vienadojums. No (1.18) iegist:
Ax
f)ly:f)oy-i-m (119)
No (1.17) un (1.19) iegiist:
1 1 1 Ax 1 Ax
= — 0y+_P +—— =P - (120)

max
g 2

27" 2 -k Y 2 Kk

b

kur k, =tga un k, =—tgf3.

14
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1.4.1. Korekcijas precizitates novéertéjums

Tagad par pieméru nemsim harmonisku signalu un novérté€sim saskana ar (1.20) veikto
aprékinu precizitati. Dotie signali y = —cos(27z(b + at)t), jab=05Hz, a=0 un bh=0.5Hz,
a=05Hz-s"' 19. zim. paraditi ar melnu liniju. Izvélamies noteiktu laika momentu

Vb* +2a—-b
2a

t, €|0, un  velkam  caur  punktiem »(8) un »(t,), kur

Jb* —4a((b+at,)t, —1) b

t, = 5 , pieskares, veidojot trijstiiri. Pieskaru virziena koeficienti ir
a
k, = '(t,) = 27e(b+2at, )sin(2z(b + at,)t,) un &, = y'(r,) = -k, LT29) kurus liek izteiksma
(b+2at,)

(1.21).

=L BThosorb+at),) (1.21)

ymax 2 k{l _szl 1771
2 2

() 0.5 1 15 2 9 0.2 04 06 08 1
t, [s] t, [s]

1.9. zim. Kosinusoidals signals ar konstantu un lineari augosu frekvenci
P, ... atkariba no ¢, paradita 1.10. zimgjuma. Ka redzams, tad P, . Vertiba tuvojas

vieniniekam, kas ir patiesa dota signala maksimala vértiba, ja ¢, tuvojas signala ekstréma
punktam.

05 ] 05}
= =
2 0 2 0
£ £
> >
o o
-05 i -05¢
1 02 04 06 08 1 1o 061 o0z 03 04 05 s

t1, [s] t1, [s]
1.10. zZim. Bezira kvadratiska splaina maksimuma punkta P,

) max

atkariba no ¢,
1.4.2. Ar asimetriskiem splainiem atjaunota signala korekcija

Tagad veiksim 1.6. zZim. redzama atjaunota signala $(¢) korekciju starp divam nolasém
s(t,) =s(¢,,,) pec formulas:

15
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S (1) = C-(8(1) = 5(t,))+ 5(t,) = (1= C)-5(t,) + C-5(0), (1.22)

kur koeficientu C iegiist, izmantojot izteiksmi (1.20) un atjaunota signala maksimalo vertibu
ﬁnmax (1.11. zZim.) laika intervala (z,,7,,, ).
P_ —P -
C=—2m o _1 _ ! . tflﬂ t"_l (1.23)
Sn max S(tn) 2 S - S(tn) kl - k2

nmax

0.8F
0.4
Z o
=
(2,20 1
04k~ ]
-0.8f . ‘ . ‘
48 47 43 49 50

t[s]
1.11. zZim. Sakotngjais un atjaunotais signali s(z) un s(¢)

Paliek jautajums, ka noteikt izteiksmé (1.23) ietilpstoSos stavuma koeficientus &, un £, .
Viens no vienkarSiem aprékina panémieniem varétu biit, izmantojot signala nolases s(z, )
), taCu $aja gadijuma (1.11. zZim.) jaizpildas nosacijumam:

S(tn—l) * S(tn) = S(trﬁ—l) 7 S(tn+2) (1'24)

un s(z,,,

Koeficientus atrod:
t)—s(t A
klzs( n) S( n—l): S un kzz
t,—t,, At t

n—

S(tn+2)_ S(tn+l) _ AS
, —t At

, (1.25)

n+ n+l n+l

kur AS ir sprieguma Itmenu solis. Viegli saprotams, ka $ada veida noteiktas &, un &,
vertibas tuvosies signala atvasinajuma veértibam, ja AS samazinasies. Tas savukart palielinas
diskréto sprieguma ITmenu un attiecigi nolasu skaitu, tapec stavuma koeficientu noteikSanas
precizitate ir visai ierobezota, ko nosaka AS. Otrs precizaks k, un k, noteikSanas panémiens
bez nosacijuma (1.24) var&tu bt sekojoss. Veicot signala I[imenu Skérsojuma diskretizaciju,
signalam Skérsojot kadu no lItmeniem S,, tiek izveidots jauns sprieguma Iimenis S, + du , kur
Zimi pirms du nosaka tas, vai signals $aja bridi pieaug vai samazinas (1.12. zim.). Fiksgjot
laika momentus, kad signals Skérso Iimenus S, & du , koeficientus &, un k, atrod:

k, :ﬂ un k, =— du
dt dt

n n+l

(1.26)

16
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0.8f

s(2,..)

04

s(), [V]

04

-0.8] . ‘ . ‘
46 47 48 49 50

t[s]
1.12. zZim. Sprieguma limenu S, = du Skérsojumu fikséSana

Saja gadfjuma du vértiba varétu biit pietieckami maza, lai aptuveni precizi noteiktu
signala pieskaru stavuma koeficientus laika momentos ¢, un ¢,,,. Turklat, ja laiks starp
nolasém tiek mérits ar taimeri, tad péc (1.26) aprékinatas k, un k, vertibas var bt tikai
diskrétas, jo diskréts ir noméritais laiks d¢, un dt .

Atjaunota signala Kkorekcijas piemérs. Veicot 1.6. Zim. redzama atjaunota signala
§(t) korekceiju, iegust 1.13. zZim. ilustrétos signalus s, (¢), kas iegiti, izmantojot (1.25) vai
attiecigi (1.26). Ka redzams, tad s, (#) no sakotngja s(z) atskiras ievérojami mazak neka
s(t). No zim&juma pirma grafika arm redzams, ka atjaunotais signals labots netiek, ja

neizpildas nosacijums (1.24), kas savukart tiek darits otraja grafika.

1 1
a) b)
05 05
|
= =
= 0 = 0
<} o
1} ]
€ {
-05 -05
-1 . . -1 . .
0 50 100 0 50 100

t.[s] t[s]
1.13. Zim. Atjaunota signala $(¢) izkorig€tais signals s . (¢) péc
a) (1.25) vai b) (1.26)

Vel otraja grafika redzams, ka atjaunotais signals p&c korekcijas laika intervala no 85 lidz
100s parsniedz pielaujamo sprieguma Iimeni, jo signdla atvasinajuma absoliitas vértibas
nolasu laika momentos ir parak lielas salidzinosi ar laika intervalu starp §tm nolasém. Tas
nozime, ka signals $aja laika intervala varétu saturét lokalus ekstrému punktus.

1.4.3. Atjaunota signala veértibu ierobezosana

Lai ierobezotu atjaunota korigéta signala vértibas pielaujama vértibu apgabala, tiek
piedavats sekojoss panémiens (1.14. zim.).
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1.14. zZim. Atjaunota korigéta signala veértibu ierobezosana
No 1.14. zZim. redzams, ka s, () parsniedz pielaujamo sprieguma limena S, vértibu,

tapéc, tam sasniedzot «,, signals tiek aizstats ar ta spogulattelu. Talak redzams, ka iegiitais
spogulattéls (att€la ar zalu raustitu liniju) parsniedz pielaujamo S, , vertibu, tapéc, tam
sasniedzot limeni a,, spogulattélu atkal aizstdj ar tam atbilstoSu spogulattélu. Ta tas var

turpinaties vairakas reizes atkariba no § vertibas laika intervala starp ¢, un ¢, . Paliek

Ccorr max

jautajums, ka izvéleties aq,,a,,a,,... vertibas:
* izvelamies limeniem a,,a,,a;,,... atbilstosas 1>d, >d, >d, >... véertibas, kas

norada, cik reizes ‘a - S|, kur j=1,2,3,..., atskirsies no ’T”l =S, -S,,, tatad
‘af - S,._l‘
Si =8,

1
* izvirzam nosacijumu, lai korigéta signala vértiba péc ierobezos$anas laika momenta,
kas sakrit ar ta maksimuma punktu § pirms ierobeZoSanas, biitu vienada ar
T - S, +S5,
-1~ 2 .
Zinot d j» var atrast a, vertibas:

a,; :Ez’—l_(_l)jdj(Si_gi—l) (1.27)

COrr max

Tagad veiksim analizi. Piepemsim, ka pietiek ar vienu a, vertibu, lai korigetais signals
biitu gan ierobezots, gan izpilditos otrs izvirzitais nosacijums. Tada gadijuma
a+a, -8, =2a -5, = 2(Si—l +d, (Si -8 ))_ Siy=8,+ dl(Si _SH): s

i corr max

S .
d. = Zcorrmax  Titl 1.28
I (1.28)

Tagad pienemsim, ka ar vienu g, nepietiek, jo § ir parak liels, toties pietiek ar q,

COrr max
un a, vértibam. Saja gadijuma
at+a —a,+S,_,-a,=..=8§_,+ (dl +d, )(Si - Si—l): S corr max

A

o =S,
d +d, = ‘*ozgmax—s’-l(l.w)

i i-1
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Vispariga gadijuma

S — .
d +d, +d, +.. =-cormx "1 1.30
1 2 3 Si—Sl;l ( )

Sakuma izveloties d, vertibas, nosacijums (1.30) praktiski nekad neizpildisies, tapec
atrod mazako j _. vertibu, kurai

A

$ -S Jmin
Mgzdj’ jaj . =1
Si =8, J=1
A _ } (1.31)
jiild §corrmax - Si—l < jr‘id . . 1
< T e o S (> JA Jmin >
J=1 ’ Si - Si—l Jj=1 ’
Kad ir atrasts j,;,, aprékina jaunas d’; vértibas pec formulas:
’ §corr max _i—l
d; = - d,; (1.32)
(S i S i—l) d j

Acimredzot d’; < d, kas izriet no (1.31), turklat d’; vertibam izpildas nosactjums (1.30):

Jmi Jmi ¢ — ¢ — Ji N
zmm d! _ Emm Swrr max Si—l . d _ Scorr max Emm d con max Si—l
i j J -

Jmin

(S-S0 d, (S, -5, Zd - (S ~Si)
Jj=1

Zinot d';, aprékina a; vertibas péc formulas (1.27), d; vieta liekot d' . Skaitlis j

norada, cik reizes atjaunotais korigtais signals s, (¢) tiks “lauzts un atspogulots”, lai to
ierobezotu vértibu apgabala (S ;S

R ) Ta ka Sadu “luzumu” rezultata atjaunota signala
spektra paradas augstas harmonikas, tad to filtr€ ar filtru, kura caurlaides josla aptuveni sakrit

ar sakotngja signala spektra platumu. Rezultata atjaunotais signals lizuma punktos tiek
noapalots.

Pielietojot aprakstito ierobezoSanas panémienu 1.13. zZim&uma pa labi ilustrétajam
signalam, iegust 1.15. zZim. redzamo rezultatu.
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1.15. zim. Korigétais atjaunotais signals (sarkana krasa) péc ierobezoSanas a) pirms
filtréSanas un b) péc filtréSanas salidzinajuma ar sakotng&jo signalu (zila krasa)
1

a) ' ' b) ' '
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1.16. zZim. Atjaunotais signals a) pirms korekcijas un b) péc korekcijas un ierobezoSanas no
astonu Itmenu skérsojumu notikumu nolaseém

Ka redzams no 1.15. zZim., tad atjaunotais signals péc visam korekcijam rezultata visai
labi atbilst sakotn€jam signalam turklat jaatzime, ka rekonstrukcijai izmantotas 109 Iimenu-
Skérsojuma nolases. Apskatita signala spektra maksimala frekvence ir 0.5 Hz, tapéc
vienmérigas diskretizacijas gadijuma bitu nepiecieSamas 125 nolases sekmigai signala
atjaunosSanai. Palielinot Iimenu skaitu Iidz astoni, iegtito Iimenu-Sk&rsojuma nolaSu skaits ir
288, bet atjaunotie signali pirms un péc korekcijas paraditi 1.16. zim&juma. Tatad pieaugot
ITmenu skaitam, atjaunoSanas rezultats uzlabojas, kas ir visai likumsakarigi.

1.5. legiito rezultatu novértéjums un secinajumi

Saja nodala tika apskatita signala rekonstrukcija no ta limenu-$kérsojuma nolasém,
izmantojot asimetriskus strauji rimstoSus tresas kartas pamat-splainus. Tika veikta frekvence
un amplitida modulétu divu signalu atjaunosana. Balstoties uz iegiitajiem rezultatiem,
piedavati atjaunota signala korekcijas panémieni, kas lauj bitiski uzlabot atjaunoSanas
kvalitati. No korekcijas viedokla interesantaks Skita otrais signals, kas bija moduléts gan
amplitada, gan frekvence, tapec kludas signalu £(¢) = s(¢) — 5(¢) efektivas vertibas ¢, , kas

attiecinatas pret paSa signala s(¢) efektivo vertibu s, ir salidzinatas tikai otrajam signalam

zemak redzamaja tabula.
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Atjaunota signala kltidas novert€jums pec atjaunoSanas, pec atjaunoSanas un korekcijas
un péc atjaunoSanas, korekcijas un ierobeZoSanas

ii’ 0, pec pEC pEC k-:ilrgkcijas
s o atjaunefanas| korekciyjas | 1erebeZofanas
( noladu sk
4 {109 nolases) a1 28 20
B (288 nolases) 16 7 a

No tabulas redzams, ka p&c atjaunota signala korekcijas un ierobezoSanas, kliidas signals
tieSam samazinas. Tas pats notiek ar1 tad, ja palielina sprieguma Itmenu skaitu diskretizacijas
veikSanai, bet tad jarekinas ar nolasu skaita pieaugumu. Signala rekonstrukcijai pie
salidzino$i maza Itmenu-Skérsojuma nolasu skaita veiksmigi var izmantot papildus
informaciju par signala aptuvenajam atvasinajuma veértibam nolasu laika momentos.

Apskatitas metodes priekSrocibas:

e sam@ra precizi un atri var atjaunot signalu, turklat rezultats uzlabojas, palielinot
ITmenu skaitu;

e atjaunota signala veértibu brivi izveleta laika momenta nosaka tikai seSas pa labi un
pa kreisi no §1 laika momenta izvietotas signala nolases, kas dod iesp€ju radit reala
laika signala atjaunosanas sisteémas.

Apskatitas metodes trikumi:

O atjaunoSanas rezultats pasliktinas, ja vairakas secigas Iimenu-Sk&rsojuma nolases
ir ar vienadu vertibu;

O atjaunotais signals starp divam secigam Iimenu-Skérsojuma nolasém ir gluds,
tapeéc sakotngja signala straujas izmainas un novirzes no vidgjas vertibas Saja
intervala paliks neievérotas.

Lai noverstu min&tos trikumus, ir apzinats cits signala atjaunoSanas pan€miens, pie
kura tiks stradats nakama etapa ietvaros. leprieksgja etapa tika apskatiti iterativi signala
atjaunoSanas algoritmi no laika nevienmerigi izvietota nolasém, ja maksimalais attalums starp
jebkuram divam secigam nolasém neparsniedza Naikvista soli. Diskretizgjot signalu péc
Iimenu-Skérsojuma principa, attalums starp nolas€ém biezi vien parsniegs maksimali
pielaujamo vertibu, kas atkarigs no signala lokalam IpaSibam un izmantota limenu skaita. Ja
ar loga funkcijas palidzibu noverté lokalo maksimalo frekvenci signala spektra dazados 1sos
laika intervalos, tad nonak pie secinajuma, ka ta mainas (nestacionaram signalam). Lokala
maksimala frekvence logiski nevar parsniegt globalo. Tas nozimg, ka signalu noteikta laika
intervala var atjaunot iterativi pat tad, ja maksimalais attalums starp nolas€ém parsniedz
globalo Naikvista soli, bet neparsniedz lokalo. Tapéc signala atjauno$anai $aja laika intervala
jaizmanto filtrs ar mazaku caurlaides joslu, kuru nosaka, zinot nolasu laika momentus. Jo
precizak tiks noteikta caurlaides josla, jo labaks ir sagaidams atjaunoSanas rezultats.
Konkurétspgjiga rezultata gadijuma priekSroku varétu dot nevis vienmeérigai, bet gan limenu
Skeérsojuma diskretizacijai. Tas lautu samazinat nolasu skaitu un pielietot efektivas signala
kodéSanas metodes ar mérki samazinat saglabajamas vai parraidamas informacijas
daudzumu.
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2. Nestacionaru signalu apstrades metozu attistiSana
nevienmeérigi diskretizétiem signaliem, uzmanibu pievérsot
realu multimediju signalu analizei

Daba sastopamie praktiskas dabas signali parsvara ir ar laika mainigam spektralam
Ipasibam, tatad nestacionari [9]. Ka biezak ikdienas dziveé sastopamos var min€t multimediju
signalus. Saja projekta izpildes etapa ir uzsakts darbs, kas orientgjas uz skanas un runas
signalu apstradi balstoties uz pan€mieniem, kas var biit izmatojami elektronisko datu
apstrades beztaktétaja sist€ému veidoSanam.

