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Projekta otra etapa izpildes pamatojums un kopsavilkums

Valsts pétijumu programmas mérkis ir veidot Latvijas informatikas industrijas zinatnisko
bazi, dot butisku ieguldijumu (pétijjumus un izstrades) jaunako informacijas tehnologiju
radiSana, attisttba un pieméroSana Latvijas vajadzibam, sagatavot augstakas kvalifikacijas
specialistus un iepludinat tos Latvijas IT darba tirgii, kapinat Latvijas IT industrijas
konkur&tsp&ju pasaules tirgl, izstradat valsts nozimes informatizacijas projektu zinatnisko
pamatu bitisku tautsaimniecibas problému risinasanai, palielinat Latvijas zinatnieku
konkurétsp&ju ES projektu izciniSana IT joma.
Projekta mérkis ir originalu signalu diskrétas apstrades panémienu izveide un to darbibas
izpéte, kas integracija ar modernam elektroniskam tehnologijam dod iespéjas rast aktualu IT
problému risindjumus un Jauj veidot uz zinatpu ietilpibas rékina konkur€tsp&jigas
elektroniskas iekartas.
Projekta 2. etapa ,,Darba uzdevuma” definétie uzdevumi:
1. Limenu-§kérsojumu analogs-ciparu parveidotaju (LS-ACP) ipasibu analize, un §ada veida
parveidotu signalu rekonstrukcijas panémienu izstrade.
2. Nestacionaru signalu apstrades beztakt€taja sisttmas modela izveide, un iegiito ciparu
signalu laika-frekvencu raksturosanas datorprogrammu izveide.
3. DASP teorijas un uz tas bazes veidotu virtualo instrumentu attistiSana, radot DFT-veidigus
parveidojumus, kas atbilstu un nemtu véra neregulari izvietotas nolases (taja skaita iegiitas ar
Itmenu-skeérsosanas diskretizaciju).
4. Jaunradito datu apstrades panémienu realizacijas asinhronas elektronikas sistémas un/vai
mikroprocesoros iesp&ju izpéte.
5. Izpildes laika iegiitos rezultatus prezent&t starptautiskas zinatniskas konferenc€s un
publicét LZP saraksta ieklautajos zinatniskajos Zurnalos (izdevumos).
Projekta 2. etapa definéto uzdevumu izpildes rezultati:

1. Paveiktos darbus un 1.uzdevuma izpildes rezultatus nosaciti var iedalit divas grupas:
1) limenu-skérsojuma analogs-ciparu parveidotaja ipaSibas; 2) rekonstrukcija no signala
nolas€m, kas iegiitas ar §ada veida ACP. Attieciba uz pirmo dalu ir veikta Itmenu-skérsojuma
ACP 1paSibu padzilinata analize. Paradits, kada veida Sada tipa parveidojuma signals-
(kvant@sanas)troksnis attieciba ir atkariga no ieejas signala statistiskajiem parametriem un no
Iimenu-skérsojuma laika momentu fiks€Sanas precizitates, kuru uzlabojot iesp&jams attiecigi
palielinat sasniedzamo SkTA. legiitas izteiksmes, kas saista limenu-skérsojuma ACP veidoto
nolasu blivumu ar signala spektralajam pasibam divu veida signalu gadijumos: sinusoidals
signals, frekvencu josla ierobezots Gausa troksnis ar konstantu jaudas spektralo blivumu.
Paraditas iesp&jas novertét laika intervalus starp signala nolasém sinusoidalam signalam un
laika intervalu robezas vispariga signala gadijuma. legiitie rezultati prezentéti konference
“Electronics'2006” (Kauna, Lietuva), izmantoti publikacijai, kas akceptéta prezentacijai
konferencé ,,Signal processing and multimedia applications SIGMAP'06” (Setubala,
Portugale). To zinatniska un tautsaimnieciska nozimiba raksturojas ar faktu, ka iepazistot un
apzinot LS-ACP ipasibas, tiek palielinata to praktisko pielietojumu iesp&jamiba, kas nozimé
biitisku soli uz beztaktetaja elektronisko risinajumu veidosanu.
Attieciba uz 1. uzdevuma otro dalu ir izpétitas signala rekonstrukcijas iesp&jas no ta Iimenu
Skérsojuma notikuma nolaseém. Aplikota un modeléta (izstradata datorprogrammu kopa)
literatura atrodamo (sinc, splainu un dazada paveida iterativo (Voronova, lineara, Marvasti,
adaptivo svaru)) metozu, kas raditas apzinati neregulari diskretiz€tu signalu atjaunoSanai,
darbiba. Piedavatas originalas rekonstrukcijas metodes, kas signala atjaunoSanu veic ar
uzlabotu sinc-funkciju palidzibu, kuru parametri (amplitida, nobide un merogosana) tiek
adaptéti lokaliem signala Itmenu Sk&rsojuma notikumu laika momentiem. Apskatiti divi
gadijumi — atjaunojosas funkcijas tiek veidotas ka simetriskas un ka asimetriskas. Jaunraditas
metodes ir pielagotas specifiskajam ar LS-ACP neregulari iegiito nolasu apstrades gadijumam
un Jauj uzlabot signalu rekonstrukcijas kvalitati. Iegiitie rezultati izmantoti R. Savela magistra
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darba, kas RTU ETF tika aizstavets ar vértejumu “teicami”. Izpildita uzdevuma zinatniska un
tautsaimnieciska nozimiba pamatojas ar to, ka signala rekonstrukcija ir viens no paSiem
fundamentalakiem uzdevumiem signalu apstradg€, jo péc korektas signalu rekonstrukcijas ir
iesp&jams analizei pielietot praktiski visus citus zinamos panemienus. Pieméram, konkréta
gadijuma ir iespgjams LS-ACP nevienm@rigi izvietotas nolases transformét uz klasisko ACP
nolasu kopu, un tad veikt apstradi ar zinamam, vienmérigai diskretizacijai pielietojamam
metodém.
2. Izmantojot 1. etapa uzsaktas iestrades nevienmeérigi diskretiz€tu nestacionaru signalu
apstradg, ir izveidots beztaktetaja sistemas modelis nestacionaru signalu apstradei, kas balstas
uz Iimenu-Sk&rsojuma analogs-ciparu parveidojuma principu datu ieguvei. Radita
datorprogrammu kopa, kas modele tris popularako nestacionaru signalu analizes pieeju
(Tssintervala Furjé transformacijas, vilniSanalizes un Vignera sadalijuma) darbibu, un veikti
petijumi to pielietojamibai [tmenu-skérsojuma nolaSu apstradei. legiti rezultati, kas parada
katra papemiena priekSrocibas un trikumus, tadejadi noradot virzienus turpmakiem
pétijumiem. Uzsaktas iestrades originalu panémienu izveidei, kas lautu Vignera sadalfjuma
pieeju izmantot LS-ACP datu laika-frekvendu reprezentaciju iegii$anai, jo tie$a veida &
pieeja ir izmantojama tikai vienmerigi diskretiz€tiem signaliem, un literatiira Iidz Sim nav
atrodami tas paplaSinaSanas veidi arTl nevienmérigas diskretizacijas gadijumam. legutie
rezultati izmantoti publikacijas sagatavoSanai, kura akceptéta prezentacijai konference
»dignal processing and multimedia applications SIGMAP'06” (Setubal, Portugale). To
zinatnisko un praktisko nozimibu nosaka fakts, ka realas dabas, piemé&ram, multimediju
signali p&c savas biitibas ir nestacionari. No tautsaimniecibas viedokla nozimiba ir potenciala
multimediju iekartu izstradé, taja skaita SoC (System on chip) tehnologija, kuras spé&tu
izmantot asinhrono elektronisko sist€ému prieksrocibas.
3. Paveiktos darbus un iegiitos rezultatus 3. uzdevuma izpild€ nosaciti var iedalit divas
grupas. Pirma attiecas uz DASP virtualo instrumentu attistiSanu, bet otra uz uzlabotu DFT-
veidigu algoritmu izstradi, kurus perspektiva var izmantot miné€tajos instrumentos. Attieciba
uz DASP teorijas balstitu virtualo instrumentu attistiSanu ir uzsaktas iestrades jaunas
paaudzes DASP virtualo instrumentu radiSanai, kas orientétos uz National Instruments
programmeésanas rika LabVIEW izmantoSanu. Ta ir grafiskas programmesanas vide, kura
veidotas instrumentu datorprogrammas gala lietotajs var viegli adaptét un papildinat
konkr&tu uzdevumu vajadzibam bez ipaSam programmeésanas zinasanam. Virtualo
instrumentu izveides sekmigumu nosaka tris aspekti:1) iesp&jas sadarbibai ar aparatiiras
portiem, 2) efektiva apstrades algoritmu implementacija un 3) erta vide lietotaja grafisko
interfeisu radiSanai. Ir izp&titas un praktiski apgutas iesp&jas LabVIEW sadarbibai ar
personala datora aparatiiras portiem un interfeisiem, izveidota programmatiira DASP
ciparotaja vadibai un kontrolei caur EPP interfeisu. Signalu apstrades implementgSanai ir
izveidoti pan€mieni no ciparotaja nolasito un apstradei paredzeto datu noformeésanai masivu
un matricu struktiiras, ka ar1 iegtita praktiska darba pieredze matricu un/vai masivu algebra
formaliz€tu algoritmu realizacijai LabVIEW bloku diagrammas. Izmantojot LabVIEW
piedavatas iespéjas lietotaju grafisko interfeisu veidoSanai, ir raditi instrumentu panelu
prototipi. Sis uzdevuma dalas izpildes laika iegiitie rezultati ir prezentéti konferencé
,Remote engineering and virtual instrumentation REV’06” (Maribova, Slovénija) un
publicéti konferences rakstos. To nozimiba varbiit ir mazak zinatniska, bet loti veértiga no
praktiska pielietojuma viedokla, jo parada principialas iesp&jas un veic iestrades jaunas
paaudzes DASP virtualo instrumentu veido$anai, kuru raZzoSana var biit interesanta Latvijas
IT industrijai.
Attieciba uz 3. uzdevuma otro dalu ir izstradata virkne DFT-veidigu parveidojumu, kas
padzilinati nem veéra signala nevienmérigi izvietotu nolasu laika momentus. Parveidojumu
rezultati pilniba atbilst DFT biitibai, kas nozimé to, ka tiem ir pielietojams inversais DFT
parveidojums signala atjaunoSanai laika prezentacija. Piedavato modifikaciju pamatideja ir
minimiz€t signala atjaunoSanas kliidu nemot véra ne tikai tas vértibas signala nolasu laika
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momentos, bet arT starp tiem ar tik pat lielu svarigumu. Lai to paveikti ir izveleti divi
risinajuma celi: 1) signala nolasu interpolacija, 2) atjaunosanas kltidas nolasu interpolacija.
legiitas izteiksmes gadijumiem, kad signals tiek interpol&ts ar nulltas kartas un pirmas kartas
polinomiem, ka ari, ja pielietota frekvencu josla ierobezota interpolacija ar sinc funkcijam.
Kltdas interpolacija aprakstita gadijumiem, kad to veic ar nulltas un pirmas kartas
polinomiem. Piedavatie algoritmi simul@ti, rezultati apkopoti un salidzinati, ja piedavatie
uzlabojumi ir pielietoti ar LS-ACP iegiitiem datiem. Iegiitie rezultati prezentéti konferencé
Electronics'2006” (Kauna, Lietuva) un publicéti zurnala ,,Electronics and Electrical
Engineering”. To zinatniskd nozimiba saistita ar faktu, ka wuzlabotas DFT-veidiga
parveidojuma izteiksmes padzilinati npem ve&ra nolaSu nevienm@rigumu un tada veida
kompensg neortogonalitasu raditos artifaktus. Potenciala tautsaimnieciska nozimiba ir saistita
ar pielietojumu apzinati un/vai neapzinati nevienmerigi diskretizetu datu apstrades sisteémas.

4. Turpinot jau pirmaja projekta etapa iesakto darbibu, kas vérsta uz jaunradito signalu

apstrades pieeju virzibu realizacijai praktiskas elektroniskas iekartas, $aja projekta etapa ir

izdalfjusSies divi galvenie novirzieni: 1) implementacija ar universalu mikroprocesoru
palidzibu un 2) implementacija ar specializ€to mikroshému palidzibu. Pirmaja novirziena ir
veikti darbi saistiba ar izpéti potencialiem ieguvumiem, ko var dot asinhrono
mikroprocesoru izmantoSana, Tpasu vertibu pieverSot energo ekonomiskumam. Ir izstradati
energijas patérina minimizacijas modeli un iegtiti rezultati, kas Jauj noveértét, ka izmantojot

asinhronu ACP un asinhronu datu apmainu ar mikroprocesoru ekonomija var bt aptuveni 5

reizes. Ir apkopoti jau pieejamo asinhrono mikroprocesoru raksturojumi un lietojuma

patnibas, ka arT apzinatas to energijas patérina taupisSanas iesp&jas. legitie rezultati dalgji
izmantoti publikacijai zurnala ,,Electronics and Electrical Engineering” un prezentacijai
konference ,,Electronics'2006” (Kauna, Lietuva). Paveiktais ir v€l tikai pasa sakuma faze un
ta zinatnisko un tautsaimniecisko nozimibu vairak radis darbu turpinajums nakamajos

etapos. Toméer ir jaatzimée, ka tas potencials ir arkartigi liels, jo var dod risinajumus kada

veida iesp&jams radit Tpasi maz t€r&josas iekartas, kas ir svarigi, gan mobilo iekartu darbibas

paildzinasanai starp uzladém, gan kosmosa, gan militaros pielietojumos.

Otra novirziena, kas saistits ar specializ€to mikroshému izveidi, ir turpinati pirma etapa
iesaktie petijumi un Cipu projekti, kas saistiti ar taisnsttra funkciju pielietoSanu elektroniska
aparatira reala-laika apstrades parveidojumos. Ir apskatits efekts, ko dod taisnstura funkciju
saméra veidosana péc amplitida vienmeériga sadalijuma principa. Ka praktiska pielietojuma
piemérs ir izveidots GSM signalu apstrades beztakttaja sistemas modelis. Izveidotas
datorprogrammas, kas simulé datu bitu parraidi. Sobrid ir iegiiti rezultati, kas parada sistémas
darbibu viena datu kanala raidiSanas gadijuma bez un ar aditiva trokSna klatbiitni. Rezultatu
nozimiba slépjas fakta, ka Sobrid&jie petijumi lauj izteikt pienémumu, ka pielietojot piedavato
sisttmas modeli bitu iesp&jams datu parraidi veikt ar Iidz pat vairaku simtu reizu lielaku
caurlaidibu, neka to nosaka esoSais GSM standarts. Tomer, lai objektivi novertétu risinajumu
praktisko pielietojamibu ir javeic papildus petijumi un modeléSana, ka nakamo etapu minot
vairaku kanalu vienlaicigas darbibas rezimu.

5. Projekta 2. etapa darba uzdevumu izpild€ iegiitie rezultati ir izmantoti sekojosu

publikaciju, magistra darba un konferencu prezentaciju veidosana:

1. M. Greitans, I. Homjakovs, Enhanced Digital Signal Processing of Signal-Dependently
Sampled Signals. ,,ELECTRONICS AND ELECTRICAL ENGINEERING”, ISSN
1392-1215, No. 4 (68), 2006 lpp. 9-14.

2. A. Baums, Energy consumption Optimisation In Hard Real-Time System CMOS
Processors. ,,ELECTRONICS AND ELECTRICAL ENGINEERING”, ISSN 1392-
1215, No. 4 (68), 2006, Ipp. 19-22.

3. M. Greitans, Virtual instrumentation in an extended frequency range using Digital Alias-

free Signal Processing. Proc. of International Remote Engineering Virtual Instrument
Symposium, ,,REV2006”, Maribor, Slovenia, 29-30. Junijs 2006.g. (published on CD).
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4. M. Greitans. Processing of Non-Stationary Signal Using Level-Crossing Sampling.
International Conferece on Signal Processing and Multimedia Applications,
»SIGMAP2006” Setubal, Portugale, 7-10. Augusts 2006.g. (akceptets konferencei).

5. R. Savelis, Signala laikformas atjaunoSana no limenu §kérsojuma notikumu nolasém.
Magistra darbs, RTU Elektronikas un telekomunikaciju fakultate, Radioelektronikas
institlits, Riga, 2006.g., 70.1pp.

6. M. Greitans, M. Kalbergs, Abilities and application of level-crossing sampling in digital
signal processing. Prezentacija konferencé ,,ELECTRONICS'2006, the 10™ international
conference”, Kaunas University of Technology, 24. Maijs, 2006.g.

Kopsavilkums: Projekts ir vérsts uz jaunu signalu apstrades panémienu radiSanu, kas
kopa ar modernajam elektroniskam tehnologijam piedavatu risinajumus uz zinatgu ietilpibas
rékina konkurétspejigu elektronisko iekartu razoSanai. Projekta pirmaja etapa tika uzsakti
pétjumi un veiktas iestrades, kuru pamata ir ideja 11dz$ingjas zinasanas un pieredzi DASP
(Digital Alias-free Signal Processing) signalu apstrades joma saistit ar beztaktétaja
elektronisko iekartu projekteésanas principiem. Tika apzinatas asinhronu elektronisko sistemu
prieksSrocibas — pazeminats energijas patérin$, samazinata siltuma izdaliSana, automatiska
adaptacija pie fizikalo apstaklu mainas, neliels elektromagnétiskais izstarojums u.c. Tacu, lai
signalu apstrades sisteémas varétu giit labumu no $tm prieksrocibam, ir nepiecieSams analogs-
ciparu parveidojumu vadit nevis ka klasiskaja gadijjuma ar taktsimpulsiem, bet gan ar pasu
signalu. Tas noved pie laika specifiski nevienmerigi izvietotam nolas€ém un prasa radit
atbilstoSas apstrades metodes. Pirmaja etapa tika apliikoti un modeléti veidi ka beztaktetaja
reZima iesp&jams veikt analogs-ciparu parveidojumus, kas otraja etapa ir turpinats padzilinati
izpetot Iimena-Skérsojuma diskretizacijas 1pasSibas. Pirmaja etapa tika apzinatas iesp&jas
iegiito signalu apstradei pielietot eso$as nevienmérigi diskretiz€tu signalu apstradei raditas
metodes, kas otraja etapa ir turpinats izp&tot rezultatus attieciba uz signalu rekonstrukciju. Ir
uzsaktas iestrades jaunu uzlaboti panémienu radiSanai, kas izmantojot apgiitas LS-ACP
Ipatnibas spetu uzlabot rekonstrukcijas kvalitati. Izstrades $aja virziena ir planots turpinat ari
nakamos etapos. leprieks€ja etapa notika darbs pie nevienmerigi diskretiz€tu nestacionaru
signalu analizes, kas $aja etapa ir turpinats pieverSoties gadijumam, ja ciparu signala nolases
tiek iegiitas ka Iimenu $kérsojuma notikumi. Saja joma pétijumu turpinajums biitu saistams ar
Vignera sadalijuma pieejas pielietojamibu nevienmérigi diskretiz€tam signalam.

Saméra liels akcents projekta ietvaros ir uz jaunradamo originalo ciparu signalu apstrades
panémienu saistibu ar to realizaciju praktiskos risinajumos. Pirmaja etapa tika uzsaktas
iestrades saisttba ar taisnstiira funkciju izmantoSanu un specializ€tu mikroshému
projektésanu. Sis novirziens ir turpinats otraja etapa ka pieméru izvéloties GSM signalu
parraides simul&Sanu. Papildus tam ir uzsakta darboSanas pie cita novirziena — vispargja
pielietojuma asinhronu mikroprocesoru izmantoSanas. Apzinati pieejamie procesoru
risindjumi un turpmakos etapos planots tos asinhroni saistit ar beztaktetaju ACP un $ada
veida veidot signalu apstrades mezglus. Ka atsevisks novirziens ir izcelams DASP virtualo
instrumentu attistiba, kura Saja etapa ir apgiiti tris sturakmeni sekmigai virtualo instrumentu
radisanai LabVIEW vidg: sadarbiba ar aparatiiras interfeisiem, signalu apstrades algoritmu
realizacija masivu un/vai matricu formul€juma, ka ari lietotaju grafisko interfeisu izveide.
Nakamajos etapos uz $o iestrazu pamata ir planots implementét jaunraditos algoritmus un
turpinat darbu uz praktisku instrumentu radisanu.

Konkrétais projekta otra etapa izpildes mérkis bija pirma etapa nosprausto ideju par
asinhrono sistému priekSrocibu un nevienmerigi diskretiz€tu signalu apstrades zinasanu
sakopoSanu jaunu konkur&tsp€jigu risinajumu izveidei virzit uz praktiski pielietojamu metozu
un algoritmu, ka arT implementacijas panémienu veidoSanu.

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

e legitas svarigako LS-ACP ipasibu demonstrgjosas izteiksmes,
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e Izveidota datorprogrammu kopa nevienmérigi diskretizétu signalu rekonstrukcijai ar
pazistamakam metodém.

e Piedavati uzlabojumi rekonstrukcijai ar sinc-funkcijam LS-ACP nola$u gadijumam.

e Izveidota datorprogrammu kopa nevienmérigi diskretiz€tu nestacionaru signalu laika-
frekvencu reprezentaciju iegtiSanai.

o Jegiitas uzlabotas izteiksmes DFT-veidigu parveidojumu veik$anai, kas padzilinati nem
veéra nolasu nevienmerigumu.

e Apgiti pan€mieni un izveidoti prototipi virtualo instrumentu izstradei LabVIEW vide.

e Izanaliz&tas iesp&jas un izveidoti modeli energijas taupigu datu apstrades sistému izveidei
uz visparéja pielietojuma mikroprocesoru bazes.

e Izveidots beztaktetaja sistemas modelis telekomunikacijas signalu apstradei ar potencialu
realizaciju specializétas mikrosheémas.

o [Etapa iegitie galvenie rezultati ir pieejami sesas publikacijas.

Saistiba ar projekta etapa iegiitiem rezultatiem ir un sagatavotas Cetras publikacijas un
zinots divas starptautiskas konferences, kuras nolasiti Cetri referati. Augusta ménesi notiks
veél viena prezentacija konference, kas veltita signalu apstradei un multimediju
pielietojumiem.

Apkopojot visu iepriek§ rakstito var apgalvot, ka projekta otrajam etapam nospraustie
uzdevumi ir pilniba izpilditi. Paveiktais darbs ir uzskatams no vienas puses ka sekmigs
turpindjums iepriek$¢ja etapa uzsaktam iestradém, bet no otras puses ka daudzsoloSas
iestrades turpmakiem pé€tjumiem un izstradém. Galvenie uzdevumiem nakamaja etapa
vajadzetu biit:

e Uzlabotu signala rekonstrukcijas panémienu izstrade, kas nem veéra analogs-ciparu
parveidojuma Tpatnibas.

e Nestacionaru signalu apstrades metozu attistiSana nevienmérigi diskretizétiem signaliem,
uzmanibu pieversot realu multimediju signalu analizei.

e Iespéju izpete signalapstrades algoritmu implementacijai LabVIEW vidé€ un to realizacija.

e Asinhronu datu apstrades sist€ému veidoSana uz mikroprocesoru un specializéto
mikroshému bazes.

Papildus atskait€ min€tajam ir jaatzimé ar1 fakts, ka projekta izpild€ ir iesaistijusies
vairaki jaunie specialisti. Tris no tiem ir diplométie inZenieri, kas turpina macibas RTU
elektronikas specialitates magistrattira, viens Sogad ar teicamu vertgjumu aizstavéja magistra
darbu, kura téma ir pilniba saistita ar §1 valsts pétijuma projekta nostadném. VEl viens
telekomunikaciju magistratiiras students tika iesaistits konkrétu uzdevumu risinasana saistiba
ar nestacionariem signaliem. Tas atbilst Valsts pétijumu programmas merkim par jaunu
augstas kvalifikacijas specialistu sagatavosanu. Pozitivi veértéjams ari fakts, ka magistru darba
témas tiek saistitas ar aktualu, miisdienigu problému izpéti.
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levads.

S atskaite ir veltita projekta otraja etapa paveiktajiem darbiem, kas ir likumsakarigs
turpindjums pirmaja etapa izvirzitam idejam ar mérki padarit tas tuvakas praktiskiem
pielietojumiem.

Galvenie darbu virzieni ir saistiti ar

e nolasu apstradi, kuras iegiitas ar Iimenu Skérsojuma analogs-ciparu parveidotaju, ka
vienu no pamatlidzekliem datu iegiiSanai prieks asinhronam sistémam (1.nodala),

e signalu laikformas atjaunosanu, ka vienu no fundamentalakiem uzdevumiem ciparu
signalu apstradé (2. nodala),

e nestaciondru signalu apstradi, jo redlie signali pec savas dabas tadi ir un ari
signalvaditi parveidojumi (piem., LS-ACP) labi adapt€jas S§im nosacijumam
(3. nodala),

e DASP teorijas un pan€mienu attistiSanu (4. nodala),

e iestradém ka jaunpiedavatos signalu apstrades panémienus var adaptét praktiskiem
pielietojumiem tris apaks$novirzienos:

0 virtualo instrumentu sistémas (5. nodala),
O iekartu veidoSana ar visparé€ja pielietojuma mikroprocesoriem (6. nodala),

0 iekartu veidoSana radot specializétas mikroshémas (7. nodala).
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1. Limenu-Skérsojuma analogs-ciparu parveidotaju ipasibu
analize

Iepriek$gja projekta etapa tika izveidots Itmenu-Skérsojosa analogs-ciparu parveidotaja
modelis MATLAB vide. Noskaidrotas Iimenu-$kérsojosa ACP prieksSrocibas un trikumi
salidzinajuma ar klasisko ACP. Turpinot iesakto darbu Sai projekta etapa ir izpétitas limenu-
Skérsojuma ACP galvenas ipaSibas: signals-kvantéSanas troksnis attieciba un kvant€Sanas
kludas sadalijums, nolasu blivums, laika intervali starp divam nolasém.

1.1. Signals-kvantésanas troksnis attieciba

Klasiskajiem ACP tiek izmantota sample-and-hold princips, p&c kura seko kvantéSanas
val noapaloSanas process. Ta ka ir ierobezots bitu skaits, tad nav iesp&ams izslégt
noapaloSanas klidu, tapec klasiskajiem ACP ir ieviests jédziens attieciba starp signala un
kvanteSanas trokSna jaudam (Signal-to-(quantization)Noise Ratio, SNR). Klasiskiem ACP
signals-kvant€Sanas troksnis attiecibu var noteikt ka [13]

SNR,, =1,76+6,02-n, (1.1)

kur n — ACP bitu skaits.

Ka var redzét péc formulas (1.1), tad klasiskaja ACP signals-kvant€Sanas troksnis
attieciba ir atkarigs tikai no ACP bitu skaita. Ja ir nepiecieSams uzlabot signals-kvantéSanas
troksnis attiecibu atliek tikai palielinat bitu skaitu.

Limenu-$kérsojuma analogs-ciparu parveidotaja gadijuma nolases tiek noteiktas tai laika
momenta, kad ieejas signals Skérso noteiktu Itmeni, tas ir, signala amplitiida ir zinama
precizi. Nemot véra to faktu, ka nolases atrodas dazados attalumos viena no otras, tad ir
nepiecieSams zinat nolases laika momentus. Praks€ laika momentus méra ar taimera
palidzibu, kuram ir noteikta precizitate 7j,, (Skat. Zim. 1.1).

x(?) 4
At
I, RN

N

| |
< S
TI aika

Zim. 1.1. Limenu-skérsojosa ACP darbibas princips.

t

Ka var redz&t Zim. 1.1. signals krusto limeni /; starp taimera laika momentiem, bet
nolasei tiek pieskirts tuvakais laika moments. Sads algoritms noved pie laika kliidas At, ka ar
signala izmainas d€] rodas amplitidas nobide Au. Signals-kvant€Sanas troksnis attieciba
limenu-skérsojuma ACP gadijuma ir [11]

SNR,, =10 log(? j + 2Olog(L), (1.2)

x' laika

10
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kur P, — ieejas signala jauda, P, — ieejas signala jaudas atvasinajums.

No formulas var redz€t, ka signals-kvant&Sanas troksnis nav atkarigs no bitu skaita, bet
gan no taimera precizitates un ieejas signala ipasibam. Lai uzlabotu signals-kvantéSanas
troksnis attiecibu ir nepiecieSams palielinat taimera precizitati.

Klasiska ACP gadijuma Iimenu kltidas sadalijums ir konstants, tas ir, klidas varbiitiba ir
vienlidz iesp&jama starp kvantéSanas limeniem (Skat. Zim. 1.2 a un b).

a) b)
Level error histogramm Level error histogramm
3.5 T 3.5
3 3
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2 2
2 )
e |
1.5 1.5
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c) d)
10 Distribution of quantization error 12 Quantization error hist
9l
sl 101
7
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g s 6

N
T
N

T ey R
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-ql2 0 a2 g2 0 q/2
quantization error quantization level

Zim. 1.2. a) klasiska ACP limenu kliidas sadalfjums troksnim. b) Itmenu kladas
sadalijums sinudoidalam signalam. ¢) limenu kltidas sadalijums troksSnveidigam signalam,
izmantojot l[imenu-SkérsojosSo ACP. d) Iimenu kludas sadalijums sinusoidalam signalam,
izmantojot [imenu-8k&rsojoso ACP.