2.1 Laika-frekvenéu raksturojumi nevienmérigas diskretizacijas
gadijuma

Izmantojot iepriek$gjos etapos iegiitos rezultatus nevienmeérigi diskretiz€tu nestacionaru
signalu apstradg, Saja etapa ir attistits nestacionaru signalu apstrades modelis, kas balstas uz
Itmenu-skérsojuma diskretizaciju. Konferencé ,,Signal processing and multimedia
applications SIGMAP'06” (Setubal, Portugale) sniegta prezentacija, kura izraisija dalibnieku
interesi ar savu originalo pieeju multimediju signalu apstradei. Publikacijas teksts ir
pievienots 3.pielikuma.

2.1.1. Issintervala Furjé transformacijas pieeja

Vesturiski pirmais piedavatais veids ka analizé€t nestacionarus signalus ir issintervala
Furjé transformacija (STFT). Ta ir bazeta uz Furjé transformacijas. Pamatideja ir ievest laika
logu, kurs tiek bidits gar apliikoto signalu [10]. Matematiska izteiksme $ai transformacijai ir
sekojosa

0

STFT(t, f) = jx(r)w* (t—1)exp(—j2afT)dr (2.1)

—00

kur, w'(¢—7) ir laika logs un zvaigzne apzimé kompleksi saistito lielumu. Patvaligas
diskretizacijas gadijuma, kad nolaSu skaits ir galigs x, = x[tn] , kur n=1,N (N ir nolases

skaits laika intervala @), STFR var biit izteikta sekojosi

ul *( k j — j2mt,m
anw ——1, |exp| —————
2Q 0

n=1

STFT[k,m]= (2.1)

kur, Q ir signala spektra platums un m nosaka vienmérigu soli frekvencu apgabala.

Algoritmu model&Sanai un rezultatu ilustracijai ir izveidots specials testa signals, kas
pirmaja pusé lineari samazina savu frekvenci no 0.25 normalizé€tam vienibam lidz 0.05, bet
otraja to atkal palielina atpakal Iidz 0.25. Izmantots Iimenu-$kérsojuma analogs-ciparu
parveidojums ar 7 Itmeniem. Novérojuma laiks ir 256 normaliz&tas laika vienibas, kas veido
536 limena Sk&rsojuma notikumus, jeb nolases.

2.1 Zim&juma paradits ar diskréto STFT iegutais laika-frekvencu raksturojums. No ta
var ieverot, ka papildus 1stajai signala komponentei, paradas ar1 artifakti uz frekvencém kas
atbilst signala frekvences augstakajam harmonikam. Tas ir zinams fakts, kura izskaidrojums
ir saistits ar limena Sk&rsojuma diskretizacijas Tpatnibu.

22



“Originalu signalu apstrades panémienu izveide un izp&te konkurétsp&jigu IT tehnologiju radisanai”

Lai noveérstu artefaktus, kuri ir saistiti ar to, ka exp(— j27ztnm/0) pie nevienmérigi
izvietotiem ¢, momentiem nedod ortogonalu transformaciju, ir izmantota neortogonala

transformacija. Tas nozime to, ka aprékinos matrica E, =exp(— j2at,m/6)

(n=1,N;m =1,M ) ir aizvietota ar matricu G=(EE")" E, kur E' ir transponéta matrica un ()’
apzimé inverso matricu. Ar So modificéto STFT metodi iegiitais signala raksturojums ir
paradits 2.2. zim. Taja redzams, ka artifakti ir noversti, iznemot signala apgabalus kuros ir
zema lokala frekvence. Tas ir viegli izskaidrojums ar faktu, ka Sajos apgabalos lidz ar zemu
lokalo signala frekvenci ir zems arl nolaSu blivums. Tas noved pie nestabilas matricas
inversijas, kas izpauzas ka artifaktu paradiSanas uz praktiski visam frekvencém Saja laika
regiona.

Lai noverstu So nevélamo iespaidu ir izveidota originala pieeja, kas seko Iidzi signala
lokalajam nolaSu blivumam un attiecigi no ta parrékina informaciju par lokalo signala
augstako frekvenci ar sekojosas izteiksmes palidzibu:

Q. ()= min(MJrQA,Qj (2.3)
AT w

Sada veida ir iesp&jams samazinoties nolasu blivumam, samazinat ari analizes frekvendu

skaitu matrica, un tadejadi nodroSinat stabilu matricas inversiju visos nestacionara signala

laika apgabalos, ja signala nolases tiek iegiitas ar Iimenu-skérsojuma diskretizaciju. Iegiitais

laika-frekvencu raksturojums ilustréts 2.3. Zim&uma.

e o ©
w » o

o ©
SN

Normalized frequency

50 100 150 200 250
Normalized time

Zim. 2.1 Testa signala laika-frekvencu raksturojums iegiits ar klasisko STFT.
05

N
w
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SN

Normalized frequency

50 100 150 200 250
Normalized time

Zim. 2.2 Testa signala laika-frekvencu raksturojums iegiits ar modificéto STFT.
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Zim. 2.3 Testa signala laika-frekvencu raksturojums iegiits ar originali izstradato pieeju.

2.1.2. Vilnisa analizes pieeja

Pazistama STFT probléma ir sakariba starp izskirtsp&ju pec laika un frekvencém. Loga
garuma paplaSinaSana uzlabo frekvencu izSkirSanu, bet taja pasa laika samazina laicisko
1z8kirtsp&ju. Lai noverstu §ada veida problému, var tikt pielietota vilniSanalize.

Laika nepartraukta signala vilniStransformacija ir izteikta ar integrali

WT(t,a) = \/_ j x(o)h' ( jdr (2.4)

kur a ir m@rogoSanas faktors un /(?) ir analizes vilniSa funkcija. MérogoSanas faktors ir

saistits ar frekvencém ar sakaribu a = & VilniSiem piemit tada ipatniba, ka frekvencu

iz8kirtsp&ja samazinas pie lielam frekvencém un izsSkirSana laika samazinas pie mazam
frekvencém.
Diskréta signala gadijuma, vilniSanalize var bt izteikta ar summas formulu

WTlk,m|

k/2Q— ) 25)

e AL
Si izteiksme ir speka gan vienmérigi, gan nevienmérigi novietotam nolasém.

2.1.3. Vignera sadalijuma funkcija

Viena no plasi pielietotam pieejam laika-frekvencu signala reprezentacija ir Vignera
sadaltjuma integralis, kurs ir sastavdala kopgjai laika-frekvencu parveidoSanas pieejai.
Vignera integralis laika nepartrauktai funkcijai ir

WVD(t, f) = Tx(t + gjx [r - %j exp(— j2rfr Mt (2.6)

Par kodolu, misu gadijuma sauc exp(—;277). Sis integralis dod lielu izskisanas sp&ju
laika un frekvenc€m mono-komponentu signaliem. Tomér, papildus interferences produkti
var paradities, ja signalam ir vairakas komponentes. Lai cinities ar So efektu, ir izstradatas
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citas kodola funkcijas, bet tas tipiski noved pie izSkirtspgjas samazinasanas gan laika gan
frekvencém.

Projekta 3.etapa ir veikti darbi lai izveidotu Cetri panémienus Vignera-Villes sadalijuma
(VVS) novertésanai signalam no ta nevienmérigi izvietotam nolaseém. VienkarSakais no tiem
balstas uz nolaSu nevienmériguma ignoréSanu, tacu tas dod saméra lielus izkroplojumus.
Otrais panemiens saistits ar signala pardiskretizéSanu ar tieSas-inversas transformacijas para
palidzibu uz vienmérigi izvietotiem laika momentiem, no kuriem iesp&jams aprekinat VVS ar
klasiskiem panémieniem. Tresas pieejas pamata ir signala interpolacija, ka divus efektivus
veidus apskatot nolasu savienoSanu ar polinomu palidzibu un frekvencu josla ierobezotu
interpolaciju ar laika nobiditam sinc funkcijam. Ceturta piedavata pieeja ir Tpasi interesanta
un balstas uz signala nolasu ,,parkoordiné$anu” no laika koordinates uz savstarpgjo attalumu
koordinati. legiitie rezultati tiek apkopoti un pieteikti public€Sanai un prezent€Sanai
konference ,,Sampling Theory and Applications’07” (Saloniki, Griekija).

2.2 Runas signala atjaunosana

Lai parbauditu signala atjaunoSanas precizitati, izmantojot asimetriskus tresas kartas
pamat-splainus, veiksim reala runas signala rekonstrukciju no ta Iimenu Sk&rsojumu
notikumu nolasem. Sakuma ieejas analogo signalu diskretiz€ ar 200 kHz lielu frekvenci,
izmantojot signalu ciparotaju ATS460, un iegiitas nolases saglaba uz datora cieta diska. Talak
§1s nolases apstrada, pirms tam tas no faila iestitot nolasu masiva, un iegtist signala limenu-
Skérsojuma nolases. Realizacija LabVIEW vidg ilustréta 2.4. zim&juma.

oy o] SErieguma lirneru definesana Lirner skersojuma nolases]|
[ '}Waiscﬂapazons‘ k Lirner skersajura nolasu laika momenti]
F I6CP bitu chaits 4 Lirneru skersajurna nolasu skaits]
CT16 ] Eprieguma limeru wertibas | Limenu skersojuma nolasu grafisks attelojums|
¥ Holasu sailabasana: ke ] |L|zd0tie spriegumma Iimenil
[ - [J ,d.5, niolasu sk aits
=i Biskretizacijaz Frekwence
Level- | 3
Cross.
0,5 1.
Ciparaty
i 131
no Faila

dFLowpass v

200000

2.4. zZim. Runas signala Itmenu-sk&rsojuma diskretizacijas realizacija LabVIEW vidé

Vienmerigi diskretizéta signala nolasi no faila realiz€ pirmais blocins, noradot ciparotaja
uzstaditos parametrus signala diskretizacijas bridi. Talak signals tiek filtréts ar zemfrekvencu
Batervorta filtru un padots uz otro blocinu, kura atkariba no lietotaja uzstaditiem parametriem
iegiist signala Itmenu-Sk&rsojuma nolases. Tas saglaba uz datora cieta diska vélakai apstradei.
Desmit sekunzu gara runas signala Itmenu-Skérsojuma diskretizacijas rezultats att€lots 2.6.
zim&juma. Ka redzams, tad iegiitas ir 15253 I[imenu-Ské€rsojuma nolases, kas ir aptuveni
piecas reizes mazak neka vienmerigas diskretizacijas gadijuma, ja signalu diskretiz€ ar 8 kHz
lielu frekvenci. Tatad ieguvums nolasu skaita zina ir actimredzams.
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2.5. zZim. Runas signala atjaunosanas realizacija LabVIEW vidé

Kad ir iegtitas signala limenu-Skérsojuma nolases, ta atjaunosanu veic saskana ar
izteiksmi (1.10). Signala rekonstrukcijas realizacija LabVIEW vidg€ ilustréta 2.5. zZim., bet
atjaunoSanas rezultats redzams 2.7. zZim&uma. Pirmais blocin$ (2.5. zZim.) nolasa [imenu-
Skérsojuma nolases no faila un iesiita nolasu masiva. Otrais blocin$ veic signala atjaunosanu,
izmantojot asimetriskos pamat-splainus. TreSais blocin$ veic atjaunota signala korekciju,
izmantojot Bezira kvadratiskos splainus. Savukart ceturtais blocin$ nolasa sakotn€jo runas
signalu no faila ar mérki vizuali novertét atjaunosanas rezultatu.

o »
oz G - o o
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2.6. Zim. Runas signala Itmenu-skérsojuma diskretizacijas rezultats LabVIEW vidé
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2.7. zZim. Sakotngjais (zila krasa) un atjaunotais runas signali

2.8. zZim. Sakotngjais (zila krasa) un atjaunotais runas signali

Runas signals ir atjaunots vienmerigi izvietotos laitka momentos ar diskretizacijas
frekvenci 8 kHz, lai p&c tam to var atskanpot un saglabat audio formata. Ka redzams no 2.8.
zim., tad atjaunoSanas rezultats pasliktinas, ja vairakas secigas ITmenu-$k&rsojuma nolases
atrodas uz viena un ta paSa sprieguma limena. Turklat atjaunotais signals starp divam
secigdm ltmenu-skérsojuma nolas€ém vienmér ir gluds, tapéc sakotngja signala straujas
izmainas un novirzes no vidgjas vertibas $aja intervala paliek neieverotas. Tas atstaj lielu
iespaidu uz atjaunota runas signala kvalitati.

Lai salidzinatu sakotn&ja un atjaunota runas signalu skang&jumus, tos abus saglaba audio
formata. Sakotng&ja signala saglabasanu veic 2.9. zim. att€lota LabVIEW vidg realizeta bloku
diagramma.
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2.9. zim. Sakotng€ja runas signala atskanoSana un saglabasana audio formata

Pirmais blocin$ realizé signala nolasi no faila, otrais blocin§ nodroSina signala
atskanoSanu, bet tresais — signala saglabaSanu audio formata velakai ta atskanoSanai. Ta ka
signals sakotngji tika diskretizéts ar 200 kHz lielu frekvenci, tad ta atskanoSanai tiek nemta
katra 25. nolase, kas atbilst signala diskretizacijas frekvencei 8 kHz, pienemot, ka maksimala
frekvence signala spektra neparsniedz 4 kHz.

Atjaunota signala saglabasanu realizé 2.10. zim. redzama bloku diagramma. Saja
gadijuma saglabatas tiek visas no faila nolasitas nolases, jo atjaunota signala diskretizacijas
frekvence ir 8 kHz.
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=
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2.10. zZim. Atjaunota runas signala atskanoSana un saglabasana audio faila
Rezultata ir iegtti divi audio faili OrigSpch.wav un RecSpch.wav, no kuriem pirmais ir

sakotng&jais signals, bet otrais — atjaunotais signals. Tos atskano, izmantojot kadu no audio
failu atskanoSanas programmam.
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3. SIGNALAPSTRADES ALGORITMU IMPLEMENTACIJA
LABVIEW VIDE

LabVIEW (Laboratory Virtual Instrument Engineering Workbench) ir grafiska
programmésanas valoda, kas dazadu aplikaciju radiSanai izmanto nevis programmas kodu ar
simbolu rindam, bet gan ikonas bloku diagrammu veidoSanai [3]. LabVIEW ir izstradats ar
mérki $adu uzdevumu veiksanai:

nodro$inat datora sasaisti ar dazadiem instrumentiem,
sanemt, uzkrat, analiz&t un noraidit nom&ritos datus,
izstradat programmas grafiska vide,

nodroSinat efektivu lietotaja interfeisu.