Grafiki, kas att€loti zim&uma 1.2 ¢ un d ir iegiiti ar limenu-SkérsojosSo diskretizaciju. Ka
var redzet zim&juma 1.2.c, ka pie 0 vertibas, kur ir vismazaka kltidas varbutibas vertibas ir
lielakas un tuvojoties pusei no attaluma starp limeniem klidas varbiitiba samazinas.
Sinusoidala signala gadijuma (1.2.d zim.) kliida sadalas savadak Pie 0 varbiitiba ir mazaka un
uz abam pus€m ta vispirms palielinas un tikai tad samazinas.

Dota projekta otraja etapa ir apskatitas tikai Itmenu-Skérsojosa ACP 1paSibas, tad
turpmakais darbs ir paredzets So Tpasibu izmantosanai un detaliz&takai analizei.

11
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1.2. Nolasu blivums

Nolasu blivums spéle lielu lomu Itmenu-$kérsojosa ACP, jo tas ir atkarigs no signala
ipasSibam (Skat. zim. 1.3). Klasiskaja ACP gadijuma nolasu skaits nemainas atkariba no
diskretiz€ta signala frekvences, bet pielietojot Iimena-Skérsojoso diskretizaciju nolasu skaits
mainas atkariba no signala frekvences. Ja signals mainas straujak, tad nolases atrodas viena
otrai tuvak un otradi, ja signala frekvence ir zema, tad arT nolases atrodas viena no otras
lielaka attaluma.

Sample density over signal frequency
1800 T T T T T

1600 - q

1400 - 1

1200 - B

1000 - B

density, pts

800 - B
600 - B

400} 1

200+ ! [ B

0 0.05 0.1 015 02 025 03 035 04 045 05
frequency, Hz

Zim. 1.3. Nolasu blivums atkariba no signala frekvences klasiskajam ACP un Itmenu -
Skérsojosajam ACP.

Ta ka signala forma ir saistita ar signala spektralo saturu, tad izmantojot So 1pasSibu ir
iesp&jams noteikt signala momentano maksimalo frekvenci.
Ja ieeja ir sinusoidals signals

x(t) = A-sin(27f,t + ), (1.3)

kur 4 — signala amplitida, f) — signala frekvence, ¢ — laiks, ¢ — sakuma faze.
Nolasu blivumu var noteikt péc formulas

o=2R, f,, (1.4)

kur R, - dazado skérsoto Itmenu skaits.
Ka var redzet no formulas, tad nolasu blivums harmoniskam signalam ir nemainigs un ir
atkarigs tikai no signala augstakas frekvences un sk&rsoto Iimenu skaita.
Noteikt nolasu blivumu platjoslas signalam nav tik vienkarsi ka vienas harmoniskam
signalam. Analitiska cela ir izvestas formulas, kas nosaka nolasu blivumu signalam ar Gausa
sadaltjumu, kura vid&ja vertiba ir vienada ar nulli un nemainigu spektralo blivumu [12]

S fIL [,
X(f)={ | | " (1.5)
0 citur
Paredzamais /) limena Sk€rsojumu skaitu laika vieniba ir iesp&jams noteikt
2 —1;
Elo, |= 2o exp| ~h| (1.6)
B E I

12
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Lai noteikti nolasu bltvumu, ir nepiecieSams summgt visus kvantéSanas [imenus /;

E[O‘]= Zle' (1.7)

Turpmak tiks apskatitas dazas Iimenu-Skérsojosa ACP ipasibas. Ka vienu no pirmajam
1pasibam var minét nolaSu sadalijumu pa limeniem (Zim. 1.3).
a) b)
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Zim. 1.4. Nolasu blivuma sadalijums pa ITmeniem a) josla ierobezotam troksnim, b)
sinusoidalam signalam.

Zim&juma 1.4.a grafika ir att€lots nolasu blivuma sadalijums pa limeniem josla
ierobezotam troksnim. Nolases sadalas péc Gausa likuma, tas norada uz to, ka signals nav
periodisks. Paskatoties uz zim&umu 1.4.b, kura ir att€lots sinusoidals signals, nolasu blivuma
sadalfjums ir konstants, kas norada, ka signals Skérso visus limenus vienadu skaitu reizu.
Tatad signals ir periodisks.

1.3. Diskretizacijas laika intervali

Ka vel viens loti svarigs process, kas raksturo diskretizacijas procesu ir laika intervals
starp divam blakus nolasém

Atn = tn+1 _tn’ (18)

kur At, — laika intervals starp divam nolasém, 7,;; — nakosas nolases laika moments, ¢, —
pasreiz€jas nolases laika moments. Vid€jais nolasu laika intervals ir saistits ar nolasu blivumu

At =

n

(1.9)

1
g
Precizu attalumu starp divam nolasém A4, var noteikt analitiski priekS konkréta gadijuma.

Nemot par pamatu vienas harmonikas signalu (3) un ja signals Skérso limeni /; laika momenta
t, un Itmeni /; laika momenta ¢, ;, tad attalumu A¢, var aprékinat

13
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(1 B . lk_+l
(arcsm[z) arcsm( y D‘ (1.10)

Ekstrému tuvuma signals vienu un to pasu Iimeni Skérso divas reizes un attalums starp
nolasém ir

.
27,

1 T ‘lmin|max

At =—| ——arcsin
2

1.11
" (1.11)

Ja attalumu starp divam nolaseém Af#, nevar noteikt analitiski, tad augstako un zemako
laika intervalu robezas var noteikt balstoties uz signala parametriem. Minimalo attalumu var
noteikt ar

Ton 2 —Al‘“i,“ : (1.12)
max(|x' (1))

kur Alnin — minimalais attalums starp diviem kvant&Sanas ltmeniem, x’(z) — ir signala
pirmas kartas atvasinajums.

Gadijuma, kad signals skérso vienu un to paSu ltimeni divas reizes 7, var sasniegt nulli,
jo AI=0. Laika intervals starp divam nolasem Az, ir bezgaligs, jo Ilimenu-Skérsojosa
diskretizacija nevar kvantet signalu, kas atrodas starp diviem Itmeniem. Lai novérstu So
problému, attalumam starp kvantéSanas I[Tmeniem ir jabiit mazakiem neka signala amplitiida.

14
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2. Signala rekonstrukcija no limenu Skérsojuma notikuma
nolasém

Veicot signala limenu-Skérsojuma diskretizaciju, vispariga gadijuma iegust laika
nevienmerigi izvietotas signala nolases, kuru skaitu ietekmé& pasa signala 1pasibas — jo
straujak tas mainas, jo vairak nolasu. Signala rekonstrukcija ir pretgjs process diskretizacijai —
zinot signala nolases s(z,), n=0,1,...,N—1, tiek iegita ta sakotngja analoga forma s(¢).
Problémas biitiba ir izstradat metodes un algoritmus, kas Sos procesus realizg.

2.1. Eksistéjoso metozu izpéte, to trikumi un priekSrocibas

Lidz Sim jau publicétas signala atjaunoSanas metodes:
v’ Sinc funkciju metode,
v Splainu metode,
v' Tterativas signala atjauno$anas metodes:
= Voronova metode,
= Linearo funkciju metode,
=  Marvasti metode,
= Adaptivo koeficientu metode.

Sinc funkciju metode ir veidota signala atjaunoSanai no ta vienmerigi izvietotam
nolaseém. Saskana ar Sennona-Kotelpikova teorému visu informaciju par signalu ar

ierobezotu spektru f [0, f ] satur ta nolases, kas fiks€tas vienmérigi izvietotos laika

max

momentos ar soli 7 < , kur f_ .~ ir maksimala frekvence signala spektra[14].

max

Ierobezota skaita N nolasém, atjaunota signala izteiksme ir:

N-1
s(t) = ZS(nT)-sinc[%(t—nT)], @.1)
n=0
kur s(nT) - signala nolases, bet @, = 4xf,, . Izteiksmi (2.1) var visparinat un pielietot
nevienmérigas diskretizacijas gadijumam. Zinot signala s(¢#) nevienmérigi izvietotas nolases
s(t,), n=0,1,...,N -1, atjaunota signala izteiksmi raksta:

5(t) = Nis(tn) : sinc(%(f —t )j (2.2)

Ja s(z,) vieta izteiksmé (2.2) liek koeficientus D, , tad iegiist (2.1) otru visparinajumu,
kur D, tada gadijuma atrod, atrisinot linearu N vienadojumu sisteému, ko iegiist, ja izvirza
nosacijumu s(¢,) = 5(¢,).

Sinc funkciju metodes trikums ir tas, ka ta ir veidota vienmérigi diskretiz€ta signala
atjaunoSanai. P&c Iimenu-Skérsojuma principa diskretiz€ta signala nolases biezi vien bis

nevienmerigi izvietotas laika, tap&c atjaunotais signals biis nekorekts.

Splainu metode lidzigi sinc funkciju metodei ir veidota signala atjaunoSanai no ta
vienmerigi izvietotam nolaseém. Atjaunota signala izteiksme ierobezota skaita K nolasém:

15
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§6) =S S(KT) - (= kT, 2.3)

k=0

kur 7/(¢#) ir n-tas kartas pamat-splains[15]. Pieaugot pamat-splaina kartai n, tas sak
vairak Iidzinaties sinc funkcijai, un to galvena prieksrociba ir 1pasiba strauji norimt. Izteiksmi
(2.3) var visparinat un pielietot nevienmeérigas diskretizacijas gadijumam, lidzigi ka (2.2).
Atjaunota signala izteiksmi var rakstit:
K-1

()= s)n (t=1,), 24)

k=0

kur s(z,)vieta varétu likt arm koeficientus D,, kurus atrod, izvirzot nosacijumu

St =s(,).

Splainu metodes prieksrociba ir splainu Ipasiba strauji norimt, tapec atjaunota signala
momentano vertibu ietekm& mazaks skaits signala nolasu. Savukart trilkums ir tads, ka arT §1
metode ir veidota vienmerigi diskretizeta signala atjaunoSanai.

Iterativas signala atjaunoSanas metodes. Jebkuru frekvencu josla ierobezotu signalu
iespgjams atjaunot no ta nevienmeérigi izvietotam nolasém, ja maksimalais attalums 7,

starp divam nolasém neparsniedz Naikvista soli 7= ——— [16]. Signala atjaunoSana norit

pec iterativa algoritma. Zinot nepartraukta signala s(¢z) nolases s, =s(¢,), n=0,2,...,N -1,
tiek konstru€ts kontinuals aproksimacijas signals
s, ()= A[s, ], (2.5)

kur 4 apzimé aproksimacijas operatoru. Talak s, (¢) tiek filtréts, vajinot liekas spektra
komponentes, kas neieklaujas sakotngja signala s(¢) spektra. Filtra izejas signals (atjaunotais

signals p&c nulltas iteracijas)
So(y=T[s, (0] =11 4[s,]], (2.6)

kur IT apzimé projekcijas operatoru, no sakotngja atskirsies par &,(¢) =s(t)—5,(?),
turklat eksiste tads pozitivs koeficients ¢ < 1, kuram

s =3, < q-[s@)] 2.7
Ja talak aproksimacijas un projekcijas operatorus pielieto klidas signala nolasém, tad
atjaunotais signals péc m-tas iteracijas:

§,(0) =5, () +T[ 4[s, -5, ]], (2.8)

bet kltidas signals

Is) =3, 0] <g™"-Jst0). 29
pieaugot m, tiecas uz nulli, tapec
lims, (¢) = s(?) (2.10)
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Atkariba no ta, ka tiek konstruéts aproksimacijas signals (kads ir aproksimacijas
operators A4), izSkir dazadas signala atjaunoSanas metodes (2.1. zZim.), kas sava starpa atskiras
ar konvergences atrumu, aprékinu sarezgitibu un citiem parametriem[17].

5,().[¥] g, (£).[¥]
a) g : - by 1% )
N AN AA
ATATATELVAY
% f rf
0sk ,].] / . ! 05
At L.-!/ b {2 - -If . 5]
0 0 20 5 1] 0
5, (£).[F] 5. (1).[F]
c) 14 . " d) 24
D'51 o @ ]. o ¥ & b 1 ]
— *:J‘qh: . T* Al oty
osp V] : 1 J j
-1 - " I'If"[E] 5 ) ) ) fr[s]
0 10 20 30 “o 10 20 30

Zim. 2.1. Signala aproksimacija: a) Voronova, b) Linearo funkciju, c) Marvasti,
d) Adaptivo koeficientu metode

Voronova metodes gadijuma signalu aproksimé ar taisnstiirveida funkcijam. Linearo
funkciju metodes gadijjuma signals tiek aproksiméts ar taisn€m. Marvasti metodei
aproksimacijas signalu veido signala nolases, kas pareizinatas ar globalu relaksacijas
koeficientu, kur§ nosaka signala rekonstrukcijas algoritma konvergenci vai divergenci.
Adaptivo koeficientu metodei aproksimacijas signalu veido tas pasas signala nolases, tikai
katra no tam ir pareizinata ar tai atbilstoSu svara koeficientu, kuru nosaka attalums starp
blakus nolaseém.

[terativo metozu prieksrociba ir sp&ja veikt nevienmérigi diskretizeta signala precizu
atjaunoSanu. Ka trukums ir jamin ierobezojums attieciba uz maksimalo attalumu starp signala
nolasém, kas nedrikst parsniegt Naikvista soli. P&c limenu Sk&rsojuma principa diskretizétam
signalam attalums starp blakus nolasém var parsniegt Naikvista soli vairakas reizes.

2.2. Sinc funkcijas parametru adaptacija atbilstoSi lokalam nolasu
blivumam

Sinc funkciju metodes gadijuma atjaunota signala izteiksme ierobezota skaita N nolasém

bija:
N-1 )
§(t) = ZS(tn)-SinC(To(t—tn)j, (2.11)
n=0
kur lielumu w, = 2w, noteica signala spektra maksimala frekvence o, . Ja tagad

katrai signala nolasei piemekle savu sinc funkciju ar noteiktu svara koeficientu, galvenas
vales platumu un laika nobidi, tad atjaunota signala izteiksme biis:

N-1 )
s(t) = ZCn -sinc( 2"
n=0

' ) (2.12)
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kur parametru C,, @, un ¢ vertibas jaatrod ta, lai atjaunotais signals no sakotngja

atSkirtos péc iesp€jas mazak. Parastas un uzlabotas sinc funkciju metodes atsSkiribu var
noverot 2.2. Zim&uma, kura ilustréta signala rekonstrukcija no ta divam Itmenu-skérsojuma
nolasém.

al 1

05

t[s]

0 i 2 3 4
Zim.2.2. Signala rekonstrukcija ar a) parasto un b) uzlaboto sinc funkciju metodi

Ka redzams, tad uzlabotas sinc funkciju metodes gadijuma atjaunotais signals s, , () no
sakotngja s(¢) atskiras ar mazaku kltudu.

P&c limenu Skérsojuma principa diskretizeta signala nolasu skaitu ietekm& pasSa signala
ipaSibas — jo straujak tas mainas (augstaka frekvence), jo vairak nolaSu, tapéc logiski biitu
izteiksme (2.12) sinc funkciju parametru @, saistit ar lokalu signala nolasu blivumu, kuru,
vadoties péc 2.3. zim&juma, defin€sim:

2M . 2M

Pu )| ey iy =T vai py (1)), = (2.13)

tn+M T hn-m t)1+M _tn—M

kur 2M — véra pemamo nolasu skaits, kas izvietotas uz abam pusém no ¢/ .
- o ~ - - i
iy ) e L . L
Zim. 2.3. Signala nolasu laika momenti
Zinot p,,(t)), var aprékinat sinc funkciju parametru @, :

©, =21 p, (&) (2.14)

Atkariba no M iegiist dazadas @, vertibas, bet, lai saglabatu lokala nolaSu blivuma ideju,
Sim skaitlim nevajadz€tu biit parak lielam.
Simetrisku sinc funkciju amplitidu aprékins. VienkarSojot uzdevumu, pienem ¢/ =¢,
un izvirza nosacijumu $(¢,) = s(¢,) , no kura izriet:
c=Q".8, (2.15)
kur matrica C satur nezinamos koeficientus C,, matrica S satur signala nolaSu vertibas

s(t,) , bet € matricas i-tas rindas un m-tas kolonnas elements biis:

Q,, = sinc(w;_l (t. —t, . )j (2.16)

Nesimetrisku sinc funkciju amplitidu aprékins. Saja gadijuma matricas € i-tas
rindas un m-tas kolonnas elements biis divu sinc funkciju summa:
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— . a)(m_l)l . a)(m—l) r
Qi,m - a(m—l)l - smc 2 (ti—l - tmfl) + a(m—l)r - Smc 2 (tifl - tm—l) ’(2 17)

kur
1, jat<t 0, jat<t
g, =0 T e, =g (2.18)
0, jat>t, I, jat>t,
bet w,, un w,, atrod saskana ar (2.14), izmantojot lokalos nolaSu blivumus:
: M : M
le(tn) t=t, — ., > er(tn) d=t, — . (2.19)
tn - tn—M trH—M - tn
Sads funkciju summas piemérs ilustréts 2.4. Zimgjuma.
[ ]
"II:\'EE "ﬁ‘f’r
TN 0y ™ o~ o~ __f
vV T
£
i

]
Zim.2.4. Divu sinc funkciju summas piemers

Pamatojums $adai nesimetrisku sinc funkciju izvélei ir tads, ka nolasu blivums pa labi un
pa kreisi no ¢, var biit visai atSkirigs.

2.3. Metozu darbibas modelésana un salidzinosa analize

Kad ir apgutas metozu galvenas pamatidejas, var veikt signala atjaunos$anas simulaciju
MATLAB vide. Ka testa signals ir izvélets frekvences moduléts (FM) signals, kura frekvence
lineari pieaug no 0.05 Hz lidz 0.45 Hz. Pamatojums FM signalam ir tads, ka ta frekvence
laika mainas, tapéc mainas ari péc limenu skérsojuma principa iegito nolasu blivums. Testa
signals att€lots 2.5. zZim&juma, bet atjaunotais signals, kas iegiits ar simetrisku sinc funkciju
metodi, ir paradits 2.6. Zim&juma.

S g ) Ry
- )

1

15
0 10

5
-1

sl ;
0 100 200 -1 0.5 0 0s 1

Z1m.2.5. Testa frekvences moduléts signals s, (#) un tam atbilstoSais spektralais
blivums S(f)
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1] 100 200 ] 100 200

Zim.2.6. Atjaunotais signals §,,, (¢) un kluda &(¢) simetrisku sinc funkciju gadijuma

Veicot frekvences modul&ta signala atjaunoSanas simulaciju MATLAB vidé ar katru no
apskatitajam metodeém, iegiitie rezultati apkopoti tabula, bet to grafisks laika-kvalitates
ilustrgjums dots 2.7. Zimgjuma.

Tabula 2.1. Metozu rezultatu salidzinajums

|€(Z) max [V] 86f /SFM ef tmet. /tsinc.funkc.meL
Metode Lvd |[Avd |Lvd | Avd. [Lvd.| Avd.
Sinc funkciju 0.24 1.25 | 0.022 | 0.64 1 1

Uzlabota simetrisku sinc funkciju | 0.24 | 0.17 | 0.022 | 0.044 [12.67| 18.52
Uzlabota nesimetrisku sinc funkciju| 0.24 | 0.19 | 0.022 | 0.042 |15.84| 24.41

Splainu 058 | 1.04 | 0.14 | 049 | 9.8 | 10.26
Voronova 023 | 1.23 1 0.027 | 0.14 | 40 | 27.90
Linearo koeficientu 023 | 0.74 | 0.027 | 0.074 [39.96| 27.81
Marvasti 024 | 1.08 | 0.036 | 030 |22.51| 16.71
Adaptivo koeficientu 024 | 1.10 | 0.022 | 0.30 [22.62| 16.71

L.v.d. — laika vienmériga diskretizacija
A.v.d. — amplitiida vienmeériga diskretizacija

Metozu salidzinasanai tiek izmantotas kludas signala &(¢) = s, (t) — $p,, (¢) maksimalas
vértibas |¢(s)|  un efektivo vertibu attiecibas &,, /sy, kur s, =0.71V ir pasa FM
signala vidgja kvadratiska vertiba. Salidzinats tiek arT laiks, kas nepiecieSams atjaunota
signala aprékinam ar izvéléto metodi. Lai izvairitos no datora veiktspgjas ietekmes uz laika

novertejumu, tas tiek dots attieciba pret to laiku, kas nepiecieSams signala aprékinam ar sinc
funkciju metodi.

Eg | Tonaer Eg | Trag
016 - 0.7 S
* . . . . ..
E:; T Laikd vieravériza diskretizacija 0617 Amplitids vienredriza diskretizaciia
12 A 05 -
01 4 o
0.0% 4 -
0.0 <] ¢
004 ~ g .
0oz 4 * 4+ 01 4 .
0 T T T T \ i T T )
a 10 20 a0 40 A0 a 10 20 30
f’ue:r. "llf’six;\;ﬂuxkﬂ.ue:r. zm':r. f zsixﬂﬁx.ﬁr.ue:r.
# Sme fankeim # Uzlahoti nesimetrisla sine fankeipn & Voronowva
Splanm + Adaptivo koeficierm Lmeiro koeficientu

Uzlaboti simetrisla sine fimdooim # Marrasti
Zim. 2.7. Metozu laika-kvalitates novertejums
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Signala atjaunoSana ar visam metodém tika realiz&ta gan laika vienmérigi, gan amplituda
vienmerigi diskretiz€tam FM signalam. Visu Cetru iterativo metozu rezultats ir iegiits péc
devita cikla. Apliikojot 2.7. Zim&jumu, izriet $§adi secinajumi:

1)

2)

3)

4)

Visas apskatitas metodes ar vienlidz labu rezultatu lauj atjaunot vienmerigi
diskretizétu signalu, bitiski atSkiras tikai algoritmu izpildes laiki. Ar splainu metodi
iegiitais kluidas signals ir lielaks, kas skaidrojams ar parak zemas kartas pamat-splaina
izmantoSanu signala rekonstrukcija.

Vismazako signala atjaunoSanas klidu dod tiesi uzlabota sinc funkciju metode, kas to
padara visai interesantu no turpmako nakotnes petijumu viedokla.

Labs rezultats ir sasniegts ar linearo funkciju metodi, kas skaidrojams ar saméra
veiksmigu signala aproksimaciju no ta limenu-Skérsojuma nolasém nulltaja iteracija.
Tapéc biitu interesanti nakotné apskatit ari citus signala aproksimacijas panémienus,
piem€ram, izmantojot otras kartas polinomus. V&l pastav iesp€ja dazados ciklos
izmantot atSkirigus signala aproksimacijas panémienus.

Parasto sinc funkciju un B-splainu metodes tomér nav piemé&rojamas amplitiida
vienmerigi diskretizéta signala atjaunoSanai, jo kludas signals ir sam@rojams ar pasu
signalu.
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3. Nestacionaru signalu apstrades beztaktétaja sistémas
modelésSana

Klasiskais panémiens, ka parveidot nepartraukto signalu ciparu forma ir izdarit nolases
noteiktos laika momentos un péc tam nokod@t §1s nolases amplitiidas vertibu ar noteikto bitu
skaitu. Laika momenti ir novietoti pa laika ass vienmerigi, respektivi, starp visam nolasém ir
viens un tads pats attdlums, kuru sauc par diskretizacijas soli t. Lai realiz€tu signala
vienmerigo diskretizaciju ir vajadzigs pulkstenis, jeb taktetaja sistéma. Taktetaja sist€émas
klatbutne iericé pirmkart prasa saméra lielu energijas patérinu, kas nav ipas$i labi, ja ierice
darbojas autonoma rezima ar baterijas palidzibu, otrkart, ir vajadziga stabila un preciza
pulkstena darbiba. Cita pieeja ir izdarit nepartraukta signalu diskretizaciju nevienme&rigos
laika momentos. Viens no panémieniem, ka to var realiz&t ir [imenu-skérsojuma princips. Sis
princips tiek realizets beztaktetaja sistémas, jo nolase tiek nemta, laika momenta kad signals
sasniedz kadu ieprieks izv€leto vertibu, bet nevis takts impulsa pienakSanas bridi. Apskatisim
§1s darbibas principu.

3.1. Nestacionaru signalu analogs-ciparu parveidosana izmantojot
limenu-skérsojuma principu

Uz frekvences moduléta signala piemera apskatisim, ka notiek pargja no analoga
nestacionara signala uz signalu ciparu forma, kad nolases tika nemtas ar Iimenu-Sk&rsojuma
principu.

Misu izvéleta signala atkariba no laika var bt izteikta ar formulu

s(t) = cos(27(0.05+1)t) (3.1
Sakuma faze signalam s(z) ir nulle un amplitada ir 1.
Zim. 3.1. ir dots grafiks, kur ir paradits signals un izdaritas nolases. Ka redzams, nolases
ir novietotas nevienmérigi uz laika ass.

Zim. 3.1. Frekvencu moduléta signala nevienmeériga diskretizacija ar [imenu-skérsojuma
principu.
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3.2. Laika-frekvenéu reprezentaciju modelésana

Pec diskretizacijas mums ir nolaSu plisma, kura atbilst nestacionaram signalam,
respektivi, procesam ar laika mainigu spektralo blivumu. Lai iegiitu informaciju par diskréto
signalu mums ir japielieto kada no specialam signala transformacijam. Klasiska Furje
transformacija (nepartraukta un diskréta) ir viens no pamatinstrumentiem signala analizg, bet
ta nav pietiekoSi efektiva nestacionaru signalu apstrade, jo ir balstita uz stacionaritates
koncepta. Tapéc mes Seit pieversisim uzmanibu signala laika-frekvencu reprezentacijai, kura
raksturojas ar punktu kopumu laika-frekvencu plakné. Apskatisim tris klasiskos laika-
frekvencu reprezentacijas veidus: 1.1ssintervala Furjé transformacija, 2. vilniSanalize, 3.
Vignera sadalfjumu.

3.2.1. Issintervala Furjé transformacijas pieeja

Vesturiski pirmais piedavatais veids ka analiz€t nestacionarus signalus ir issintervala
Furje transformacija (STFT). Ta ir bazeta uz Furjé transformacijas. Pamatideja ir ievest laika
logu, kurs§ tiek bidits gar aplukoto signalu. Matematiska izteiksme $ai transformacijai ir
sekojosa [24, 25]

o0

STFT(t, ) = j x(0)W' (¢ — 7) exp(—j27f7)d T (3.2)

—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 :I,_N (N ir nolases
skaits laika intervala @), STFR var biit izteikta sekojosi [26]

il *[ k j — j2nt,m
D ox w1, |exp| ————
20 0

n=l1

STFT[k,m]|= (3.3)

kur, Q ir signala spektra platums un m nosaka vienmérigu soli frekvencu apgabala.
Pienemsim, ka miisu uzdevums ir parveidot ar STFT nevienmérigi diskretizétu frekvencu
modulétu kosinuss funkciju

0.2
s(t)=cos| 27| 0.05+—1 |t 3.4
© [ [ 256 j ] G
Par loga funkciju izvélamies “Hamminga” logu, kurs ir definéts sekojosi [25]

0.54—0.46 cos[ZﬂLj,O <n<T
7-1 (3.5)

w(n) =

0, citur

kur T ir loga garums. Veicot attiecigus aprékinus ir iegiiti sekojosi rezultati: Zim. 3.2. ir
paradits signals un nolases; Zim. 3.3. ir dots nevienmerigi diskréta signala spektrs un 3.4
attéla ir STFT nevienmérigi diskrétam signalam ar Itmena-Skérsojuma principu palidzibu.
Limenu-Skérsojuma analogs-ciparu parveidojumam ir izvéleéti 8 Iimeni. Lai novérstu
artefaktus, kuri ir saistiti ar to, ka exp(— j27zfnm/9) pie nevienmérigi izvietotiem ¢,
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momentiem nedod ortogonalu transformaciju, ir izmantota neortogonala transformacija [26].
Tas nozime to, ka aprékinos matrica E, = exp(— j27ztnm/9) (n=LNm=1,M) ir
aizvietota ar matricu [26]

G=(EE")'E (3.6)

T. _ . .y . .
kur E° ir transponé&ta matrica un () * apzime inverso matricu.

i

A )
£0 100 1580 200 250
laiks

Zim. 3.2. FM modul&ts reals signals. Ar punktiem ir atzZim&tas vietas, kur signals krusto
attiecigo ltmeni.

spektrs

-05 -0.3 -01 0 041 03 05
frekvence

Z1m.3.3. Aplikota signala spektrs. Frekvence ir atliekta normeétas vienibas.