ANENANEN

LabVIEW programmas tiek sauktas par virtualajiem instrumentiem (VI), jo to izskats
un darbiba imité realus instrumentus, pieméram, osciloskopus un multimetrus. Katrs VI
izmanto funkcijas, kas veic dazadas operacijas ar lietotaja ievaditajiem vai no citiem avotiem
iegiitajiem datiem. Rezultata iegtito informaciju var izvadit lietotajam vizualai apskatei vai art
saglabat uz datora cieta diska. VI satur tris komponentes:

1) Prieksg€jo paneli, kas veic lietotaja interfeisa funkcijas. Tas atgadina reala instrumenta
prieks€jo paneli ar visiem slédziem, pogam, displeju un citam kontrolém un
indikatoriem.

2) Bloku diagrammu, kas satur programmas grafisko kodu VI funkcionalitates
nodroSinasanai. Bloku diagrammu veido zemaku Ilimenu virtualie instrumenti,
iebuvetas funkcijas, konstantes un programmas izpildi kontrol€joSas struktiras.
Diagrammas atseviSkie elementi tiek savienoti ar vadiem, lai noraditu celu datu
pliismai starp elementiem.

3) Ikonu un savienojumu rami, kas identific€ un atskir doto VI no citiem virtualajiem
instrumentiem.

Viena no LabVIEW priekSrocibam ir ta, ka izveidotas programmas ir iesp&jams atri
iestradat programméjama logika FPGA (Field-Programmable Gate Array), izmantojot
LabVIEW FPGA moduli. Logika vairaki procesi var norisinaties paraléli un neatkarigi viens
no otra, un $aja zipd LabVIEW grafiska programme&sanas vide ir ideali piem@rota $adu
procesu izstradei.

Talak apskatisim dazas LabVIEW piedavatas iespgjas un izveidosim 3.1. zZim. redzamo
sistému, kuru veido:
* Jimenu-Skérsojuma ACP, kas realiz€ analoga ieejas signala s(¢) Itmenu-Skérsojuma
diskretizaciju,
» signala atjaunoSanas bloks, kas veic signala rekonstrukciju no ta Iimenu-$k&rsojuma
nolasém {s,,?, }.

Limetns-Skeraojuma ACF
st s &1 E . E(f

L} ace | T Limenu-skErsojuma L] Signila (z)

niolagy atlase atjaunofana

3.1. zZim. Signala [imenu-$kérsojuma diskretizacija un analogas formas atjaunosana
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3.1. Limenu-sSkérsojuma analogs-ciparu parveidotaja realizacija

Limenu-skérsojuma ACP realiz€sim péc sekojoSa principa. Sakuma ieejas analogo
signalu diskretiz€sim ar signalu ciparotaju ATS460, iegustot laika vienmerigi izvietotas
signala nolases {s }, un talak, veicot So nolaSu apstradi, ieglisim signala limenu-

m’tm

Skeérsojuma nolases {s,,?,} .
3.1.1. Laika vienmerigi izvietotu signala nolasu iegusana

Ieprieks tika jau atziméets, ka LabVIEW ir labi piem@rots datora sasaistei ar dazadiem
instrumentiem, kurus izmanto realu signalu iegiiSanai no arpasaules. Viens no instrumentiem
ir ATS460 (3.2. zim.), kas ir divkanalu augstas
izskirtsp&jas (14 bitu) signalu ciparotajs (diskretizacijas
frekvence lidz pat 125 MHz), kuram savienojumu ar
datoru nodroSina PCI kopne. Lai karti veiksmigi varétu
pielietot dazadas LabVIEW programmas, tai Iidzi nak
virtualo instrumentu bibliotecka ATS-VI, kas satur
vairakus viegli lietojamus augsta Itmena VI. Viens no
bibliotekas virtualajiem instrumentiem,
ATS AutoDMA.vi, paredzEts ieejas analoga signala
vienmeérigai diskretiz€Sanai un iegiito nolasu att€loSanai
un saglabasanai uz datora cieta diska. Virtuala
instrumenta prieksgjais panelis redzams 3.3. Zim&juma.

2! ATS_AutoDMA.vi Front Panel =10]x

File Edit Operate Tools Browse Window Help
OE | 13pt Application Font | = ” !Dvllﬁv”ﬁv‘
Set parameters BEFORE running the VI|
.’.),T Device If Flashing

StartCapture STOR Buffer
C B Autodet Board C L2 @ ,; fiz500m .D. -
O Write TO file

O Display on Graph
#Yalid Buffer

fp) 1 RecordsPerBuffer 1
‘p) 1 Total_Records #Rem‘rd.s
5 1

fp) Channel_4  Channel

TimeLoap (ms)
Read3amples =

7

Offset i‘:‘n
e #Loop
Lenath 251z m
DMa_Status
Start DMA —— R.ea.dSamD\ES_Out.. v L | 1) |
SterCaptura | e o 0 S0 100 10 200 250
| valid [
- Completed | length 512
© InProgress Gl @] [ | I cha
Overflow G Return Code ChE
Ervor i [513 Ampitude AV
Kl | P

3.3. zim. ATS AutoDMA.vi prieksgjais panelis

Start§jot VI, paradas ciparotaja uzstadiSanas logs (3.4. zim.), kura uzdod signala
diskretizacijas frekvenci, nolasamo nolaSu skaitu, kanala amplitidu diapazonu un citus
parametrus. P&c ievadito parametru apstiprinasanas, atveras jauns logs, kura norada faila
nosaukumu signala nolasu saglabasanai. Saglabatas nolases p&c tam apstrada un iegist
Iimenu-8kérsojuma nolases, izmantojot virtualos instrumentus ReadDigitizerSmpl.vi un
LvCr.vi, kuru darbiba tiks paskaidrota talak.
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3.4. Zim. Ciparotaja parametru uzstadiSana

3.1.2. Signala nolase no faila
Saglabatas signala nolases vélak var izmantot dazadas LabVIEW programmas. Pirms
veikt to apstradi, nolases no faila iesiita nolaSu masiva, ko veic virtualais instruments
ReadDigitizerSmpl.vi (3.5. zim.).
=(0].x]

File Edit ©perate Tools Browse Window Help

@ ||| 13pt Application Font |vl =“'I Tu:vl ﬁvl

3.5. Zim. ReadDigitizerSmpl.vi prieksgjais panelis
Zinot signala diskretizacijas frekvenci f un pienemot pirmas nolases laika momentu

- m . . o1
t, =0, formé masivu [¢,,t,,t,,....t, ,t, ., 1, ], Kur t, =— ir nolasei s, atbilstoSais laika

moments, bet M — nolasu skaits. ReadDigitizerSmpl.vi bloku diagramma paradita 3.6. zim. To
veido secibu struktira, kas sastav no tris apakSdiagrammam, kuras izpildas secigi viena péc
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otras. Pirma apakSdiagramma atver lietotaja izv€leto nolaSu failu un izveido ta norades
numuru. Otra apaksdiagramma realiz€ datu nolasi no faila un nolaSu un tam atbilstoSo laika
momentu masivu forméSanu. Savukart tre§a apakSdiagramma aizver ieprieks atveérto failu.

E|E|E|E|DDDDDDDDDDDDDDDDDDDDDDDI‘DDHZ vtIEIE|EIE|DDDDDDDDDDDDDDDDDDDDDDDE

— Stacked Sequence Structure
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65536, 00
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3.6. zZim. ReadDigitizerSmpl.vi bloku diagramma

3.1.3. Limenu-Skérsojuma nolasu iegusana

Diskretizgjot signalu péc limenu-Skérsojuma principa, nolases tiek nemtas tajos laika
momentos, kad signals Skérso kadu no iepriekS defin€tiem sprieguma Iimeniem {uk},
k =0,1,2,.... Ja katra [imena kod&Sanai izmanto « bitus, tad £ =0,1,2,...,2“ —1. Ta ka signals
pirms tam ir diskretiz€ts vienmerigi, tad limenu-Skérsojuma nolases {s,,?,} legiist no

{s,.t,}, sakuma atrodot to k vertibu, kurai s, |,_, € [uk,uk+1). Talak ir iesp&jami tris

gadijumi (3.7. zim.):
a) S| m=1 2 uk+1;
b) S8,|. € (uk’uk+l);

C) Sm|m:1 <u,.

32



“Originalu signalu apstrades panémienu izveide un izp&te konkurétsp&jigu IT tehnologiju radisanai”

i i I"l:l.
I":":'a'!|:w-.1"' ”
gl pommm————- -—— Upplpemmmmm e L L
1
S:w|:w-ﬂ! 1 Sm|:w-ﬂ' . | I':-":'a'u|:'e'!-lil"
1 1 wmal®
Hy pemmgmm———-- A P et
1
! X ¢ { Spe |t o ¢
d‘:l f’m | w=l f’;w |;w-1 b:‘ C)

3.7. zZim. Nolases s, ,, iespgjamie izvietojumi attieciba pret s,,

Ja izpildas a vai c, tad fikseta tiek pirma limenu-Skérsojuma nolase s,|,_, =u,,, vai

attiecigi s,

.o =U, un tai atbilstoSais laika moments ¢,

e = lm|m=1 . Talak skatas tresas

nolases s,

a2 1Zvietojumu attieciba pret s, | .1 » Kur atkal ir iesp&jami tris varianti.

Ja izpildas b gadijums, tad vera tiek nemta ari tresa nolase s, |, _, , jo var gadities (3.8.

zim.), ka signals starp tm|m:0 un tm|m:1 tomer sasniedz Iimenus u, vai u,, . Tatad, ja
sm|m:O > Sm|m:1 < sm|m:2 un sm|m:1 no u, atSkiras niecigi vai arl sm|m:O < sm|m:1 > sm|m:2 un

Sm|m:1 no u,,, atSkiras niecigi, tad fikséta tiek pirma Itmenu-Skérsojuma nolase s,

n=0 — U

vai attiecigi s,|,_, = U,,, un tai atbilstosais laika moments ¢,

i
K+1
/ Sm | il

n=0 — tm

m=1 *

h

R e —— -

S:WLW—\]. ! &

3.8. zim. Signala iesp&jamais ltmenu u, vai u,,, Skérsojums

Jo lielaka bis ciparotaja diskretizacijas frekvence, jo precizak sada veida tiks iegiitas
Iimenu-skérsojuma nolases, ko veic virtualais instruments LvCr.vi. Ta prieks€jais panelis
redzams 3.9. zZim., bet bloku diagramma dota 2. pielikuma. Izmantojot VI prieks€jo paneli,
lietotajs var izveleties starp:

— automatisku sprieguma limenu aprékinu, noradot limenu-§kérsojuma ACP amplitidu

diapazonu un bitu skaitu Iimenu kod&sanai, vai

— paSrocigu patvaligi izv€létu sprieguma Itmenu ievadisanu sakotngji tuksa skaitlu

masiva.

Vel var noradit, vai iegiitas Iimenu-Sk&rsojuma nolases saglabat vai nesaglabat uz datora
cieta diska. Diskretiz€jamo signalu un iegiitas ITmenu-Sk&rsojuma nolases péc tam var
aplikot ar1 grafiski (pieméra 3.9. zim. ir redzams sinusoidala signala Iimenu-Skérsojuma
diskretizacijas rezultats).
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3.9. zim. LvCr.vi prieks§gjais panelis

ievades datn

LvCr.vi bloku diagramma vienkarsoti ilustréta 3.10. zim&uma. Sakuma lietotajs uzdod
ACP sprieguma Iimenus {u ‘ } Talak, zinot sm|m=0 un {u ' } , tiek atrasts starta [imena indekss
k. Tad, izmantojot laika vienmeérigi izvietotas signala nolases {s, ,¢,} un atrasto k vértibu,
sakas Iimenu-Skérsojuma nolasu {s, .z, } aprékins, kuras saglaba lietotaja izveleta faila uz
datora cieta diska. Lai VI darbotos bez kludam, lietotaja ievaditie dati tiek kontroléti. Tiek

parbaudits, vai ACP ieejai tiek padotas vienmerigi diskretiz&ta signala nolases, vai ir uzdoti

ACP sprieguma Itmeni un vai ir noradits faila nosaukums ITmenu-Skérsojuma nolasu
saglabasanai.

kontrole
h

J

{u . } defingSana

J

i noteikEana
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(5.1} spietin

y

{5_ ,l‘_} saglabafana

3.10. ztm. LvCr.vi bloku diagrammas vienkarsots attelojums
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3.2. Signala atjaunoSanas realizacija

Signala atjaunoSanu realiz€ saskanpa ar izteiksmi (1.10). Asimetrisko pamat-splainu
aprékinam nepiecieSams izmantot simetriskus tresas kartas pamat-splainus, kuru aprékinam
savukart izmanto kubiskos B-splainus. Tapéc sakuma izveido B-splainu un pamat-splainu
funkciju generatorus (3.11. un 3.12. zim.), kuru bloku diagrammas dotas 2. pielikuma.

-iix
File Edit Cperate Tools Browse ‘Window Help i
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3.11. zim. Kubiska B-splaina generatora CubBSpln.vi prieks&jais panelis
i
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3.12. zZim. Kubiska pamat-splaina generatora CubCrdSpln.vi prieksgjais panelis

Kubiska pamat-splaina izteiksmé (1.5) summas zime satur bezgaligi daudz saskaitamos.
, kura maksimalo vertibu uzdod, izmantojot

To vertibas samazinas, pieaugot |k

CubCrdSpln.vi prieks€jo paneli. Pieméram, ja |k|max =10 (3.12. zim.), tad

SN 2R SN pe
UEE e DI U (3.1)
l-a” )i
Ta ka 7°(t) =10 praktiski neatskiras no 7°(¢) K, 5102 tad nav ieteicams izveleties

|k| . >10, jo tas tikai palielinas 17’ (¢) aprékinu laiku.

Kad ir gatavs kubiska pamat-splaina generators, veido signala atjaunoSanai paredz&to
virtualo instrumentu AsSp/Rec.vi, kura prieksgjais panelis redzams 3.13. Zzim&juma, bet bloku
diagramma dota 2. pielikuma. Izmantojot VI prieksgjo paneli, lietotajs var:

— uzdot atjaunojama signala diskretizacijas frekvenci,
— saglabat atjaunoto signalu uz datora cieta diska.
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Atjaunota signala grafisks attelojums

3.13. zZim. Signala atjaunoSanas 4sSp/Rec.vi prieks€jais panelis

AsSplRec.vi bloku diagramma vienkarsoti ilustréta 3.14. zZim. Sakuma lietotajs uzdod
atjaunojama signala diskretizacijas frekvenci f,, kas nozimé to, ka signals tiks rékinats
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3.14. zZim. AsSplRec.vi bloku diagrammas vienkarsots ilustrgjums

P&c rekonstrukcijas veic atjaunota signala korekciju, ko realizé virtualais instruments
SigCorr.vi. Ta prieksgjais panelis redzams 3.15. zZzim&uma., bet bloku diagramma dota 2.
pielikuma. No pieméra (3.15. zim.) redzams, ka péc korekcijas atjaunota signala amplitiida ir
piecaugusi (salidzinajuma ar 3.13. zim. redzamo signalu) un vairak atbilst sakotn&jam
signalam (3.9. zZim).
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3.15. zZim. Signala korekcijas SigCorr.vi prieks€jais panelis

Rezultata radits virtualo instrumentu klasts, kas nodroSina:
— signala diskretizaciju ar ciparotaju ATS460,
— Ilimenu-Skérsojuma nolasu aprékinu no laika vienmérigi izvietotam signala
nolasém,
— signala atjaunoSanu no Itmenu-$kérsojuma nolasém ar tresas kartas asimetriskiem
pamat-splainiem.
Izstradatos instrumentus var pielietot praktiski, piemeram, runas signala Itmenu-
Skersojuma diskretizacijai un rekonstrukcijai ar merki parbaudit signala atjaunoSanas metozu
precizitati.
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4. GSM daudzkanalu mode]a izstrade

4.1 Daudzkanalu simulacijas modela apraksts

Darbs tiek turpinats no ieprieks€ja posma, kad tika izstradats vienkanala GSM
modelis, kas izmanto Itmenu SkérsoSanas ACP un signala fazi nosaka ar taisnstiira funkcijam,
kuram ir vienads samérs un kuras pienem vértibas +1 un —1. Simulacija izmantota GSM
signala frekvence ir 890,2 MHz. Attalums starp blakus kanaliem ir 200 kHz un viena simbola
parraides ilgums ir 3,6 ps [4]. Simulacijas laika tiek uzgeneréts GSM signals, kur§ satur 20
bitus (attiecigi, ja tieck generé&ti vairaki kanali, katrs kanals satur 20 bitu informaciju, pie tam
atSkirigu). Signals tiek parraidits un uztverot diskretizets ar limenu SkérsoSanas ACP. Tiek
iegttas diskrétas signala nolases no kuram ar taisnstiira funkciju palidzibu tiek izfiltréts
interes€josa kanala signals un noteikta $1 signala fazes izmaina. Atkariba no fazes izmainas
tiek noteikti parraiditie biti (zim 4.1).