Zim. 3.2. ir redzams, ka jo lielak ir signala frekvence, jo lielak ir nolases skaits.
Z1m.3.3. mums neko nevar pateikt par to, ka ar laiku mainas spektralais blivums apliikotai
funkcijai un jo sarezgitak ir funkcija, jo grutak kaut ko péc ta spektra spriest par signala
sastavdalam. Zim. 3.4. ir dota laika-frekvencu reprezentacija. Ka redzams, taja neparadas
artefakti, kas ir tipiski nevienmerigai diskretizacijai, jo ir izmantota neortogonala
transformacija. Laika intervala sakuma un beigas, spektrs ir neskaidri izpludis gandriz pa visu
frekvencu skalu, kas izskaidrojams ar gala efektiem, kad analizei ir nepietickams nolasu
skaits. Tas, ka STFT ir gan pie pozitivam un negativam frekvencém ir saistits ar to, ka
realajam signalam spektrala blivuma funkcija ir simetriska pret frekvences nulles punktu.
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Frekvence

0 50 100 150 200 250
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Zim. 3.4. STFT laika-frekvencu reprezentacija.

3.2.2. Vilnisa analizes pieeja

Pazistama STFT probléma ir sakariba starp izskirtsp&ju pec laika un frekvencém. Loga
garuma paplasinasana uzlabo frekvencu izsSkirSanu, bet taja pasa laika samazina laicisko
iz8kirtsp&ju. Lai noverstu $ada veida problému, var tikt pielietota vilniSanalize.

Laika nepartraukta signala vilniStransformacija ir izteikta ar integrali [25, 26]

WT(t,a) = 7=l j x(r)h’ ( jdz- (3.7)

kur a ir mérogoSanas faktors un A(?) ir analizes vilniSa funkcija. MérogoSanas faktors ir
saistits ar frekvencém ar sakaribu a zﬁ. VilniSiem piemit tada ipatniba, ka frekvencu

izSkirtsp&ja samazinas pie lielam frekvencém un izSkirSana laikd samazinas pie mazam
frekvencém.

Praksé izmanto daudz dazadu A(?) vilniSa funkciju. M&s sava analizé pielietosim ta
saucamu Morleta vilniti [25]

h(t) = exp{ja)ot}exp{— %} (3.8)

kur @, ir dominanta frekvence, ar kuras palidzibu var variét bazes selektivitati.
Diskréeta signala gadijuma, vilniSanalize var bt izteikta ar summas formulu [26]

(3.9)

Wilk.m] k/2Q J

J—Z[][W

S1izteiksme ir speka gan vienmérigi, gan nevienmérigi novietotam nolasém.
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Frekvence
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Zim. 3.5. Laika-frekvencu reprezentacija lineari FM kosinuss funkcijai. Signals bija
diskretizets ar 8 limenu palidzibu.

Zmm.3.5. ir paradits model€Sanas rezultats, kad punkta 3.2.1. aplikotais signals ir
diskretizets ar l[imena-Skérsojuma principa palidzibu. Ir izmantoti 8§ kod€Sanas Itmeni. Ka ir
redzams, pie lielam frekvencém samazinas spektrala izSkirtsp&ja, savukart pie zemam
frekvencem samazinas laika izskirtspgja.

3.2.3. Vignera sadalijuma funkcija

Viena no plasi pielietotam pieejam laika-frekvencu signala reprezentacija ir Vignera
sadaltfjuma integralis, kurs ir sastavdala kop¢jai laika-frekvencu parveidoSanas pieejai.
Vignera integralis laika nepartrauktai funkcijai ir [24, 25, 27]

o0

wvD(e, f) = | x(t + %jx (z - %} exp(— j2rfr)r (3.10)

—00

Par kodolu, miisu gadfjuma sauc exp(—;27f7). Sis integralis dod lielu izski3anas sp&ju
laika un frekvencém mono-komponentu signaliem. Tomér, papildus interferences produkti
var paradities, ja signalam ir vairakas komponentes. Lai cinities ar So efektu, ir izstradatas
citas kodola funkcijas, bet tas tipiski noved pie izskirtsp&jas samazinasanas gan laika gan
frekvencém.

Runajot par nevienmerigi izvietotam nolasém, paradas sekojoSa probléma. Pienemsim, ka
katra nolase ir Diraka delta funkcija. Tad pliismu no vairakdm nolas€ém varam uzrakstit ka
delta funkciju summu, ierakstot argumenta nobides laiku. Tad Vignera integralim bus forma

WVDlt, f) = T{aoé(t +%—toj +oF aN5(t +§—th}

—00

-{aéﬁ(l —%— t0j+ et a}}é[f —%—tN J} -exp(— j2afr)dt

kur indeksi n=1,N apzimg attiecigu laika momentu un nolases vértibu $aja bridi un a, , ir

(3.11)

kompleksie koeficienti, gadijuma, ja nepartrauktais signals ir komplekss. Atverot vala
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iekavas, iegustam delta funkciju reizinajumu summu. Apskatisim divu delta funkciju
reizinajumu nolasem laika momentos #; un ¢,.

5@+1—aﬁﬁ—1-pj¢o (3.12)
2 2 J

Lai Sis funkcijas reizinajums nebiitu vienads ar nulli, vienmerigas diskretizacijas
gadijuma, integréSanas solim 7 jabit

r=t, -1, =1,(i~ j) =k, (3.13)

kur k =0,£1,£2... un ¢, ir diskretizacijas solis.

Nevienmérigas diskretizacijas gadijuma, starpibai starp j-to nolase un i-to nolase jabiit tik
mazai, ka delta funkcijas eksistéSanas argumenta robezai

6 —t)|<e (3.14)

Tas nozime, ja koeficienti @, un a, ir at3kirigi no nulles, tad lai Vignera integralis
biitu korekti atrisinats, nevienmérigas diskretizacijas gadijuma, nolasém jaseko vienai aiz
otrai tik tuvu, ka nevar izSkirt vai signals ir kontinuals vai diskréts.

Si doma noved pie secindjuma, ka diskréta Vignera sadalijuma funkcija ir
pielietojama tikai vienmérigi diskretiz€tiem signaliem. Ja signals ir nevienmérigi diskréts
pastav iesp€ja nolases interpolét ar nepartrauktu funkciju un péc tam rékinat Vignera integrali
interpol&tai funkcijai.

Zim. 3.6. ir paradits signala, kur§ ir uzdots ar funkciju (3.4), fragments Iidz 20
sekundém. Nepartraukta linija atbilst sakuma funkcijai s(?), bet punktaina — aproksimacijas
funkcijai. Seit ir izmantots princips, kad aproksimacijas linija sakas no nolases vértibas un
uztur to 11dz nakosajai vertibai.

Zim. 3.7. ir dota uzlabota aproksimacijas pieeja. Tagad, Iinijas nesakas no nolases
vertibas (nolases laika momenta), bet nolases vertiba atrodas pa vidu interpolacijas Iinijas
gabalam. Tiri vizuali §1 aproksimacija izskatas tuvaka signalam s(z).

Un pédgjais piedavatais variants, ir interpolacija ar linearam funkcijam. Respektivi,
nolases vertibas ir savienotas ir nakoSo ar taisnas linijas palidzibu. Neskatoties uz S§is
interpolacijas vienkarsibu, ta ir diezgan tuva istam signala s(t), ja nolaSu blivums ir liels.

1.8

*(t),sn[tn]

. . . . . . . . .
a 2 4 B g8 10 12 14 16 18 20
laiks t

Zim. 3.6. Aproksimacijas piemérs ar taisnam linijam, kuri ir paral€li laika ass un sakas
no ieprieks€jas nolases vertibas un tas laika momenta.
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#f),5n[tn]

o 2 4 =} g8 10 12 14 16 18 20
laiks t

Zim.3.7. Aproksimacijas pieméers ar taisnam linijam, kuri ir paral€li laika ass un nolases
laika momenti ir novietoti apm&ram pa vidu aproksimacijas nogriezniem.

#(t),sn[tn]

o 2 4 B =} 10 12 14 1B 18 20
laiks t

Z1m.3.8. Aproksimacija ar linearu funkciju palidzibu.

Jebkur§ aproksimacijas veids pilniba neatbilst sakuma signalam s(?), vienmér pastav kada
aproksimacijas kluda, bet, lai novertetu laika-frekvencu analizes rezultatu tas var bt
pietiekoSs tuvinajums. Literatiira nav atrodami risinajumi ka izskatisies Vignera integrala
rezultats nevienmerigi novietotam nolasém, ka ar1 specialam gadijumam, kad nolases ir
novietotas ar Itmena-Skérsojuma principa palidzibu. Projekta nakamos etapos ir planots
izveidot efektivu algoritmu Vignera sadalijuma funkcijas aprékinasanai nevienmerigi
izvietotam nolasém, pirmkart apskatot l[imenu Skérsojuma diskretizacijas gadijumu. Tas dos
iespeju salidzinat §is pieejas rezultatus ar issintervala Furjé transformacijas un vilniSanalizes
laika-frekvencu sadalijumiem.

Jo vairak metodes biis zinamas laika-frekvencu analiz€ nevienmerigi diskretizetiem
signaliem ar limena-Sk€rsojuma principa izmantoSanu, jo adaptivak mes varésim izveidot
ierici, kura veic signala apstradi vai uzrakstit attiecigo signalu apstrades programmatiru.
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4. DFT-veida parveidojumu izstrade, kas atbilst un nem
véra ar LS-ACP ieguto laika nevienmérigo nolasu
specifiku.

Klasiska metode ciparu signalu apstradé ir Furjé transformaciju paris. Tiesa diskréta
transformacija lauj no N laika vienmérigi izvietotam signala nolaseém iegiit frekvence€s
vienmérigi izvietotus spektralos koeficientus:

N-1
X(m)=> x(n)exp(~;2zmn/ N) 4.1)
n=0
Inversa DFT lauj no vienmeérigi spektra izvietotiem koeficientiem iegiit signala nolases
vienmerigi izvietotas laika:

x(n) = %f)((m) exp(j2mmn/ N) 4.2)

m=0
Praktiskos pielietojumos tipiski eksist€ divi ierobezojumi: signalu frekvencu joslas
platums neparsniedz €2, un signala novérojuma laiks ir ierobezots ar ® . Ciparu signala

nolases x, =x(t,), n=0,N—-1 tiek iegitas ar diskretizacijas palidzibu un vispargja
gadijuma tas var biit izvietotas nevienmeérigi uz laika ass.

4. 1. Visparinata DFT izteiksme

Visparinata DFT izteiksme, kas pielauj nevienmérigi izvietotu nolasu apstradi var tikt
izteikta ka:

N-1 m

X, = an exp(— j27r—tnj. (4.3)
n=0 @

n

Frekvencu joslas ierobeZojums nosaka prasibu - m : <Q.

Vienmerigi izvietotam nolasém izteiksme (4.3) sakrit ar formulu (4.1). Ja ir izmantota
piemérota apzinati nevienmérigas diskretizacijas plisma, tad ar (4.3) var iegut labus
spektralos novertejumus gadijumos, kad nolasu blivums nav mazaks par to ko nosaka
Naikvista kriterijs vienmerigai diskretizacijai. V&l vairak, ir iesp&jams apmierinosi novertet
signala spektralo blivumu ar1 tad, ja blivums ir mazaks par Naikvista limitu un pliismas
1pasibas ir izv€letas ta, ka frekvencu uzklasanas efekts tiek nospiests. Tacu ja izteiksmi (4.3)
pielieto nolasém, kas iegitas pec ltmenu-Skérsojuma diskretizacijas principa, tad iegitie
rezultati ne vienmér ir adekvati pat neskatoties uz to, ka vienmér signals ir virsdiskretizéts
(oversampled). Ilustrésim to ar vienkarSu pieméru — mono harmonisks signals ar frekvenci f,
ir diskretizéts pielietojot 3-bitu LS-ACP (7 limeni). Ar izteiksmi (4.3) iegiitais spektralais
novert§jums ir paradits 4.1. zim. Papildus patiesajai spektralajai komponentei ar frekvenci
~0.0955 Hz, paradas ar1 viltus izsitieni uz augstakdm nepara harmonikam. Tas nav dg]
nepietiekama nolasu blivuma, bet gan dé] LS-ACP pieejas Tpatnibam [5]. Lidz ar to rodas
vajadziba péc uzlabotiem DFT-veida parveidojumiem, kas sp€tu noverst $ada veida artefaktu
klatbttni.

Balstoties uz Furjé rindu, signala laika formu no spektraliem koeficientiem var
atjaunot sekojosa veida:

(1) = fxm exp(j2rtf, ), t [0,0], (4.4)

m=—M
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m
kur =—,
Son o

IGDFT] [dB]
>

1

N
Y
=]

il

0.2 0.3 0.4 0.5

0 0
Frequency [Hz]

4.1. zim. Spektralais novertgjums sinusoidalam signalam ar f, =12.22/0 (® =128s.),

N

kur$ diskretizéts izmantojot 7 limenu Ské€rsojumu momentus.

Izmantojot informaciju par signalu x(z), ir iesp&jams konstruét atjaunosanas kladas
funkciju ka &(¢)=x(¢)—x(¢). Sis funkcijas sakumapgabals ir paradits 4.2. zim., kura
g, =¢&(t,) vertibas — atjaunoSanas klida diskretizacijas latka momentos ¢, ir ilustrétas ar

treknakiem punktiem. Var redzeét, ka atjaunoSanas klida starp signala nolaSu laika
momentiem médz biit ievérojami lielaka neka &, vertibas. Ja diskretizacija ir veidota péc

takt€taja izmantosSanas principa, tad principa nav nekadu konkr&tu nosacijumu par to, kas ar
signala vertibam notiek starp ta nolasém. Limenu-skérsojuma diskretizacijas gadijuma katra
nolase ir definéta ka noteikta limena Sk&€rsojums un ir zinams, ka starp tam signala vertiba
atrodas ierobezota diapazona . Tas lauj izteikt ideju, ka signala atjaunosanas klidu vajag
minimizet ne tikai nolaSu punktos, bet art starp tiem ar tik pat lielu svarigumu. Minimizacijas
uzdevums

Tsz(t)dt — min (4.5)

var tik definéts paturot prata, ka ta atrisinaSanai ir zinamas tikai diskrétas originala signala
vertibas un ka signala atjaunoSanai tiek izmantota izteiksme (4.4). Minimizacija ir javeic
attieciba uz spektraliem koeficientiem {X }.

1 T T T T T
0.8 | | | | |
s N
8 0.4 I | I 1 1
i: 1 1 1 1
g I
g !
5 0 NI~ Y )4
5-04
Q
=2
-0.8
1 . . . . . . . .
0 1 2 3 4 5
Time [s]

4.2. zZim. AtjaunoSanas kliidas funkcija (melna linija) un kludas nolasu &, (treknie
punkti) interpolacija ar gabaliem konstantu funkciju (sarkana Iinija).
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Uzdevuma (4.5) risinajums var tikt balstits uz divam pieejam:
1) signalanolases {x,} tiek interpol&tas intervala [0 ®] un atjaunoSanas kluda tiek izteikta

ka e (1) =X()-Y_ X, exp(j27f,1t), kur X(¢) ir interpol&tais signals;
2) kludas nolases &, = x, —x, tiek interpolétas intervala [0 ®], nemot véra, ka

= ZXm exp(j27f,t,).

4.2. DFT uzlabojums ar signala nolasu interpolacijas palidzibu.

Ka efektivs signala interpolacijas pané€miens ir minams ta nolasu savienosana ar k -tas
— . . k . v . — . . . — e . .
kartas polinomiem p, (), vai frekvenCu josla ierobezota interpolacija, kas tiek veikta ar

laika nobiditu sinc funkciju palidzibu.
Parrakstisim izteiksmi (4.5) nemot véra, ka signala nolases ir interpol€tas:

T(}?(t)— i X exp( j27y'mt)] dt — min (4.6)

0 m=—M

Lai atrastu minimumu, visus parcialos atvasinajumus péc X, ir nepiecieSams pielidzinat

nullei. Tadejadi ieglistam 2M +1 linearus vienadojumus

| ( X(") exp( ]27;sz)] exp(j24f, £)dt = (4.7)

kur m=—-M,M . Nemot vera, ka f, :%, {exp(j2xf,t)} ir ortogonalu funkciju kopa

intervala [0 ®]. Lidz ar to varam rakstit, ka:

X0 = é [ (@) exp(j27f, )t (4.8)

0

Izteiksme (4.8) ir lidziga ar Furjé rindas koeficientu aprékinasanas formulu signalam
x(t).

Ja nolases tiek interpol€tas ar nulltas kartas polinomiem (gabaliem konstanta funkcija,
lidziga tai kas atainota 4.2. zZim. ar sarkanu [iniju), iegiistam

1+,
N-1 2
X\ =Y x, [exp(j2af,t)di =
=0 e (4.9)

2

=3 q,m ;x exp(j27f,,t, (1 — exp(—j27f, At")),

. t ., —t
kur At =l el
2
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4.3. zZim. Spektra noveért€jums mono-harmoniskam signalam, ja pielietota pirmas kartas

polinomu interpolacija.
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4.4. Zim. Spektra novertéjums mono-harmoniskam signalam, ja pielietota interpolacija ar

sinc funkcijam.
Gabaliem linearai interpolacijai starp signala nolas€m var izmantot polinomus

pr=a,(t-t)+x,, kur a, :%, Ax, =x,—-x,,,At, =t —t, ,, kasdod:
YO — y o [
(@, )
N-1
>, exp(j24f,, 1, 1 —exp(~ j21,At, )+ (4.10)

n=0

. N-l
N a,At, exp(j2f, 1, Jexp(~ j2af, At, )

m n=0
Cita veida pieeja ir veikt {x, } interpolaciju ar sinc funkcijam. Ta ka signala frekvencu
joslas platums ir ierobezots ar €2, varam rakstit:

K-1
X (¢) = Z ¢, sinc(2Q(z - kT)),

k=0

(4.11)
1
kur T :E’K :kT <®. Koeficientus ¢, varam atrast no sekojosas vienadojumu

sistémas:
x, =xX"9,). (4.12)

n
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Saja gadijuma DFT-veidiga transformacija ir nosakama ar
K-1
X6 =3¢, exp(~ j2af, kT). (4.13)
k=0

Jaatzimée, ka p&dgjais apskatitais gadijums papildus DFT aprékinu sarezgitibai pieprasa
arl linearas vienadojumu sistémas ar N nezinamajiem un 2M +1 vienadojumiem
atrisinaSanu.

4.3. DFT uzlabojums ar atjaunosanas klidas nolasu interpolacijas
palidzibu.

Lidzigi signala nolasu interpolacijai, arT atjaunoSanas kliidas laika funkcija £(f) var tikt
ieglita no tas diskrétam nolasém ¢, =x, —X, laika momentos f{,}. Atgadinasim, ka

atjaunota signala nolases tiek aprékinatas ka x, = z X, exp(j2af,t, ). Uzdevums (4.5) Saja

gadfjuma var tikt interpretsts ka laukuma zem funkcijas £°(¢f) minimizacija. Ja 85 ir
interpol&ts ar nulltas kartas polinomiem, tad minimizacijas uzdevums ir pierakstams ka:

Nzl(xn - f){,ﬁfo) exp(j2af,t, )Jz At — min. (4.14)
P&c atvasinajumu ;);ZITdZiH%ZIfaS nullei, iegiistam
2? (xn - f: X, exp(j2af,t, )j exp(j27f,t,)At! =0 (4.15)
Parrakstot matricJ :flormé, ilgg_gstam
Px=X“".®- YT, (4.16)

kur ¢, =exp(j27f,t,) un y, =@, -At . lzteiksmes (4.16) risinajums var tikt atrasts
ka
X =(¥-x)-(®-¥")", (4.17)
kur ()" un ()" attiecigi apzZim@ transpongsanas un invert&sanas operacijas.
Interpolacija ar pirmas kartas polinomiem noved pie sekojoSa minimizacijas uzdevuma
noformuléSanas:

1 N-2 N-1
E(Zej A1, + Y e -Atn_1)—>min. (4.18)

n=0 n=1
Tas ir uzskatams lidzigi ka divu nulltas kartas problému summa. Risinajuma gaita $aja
gadijuma ir lidziga ieprieks aprakstitajai un varam iegiit::
X(&l) _ (T” X + P X()((I)" . T”T +P". T”T )_1 , (4 19)
kur ®',¥’,x’ un ®",'¥",x" matricas ir veidotas no ®,¥,x lietojot attiecigi indeksaciju
n=0,N-2unn=1,N-1.
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4.5. zim. Spektra novért€§jums mono-harmoniskam signalam, ja atjaunosSanas kluidas
funkcijai pielietota nulltas kartas polinomu interpolacija.
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4.4. Uzlaboto DFT-veidigo parveidojumu modelésanas rezultati.

Iepriek aprakstito algoritmu darbiba tika novértéta veicot datormodeléSanu. Saja
sakariba valoda MATLAB ir uzrakstita programmatiira, kuras izejas teksti ir pievienoti
7.D pielikuma. Ka testa signals tika izmantota mono-harmoniska signala nolasu kopa, kas
iegiita no ® =12§sec] gara novérojuma izmantojot 7 Itmenu $k&rsojuma notikumus. Testa

signala frekvence tika izvéléta 12.22/0 = 0.095§Hz], kas nozim¢, ka ta neatrodas uz Furjé

analizes frekvendu rezga. Ar LS-ACP pieeju tika iegiitas N =172 nolases.

Ar visparinato DFT (izteiksme (4.3)) iegutais rezultats paradits 4.1. zim. Tas var tikts
izmantots ka reference, lai salidzinatu uzlabojumu kvalitati. 4.3 zim. rada spektralo
novertejumu, kas iegiits ar pirmas kartas polinomu signala interpolacijas algoritmu (izteiksme
(4.10)). Lai gan viltus komponensu amplitidas ir samazinajus$as (apméram par 5dB), to
klatbiitne spektra tomér ir jitami ievérojama Aprékinu sarezgitiba ir dazas reizes lielaka par
DFT. Nulltas kartas polinomu interpolacijas izmantoSana dod nedaudz sliktakus rezultatus.

FrekvencCu josla ierobezota interpolacija ar sinc funkcijam (izteiksme (4.13)) sniedz
uzlabotaku spektralo novertejumu, kas ilustréts 4.4. zimgjuma. Viltus komponensu klatbiitne
ir pilniba noversta. Jaatzimé, ka §1 algoritma sarezgitiba ir butiski lielaka ka iepriek§ minéto,
jo ir nepiecieSamiba p&c linearas vienadojumu sist€mas atrisinasanas.

Lidzigu kvalitate un sarezgitiba piemit arT metodém, kas balstas uz atjaunosanas kludas
nolaSu interpolaciju. Abos gadijumos (0-tas un 1-as kartas polinomi) iegiitie rezultati ir
lidzigi, tap€c te 4.5. attéla ir paraditas tikai nulltas kartas polinomu interpolacijas gadijums.

Dazadu DFT-veidigo parveidojumu kvalitate kvantitativi tikai novért€ta izmantojot
integralas atjaunoSanas kliidas krit€riju. legiitie rezultati apkopoti 4.1. tabula.

4.1. Tabula. Integrala atjaunosanas kliida dazadiem DFT-veida algoritmiem.

. _ . _._ . | Nulltas kartas | Pirmas kartas Xn Nulltas kartas |
Visparinatais . _ . Pirmas kartas &
Metode DFT Xn Xn interpolacija g, ] o
interpolacija | interpolacija ar sinc interpolacija interpolacija
o}
J.gz(t)dl‘ 835 811 803 3.00 2.35 2.29
0

Visu DFT-veidigo parveidojumu kopiga iezime ir tas, ka tie dod rezultatus uz Furjé
frekvencu rezga. Tas ierobezo spektralo izSkirSanu. Lai to palielinatu var izmantot
sarezgitakas metodes, pieméram, signalatkarigo parveidojumu [7]. Ar to biitu saistami
nakamajos projekta etapos veicamie pétijumi, kuros apskatit ka var paaugstinat rezultatu
kvalitati, ja izmanto gan signalatkarigu ACP, gan art signalatkarigas apstrades metodes.
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5. DASP virtualo instrumentu attistiSana izmantojot
modificétos algoritmus

Projekta izpildes laika tiek raditi jauni, originali algoritmi. To veidoSana nav pasmérkis,
bet gan tie ir domati ka Iidzeklis dazadu signalu apstrades uzdevumu risinasanai. Tapéc
iegiitos algoritmus ir jacenSas ieviest praktiski pielietojamas sistemas. Viens no $adiem
novirzieniem ir saistits ar algoritmu implementéSanu LabVIEW. Ta ir &rti lietojama grafiska
programmeésanas vide, kas ir paredzeta beigu lietotajam, kura programmeéSanas zinasanas nav
tik augstas. Iepriek§€jo ciparotadju programmnodroSinajums tika veidots MatLab un
LabWindows vidgs, kas prasa padzilinatas zinasanas programmé&sana. Pielietojot LabVIEW ir
iespejams veidot programmu izmantojot gatavos LabVIEW blokus, kas ir sadaliti divas
kategorijas: grafiska lietotaja interfeisa izveidei un algoritmu izveidei. Turpmak ir apskatits
platjoslas ciparotaja vadibas bloka izveide, izmantojot gatavos blokus, ka ari jaunradito
algoritmu implementacijas iespgjas.

5.1. Platjosliga un plasa dinamiska diapazona ciparotaja vadiba
LabVIEW vidé

LabVIEW jau ir iebuivéti vairaki gatavi bloki, kas darbojas ar standarta iekartam un
lietotajam, kas pielieto standarta risindjumus nav nepiecieSams veidot savus vadibas blokus.
DIGITIZER B042 ar datoru tiek saslégts caur paral€lo portu, kas darbojas EPP 1.9 rezima,
diemz&l LabVIEW neuztur EPP 1.9 reZimu. ST iemesla dél ir izveidota dinamisko sai$u
biblioteka (DDL), kura ir importéta LabVIEW un ir izveidoti vadibas bloki port in un
port_out. Pielietojot Sos blokus ir iesp&jams datus nosiitit un sanemt no ar¢jas iekartas, kas
strada EPP 1.9 rezima.

Pirms sakt ciparot datus ar DIGITIZER B042 ir nepiecieSams iekartu inicializét, ko
panak nosiitit sekojosas komandas:

Tabula 5.1. Iekartas parametru nomesSana

Da;‘\l])jbas Darbibas nosaukums Adrese Dati
1 Iestada rakstiSanas rezimu BASE+2 | 0x01
2 Iestada rakstiSanas rezimu BASE+2 | 0x05
3 Iestada visu parametru nomesanas rezimu | BASE+3 | 0x01
4 Visu iekartas parametru nomesana BASE+4 | 0x00

5 Nolasa status registru BASE+1

Tabula 5.2. Raksta datus FIFO atmina

Da;‘\l;;bas Darbibas nosaukums Adrese Dati
1 lestada EPP rakstiSanas rezima BASE+2 | 0x05
2 Iestada visu parametru nomesSanas rezimu | BASE+3 | 0x01
3 Visu iekartas parametru nomesana BASE+4 | 0x00

4 Iestada diskretizacijas rezimu BASE+3
Uniform 0x0A
NonUniform 0x02
5 Sak datu ciparoSanu BASE+4 | 0x00
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Tabula 5.3. Lasit datus no FIFO atminas uz datoru

Da;\l;’f'bas Darbtbas nosaukums Adrese Dati
1 Iestada EPP rakstiSanas rezZima BASE+2 0x05
2 Iestada iekartu FIFO lasiSanas reZima BASE+3 0x40
3 Iestada EPP lasi$anas rezima BASE+2 0x04
4 Nolasa datus no FIFO atminas BASE+4

Ta ka DIGITIZER B042 ir 12bitu ACP, bet paral€lais ports ir tikai 8 bitu, tad dati tiek
speciali forméti, lai tos noraiditu uz datora. No sakuma noraida pirmos 8 bitus un péc tam
atlikusos 4, bet atlikuSos 4 bitus aizpilda ar 0. Kad dators ir sanémis datus, tad ir
nepieciesams datus konvertet atpakal uz 12 bitu datiem. P&c visam $im darbibam notiek
signala att€loSana un apstrade.

Apstrades algoritmu implementacija un grafiska lietotaja interfeisa izveide ir aprakstita
nakosajas apaksnodalas.

5.2. Jaunradito signalu apstrades algoritmu implementacija
LabVIEW

LabVIEW ir plaSs matematisko darbibu bloku skaits, ar kuru palidzibu var realizet
jebkuru matematisku darbibu. Signalu apstrades algoritmu pamata ir darbibas ar vektoriem,
mastviem un matricam. Lai LAbVIEW sareizinatu divus vektorus tie ir janoform& ka
matricas, kuru viena dimensija ir 1. To var panakt viendimensiju masivu laizot cauri for
ciklam, kur§ atkartojas tikai vienu reizi (Skat zim. 5.1.a). Ta ka for cikls vektoram pieskir
indeksus, tad cikla izeja ir matrica. P&c parveérSanas pirmo matricu transpong un sareizina ar
otro matricu, izmantojot A x B bloku (Skat. zim. 5.1.b). Lai matricu parvérstu atpakal
vektora, matricu nepiecieSams laist cauri for ciklam, kuram izeja ir izslégti indeksi.

a) b)
Array

3o A AxB

6 i @ [:::]I:m:l

9 Bk = [l i | .

2 O-+|B k [][]

O-+|
7 -+l B

Zim.5.1. a) vektora parvérSana par viendimensiju matricu, b) matricu reizinasana.

Pilnu DFT algoritma implementacijas grafisko shemu var redzet zim. 5.2.