> Faze

/

. - Limenu
Dai Modulacija - <—  &késosanas
101001 ~ACP

| l

Taisnstiira Signala
funkcijas filtréSana

l

Fazes
aprékinaSana

Nesgjfrekvence

Dati
101001

Zim. 4.1 Beztakt&taju sist€émas daudzkanalu modela shéma

Iepriek$jais modelis darba gaita tika uzlabots, tika veikta uztverta signala fazes
korekcijas uzlaboSana, ka ari uzlabota tika viena signala izfiltréSana no vairaku signalu
summas. Lai izfiltrétu no vairaku signalu summas vienu signalu, izveidotaja GSM simulacija
tiek izmantots taisnstiira funkciju generators, kur§ generé atbilstoSas frekvences taisnstiira
funkciju (zZim 4.2). Ja nepiecieSams iegiit informaciju no 7 kanala, tad, zinot, ka pirma kanala
frekvence ir 890,2 MHz, generatoram nepiecieSams uzgenerét divas taisnstiira funkciju ar

frekvenci 891,6 MHz, kur otra taisnstiira funkcija ir nobidita faze par % Zim 4.2 ir paradits

viens taisnstiira funkcijas ar frekvenci 891,6 MHz periods. Diskretizéta signala nolases X,
Xp.....Xp tiek salidzinatas ar divu taisnstiira funkciju laika veértibam un atkariba no nolases
atraSanas vietas tai tiek pieskirta vertiba £1 vai 0. Ta, pieméram, nolasei x; tiks pieskirta
vertiba +1 un 0, bet nolasei x¢ 0 un 1 vértibas. Sadi tiek izfiltréts vajadzigais signals no
visiem parraiditajiem signaliem. P&c tam pieSkirtas veértibas vektors tiek sareizinats ar
attiecigo diskretiz&ta signala amplitiidas vektoru, tadgjadi iegiistos divus skaitlus, kurus
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izdalot un no dalijjuma panemot arctg, ieglst signala fazes vertibu attiecigaja loga. Péc
aprekina veikSanas logs tiek bidits pa laika asi un ieprieks apskatitas darbibas tiek atkartotas,
iegiistot fazes izmainas likni.
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Z1m 4.2 Signala izfiltréSana un fazes noteikSana

Tika arT apskatits variants, kad ka filtréjoSo funkciju izmanto nevis taisnstiira funkciju
ar vienadu saméru un veértibam £1 un 0, bet gan funkciju ar veértibam +1 —1 un 0, kur attieciba
starp +1 un 0 ir 1:3, bet attieciba starp +1 un —1 ir 1:1. Sadu filtr&joso taisnstira funkciju
apskatija tadel, ka tai ir mazak harmoniku spektra (attiecigi iztrukst 3, 9, 15....harmonikas)
[5] un, iesp&jams, tadel ta varétu labak izfiltrét interesgjoso signalu. Sis uzlabojums fazes
noteikSana ieviesa nelielus uzlabojumus, tadel talak simulacijas tiek veiktas ar taisnstiira
funkcijam, kuram ir nevienads samers.

4.2 ACP bitu skaita izvéle

Veicot uztverta signala diskretizaciju, svarigi ir pareizi izvéleties [imenu Sk€rsoSanas
ACP limenu skaitu. Jo lielaks Iimenu skaits tiks izmantots, jo precizak biis iesp&jams izfiltrét
no uztverta signala vajadzigo kanalu un noteikt signala fazes izmainu. Tas tadgl, jo pie maza
Itmenu skaita, pieméram 2 bitu Iimeniem, uztvertais signals tiks diskretizéts tikai maksimalas
amplitiidas punktos un viduspunkta. Zim. 4.3 a. ir imitéts GSM signals ar 5 kanaliem. Ar zilo
Iiniju att€lots uztvertais, analogais signals, bet ar sarkanajiem punktiem — nolases, kuras
iegiitas signalu diskretiz€jot ar Iimenu SkérsoSanas ACP. Ka redzams, signals tiek diskretizéts
lielakajos amplitiidas izliekums punktos, ka art viduspunkta, bet netiek nemti véra salidzinosi
mazakie signala izliekumi, kuri arT nes svarigu informaciju par katru kanalu (signalu). No §tm
nolasem rékinot fazes izmainu vienam no pieciem signaliem, iegitais rezultats bis ]oti
kludains, jo liela dala no informacijas par parraidito signalu biis zaud€ta veicot diskretizaciju
(katram kanalam ir sava fazes izmaina, ko nosaka nosiitamo bitu virkne). Palielinot ACP bitu
skaitu

39



“Originalu signalu apstrades panémienu izveide un izp&te konkurétsp&jigu IT tehnologiju radisanai”

Zim. 4.3 Uztverta signala diskretizacija a) ar 2 bitu [imeniem b) ar 3 bitu [imeniem

(zZim. 4.3 b) signals tiek pilnigak diskretizets, ka rezultata ar1 informaciju par viena kanala
signala fazes izmainu var iegit precizak. Zim 4.5 a redzama uztverta signala faze pirma
kanala signalam (pavisam tiek izmantoti 7 kanali, kuru signalu amplitiidas ir vienads), kurs
diskretizets, izmantojot 4 bitu ACP. Ja izmanto 3 bitu ACP (zim 4.5b), fazes izmainas likne
nogludinas, tacu ideala kanala gadijuma BER saglabajas 0. Ja izmanto 2 bitu ACP, signala
fazi noteikt pareizi nav iespgjams un BER svarstas robezas no 0,3 Iidz 0,5, atkariba no signala
jaudas un kanalu izvietojuma frekvencu spektra. Aptuvenas fazes svarstibas ir nosakamas,
tacu fazes raksturlikne ir nobidita pa laika asi, tadgjadi liedzot iesp&ju precizi noteikt bitu
vertibas. Izveloties ACP bitu skaitu, janem ve&ra fakts, ka kanala ir troksnis un uztvertie
signali var but ar dazadam jaudam, kas fazes noteikSanu ieverojami apgritina. Tade]
ieteicams izmantot ACP ar 4 bitu diskretizacijas Iimeniem.

4.3. Ideala kanala simulacija

Vairaku simulaciju gaita tika konstatéts, ka visefektivak ar limenu SkérsoSanas ACP
diskretizeta signala faze tiek atpazita, ja loga platums, ar kuru izgriez signalu, ir vienads ar
viena parraiditd simbola garumu (vai arT veselu skaitu vairaku simbolu garumu). Nemot
mazaku loga platumu, fazes izmaina paradas papildus kroplojumi, kuri biitiskas izmainas
fazes noteikSana neievie$, tacu, ja parraidito simbolu seciba ir 1100110011, var rasties
problémas ar bitu atpaziSanu d&l nelielas fazes izmainas svarstibu amplitiidas (zim.4.4). Ja
turpret loga platumu palielina par veselu skaitu simbola garuma (divi simbola garumi), fazes
noteikSana uzlabojas. Palielinot simbola garumu, samazinas bitu parraides atrums, kas nav
velams. Tade] jacenSas $adu variantu neizmantot. Ja loga platums bus izvelets parak liels,
zudis saikne fazes izmainai viena simbola robezas, tade] ieteicams izveleties loga garumu
vienadu ar simbola garumu. Loga parvietoSanas solim jabiit vienadam ar filtr§jama signala
veselu skaitu faz€ nemainigu pusvilpu garumu summu. Simulaciju gaita tika secinats, ka nav
iesp€jams iegiit informaciju no diskretizéta signala, ja izvélas raidit secigi vairakos kanalos
péc kartas (piem&ram 12 Iidz 17 kanals). Raidot vairakos kanalos p&c kartas, izfiltréta signala
faze tiek nobidita. Tas tadel, ka notiek signalu parklasanas un blakus kanali ietekmé& viens
otru. Ja tiek izmantoti viens aiz otra sekojosi kanali, BER ir 0.4 11dz 0.5. Kanaliem vienam no
otra jabiit nobiditam vismaz par 600 kHz, tatu v€lams, lai attalums tomer butu lielaks.
Parraidot datus nav vélams izmantot vienadu attalumu starp kanaliem (pieméram 2000 kHz).
Tas biitu, ja izmanto 1, 11, 21, 31, 41, 51 un 61 kanalus. Uztvertas fazes izmainas likne ir
lidziga ka 4.4 zim.
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zim. 4.4 Signala fazes izmaina ar samazinatu loga garums

leglistot uztverta signala fazes likni, dazi biti bus klidaini noteikti, ja tiks pievienots
troksnis. Tadu bez troksna BER ir 0. Sada aina veidojas tadé], ka kanalus nobidot pa vienadu
skaitu frekvences vienibu un sasummegjot, dala no informacijas var tikt dzesta de| ta, ka
veidojas stavokli, kad atseviskie kanalu signali ir pretgjas faz€s un summeéjot dzesas. Pie tam
nav biitiski, kads attalums ir starp atseviskiem kanaliem, svarigi, lai tas nebiitu vienads. Ja
signala fazei ir lielas izmainas, tas ir, ja tiek parsttiti vairaki vieninieki vai nulles péc kartas,
tad kanalu izvietojuma regularitatei nav nozimes. Tacu realas sisttmas nav zinams, kada
informacija tiks parraidita, tadé] minéta darbiba nav ieteicama. Parraidot informaciju pa
vairakiem kanaliem, ieteicams izv€leties neregularu kanalu izvietojumu. Tad, sasummgjot
kanalus, atseviskie kanalu signali nenonaks pretgjas fazg€s. Zim. 4.5 a attelota raiditad un
uztverta signala fazes izmaina, ja loga platums ir vienads ar simbola garumu un kanali
izvietoti neregulari (tiek izmantoti 1. 5. 13. 21. 23. 34. un 52. kanali). Visu signalu
amplitiidas ir vienadas. Pie tam tiek izmantots 4 bitu ACP. Signals tiek izfiltréts no 7 signalu
summas. Ka redzams no grafika, faze tiek gandriz ideali atjaunota un BER ir 0. Nelielie fazes
kroplojumi rodas tadel, ka, signalu diskretiz&jot, nav iesp&jams pilnigi precizi to atjaunot,
neizmantojot bezgaligi daudz limenus, ka rezultata neliela informacija par signalu tiek
zaudeta.

ar 5 . _ 3 T T T T T T T
: : E A UthE_rta S_It;nala g g g g H Uztverta, sighala.
: & : fazes izmaina. 25 i i i i i fazes izmaina
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Tazes izmaina

faze, rad

Faze, rad

zim. 4.5 Fazes izmaina pie nevienmériga kanalu izvietojuma
a) ar 4 bitu ACP b) ar 3bitu ACP

41



“Originalu signalu apstrades panémienu izveide un izp&te konkurétsp&jigu IT tehnologiju radisanai”

Realas sistémas lidz uztvéréjam nenonaks visi raiditie signali ar vienadu jaudu. Kads no
signaliem tiks wvairak vajinats argju faktoru ietekme. Ja visus parametrus atstaj
ieprieksg€jos, iznemot signalu amplittidu, kuru katram kanalam uzdod savadaku un cenSas
no uztverta signala izfiltrét kanalu ar vismazako jaudu tad, izmantojot 3 bitu ACP un 4
kanalus, kuri novietoti viens no otra dazada attaluma, BER ir 0 (zZim.4.6). Signala jaudu
attieciba ir 0 4 6 un 2 dB. Ja kada kanala jauda biis 10 dB un vairak, BER palielinas lidz
0.5 (méginot noteikt fazes izmainu signalam ar vismazako jaudu, t.i. 0 dB). Tas tadg], ka
kanali, kuru jaudas ir mazas, uztvertaja signala ari radis nelielas svarstibas, kuras, signalu
diskretiz€jot ar mazu limenu skaitu, nenems véra un tadgjadi tiks zaudeta informacija par
parraiditajiem signaliem ar mazam jaudam. Palielinot Iimenu skaitu, var palielinat uztverta
signala atseviS$ku kanalu jaudu izkliedi. BER atkaribu no signala jaudas stipri ietekme
kanalu skaits sist€éma. Ja, piemeéram, izmanto divus vai tr1s kanalus, jaudu atskiriba var bt
lidz 12 dB (pie nosacijuma, ka kanali atrodas vismaz 2 MHz attaluma vien no otra),
turpreti izmantojot 7 kanalus, atSkiribai starp atsevisku signalu jaudam nevajadz€tu biit
lielakai par 5 — 6 dB , pie tam kanaliem jabiit novietotiem pietiekami talu vienam no otra.
Zim 4.6b att€lota uztverta signala fazes izmainas raksturlikne, ja tiek izmantoti 1. 13. 19.
33.39. 26. un 5. kanali. Jaudu sadalijums pa kanaliem ir 0 52 1 1 3 6 dB. Tiek izmantots 4
bitu ACP. BER $aja gadijuma ir 0.2. Seit gan janem véra fakts, ka kanals ar vislielako
jaudu atrodas vistuvak pirmajam kanalam, kura fazes izmaina tiek noteikta. Tacu, ja piekto
kanalu nomaina ar ¢etrdesmit treSo un atsevisku kanalu jaudas limenus atstaj ieprieksgjos,
BER kliist vienads ar 0.

Uztverta signala
Tazes izrmaina.

T T
Uztverta signala
Tazes izmaina,

il | |P— — e A Ficlta signala. ] Pl proaoonc fomeeees [ [ ' Raidita sigrala. ]
: : l g i fazes izmaina : ' : 4

Tazes i2rmaina.

Faze, rad

faze, rad

a) b)
Zim. 4.6 Fazes izmaina izmantojot dazadas signalu jaudas un kanalu skaitu
a)0,4,6,2dBun 3 bitu ACPb)0521 13 6dB un4bit ACP

Tatad raidot, ir svarigi pareizi novertét attalumu starp kanaliem. Ja, uztverot signalu,

starp atseviSkiem kanaliem var veidoties lielas jaudu atskiribas, v€lams katru kanalu izvietot
talu vienu no otra (apm&ram 2 MHz attaluma).

4.4 Troksnaina kanala simulacija

Pievienojot kanalam platjoslas troksni, uztveramais signals tiek izkroplots un rodas

griitibas ar bitu atpaziSanu. Simul&jot kanalu ar troksni, tiek izvéléts 4 bitu ACP. Kanalu
izvietojums pa frekvencu asi ir nevienmérigs (tiek izmantoti 1. 5. 13. 21., 23. 34. un 52.
kanali). Ja troksnis ir neliels (SNR ir 65 dB) , faze tiek atjaunota neklaidigi un BER ir 0. Pie
tik maza trokSpa Iimena nav svarigi, kadu ACP izmanto — 3 vai 4 bitu. Palielinot troksna
jaudu Iidz SNR 16,23 (zZim. 4.7a) un izmantojot 4 bitu diskretizacijas [imenus, BER joprojam
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saglabajas 0. Ar1 pie trim bitu [imeniem BER saglabajas vienads ar 0, lai gan trokSni uztverta
signala fazes izmainas Ikn€ stipri palielinas. Ja troksni palielina Iidz SNR 6,7 dB, ber
joprojam saglabajas O (zim 4.7b), lai gan fazes svarstibas nedaudz vairak nolidzinas
(izmainas ir niecigas). Ka redzams, izmantojot Itmenu Sk&rsoSanas diskretizaciju un fazes
noteikSanu ar

E : : : Uztverta signala -

a5t 5 afanaoaanas O O AP\ IS Tazes izmaina
Raicita sighala

fazes izmaina

Faze, rad

Uztverta sighalz

fazes zimaina

Fiaidita signala
fazes zimaina
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05

Zim. 4.7 Fazes izmaina ar pievienotu balto troksni a)SNR 16.23 dB b)SNR 6,7 dB
taisnstiira funkcijam, iegiitie rezultati ir salidzinoSi labi. Janem veéra, ka simulacijas ar
troksni netiek veiktas signaliem ar dazadu kanalu jaudam. Ja izmantotu dazadas kanalu
jaudas, troksSpa vertibai vajadzetu but mazakai par mazaka signala jaudu. Pretgja gadijuma
fazes izmainu mazas jaudas signala noteikt bis neiesp&jami.