8 |>
o ]
=
% i B> ]
mﬂJ 1 Iﬁ B} \\/Izualization

2l >

Zim. 5.2. DFT grafiska implementacija LabVIEW.
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Ar LabVIEW palidzibu grafiska veida var realizet jebkuru algoritmu. DiemZ€l $is process
ir darbietilpigaks, ja salidzina tada pasa algoritma izveidi C/C++ valoda. Sai gadijuma gan
japiemin cits pozitivais aspekts. Gala lietotajam nav japatéré daudz laika, lai izprastu
algoritma darbibas principu un nepiecieSamibas gadijuma vin$ var viegli un &rti uzlabot
algoritmu.

5.3. Grafisko Lietotaju Interfeisu izveide

LabVIEW ir érti un vienkarsi veidot grafisko lietotaja interfeisu. Atverot jaunu virtuala
instrumenta priek$€jo paneli un nospiezot labo peles pogu paradas izvélne, kura var izvéleties
grafiskas ierices, tas ir, kontroles, indikatorus, izv@lnes utt. Izvietojot tas uz darba virsmas
grafiska vide atri un &rti ir izveidota. Zem grafiskas vides sl€pjas visu grafisko elementu
savienojumi ar vadibas apstrades algoritmu blokiem.

L :'i'.‘:':l_ﬂ.|an'mH-|'T_.-|'ai-|£r =2 | .ﬁl

Sl

Bt S
x|
P
[

BastDats

o |

1 o

Zim. 5.3. Virtuala instrumenta grafiskais interfeiss.
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6. Asinhrono mikroprocesoru pielietojamiba ar beztaktetaja
analogs-ciparu parveidotaju iegutu datu energo-
ekonomiskai apstradei

6.1 Energijas patérina minimizacijas modeli

Energijas patéripa minimizacijai vienkar$a signalu apstrades sisttma (zim.6.1),
iesp&jamas vairakas alternativas:

1. nepartraukta periodiska datu pliismas nolase no datu avota katra analogo datu
parveides cikla, izmantojot katru ar&jo procesora sinhronizacijas periodu, un datu
apstrade ar sinhrono (standarta) mikroprocesoru; ¢

2. datu nolase atbilstosa p.1., bet datu apstrade ar programmé&jamu DVS un DM
mikroprocesoru,

3. stohastiska datu nolase no datu avota momentos, kad ieejas signala U, vertibas

izmaina | A U,| > 3§, izmantojot asinhrona procesora rokspiesanas (handshaking)
porta signalus req — ack, un datu apstradi $aja procesora, zim. 6.1.a;

4. datu nolase atbilstosa p.3.bet rokspiesanas un datu apstrade organizacija asinhrona
rekonfiguréjama FPGA , zim. 6.1.b.

Clock
ACP P
uPc
Dati
Z1m. 6.1
req req
- > N »  AuPc
ACP ack AuPc ACP ack FPMG A
= =
Dati Dati
Zim. 6.1.a Zim. 6.1.b

Lai aptuveni novértétu un salidzinatu §as sistémas pienem, ka nosacijums | A U, | > &
izpildas vienmerigi izklied€tos laika intervalos T =1, 2, 3 , 4, 5 ms , bet katra pieprasijuma
apstrade tg = 1ms, kuras sisteéma 1. tiek patéréta energija 10x1. Sisteéma 1. un 2. ieejas signala
aptauja notiek ar 0,1ms garu strob&joSu signalu péc laika intervala ts = lms, t.i., pie katras
strob&Sanas patéréjot energiju 10x0,1. Viena regulara cikla 1.sistéma aprékinam tiek patéréta
energija 10x5=50 un strob&Sanai 1x15=15 XE=65. Otra tipa sist€tmas izmantojot DVS,
pamatojoties uz [18] veiktajiem aprékiniem, var pienemt ka laika intervala t; energijas
paterinS 10x1 =10, 1, =4x2=8, 13= Ix3=3, 14~ 0,5x4=2, 5= 0,1x5=0,5 (E,= 23.,5),
strobesanai E; =15: XE=38,5.

Sisttma 3., kura izmantots asinhronais procesors, nav ieejas strob&Sanas signalu un
energija strob&sanai netiek téréta Es = 0, bet instrukcijas izpildei patéréta energija aptuveni
var biit x5 mazaka par energijas patérinu analoga sinhrona procesora [19].

Tapéc var uzskatit, kopg&jais energijas patérins XE=0 + 5x 10/5 = 10.
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Sisteéma 4. strob&sanai energija netiek teréta Eg = 0, bet pargjais pagaidam migla tits.

6.2 Asinhrona procesora energijas taupibas iespéjas

A. Asinhronas funkcionalas ierices patéré energiju tikai darot lictderigu darbu. Turpretim
sinhronaja procesora takts frekvenci jaizvélas ta, lai procesors varétu izpildit uzdevumu pie
maksimalas slodzes. Tap&c procesora takts frekvence biezi ir augstaka ka nepiecieSams, un

rezultata tiek lieki teréta energija.
izmantojot asinhrono

B. Asinhronas funkcionalas ierices apmainas ar datiem
»Micropipelines” rokspieSanas protokolu (zim. 6.2.)
S

Dai T
,: ¥
Req \( !
Ack {/ —J /

zZim. 6.2.

Realizgjot So protokolu:
1. Satitajs (Sender) uz kopnes uzliek datus (Data)

2. Sutitajs generé€ signalu Req (Request)
3. Sanémejs (Receiver), kad ir tam gatavs, akcepte datus
4. Sanemgjs gener¢ un noraida Suititajam signalu Ack (Acknowledge)

5. Pe&c Acknowledge sanemsSanas Siititajs var nonemt no kopnes datus un ir gatavs

jaunu datu nosttiSanai

Asinhronajam ,,Micropipelines” protokolam ir divi realizacijas varianti:
a) Varianta, kas paradits zZim.6.2. signalu generéSana notiek pie sprieguma limenu
augosas vai kritosas izmainas, bet, ka redzams, Req un Ack var saglabaties art
laka, kad datu parraide nenotiek (licks energijas patérins!) [20]
b) Varianta, kas ieguvis nosaukumu ’limena signalizacija’’, izmantojot kritosas un
augosas spriegumu mainas, tiek veidoti 1si Req un Ack signali, kas ir aktivi tikai

datu parraides laika un lieku energiju nepatére [21].
C. Visi asinhrona procesora mezgli (bloki) funkcion€ péc konveijera principa (pipeline),
bet Sos konveijerus iesp&jams apstadinat jebkura darbibas posma (faz€), péc kuras energija

vairs netiek pateréta.
D. Parasti netick pielietota keSatmina, kuras darbinasana saistita ar ievérojamu energijas

patérinu registros un statiskaja brivpiekluves atminas (RAM) §tinas.

E. Veidojot atrdarbigus (32 bitu) asinhronus RISC procesoru par bazi izvéléta populara
ARM arhitektiira, kas pateicoties izdevigajai instrukciju kopai, nodroSina visai mazu

energijas paterinu.
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6.3 Asinhrono procesoru raksturojumi un lietojums

AMULET]1 izstrade Oksfordas Universitateé paradija iesp&ju izveidot pilnigi asinhronu
ARM arhitekttras procesoru. Tomér energijas patérin§ 83mW parsniedza sinhrona ARM6
paterinu 75mW [20].

AMULET2e tiek pilnigak neka -AMULET1 izmantotas asinhronas kopnes priekSrocibas
(augstak apskatitais Micropipeline b) variants). Energijas patérins$ tika samazinats [21].

AMULETS3 kodola izmantota ARMA4T versija ar jaunu iek§€jo mikroarhitektiiru. Izpildes
kartibas mainas bufera ievieSana atlauj paaugstinat atrdarbibu lidz 100MIPS. Energijas
pat€rina ietaupijumu panak:

1. izmantojot specialu HALT instrukciju, kas momenta partrauc instrukciju
prieksnolasisanu (prefetching) un likvidé izpildmezgla energijas patérinu,

2. sadalot atminu mazos 1k blokos,

3. ARM 32 bitu instrukciju vieta, izmantojot vienkarSotu 16 bitu Thumb instrukciju
kopu [22].

AMULETS3i izveidota saglabajot AMULET3 kodolu un balstoties uz asinhrono kopni
MARBLE. Paredzets uz AMULET3i bazes uzsakt razot ierici Draco - Radio Communisation

Controller.
Praktiskus risinajumus, kas novesti lidz razoSanas uzsakSanai devis firmas Philips
uznémums ,,Handshake Solution”. Te uzsakta divu veidu asinhronu procesoru razosana.

1) RISC arhitektiiras 32 bitu ARM996HS:

Instuction ARM 9 Data
interface interface
core
Divide
coprocessor
ARM996HS Memory
Protection
unit
Write Buffer
Control Logic and Bus interface Unit
Instuction Master Data Master
interface interface
v v
Zim. 6.3
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ARMO996HS arhitekttira: 32 bitu un 16 bitu Thumb instrukciju kopas u.c. raditaji atbilst
popularajam sinhronajam procesoram ARMTYE, kas pats par sev ir ARM arhitektiiras
procesors ar mazako energijas patérinu un ir piemérots reala laika lietojumiem[23].

ARMY996HS spgj automatiski adaptéties apkart€jas vides (temperatiras, baroSanas
sprieguma) mainam.

Saskarne ar ar€jam iericém tiek nodro$inata izmantojot ar energiju maztéréjoso interfeisa
moduli (master) AMBA un rokspiesanas principu.

Rokspiesanas testprogrammas realizacijas ir paradijusi, ka pie vienadas atrdarbibas
ARM996HS energijas patérins ir bijis 0.045mW, bet sinhrona procesora ARMTIE sasniedzis
0.13 mW [23].

2) Mikrokontrollera HT80C51:

external synchronous

ROM RAM pheripherial
|

synchronous bus
HT80C51 80CS1 |
core synchronous
brige
Interupt
Controller

t HT asynchronous bus

external handsake
pheripherial

Zim. 6.4

HT80CS1 atbilst vienam no popularakajiem mikrokontrolieriem 80C51 un var pildit
visas 80C51 izveidotas programmas, ka art 80C51 atminas un ar€jo iekartu interfeisu.

Bez zZim.4. paradijam komponentem HT80C51, sastava ir ar1 2 taimeri, ka art UART, SPI
un I°C kontrolleri [19].

HT80CS51var darbinat ar1 sinhrona rezima.

Instrukcijas veikSanai HT80C51 patéré 89pJ, bet sinhronais 80C51 patére 500pJ.

Miera stavokli (idle mode) HT80CS51 energiju nepatere.
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7. Petijumi datu apstrades sistemu realizacijai beztaktetaja
elektroniskas iekartas

7.1 Transformaciju ar taisnstira funkcijam pielietojums
Tradicionali signala spektra aprékinasanai izmantojot Furjé transformaciju (FT). Seit
spektra aprékinasanai lieto divas sinusoidas, vienu no otras nobiditu faze par % FT aprekins

ir relativi sarezgits un prasa daudz laika. Elektroniskajas shémas FT izmantoS$ana prasa lielu
stravas patérigu, pie tam ir javeic reizinasanas operacija, kas ir diezgan griiti realiz€jama. Ja
FT izmantotas sin un cos funkcijas aizstdj ar taisnstiira funkcijam, var saisinat spektra
aprékina algoritmu, ka arT samazinat elektroniskas iekartas energijas patérinu, kas ir svarigi
iekartam, kas darbojas ar energiju uzkrajoSiem elementiem (baterijam, akumulatoriem utt.).
Taisnsturfunkciju FT koeficientus var novertét ka [8]:

1y

P [ sign(®)-sin(z - f - t)dt (7.1)

b at,

kur t, - laiks apliikojama signala sakuma momenta
t, - laiks apliikojama signala beigu momenta
sign(t) — apliikkojamais signals

5 . e e . o . o e - V4
Seit apskatits tikai viens FT koeficients, otrs ir identisks tikai nobidits fazé par 7

Izmantojot spektra aprékinasanai taisnstira funkciju, kura piepem veértibu *1, §1 paSa
koeficienta izteiksmi var pierakstit [1]:

t, 4 4 t

Jap lt [sig) R(f,0)dt =——| [ sign(ydr - | Sign(l‘)dt+Isign(t)dt— [ sign(yd +.....

b at, b alt, b

I3

(7.2)

kur R(f,¢) — taisnstiira funkcija

Ka redzams no izteiksmes, ja izmanto taisnstiira funkciju ka filtr§joso funkciju, tad
reizinaSanas darbiba tiek aizstata ar saskaitiSanu, kas ir daudz vienkar$ak realiz€jama
operacija.

a) b)
R S b
S22 FA-- PN\ S,/2 | ey
T oa, a, a, 2n T a,  d a, 2n P
a, a, da, ‘ t a, a a
-S/2 o X —-- - -S/2 e e
'Sm ,,,,,,,,,,,,,,,,, / o _Sm ,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,
a=n/4 az=3m/4 a=3m/2 a=rn/6 a=117/12 a=37n2
a=n/2 a=5n/4 a=1n/4 a=n/2 a=13n/12 a=23n/12

Zim. 7.1.1. Taisnstiira funkcijas a) ar vienadu same@ru, b) ar nevienadu saméru
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Ja ka taisnsttira funkciju izmanto funkciju ar verttbam %1 un 0, tad attiecigajam p&tama
signala veértibam japieSkir pluss vai minus zime, bet tas vértibas, kuras atrodas nulles
intervala ir nulle un vispar nav janem veéra. Spektra aprékinaSanai tiek izmantotas divas

. . S . . C - _ Vs
identiskas taisnsttira funkcijas — viena attieciba pret otru nobidita faze par >

Ka bazes funkcijas tika izmantotas:

Klasiskais meandrs

Taisnstiira funkcijas ar vienadu saméru un vértibam =1 un 0 (zim. 7.1.1 a)
Taisnstlira funkcijas ar nevienadu sameru un vértibam =1 un 0 (zim. 7.1.1 b)
Trepveidigas funkcijas ar vértibam +1;+2 un 0

Volsa funkcijas

Ka bazes funkcijas izmantojot VolSa funkcijas, signala spektra ir daudz viltus
komponentes. Tas skaidrojams ar to, ka VolSa funkciju spektrs ir 1€ni rimstoSs, pie tam no
visas Volsa funkciju saimes dazam funkcijam ir gandriz vienadas spektra blakus
komponentes. ArT meandra un trepveidigo taisnstiira funkciju ar vienadu sam&ru izmantos$ana
par bazes funkcijam dod sliktus rezultatus dé] leéni rimsto$a spektra. Veicot taisnstiira
funkcijas Furj€ analizi, redzams, ka So funkciju spektra ir nepara komponentes (zim. 7.1.2 a),
kas iespaido petama signala spektru (zim.7.1.3 a).

a) b)
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Zim. 7.1.2 Taisnstiira funkciju spektrs a) ar vienadu saméru; b) ar nevienadu saméru

Zim. 7.1.3 a attelots spektrs sinusoidai ar frekvenci 15 Hz, kas diskretiz€ta ar vienmérigo
diskretizaciju [9], spektra aprékinam izmantojot taisnstiira funkciju ar vienadu saméru un
veértibam 1 un 0 (zim. 7.1.1 a). Zim. 7.1.3 b att€lots spektrs sinusoidai, kas diskretizéta ar
limenu SkérsoSanas ACP, izmantojot 4 bitu Iimenus un iepriek§ minéto taisnstiira funkciju.
Seit spektra paradas daudzas viltus komponentes ,kuras nav vienmérigi diskretizéta signala
spektra. Dazas no spektra viltus komponent€m var samazinat, izmantojot taisnstiira funkcijas
ar nevienadu saméru (zim. 7.1.1 b). Ja taisnstiira funkcijai ar vertibam +1 un O vieninieka
attieciba (pret visu funkcijas viena perioda garumu) ir 2/3, bet nulles attieciba 1/3, var iegiit
spektru, kura biis pazudusas 3, 9, 15 ... komponentes (zim 7.1.2 b) [8]. Izmantojot $adu
funkciju ka bazes funkciju signala spektra aprékinam, pazid attiecigas viltus komponentes
gan vienmérigi diskretizéta signala spektra (1 un 5 komponente(zim. 7.1.3 c)), gan ar [imenu
SkérsoSanu diskretizéta signala spektra (zim 7.1.3 d). Bet pie Iimenu S$k&rsoSanas
diskretizacijas paliek visas pargjas viltus komponentes, gan nedaudz samazinajusas. Tas liek
domat, ka bazes funkcijas izv€le maz ietekmé tas viltus komponentes, kuras atrodas aiz
signala frekvences (Saja gadijuma 15 Hz). Palikusas viltus komponentes var vél samazinat,
nemot veéra laukumu starp divam blakus eso$ajam diskretizéta signala nolasém (delta -
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izmaina). Tas nozim&: no pasreizgjas nolases laika vértibas atpem ieprieks€jas nolases laika
vertibu un iegito starpibu reizina ar pasreiz€jas nolases amplitiidu:
S=(t,—t,) 4 (7.3)
kur t; — tekosSais laika moments,
t, — ieprieksgjais laika moments;
A — diskretiz€ta signala amplitiida laika momenta t;
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Zim. 7.1.3 Spektrs a) vienmerigai diskretizacijai ar vienadu taisnstiira funkcijas
saméru; b)limenu SkersoSanas diskretizacijai ar vienadu taisnstiira funkcijas sameru,
c)vienmerigai diskretizacijai ar nevienadu taisnstiira funkcijas saméru; d) [imenu $keérsoSanas
diskretizacijai ar nevienadu taisnstiira funkcijas saméru; e) Itmenu Skérsosanas diskretizacijai
ar nevienads taisnstiira funkcijas samers, nemot véra laukumu pirms spektra komponentes
(delta-izmaina); f) nevienmé&rigai diskretizacijai ar nevienadu taisnstiira funkcijas saméru.
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Izmantojot $adu panémienu, ievérojami samazinas ka viltus komponentes, ta ar1 signala
1stas komponentes (zim. 7.1.3 e), pie kam viltus komponensu samazinasanas ir daudz
ievérojamaka. Tas lauj izdalit no visa spektra 1stas signala komponentes.

Veicot signala (Saja gadijuma sinusoidas) nevienmérigo diskretizaciju, tas ir — laika
momenti, kad signals tiek diskretizets tiek izveleti nejausi (zim. 7.1.3 f), spektra pazid visas
komponentes, kas nav saistitas ar taisnstiira funkcijas spektru. Spektrs sak Ilidzinaties
vienmerigi diskretiz&ta signala spektram, ar atSkiribu, ka netiek novérota spektra parklasanas,
kas paradas vienmeérigi diskretizéta signala spektra dél diskretizacijas sola periodiskuma.
Nevienmérigas diskretizacijas realizéSana elektroniskaja aparatira ir sarezgita, tadél
veiktajam pétijumam ta neder, jo mérkis ir radit elektronisko aparatiiru, kas pat€rétu mazak
energiju neka pasreiz esosas un bitu ar atraku darbibas algoritmu.

Daudzo viltus komponenSu paradiSanas pie limenu Ske€rsoSanas diskretizacijas
skaidrojama ar to, ka nolases ir regularas (ja diskretiz€jamais signals ir regulars). Tas liek
secinat, ka Itmenu SkersoSanas diskretizacija ir efektiva, ja ieejas signals ir nestacionars.
Stacionaru signalu gadijuma, taisnstiira funkcijas un ltmenu SkersoSanas diskretizaciju var
pielietot, ja ir zinams, kada ir uztverama signala frekvence (apskata signala spektru Saura
josla) un pargjas spektra komponentes tad ir atmetamas. Ja izmanto delta — izmaina spektra
rékinasanas metodi un taisnstira funkcijas ar nevienadu sameéru, limenu Sk&rsoSanas
diskretizaciju var lietot ar1 signala uztverSanai ar iepriekS nezinamu frekvenci, jo viltus
komponentes tiek ievérojami nospiesta.

7.2 GSM signalu apstrades beztaktétaja sistémas modelis

Darba meérkis ir izveidot Matlab vidé datu parraides sistémas modeli, kur§ darbotos ar
Itmenu Sk&rsosanas ACP un izmantotu taisnstiira funkcijas. Ka datu parraides sisteéma ir
izvéleta GSM sistéma, kura izmanto GMSK modulaciju. Programmas ieeja ir dati binara
veida (zim. 7.2.1).

——— TROKSNIS

Faze
) T v B Limenu
Dat Modulacija - = skésosanas
101001 ACP
- Taisnstdra Fazes
Nesgjfre kvence funkcijas | | aprékinagana

Dati
101001

Zim. 7.2.1. Beztaktetaja sist€mas modela shéma

Atkariba no ieejas datu (nullu un vieninieku) secibas, tick generéta fazes izmaina. Lai
fazes izmainai (l1dz ar to arT nes€j signala izmainai) nebiiru asu l&cienu, tiek izmantots Gausa
filtrs. Fazes izmainpa tiek pieskaitita nesgjsignala fazei (tick veikta fazes modulacija).

Nesgjsignala frekvence ir 890.2 MHz. Viena simbola parraides laiks ir 1-10™ sekundes. Seit
ir atSkirtba no GSM sistémas, kur viena simbola parraides laiks ir 3,6923 mikrosekundes
[10]. Samazinot simbola garumu, var iegiit daudz lielakus datu parraides atrumus. Saja
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gadijuma datu parraides atrums aptuveni neka 360 reizes lielaks, ka GSM sistema. Lai modeli
pietuvinatu realajiem apstakliem, modulétajam signalam parraides laika tiek pievienots
baltais troksnis. Uztvergja signals tiek diskretizets ar Iimenu SkérsoSanas ACP. Diskretizéta
signala fazes apr€kinasanai izmanto taisnstiira funkcijas ar vienadu saméru. Taisnstiira
funkcijas pienem veértibas +1. Fazi aprékina nelielam signala gabalam, kuru no visa kopgja
signala izgriez ar logu. Tad logu parbida talak un atkal aprékina signala fazi. legutas fazes
vertibas salidzina ar signalu, kuram ir tada pati frekvence ka nes€jsignalam, bet nemainiga
faze. Atkariba no fazes izmainas, tiek atkodeti parraiditie dati. Izmantojot Iimenu SkérsoSanas

ACP ar 5 bitiem, uztverta signala fazes izmaina ir identiska raidita signala fazes izmainai
(zim. 7.2.2a).

T T T T T T T T T T T T T T

| | | | | — Raidita signala fazes izmaina | | | | | — Raidita signala fazes izmaina

| | | | | — Uztverta signala fazes izmaina | | | | | — Uztverta signala fazes izmaina
| | | | | | T

Faze, rad
Faze, rad

Zim 7.2.2 Uztverta un raidita signala fazes izmaina a) ideala kanala b) kanala ar troksni

Fazes izmainu neietekmé taisnstiira funkcijas veida izvéle, tadel ir izdevigi izveleties
funkciju, kura piepem tikai divas veértibas (tas ir *1). Rezultata diskretizéta signala
amplitidas vertibam pieSkir “+” vai “-” zZimi un visas viena loga ietvertas vértibas saskaita
(nav nepiecieSams izmantot reizina$anas operaciju). Sads algoritms ievérojami var
ieckonomét iekartas elektroenergijas patérinu, ka ari samazinat datu apstrades laiku.
Minimalais bitu skaits, kas nepiecieSams diskretiz§jot signalu ar Iltmenu SkersoSanas
diskretizaciju, ir tris. Izmantojot $adu ACP, signala fazes izmainu ir iesp&jams samera precizi
aprékinat. Tacu krietni labaki rezultati ir, ja izmanto 4 bitu limenu Sk&rsoSanas ACP. Ja
kanalam pievieno balto troksni ar SNR ir 67,7 dB (zim. 7.2.2.b), fazes izmaina tiek
izkroplota, tacu parraiditos bitus ir iesp&jams atpazit nek]udigi. Janem véra, ka modela ieeja
netiek izmantots filtrs, kas dal&ji izfiltrétu uztveramo signalu no troksna.

Turpmakie darba mérki:

1) Daudzkanalu GSM beztaktetaja sistemas modela izstrade.

2) Izveidot uztverto datu atpaziSanu ar korig€joSajiem kodiem. Pasreiz izstradataja
modeli atkodgjot kadu bitu klidaini, talak sekojosie biti tiek nepareizi atpaziti.

3) Izveidot modeli, kura ieeja ir filtrs, kas izfiltré signalu, tad€jadi samazinot troksna
Itmeni.
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Zim 7.2.3. Fazes atpaziSanas programmas shéma



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

Izmantotas literaturas saraksts

[1] Proceedings of the 5th IEEE International Workshop on System-on-Chip for Real-Time
Applications (IWSOC 2005), 20-24 July 2005., Banff, Alberta, Canada. IEEE Computer
Society 2005, ISBN 0-7695-2403-6.

[2] Hauck S. Asynchronous Design Methodologies: An Overview // Proceedings of the
IEEE, Vol. 83, No. 1, pp. 69-93, January, 1995.

[3] Logan B. Information in zero crossings of bandpass signals // Bell Sys. Tech. J. 56, 487-
510 (1977).

[4] Nazario MA. Saloma C. Signal recovery in sinusoid-crossing sampling by use of the
minimum-negativity constraint // Applied Optics. 37(14):2953-2963, 1998

[5] F. Aeschlimann, E. Allier, L.Fesquet, M.Renaudin. Spectral analysis of level-crossing
sampling scheme // Proc. of the 2005 International Conference on Sampling Theory and
Application (SampTA 2005), July 10-15, 2005, Samsun, Turkey (publ. on CD)

[6] F.A.Marvasti. A unified approach to zero-crossings and nonuniform sampling //
Department of Electrical Engineering, Illinois Insitute of Technology, Chicago, USA,
1987.

[71 M. Greitans. Spectral analysis based on signal dependent transformation // The 2005
International Workshop on Spectral Methods and Multirate Signal Processing, (SMMSP
2005), June 20-22, 2005, Riga, Latvia. pp. 179-184.

[8] LBilinski, 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)

[9] LBilinski, Yu. F.Borovik and A.Mikelson (1982), “Implementation of a DFT method
based on the use of rectangular functions”, Autom. Control Comput. Sci., 6 81-88 (in
Russian).

[10] Michel Mouly, Marie — Bernadette Pautet (1992), The GSM system for mobile
communications.

[11] E. Allier, G. Sicard, L.F. and Renaudin, M (2003). A new class of asynchronous a/d
converters based on time quantization. In Proc. Of International Symposium on
Asynchronous Circuits ans Systems ASYNC’03, pages 196-205, Vancouver, Canada.

[12] J. W.Mark, T.D.Todd, (1981). A nonuniform sampling approach to data compression.
IEEE Trans. On Comm., 29(1):24-32.

[13] W. Kaster, Analog-Digital conversion, Analog Devices, Inc., 2004.

[14] E. Bekeris Signalu teorijas elementi. — Riga: IU “’Macibu apgads’’, 1998. — 189. Ipp.

[15] M.Unser, A.Aldroubi, M.Eden B-Spline Signal Processing: Part I-Theory// IEEE
Transactions on Signal Processing. — 1993. — Vol. 41. — pp. 821-833

[16] T.Werther "Reconstruction from irregular samples with improved locality", Master's
thesis, University of Vienna, Dec. 1999.

[17] C. Cenker, Hans G. Feichtinger, Hermann M. Iterative algorithms in irregular sampling
A first comparision of methods. — 1992.

[18] A.Baums, Energy Consumption Optimization in Hard Real-Time System CMOS
Processors, Electronica and Electrical Engineering , N4 (68) , Kaunas 2006, pp.19-22.

[19] HT80CS1 User Manual, Philips Electronics N.V., 2005, pp. 1-133.

[20] Furber S.B., Day P., Garside].D, Amuletl: A Micropiplined ARM, GompCon 94, Sun
Francisco, March 1994, pp.290-299.

[21] Furber S.B., Garside].D, Temple S., Day P., Amulet2e: An Asyncheonous Embedded
Controller, Proc. IEEE. 87(2), Febr, 1999, pp. 290-299.

[22] Furber S.B., Edvards D.A., Garsidel.D., Amulet3: Asyncheonous EmbeddedProcessor,
Proc. Of the IEEE Intern.Conf on Computer Design, 2000.

[23] www.handshakesolutions.com/Products_Services/ARM996HS/ - 20k..

[24] M. Akay, Ed., Time-frequency and wavelets in biomedical signal processing, /[EEE

48


http://ao.osa.org/abstract.cfm?id=46530
http://ao.osa.org/abstract.cfm?id=46530

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

Press, 1998.

[25] JI.B. HoBukoB, OCHOBEI BEHBIIET aHAIM3a CUTHAJIOB. YUeOHOE TTocoome.
http://neuroschool.narod.ru/.

[26] M. Greitans, Signal dependent STFT-like Time-frequency analysis applicable for non-
uniform sampling. Submitted to the journal “Sampling theory in signal and image
processing” (preprint)

[27] E. Wigner, On the quantum correction for thermodynamics equilibrium. Phys. Rev., vol.
40, pp.749-759, 1932

49


http://neuroschool.narod.ru/

1. PIELIKUMS. PUBLIKACIJA ZURNALA ,,ELECTRONICS AND ELECTRICAL ENGINEERING”,
ISSN 1392-1215,N0. 4 (68), 2006, M. GREITANS, I. HOMJAKOVS, ENHANCED DIGITAL
SIGNAL PROCESSING OF SIGNAL-DEPENDENTLY SAMPLED SIGNALS.



ELECTRONICS AND ELECTRICAL ENGINEERING

ISSN 1392 - 1215

2006. Nr. 4(68)

ELEKTRONIKA IR ELEKTROTECHNIKA

SIGNAL TECHNOLOGY

Ti21

SIGNALY TECHNOLOGI1JA

Enhanced Digital Signal Processing of Signal-dependently Sampled

Data

M. Greitans, 1. Homjakovs

Institute of Electronics and Computer Science, University of Latvia,
14 Dzerbenes str., Riga, LV1006, Latvia, phone: +371-7558203, e-mail: modris_greitans@edi.lv

Introduction

The evolution of electronic circuits has been
drastically advanced during the recent years. Introduction
of new nano-materials and technologies allows to
miniaturize devices considerably. As a result, engineers are
developing much faster, more complex and smarter
systems. This progress makes them attractive for expanded
range of applications. A System-on-Chip (SoC) technology
is considered as a revolutionary approach in electronics. It
means the packaging of all the necessary electronic circuits
and parts for a "system" on a single integrated circuit [1].
For example, a system-on-chip for a sound-detecting
device might include an audio receiver, an analog-to-
digital converter (ADC), a digital signal processor,
necessary memory as well as the input/output logic control
for a user. Consequently, SoC may contain digital, analog
and often mixed-signal functions — all on one chip.

Most of today's electronics systems are based on
synchronous paradigm - the work of a whole system is
ruled by a clock. All the states in a design have to be
changed at the same time. Since the systems constantly
become more sophisticated and capacious, it is established
that 10-30% of their resources (size, power consumption
etc.) are wasted to circuits, which provide the synchronism
of the device. Thus, it is relevant to explore other
paradigms for development of future microelectronics
based on alternative and innovative solutions.

One of the alternative approaches, which was
introduced in the mid 50s and now receives increasing
interest, is asynchronous logic. The key benefits of the
asynchronous system are lower power consumption,
absence of the clock screw, reduced heat elimination,
lower EMI, automatic adaptation to physical properties,
etc. [2]. Asynchronous design is characterized by the
absence of a global clock, instead of that the system is
driven by events, which arise during the execution of
actual task. Such a change of paradigm leads to a drastic
rearrangement in electronic designs by complete rethinking
their architecture and signal processing methods.

Typically the information obtained from sensors has
continuous time nature, while modern signal processing

techniques are based on digital methods. The conversion
from analog (continuous) to digital (discrete) presentation
of the source data is being performed by ADC. In systems
designed according to synchronous paradigm, ADC is
driven by system clock. If uniform sampling is used the
ADC clock frequency is determined by Nyquist theorem. If
non-uniform sampling is involved, the mean sampling
density can be below the Nyquist rate, however the
sampling point flow is still derived from the clock. The
asynchronous systems do not have a clock at all. That leads
to the question - how to manage the analog-to-digital
conversion in a case without clock? The asynchronous
circuits on its merits are event-driven, so also the signal
sampling process should be organized by events, which are
got from the information presented in signal. New class of
ADCs based on signal-dependent sampling schemes has to
be developed.

The three most popular types of signal-dependent
sampling — zero-crossing [3], reference signal crossing [4]
and level-crossing [5] are illustrated in Fig. 1. Naturally,
each of them has its own advantages and limitations,
however there are some important joint features, which
have to be taken into account performing the processing of
signal-dependently sampled data:

1. in general case the signal samples are spaced non-
uniformly,

2. it is impossible to determine the sampling time
instants in advance,

3. local sampling density depends on local statistical
characteristics of signal.

In this paper the samples obtained by level-crossing
approach are chosen as an example of input data for digital
signal processing. However, the developed methods are
useful also for other cases of signal-dependently sampled
data.

Non-uniformly spaced data

The techniques of non-uniform sampling are discussed
in literature for many years [6]. In most cases the problem
is stated from the following point of view - how to
calculate the sampling time instants in a way, which allows



to gain some advantages during the processing. The
suppression of frequency aliasing effect can be quoted as
an example. In this case the sampling point flow is
deliberately pseudo-randomized, and it has to satisfy
certain requirements. The statistical characteristics of such
a sampling process are independent of input signal. In
electronic design that leads to the task to clock the
“classical” ADC at predetermined, non-uniformly spaced
time instants with high accuracy.

The signal-dependent sampling also provides signal
samples at the non-uniformly spaced time moments. Their
nature and properties can considerably differ from
deliberately pseudo-randomized case. Let us discuss, as an
example, the level-crossing sampling approach. Higher
frequency in a spectral presentation of signal provides
faster changes in its waveform. If sampling is organized as
events of levels crossing that leads to the higher density of
signal samples (see Fig.1.c). Statistical characteristics of
obtained sampling point flow directly depend on input
signal. Furthermore, if a signal waveform has some
regularity, the event flow of level-crossing sampling has
the same regularity as well. As a result of this effect, the
following problem can be stated - the methods developed
for processing of deliberately non-uniformly sampled data
can be impracticable for signal-dependently non-uniformly
sampled data. This situation will be illustrated in the next
section.

General Discrete Fourier transform

The classical method for digital signal analysis is a
pair of Discrete Fourier Transform (DFT). The direct DFT
allows to obtain the spectral values from N signal samples
if they are equidistantly spaced in time:

X(m)= Y x(n)exp(—j2mmn/N) .
n=0

(M

The inverse DFT allows to reconstruct signal values in
time from signal spectral values at equally spaced
frequencies:

N-1

x(n)=— > X(m)exp(j2mmn/N). )
m=0

In practical applications typically exist two

restrictions — the bandwidth of signal spectrum is limited to
some higher frequency €, and the observation of signal
waveform is limited to some duration ®. The discrete

signal samples x, =x(¢,), n=0,N—1 are obtained by
sampling procedure and they can be located arbitrary along
the time axis. The general form of DFT, that enables the
processing of non-equidistantly spaced data, can be
expressed as:

N-1 m
X = DX, exp(—jZﬂ—tnj.
n=0 C

3)

The band-limited nature of the signal provides the

m

restriction form : ‘ <Q.

10

CUALL T AL AL,
Fig. 1. Signal-dependent sampling schemes: a) zero-crossing; b)
reference signal crossing; c) level-crossing

In the uniform sampling case expression (3) conforms
to the formula (1). If appropriate deliberately non-uniform
sampling scheme is used, expression (3) provides quite
good spectral estimation for the cases, where sampling
density is equal or higher than the Nyquist rate. Moreover,
it is possible satisfactorily to estimate the spectral content
of signal even if sampling density is below the Nyquist
rate. The sampling point flow has to suppress the
frequency aliasing for that. However, if formula (3) is
applied to the data acquired by level-crossing sampling, the
obtained result not always is adequate, despite the fact that
signal always is oversampled. Let us illustrate this
statement by a simple example. The mono-harmonic signal
with frequency f is sampled by 3-bit level-crossing ADC

(7 levels). The spectral estimate obtained by formula (3) is
shown in the Fig. 2. In addition to the spectral component
at the true frequency (~0.0955 Hz) spurious components at
the higher odd harmonics appear as well. Note, the issue of
spurious components is not due to the frequency aliasing
effect connected with insufficient sampling density, but
due to specifics of signal and non-uniform samples
obtained by level-crossing approach [5]. It leads to the
conclusion that specialized enhancement of DFT should be
derived to process the data acquired in such a way.

On the base of the Fourier series we can reconstruct
the signal waveform from its spectral estimates by the
following formula

x(t) = %Xm exp(j27tf,,) , 1 €[0,0],
m=—M

“4)
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Fig. 2. Spectral estimate of sinusoidal signal with

fo =1222/0 (©® =128s.) sampled by 7 levels-crossings

where f,,

8 Using the information about original

signal x(¢#), we can construct a reconstruction error as
£(t) = x(¢t)— x(¢) . The initial part of it is illustrated in the
Fig. 3. The values &, =&(t,) of reconstruction error at
the sampling point instants ¢, are shown by bold points.

We can observe that the reconstruction error between
samples used to be considerable higher than ¢, values. If

sampling is based on the classical scheme, where sampling
points are determined in advance, there are no restriction to
the behavior of reconstructed signal between samples. In
the case of level-crossing sampling the situation differs.
Each level crossing is defined as an event and
characterized by signal sample. Between them the
waveform of reconstructed signal should not cross any
level. Consequently the reconstruction error has to be
minimized not only at sampling time instants, but also
between them with the same accuracy. The minimization
task

(€]
Igz (t)dt — min
0

)

can be defined on the understanding that the signal values
are known only at sampling points and the reconstructed
signal is described by the expression (4). The minimization
problem has to be solved with respect to spectral
estimates {X, } .

T : :
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S04\ : :
L 1 1
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£ 0 o= Y 7
g
£-0.4
Q
~
-0.8
-1 - - .
0 1 2 3 4 5
Time [s]

Fig. 3. Reconstruction error function (black curve) and zero-order
interpolation (red piece-wise constant line) of &,, (bold dots)
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The solution of (5) can be based on two different
approaches:
1) signal samples {x,} are interpolated within the time

interval [0 @]
expressed  as £ () =%()- Y X, exp( 27 t) ,
m

and the reconstruction error is

where X(¢) is interpolated signal;
2) error samples ¢, = x, —X, are interpolated within the

time interval [00], and X, = > X,, exp(j27f,,t,) -

m

Enhanced DFT based on signal interpolation.

Signal interpolation easily can be done by connecting
the sample points with polynomials p f, (¢) oforder k,ora
band-limited interpolation can be performed as a sum of
time-shifted sinc functions.

Let us rewrite (5) taking into account that signal
samples are interpolated:

® M 2
I[}?(t)— ZX,(nx)exp(j27g”mt)J dt >min.  (6)

0 m=—M

To find the minimum, all the individual derivatives of
X,, have to be considered as being equal to zero. We

obtain 2M +1 linear equations

k=—M

€]
2f (f(r)— S x( exp(jzmt)j exp(2afyt)dt =0 (7)
0

for m = — M, M . Taking into account that f,, =%

{exp(/274 1)}

interval [0 ®]. Thus we can write:

, the

is a set of orthogonal functions into

e
X5 =— [%(r) exp(j2af,,1)dt (8)
0

1

C]
The expression (8) is similar with the formula of

calculation of Fourier series coefficients for signal x(¢) .

If signal samples {x,} are interpolated with zero-

order polynomials (like a piece-wise constant line in the
Fig. 3), we obtain

Intinl
w0 ! 2 .
Xy = an jexp(127y’mt)dt:
n=0 [ |
¥ty ©)
j N-1 ] ) ,
= 2% €xp(j27f N1 —exp(= 27, At")),
de n=0
where At'n = Lot “lt. .
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For piece-wise linear interpolation between the

samples we can use polynomial pi, =a,t-t,)+x,,

where a, =—2%, Ax, =X, —X,_1,At, =t, —t,_1, which
n
gives:
X O _ y(x0) 12_
(247,n)
N-1
=Y a, exp(2af,,t, \1—exp(= j2 1AL, )+ (10)
n=0
N_l . .
+ anAtn CXp(]Ziy{mtn )CXp(—]Ziy{mAtn)
27yfm n=0

Another approach is based on interpolation of {x,}

with sinc functions. As the bandwidth of signal is limited
to Q, we can write:

i K-1
FE (1) = Y ¢psinc(2Q(: — k7)),
k=0

(11

where T = %,K :kT < ®. Amplitudes c; can be found
from a linear equation system:

X, = ;(sinc) (t,) -

(12)

In this case the enhanced discrete Fourier transform

becomes

x) = e explc j2a7, k7). (13)

k=0

Note, the last method, besides the DFT complexity of
calculations, requires the solution of linear system with N
equations and with 2M +1 unknowns.

Enhancement of Discrete Fourier transform based on
interpolation of error samples.

Like the interpolation of signal samples the continues
time reconstruction error function £(f) can be obtained

from its values &, =x,—Xx, at time instants{z,}. The

estimates of reconstructed signal are calculated as
X, = 2. X, exp(j27f,,t,) . The problem (5) in this case
m

can be interpreted as minimization of area under the
function & 2(t). If 83 is interpolated by zero—order
polynomial the minimization task becomes as:

N-1
Z {xn -

M 2
Y x(E0 exp(j27y’mtn)j Aty > min.  (14)
n=0

m=-M

After the derivation the system of linear equations is
formed

N Mo
2) = DXy exp(24ity) |eXD(2A ) X

n=1 k=—M
xAt;, =0 (15)
This system rewritten in matrix form is
wx =X .@.yr, (16)
where @,,, =exp(j274f,,t,) and v, = @, - AL, .
Solution of (16) can be found as
X0 = (p.x). (@ ¥, (17)

where (-)T and (-)_1 denotes the transpose and inverse

operation of matrix respectively.

The first-order polynomial interpolation of error
function samples provides the following minimization
task:

1(N=2 ) N-1 )
| Y e an,+ Y 2 A,y |>min.  (18)
2 n=0 n=1

It looks like a sum of two zero-order interpolation
problems. The solution in this case is similar to the
previous one expressed as (17):

1
X(S]) — (‘l’” . X’ + lI‘” . X’)(Q" . lI‘”T + ®" . lI‘”T)7 R (19)

where ®',¥',x’ and ®",¥",x" matrices are formed from
®,¥,x by using indexes n=0,N—-2 and n=1,N-1
respectively.

12
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Fig. 7. Spectrum of mono-harmonic test-signal estimated by
signal-dependent transformation

Simulation results

The performance of described algorithms has been
investigated by computer simulations. The above
mentioned single-tone sinusoid has been used as a test-
signal. The input data are acquired from © =128[sec] long

observation as events of 7 levels-crossings. The frequency
of test-signal is 12.22/0 =~ 0.0955[Hz] that does not lie on

the frequency grid of Fourier series. The number of
acquired samples is N =172.

The spectral estimate obtained by General DFT
(expression (3)) and illustrated in Fig. 2 can be used as a
reference, which allows identifying the improvement of
processing, when enhanced methods are exploited. The
Fig. 4 shows spectral result obtained by first-order signal
interpolation algorithm (expression (10)). Although the
amplitudes of higher spurious harmonics are decreased for
about 5dB, they are still considerable. The complexity of
this algorithm is few times higher then DFT. The zero-
order signal interpolation gives slightly worse result.

The band-limited interpolation with sinc functions
(expression (13)) provides improved spectral presentation
of test signal, which is shown in the Fig. 5. The spurious
harmonics are suppressed. The drawback of this algorithm
is that beside the DFT calculation it requires the solution of
the linear equation system as well.

The similar mathematical complexity is also for
methods, which use reconstruction error interpolation by

13

zero- or first-order polynomials. The results obtained in
both cases are quite similar, and therefore we present here
only the simplest case — zero-order error interpolation, in
the Fig. 6.

The common feature of all presented algorithms is
spectral analysis on the grid of Fourier frequencies
fm =m/0®. For the expressions (9) and (10) the

motivation is to build the orthogonal basis of
transformation. The expressions (17) and (19) can be
considered as unorthogonal transformations. That allows to
use also frequency grid with higher density, which can
improve spectral resolution. However, the necessity to
solve the equations system limits the grid — the number of
analysis frequencies has to be equal or less than the
number of samples. Note, the number of samples in signal-
dependent sampling case is not known in advance, because
it depends on actual signal properties. The method which
overcomes this problem is so called signal-dependent
Fourier transform described in [7]. The frequency grid of
this algorithm is independent on number of samples and
provides high spectral resolution. The Fig. 7 demonstrates
the spectral estimate obtained by this method, where
analysis grid is four times frequenter than in the DFT case.

The quality of simulated algorithms can be
characterized by integral value of squared reconstruction
error. The estimated values, averaged over different signal
phases, are summarized in the Table 1. It shows that all
methods decrease the reconstruction error in comparison
with GDFT. The obtained improvement can vary from
insignificant to several thousand times.

Conclusions

One of the basic tools in digital signal processing is
the Discrete Fourier Transform. In this paper we presented
several enhancements of DFT to make it convenient for
analysis of signal-dependently sampled data, particularly
paying attention to the level-crossing sampling. In this case
the samples are not only spaced non-uniformly in time, but
also its distribution depends on signal properties. The
periodical signal provides regularities into sampling point
flow, which leads to the appearance of spurious
components (harmonics) in the spectrum estimated on the
bases of conventional DFT analysis.

The level-crossing sampling technique determines not
only signal value at sampling time instance, but also the
rule, that signal values between two samples should not
cross any quantization level. This condition can be taken
into account during development of processing methods.
The proposed idea is to minimize the error between
original and reconstructed by Fourier series signals not
only at sampling time instants, but also between them with
the same accuracy. The problem lies in the fact that we
know original signal values only at sampling instants. Two
different approaches are considered. The first one is based
on obtaining continues time signal by interpolation of
known signal samples. The expressions for enhanced DFT
calculation are proposed for zero-order and first order
polynomial interpolation as well as for band-limited
interpolation with sinc functions. The second approach to
minimize continues time reconstruction error is based on



Table 1. Estimated reconstruction errors for different methods

Zero-order First-order interpolation Zero-order First-order Sienal-dependent
X, ignal-dependen
Method | GDFT |  x, |  x, withsine | 27 | % | DFT-like method
interpolation | interpolation interpolation | interpolation
(C]
jsz (t)dt 835 811 803 3.00 2.35 229 0.07
0
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Asynchronous circuits receive now an increasing interest. Their promising advantages can play a significant role in future
electronics' development. One of the factors, which delay the wide spread of the clock-less systems, is incompatibility with classical
clock-driven analog to digital converters and processing algorithms. The new ADC approaches, which are based on signal-dependent
sampling, are required, as well as convenient processing methods have to be developed. The paper presents the enhanced DFT-like
algorithms derived from the idea to minimize the signal reconstruction error not only at sampling points, but also between them with the
same accuracy. Two approaches for creating continuous time error function from its discrete values are investigated: 1) interpolation of
signal samples; 2) interpolation of error samples. Level-crossing sampling has been used as an example for signal digitizing. Achieved
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ateityje, tobulinant elektronika. Vienas i§ veiksniy, létinanciy platy sistemy, nenaudojanciy taktinio daznio, paplitima, yra ju
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Introduction

Portable system energy consumption reduction is of
primary importance in mobile embedded systems and SoC
design [1]. Dynamic voltage scaling (DVS) for CMOS
chips at this time is the most effective energy reduction
technology [2—11]. Usually there are no or few problems
for DVS using it for soft real-time system design or task
scheduling, where deadlines can be missed if the Quality
of Service is kept [9, 10]. In hard real-time systems it is
necessary to provide that the task never miss the deadline
and the energy saving is maximized. The problems arise in
on-line systems when at the ordinary task starting moment
the task execution time is impossible to know and the best
energy reduction regime can not be selected. In majority
investigations and publications periodic task executions are
analysed there with off-line determined execution times
and determined priorities. Then the popular hard real-time
task scheduling methods are earliest—deadlines first (EDF)
or rate-monotonic scheduling (RMS) for DVS based
energy consumption reduction is used [5, 6, 7, 8]. Few
investigations are made in the field of event drive single
stochastic hard real-time task energy consumption
reduction. In [12] there is a method of dividing the task
into multiple smaller sub-tasks with checkpoints for
dynamic power management or voltage scaling. By using
this method the energy consumption is reduced, but there
are not guarantee that for the last sub-tasks execution step
the deadline will not be reached. Method for the hard task
energy consumption on-/ine minimisation which is named
“mini-max” is proposed from author in article [11]. By
using it the deadline is guaranteed for the task execution at
the minimal power till the critical time ¢, after which the
execution is finished at maximal clock frequency.

Dynamic voltage scaling DVS

Power consumption of CMOS has two main
components: P~ — dynamic power consumption by

charging and discharging the capacitive load and P_ —

static power consumed, which is determined by leakage
current /;,, and for CMOS technology below 0.1 um can
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not be taken into account. Dynamic or switching power
2
can be estimated by: P ~C V f =C V /1, where: V
SW ef SW ef
— supply voltage, C . — capacitive load, f ~— switching
frequency and T, — cycle time.

The time and energy consumption optimisation by
using dynamic voltage-time scaling DVS is based on
power AP; consumption minimization for task step i,
duration the slack time s;. In cases when the real task

execution time t; is smaller then the worst case execution
time WCET;:

Si:WCETi —t. (1)
For hard real-time system: WCET; < D (D deadline)

——— WCET, ——¥

Si.

Fig. 1. Time connections for the task step i

For voltage or (and) frequency scaling different
program controlled CMOS chips are designed and can be
used: Intel XScale Technology (XA250, 80200) [14],
Transmeta Co. Crusoe (TM5400+-TM5800) [15], XILINX
Co. Virtex-Pro [16], Altera Co. NoislI [17].

Mini-max method for hard real-time task energy
consumption on-line minimization

The hard real-time single event driven stochastic task
energy consumption on-line minimization method is
developed by consideration that CMOS processor has a
wide supply voltage and clock frequency borders for
voltage and frequency scaling. For the stochastic task it is
necessary to assess the clock cycle 1. number N at the

WCET and at the best case execution time (BCET) .
number Npip. It can be made by simulation or executing



the task at some nominal frequency f; clock cycle 1., and
nominal voltage V,. By using the power cycle time
characteristic P, (t.) the cycle time can be adjusted in
region Temin +Temax and the cycle power consumption in
region Pepax + Pemin (Fig. 2.), where P, — cycle time power
consumption at nominal frequency f; and nominal voltage
V.

Pc
\
Pcmax """ ~N 7777
I
1
Pco U
1
1
Pemin [~ ' !
I
! |
Tcnl'ﬁn ‘tcn Temax

Fig. 2. Cycle time power consumption

Execution time characteristics at nominal voltage V
c

and frequency fw:

=t N =WCET, )

max co

t =1 N_ =BCET, 3)

'mi in

Smax =D- Tco N min- (4)
By using mini-max method in the worst case,

when.t;,= WCET; = D and s; = 0, the task execution is

started at minimal power P, and continued till instant t,

after which in time interval Tp =D - t,, the execution is

finished at maximal frequency and min clock time Ty,

(Fig. 3).

Tp

Pcmax

Pcmin

—>

T(JWIHX' NI D

Fig. 3. The presentation of task execution critical time z,,

In Fig. 3 by N' the number of instructions executed at
maximal long clock cycles is denoted. This number and
time intervals t., and Tp can be calculated from equation

5):

Temax- NI +Tcmin ( Nmax - NI ) = D, (5)
NI = ( D- Temin Nmax )/( Temax- = Temin )a (6)
ter =Temax Nla (7)

Tp= D - Temax. N. (®)
From here the energy consumption at WCET:
E max = Temax Pemin N'+ Pemnax Tp. )
The task energy consumption E at the dynamic (on-
line) scheduling when T¢pax N.<D-Tp:
E, =T P, Ni, (10)
E =T P N +7mnP  (N-N),  (1D)

Ci cmax (

cmin

or
1
=1 . + (T -
ECi Tt,mm Pcmax N (TLde Pcml

n

- Tcminpcmax) Nmax (Tcmax - Tcmin)/(rcc'Tcmin) (12)

To estimate the benefits of the mini-max method it is

necessary to compare this energy consumption with the

energy consumption at task static (off-line) scheduling, i.e.

that at every instant of task start it execution time t; is

known (for example calculate at task compilation). For

different hard deadline situations the execution at different

t; can be estimated by using simple expressions represented
in Fig. 4.

P.. E min— Pcmin Temax Nmin
cmin
1
E=Pta N
Pci
PCO
E max Pco Teo Nmax

Fig. 4. Energy consumption at the task static scheduling

Uniform random distributed task execution time flow
is proposed forthe mini-max method investigation. For
simplicity uniform distributed by constant step Ay clock
cycle discrete number N, and corresponding constant step

A, slot time s; ., values are used.
The single task energy consumption E;_, includes
two components E; and E, for the task execution times t;.=
I
tcr —<TC max N .

El =z:ik Pc min T¢ max » (13)
else
E2 = (n'k)Pc minTc max + Pc max Tc minzk-*-ln (Nmax - NI_
- (n-k-1) Ay) (14)

Mini-max method was proposed in [13] and
quantitative estimation of an Example was made.
Experimental obtained P(t.) characteristic was used and
work point T, =1 ps ( w 1 MHz ), PC0 =6 nJ; Temax =
3us, PCmin = 0.5 nJ; Temin = 0.4 ps, PC . 14 nJ, N e
1000, N . = 100 and deadline D =1000 us are selected.

When WCET = D and BCET t;p,, = 100 ps, then by using
(6), (7) and (8): N' =230, t,= 690 us and Tp=310 ps. The
energy consumption is calculated for Ay = 100 and for all
corresponding slot times s;,, = {0,100, 200, ..., 800,



900 ps}and the results of estimation as E; 4, mini-max are
represented in Fig. 5. For comparison there are represented
curved lines calculated using the same workload: for task
execution at nominal clock frequency fco (Ei o at Te) and

for task execution at off-line voltage scaling (E ; i off-line
DVS).

E.

' Eicoattco A-8--0-1--
6000 ] Ei off-line DVSa o o_
5000 Eigin min-max ___
4000 —E\:\

3000
2000 A
1000
N
0 100 300 500 700 onn
~1

Fig. 5. The graphical presentation of the task energy consumption
at different scheduling

The joint energy consumptions for task cycle
including 10 tasks with different slot times s, = {0, 100,
200, ...800, 900 us} was calculated using (13) and (14):
E.m = E; + E, = 22000 nJ. For identical tasks and
workloads the energy consumptions for the task execution
at nominal clock frequency E ., = 26000 nJ and task
execution at off-line voltage scaling, E ¢ = 33000 nJ. The
gain from the mini-max method using for energy
consumptions in % can be estimated by using two
characteristics

8 st— ( Est - Em»m )IOO/Est
and 8 co=(Ec Enm )100/ Eq,.
For the above example: & = 15% and & ., = 33%.

The mini-max method benefit boundaries estimation

At first the influence of Ty on Eg, was
investigated. The value of T . Was adjusted from 1.5 ps to
5 ps and the energy economy results in % were compared
with energy consumptions Ey and E., The results of
estimation are presented in Table 1 and Fig. 6.

Table 1. Results of estimation

NO' Tcmaxs 8 sty 6 coY
us % %
1 1.5 3.5 13
2 2.0 8.8 22.5
3 2.5 12.5 29
4 2.8 16.5 34
5 3.0 15.5 33
6 3.5 12.5 31
7 4.0 6.0 25
8 4.5 -1.5 20
9 5.0 -19.0 6.0

21

8%

30 .

20 2 =

10 /

\ Temax
0
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Fig. 6. Energy consumptions: O (Temax ) %0 - - B - - - - H---B-

6c0 (tcmax ) % —4—0—-1—

The value of Temax = 3 1s which was used in Example
is close to the optimal value T¢p.x = 2.8 us

At second the influence of 7T.n, on E,., was
investigated. The value of .y, was adjusted from 0.2 to
0.65 ps and the energy economy results in % compared
with energy consumptions Ey and E., The results of
estimation are presented in Table 2. and Fig. 7.

Table 2. Results of estimation

No. Temins ) sts 6 €0.5
s % %
1 0.2 31 75
2 0.3 24.5 40
3 0.4 15.5 33
4 0.45 13 31
5 0.5 10 28
6 0.6 -0.1 21
7 0.7 -4.0 20
S %
40 .
LN
30 R
ij ]
10 !
0 X
0.2 0.4 Oé\ﬂ Temin
-10

Fig. 7. Results of estimation: & g (Tepin) %o —+—0—0—
Ost(temin) o _ M m  m__

It follows from Fig. 7, that by using mini-max method
the energy economy can be a raised at task execution at
small T.;, or by increasing the maximal clock frequency

fcmax~
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MuHUMHU3AIMS SHEPronoTpedIeH s SBISIETCS IEPBOOYEPEHON 3a/1aueii PH CO3IaHUU MOOWIIBHBIX M OAHOKpHcTaibHbEIX CMOS
cucteM. Hanbonee s¢dexTuBHON TexHONOrHeH st aToro siBisiercs DVS (auHamudeckoe MaciiTabupoBaHue HampsbkeHueMm). Ha ee
OCHOBE CO37[aH MeToJ| onTuMmm3auuu sHepromorpednenus s CMOS mpoueccopoB ,,mini-max”. CoriacHo ¢ 3TUM METOAOM IpH
BBINIOJIHEHHH 3aJ1a4 MOJKHO OIIEPaTUBHO rapaHTHPOBATh )KECTKHE BPEMEHHBIE OIPAHUYCHHUS M ONITHMAJIBHOE MOTPEOICHUE SHEPTHU. DTO
JOCTHraeTcsl pean3alyeil 3a1aul ¢ MHHUMAJIBHOW 4YacTOTOW M SHEPronoTpebIeHHeM OO ONpPEIeNICHHOTO0 KPUTHYECKOrO MOMEHTA,
HocJie KOTOPOro BBIMOJHEHUE 3aBEPIIACTCsS Ha MAaKCUMalbHOM yacToTe. B paboTe npeacTaBisiioTcs pe3yJibTaTbl aHAIM3a BO3MOXKHOCTEH
METO/Ia Mini-max W MPHUHIMIBI OMPEICICHUS €€ ONTUMAIBLHOrO YacTOTHOro pekuma. M. 7, 6ubm. 16 (Ha aHIIIHIICKOM SI3BIKE;
pedepaTbl Ha aHMIUICKOM, PYCCKOM M JIATOBCKOM 513.).