Turpmakaja darba gaitd nepiecieSams izpéetit izstradata daudzkanalu GSM modela
fazes noteikSanas precizitati, palielinot troksna jaudu, ka arT izmantojot dazadas kanalu jaudas
un dazadus kanalu skaitus. NepiecieSams ar1 izpétit, ka fazes noteikSanu ietekmé Saurjoslas
troksnis. Pasreizejas simulacijas tiek veiktas ar balto troksni. Interesanti biitu apskatit art
interferences radito ietekmi.
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5. Asinhronu datu apstrades sistemu modelu veidoSana uz
vispareja pielietojuma mikroprocesoru un specializetu
mikroshému bazes

5.1. Asinhronu datu apstrades sistému modela izstrade

Asinhronu datu apstrades sistéemu veidoSanas galvenais uzdevums ir specializ€tu
energo ekonomisku sisteému izstrade, kas paredz€tas maz varbiitigu gadijuma rakstura
procesu/notikumu monitoringam.

Sadas sistémas var tikt izmantotas: dabas aizsardzibas problému mobilos risinadjumos
lauku apstaklos, kur nav iesp&jama stacionaras elektroenergijas piegade (kravas automasinu
iebraukSanas fiksacija neatlautas izgaztuvés; motorzagu rékonas fiksacija; spalgu malu
mednieku Savienu fiksacija). Tas var tikt lietotas arT ka stacionari vai mobili indikatori
paaugstinata skanas Itmena fiksacijai pilsétas (mizikas vai lidmasinu motoru rékona,
SaudiSanas ).

NepiecieSams veidot tadas asinhronas signalu uztverSanas, parveidoSanas, datu apstrades,
notikumu fiksacijas un parraides sistémas [6], kuras:

- praktiski nepatéré energiju laika starp notikumiem;

- atsak darboties (ieslédzas), ieejas signalam sasniedzot ieprieks uzdotu ieejas signala
slieksni;

- spgj adapteties apkartgjas vides fona izmainam;

- spgj analizet un filtrét ieejas signalus, atmetot tos, kas neatbilst sistémas uzdevumam-
nefiks€jot tos atmina un neieslédzot parraides ierici;

ir miniatiras, 1&tas un aizsargatas pret kaitigu vides un klimata iedarbibam.

Asinhronu sistému veidoSanai veiktie pétijumi
e ieejas signalu robezparametru novertgjums;
e cnergijas taupibas reZimu novertéjums;
e signalu apstrades algoritmu izstrade energijas taupibas reZima.

Pétijumu veikSanai tika izmanti Philips 89PLC900 saimes mikrokontrolieri [7]. To izveli
noteica sekojosi apstakli:
1. mikroprocesoru saime izmanto 80C51 tipa arhitektiiru, kas sp€ nodrosinat
asinhronu datu apstradi;
2. 89PLCY00 mikrokontrolieru niecigie izm&ri un mazais energijas patérins [8];
3. atbilstiba pielietojumam - daudzi mikrokontrolieri satur 1-2 8-bitu
ciparanalogos parveidotajus (CAP) un 1-2 komparatorus.

Izmantota aparatiira un programmatira
Petijumos tika izmantotas plates EPM900 un MCB900 ar mikroprocesoriem
P8OLPC936 un P89LPC932.

EPM900 plate

EPMO900 plate, kas paradita 1. att€la, ir ieblivétas emul&Sanas un zibatminas
programmeésanas ierice Philips P89LPC9xx saimes mikrokontrolieriem. EPM900 tiesi
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pieslédzas programmu izstrades sist€émas u Vision atklidotajam un nodrosina pilnigu lietotaja
programmas izpildes kontroli.

Izstradajamo sistému ar plakanu kabeli un atbilstoSiem saspraudniem pievieno
EPM900 emulatora plates procesora izvadiem.

P20 PRY PRI PEN PR PRF PR4 PRY

Procasora izvadi Kvarca tiftslags  Porta 2 GD

1. attels EPM900 emulatora plate

EPM900 plati konfiguré ar tiltsledziem JI, J2 un XTAL, izvéloties emul@Sanas vai
programmeésanas reZimu

EmuléSanas reZims

EmuléSanas reZimu izvélas novietojot tiltsledzus JI and J2 pozicija Emu. Saja rezima
EPMO900 darbojas ka emulators. BaroSanas spriegumu (3.3 volti) no EPM900 padod uz
emul&jamas ierices baroSanas izvadu.

Emul&Sanas rezims bez baroSanas

Novietojot tiltsledzi JI pozicija Emu un nonemot tiltslédzi J2 lai atvienotu baroSanas
spriegumu (3.3 volti) no EPM900 barosanas. Kad J2 ir nopemts, emul§amas ierices
baroSanas izvads nav savienots ar EPM900 3.3V baroSanas avotu.

Takts generatora izvéle

LPC9xx mikrokontrolieri izmanto vairakus takts generatora avotus. XTAL tiltsledzi lauj
izvéleties iek$jo (int.) vai argjo (ext.) takts generatoru . Ja izv€las aréjo (ext.) takts
generatoru tad papildus ir jauzliek kvarca rezonators Q1 (user-XTAL) uz EPM900 plates.

Programmeésanas rezims
Lai izmantotu EPM900 zibatminas programmeésanai ir nepiecieSams:

1) pieslégt ierici EPM900 programméSanas ligzdai;

2) konfigurét EPM900 plati programmesanai, novietojot tiltslédzus J1 and J2 pozicija
Prog;

3) konfigurét uVision zibatminas utilitus EPM900 platei, izmantojot uVision izv€lnes
Project — Options for Target — Debug. 1zvélas EPM900 LPC
Emulator/Programmer.

45



“Originalu signalu apstrades panémienu izveide un izp&te konkurétsp&jigu IT tehnologiju radisanai”

4) uzklikskinat Settings taustinu lai atvértu Configure EPM900 Emulator dialoga logu;
5) izveidot programmmu un ierakstit to zibatmina ar u Vision.

MCB900 plate
MCB900 plate, kas paradita 2. attéla, ir prototipa plate P89LP(C932
microkontrolierim, ko var savienot ar datora virknes portu, lai izmantotu Keil uVision
integréto izstrades vidi un atklidotaju. MCB900 plates darbinasanai ir nepiecieSama baroSana
un virknes kanals ar datoru.

MCB900 platei ir nepiecieSams ar&js 5-9 voltu lidzstravas baroSanas avots, kas spgj
nodros$inat 300-400mA. 3.3 voltu barosanu uz plates nodroSina sprieguma regulators IC3.

Uz MCB900 plates atrodas P89LPC932 (vai P89LPC935) mikrokontrolieris
(mikroshéma IC2), kas ir augstas veiktsp&jas ierice ar mazu izvadu skaitu. Uz plates nav argja
takts generatora kvarca rezonatora, bet tam ir paredz&ta vieta Q1.

ACP jegjas Porta 2 RS 232
Montazas vieta spriegums GD ligzda

ERERIEEE

’3'29‘5 "ﬁ?fﬂ‘ﬂml

: e 4 ”’ '_'|’="
:' e

. ICJ

": S6141 1

2 s, ki1, coms Hc.sah

2. attels MCB900 plate
Aparatiiras konfiguréSana
MCB900 ir tiltsledzi Run un Reset, ko izmanto lai mainitu plates konfiguraciju.
MCB900 plate var stradat sekojoSos reZimos:

o Flash Magic, kas atlauj programmét uz mikroshémas PS9LCP935 vai PS9LPC932
eso8o zibatminu, lietojot programmu Flash Magic;

o wVision/ISD5 1, kas lauj veikt sisteémas atkliidoSanu izmantojot programmu /SD5/,

o palaiSanas (User Run), kas lauj MCB900 izpildit mikroshémas P89LCP935 vai
P8ILPCI32 zibatmina ierakstito lietojumprogrammu.

Sekojosa tabula parada tiltsledzu stavokli katram rezimam.

Tiltsledzi Flash Magic uVision/ISD5 1 User Run
RUN (Fixed 3.3V on Nonemts Nonemts Uzlikts
VDD)
RESET (via COM Port) Uzlikts Uzlikts Nonemts
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Indikacijas gaismas diodes
Uz MCB900 plates ir barosanas (Power) gaismas diode (GD) un astonas GD, kas
savienotas ar Porta 2 izejam. GD izmanto test&jot lietojumprogammu.

Potenciometrs
Uz MCB900 plates ir potenciometrs, ko var izmantot mainiga ieejas sprieguma
nodroSinasanai analogajai ieejai AN12.

Virknes ports
MCB900 ir virknes UART ka P89LPC935/932 sastavdala. Mikroshému IC1

MAX3221 izmanto, lai parvérstu logiskos signalus uz RS-232 sprieguma limeniem. UART
izmanto, lai sazinatos ar datoru programmgjot and atkliidojot.

MCB900 virknes portam ir standarta 3-vadu interfeisa konfiguracija (Rx, Tx, Gnd).
Linfjas DTR un RTS var izmantot plates parstatiSanai.

Keil uVision LPC Studio integréta izstrades vide

EPM900 ietver wuVision LPC Studio izstrades programmatiiru, kas satur visus
nepiecieSsamos Iidzeklus mazu lietojumprogrammu izstradei, tai skaita C++ kompilatoru,
saiSu redaktoru, atklidotaju un zibatminas programmeésanas rikus.

Programmu atklido$ana

Pec EPM900 plates un interfeisa konfiguréSanas un savienoSanas ar izstradajamo
sistému var palaist uVision atklidotaju un uzsakt parbaudit izstradato lietojumprogrammu uz

pieslégtas aparatiiras.

5.2. Asinhronu datu apstrades sistému modela eksperimentala
parbaude

Makets
Modela eksperimentalai parbaudei tika izstradats programmatiiras projekts, izmantojot
uVision LPC Studio izstrades programmatiiru, kas tika eksperimentali parbaudits uz maketa
izveidota no platém EPM900 un MBC900, skatit 3. attelu.

EPMI00

3. attels. Makets modela parbaudei

Makets ir pieslégts ar USB kabeli datoram. Programmas izstradasanai izmanto
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uVision LPC Studio, kas atrodas uz datora. Programmas testéSanai un atkl]iidoSanai pielieto
EPMO900 atkludotaju. P&c testé€Sanas programmas saturs tiek ierakstits MCB mikroprocesora
zibatmina, izmantojot EPM900 programmésanas rezimu.

Lietojumprogrammas algoritms
Izstradajot lietojumprogrammu nemts veéra, ka pielietojamiem mikroprocesoriem ir
Cetri energijas taupibas reZimi:
3. aktivs - energijas patérin$ ir maksimalais;
4. tukSgaita - strada tikai periférijas ierices;
5. izslegts - apstadinats sistémas takts generators, bet atsevisku funkciju izpilde var tikt
atlauta, tai skaita analogo komparatoru un ciparanalogu parveidotaju darbiba;
6. pilnigi izsleégts - pilniba atslégtas visas mikroprocesora ierices, tai skaita analogie
komparatori.
Seit atslégiana nozimé, ka mikroprocesora ieksieng tiek atslégtas atseviskas ierices,
bet saglabajas baroSanas spriegums uz mikroprocesora baroSanas izvada.
Mikroprocesora energijas patérinpa limena pazeminaSanas iesp&ju ierobezo
nepiecieSamiba saglabat ieslégtus analogos komparatorus, kas sp€j atjaunot normalo darbibas
rezimu.

‘ Sakums ’

Mikroprocesora
inicializacija

&
<

Pareja uz energijas
taupibas reZimu

d
i

Gaida ieejas
signala slieksni

Datu apstrade
Lémuma
pienemsana

4. attels. Lietojumprogrammas algoritms
Programmas algoritms ir paradits 4. att€la. Algoritma pamata ir ideja, ka normali

programma nestrada un mikroprocesors atrodas energijas taupibas reZima. Pareju uz energijas
taupibas reZimu veic lictojumprogramma. AtgrieSanos no mikroprocesora energijas taupibas
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rezima uz aktivo reZimu izsauc noteikti partraukuma signali. Piem&ram, analoga komparatora
izejas augsta Itmena signals izsauc partraukumu, kas izraisa pareju no izslégta reZima uz
akfivo rezimu. ST parejas iesp&ja no aktiva rezima uz izslégta rezima un otradi lauj izveidot
datu apstrades sist€ému, kas praktiski nepatéré energiju laika starp notikumiem.

Lidztekus energijas taupibas rezimiem papildus energijas samazina$anu var panakt,
samazinot sist€mas takts generatora frekvenci. To veic programma, iestitot sistémas registra
veselu skaitla vertibu no 1 lidz 255, ar ko izdala sistémas takts generatora frekvenci
pareizinatu ar 0,5.

Lietojumprogrammas izpilde

Lietojumprogrammas blokshéma ir paradita 5. att€la. Normali mikroprocesors gaida,
t.i., atrodas energijas taupibas rezima. Mikroprocesora programmas izpilde tiek uzsakta,
izpildoties noteiktam uzdotam nosacijumam. Miisu gadijuma uzdotais nosacijums ir ieejas
signala sliegSpa lielums. Ja ieejas signals parsniedz uzdoto sliegsni, tad analoga
komparatora izeja ir augsts Itmenis, kas izsauc izeju no “Gaida”, atsakot programmas
darbibu. P&c programmas izpildes, ja ieejas signals nav sasniedzis uzdoto sliegsni,
mikroprocesora programma izslédz visus mikroprocesora mezglus, iznemot analogos
sprieguma komparatorus un ciparanalogu parveidotajus.

Lietojumprogramma veic sekojoSas darbibas:

e atsak darboties (ieslédzas), ieejas signalam sasniedzot iepriekS uzdotu ieejas signala
slieksni;

e picaugoSam signalam izmanto vienu ciparanalogu parveidotajus (CAP) un komparatoru un
dilstosam signalam izmanto otru CAP un komparatoru;

e icejas signalu padod uz komparatora ieeju un salidzina ar CAP izejas signalu;

e signaliem sakritot, tiek fiks€ta taimera veértiba tl;

e uzstada jaunu CAP vertibu un, tai sakritot ar ieejas signala vertibu, tiek fiks€ta taimera
vertiba t2;

e taimera izeja tiek form&ts impulss, kura garums ir At=t2-t1;

e pariet uz nakoso ciklu.

Lietojumprogrammas tuvaka izp&te paradija, ka pareja no stavokla “Gaida” uz aktivo
rezimu notiek ar aizkavi. Tas ir saistits ar mikroprocesora 1pasibu — 255 takts periodu aizkavi
ick$€jam takts generatoram vai 1024 takts periodu aizkavi aréjam takts generatoram, parejot
no energijas taupibas rezima “Izslegts” uz rezimu “Akfivs”. ST aizkave ir nepiecie§ama takts
generatora frekvences stabilizé$anai. Izmantojot 11 MHz argjo takts generatoru aizkave bis
94 us, bet 7,4 MHz ieksgjam takts generatoram aizkave biis 35 us.

Ieksgjais takts generators veic laika mérfjumus ar pielaide +1,0%. Tapéc iesp&jams, ka
laika mérijjumu veikSanai bis jaizmanto argjs takts generators ar kvarca rezonatoru.