A. Baums. Energijos suvartojimo optimizavimas realaus laiko sistemy KMOP procesoriuose su griezZtais laiko apribojimais //
Elektronika ir elektrotechnika. — Kaunas: Technologija, 2006. — Nr. 4(68). — P. 19-22.

Energijos sanaudy minimizavimas yra ypac¢ svarbus veiksnys projektuojant mobilios paskirties jterptines sistemas ir vienkristales
KMOP sistemas. Pati efektyviausia Siam tikslui technologija yra DVS (dinaminis jtampos keitimas). Jos pagrindu sukurtas CMOS
procesoriy energijos sanaudy optimizavimo minimumy ir maksimumy metodas. Atliekant §iuo metodu uzduotis galima operatyviai
garantuoti grieztus laiko apribojimus ir optimaly energijos vartojima. Tai pasiekiama atliekant uzduoti esant minimaliam dazniui ir
energijos suvartojimui iki nustatyto kritinio laiko, po kurio vykdymas uzbaigiamas maksimaliu dazniu. Darbe pateikti metodo ,,mini-
max“ galimybiy analizés rezultatai ir jo optimalaus daznio rezimo nustatymo principai. Il. 7, bibl. 16 (angly kalba; santraukos angly,
rusy ir lietuviy k.).
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abilities and application of level-crossing sampling

INTRODUCTION

O Chips become more bigger and complicated.
O Complicated to provide qualitative synchronization in high
frequencies to all parts of chip.

(10...30% of power consumption goes to distribute clock over chip)

O Alternative — clock-less systems.
(benefits: low power, low EMI, less heat elimination, etc.)

O Clock-driven ADC can be substituted by level-crossing ADC.
(event-based, signal-dependent sampling)

ELECTRONICS’2006 « Kaunas May 24 « #2




abilities and application of level-crossing sampling

LEVEL-CROSSING SAMPLING PRINCIPLE
clock-driven ADC

signal-driven ADC

At

. 1
JFLIIIHIIIIIIIIHIII|I|I||IHI|II||III|IS [ | | |
i
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abilities and application of level-crossing sampling

LC-sampling features

Q Signal-to-(quantization) Noise Ratio:

- classical ADC SNR; =1,76+6,02n

where n — number of bits

. . 3P, 1
- level-crossing sampling  SNR; =10Iog( P*J+20Iog( ]
timer

X'

where Ty, — period of timer
P, — power of signal
P, — power of derivative signal

Does not depend on the number of quantization levels
Depends on precision of timer
Depends on properties of input signal
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LC-sampling features
Q Sampling density depends on spectral content of signal

X(®) x()
S
;(o ;co
fup fo

Band-limited Gaussian process with Single sinusoid signal

zero mean and constant PSD: x(t)= Asin(2f,t + )
2f —I?

For level | E[O'u]: up exp( - J o=2R,f
V3 T 4sfy b

s where R, — total number of different
total Elo]= Z oy levels crossed by signal.
k=1
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abilities and application of level-crossing sampling

LC-sampling features

Time intervals between two adjacent samples:

Single sinusoid signal: At = 1 (arcsin(%j—arcsin(lk+ljJ

A

around extremes

At =—| T _arcsin| Ll
oy | 2
General case — the upper and lower bounds:
Al
. Z min T o)
™ max((x/(t) max

where
Al ., minimal distance between two quantization levels
X’(t) — derivative signal
ELECTRONICS'2006 * Kaunas May 24 * #6




abilities and application of level-crossing sampling

density, pts

1800

Simulation results |

Sample density over signal frequency
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Classic ADC

Simulation parameters:

Bit count: 4 bit

Signal length: ®=128s

Frequency sweep from: 0 till 0.5 Hz step 0.05Hz

Level-crossing ADC

| Sample density in level-crossing ADC
\ | depends from signal frequency, but in

traditional ADC it remains constant.
1

0
0

005 01 015 02 025 03 035 04 045 05
frequency, Hz

Two types of signals: band-limited noise and sinusoidal
Signal length: ®=128s

Frequency: 30/ ®

Number of bits: 4

Amplitude of signal: 1V
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abilities and application of level-crossing sampling

10

Increasing levels sample density is decreasing ~ *°

Simulation results I
Band-limited noise signal

Sample density over levels Sample density of band-limited noise and
sinusoidal signal using level-crossing
N theoretical sampling.

Sinusoidal signal

Sample density over levels
35

30

25

20

Samples

-1.5 -1 -0.5 0 0.5 1 15 2 25
level value 15

0 L " 1 L
-1.5 -1 -0.5 0 0.5 1 15

level value
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3.

Simulation results Il

5 Level error histogramm
5

Error distributed constantly . Classic ADC
between quantization levels Sinusoidal signal

s Level error histogramm

Classic ADC 1
| Noise signal | 03
.5 b

%2 0 q/2

%2 0 a2
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abilities and application of level-crossing sampling

pts

Simulation results Il

Timer resolution Tj,=0.2S
Increasing T, resolution quantization error decreases and width of
distrebution decrease.

Distribution of quantization error 12 Quantization error hist

10

0 a2 -?1/2 o a2
quantization error quantization level
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Potential applications

O Non-stationary (in time) signals
X() « Signal waveform changing

rapidly samples are spaced closer.

U Signals with rare peaks (in magnitude)
In classic ADC case rare peaks introduce t/\

quantization error.

| n
Level-crossing ADC have bigger distance [\/ \/ UWW U V \} WWUUUU \/ \/

between two samples. T

U Transient signals 0

ELECTRONICS’2006 « Kaunas May 24 « #11

abilities and application of level-crossing sampling

CONCLUSIONS
U The main abilities of level-crossing sampling discussed.
U SOQNR can be improved by increasing the precision of timer.
U Sampling density reflects the spectral contents of signal:
(if signal waveform is changing rapidly, the samples are spaced
closer)

U Samples are spaced non-equidistantly — specific DSP is required.

U Application for analysis of transient signals, non-stationary signals
and signals with rare peaks

ELECTRONICS’2006 « Kaunas May 24 « #12
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Virtual instrumentation in an extended frequency range using
Digital Alias-free Signal Processing

Modris Greitans

Institute of Electronics and Computer Science

Key words: Virtual instrumentation, data acquisition, non-uniform sampling,
digital signal processing

Abstract:
The paper presents an advanced Virtual instrumentation approach, which allows the
handling of radio-frequency and microwave signals in real-time using standard PC
interfaces for data transfer from data collection hardware. Signal acquisition is based
on a non-traditional data capturing method — non-uniform sampling, which allows the
suppression of frequency aliasing effect and, thus, the extension of the frequency range
of processing. Appropriate algorithms of signal analysis have to be used to take into
account non-uniformities of sampling and a priori information about signal. LabVIEW
graphical development system can be used for VI software designs. The proposed
approach could be effective for extending the use of virtual instrumentation principle
to application areas, where this has not been possible so far.

1. Introduction

A digital measurement system typically consists of sensors, which deliver an electric signal,
signal conditioning, data acquisition and processing, as well as result visualization and
instrument control. Virtual instrumentation is a computer-based system that refers to the use
of general purpose computer in combination with data collection hardware devices and virtual
instrument software. This approach is an interdisciplinary area that includes sensing, hardware
and software technologies in order to create flexible and sophisticated solutions. The typical
structure of a personal computer based measurement system with virtual instruments is
illustrated in Figure 1.

communication
interface

Data
Sensor aqusition
hardware

Figurel. Typical structure of virtual measurement system.
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Table 1.
Wired Wireless
Fire Wire
Interface | Rs232 | EPP |pcl-E16x| usB | -1geE | Y33 | goo1g B'”eh' ZigBee
1394b SCSI toot
Data rate | 115kbps | 1.8MB/s | 250MB/s | 480Mb/s | 800Mb/s | 320MB/s | 54Mb/s | 1Mb/s | 250kbps
Distance | ~15m | 15m | onboard | 5m 4.5m im ~50m | 10m fgot;

A plug-in data acquisition board or externally connected data collection hardware transforms
the PC into a digital device capable of collecting continuous time signals from sensors and
sending commands to actuators. Computer monitor and keyboard (and/or mouse) replace the
front panel of the traditional instruments and, in fact, with enhanced features. One can
imagine that operating with more powerful PC, more sophisticated software tool and more
improved hardware devices, engineers and scientists can create user-defined systems that
meet their exact application needs. However, such a concept does not always comply with
reality, because there is one more factor, which can influence the performance of the whole
system. The data transfer rate of the interface for communication between the data collection
hardware and the computer is limited.

Depending on the type of connection to the PC, interfaces can be classified as wired and
wireless. Wireless interfaces are increasingly used due to their convenience. Typically they
include 802.11 family of standards, Bluetooth and GPRS/GSM interface. Wired connections
are serial buses (RS232, USB) or parallel interfaces, such as EPP, GPIB, SCSI and PC system
buses (i.e. ISA, PCI, PCI-X). Therefore, the throughput between data collection hardware and
CPU of computer can be up to few hundred MBps for integrated systems, up to several tens of
MBps for distributed wired systems and up to few MBps for wireless systems. The Table 1
summarizes the basic parameters (data transfer rate and distance) of standard interfaces used
by computers.

Traditional Digital Signal Processing (DSP) is based on analog-to-digital (A/D) conversion
which provides uniformly spaced signal samples. The well-known Nyquist criterion states
that the sampling rate must be at least twice as fast as the highest frequency component in the
input signal. In real-time system the bandwidth of interface has to ensure the transfer of all
captured data without loss. Consequently, the data transfer rate of the interface determines the
possible sampling frequency of A/D converter. To prevent distortion due to frequency
aliasing, the analog anti-alias filter preceding an ADC have to be used. In such a way the
limited throughput of interface limits the frequency range of virtual instrumentation too, and
its application for analyzing high frequency signals is restricted.

2. Digital Alias-free signal processing technology

Digital signal processing operates with digital data. The representation of a continuous time
signal by sequences of their samples is based classically on the famous Shannon sampling
theorem, which determines that samples are spaced equidistantly. Such representation
provides the appearance of aliasing (periodicity of spectrum) into frequency domain. The
bandwidth of analysis is connected with the time period between samples. In the traditional
DSP case, the only way to expand the bandwidth of analysis is increasing the sampling
frequency. However this possibility is limited. In addition such an approach produces an
increased number of bits requiring more complicated operation of data transfer.

An alternative way of achieving the capability of fully digital processing of wideband signals
is the elimination or suppression of aliasing. In this case the non-traditional principles of
analog-to-digital conversion has to be involved and so called alias-free processing approaches
have to be exploited.
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Digital Alias-free Signal Processing (DASP) is an advanced DSP technology for processing
radio-frequency and microwave signals in a direct digital way. The highest frequency of the
signals to be processed in this way is not necessarily limited by half the sampling rate. This
extraordinary performance is achieved by sampling signals in a special non-uniform way
leading to suppression of frequency aliasing. The digital processing of signals with
frequencies up to GHz can be handled with mean sampling rate, which corresponds to the
achievable data transfer rates of standard PC interfaces.

The advantage of DASP technology is basically due to the usage of special signal digitization
and processing techniques. The substance of DASP Virtual instrumentation is determined by
two blocks — the special sampling driver in hardware and specific DSP algorithms in
software. While the essence of the idea of introducing non-uniformities into the sampling
process seems to be elementary, its implementation is actually not so trivial.

3. Data acquisition hardware with non-uniform sampling driver.

The theoretical background of the possibility of suppressing frequency aliasing originated in
the 60th of the 20th century. However, the first intentions of implementing the theoretical
ideas of non-uniform sampling into hardware systems appeared only after a few decades.

An alias-free Signal Recorder & Analyzer built in 1995 can be named as the first system,
which deliberately pseudo-randomized the sampling procedure and digitally processed signals
in the frequency range dc-350MHz while the mean sampling rate is about 200MSamples per
second (MSps) [1]. International recognition for such an approach was obtained by the DASP
Lab System [2], which was awarded the European IT Prize in 1997. DASP Lab System
performs fully digital analysis of signals in Time, Frequency and Modulation Domains in the
frequency range up to 1.2 GHz using the mean sampling frequency 80MSps. The wideband
RF signal digitizer [3] can be mentioned as a recent development of data collection hardware
devices, which are based on deliberately non-uniform sampling scheme. The main parameters
of a digitizer are: the alias-free input signal bandwidth - 669MHz, spurious-free dynamic
range - >55dB, mean sampling rate -53.5 MSps, resolution - 12 bit. The hardware design of
this data acquisition device is illustrated in the Figure 2. As can be seen, the board consists of
just a few chips: ADC, FIFO memory, sampling driver and interface controller.

/

Clock Divider Shaper

Fine tuning
Delay
\
PRG Y
Input I
— ADC FIFO >

Figure 2. Schematic block diagram of DASP acquisition hardware.
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Table 2.
Rate 10-20 81-100 | 101-120 | 121-140 |141-200 | 201-250
Bits \J 1-10 Mb/s | Mb/s |21-40 Mb/s| 60-80 Mb/s | Mb/s Mb/s Mb/s Mb/s Mb/s
8 AD9057 AD9054 | AD9411 | AD9480
120MHz 380MHz | 700MHz| 750MHz
10 AD9203 AD9214 AD9216 AD9411
390MHz 300MHz 500MHz 700MHz
12 AD9237 AD9236 AD9432 | AD9433 AD9430
200MHz 500MHz 500MHz | 750MHz 700MHz
14 AD9244 AD6645 AD9445
650MHz 270MHz 615MHz
16 AD7400 AD10677 | AD9446 AD9461
100MHz 210MHz | 540MHz 610MHz

As an essential fact it should be stressed that the implementation of A/D conversion of DASP
digitizer can be based on conventional ADC chips, because their input bandwidth typically is
much wider than the maximum sampling rate. This feature allows the carrying out of the
principle that the frequency range of analysis exceeds the mean sampling rate, which
determines also the data transfer rate. The Table 2 shows the examples of available ADCs,
which are grouped according to the data transfer rates in different columns and according to
the resolution bits in different rows. The actual input bandwidth of each ADC is displayed
into the cell below the ADC model. It can be found that the possible frequency range
extension varies about 4-12 times.

Unlike the traditional instruments, DASP digitizers perform pseudorandom sampling of input
signal. Sample values have to be taken at time instants predetermined with high accuracy
(picoseconds range). This requirement presents a serious engineering problem, because the
main hardware error, causing the noise like artifacts in processing results is sampling point
flow fluctuations or jitter error. To control the operation of pseudorandom sampling, special
sampling driver has to be developed. The Figure 3 illustrates the structure of the DASP
digitizer [3]. The sampling pulses are formed combining digital (clock frequency dividing)
and analog (pulse delaying) operations, which are managed by the use of pseudo-random
number generator (PRG). It should be stressed that all circuits used have to be extremely
precise to provide very accurate timing. For example, the device presented in [3] uses the
clock frequency 669.3266 MHz, which ensures low-jitter timing grid with 1.494 ns step.

Figure 3. Hardware design of DASP digitizer.
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That supports alias-free analog bandwidth only up to 335 MHz. To reach wider bandwidth for
DASP applications an additional one-step controllable delay block is applied. It is designed
on the basis of an adjustable delay line with 33 ps/step. The mentioned structural solution
results in the actual sampling rate 53.546 MSps, where sampling instants are taken from the
supposed timing grid with 1338.653 MHz frequency. In such a way the alias-free analog
bandwidth 669.326 MHz is guaranteed.

In addition to the above-mentioned structure a test-signal source can be built into the
hardware, to provide the capability of calibration procedure.

4. Processing of non-uniformly sampled signals

Particular attention within DASP virtual instrumentation is focused on optimal signal
processing from its non-uniform samples. One way is to modify traditional algorithms (for
example, Discrete Fourier Transform) to take into account the variety of sampling intervals.
However, the achieved results are not satisfactory, if the sampling density is lower than twice
the bandwidth of the signal. To improve processing any a priori information about signal
properties should be taken into account.

4.1 Sequential component extraction (SECOEX)

An effective approach to analyzing the signals with discrete spectra is the so-called SECOEX
method [4]. Quite often the goal of spectral estimation is focused on the search for discrete
(sinusoidal) components. Commonly used DFT does not solve the task precisely, because it
acts on the predefined equally spaced frequency grid. If the signal contains discrete
component with the frequency located between the analysis frequencies, the result is not
always obvious.

The SECOEX approach is cyclic and based on the extraction of one discrete spectral
component in each cycle. The cycle includes frequency estimation of most powerful spectral
line, estimation of components parameters, and subtraction of this component from the signal.
Cycles are continued until the predefined limits (number of components or residual power)
are reached.

4.2 Spectrum support function

The estimation of continuous spectra in the extended frequency range, which exceed Nyquist
limit several times, is a more complicated task. Obviously, there can be many signals with
different characteristics that occupy the same spectral bandwidth, for example, multitone
signal, chirps, different impulses, variously “colored” or “white” noise etc. Each of these
signals has its own spectral characteristics. The basic idea of enhanced processing is not
supporting the whole frequency range equally, but of concentrating more processing on the
regions with more powerful spectral parts of the signal. To realize it the concept of spectrum
support function (SSF) can be introduced. This function determines the “weight of
importance” for each frequency of analysis. It can be considered that the traditional spectral
analysis approaches (for example, Fourier transform) typically operates with a constant SSF
in the whole frequency range of analysis. They do not separate the regions where the actual
components of the signal are to be found. If a signal to be processed consists of several
subcomponents placed within various separate locations in the frequency domain, it is not
reasonable to support the whole frequency band equivalently. Instead of that the processing
should be concentrated on the frequency regions of signal components. In this case the
spectrum support function can be constructed as a binary function, which has the value “0”
for frequency subsets that are not carried by the signal and the value “1” for the frequency
subsets that can be carried by the signal. If a signal spectrum is continuous in the whole
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frequency range, and there are several regions of differently powerful subcomponents, the
stepwise constant function can be used as spectrum support function.

4.3 Signal-dependent analysis

As a consequence of the above considerations we can assume that each frequency of spectral
analysis can be supported with a different weight. The question arises - how to select the exact
form of spectrum support function for each signal to be processed. The signal-dependent
analysis approach theoretically assumes an equivalence between the spectral support and
spectral density functions of a signal, or in the practical applications the spectrum support of
analysis is adapted to the power spectral density of signal. In the method described in [5], the
signal dependent spectral transformation method involves statistical characteristics of the
signal into transformation kernel through values of signal autocorrelation function, which is
inverse Fourier transform from power spectral density function. If there is no a priori
information about spectral content before analysis, the spectrum support function can be
estimated in an iterative way.

5. Software environments for virtual instruments building

To develop a complete measurement system, the data acquisition hardware and appropriate
signal processing algorithms have to be integrated with virtual instrument software that
provides a graphical user interface for device control and result visualization. The basic
requirement for the software environment, in which the virtual instrument is developed, is:
high computation performance has to be combined with a comfortable platform for building a
user interface and with the possibility of managing hardware ports.

Initially the DASP virtual instrument development was orientated towards the use of
MATLAB computation and data visualization software package. The module for operations
with communication ports has been written in C and implemented in MATLAB MEX-file
format. The user interface is implemented using MATLAB Handle Graphics system. The
panels of DASP-Lab virtual instruments are shown in Figure 4.

- o [ | NENSPYPREISERROte  SEPRNUINGIEPIS | SISPREY ISR L. SRS R L

" 20 »n an L ™ L1 " 1

MO0 MEAT S MRMII9RE | :

im0

Figure 4. Instrument panels of DASP-Lab system programmed in MATLAB.
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considered as the next stage. In this case the programming has to be done in language C that
allows the compilation of fast and effective code including simple low level management of
hardware ports. Two central instruments for signal analysis are the oscilloscope in the time

domain and the spectral analyzer for processing in frequency domain. As an example, in the

Figure 5 the spectrum analyzer is demonstrated. The drawback to the use of NI

LabWindows/CVI is its orientation only to the MS Windows, which is not always best suited
to real-time application.

Figure 5. DASP spectrum analyzer designed in LabWindows/CVI.
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NI LabVIEW software package is a convenient tool for creating virtual instruments and

designing graphical user interfaces on several platforms. Although it is a graphical

programming language, its versatility allows the easy incorporation of modules written in
other languages. If standard PC interfaces are used for communication with DASP digitizer,
there is no necessity to develop special driver for attached hardware. These are arguments
why the latest developments in the framework of DASP VI are designed using NI LabVIEW.
Graphical programming approach is more easily available for wider range of end-users. The
block diagram of spectrum analyzer is shown in Figure 6. It demonstrates the simplicity of
building virtual instruments and the possibility of adapting them to specific requirements of

each end-user.

B
EPP Base address |

Time Interval Generator

Fing

SETTINGS

Sampling Mode

Algorithm selection

Visualisation

Figure 6. DASP Virtual instrumentation software in LabVIEW.
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6. Conclusions

The virtual instrumentation approach is an effective way of building flexible measurement
systems. The significant advantage is the possibility of utilizing the PC resources for data
visualization and storage, as well as to simulate the system controls on the bases of keyboard
and mouse. The drawback of such systems is the limited capacity of data transfer channel
between the acquisition hardware and the PC interface. If standard uniform sampling
approach is used, that limits the frequency range of measurement system in real-time
applications, and leads to the restricted use of virtual instruments in the field of radio
frequencies and microwaves.

The paper demonstrates an advanced approach of the analog-to-digital conversion, which is
based on non-uniform sampling. Such sampling strategy allows the suppression of frequency
aliasing and extends the frequency range of digital processing. From the practical point of
view the problem resolves into two directions — special sampling driver in hardware and
specific algorithms in software. The ADC chips typically have the feature that their input
bandwidth is wider then the maximal allowable sampling rate, and that is exploited in designs
of DASP digitizers.

Non-uniform sampling technique requires the appropriate digital signal processing, which
takes into account the exact location of each sample point. In addition, it is essential to
involve a priori information about signal properties into analysis. That leads to the concept of
spectrum support function and to the construction of signal-dependent transformation.

The software environment for designs of a virtual instrument has to integrate the high
computation performance with the comfortable building of a user interface and with the
convenient management of hardware ports. As examples MATLAB, NI LabWindows/CVI
and NI LabVIEW can be mentioned. The latest developments of DASP VI are orientated
towards the use of NI LabVIEW, because it is multi-platform graphical programming
environment comfortable for virtual instrument building and does not require high-level skills
in programming.
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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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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
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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)



where A is the amplitude,f, - the frequency and reach zero. The upper bound Af,, is infinity, be-

© - the initial phase, the sampling density can be ex- cause the level-crossing sampling might not be trig-

pressed as gered if the signal waveform is located between two
o = 2RA fo, 4) consecutive quantization levels. To avoid this, the dis-

where R is the total number of different levels tance between quantization levels has to be less than

crossed by the signal.

the amplitude of the signal.
Determining the sampling density of a broadband In addition, the following facts should be noted -
process is not as elementary as for a mono-harmonic

if a signal waveform has some regularities, the sam-
; , N . - le flow has the same regularities as well. This effect

signal. Analytically it is investigated for band-limited P 9

Gaussian process with zero mean and constant spec

often leads to a problem that the methods, which are
derived for deliberately non-uniform sampling, do not

tral density always work satisfactorily for a particular case - level-
S |f| < fup crossing sampling, which provides signal-dependent
Po(f) = {0 otherwise * (5) 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.

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;,

(6)

3 CLASSICAL TFRsSAND

NON-UNIFORM SAMPLING
2k 1
Elo] = Z Oly, - (7) The non-stationary signal is characterized by time-
k=1 frequency representation (TFR). As the signal sam-
One more of the main parameters describing the Ples captured according to the level-crossing principle
sampling process is the time interval between two are spaced non-uniformly, the appropriate digital sig-
adjacent samplef\t, = t,.; — t,. The mean Nal processing is required. In this section, the appli-
value of the interval is tied with sampling density as cability of classical TFR approaches to analyze LCS
[At,| = L. The exactAt, values can be estimated data is inspected. The time-frequency representation
analyticaﬁy only for special cases, i.e., for the mono- IS charac?erlzed b_y points on a time-frequency gram.
harmonic signal (3). If the signal crosses the Idyel ~ FOF Practical applications it is assumed that a finite
at the time instant,, and the level,.; at the time duration© of bandlimited tof2 signal is observed.
k+1

instantt,,, 1, the At,, can be calculated as The traditional approaches for TFR calculations are
_ AN e
= 27Tf0 arcsin A arcsin A .
(8)

based on Short-time Fourier transform (STFT) (Ga-
bor, 1946), joint time-frequency distribution (Cohen,

Around extremes the signal crosses the same level3.1 Short-time Fourier transform

twice and the distance between crossings is

1 | min | mam|

1995) and wavelet transform (WT) (Chui, 1992).

Aty,

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

™ .
— —arcsin
2

Aty,

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

Tmin Z T AN
maz(|a’(t)[)

(10)

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

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

xn = z(t,), n = 1, N (N is a number of samples
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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.



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.

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

The key operation of discrete STFT is the DFT notes that signal samples are interpolated) estimation
algorithm, which is applied to the windowed signal can be obtained:
samples. Thus the STFT enhancement can be reduced o _

st =L [0

to the development of DFT-like methods, which take

into account LCS features. The level-crossing sam-

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 calculation of the Fourier series coefficients for signal
sampling instants does not cross any quantizationz(t).

t) exp(—j2mt fo,)dt (22)



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
o W 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 10015
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 been selected, which 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-

150 200 250

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-

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
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6. PIELIKUMS. MAGISTRA DARBA ANOTACIJA. R. SAVELIS ,»SIGNALA LAIKFORMAS
ATJAUNOSANA NO LIMENU SKERSOJUMA NOTIKUMU NOLASEM”.



. ANOTACIJA

Signalu atjaunoSana no nolasém, kas iegiitas signalatkarigu analogs-ciparu
parveidojumu rezultata, ir aktuala probléma asinhronas jeb beztakt€Sanas sist€mas.
Pie S$adiem signalatkarigiem parveidojumiem pieder darba apskatitais Iimenu-
Skérsojuma analogs-ciparu parveidojums, kura rezultats ir laika nevienmérigi
izvietotas signala nolases. Darba merkis ir apgiit dazadas signala atjaunoSanas
metodes, to priekSrocibas un trikumus. Mérka sasniegSanai tiek:

e T1suma apskatiti analogs-ciparu parveidojumi,

veikts 11dz $im jau public€to signala atjaunoSanas metozu principu apskats

piedavats jauns signala atjaunoSanas papémiens uzlabotas sinc funkciju

metodes veida,

veikta signala atjaunoSanas simulacija MATLAB vidé ar visam ieprieks
apskatitajam metodém.
Darba nobeiguma sniegts iegiito rezultatu noveért€§jums un secindjumi. Darba
rezultatus var pielietot signalatkariga datu apstradé, turklat apskatita uzlabota sinc
funkciju metode ir labs aizsakums turpmakajiem pé&tijumiem.

Darba: 70 Ipp. teksts, 56 atteli, 2 tabulas, 5 pielikumi un 16 nosaukumu

informacijas avoti.