Veicot analogo ieejas signalu mérjjumus, baroSanas avotam ir janodroSina atbilstosa
baroSanas sprieguma stabilitate.
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Rezultati

Sakums

Ierices
inicializacija
1=n;

4
| <

<

CAPl =i+1;
CAP2=1i-1;
Atlauj komparatoru
partraukumus

Gaida

Lo 7

Aizliedz komp. 1
partraukumu
Fikse laika
vertibu

Aizliedz komp. 2
partraukumu
Fikse laika
vertibu

i=i+1;

5. attéls. Lietojumprogrammas blokshéma

Veicot patéréjamas stravas mérijjumus atkariba no takts generatora frekvences pie baroSanas
sprieguma 3,0V, tika iegiiti sekojosi rezultati.

1. tabula. Stravas patérins atkariba no reZima un takts generatora frekvences
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Energijas
taupibas
reZims

Aktivs (frg)

Aktivs
(frc/20)

Aktivs
(frc/200)

Aktivs
(fra/510)

TukSgaita
(fro)

TukSgaita
(frc/20)

TukSgaita
(frc/200)

TukSgaita
(fra/510)

Izslegts

Izslegts,
komp.*

Pilnigi izslegts

Paskaidrojumi tabulai: * - Izslégts, komp. - nozZimé ka komparators ir ieslégts;
** _ x —nozimgé, ka takts generators ir izslégts un takts

Novertgjot signalu parveidotaja parametrus tika iegiitas sekojosas robezvertibas:

2. tabula. Signala parveidoSanas robezparametri

Takts
frekvences
dalitajs

0
10

100

255

10
100

255

X**

X**

X**

Stravas patérins 32
kHz argjam takts
generatoram pA

88
67

66

66

73

65

64

64

55
69

generatoram
LA

6780
1410

1150
1140
3610
1090
930
920

55
69

Stravas patérins 11,09  Stravas patérins
MHz argjam takts 7,4 MHz iek§€jam

takts generatoram

LA
4000
540

380
370
2120
440
360
350

55
69

frekvences dalitaja vertibas neietekme stravas patérinu.

Parametrs

Ieejas signala mérijuma kltida

Dinamiskais ieejas signala diapazons

Laika mérisanas kltuda

Laika mériSanas diapazons

Secinajumi:

Vertiba
+5 mV
0-255V
83 ns
696 s

e optimalais mikroprocesora energijas taupibas rezims ir * Izslégts, komp.”, kas nodro$ina

minimalo stravas patérinu pie ieslégta komparatora;

e aizkave mikroprocesora parejai no rezima “lzslégts” uz reZimu “Aktivs” 11 MHz argjam
takts generatoram aizkave ir 94 us, bet 7,4 MHz iek§€jam takts generatoram ir 35 ps;

e precizu laika mérfjjumu veikSanai ir jaizmanto arjs takts generators ar kvarca rezonatoru,
¢ analogo ieejas signalu merjjumiem ir jaizmanto stabilizéts baroSanas sprieguma avots.
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Turpmako pétijumu ietvaros jarisina sekojo$i uzdevumi:

ieejas signalu uztverSanas, analizes un filtréSanas algoritmu izstrade;

datu parraide sisteémas ietvaros;

sisteémas adaptacijas algoritmu izstrade, lai pielagotos apkartéjas vides fonam;

energijas taupibas rezima piemekl&S$ana, lai autonoms baroSanas avots spétu nodroSinat
sistémas elementu darbibu vismaz vairakus ménesus.

52



“Originalu signalu apstrades panémienu izveide un izp&te konkurétsp&jigu IT tehnologiju radisanai”

Izmantotas literaturas saraksts

[1] A. Aldroubi, M. Unser, M. Eden, Cardinal spline filters: Stability and convergence to the
ideal sinc interpolator // Signal Process. — 1992. — Vol. 28. — pp. 127-138.

[2] An Interactive Introduction to Splines / Bezier spline curves. —http://www.ibiblio.org/e-
notes/Splines/Bezier.htm

[3] Cory L. Clark, “LabVIEW Digital Signal Processing”, McGraw-Hill, 2005. — 205 p

[4] Michel Mouly, Marie — Bernadette Pautet (1992), The GSM System for Mobile
Communications.

[5] L.Bilinski, Yu.F.Borovik and A,Mikelson (1982) “Use of rectangular periodic functions
for computing discrete Fourier transforms”, Autom. Control Comput. Sci.,, 2 81-86 (in
Russian).

[6] S.M. Kuo, B.H.Lee, W.Tian, Real-Time Digital Signal Processing , 2006, J. Wiley &
Sons , pp. 646.

[7] Philips Semiconductors UM 10116, P89LPC933/934/935/936 User manual,
Rev.02, 9 June 2005, Netherlands.

[8] Philips Semiconductors AN10367, Power management for LPC900 family,
Rev.01, 29 March 2006, Netherlands

[9] M. Akay, Ed., Time-frequency and wavelets in biomedical signal processing, /EEE Press,
1998.
[10] D. Gabor, D (1946). Theory of communications. Journal of the IEE, 93(3) pp.429-457.

53


http://www.ibiblio.org/e-notes/Splines/Bezier.htm
http://www.ibiblio.org/e-notes/Splines/Bezier.htm

1. PIELIKUMS. IZSTRADATAS DATORPROGRAMMAS.



DATORPROGRAMMA SIRNALA LIMENU-SKERSOJUMA UN
APTUVENO ATVASINAJUMA VERTIBU IEGUSANAI MATLAB

VIDE

function [Sn,tn,K,U]=lvcrossing3(S,Fs,N,R,u)
if nargin < 5

u(l)=-R/2; u(2”"N)=R/2;

for k=2:2"N-1

u(k)=u(k-1)+R/ (2"N-1) ;

end;
end;
du=0.001; ul=u;
for k=1:length (u)

u=[u u(k)+du u(k)-dul;
end;

u=sort ([-1000000,u,10000001]) ;

U=sort ([-1000000,u,10000001]) ;

$S-diskretizéjamais signals
$Fs-diskretizacijas frekvence
$LvCr ACP bitu skaits

$LvCr ACP amplittdu diapazons
$u-pasdefinéti spreiguma limeni
%Sn-LvCr nolases

$tn-nolasu laika momenti
$K-atvasinajumu vértibas
$U-sprieguma limeni

tt=[1; uu=I[1; tn=[]; Sn=[]; K=[]; t=0;
for k=l:length(u)-1
if S(1)==u(k)
uu=[uu, S(1)]; tt=[tt, t];
p=k; break;
elseif S(1)<u(k+1)
p=k; break;
end;
end;
dt=1/Fs;
t=0:dt:1length(S) *dt-dt;
for k=1l:length(t)-2
if S(k+1)>=u(p+l)
tt=[tt, t(k+1)]; uvwu=[uu, u(p+l)];
p=p+1;
elseif S (k+1)>S(k)&&S (k+2)<S(k+1)&&u(p+l)-S(k+1l)<le-4
tt=[tt, t(k+1l)]; uu=[uu, u(p+l)];
elseif S(k+1)<S(k)&&S (k+2)>S(k+1)&&S (k+1)>u(p) &&S (k+1l)-u(p)<le-4
tt=[tt, t(k+1l)]; uu=[uu, u(p)l;

elseif S (k+1)<=u(p)
if S(k+1l)==u(p) | IS (k)>u(p)
tt=[tt, t(k+1)]; uu=[uu,
end;
if p>l&&S (k+1)~=u(p);
p=p-1;
end;
end;
end;

u(p)l;

m=length(S);

if S(m)>=u(p+l)
tt=[tt, t(m)];

elseif S (m)<=u(p)
if S(m)==u(p) | IS (m-1)>u(p);

tt=[tt, t(m)]; uu=[uu,

end;

end;

uu=[uu, u(p+tl)];

u(p+l)];

for k=1l:length (uu)-1
for n=1l:1length(ul)
if uu(k)==ul (n)



K=[K, (uu(k+1) -uu(k))/(ct(k+1)-tt(k))1;
Sn=[Sn,ul (n)];tn=[tn,tt(k)];
break;
end;
end;
end;

for n=1:1length(ul)
if uvu(length (uu))==ul (n)
K=[K, (uu(k)-uu(k-1))/(tt(k)-tt(k-1))1;
Sn=[Sn,ul (n)];tn=[tn,tt(k)];
break;
end;
end;

DATORPROGRAMMA SIRNALA ATJAUNOSANAI AR
ASIMETRISKIEM TRESAS KARTAS PAMAT-SPLAINIEM
MATLAB VIDE

function [t,Satj]=AsSplRec(Sn,tn,Fs) %$Sn-LvCr nolases
%$tn-noladu laika momenti

t=tn(l):1/Fs:tn(length(tn)); Satj=[]; %$Fs-atjaunojama signala diskr. frekv.
%$t-atjaunota signala laiks

dt=0; %$Satj-atjaunotais signals

for k=1l:length(tn)-1

dt (k)=tn (k+1)-tn (k) ;
end;

Sn=[0 0 00 0O Sh 0 O 0O O 0]; s=0;
for k=1l:length(tn)-1

if k==length(tn)-1
tt=t (t>=tn (k) &t<=tn (k+1));

else
tt=t (t>=tn (k) &t<tn(k+1));
end;
for m=-6:5
S=S+Sn (k+m+6) *CardSpl ( (tt-tn (k) -dt (k) * (m+1)) /dt (k),-10:10);
end;
Satj=[Satj,S];
S=0;
end;

DATORPROGRAMMA ATJAUNOTA SIGNALA KOREKCIJAI
UN IEROBEZOSANAI MATLAB VIDE

function Saps = SignCor(S,t,Sn,tn,U,K,d) $%S-atjaunotais signals
%t-signala laiks
if nargin<eé %Sn-LvCr nolases
for k=2:length(tn)-2 $tn-LvCr nolasSu laika momenti

if Sn(k-1)~=Sn (k) &&Sn (k)==Sn (k+1) &&Sn (k+1) ~=Sn (k+2)
kl1=(Sn(k)-Sn(k-1))/(tn(k)-tn(k-1));
k2=(Sn (k+2)-Sn(k+1) )/ (tn(k+2)-tn(k+1));
P1=1/2* (tn(k+1)-tn(k))/(1/kl1-1/k2);
ind=t>=tn (k) &t<tn (k+1);
if length(S(ind))~=0;
m=abs (P1/ (max (abs (S (ind)-Sn(k))))) ;
S (ind)=(S (ind) -Sn (k) ) *m+Sn (k) ;

end;
end; %U-sprieguma limeni
end; $K-atvasinajuma vértibas
Saps=S; $d-proporcionalitates koeficienti

else



for k=l:length(tn)-1
if Sn(k)==Sn (k+1)
for n=1:1length (U)
if Sn(k)==U(n)
break;
end;
end;
Pl=1/2* (tn(k+1)-tn(k))/ (1/K(k)-1/K(k+1));
ind=t>=tn (k) &t<tn (k+1);
if length(S(ind))~=0;
m=abs (P1/ (max (abs (S (ind)-Sn(k))))) ;
S(ind)=(S(ind)-Sn (k) ) *m+Sn (k) ;
if P1>0&&P1>U(n+1)-U(n) | |P1<0&&P1<U(n-1)-U(n)
if P1>0
du=(U(n+1)-U(n))/2; vid=U(n)+du;
else
du=(U(n)-U(n-1))/2; vid=U(n)+du;
S(ind)=2*3Sn (k)-S (ind) ;
end;
Smax=max (S (ind)); limit=(Smax-vid)/2/du;
for m=1:length (d)
if sum(d(l:m))>1limit
dd=limit/sum(d(l:m))*d(l:m); break;

end;
end;
aa=dd*du+vid; a=aa(l); s=S(ind);
for h=2:m
a=[a, a(h-1)+aa(h-1)+aa(h)-2*vid];
end;

for h=m:-1:1
ind2=s>=a (h) ;
s(ind2)=2*a(h)-s (ind2) ;

S (ind) =s;
end;
if P1<0
S(ind)=2*Sn (k) -S(ind) ;
end;
end;
end;
end;
end;
Saps=S;

end;
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Abstract: The spectral characteristics of multimediaaigtypically vary with time. Preferably, the sampling dignef
them would comply with instantaneous bandwidth of sign&le paper discusses the level-crossing sampling
principle, which provides such capability for analog-igithl conversion. As the captured samples are spaced
non-uniformly, the appropriate digital signal processmequired. The non-stationary signal is characterized
by time-frequency representation. Its classical appresctie inspected for applicability to analyze the data
obtained by level-crossing sampling. Several enhancesmanshort-time Fourier transform approach are
proposed, which are based on the idea to minimize the recmtish error not only at sampling instants,
but also between them with the same accuracy. Additionadfitsrare gained if the instantaneous spectral
range of analysis is complied with local sampling densityifacts are removed, complexity of calculations
is decreased. The performance of algorithms is demondtiatesimulations. Presented research can be
attractive for clock-less designs, which receive now ameasing interest. Their promising advantages can
play a significant role in future electronics’ development.

1 INTRODUCTION account only the highest signal component. Two con-
clusions follow: non-uniform sampling is the natu-
Conventional digital signal processing technigques of- ral choice for the discrete representation of a non-
ten consider the stationarity of a signal within a frame stationary signal, and the non-uniformity of sampling
of analysis. It is assumed that the statistical charac- process has to be caused by the local properties of sig-
teristics of signal do not change with time. The con- nal.
cept of stationarity provides the possibility of fixing The work presented in this paper is based on the
the sampling rate (it should be at least twice as high idea of abandoning traditional clock-driven A/D con-
as the maximum signal frequency), as well as of con- version and the uniform digital signal processing,
structing effective processing methods, for example which typically follows it. Instead of that, a clock-
the Discrete Fourier transform (DFT). However, nat- less structure of data processing system is suggested,
ural signals typically are time-varying, and they can where the A/D conversion is signal-driven. To illus-
be a mixture of events localized both in time and fre- trate the difference, the processing chains of both ap-
guency (Akay, 1998). proaches are illustrated in the Fig.1. Let us empha-
Intuitively speaking, the non-stationarity of a sig- size the key benefits of the asynchronous electron-
nal should be reflected in the process of analog-to- ics: lower power consumption, absence of the clock
digital (A/D) conversion. For example, letusinspecta screw, reduced heat elimination, lower EMI, auto-
signal with high instantaneous frequency regions and matic adaptation to physical properties, etc. (Hauck,
low instantaneous frequency in other regions. It is 1995). The popular types of signal-dependent sam-
more efficient to sample the low frequency regions at pling are based on zero-crossing, reference signal
a lower rate than the high frequency regions. Con- crossing, level-crossing or send-on-delta concepts.
sequently, with appropriate non-equidistantly spaced Each of them has its own advantages and limitations,
samples one might approximate a signal with fewer however joint features are: the signal samples can
samples per interval than in the uniform sampling be spaced non-uniformly, local sampling density de-
case, where sampling frequency is defined taking into pends on local properties of signal, and it is impos-
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INPUT | Clock - Synchronous ~ |[OUTPUT
N/ driven (uniform)
DSP
Signal ADC DATA
A
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/\/\/> driven (non-uniform)
ADC DSP
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(b)

Figure 1: Structures of DSP system based on different
paradigm: synchronous (a), asynchronous (b).

sible to determine the sampling time instants in ad-

vance. The paper discusses digital signal processing

if the level-crossing sampling scheme is used to cap-
ture digital data from a continuous time signal.

2 LEVEL-CROSSING SAMPLING

The principle of uniform sampling is illustrated in
Fig.2a: sampling is driven by an external clock
with fixed periodT .., that gives the equidistantly

! / Samples

/4 @ - -——=—=—==fmf e

L i N ] I nput é‘ignal

S ) S £

l, 777777777777777777777777777 > - --Z-- t
Ty

Clock

Samples

g ,,/ ,,,,,,,

Input signal

Events 1 1

Figure 2: Analog-to-Digital conversion: clock-driven (a)
vs. signal-driven level-crossing sampling case (b).