7. PIELIKUMS. A



%**************************************************************************

% Funkcijas, kas paredzeeta dazhaadu signaalu genereeshanai
%**************************************************************************

function Uno=noise(t, amp, F, ph)

U=[1;
for vv=1:length(t)
usig=sum(amp.*sin(2*pi*f*t(vv)+ph)); % katram mazajam gabalinjam tiek
apreekjinaatas signaala vertiibas
U=[U usig+0.5];
end;
%Uno=U/max(abs(hi), abs(l0));
Uno=U/sqgrt(length(f));
%hold on;
%plot(Uno);



clc;
close all;
clear all;

amp=1; %amplituda, V

T=30; % periodu skaits peetaamaa signaala garumaa.
TH=128; % signaala garums

a=T/TH;% trokshveida signaala joslas patums, Hz

%b=0.001;% Ffrekvences pieaugums, Hz/s
gbit=4; % kvanteeshanas bitu skaits, gab
fsk=TH*4;

rand("state”, 1);

ph=rand(1, fsk)*2*pi;

dt=1024;

f=linspace(0, a, fsk);

signal="noise(t, amp, f, ph)";

run level_crossing

%**************************************************************************

% LEVEL VALUE HISTOGRAMM
%**************************************************************************
Ivd=[];
cnt=[];
for ss=1:length(lv)

Ivd=[lIvd Iv(ss)];

cnt=[cnt length(Iv3(1v3==1v(ss)))]:
end;
%set(gca, "xblim®", [0 TH]);
figure;
stem(lvd, cnt, ".", "k");
title("Sample density over levels®);
xlabel (" level value®);
ylabel("pts*);

%**************************************************************************

% THEORETICAL LEVEL VALUE HISTOGRAMM

%**************************************************************************

N=[1;

for ii=1:length(lv)
E=((2*max(F)/sqrt(3))*TH)*exp(((-Iv(ii)"2)/4*amp*max(F))*sqrt(TH));
N=[N E]:

end;

hold on;

plot(lv, N);

%**************************************************************************

% trokshnja jauda

%**************************************************************************
S=0;
lve=1v3."2;

Preg=1/TH*sum(lve)
for xx=1:length(t3)-1

dt=(t3(xx+1)-t3(xx))/2;
s=lve(xx)*dt+lve(xx+1)*dt;



S=S+abs(s);
end;
1/TH*S

%**************************************************************************

% delta t histogrammas apreekjins
%**************************************************************************
dtt=[];
for xx=1:length(t3)-1

al=t3(xx+1)-t3(xx);

dtt=[dtt al];
end;

figure;

[x,y]=hist(dtt, linspace(min(dtt), max(dtt), 100));
stem(y,x, "k", ".7);

title("delta t hist");

xlabel ("time, s");

ylabel("pts™);

%**************************************************************************

% QUANTIZATION ERROR

%**************************************************************************

figure;

stem(t3, lvdu, ".", "k");
set(gca, "xlim", [0 THD):
title("Quantization error™);
xlabel ("time, s");
ylabel("quantization level");

figure;

x2=histc(lvdu, linspace(min(lvdu), max(lvdu), 100));
stem(x2, “k*, ".7);

title("Quantization error hist");

xlabel ("quantization level™);

ylabel ("pts”);

set(gca, "xtick®, [0 length(x2)/2 length(x2)]);
set(gca, "xTickLabelMode®, "manual®);

set(gca, "xticklabel®, [*-T/2"; = 0 "; " T/2°]D);



%**************************************************************************

% Limenju-shkjersojoshais ACP modelis
%**************************************************************************

U=[1;

hi=0;

10=0;

%For xx=1:TH
t=linspace(0,TH-1,fsk);

U=eval (signal);

%usig=sum(amp.*sin(2*pi*f*t(xx)+ph)); % katram mazajam gabalinjam tiek
apreekjinaatas signaala vertiibas

%U=[U usig];

%end;

Ulidz=1/TH*sum(U) ;

iT hi<max(U)
hi=max(U);

end;

if lo>min(U)
lo=min(U);

end;

R=max(abs(VU));
deltaR=(R*2)/(2"gbit-1);
Iv=[1;
Ivx=(-R)-deltaR/2;
Iv=1vx;
for xx=0:2"gbit-1
Ivx=lvx+deltaR;
Iv=[1v Ivx];
end;
%lv=[lv(1)-deltaR 1lv Iv(length(lv))+deltaR];
%lv=lv+deltaR/2
4 Iv=linspace(lo, hi, 2.7gbit);
v %lv=[-1 -0.75 -0.25 0.25 0.75 1];
t % tiek panjemtas ari galejas vertibas.
% qlev=(max(Iv)-min(Iv))/(length(lv)-1);
v Iv=[Iv(1)-qlev Iv Iv(length(lv))+qlev];
o Iv=Iv+qlev/2;

%**************************************************************************

% ACP modelis

%**************************************************************************

© © o

XX

Iv3=[];

3=[1;

Ivdu=[];

for xx=0:TH-1; % Signaals tiek sadaliits 128 mazos gabalinjos
t=linspace(xx, xx+1, dt);
%f=b*t+a;

%**********************************************************************

% Generee signhaalu

%**********************************************************************

U=eval (signal);

%U=amp*sin(2*pi*f.*t+ph); % katram mazajam gabalinjam tiek apreekjinaatas
signaala vertiibas

hold on;

plot(t, U);

%**********************************************************************

for jj=1:dt;

for i1i=1:length(lv)-1;



it (UAp=>=v@in) & Wwamn<iv@ai+l)))
if jj==
Iv2=lv(ii);
Iv21=lv(ii+l);
else
end;

if (UGJ)>=1v2) & U@j)<Iv21))

else
if (UgJ<Iv2) % krusto apaksheejo liiniju
if Ugj=>Iv2
elseif 1v2==U(]j)
t3=[t3 t(gi)]1; %(kk*M))
1v3=[1v3 1v2];
Ivdu=[lvdu Iv2-U(gj)]:
Iv2=lv(ii);
v21i=lv(ii+l);
break;
else
hiv=(U(J-1)/1v2)-1;
lov=(1v2/U(}J))-1;
if hiv>lov
t3=[t3 t(j-1];
1v3=[1v3 1v2];
Ivdu=[lvdu Iv2-U(gj)]:
Iv2=lv(ii);
v21i=lv(ii+l);
break;
else
t3=[t3 t(di)]:
Iv3=[1v3 Iv2];
Ivdu=[lIvdu Iv2-U(gJj)]1:
Iv2=lv(ii);
Iv21=lv(ii+l);
break;
end;
end;
else % krusto augsheejo liiniju. Signaala virziens augosh
if Ugj<iv2i
elseif Ugj)==I1v21
t3=[t3 tdi)l:
Iv3=[1v3 Iv21];
Ivdu=[lIvdu Iv21-U(gj)1:;
Iv2=lv(ii);
Iv21=lv(ii+l);
break;
else
hiv=(U(dj)7/1v21)-1;
lov=(abs(Iv21)/abs(U(J))-1);
if hiv>lov
t3=[t3 t(gj-1)1;
Iv3=[1v3 Iv21];
Ivdu=[lIvdu Iv21-U(gJj)1:;
Ive=lv(ii);
Iv21=lv(ii+l);
break;
else
t3=[t3 tUi)l;
1v3=[1v3 Iv21];
Ivdu=[lvdu Iv21-U(gJ)];
Ive=lv(ii);



v21=lv(ii+l);
break;
end;
end;
end;
end;
U2=Udi);
Iv2=lv(ii);
Iv21=0v(ii+l);
end;
end;
end;
end;
hold on;
plot (t3, Iv3, ".-r");
set(gca, "xhlim", [0 THD);
title("Signal™);
xlabel ("time, s");
ylabel("famplitude, V©);



7. PIELIKUMS. B



DATORPROGRAMMA SIGNALA
LIMENU-SKERSOJUMA NOLASU
IEGUSANAI MATLAB VIDE

function
[uu, ttl=0lvcrossing (TH, dt, Sigt, N, R)

$TH - uzdota signala beigu laiks

u(l)=-R/2; u(2"N)=R/2;

%dt - signala nolasu sekoSanas solis

for k=2:2"N-1

%$Sigt - uzdotad signala izteiksme
u(k)=u(k-1)+R/ (2"N-1) ;

SN — bitu skaits limenu kodésSanai

end;

%R - AACP dinamiskais diapazons

%uu - limenu-3kérsojuma nolases
tt=[1; uwu=[]; t=0;
%$tt - nolasu laika momenti
sl=eval (Sigt) ;
for k=l:length(u)-1
if sl==u(k)
p=k; uu=[uu, sl]; tt=[tt,
t]; break;
elseif sl<u(k+1)
p=k; break;
end;
end;

if sl==u(length (u))

uu=[uu, sl]; tt=[tt, t];
p=length (u) ;
end;

for ti=0:0.1:TH-0.1
t=ti+dt:dt:ti+0.1+dt;
S=[sl, eval(Sigt)];
for k=l:length(t)-1
if p==length (u)
b=p;
else
b=p+1;
end;
if S(k+1)>=u(b)
tt=[tt, t(k)]; uu=[uu,
u(b)];
p=b;
elseif
S(k+1)>S (k) &&S (k+2)<S (k+1) &&u (b) -
S(k+1)<0.1*dt;
tt=[tt, t(k)]; uu=[uu,
u(b)l;
elseif
S(k+1)<S (k) &&S (k+2)>S (k+1) &&S (k+1) -
u(p)<0.1l*dt;
tt=[tt, t(k)]; uu=[uu,
u(p)l;
elseif S(k+1l)<=u(p)
if S(k+1l)==p
te=[tt, t(k)];
uu=[uu, u(p)l;
elseif S (k)>u(p)

tt=[tt, t(k)];
uu=[uu, u(p)l;
end;
if p>1&&S(k+1)~=u(p);
p=p-1;
end;
end;
end;
sl=S (length(s)-1);
end;
%$Funkcijas izsaukuma piemérs FM
signdla diskretizacijai:

[Sn, tn]=lvcrossing (256, le-

4,'cos (2*pi* (0.05+0.2/256*t) .*t) "', 2,
2);

plot(tn,Sn,"'.")

DATORPROGRAMMA SIGNALA
ATJAUNOSANAI AR SINC
FUNKCIJU METODI MATLAB
VIDE

function Satj=SincRec (Sn, tn,t, fmax)

%3n - signala nolasu vektors

%tn - nolasu laika momentu vektors
%t - atjaunotad signala laika vektors
$fmax - loga maksimala frekvence
%$Satj - atjaunotd signala vértibu
vektors

Satj=zeros(l,length(t));
dt=1;

for k=1:length(tn);

Satj=Satj+Sn (k) *2*fmax*dt.*sinc (2*pi
*fmax* (t-tn(k)));
end;

%$Funkcijas izsaukuma piemérs laika
vienmérigi diskretizéta FM signala
%atjaunosanai:

t=0:1:256;

y=cos (2*pi* (0.05+0.2/256*t) .*t) ;
tt=0:0.1:256;
Satj=SincRec(y,t,tt,0.5);

plot (tt, Saty)

$Funkcijas izsaukuma piemérs
amplit@da vienmérigi diskretizéta FM
signala %atjaunoSanai:

[Sn,tn]=lvcrossing (256, le-

5,'cos (2*pi* (0.05+0.2/256*t) .*t) "', 2,
2);

Satj=SincRec (Sn,tn,tt,0.5);

plot (tt,Satj)



DATORPROGRAMMAS SIGNALA
ATJAUNOSANAI AR SPLAINU
METODI MATLAB VIDE

function Satj=SplRec(Sn,tn,t)

%$Sn - signala nolases
%$tn — nola3u laika momenti
%$Satj — atjaunotais signals ka laika

t funkcija
Satj=zeros(size(t));

for k=1l:length(tn)
Satj=Satj+Sn (k) *CardSpl (t-

tn(k), [-10:1:1071);

end;

$Funkcija CardSpl paredzéta kubiska
pamat-splaina aprékinam

function n=CardSpl (t, p)

$t - laika vértibu vektors
%p - pakapju vektors
%n - pamat-splaina vértibas

pl=p(length(p));

tt=t (t>=-pl-2&t<=pl+2);
nl=zeros(size (tt)):;
zl=sqrt (3)-2;

for k=1:length (p)
nl=nl+6*z1/(z1"2-

1) *zl1l%abs (p (k) ) *CubSpl (tt-p(k));

end;

n=[zeros (size (t (t<-pl-2))), nl,
zeros (size (t (t>pl+2)))1;

$Funkcija Cubspl paredzéta kubiska
B-splaina aprékinam

function b=CubSpl (t)

$t - laika vértibu vektors
%b - splaina vértibu vektors

bl=0*t (t<=-2);
b2=((2-abs (t (t<=-1&t>-2))) ."3)/6;
b3=(4-6*abs (t (t<=0&t>-

1)) ."2+3*abs (t (t<=0&t>-1)) ."3)/6;
bd=(4-

6*abs (t (t>0&t<1)) ."2+3*abs (t (t>0&t<1
)) ."3)/6;
b5=((2-abs (t (t>=1&t<2)))."3)/6;
b6=0*t (t>=2) ;

b=[bl b2 b3 b4 b5 b6];

%$Funkcijas izsaukuma piemérs
amplittda vienmérigi diskretizéta FM
signala %atjaunoSanai:

[Sn,tn]=lvcrossing (256, le-

5,'cos (2*pi* (0.05+0.2/256*t) .*t) "', 2,
2);

t=0:0.1:256;

Satj=SplRec (Sn, tn, t);

plot(t,Sat])



DATORPROGRAMMAS SIGNALA
ITERATIVAI ATJAUNOSANAI
MATLAB VIDE

function
[t,Siz_i]=ItRec(tn,Sn,it skaits,meto
de)

%$Sn - signala nolases
%$tn - nolasém atbilstos$ie laika
momenti

%it skaits - uzdotais iteraciju
skaits

smetode - uzdota metode

%Siz_1 - atjaunotais signals ka

laika t funkcija

dt=0.1; TH=256; fmin=0; fmax=0.5;
t=0:dt:TH;

Siz=zeros (size(t));

Siz i=zeros (it skaits,length(t));

for k=1:it skaits;
if strcmp (metode, 'Vor')==
Sa=Vor apr (Sn,tn,TH,dt);
tt=t;
elseif strcmp(metode, 'Lin')==
Sa=Lin_apr(Sn, tn,TH,dt);
tt=t;
elseif strcmp (metode, 'Marv')==1;
Sa=Marv_apr(Sn,0.3);
dt=1;
tt=tn;
elseif
strcmp (metode, 'Adkoef') ==
Sa=Ad koef apr(Sn,tn,0.5);
dt=1;
tt=tn;
end;

[f,FT]=furjtrans (Sa,tt,dt, fmin, fmax)
SOt=invfurjtrans (FT, f,t);
SOn=invfurjtrans (FT, £, tn);
Siz=Siz+real (SO0t);

Siz i(k,:)=8iz;
Sn=Sn-real (SOn) ;
end;

$Funkcija Vor_apr paredzéta signéala
aproksimacijai ar taisnstira
funkcijam.

function u=Vor_apr (U, T, TH,dt)
%U - signala nolases

%$T - nolasSu laika momenti
$TH - signala beigu laiks

%$dt - aproksimacijas signala laika
diskretizacijas solis
%u - aproksimacijas signals

tvid=zeros (length(T)-1);
for k=1l:length(T)-1;

tvid (k)= (T (k)+T (k+1))/2;
end;

t=0:dt:TH;
u=zeros (size(t));
a=1;s=1;
for k=1l:length (tvid);
for n=a:length(t);
if t(n)<=tvid(k);

u(n)=U (k) ;
s=s+1;
elseif

t(n)>tvid(length(tvid));
u(n)=U(length(U));
elseif t(n)>tvid (k)
break;
end;
end;
a=s;
end;

$Funkcija Lin_apr paredzéta signala
aproksimécijai ar linedram
funkcijam.

function u=Lin_apr(u, T, TH,dt)
%U - signala nolases

%T - noladu laika momenti
STH - signédla beigu laiks

%dt - aproksimacijas signala laika
diskretizacijas solis

%u - aproksimacijas signals
t=0:dt:TH;

u=zeros (size(t));
b=length (T) ;

for k=1:b-1;
tga (k)=
T(k)):
end;
if t(length(t))-T(b)>0
tga=[tga, U(b)/2/(t(length(t))-
T(b))1;
end;

(U(k+1)-U(k)) /(T (k+1) -

a=1;s=1;
for k=1l:length(T)-1;
for n=a: length(
if t(n)<=T(
u(n)=U(

T (k)) *tga(k);

s=s+1;
elseif t(n)>T(k+1)

break;

t);
k+1);
k)+(t(n)-



elseif t(n)>T(b);
u(n)=U(b)+(t(n)-
T (b)) *tga(b);
end;
end;
a=s;
end;

$Funkcija Marv_apr paredzéta signala
aproksimacijai ar vienibas nolasém.

function u=Marv_apr (U, lamda)

%U - signala nolases

$lamda - globalais relaksacijas
koeficients

u% - aproksimacijas signals
u=lamda*U;

$Funkcija Ad_koef_apr paredzéta
signala aproksimacijai ar vienibas

nolasém.

function u=Ad_koef_apr (U, T, gamma)

%U - signédla nolases

$T — nolasu laika momenti
%gamma — koeficients

u% - aproksimacijas signals

dt=zeros (size (T));
dt (1)=T(2)-T(1);

for k=2:1length(T)-1;
dt (k)=(T(k+1)-T(k-1))/2;
end;

dt (length (T))=T (length(T))-T (k)
u=gamma*U. *dt;

$Funkcija Furjtrans paredzéta
signala vienpusiga spektra iegiiSanai

function
[f,FT]=Furjtrans(Sn, tn,dt, fmin, fmax)

%Sn - signéla nolases

%tn — nola3u laika momenti

$dt — diskretizacijas solis
vienmérigas diskretizacijas
gadijumam, ja nolases %ir
nevienmérigi izvietotas, tad dt=1
$fmin - aprékinamé& spektra minimala
frekvence

%$fmax - spektra maksimala frekvence
$FT — spektra komplekséds vértibas
atkariba no frekvences f

f=fmin:1/300:fmax;

FT=zeros (size (f));

for k=l:length(f);
for n=1:length(Sn)
FT (k)=FT (k) +Sn (n) *exp (-
j*2*pi*f (k) *tn(n));
end;
end;
FT=2*dt*FT;

$Funkcija iInvfurjtrans paredzéta
signala aprékinam no ta spektra, kas
ieglits %ar funkciju Furjtrans.

function s=invfurjtrans (FT, f, t)

SFT — spektra komplekséas vértibas
atkariba no frekvences f
%$s - aprékinatais signals atkariba

no laika t
s=zeros (size(t));

for k=1l:length(t);
for n=1l:length(f)

s (k)=s (k) +FT (n) *exp (j*2*pi*f (n) *t (k)
) ;
end;
end;
s=1/300*s;

$FM Signala atjaunosSanas piemérs no
tad limenu-Skérsojuma nolasém ar
visam %$C¢etram metodém:

[Sn,tn]=1lvcrossing (256, le-
5,'cos (2*pi* (0.05+0.2/256*t) .*t) "', 2,
2);

[t,SatjV]=ItRec (tn,Sn,5, 'Vor');
[t,SatjL]=ItRec(tn,Sn,5,'Lin");
[t,SatjM]=ItRec (tn,Sn,5, '"Marv');
[t,SatjA]=ItRec (tn,Sn,5, 'Adkoef"');

plot(t,Satjv(l
plot (t,Satjv (5, :
plot (t,SatjL (5, :
( (5
( (5
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plot (t,SatjM
plot (t,SatjA
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DATORPROGRAMMAS SIGNALA
ATJAUNOSANAI AR UZLABOTO
SINC FUNKCIJU METODI
MATLAB VIDE

$Funkcija ImpSsincRec paredzéta
signala atjaunoSanai ar simetrisku
sinc %funkciju metodi.

function Satj=ImpSsincRec (Sn, tn,t,M)

%$Sn — signala nolases
%$tn - nolasém atbilstosSie laika
momenti

%M - nolasSu skaits lokala nolasu
blivuma aprékina

%$Satj— atjaunotais signals ka laika
t funkcija

omega=zeros (1, length(tn));
Avdt=Averdtl (tn, 2*M) ;

for k=1l:length(tn);
omega (k) =pi/Avdt (k) ;
end;

OMEGA=zeros (length (tn), length(tn)) ;

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

OMEGA (n, k) =sinc (omega (k) * (tn (n) -
tn(k)));

end;
end;

C=OMEGA\Sn"';
Satj=zeros(size(t));

for k=1l:1length(C)
Satj=Satj+C (k) *sinc (omega (k) * (t-

tn(k)));

end;

%Funkcija Averdtl paredzéta lokala
nolasu blivuma aprékinam.

function Avdt=Averdtl (tn, numb)

%$tn - nolasu laika momenti

gnumb - nolasu skaits 2*M

$Avdt—- sinc funkciju galvenas vales
pus platumi

Avdt=zeros (size (tn));

for k=1:numb

Avdt (k)= (tn (k+numb) -
tn (1)) / (numb+k-1);
end;

d=2*numb-1;
for k=length (tn)-numb+l:length (tn)
Avdt (k)=(tn(length(tn))-tn (k-
numb) ) /d;
d=d-1;
end;
for k=numb+1l:length (tn)-numb
Avdt (k)= (tn (k+numb) -tn (k-
numb) ) / (2*numb) ;
end;
$Funkcija ImpAsincRec paredzéta
signdla atjaunosSanai ar nesimetrisku
sinc %funkciju metodi.

function Satj=ImpAsincRec (Sn,tn, t,M)

%$Sn - signédla nolases

%$tn - nolasém atbilstosSie laika
momenti

%M - nolasu skaits lokala nolasu
blivuma aprékina

%$Satj— atjaunotais signals ka laika
t funkcija

for k=1:length(tn)
[dtl, dtr]=Averdt2(tn(k),tn,M);
for n=1:length(tn)
if tn(n)<=tn (k)

sc(n,k)=sinc (pi/dtl* (tn(n)-tn(k)));
else

sc(n, k)=sinc(pi/dtr* (tn(n)-tn(k)));
end;
end;
end;

C=sc\sn';
Satj=zeros(size(t));
for k=1:length(tn);

Satj=Satj+C (k) *AsSinc2 (tn(k),tn,M, t)

end;

$Funkcija Averdt2 paredzéta lokala
nolasu blivuma aprékinam
nesimetrisku sinc %funkciju gadijuma

function [dtl,
dtr]=Averdt2 (tk, tn, numb)

%tk - nolases laika moments,
attieciba pret kuru rékina nolasu
blivumu

%$tn - visu nolasu laika momenti



numb — nolasSu skaits lokala nolasu
blivuma aprékina

%dtl, dtr- kreisas un labas puses
sinc funkciju galvenéds vales pus
platumi

for k=1l:length(tn)
if tn(k)==tk
ind=k;break;
end;
end;

if ind>numb
dtl=(tk-tn (ind-numb)) /numb;
else

if ind==
dtl=tn(2)-tn(1l);
else
dtl=(tk-tn(1l))/(ind-1);
end;

end;
if ind<=length (tn)-numb
dtr=(tn (ind+numb) -tk) /numb;
else
if ind==length (tn)
dtr=tn(length (tn)) -
tn(length(tn)-1);
else
dtr=(tn(length(tn))-
tk)/ (length (tn)-ind) ;
end;
end;
%FM Signala atjaunoSanas piemérs no
td limenu-Skérsojuma nolasém ar abam
sinc $funkciju metodém:

[Sn,tn]=1lvcrossing (256, le-

5,'cos (2*pi* (0.05+0.2/256*t) .*t) "', 2,
2);

t=0:0.1:256;
SatjS=ImpSsincRec (Sn, tn,t,3);
plot(t,Sat]s)

SatjA=ImpAsincRec (Sn, tn,t,3);
plot (t,SatjA)

$FM Signala atjauno$anas piemérs no
ta laika vienmérigam nolasém ar abam
sinc $funkciju metodém:

t=0:1:256;

y=cos (2*pi* (0.05+0.2/256*t) .*t) ;
tt=0:0.1:256;
SatjS=ImpSsincRec(y,t,tt,3);
plot (tt,Satjs)

SatjA=ImpAsincRec (y,t,tt,3);
plot (t,SatjA)



7. PIELIKUMS. C



% Nolases seciibas aproksimaacija ar taisnstuuriem
% lai peec tam ieguuto aproksimeeto funkciju apstraadaatu ar Wignera
% sadaliijuma integraali
clear all
close all
%***
delta=0.01; % aproksimaacijas funkcijas konstatais solis
time=20; % laika beigu moments
i=0; % matricu koeficients aproksimaacijas laika un veertiibu vektoriem
J=1; % matricu koeficients diskretai seciibai laika un veertiibu vektoriem
tt=0:delta:time; % laika vektors
y=cos(2*pi*(0.05+0.2/256*tt) . *tt); % saakuma funkcija
%Liimenju shkersojuma diskretizaacija tiek viekta ar R.Shaavelja izveidotu
%Funkciju lvcrossing. tn ir nolases laika moments, sn ir nolases
%amplituudas veertiiba. Diskretizaacijas precizitaate 10.e-4; ACP bitu
Y%skaits Ir 4 un ACP amplituudu diapazons R=Umax-Umin ir 4
[sn,tn]=lvcrossing(20,le-4, "cos(2*pi*(0.05+0.2/256*t) .*t)",2,2);
% grafiskais atteelojums
plot(tt,y),hold on
stem(tn,sn, "r")
xlabel (" laiks,t")
ylabel ("x(t),sn[tn] ")
xx=[]; % aproksimaacijas funkcijas matrica
tn(:, length(tn)+1)=time+1l; % laika momenta length(tn)+1l veertiiba
sn(:, length(sn)+1)=1+1; % nolases length(sn)+1 veertiiba
% ciklaa ir aprakstiits aproksimaacijas process
for i=1:time/delta+l

if tn(:,j+)<=tt(:,1),

J=1+1;

end

xx(z,1)=sn(z,]J);
end
plot(tt,xx,"-."), hold off



% Nolases seciibas aproksimaacija ar taisnstuuriem, kad nolases vertiiba ir
% apmeeram pa vidu starp divam blakus esosham nolaseem

clear all
close all

%***

delta=0.01; % aproksimaacijas funkcijas konstatais solis
time=20; % laika beigu moments
i=0; % matricu koeficients aproksimaacijas laika un veertiibu vektoriem
J=1; % matricu koeficients diskretai seciibai laika un veertiibu vektoriem
tt=0:delta:time; % laika vektors
y=cos(2*pi*(0.05+0.2/256*tt) . *tt); % saakuma funkcija
%Liimenju shkersojuma diskretizaacija tiek viekta ar R.Shaavelja izveidotu
%Funkciju lvcrossing. tn ir nolases laika moments, sn ir nolases
%amplituudas veertiiba. Diskretizaacijas precizitaate 10.e-4; ACP bitu
Y%skaits ir 4 un ACP amplituudu diapazons R=Umax-Umin ir 4
[sn,tn]=1vcrossing(20,le-4, "cos(2*pi*(0.05+0.2/256*t) .*t)",2,2);
% grafiskais atteelojums
plot(tt,y),hold on
stem(tn,sn, "r")
xlabel ("laiks,t")
ylabel ("x(t),sn[tn] ")
xx=[1; % aproksimaacijas funkcijas matrica
tn(:, length(tn)+1)=time+l; % laika momenta length(tn)+1 veertiiba
sn(:,length(sn)+1)=1+1; % nolases length(sn)+1 veertiiba
% ciklaa ir aprakstiits aproksimaacijas process
for i=1:time/delta+l

if (tn(z,j+)+en(:,j))/2<=tt(:,1),

J=3+1;

end

xx(z,1)=sn(z,J);
end
plot(tt,xx,"-."), hold off



% Nolases seciibas aproksimaacija ar liinijam, kurie savieno katru nolasi
% ar naakosho.

clear all
close all

%***

delta=0.01; % aproksimaacijas funkcijas konstatais solis
time=20; % laika beigu moments
i=0; % matricu koeficients aproksimaacijas laika un veertiibu vektoriem
J=1; % matricu koeficients diskretai seciibai laika un veertiibu vektoriem
tt=0:delta:time; % laika vektors
y=cos(2*pi*(0.05+0.2/256*tt) . *tt); % saakuma funkcija
%Liimenju shkersojuma diskretizaacija tiek viekta ar R.Shaavelja izveidotu
%Funkciju lvcrossing. tn ir nolases laika moments, sn ir nolases
%amplituudas veertiiba. Diskretizaacijas precizitaate 10.e-4; ACP bitu
Y%skaits ir 4 un ACP amplituudu diapazons R=Umax-Umin ir 4
[sn,tn]=1vcrossing(20,le-4, "cos(2*pi*(0.05+0.2/256*t) .*t)",2,2);
% grafiskais atteelojums
plot(tt,y),hold on
stem(tn,sn, "r")
xlabel ("laiks,t")
ylabel ("x(t),sn[tn] ")
xx=[1; % aproksimaacijas funkcijas matrica
tn(:, length(tn)+1)=time+l; % laika momenta length(tn)+1 veertiiba
sn(:,length(sn)+1)=1+1; % nolases length(sn)+1 veertiiba
for i=1:time/delta+l

if tn(:,j+)<=tt(:,1),

J=1+1;

end

xx(z,1)=(sn(z,J+1)-sn(:,J))/Cen(z, j+1)-tn(z, 3> (e, D-tn(z,§))+sn(:.J); %
shii formula ir ieguuta no taisanas liinijas viennadojuma caur 2 punktiem
end
plot(tt,xx,"-."), hold off



%Ar liimenja-skeersojuma primcipu diskretizeeta signaala vilnishanaliize
%(Waveler analiize)

close all
clear all

%lzveidojam laika momentu vektoru

N=256; %nolasu skaits

%signaals ir defineets laika intervalaa

t=0:.01:256;

%Piemeera signaals ir FM kosinusoida.