In the level-crossing based A/D converter, since a
sample is taken only when a level is crossed, the am-
plitude value of the sample is exact. Due to the fact
that samples are spaced non-equidistantly, the appli-
cation of LCS often requires that the time instant of

spaced samples. The level-crossing sampling (LCS)the sample also be known. In practice, the time in-
scheme is based on the principle that samples are capterval is measured by a timer that quantizes the time

tured when the continuous time input signal crosses
predefined levels. Typically, the quantization levels
are uniformly disposed along the amplitude range of

with certain resolutioff};,..,». The SNR in this case
can be estimated as (E. Allier and Renaudin, 2003):

x

3
SNRyp = 10log ( 2

P, 1
201
) + og (T

x’! timer

the signal as is shown in Fig.2b. ) , (2)
Such a sampling strategy is not new and has been , ) i

known at least since the late 1950s (Ellis, 1959). Var- Where P, is power of the random input signal, and

ious terms are used to name it: event-based sampling,/=’ iS power of it's derivative. In this case SNR does

level-crossing sampling, magnitude-driven sampling, NOt depend on the number of quantization levels, but

and sometimes, sampling in the amplitude domain. depends on the properties of the input signal and on

The variety of existing terminology shows that it is re- f[he precision of the timer. Slgnal-to-n0|se ratio can be

ally a generic concept adapted to a broad spectrum ofimproved simply by decreasing e

technology and applications. It has been shown that 1he goal of the proposed paper is to explore the

level-crossing sampling has several interesting prop- US€ of the level-crossing sampling technique for anal-

erties and is more efficient then traditional sampling
in many respects (E. Allier and Renaudin, 2003).
Classical A/D conversion implements clock-driven
sample-and-hold (S/H) operation, which is followed
by quantization operation. Considering an ideal clock
and an ideal S/H, anyway there is imprecision of con-
version due to the limited number of quantization bits
L. The Signal-to-(quantization)Noise Ratio (SNR) of
classical ADC can be expressed as

SNRyp =1,76+6,02L, Q)
and it depends only on the resolution of the converter.

ysis of a non-stationary signal. In this context, the
evaluation of the local sampling density can play a
significant role, because it is connected with the lo-
cal statistical characteristics of a signal. If a signal is
changing rapidly, the samples are spaced closer, and
conversely - if a signal is varying slowly, the sam-
ples are spaced sparsely. The variability of waveform
is linked with spectral content, and thereby the local
sampling density can be used to estimate the instanta-
neous maximum frequency of signal.

If the input signal is single sinusoid

z(t) = Asin(27 fot + ), (3)
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where A is the amplitude,f, - the frequency and
o - the initial phase, the sampling density can be ex-

pressed as
o = 2RA fo, (4)

where Ra is the total number of different levels
crossed by the signal.
Determining the sampling density of a broadband

process is not as elementary as for a mono-harmonic

signal. Analytically it is investigated for band-limited
Gaussian process with zero mean and constant spec
tral density

P =1

The expected number of levg) crossings per time
unit can be expressed as (Mark and Todd, 1981)

—2
Bl = 22 e ()

To calculate the sampling density, it is necessary to
sum up the sampling instants of all the quantization
levelsl;,

S
0

Ifl < fup

otherwise *

(®)

(6)

2k 1
E[o] = Z Ol - @)
k=1
One more of the main parameters describing the
sampling process is the time interval between two
adjacent samplea\t,, = t¢,+1 — t,. The mean
value of the interval is tied with sampling density as
|At,| = % The exactAt,, values can be estimated
analytically only for special cases, i.e., for the mono-
harmonic signal (3). If the signal crosses the Idyel
at the time instant,, and the level,,; at the time
k+1

instantt,, 1, the At,, can be calculated as
an e
= arcsim { — — arcsin .
27Tf0 A A
| (8)
Around extremes the signal crosses the same level
twice and the distance between crossings is
1 | min | mam|

<o (3o (Fg)) o

If At,, cannot be estimated analytically, the upper and
lower bounds of time interval can be evaluated based
on the signal parameters. The minimum distance is
determined as

Aty,

™ .
— —arcsin
2

Aty,

Tmin Z T AN
maz(|a’(t)[)

(10)

where Al,,;,, is the minimal distance between two
quantization levels, and'(¢) is first derivative of the

reach zero. The upper bound Af,, is infinity, be-
cause the level-crossing sampling might not be trig-
gered if the signal waveform is located between two
consecutive quantization levels. To avoid this, the dis-
tance between quantization levels has to be less than
the amplitude of the signal.

In addition, the following facts should be noted -
if a signal waveform has some regularities, the sam-
ple flow has the same regularities as well. This effect
often leads to a problem that the methods, which are
derived for deliberately non-uniform sampling, do not
always work satisfactorily for a particular case - level-
crossing sampling, which provides signal-dependent
non-uniform data. The level-crossing based analog-
to-digital conversion is asynchronous in the sense that
it does not have the clock that determines the posi-
tions of samples. That leads to a drastic change in
the standard signal and data processing and initiates a
new research area - asynchronous signal processing.

3 CLASSICAL TFRsAND
NON-UNIFORM SAMPLING

The non-stationary signal is characterized by time-
frequency representation (TFR). As the signal sam-
ples captured according to the level-crossing principle
are spaced non-uniformly, the appropriate digital sig-
nal processing is required. In this section, the appli-
cability of classical TFR approaches to analyze LCS
data is inspected. The time-frequency representation
is characterized by points on a time-frequency gram.
For practical applications it is assumed that a finite
duration© of bandlimited tof2 signal is observed.
The traditional approaches for TFR calculations are
based on Short-time Fourier transform (STFT) (Ga-
bor, 1946), joint time-frequency distribution (Cohen,
1995) and wavelet transform (WT) (Chui, 1992).

3.1 Short-timeFourier transform

The classical method for analyzing non-stationary
signals is short-time Fourier transform. It was pro-
posed by Gabor (Gabor, 1946). STFT is based on
the well known Fourier transform. The basic idea of
STFT is to introduce a time window, which is moved
along the signal, and in such a way the time indexed
spectrogram ok(t) is defined as

o0

z(T)w* (t—7) exp(—j27 f7)dT,

(11)
wherew(t) is a time window and* denotes the com-
plex conjugates.

STFT(t, f) = /

— 00

signal. The case, where the signal crosses the same In the case of finite number of discrete samples

level twice, is distinct, becaugk! = 0 and7,,;,, can
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Figure 3: STFT based time-frequency representation of Figure 4: WT based time-frequency representation of test-

test-signal sampled by crossing 7 levels.

within time interval®), the STFT based TFR on the
uniformly spaced time-frequency grid with frequency
stepg and time stepl; can be calculated as

TFRSTFT(]C, m)
N
= anw*(k/2ﬂ — tp) exp(—j2mt,m/O)|.

n=1
(12)

signal sampled by crossing 7 levels.

analysis can be viewed as a filter bank comprising
bandpass filters with bandwidths proportional to fre-
quency. The multi-resolution nature of wavelet analy-
sis leads to some limitations. Wavelet transform uses
a scaling profile such that frequency resolution de-
creases at high frequencies, and temporal resolution
decreases at low frequencies. While this choice of
scaling leads to nice mathematical structures and al-
gorithms, there is no physical reason to assume that it

The expression (12) uses the general form of DFT, in corresponds to natural structure behavior. For discrete
which the restriction, that requires the uniform spac- WT, in order to get the best performance of analy-

ing of samples:,, = nT', can be ignored. To examine

sis, the time- and scale-sampling grid often should be

what happens if this expression is used for analysis considerably over-sampled, that introduces the redun-

of level-crossing samples, the single chirp (parame-

ters of it will be described in the Section 6) is chosen

dancy in the TFR.
The general form of time-frequency representation

as a test-signal. The Fig.3 illustrates the fact that in pased on discrete wavelet transform can be expressed
addition to the true component, spurious componentsgs
appear at the higher odd harmonics. These artifacts  7rp,, .(k,m)

are due to the use of LCS approach for signal with
regularities in the waveform. The additional source

of artifacts can be the absence of the orthogonality of

transformation functionsxp(—j2nt, m/0) if t,, are
not placed uniformly.
A well-known problem inherentin STFT is the in-

N

| e (22—t
= | Ve 2 teh ( 126m )
(14)

Such a notation enables the processing of both uni-

verse relationship between time and frequency reso-formly and non-uniformly sampled data. The nice

lutions. Extension of the window's)(¢) length im-

mathematical feature of WT for equidistantly spaced

proves the frequency resolution, but at the same time samples states: for aryanda = 2™ (k,m € Z)
degrades the temporal selectivity. To overcome this the {h(t4)} k) is @ subset of one discreet wavelet,

difficulty of short time Fourier transform, alternative

which is uniformly sampled at the sampling fre-

methods of time-frequency analysis have been devel-quency of the signal. In the case of non-equidistantly
oped. The two most popular of them are a wavelet spaced samples this property is lost, because the val-

transform and a Wigner-Ville distribution.
3.2 Wavelet transform

The wavelet transform of a continuous-time signal
z(t) is defined as

WT(t,a) = % /7 Z x(T)h*( )dﬂ (13)

wherea is the scaling factor antl(¢) is the so-called
analyzing wavelet. The time-frequency version is ob-
tained by making the substitution = f,/f. The

t—T

ues of wavelet,(¢) have to be calculated at different
points set{ty, } k) for each scaling factas (or fre-
quency of analysig = fy/a). Due to this fact, the
computation complexity of WT in the non-uniform
sampling case considerably exceeds the complexity
of the uniform sampling case.

The time-frequency representation obtained by
(14), if level-crossing sampling is used, is demon-
strated in Fig.4. It shows the reduction of the temporal
resolution in the low frequency region and diminished
spectral resolution in the high frequency region. The
additional artifacts appear as well.
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3.3 Wigner-Villedistribution

Time- frequency analysis, based on the use of Wigner-
Ville function, is defined as

WVD(t, f)

- T (t—i— %) x* (t — %) exp(—j2m fr)dr

-/
(15)

It provides high-resolution representation in time and

in frequency for mono-component signals. However,

if the signal consists of several subcomponents, ad-
ditional interference or cross-terms appear due to the
guadratic nature of kernel and non-linear properties
of it. In order to mitigate this deleterious effect, a va-

riety of modified kernels have been introduced. One
way to remove the interference is by smoothing the
time-frequency plane, but this will be at the expense
of decreased resolution in both time, and frequency.
A promising approach of how to suppress cross-terms

oo

and improve resolution is the use of signal-dependent

kernels (Baraniuk and Jones, 1993).
A discrete form of the Wigner-Ville distribution
(WVD) can be expressed as

TFRWVD (/{ m)

Z (k/2Q +t,)z* (k/2Q —t,)  (16)

-exp(—jdnt,m/O)|.

The necessity of knowing signal values at time in-

stantst + ¢, and7 — ¢, forall n = 1, N leads

to the fact that the expression (16) can be used only
for uniform and specifically regular sampling series.

Therefore it is impossible to use the WVD approach
for processing data captured by the level-crossings.

4 ENHANCEMENTSOF DFT

It can be concluded from the discussion above, that
the most useful approach for practical applications

using the level-crossing sampling is based on STFT. considered as being equal to zero. Taking into account

level. This information can be exploited in the pro-

cessing. The proposed idea is to minimize the error
between the or|g|nal signal and that reconstructed by
the Fourier series, not only at sampling time instants,

but also between them with the same accuracy. The

problem lies in the fact that the reconstruction error
can be obtained only at the time moments in which
the signal samples are known.

Basing on the Fourier series the signal waveform

can be reconstructed from its spectral estimates by the

following formula
= Z Xm exp(j27thm)7 te [07 6]1

(17)

where X,,, are Fourier coefficients at frequencies
fm = m/©. If the original continues-time signal is
x(t), the reconstruction error is

e(t) = =(t) — (1), (18)
and the following minimization task
e
/ |le(t))? dt — min (19)
0

can be established on the understandings, that the sig
nal values are known only at sampling points, and the
reconstructed signal is defined by (17). The problem
(19) has to be resolved with respect to the coefficients
{Xm}. Two approaches can be considered: the first
one is based on setting up the continuous time sig-
nal by interpolation of known samples, while the sec-

ond approach, which minimizes the continuous time

reconstruction error, is based on the interpolation of
error samples.

4.1 Signal interpolation
If signal samples{z,,} are interpolated within the

time interval[0, ©], the problem (19) can be rewrit-

ten as
e
/ z(t) — ZXm exp(j2ntfy)| dt — min,
0 m
(20)

wherez(t) is the interpolated signal. To find the min-
imum, all the individual derivatives oX,,, have to be

2

However it has to be enhanced and adjusted to thethat {exp(j27ft)} is a set of orthogonal functions

LCS to suppress the presence of spurious compo-

nents.

The key operation of discrete STFT is the DFT notes that signal samples are interpolated) estimation

algorithm, which is applied to the windowed signal

samples. Thus the STFT enhancement can be reduced

to the development of DFT-like methods, which take
into account LCS features. The level-crossing sam-

into interval [0, ©] if frequenciesf,, = m/0O, after
some algebra the following formula faf\" () de-

can be obtained:

Xm__/

t) exp(—j2mt fo,)dt (22)

pling principle provides not only samples at certain The expression (21) is similar to the formula for the

events, but also the rule that the signal between two
sampling instants does not cross any quantization

174
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Signal interpolation can easily be done by connect- 4.2 Error inter p0| ation
ing the samples with polynomiag (¢) of orderk as
(t) = 3, pi(t), or a band-limited mterpolation can Like the interpolation of signal samples, the
be performed using a sum of time-shifted sinc func- continuous-time reconstruction error functigitt)
tions. can be constructed from its valugs = z,, — ,,, and
If signal samples are interpolated with zero-order the problem (19) can be interpreted as minimization
polynomials (piece-wise constant line changing value 4t 5rea under the functiod(t)|”.

at midpoints between samples): Using zero-order polynomial interpolation the min-
tnttnin imization task becomes:
X(mO) = Z T /tnﬁ exp(j27 fint)dt N 2
Z Tn — Z X0 exp (527 frntn)| At — min.
(22) n=1 m
Z T xXp(J27 fintn) (27)
27Tfm n=1 After the derivation and some algebra the solution can
(1 = exp(—j2m fmALL)), be expressed in the matrix form:
whereAt!, = (t,11 —tn_1)/2,to = 0,tx11 = O. X0 — wx(e@T) !, (28)
For piece-wise linear interpolation the polynomial ,
ph(t) = an(t — t,) + z, can be used, where, = v;hef?@m = exp(j27 fntn), Ymn = GmnAt'n, and
Az [Aty, Az = 20 — 21, Aty = ty — ty_1 -+, -7+ denotes the transpose and inverse operation of
which giCés: " nooTnm e matrix respectively.