%Signala veertiibu aprekins

x=cos(2*pi*(0.05+0.2/256*t) .*t);

%Liimenju shkersojuma diskretizaacija tiek viekta ar R.Shaavelja izveidotu
%Funkciju lvcrossing. tn ir nolases laika moments, sn ir nolases
%amplituudas veertiiba. Diskretizaacijas precizitaate 10.e-4; ACP bitu
Y%skaits ir 4 un ACP amplituudu diapazons R=Umax-Umin ir 4
[sn,tn]=1vcrossing(256,1le-4,"cos(2*pi*(0.05+0.2/256*t) .*t) " ,4,4);
%signaala, kaa laika funkcijas grafiska reprezentaacija
plot(t,x,tn,sn,".")

xlabel (" laiks™)

ylabel ("s(t) ")

%***

%Wavelet"a formeeshana

%***

wave=sqrt(N)/4;

fmin=1/N;

fmax=0.5;

T = logspace(loglO(fmin), loglO(fmax),N/2); % logaritmiskaa merogoshana
frekvenceem

f=[Fliplr(-F) f];

a = logspace(logl0(fmax/fmin),logl0(1),N/2); % logaritmiskaa merogoshana
Wavelet"a a paremetram

a=[fliplr(a) a]j;

ta=0:1:N-1; Y%analizes laika momenti

% cikls:
for r=1:length(f); %mainam wavelet"a platumu
nha = wave*a(r); % => wave*[a(r(1)), a(r(2)), ---, a(r(length(f)))]

for tnob = 1:length(ta) %biidam wavelet"u
tt=tn-ta(tnob);
% tiek pielietots Morlet"a Wavelet
hal(tnob,:) = sgrt(nha).*exp(-
(2*1og(10)/nhan2)*(tt."2)) - *exp(@*2*pi*f(r)*tt);

end
plot(real(hal(50,:)));
ha2(r,:) =sn*hal”./sqrt(a(r)); %integrejam signaala un waveleta
reizinajumu

end

ha3=(ha2).*conj (ha2);
tfr=ha3;
%Veidojam krasu gammu 3D bildem
L=16; %limenu tonu skaits
ac=[1-1/L 1-1/L 1-1/L];
for 1i=3*L/4:-1:1/L,
ac=[ac; [ii./L ii./L ii./L]];
end
% zimeejam rezultaatu
figure
mesh(ta, f, tfr);



colormap(ac);

set (gca, "xlim", [0 length(ta)], "fontsize", 14)

set (gca, "ylim®, [-0.5 0.5], “fontsize", 14)

set (gca, "zlim", [0 max(max(abs(tfr)))], "“fontsize", 14)
xlabel ("Laiks", "fontsize®, 16)

ylabel ("Frekvence®, "fontsize", 16)

view(0, 90);

N=length(f);

%set(gca, "ytick", [0 .2*N 0.4*N 0.5*N 0.6*N _.8*N N]);
%set(gca, "yticklabel®, [-0.5 -0.3 -0.1 0 0.1 0.3 0.5]);
set(gca, "xgrid", "off", "ygrid®", "off", "zgrid®", "off");
set(gca, "ztick", [], "zcolor®, [1 1 1]);

set(gcf, “color®, [1 1 1]);



% MATLAB programma lisintervala Furje transformaacijas aprekinashanai,
% gadiijumaa, kad signaals ir diskretizeets ar liimenja-shkersojuma
% principu

close all
clear all

%signaals ir defineets laika intervalaa

t=0:.01:256;

%Piemeera signaals ir FM kosinusoida.

%Signala veertiibu aprekins

x=cos(2*pi*(0.05+0.2/256*t) . *t);

%Liimenju shkersojuma diskretizaacija tiek viekta ar R.Shaavelja izveidotu
%Ffunkciju lIvcrossing. tn ir nolases laika moments, sn ir nolases
%amplituudas veertiiba. Diskretizaacijas precizitaate 10.e-4; ACP bitu
Y%skaits ir 4 un ACP amplituudu diapazons R=Umax-Umin ir 4
[sn,tn]=lvcrossing(256,1le-4, "cos(2*pi*(0.05+0.2/256*t) .*t) " ,4,4);
%signaala, kaa laika funkcijas grafiska reprezentaacija
plot(t,x,tn,sn,".")

xlabel (" laiks™)

ylabel("s(t) ")

%***

%Laika un frekvences analizes rezgis

%***

N=256;

ta=0:N-1; %analizes laika momenti
fa=[-.5+1/N:1/N:0.5]; %analizes frekvences
N=length(fa);

%***

%DFT analize bez laika ass (spektrs)
%***
figure
dftp=(1/length(sn)) .*abs(sn*exp(i*2*pi*tn*"*fa));
plot(fa, dftp,“k");
set (gca, "xlim", [-0.5 0.5], “fontsize", 14)
set (gca, "ylim", [0 max(dftp)], "fontsize", 14)
xlabel (" frekvence®, "fontsize", 16)
ylabel ("spektrs®, "fontsize®, 16)
NN=length(fa);
set(gca, "xtick", [-0.5 -0.3 -0.1 0 0.1 0.3 0.5]);
set(gca, "ytick", [D;
set(gca, "xgrid®, "off", "ygrid®, "off");
set(gcf, “color®, [1 1 1]);
%***
%Laika analiizes loga funkcijas aprekins.
%lietojam n_window(N, "rect” | "hamming” (default) ] "hanning”,t) funkciju
%***
T=32; %loga garums
%lzveidojam signals.*logs matricu
tfr=zeros(length(tn), length(ta));
%ciklaa ir aprakstiita loga bidishana pa visu signaala laika garumu
for icol=1:length(ta),
tau=ta(icol);
ha=n_window(T, "hamming” ,tn+T/2-tau); % tn+L/2-tau ir laika momenti logam
tfr(:,icol)=sn®"_*conj(ha"); % reizinaajums signaals un kompleksa saistita
Hamminga loga f-ja
end;
%***

%Veidojam krasu gammu 3D bildem
%***

L=16; %limenu tonu skaits



ac=[1-1/L 1-1/L 1-1/1];
for 11=3*L/4:-1:1/L,
ac=[ac; [§i./L ii./L 1i./L]]1;
end
%***
%Lai ieguutu precizaako rezultaatu, mees pielietosim DFT ne-ortogonalas
transformaciju
%***
non_exp=exp(-i*2*pi*tn-*fa);
non_tmp=non_exp*inv(non_exp"*non_exp+.2*eye(size(non_exp*"*non_exp))); %notiek
inversija ar satbilizaciju
non_tfr=tfr"*non_tmp/length(tn);
figure
mesh(abs(non_tfr®));
colormap(ac);
set (gca, "xlim", [0 length(ta)], "fontsize", 14)
set (gca, "ylim", [0 length(fa)], "fontsize", 14)
set (gca, "zlim", [0 max(max(abs(non_tfr)))], “fontsize", 14)
xlabel ("Laiks", "fontsize®, 16)
ylabel ("Frekvence®, "fontsize", 16)
view(0, 90);
NN=Ilength(fa);
set(gca, "ytick", [0 .2*NN O0.4*NN O.5*NN O0.6*NN _.8*NN NN]);
set(gca, "yticklabel®, [-0.5 -0.3 -0.1 0 0.1 0.3 0.5]);
set(gca, "xgrid®, "off", “ygrid®, “off", "zgrid®, “off");
set(gca, "ztick", []1, "zcolor®, [1 1 1]D);
set(gcf, "color®, [1 1 1]);



7. PIELIKUMS. D.



%$Programma DFT-veidigu parveidojumu modelesanai
%no analiitiski noteiktam level-crossing sampling sinusoidalam
stacionaram signalam

oo

VPP "IT zinatniska baze" 3.projekts

oo

Signals aprakstams formaa x(t)=amp*cos (2*pi*fr*t+ph)

clear all
close all

%$%Tiek analizets signala intervaals [0...TH[ (sekundes)

TH=128;

amp=1; %amplituda =const

fr=12.22/128; $frekvence normalizeeta attiecibaa pret Fsamp=1
sfr=0.09;

rand('seed', 931316785);

ph=rand*2*pi; %$saakuma faaze
$ph=2*pi*11/1000;

$%Qlev[] satur kvanteshanas limenus

Qlev=[-1 -1./3 1./3 11;

%%alternatiiva aprekinaam limenus vienmerigi sadalot diapozonu
gqbit=3; %bitu skaits liimenu kodeshanai

Qlev=linspace (-amp+ (amp./2."gbit),amp- (amp./2."gbit), 2. gbit-1);

o\

K=ceil (TH*fr)+1; %max signala periodu skaits laika intervaalaa TH

tlev=[]; $tlev ieguto laika momentu vektors

xlev=[]; $xlev ieguto limenu vertibu vektors

for k=0:K,
tlev=[tlev (k*2*pi-acos(Qlev./amp)-ph)./ (2*pi*fr)];
xlev=[xlev Qlev];
tlev=[tlev (k*2*pi+acos(Qlev./amp)-ph)./ (2*pi*fr)];
xlev=[xlev Qlev];

end

%$%atstajam tikai taas nolases kas ietilpst [0..TH]
tlc=tlev(tlev>=0&tlev<=TH) ;
xlc=xlev (tlev>=0&tlev<=TH) ;

%%sakartojam pieaugosha laika seciibaa
[tlc, I]l=sort(tlc);
xlc=x1c(I);

%$%ziimejam ieguutaas veertibas
figure (1)
plot(tlc, xlc, '*');

%%salidzinajums ar "istajaam" vertibaam laikos tlc
Xc=amp.*cos (2*pi*fr*tlc+ph);

hold on

plot(tlc,xc, 'g+');

%%zimejam "originalo" signalu



tt=1linspace (0, TH,1000) ;
xx=amp*cos (2*pi*fr*tt+ph) ;
hold on

plot(tt,xx,'r")

dtlc=0.5*([tlc(2:1length(tlc)) TH]-[0 tlc(l:length(tlc)-1)1);

$%ieguustam General DFT no signaala
fra=-0.5+1/TH:1/TH:0.5; %analiizes frekvencu vektors
n_exp=exp (-i*2*pi*tlc'*fra);
ndft:l./diag(n_exp'*n_exp)'.*(xlc*n_exp);

figure (2)

stem(fra(64:128),10*1ogl0 (abs (ndft (64:128))), 'color',

'no', 'ShowBaselLine', 'off', 'BaseValue',6K -
30);%floor (min(10*1ogl0 (abs (ndft)))));
xlabel ('Frequency [Hz]"'")

ylabel (' |GDFT| [dB]"'")

set (gca, 'ylim', [-30 0]);

hold on
%$%Modifikaacija ar svertaam nolaseem
ndft_m=l./diag(n_exp'*n_exp)'.*((xlc.*dtlc)*n_exp);

'k', 'marker',

stem(fra,10*logl0 (abs (ndft m)), 'color', 'r', 'marker', '+',
'ShowBaseLine', 'off', 'BaseValue', min(10*1logl0 (abs (ndft))));
%$Modifikacija ar O-kartas signala interpolaciju
nidft=i./(2.*pi.*fra).*(xlc*(n exp.*(l.-exp(i.*2.*pi.*dtlc'*fra))));
figure (3)

stem(fra(64:128),10*1ogl0 (abs (nidft(64:128))), 'marker', 'no',
'ShowBaseLine', 'off', 'BaseValue', min(10*1loglO (abs (nidft)))):;

hold on

figure

$Modifikacija ar l-kartas signala interpolaciju
tlcm=tlc-tlc(l);

dtlcm=[tlcm(2:1length(tlcm)) TH]-tlcm;
alc=([xlc(2:1length(xlc)) xlc(1l)]-xlc)./dtlcm;
n_expm=exp (-i*2*pi*tlcm'*fra);

dn expm=exp (1*2*pi*dtlcm'*fra);
nidft_m=i./(2.*pi.*fra).*(ch*(n_expm.*(l.—

dn expm)))+1./(2.*pi.*fra).”2.*(alc* (n_expm.*(1l.-

dn _expm)))+i./(2.*pi.*fra).* ((xlc.*dtlcm)* (n_expm.*dn expm)) ;

stem(fra(64:128),10*%1logl0 (abs (1/length(tlc)*nidft m(64:128))),

'color', 'k', 'marker', 'no', 'ShowBaselLine', 'off',
30) ;

xlabel ('Frequency [Hz]")

ylabel (' [|X| [dB]")

set(gca, 'ylim', [-30 0]);

figure
$Modifikacija ar SINC interpolaciju signalam
t si=.5:1:TH;

'BaseValue', -

n_sinc=sinc(ones(size(t_si))'*tlc-t si'*ones(size(tlc)));

nsincft=1./TH.* (xlc/n_sinc) *exp (-i*2*pi*t si'*fra);
figure (4)

stem(fra(64:128),10*1ogl0 (abs (nsincft(64:128))), 'color',

'k', 'marker', 'no', 'ShowBaseLine', 'off', 'BaseValue',

30) ;%min (10*1ogl0 (abs (nsincft))));
xlabel ('Frequency [Hz]"'")
ylabel (' |X| [dB]")



set (gca, 'ylim', [-30 0]);
hold on

%Modifikacija ar neortogonalu parveidojumu
fran=-0.5+1/TH:1/TH:0.5;

non_exp=exp (-i*2*pi*tlc'*fran);
$nondft=xlc*pinv(non exp');
nondft=xlc/non exp';

%$Modifikacija ar O-kartas kludas interpolaciju
for kk=l:length(fran),
non_exp dt(:,kk)=dtlc'.*non exp(:,kk);
end
nondft m=(non exp'*(xlc.*dtlc)') '*inv(non_exp'*non exp dt);

$Modifikacija ar l-kartas kludas interpolaciju
for kk=l:length(fran),
non exp dt2(:,kk)=(dtlc.”2)'.*non exp(:,kk);

end

nondft m2=(non_exp'* (xlc.* (dtlc.”2)) ") '*inv(non_exp'*non exp dt2);

dtlcml=tlc(2:1length(tlc))-tlc(l:1length(tlc)-1);

nondft ml=(non exp(l:length(xlc)-1,:)"'*(xlc(l:length(xlc)

1) .*dtlcml) "+non exp (2:length(xlc),:) '*(xlc(2:1length(xlc)

'*inv (non_exp (l:length(xlc)-1,:) "*non exp dt(l:length (xlc

1,:)+non_exp(2:length(xlc),:) '*non _exp dt(2:length(xlc),

$plot (fran,10*1ogl0 (abs (nondft)));

$stem(fra,10*1logl0 (abs (nondft)), 'color', 'b', 'marker', 's',

'ShowBaselLine', 'off', 'BaseValue', min(10*1ogl0 (abs (nondft))));

figure

stem(fra(64:128),10*1ogl0 (abs (nondft m(64:128))), 'color', 'k',

'marker', 'no', 'ShowBaselLine', 'off', 'BaseValue',6K -

30);%min (10*1ogl0 (abs (nondft))));

$stem(fra,10*1ogl0 (abs (nondft m2)), 'color', 'c', 'marker',K 'x',

'ShowBaseLine', 'off', 'BaseValue', min(10*1logl0 (abs (nondft)))):;
[ |
)

) . *dtlcml)
)_
$))

$stem(fra,10*1logl0 (abs (nondft ml)), 'color', 'r', 'marker'
'ShowBaseLine', 'off', 'BaseValue', min(10*1oglO (abs (nondft))
xlabel ('Frequency [Hz]"'")

ylabel (' [INO-DFT| [dB]"'")

4

)

%$Salidzinajums ar signalatkariigu DFT-veidigu analiizi
frasd=-0.5+1/TH/4:1/TH/4:0.5;

adft=nft m(xlc, tlc, frasd);

figure (5)

")

stem(frasd(64*4:128%4),10*1ogl0 (abs (adft (64*4:128*4))), 'color', 'k',

'marker', 'no', 'ShowBaselLine', 'off', 'BaseValue',6K -
100) ;%min (10*1ogl0 (abs (nondft)))) ;

xlabel ('Frequency [Hz]")

ylabel (' |SD-DFT| [dB]"')

%$Signala rekonstrukcijas kludu aprekini
tt=linspace (4, TH-4,5000) ;

xx=amp*cos (2*pi*fr*tt+ph) ;

figure (6)

plot(tt, xx, 'r'")

hold on

x ndft=real (ndft*exp (1*2*pi* (tt'*fra)"')):
plot(tt x ndft)

x ndft m=real (ndft m*exp( *2*pi* (tt'*fra)'));
plot(tt x ndft m, 'k")

x nondft=real (nondft*exp (i*2*pi* (tt'*fran)'));



plot(tt, x nondft, 'm')

x_nondftm=real (nondft m*exp (i*2*pi* (tt'*fran)"'));
plot (tt, x nondftm, 'g")
x_nondftm2=real (nondft m2*exp (i*2*pi* (tt'*fran)'));
plot (tt, x nondftm2, 'c')

x nondftml=real (nondft ml*exp (i*2*pi* (tt'*fran)'));
plot(tt, x nondftml, 'y'")

x nsincft=real (nsincft*exp (i*2*pi* (tt'*fra)'));
plot (tt, x nsincft, 'r'")

x sdft=real (adft'*exp (-i*2*pi* (tt'*frasd)"'));

plot (tt, x sdft)

e ndft=sum((x ndft-xx).”"2)

el ndftm=sum((x ndft m-xx)."2)

e nondft=sum((x nondft-xx) ."2)

e3 nondftm=sum( (x_nondftm-xx) ."2)
e4 nondftm2=sum((x nondftm2-xx)."2)
e5 nondftl=sum((x nondftml-xx)."2)
e sinc=sum((x nsincft-xx)."2)

e sd=sum( (x_sdft-xx)."2)

%atjaunosanas kludas zimesana
tt=linspace (0, TH,1000) ;
xx=amp*cos (2*pi*fr*tt+ph) ;

x ndft=real (ndft*exp (i*2*pi* (tt'*fra)"'));
x_nondftm2=real (nondft m2*exp (i*2*pi* (tt'*fra)'));

figure (7)

plot(tt, (xx-x ndft), 'k')

hold on

stem(tlc, (xlc-real (ndft*exp(i*2*pi*(tlc'*fra)'))), 'color', 'k',
'marker', '.');

%set (gca, 'ylim', [0 11);
set (gca, 'xlim', [0 5]);

xlabel ('Time [s]')

ylabel ('Reconstruction error \epsilon(t)"')

plot (tt, xx-x nondftm2, 'm'")

stem(tlc, xlc-real (nondft m2*exp (i*2*pi* (tlc'*fra)')), 'marker', '*',
'color', 'm');



7. PIELIKUMS. E



%Apreekina faazi GSM signaalam (signals moduleets ar GMSK) peec
%uztvershanas un diskretizaacijas ar level crossing metodi. leejas
lielumi

%ir laika un amplitudas vektori.

%

*hkkkk

%

clear all;

close all;

run level_crossing;

clear all;

load przi;

load prz2;

t=[]; tt3=[]; tt33=[]; lvv3=[];phase=[];t_phase=[];
C=[1: A=[; B=[1; D=[1; guga=[1;phr=[1;PH=[];
X=(1/fr)*9; %Loga garums

SOLIS=(1/fr)*1; %Loga paarvietoshanaas solis
%solim jaabuut vienaadam ar vesalu skaitu signaala periodu
SOL=0; %Uzkraajamaa sola veertiiba

solis=X/4; %Ziimes mainas sola veertiiba

%

E

% Formee laika logu no vektora t3

%
for zb=0:SOLIS:t3(end)-X;%X-t3(end)/d-SOLIS;
zz=[1;
for zz=1:length(t3);
ver=X+SOL; %lLoga saakuma veertiba
if (t3(zz)>=ver-X)&&(t3(zz)<=ver);
t=[t,t3(z2)];
guga=[guga,zz];%Formee atbilstosaas lv3 adreses
veertiibas

end;
if t3(zz)==t3(end);
continue;
end;
if t3(zz+1)>ver;
break;
end;
end;
t_phase=[t_phase,t(round(length(t)/2))];%iestada fazes laika
vertiibu
Y%
E o o o
% Formee t3 laika loga veertiibu ziimi

E e

%Katram laika t3 logam X formee katras nolases ziimi,atkariibaa no

%taisnstuurveida funkcijas ziimes.Vienaa logaa ietilps viens
taisnstura
%f-cas periods.Otra taisnstura fca ir nobiidiita faazee par
pi/2_Kaa
Y%taisnstuura fcu izmanto fcu +1; -1.Attieciigi, ja nolase iekriit
%+ apgabalaa, amplituudas veertiibai tiek pieskirta "+" veertiiba,
%bet,ja iekriit "-" apgabala - miinuss vertiiba.
for gar=1:length(t);
bin=[];
it (t(gar)<=(ver-(solis*3)));
bin=1;
elseif ((t(gar)>(ver-(solis*3)))&&(t(gar)<=(ver-
(solis*2))));
bin=1;

elseif ((t(gar)>(ver-(solis*2)))&&(t(gar)<=(ver-solis)));
bin=-1;

elseif ((t(gar)>(ver-solis))&&(t(gar)<=ver));
bin=-1;

end;

tt3=[tt3,bin];
bin=[];

ifT (t(gar)<=(ver-(solis*3)));
bin=1;

elseif ((t(gar)>(ver-(solis*3)))&&(t(gar)<=(ver-

(solis*2))));

bin=-1;

elseif ((t(gar)>(ver-(solis*2)))&&(t(gar)<=(ver-solis)));
bin=-1;
elseif ((t(gar)>(ver-solis))&&(t(gar)<=ver));
bin=1;
end;
tt33=[tt33,bin];
bin=[];
end;
Ivv3=lv3(guga(l):guga(end)); %Atbilstoso amplitudas adreshu
veritbas

% Aprekina fazes vertibu katram logam

Fkdhkhkk

A=tt3*lvw3"; %Reizina amplituudu ar + vai - ziimi
B=tt33*lvv3"; %Reizina amplituudu ar + vai - ziimi
C=[C,A];

D=[D,B];

SOL=SOL+SOL1S; %Naakosaa loga saakuma veertiiba
t=[1];

tt3=[1];

tt33=[];

Ivw3=[];

zz=[1:



guga=[1;

PH=[PH,gm];

p=(B/A); k=gm;
A=[]1:B=L1: elseif (gmph(ee)<k-epsi);
pp=atan(p); gm=-(pi+gmph(ee));

phr=[phr,pp];

PH=[PH, gm] ;

a=ones(1, length(phr)); k=gm;
phase=phr(1).*a; %Signals ar nemainigu fazi
end; else
% gm=gmph(ee);
EE e PH= [PH , gm] ;
% Korigee faazes izmainu k=gm;
% end;
FHFAAAK continue;
gmph=phr-phase; %Faazu starpiiba end;
epsi=pi/3; %Pielaujamaa kluudas robeza if k==0;

for ee=1:length(gmph);
if ee==1;
it (gmph(ee)<0-epsi);
gm=pi-gmph(ee);
PH=[PH,gm];
k=gm;
elseif (gmph(ee)>0+epsi);

ifT (gmph(ee)>k+epsi);
gm=gmph(ee)-pi;
PH=[PH,gm];
k=gm;

elseif (gmph(ee)<k-epsi);
gm=-(pi+gmph(ee));
PH=[PH,gm] ;

gm=-pi+gmph(ee); k=gm;
PH=[PH,gm] ; else
k=gm; gm=gmph(ee);
else PH=[PH,gm];
gm=gmph(ee); k=gm;
PH=[PH,gm]; end;
k=gm; continue;
end; end;
continue; end;
end; end;
if ee>1; %
it (gmph(ee)<k-epsi); % Atkodee bitus
gm=pi+gmph(ee); %
PH=[PH,gm]; Ak Ak Ak
k=gmj; i=length(data)*symb_per; %datu suutiisanas ilgums
elseif (gmph(ee)>k+epsi); epsi=SOLIS*4 % Pielaujamaa kluda
gm=pi-gmph(ee); m=[];adr=[];bit=[];t_adr=[1;
PH=[PH,gm]; sy=symb_per;
k=gmj; for 1i=1l:symb_per:i-symb_per;
else for gg=1:length(t_phase);
gm=gmph(ee); if t_phase(gg)>iitepsi;
PH=[PH,gm]; break;
k=gmj; end;
end; ifT (t_phase(gg)>=ii-epsi)&&(t_phase(gg)<=ii+epsi);
continue; m=[m, t_phase(gg)]1;
end; adr=[adr,gg];
it k<0; continue;
it (gmph(ee)>k+epsi); else;
gm=gmph(ee)-pi; continue;



end;
end;
for mm=1:length(m);
it (abs(m(mm)-sy))>(abs(m(mm+1)-sy));
continue;
else
bit=[bit,m(mm)]; %Bitu laika vertibas
t_adr=[t_adr,adr(mm)]; %Atilstosaas adreses
m=[1;
adr=[1;
end;
break;
end;
sy=sy+symb_per;
if 1i==length(data)-2;
break;
end;
end;
pii=[];%Faazes veertiibas simbola mainas punktos
for mm=1:length(t_adr);
for nn=1:length(PH);
it t_adr(mm)==nn;
pii=[pii,PH(nn)];
break;
end;
end;
end;
bits=[];%Atkodeetie biti
for mm=1:length(pii);
it mm==1;
bi=0;
bits=[bits,bi];
ko=pii(mm);
continue;
nd;
f pii(mm)>ko;
if bi==0;
a=0;
bits=[bits,a];
bi=a;
ko=pii(mm);
continue;
else
a=1;
bits=[bits,a];
bi=a;
ko=pii(mm);
continue;

e
i

m)<=ko;
i==0;

o 3

a=1;
bits=[bits,a];
bi=a;
ko=pii(mm);
continue;

else
a=0;
bits=[bits,a];
bi=a;
ko=pii(mm);
continue;

end;

end;
end;

figure;plot(t_phase,PH); %Zimee uztvertaa signaala faazes izmainu

xlabel (" laiks, s%);
ylabel ("Faze, rad");grid;

hold on;

plot(laiks,mod_ph,"r®); %Ziimee raidiitaa signaala faazes izmainu
%

E R

% Apreekina bitu paarraides kluudu

%

e

ok=0;error=0;
for bb=1:length(bits);
n=bb;
if bits(bb)==data(n);
ok=ok+1;
else
error=error+1;
end;
end;
it ok==length(bits);
BER=0;
else
BER=error/length(bits);
end;



	VPP_atsk_3P_2E_final.pdf
	INFORMATĪVĀ ATSKAITE 
	 Projekta otrā etapa izpildes pamatojums un kopsavilkums
	Ievads.
	 1. Līmeņu-šķērsojuma analogs-ciparu pārveidotāju īpašību analīze
	1.1. Signāls-kvantēšanas troksnis attiecība
	1.2. Nolašu blīvums
	1.3. Diskretizācijas laika intervāli

	 2. Signāla rekonstrukcija no līmeņu šķērsojuma notikuma nolasēm
	2.1. Eksistējošo metožu izpēte, to trūkumi un priekšrocības
	2.2. Sinc funkcijas parametru adaptācija atbilstoši lokālam nolašu blīvumam
	2.3. Metožu darbības modelēšana un salīdzinošā analīze

	 3. Nestacionāru signālu apstrādes beztaktētāja sistēmas modelēšana
	3.1. Nestacionāru signālu analogs-ciparu pārveidošana izmantojot līmeņu-šķērsojuma principu
	3.2. Laika-frekvenču reprezentāciju modelēšana 
	3.2.1. Īssintervāla Furjē transformācijas pieeja
	3.2.2. Vilnīša analīzes pieeja
	3.2.3. Vignera sadalījuma funkcija


	 4. DFT-veida pārveidojumu izstrāde, kas atbilst un ņem vērā ar LŠ-ACP iegūto laikā nevienmērīgo nolašu specifiku. 
	4. 1. Vispārinātā DFT izteiksme
	4.2. DFT uzlabojums ar signāla nolašu interpolācijas palīdzību.
	4.3. DFT uzlabojums ar atjaunošanas kļūdas nolašu interpolācijas palīdzību.
	4.4. Uzlaboto DFT-veidīgo pārveidojumu modelēšanas rezultāti.

	 5. DASP virtuālo instrumentu attīstīšana izmantojot modificētos algoritmus
	5.1. Platjoslīga un plaša dinamiskā diapazona ciparotāja vadība LabVIEW vidē
	5.2. Jaunradīto signālu apstrādes algoritmu implementācija LabVIEW
	5.3. Grafisko Lietotāju Interfeisu izveide

	 6. Asinhrono mikroprocesoru pielietojamība ar beztaktētāja analogs-ciparu pārveidotāju iegūtu datu energo-ekonomiskai apstrādei
	6.1 Enerģijas patēriņa minimizācijas modeļi
	6.2 Asinhronā procesora enerģijas taupības iespējas
	6.3 Asinhrono procesoru raksturojumi un lietojums

	 7. Pētījumi datu apstrādes sistēmu realizācijai beztaktētāja elektroniskās iekārtās
	7.1 Transformāciju ar taisnstūra funkcijām pielietojums
	7.2 GSM signālu apstrādes beztaktētāja sistēmas modelis

	Izmantotās literatūras saraksts

	PIELIKUMS VISS.pdf
	1piel.pdf
	1.pdf
	Gr_Hom_paper_fin-liet.pdf

	2piel.pdf
	2.pdf
	baums.pdf

	3piel-n.pdf
	3.pdf
	kauna06_Gr_Kalb-091.05-2sl.pdf

	4piel.pdf
	4.pdf
	Greitans_REV06_final.pdf
	Virtual instrumentation in an extended frequency range using Digital Alias-free Signal Processing
	1.  Introduction
	2.  Digital Alias-free signal processing technology
	3.  Data acquisition hardware with non-uniform sampling driver.
	4.  Processing of non-uniformly sampled signals
	5. Software environments for virtual instruments building
	6. Conclusions


	5piel.pdf
	5.pdf
	Greitans_sigmap061.pdf

	6 Shavelis anotacija.pdf
	7 pielikums.pdf
	7-abc piel.pdf
	7a maris.pdf
	7B piel shavelis.pdf
	7c-butenko.pdf

	7D modris.pdf
	7 e martins.pdf