The first-order polynomial interpolation of error
samples provides the problem, which looks like a sum

XD = x50 4 —— (27rf Z 0 €xp(j27 frtn) of two zero-order interpolation tasks:
1 N—-1 N
2 2 .
(1 — exp(—j2m frn Aty) Z an Aty ) <Z len|” Aty + Z len] Atn—1)> — min.
2 .fm ne—1 n=1 n= (29)
- exp(j27 fintn) exp(—j2m fn Aty). 23 The solution is similar to the expression (28):

x(el) — (‘I’/X/ + \Ifllxll)(‘l)l‘I’IT + ‘I)H‘I’”T)_l,
(30)
where &', ¥/, x’ and ®”, ¥, x” matrices are

K . . aaaea——
~(sinc . formed from®, ¥, x by usingindexeg’ = 1, N — 1
() =3 osind2Qt — k). (24)  andn’ — 2, N respeciively.

k=0

In this case DFT transform gives:

Band-limited interpolation of samples can be de-
scribed as:

} K 5 PROPOSED APPROACH
XMl = e exp(—jmfmk/Q),  (25)

k=0 The proposed approach is based on the same time
wherec;, are coefficients that can be found from a lin-  windowing principle as in the STFT case. How-
ear equation system ever, instead of general DFT more sophisticated meth-

ods are used, which have been described in the Sec-
. tion 4. Enhanced algorithms have increased mathe-
In = Z crSing20t, — k). (26) matical complexity, particularly the error interpola-
= tion case, because the solving of linear system with
Such an approach, besides the complexity of DFT, N equations and/ unknowns is required M rep-
also requires the solution of linear system with resents a number of frequencies in the Fourier series.
equations and witli’ + 1 unknowns. Interpolationby  The equation system can be solved correctly, if the
sinc functions can be effectively done for the station- number of samples is equal or greater than the number
ary signal and if the gaps between samples do not ex-of frequencies. The greater tA& M ratio, the higher
ceedl/29. In this case the appropriate width of func- the stability of the solution. It has been shown, that,
tion can be fixed. However, for the non-stationary sig- using the level-crossing sampling approach, the num-
nal, the sinc functions should be stretched and time- ber of samples depends on the signal properties. Rela-
shifted in accordance with instantaneous signal band-tionships between the local sampling density and the
width and local sampling density. instantaneous upper spectral frequency of signal have
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been derived. Performing the time-frequency analy-
sis, these interdependencies can be exploited from an
other point of view. The bandwidth of analysis can
be limited using information about the local sampling
density. The number of frequencies, as well as the
dimensions of matrices vary with the time. For simu-
lations, which will follow in the next section, the anal-
ysis bandwidth is selected as a minimum value of two ‘ , ‘ ! !
frequencies: total bandwidt or highest signal fre- 50 100 150 200 250
guency estimated from the sampling density: Normalized time

Nu(t) On O 31 Figure 5: STFT approach in combination with zero-order
2RAT,, T3, ’ (31) interpolation of sighal samples (dashed line shows inatant

neous bandwidth estimate from local sampling density).
where N, (t) is the number of signal samples in the

o o
w s

o @
o N

Normalized frequency

o

Qu(t) = min <

time interval with lengthl’,, andQ2» is necessary to 0.5

ensure the coverage of actual signal bandwidth. The &,

frequencies of analysis aifg, = m/0 : || < Qa. el
£0.3
E 0.2

6 SIMULATION RESULTS E0.1]
=z

o

The computer simulation has been carried out to :
demonstrate the performance of approaches, which 50 100150
have been developed for time-frequency analysis of Normalized time

data captured by level-crossings. As a test-signal Figure 6: STFT approach in combination with zero-order

a chirp has begn_sglected, Whi(?h in the first half interpolation of error samples (dashed line shows instanta
of observation diminishes from middle frequency to neous bandwidth estimate from local sampling density).

low frequency region (down to the normalized fre-

200 250

guency0.05), while in the second half rises back to 0.5
the normalized frequendy.25. Seven quantization S04
levels have been placed equidistantly to cover the in- &
put range of the test-signal. The observation time is ~ go3
O = 256, and536 samples in total are obtained. 2
Time-frequency representations calculated by 52
STFT and WT approaches have been already il- £ o
lustrated in the Section 3 (see Fig.3 and Fig.4). =

o

Let us inspect the enhanced algorithms, which are
based on interpolation (expressions (22) and (23)).
Fig.5 shows TFR obtained in the case, where time
windowed test-signal samples are interpolated by Figure 7: TFR of test-signal if approach of varying the
zero-order polynomials. The spurious components range of analysis is used.

are attenuated, however the presence of them is still

observable. If the first-order polynomials are used

for interpolation, the result is slightly improved, but matrix inversion quality and leads to the appearance
the complexity of calculations is higher. Fig.6 shows of artifacts. The use of interpolation by first-order
time-frequency representation of test-signal if error polynomials does not have an impact on this effect.
samples are interpolated by zero-order polynomi- To improve the quality of TFR in the region, where
als (28). The spurious harmonics are completely sampling density is low, the bandwidth of analysis has
suppressed, however other artifacts are observablebeen cut down according to the expression (31). The
in the time region, where the frequency of chirp estimated bandwidth of signal is illustrated in Fig.6
is low. Reduction of the instantaneous frequency and Fig.5 by dashed line€2( = 0.1). The coher-
results in the decreasing of local sampling density. ence between the sampling density of a signal and
As the grid of temporal analysis and length of time the frequency range of an analysis gives several ben-
window w(t) are fixed, the number of the significant efits - the stability of the algorithm is increased, the
samples can fall below the number of frequencies complexity of calculations is decreased and the pres-
of analysis. Such a situation causes the problem of ence of artifacts is eliminated. Fig.7 demonstrates the

50 100 150 200 250
Normalized time
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time-frequency representation obtained by the algo- 05

rithm based on the expression (28) in the case, where 204

the number of analysis frequencies are varied accord- 3

ing to the sampling density. The chirp can be tracked  £03

without any presence of artifacts. E 02 b
®©
€01
2

o

7 CONCLUSION 50 100 150 200 250
Normalized time

The processing of non-stationary signal using level- . o

crossing sampling approach has been investigated.':'gl!re 8: TFR of test-signal if signal-dependent transfor-

On the one hand, such a sampling strategy provides™ation is used.

several interesting properties - signal to quantization

noise ratio does not depend on the number of quan-the illustration. The increased resolution is achieved

tization bits, local sampling density reflects the in- by adapting the transformation functions to the local

stantaneous bandwidth of signal, etc. On the other spectral characteristics of the signal. As it is being

hand, the captured samples are placed non-uniformlydone in an iterative way, the mathematical complex-

and that requires rethinking of the processing method- ity is higher than for STFT based algorithms.

ology. The classical approaches of time-frequency The proposed approach of processing non-

analysis have been discussed. Time-frequency repre-stationary signals using level-crossing sampling is

sentations have been obtained using general forms ofattractive for clock-less designs, which are now re-

them, which are suitable also for processing of non- ceiving increasing interest. Their advantages can play

uniformly sampled signals. The simulation shows a significant role in future electronics’ development.

that the main drawback of STFT is the appearance of

spurious components, while wavelet transform gives

low spectral resolution at high frequencies and low

temporal resolution at low frequencies. REFERENCES
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On Discrete Wigner-Ville distribution in nonuniform sampling case

Modris Greitans
Institute of Electronics and Computer Science, LATVIA
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Extended abstract

The signals of practical interest are typically non-
stationary. It means that their statistical character-
istics are changing with time. The spectral nature
of such signals can not be illustrated by a function,
which depends only on one argument — frequency. In-
stead, the non-stationary signal has to be illustrated
by a joint time-frequency representation (TFR) [1].

The classical method for analyzing non-stationary
signals is short-time Fourier transform (STFT). How-
ever, the problem with the STFT lies in the inverse
relation between the time and frequency resolutions.
Extension of the window’s length improves the fre-
quency resolution but worsens the temporal selectiv-
ity. To overcome these difficulties with the resolution
limitation, several alternative time-frequency analy-
sis approaches have been developed. The two most
popular of them are a wavelet transform (WT) and
a Wigner-Ville distribution (WVD) [2, 3].

If the processing of signals is performed in a digi-
tal way, the non-stationary nature of signal can pro-
duce non-uniformity in the sampling process. That
necessitates the estimation of time-frequency repre-
sentation from a set of non-equidistantly spaced sam-
ples. Typically, the discrete versions of classical time-
frequency analysis methods assume the uniformity in
sampling procedure, however there are also exten-
sions of discrete STFT and discrete WT for non-
uniformly sampled signal case [4]. The situation with
WVD is different due to the specific form of this
transformation. Even in a uniform sampling case,
which is well covered in literature [5, 6, 7], the discrete
WVD used to produce results corrupted by aliasing,
if the signal to be analyzed, is not analytic. The ex-

tensions of discrete Wigner-Ville distribution for the
case, where non-equidistantly spaced signal samples
are processed, has not been studied in depth.

For continuous time and frequency variables the
Wigner-Ville distribution for signal x(t) is defined as

w.e.n)= |

— 00

oo

x(t+71/2)x* (t—7/2) exp(—j2m f7)dT.
(1)

The main advantage of WVD is high spectral and
temporal resolutions of time-frequency representa-
tion. The drawback, due to its quadratic kernel and
nonlinearity property, is an appearance of additional
cross-terms if the signal contains several components.
The necessity of knowing signal values z(t+7/2) and
x(t — 7/2) at selected time moment of analysis leads
to an opportunity to directly extend the expression
(1) for discrete time signals only if samples are spaced
equidistantly or in a specifically regular way.

The paper proposes and discusses several ways
of obtaining WVD-based time-frequency representa-
tions of signal from its arbitrarily spaced samples
{z(ts)}. The simplest approach is to ignore the non-
uniformity of sampling flow and relocate the signal
samples on a uniform grid assuming z(n) = z(ty,).
Such simplification allows the use of the standard for-
mulation of discrete WVD:

5 N2
W(n/fs,f):f— Z z(n+k)x*(n —k)
S k=—N/2+1

-exp(—janf(n/fs). (2)

The second extension is based on the idea of resam-
pling the signal from a non-uniform grid to a uniform
one on the basis of a pair of direct and inverse dis-
crete transformations. As an example, the General



DFT and IDFT can be taken. Also in this case, af-
ter re-sampling from non-uniformly spaced samples
{z(t,)} to uniform spaced {z(n)} the calculation of
the TFR can be based on the expression (2).

More advanced methods can be derived if the tech-
nique of signal interpolation is involved. The interpo-
lated signal Z(t) can easily be obtained by connecting
the samples with polynomials p¥ (¢) of the order k as
z(t) =3, ph(t), or a band-limited interpolation can
be performed using a sum of time-shifted sinc func-
tions. After signal interpolation, the TFR can be
obtained on the basis of the equation (1) using sub-
stitution z(t) = Z(¢).

A different way of building the algorithm for WVD
calculation is based on the idea of remapping infor-
mation about the signal from the ¢ to the 7 argument.
It means that in a new representation the signal is de-
fined by values 7Ty, =ty —tn and Ymn = TmTn. The
WVD is calculated by applying Fourier transform to
the values located in the fixed surrounding interval
of the time moments of analysis.

The performance of the proposed methods is
demonstrated by computer simulations. The chirp
with the time-varying amplitude is chosen as a test-
signal. Time-Frequency representations obtained by
the different approaches for calculation of the discrete
Wigner-Ville distribution are illustrated. Results are
compared at different sampling densities.

CONCLUSIONS. The various extensions of
Wigner-Ville distribution are discussed for estimat-
ing time-frequency representation of discretesignal in
the case of arbitrary spaced samples. They differ with
their complexity and with the quality of results.

The simplest way - to ignore the non-uniformities
in sampling flow and relocate the samples on a uni-
form grid, typically leads to the distortion of TFR.
Distortion becomes particularly significant in cases
when non-uniformity of sampling flow is considerable
or when the sampling period after ”uni-formatting”
is higher than is required by the Nyquist criterion.

The signal re-sampling approach, which is based
on the use of direct and inverse transforms, provides
improved result. The "new” sampling grid is uni-
form and it is formed taking into account the highest
spectral frequency in the signal. Problems arise if
the number of "new”, uniformly spaced samples is

greater than the number of original samples.

More advanced result can be obtained if the sig-
nal interpolation is performed before calculation of
WVD. Such approach increases the complexity of the
algorithms. In this case, to obtain the TFR without
artifacts, the time intervals of the original sampling
flow have to comply with the Nyquist limit.

The proposed approach based on the remapping of
signal samples from the time to the time difference
domain is noticeable. It can be quite successfully
used also in cases where the signal is sampled non-
uniformly with a lower density than it is required by
the Nyquist criterion.
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Abstract

Commonly used analog-to-digital converters sample
signals uniformly. The sampling rate is determined
by maximal frequency in signal spectrum. In the gen-
eral case the spectral content of the majority of sig-
nals encountered in our everyday life changes over
time. The main idea behind level-crossing sampling
is to take advantage of the characteristics of the in-
put signal in order to minimize activity, power con-
sumption and hardware complexity of the circuit that
performs the digitizing [1].

For level-crossing sampling quantization levels are
uniformly disposed along the amplitude range of the
signal. A sample is captured only when the analog
input signal crosses one of these levels. This means
that in general samples are not uniformly spaced out
in time and the sampling density depends on the sig-
nal’s local properties. The amplitude of the captured
sample is precise, but the time elapsed since the pre-
vious sample is measured by a local timer. The pa-
per describes the process of reconstructing the signal
waveform using its level-crossing samples.

Several signal reconstruction methods are devel-
oped for non-uniform sampling case [2], [3], [4]. The
use of them typically limits the maximal length of
the gaps between the sampling points. Simple it-
erative reconstruction algorithms are based on ap-
proximating methods that use families of functions
called partitions of unity [5]. The idea is to inter-
polate the sampled bandlimited signal and filter it
in order to remove high frequencies outside the origi-

nal signal bandwidth. Further the difference between
the original sampling values and those of the previ-
ous approximation is used and an additive correction
is generated, which leads to improved approximation.
Using the partition of unity consisting of the triangu-
lar functions (well suited for level-crossing samples)
leads to a piecewise linear interpolation of the signal.
It is proved that if the maximal gap of the sampling
set doesn’t exceed the Nyquist criterion, then every
bandlimited signal can be completely reconstructed
from its sampling values iteratively using an ideal fil-
ter [5]. If the signal is sampled by level-crossings
the maximal gap can exceed the Nyquist criterion
depending on the signal’s local properties and the
number of quantization levels, making an exact re-
construction impossible. To overcome this obstacle,
information about the signal’s local sampling density,
which is provided by level-crossings, is used.

As an example the signal with time varying spec-
tral content is discussed. Performing a Fourier trans-
form on such a signal multiplied by a window func-
tion, which is nonzero for only a short period of time,
allows the determination of the local maximal fre-
quency in the signal spectrum during this time inter-
val. To estimate the global maximal frequency the
length of the window function has to be equal to the
duration time of the signal. Obviously the local max-
imal frequency can not exceed the global maximal
frequency. Therefore iterative signal reconstruction
in a local time interval is possible even if the maxi-
mal gap between the sampling points in this interval



exceeds the Nyquist criterion for the whole of the
duration of the signal. To reconstruct the signal suc-
cessfully the local maximal gap should not exceed the
local Nyquist criterion, and a filter with correspond-
ing bandwidth has to be used. The problem is to
estimate the local maximal frequency using informa-
tion about sampling moments in order to determine
the local filter bandwidth.

For uniform sampling a reconstruction filter band-
width can be determined from the signal sampling
rate, because it corresponds to the maximal fre-
quency in the signal spectrum. A similar approach
can be used for estimating the local filter bandwidth.
A defined number of successive samples is selected
and the average sampling density for this time in-
terval is calculated. In order to reduce the influence
of big differences between the lengths of the gaps,
they are sorted in ascending order and only the val-
ues from the middle part are used to estimate the
average sampling density. Thereafter, a local filter
bandwidth for a chosen time interval can be esti-
mated on the basis of the sampling density obtained.
Where the signal changes slowly, a small number of
samples are captured and an average sampling den-
sity is lower making the filter bandwidth narrower.
To improve the localization properties of complete
reconstruction, the proposed algorithm uses the car-
dinal splines of the third order instead of a slowly
decreasing sinc-function, which corresponds to ideal
filtering.

The performance of the proposed algorithm is
demonstrated on the basis of two different test-
signals. The first one is a chirp with constant am-
plitude, while the second is a chirp with time varying
amplitude. The results obtained by the iterative re-
construction using spline filters with adapting band-
widths show that the proposed method is quite suc-
cessful. In addition to good accuracy, it offers fast
reconstruction of the signal since the cardinal spline
filter impulse response has to be calculated only once.
To ensure even better results, it is worth developing
more precise filter bandwidth estimation methods in
the future. Speech signal processing can be cited as
one of the potential application areas of the proposed
algorithm. The level-crossing sampling technique re-
duces the number of samples and leads to effective

signal coding approaches.
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